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3.5" disk drives allow the nse of low cost,
high capacity disks for mix data storage
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Audio phase scope provides permanent
display of amplitude and phase relation-
ship of left and right stereo signals

e -

Wireless talkback system uses a PCM
encoded infra-red handset

G Plus consoles additionally provide:

= 3.5IN DISK DRIVES

B AUDIO PHASE SCOPE

m WIRELESS TALKBACK SYSTEM

® AUTOMATED SoLO

® VIDEO SWITCHER

® G SERIES OR E SERIES EQUALISERS

® SSL’S OWN LINEAR CRYSTAL,
OXYGEN-FREE CABLE

® REDESIGNED GROUP AND MAIN
MIX AMPS

m PAIR OF PPM METERS

® PUSH/PUSH SWITCHING TO MUTE
AUX MASTERS

& LISTEN MIC POST-COMPRESSOR
OUTPUT TO PATCHBAY

® CUE STEREO NORMALLING

® LED METER ILLUMINATION
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= BUFFERED MAIN OUTPUT
DISTRIBUTION

= SECOND MINI SPEAKER OUTPUT

® GROUP CROSS-NORMALLING

® Brack TriM STRIPS

O consoles of 72 channels or over:

® A FULLY-CONNECTORISED REMOTE

PATCHBAY BECOMES A NON- {
CHARGEABLE OPTION
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Solid State Logic

International Headquarters: Begbroke, Oxford, England OX5 1RU - Tel: (0865) 842300
Paris (1) 34 60 46 66 - Darmstadt (6151) 938640+ Milan (2) 262 24956 - Tokyo (3) 54 74 11 44
New York (212) 3151111 - Los Angeles (213) 463 4444

www americanradiohistorvy com


www.americanradiohistory.com

STUDIO

D
s
_|
m
. AND BROADCAST ENGINEERING E
(dp
ST Audio in the
5 Edlmf |a| video edit suite.

: 17 Soundcraft DC2000 45 MIA
| - Series 980 _

8 International News ;
' 18 Gefell UM32S

See page 32

| b1 SAM Studio
W Products 20 Console Design f

' bh Synchronisation
B M“S?“‘NGWS 27 Dawn I int

' 61 Perspective
o 32 Digital Edit Suites

65 DAT Erors

41 Letters
14 Busil_less

Radio activity. See page 15

www americanradiohistorv com


www.americanradiohistory.com

Nothing comes close...

HARD DISK RECORDING AND EDITING
= Powerful audio editing and manipulation
= Simple user interface
= 2 digital inputs/8 outputs

Sample rate conversion
= 8 analogue inputs and outputs
m Random access storage of audio
= Direct multichannel recording to picture
m Automatic cataloging of multiple takes
= Combined kevyword searches for

sound clips
= 8 audio ‘reels’ + 8 audio’bins’
® Track and clip slipping
® Variable crossfades

Solid State Logic

ScreenSound

m Copy, review and cycle of sound clips

= Edit and mark points

m Edit and fader groups
m Sound design capability
m 4 autolocate memories
m Varispeed

MAGNETO-OPTICAL LIBRARY

m Re-usable, removable media

m Library of pre-recorded sound effects

m Listen directly off MO discs

® Combined keyword searches for
sound clips

m Local or central MO drives

International Headquarters: Begbroke, Oxford, England OX5 1RU - Tel: (0865) 842300
Paris (1) 34 60 46 66 - Milan (2) 262 24956 - Darmstadt (6151)93 86 40 - Tokyo (3) 54 74 11 44

New York (212) 315 1111 - Los Angeles (213) 463 4444

www americanradiohistorv com

ADVANCED
FEATURES
® Digital mixing

and track bouncing

m Time compression
and expansion

= 611531 0800} 7 .
1é u Dialogue sift

capability
® Automation of gain,

pan and varispeed
m EDL autoconform

m Audio’fill’ between
mark points

m Hard key control

SoundNet

MULTI-USER NETWORK

m Off-line back-up/
restore

® Project sharing

= Fast project
changeovers

m Central audio
database

MACHINE CONTROL

= Hard lock to film or video

m Integral control of Sony 9pin, VPR3 and
Laserdisc protocols. Film dubbers can
be controlled through a synchroniser

® Locks to film chain for dubbing

m Multiple ScreenSounds can slave to one

Master for multichannel playback
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Language is a Virus

Train spotters. We all love to hate them, whether they are the genuine anorak-clad
inhabitants of railway stations or some subspecies dedicating its existence to the
collection of trade show brochures or Royal Family trivia. Yet one of the most detestable
traits of these derided individuals represents an indispensable tool to this, as well as
many other industries. It is the supreme ability to rattle off engine numbers and classes,
to talk in generally indecipherable terms about their chosen passion; it is jargon.

Apart from having formed the basis of countless jokes, jargon actually fulfils a
recognised social function, allowing individuals to identify with a group—and in doing so,
set themselves apart from the crowd as part of some informed élite. But is is also an
essential element of communication, without which any kind of progress is impossible.

As any area of research uncovers new facts or adopts fresh ideas, it is required to label
them is such a way as further discussion, and further progress, is possible. Should it fail
to do so, further progress is rendered impossible. Pro audio is certainly no exceptioa to
this rule. Admit it: you occasionally enjoy being able to baffle the hell out of Joe Public
with your talk of phantom power, sample rates, AC701s and data fragmentation—you
are an anorak. We all have to be, and it is not quite as easy as it sounds.

The adoption of standard terms of reference is hindered by the adoption of trademarks.
Anyone who uses, for example, terms like Harmonizer, Emulator or Direct-to-Disk
without due discretion is likely to attract unwelcome attention from Eventide, E-mu
Systems or NED. And this is after such systems have been officially marketed; to enable
communication between competing parties in the development of a new area of
technology obviously presents even greater obstacles.

Take the heated exchanges between Deutsche Grammophon and their critics
concerning the 4D Recording System: without taking sides, I would suggest that, in part
at least, this a product of progress outstripping our ability to comfortably discuss it
rather than any fundamental disagreement over the technology itself. Where, for
example, is the commonly-agreed technical description of a 21-bit A-D converter?

A few months ago, in the wake of our review of the dCS 900B A-D converter, the
company’s Paul Maddox raised the issue of standardisation in measurement. He was not
taking issue with the test results (nor was he anticipating the 4D debate), he was simply
drawing attention to the inconsistencies between dCS’ own testing procedures and those
adopted by our reviewer. It is a further example of how our inability to communicate
fully is hindering our joint progress.

Elsewhere in this issue, Francis Rumsey discusses the issue of the apparent
discrepancies between equipment measurement and listening tests. Apart from being
another hotly-contested issue in the audiophile’s hi-fi world, this actively affects tke pro
audio perspective on how we create and control sound.

Such examples are easy to find, yet widely disregarded. Perhaps, in a world short on
reason, it is a sobering measure of our real eagerness to progress. ll

Tim Goodyer

Photography: Phil Dent

Cover: Amek Hendrix at Mute Studio, London.
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Digital

(SZCOO prowdes Total ‘Contro! of the mix envh'onmer;t
Total .\Jtomatlon"‘ and the SnapShot Recall” system speed up
- the pscress of mixing, and allow ‘for mare creative freedom.
SrapShot Recall resets everything in less than 1/30 second.
A o Total Automation aliows all controls and switches to be auto-
matec “o cade. The CS2000 reaches heyond the console with
MIDI and o high speed interface capability to external effec:s

devices sequencers, multitracks, and DAWS.
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aoperalor ms-t.ant Access | wnth central assngna— :

m ___'Qctlvb JS}/ste

: pe‘(ﬂf‘tatlon‘s a
dmonal aux 'Sénd-s and-film mix ‘buses
“options-that may be addéd-svhenever

=",

- are just some of tt
- - they zre needed.

The C32000 is an audio mixing platform that will take a studio

into the twenty-first century with a flexibility and power of
contro! that has never before been available.
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In-brief

@ APRS '93—cautious optimism
At the end of the last day of this
June’s APRS attendance levels were
verified at 5,458 over the three days,
with an increase of 9% in exhibiting
companies and 32 new companies
@ Chrysalis put studio up for sale
Wessex Studio, a veteran recording
complex of 30 years standing is for
sale. Its owners, the Chrysalis
Group, have decided to put all their
efforts into AIR Studios and feel
Wessex would benefit from new
owners ‘who can devote 100% of its
energies to continuing the historic
recording of Wessex.’ All enquiries
should be directed at Richard
Huntingford. Tel:071 221 2213.

@ Tannoy seek help with DSP
Tannoy is searching for recording
studios to help in its final phase into
the world's first DSP Point Source
Monitors. Selected studios will be
asked to use Tannoy's DSP monitors
throughout the full recording of
commercial material and make
subjective and objective
comparisons against the same
material recorded with conventional
speakers.

Tannoy Tel: 0236 420199.

@ Ninth Wave counts on area
Ninth Wave Audio is a new facility
based in Birmingham, West
Midlands. They will specialise in
location recording and digital editing
with Nagra and Sonic Solution
equipment. The company is run by
Tony Wass with 17 years of working
with the BBC behind him.

Tel:021 449 3546.

@ Industry people movement
DigiDesign has appointed Chas
Smith as the Managing Director for
sales in the UK. Smith was
previously Marketing Manager for
Roland UK’s Audio, Visual and
Broadcasting division. Allen&Heath
have appointed Bob Goleniowski to
head up their international sales
operation. He had been previously at
Harman UK

@ Unusual move from Wigwam
Wigwam Acoustics have accepted
an offer from Unusual Industries for
the purchase of their staging
company Staged-Rite Ltd.

@ OMF software kit now available
The OMF interchange spec, created
by over 100 industry ieaders, is now
publicly available as is a software
integration kit. OMF Interchange
addresses the need to exchange
digital media including graphics,
animation, still images,

audio and video

8 Studio Sound, July 1993

International News

Martin Appeal:
Where were you?

Thames Valley Police have appealed
to anyone that knew David Martin to
assist them with their enquiries. The
police have charged Colin James with
the murder of Martin but are seeking
additional evidence, as his body has
not been found

The pro audio industry was
shocked by Martin’s disappearance
late last year and the increasing
probability since then that he had
been killed. No-one is known to have
seen Martin since the 29th December
last year.

Police are asking anyone that
knew Martin to answer, in
confidence, four questions:
® What was your association with

David Martin?
® Where and when did you last

have contact with him?
® Did you have future plans with

him? If so, what were they?
® Any other comments?

Martin Audio MD David
Bissett-Powell said, ‘As a mark of
respect to him we would like all his
contacts—even those who may have
only briefly met him—to inform the
police that they have not heard from
or had any sighting of him since his
disappearance.’

Bissett-Powell said that the police
were seeking to establish that no-one
had seen Martin since December in
order to prove that he was dead. ‘Not
a day goes by when we don’t talk
about David—he was a great
character and remains very strongly
on our minds, said Bissett-Powell.
‘We will have a memorial service in
three months. Without a body, we
don’t to be premature’

Thames Valley Police ask you to
reply with your name, address and
telephone number to Dept. Supt.
Blair, Incident Room, Aylesbury
Police Station, Wendover Road,
Aylesbury, Bucks. HP21 7BR.

Tel: 0296 396170. Fax: 0296 394786.

AIR six months on

Air Studios new home at Lyndhurst
Hall, Hampstead, has already
received numerous plaudits from an
international clientele.

Air’s first clients were Dire Straits
who were there to mix their live
album. Mark Knopfler said of one of
the mix rooms, ‘...it sounds better

Worktops finished in distressed brass are a distinctive visual keynote in the
control room at Hitokuchi-Zaka Studio 3. Harris Grant Associates has earned a
1993 TEC nomination for its design work, as has Discrete Systems for the BOXER
monitoring system shown above, complemented by RPG Diffusor and Diffractal

than any control room I've heard. I'm
certain that Air Lyndhurst will be
one of the world’s premier recording
facilities.”

Henry Mancini, one of the first
orchestral visitors who was at Air to
record the soundtrack for Son of Pink
Panther, said , ‘the acoustics were
wonderful and I wouldn’t hesitate to
come back here.

An Air spokesman said, “The main
hall at Air has been an ideal setting
for both classical and contemporary
music recordings; already the hall
has staged several orchestral
sessions, for example, with Sir George
Solti and the LSO, the London
Philharmonic and the Royal
Philharmonic’.

Other clients include Gloria
Estefan who recorded with full
orchestra in the hall, and Jon Bon
Jovi who used the venue for the end
of his Keep the Faith tour party.

- >

George Martin and John Burgess in Air's
main hall control room with a Neve Legend
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acoustical treatment arrays

It was
60 years ago
today

The German celebration of 50 years
of stereo tape recording at the AES
Berlin, overshadowed a somewhat
greater landmark in the history of
sound—the 60th anniversary of the
invention of stereo as we know it. On
June 14th 1933 Alan Blumlein, then
working at EMI's research centre,
was granted a patent for
‘Improvements in and relating to
sound transmission, sound recording
and sound reproducing systems’
which set the agenda for two-channel
stereo.

Blumlein’s work in audio started in
earnest in 1929 when he was head-
hunted by Isaac Shoenberg, of the,
then, British Columbia Gramophone
Company, to develop an electrical
recording system that would allow
Columbia to avoid paying royalties to
Western Electric. Western Electric
had so comprehensively patented the
electrical sound recording system
developed by Bell Labs in 1924, that
it had the whole of the record and
film industry paying royalties to
them.

By the time Blumlein was officially
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posted to EMI he had nearly
completed the initial theoretical work
on stereo and within a month he had
applied for a patent which defined a
‘binaural’ stereo format that could
produce a convincing horizontal
sound stage using just two audio
channels. What now seems an
obvious thing to do, the concept of
using just two channels went
completely against the general
thinking of the time. Up to this point
experiments with ‘stereo’, which
started as early as the 1880s, had
centred on the use of a long line of
microphones transmitting sound
down multiple recording channels
and then replayed through a row of
speakers, replicating the position of
the microphones.

Blumlein had also considered in
the patent the option of using a third
microphone to give height
information predating the
development of the Soundfield mic by
50 vears.

But by this time EMI was putting
increasing R&D effort into developing
TV, so Blumlein transferred his effort
where among other projects he
designed the landlines and amplifiers
for the first TV outside broadcast of
the coronation of George VI in 1936.
At the start of the war he moved on to
the development of radar. Blumlein’s
death in an air crash 1942, while
testing airborne radar, finished
further development in stereo until
the 1950s, when the LP resurrected
interest in the idea for domestic audio
systems.

Tim Frost

BBC for D10s

BBC Transcription has become the
first facility to take delivery of
Fostex’s new D10 professional DAT
recorder, following the machine debut
at last month’s APRS show in
London.

The D10 is designed specifically for
fast, 2-machine DAT editing and
provides instant start and RAM
scrubbing for fast cueing. (More
equipment details in New Products
on page 11).

Pete Fresney, Resources Manager
at the BBC said: ‘It’s the ability to
edit in and out on the D10, to perform
simple assemble and insert edits
quickly and easily, that’s important
tous.’

The first project to be completed
was a Happy Mondays concert with
announcements on the DI0.

Fostex UK. Tel: 081 893 5111.

The French have rarely been short of
ideas, and in what may hopefully be
seen as the spearhead of a growing
trend, the SATIS and APA
organisations combined their
respective exhibitions into a single
event—SATIS-Audio Pro 93.

Held at the Port de Versailles
exhibition centre between the
25th—28th May, the joint exhibition
met with mixed reactions from the
French pro audio community, but a
meeting of the APA (loosely, the
Association of Audio Professionals)
immediately after the show confirmed
that the experience would be
repeated in 1994, together with
modifications to the layout of the
exhibition area in order to better
integrate the audio and picture
worlds.

SATIS is essentially a show for
pictures—either television or film
—with a touch of audio. However, as
the two disciplines merge into one
another, the ‘Espace Audio’ made a
lot of sense and allowed visitors to
have a more global approach to
production techniques.

For most of the exhibitors, it was a
confirmation of existing products
already launched, although there
were several new items worthy of
interest.

SCV Audio are now ‘Made in
England’ (who said Europe does not
exist?) since the takeover of Hitech
Ltd. to become SCV Electronics, thus
marking an international
commitment—and lower prices!

New from SCV were additions to
the range of modules for the
Universal Buffer range, including a
video distribution amplifier, bargraph
meters, Voice-Over’ unit and a
distribution amplifier with a +4dBu
balanced input and 4 ‘Hi-Fi’ level
outputs. Also new is the NEQ% Triple
Programme Equaliser which has four
main modes; EQ of three independent
stereo sources—EQ of one sterco
source to three separate outputs
—three stereo sources mixed to a
single stereo output—a stereo source
to a stereo output with memgries for
three different EQ and level settings.

Audio Follow introduced the new
CONTACT range of digital audio
systems for broadcasting, with
particular emphasis on ‘live’ shows.

L4 A n ] s 0
LE SALON EUROPEEN DES TECHNIQUES DE L'IMAGE ET I]U SON
POUR VOIR ET ECOUTER L'INNOVATION
e

Show
Report

Using proven technology and
equipment from Audio Follow,
CONTACT systems can be configured
for a variety of needs from
broadcasting, recording, on-air
management and network linkups.

IDT introduced the FM Sound
Design—a computer-controlled
analogue multiband processor for FM
radio. The stereo unit allows the
setup of a ‘sound signature’ for radio
stations and features include an
input filter with high and low-pass
functions and 4-band parametric
equaliser.

Publison introduced the
Oceane II, a 4-channel
recording-editing system using
optical discs which can be used as a
stand-alone system or with the
Publison 8 or 16-channel
workstations. Oceane II can be used
in on-line situations, to a video editor
and as a real-time 4-track editor.

The Publison workstations have
also received software updates, with
one of the most interesting being a
biphase interface which allows the
workstation to synchronise and
control a film dubber or editing table
as it would a VTR.

The only sector of the industry that
felt a bit out of its depth was sound
reinforcement though as the French
audio world gets used to the new
formula, more interested visitors will
no doubt attend the exhibition.

However, this did not prevent the
launch of a new office selling Clair
Bros audio products and installation.

The SATIS Show 1s not only an
exhibition. The lecture programme,
while being mainly video and
film-oriented, did include subjects
such as the Evolution of Audio
Technology and The Integration of
Audio-Visual Techniques. The 1994
exhibition will certainly see a wider
range of subjects in the A-V field
being dealt with in both the lecture
and workshop programmes.

With final attendance figures in
the region of 15,000 visitors, an
increase of 10% over SATIS 92, and a
20% increase in exhibition space with
100 new exhibitors, the SATIS-Audio
Pro exhibition has become one of the
most important shows in Europe and
looks set to be a successful marriage.

Terry Nelson
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Contracts

@ Sweat, Passion and the 4K
Recent orders for SSL's SL 4000 G
Series console include Keith Sweat's
personal studio; Michael Bolton’s
Passion Studios; The C&C Musak
Factory and Walter Afanasieff.

@ Sophie Jaded at The Aquarium
Producer Stephen Lipson, currently
working on Sophie B Hawkins new
album, is using his new Soundtracs
Jade console.

@ Baumgardner uphill with NRG
NRG Studios in Hollywood, owned
by producer Jay Baumgardner, has
unveiled its new Studio Il with design
by studic bau:ton.

¥V Digital DAWNSs in Glasgow
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Dave Murricane with his new DAWN // system

The Tyrell Corporation has installed
Scotland’s first DAWN [l digital audio
system. Glasgow-based Murricane
and Murricane have responded to
the call for more digital audio north of
the border with this purchase.

@ ‘Eat cake,’ says Dead Aunt
Thelma Russ Berger Design Group
recently finished the design of a
recording studio in Portiand, Oregon.
Dead Aunt Thelma’s Studio was
named while owner Scott Parker and
others were enjoying a construction
break and eating pound cake made
from his deceased great Aunt
Thelma’s favourite recipe.

@ Opera leads with digital desks
Two of Europe’s leading opera
houses have installed Logic 2s from
AMS-Neve. Opera Leipzig has
celebrated its 300th anniversary this
year by installing a Logic 2in its
control room, while Finnish Opera
has bought two.

@ OB full of Viennese antiques
Carlton Broadcast facilities, who
have been commissioned by the
BBC to make the next series of The
Antiques Roadshow, have chosen a
24-input Vienna console from
Soundcraft for a new OB truck

@ Packhuskajen sounds like ...

A 39-unit Meyer sound system has
been chosen for Gothenburg's new
Opera House in Packhuskajen.
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CHOOSING THE RIGHT COMPUTER
BASED AUDIO EDITOR CAN BE A

Windows 3.1* on 486 host
computer

Rapid graphical editing
clear user interface

local SCSI drive fast audio
access

all crossfades calculated in
real time

fully non-destructive,
sample accurate editing

up to 8 track playback and
real time mixing

unique Trim Window
allowing real time
adjustment of audio

full SMPTE timecode
support with chase and
trigger lock

accepts external word clock

jog and shuttle scrub
modes

/ \ AES/EBU, SPDIF and

analog I/0

all standard sample rates

UK & REST OF WORLD Here at Studio Audio, we had many sleepless nights when our

i i i 64x oversamplin
Studio Audio & Video Ltd cus?omers. began asking us for an. off the.shelf solution to p.rofess'lonal deltasigma c%nvgersion
The Old School, audio editing. Then we woke up with SADIE", a dream of a Disk Editor.
Stretham, For a start SADIE™, runs on a PC, so you get much more computer for far 16, 20 and 24 bit digital
Ely, less money. It has a fully functional Windows 3.1* user interface with all audio editing
Cambridge features mouse selectable. Our
CB6 3LD " i 32 bit floating point
UK. hardware platform is already found architecture
TEL: (+44) 353 648888 in many current audio and video ) ]
FAX: (+44) 353 648867 products available from some well- peak holding metering

. known manufacturers. That means

For a list of overseas . . .
distributers contact it's been tried and tested out in the
Studio Audio field. Studio Audio believes in
giving each customer personal
service - you'll always get rapid

e
A\

BRITISH INNOVATION

USA & CANADA: customer support on our helpline.

And because we're committed to MANUFACTURED BY
Studio Audio Digital Equipment Inc. SADIE" and our customers. we'll STUDIO AUDIO & VIDEQ LTD
Z‘r?nior);:rsgz give you the first 12 months
Michigan 48106 software updates free of charge.
USA Put an end to the nightmare
TEL: (+1) 313 572 0500 now!

FAX: (+1) 313 434 2281

= Phone or fax Studio
Audio for some

1 bedtime. reading
" matter.

* 1BM s a registered trddemark of International Business Machines Inc, Windows 3.1 is a registered trademark of Microsoft Inc.
Studio Audio & Video Lid. reserve the right to change specifications without prior notice,
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P&G MIDI Control

Penny & Giles have introduced a new
MIDI control system, the MM 16
MIDI Manager.

Designed to aid the programming
and management of complex MIDI
setups, the MIDI Manager offers a
fully equipped control surface. The
front panel features 16 endless-belt
faders with integral LED displays, a
data wheel, four data entry keys,

16 assignable keyswitches and a
further 24 dedicated push buttons.

Available in two options—19-inch
rackmounting or as a desktop console
—the new system enables rapid
real-time access to variable
parameters in a MIDI installation,
simplifying the task of programming
and controlling changes to
synthesisers and outboard
equipment.

Capable of operating as a
stand-alone generator of MIDI codes,
the Manager can also Merge, Modify
or Replace incoming data. Control
assignments are stored in up to
50 Patches and data values in
100 Snapshot memories, while the
internal battery-backed memory can
be extended by means of a plug-in
RAM card or stored externally via the
serial interface. The unit can be
designated as a system timing
controller and tape recorder-style
transport keys are provided for MIDI
machine control.

Penny & Giles Studio Equipment
Ltd, Blackwood, Gwent, Wales.
NP2 2YD. Tel: 0495 228000.

Fax: 0495 227243,

US: Penny and Giles Inc, 2716 Ocean
Park Blvd, Santa Monica, CA 90405.
Tel: +1 310 452 4995.

Fax: +1 310 450 9860.

Fostex D10 DAT

The latest DAT machine from Fostex
joins a popular team. The D20, D20B
and PD2 machines have all found
favour with their intended markets
and indeed were first with a
recognisable time code standard.
The D10 provides all that is needed
for professional use in music
recording and broadcasting use.
Advanced jog-shuttle techniques use
built-in RAM (4Mb x 2) which allows
a constantly and immediately
available stereo scrubbing facility.
Other features include a full
complement of Start ID, Program
Number, Skip programming and
100 memory location. The D10 also
has two option slots for later

A Neumann mic for under £1000—its here!

expansion of spec.
@ Fostex have officially launched
their ADAT standard eight-track
digital recorder, the RD-8. They have
licensed the Alesis ADAT standard
and produced a similar machine,
apart from the all-white of the RD-8s
casing. (The RD-8 is however fully
compatible with the Alesis unit).
Features include up to 100
locate-memory points; a Track Slip
function up to 170ms; built-in MIDI
interface; and on-board chase
synchroniser allowing
synchronisation to a master time code
with any offset.
UK: Fostex UK, Unit 1, Jackson Way,
Great Western Industrial Park,
Southall, Middlesex, UB2 4SA.
Tel: 081 893 5111. Fax: 081 893 5237.
US: Fostex America, 15431
Blackburn Avenue, Norwalk,
CA 90650.
Tel: +1 310 921 1112.
Fax: +1 310 802 1964.

Neumann's U7
sibling

The Neumann TLM 193 is a new
large diaphragm, double membrane,
cardioid condenser, microphone. The
microphone’s price is set at under
£1000 and is designed on traditional
Neumann lines, the TLM 193
features a full metal casing and grille;
shaped somewhat like a smaller U87
the new mic uses standard 48V
phantom power and no special power
supply or connectors are required.
Dynamic range is claimed at 130dB

with a frequency response of
8Hz-20kHz.

UK: Sennheiser UK, 12 Davies Way,
Knaves Beech Business Centre,
Loudwater, High Wycombe, Bucks,
HP10 9QY. Tel: 0628 850811.

Fax: 0628 850958.

Rackmount DMP

Yamaha have introduced the DMP9
digital mixing processor. The new
mixer is the latest in the DMP series
which started with the DMP7, but
offers new operational facilities,
improved audio quality and greater
DSP power, some chips are the same
as the larger DMC1000 console.

The design comes in a 3U-high
rackmount and is available in both
eight and 16-channel variants. The
DMPY-16 features eight front panel
‘modules’, each with two sets of
inputs, configurable individually or in
stereo pairs. Each module is equipped
with rotary level control and 8-point
LED input indicator, channel on-off
buttons, assignable parameter select
buttons, input trims (-20dB to +4dB)
and a 96dB pad.

Probable markets for the mixer
would be keyboard rigs, MIDI project
suite submixing, post, A-V, location
and mastering applications.

UK: Yamaha-Kemble Music UK,
Sherbourne Drive, Tilbrook, Milton
Keynes, Bucks. MK7 8BL, UK.

Tel: 0908 366700. Fax: 0908 368872.
US: Yamaha Corp of America, 6600
Orangethorpe Avenue, Buena Park,
CA 90620. Tel: +1 714 522 9011.
Fax:+1 714 739 2680. »
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©® Amps approved for THX use
After successful completion of THX
Sound System testing procedures,
Ramsa WP-1000 Series power
amplifiers were recently approved for
application with THX systems. The
series used a dual-voltage supply in
a Class H circuit configuration which
continuously evaluates the amp’s
input signal. When the power
demands are low the circuitry
switches in the low-level power
supply voltage helping the cooling.
Ramsa. Tel: +1 714 373 7277.

@ Extended LF for Shermann
Shermann Audio Systems have
launched their MX-208 nearfield
monitor. A 2-way design with
extended LF response, greater
power handling than previous
models and a sensitivity of 93dB.
Shermann UK.

Tel: 0686 622997.

® Block vote for converter
Yamaha have released details on
the FMC2, a 2-channel digital audio
signal format converter, configured
as three separate blocks,
simultaneously able to operate
independently of one another. @
Block A: Yamaha Y2 format to
AES-EBU, CD-DAT format @ Block
B: AES-EBU format to Yamaha Y2
format O Block C: CD-DAT format to
Yamaha Y2 format.
Yamaha-Kemble UK.

Tel: 0908 249194,

@ Studer’s new converter

The TASFC-20is a asynchronous
sampling frequency converter which
adapts to incoming sample rates and
generates a precision output at the
desired sampling rate.

Studer UK. Tet: 081 953 3533

® Portable charged performance
From Soundcraft Broadcast Division
comes the LM1 portable audio
mixing console for location work in
film and broadcast. The LM1 can be
powered by either a DC input or form
internal rechargable cells, providing
up to 18 hours continuous operation
from a single charge.

Soundcraft Electronics.

Tel: 0707 665000.
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In-brief

@ Cabot—for the ears to come
Cabot Safety have developed thz
Ultra Tech earplug especially for
musicians, sound crews and others
who work in close proximity to loud
music. Ultra Tech claim to be able to
cut out the damaging decibels
without distorting incoming sound
and can also help people who suffer
from oversensitive hearing
(hyperacusis).

Cabot Safety. Tel: 0625 8§78320.
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@ Less noise from portable mixer
Shure’s new version of their FP32
microphone mixer, the FP32A, offers.
all the original features but adds a
dynamic range over 100 dB; 48V
phantom and 12V phantom power;
and pop-up pan pots; as well as
30dB less noise.

UK: HW International.

Tel: 081 808 2222

@ PDO announce CD-R media
PDO are now able to offer
compatible CD-R media. The disks
fully meet the internationaily agreed
Orange Book standard and in
available in 63 and 74-minute
formats. They are fully suitable for
the storage of CD-Audio, CD-ROM,
CD-ROM XA, CD-|, Photo CD and
other CD-format information.
Philips PDO. Tel: +31 40 758454.

® Dyaxis enhance into Mk Il

The Dyaxis |l multichannel audio
workstation has been enhanced by
integrating autoconform software
SMARTLOG, which accepts edit
decision list from various video
editing systems, plus multitrack
editing, time compression expansion,
Plug & Play M-O disc storage and
scrub editing to picture.

Studer UK. Tel: 081 953 3533.

@ Preamp solves bus shortage
Omniphonics audio resolver preamp,
the 1U-high rackmounted PRE 1,
provides nine stereo inputs that can
be individually calibrated to a uniform
level then switched to the record
and-or monitor bus via logic
controlled relays.

Omniphonics. Tel: 071 278 8216

12 Studio Sound, July 1993
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Revox’s ‘Heavy duty’ MR-8—only available in the UK

D&R shout about
optional mutes

D&R will introduce at the Dutch
‘Music and Harmony’ exhibition in
September optional soft-mute
automation on its entire in-line
recording console range. The Orion,
Triton, Marilon and Avalon consoles
will be getting new upgraded modules
with integrated soft-mutes.

The automation package will be
available as an option with an
external remote control for the Orion,
Triton consoles to store a maximum
of 999 mute settings against MIDI
time code.

The package is capable of storing
mutes 1n real time while off-line
editing is operating. The system is
capable of controlling external effect
devices through its MIDI channels
and it will accept MIDI sequencer
information to control all mute
settings as well.

D&R say the system is attractively
priced and is retrofittable in all D&R
consoles with soft-mute switches.
Delivery is expected in
September 1993.

D&R Electronica b.v., Rijnkade
15B, 1382 GS Weesp,

The Netherlands.

Tel: +31 2940 18014.

Fax: +31 2940 16987.

Soundtracs
Solitaire

The Solitaire is the latest range of
music productions consoles from
Soundtracs. The in-line format of the
new desk is available with 24, 32 and
40 I-O channels, with or without
patchbay providing 56, 72 and 88
channels in remix, each with access
to the four-band parametric EQ.
MIDI automated muting on all

inputs, monitors, the eight auxiliary
masters and the four stereo returns is
a standard Solitaire feature with
assignable dynamics on each input
offered as an option.

Two on-board fader automation
packages are available on the desk,
the first a VCA-based version and the
second a moving fader option.
Soundtracs anticipate delivery to
start in September.

Soundtracs, 91 Ewell Road,
Surbiton, Surrey. KT6 6AH. UK.
Tel: 081 399 3392.

Fax: 081 399 6821.

Sound Impression

Asystem have announced the release
of Sound Impression v3.5, multimedia
sound software for Windows v3.1.
When Sound Impression is combined
with a suitable Windows compatible
sound card, your PC is transformed
into a digital audio and MIDI
production system, design for audio
authoring. Digital Music.

Tel: 0703 252131.

B&K mic strings

The new Bruel & Kjer 4021
instrument microphone uses an
unique thick-film preamp with SMD
transistors, allowing the use of a 4071
capsule at just a quarter of the length
of the standard mic.

The 4021, which is fixed via spring
clips available in different sizes, can
be used to close mic instruments from
strings to sax to drums.

When miking a stringed
instrument, the 4021 would be fixed
underneath the strings of a violin,
behind the bridge, and pointing
towards the violinist to prevent
pickup of extraneous bowing noise.

The mic is appropriate for
television applications because of its
compact size and near-invisibility,
but has the ability to handle high
SPLs without distortion.

Danish Pro Audio, Hejrevang 11,

WwwWw americanradiohistorv com

DK-3450, Copenhagen, Denmark.
Tel: +45 4814 2828,

Fax: +45 4814 2700.

US: TGI North America Inc, 300
Gage Ave. Unit 1, Kitchener, Ontario,
Canada, N2M 2C8. Tel: +1 519 745
1158. Fax: +1 519 745 2364.

Revox launch
MR8 console

Revox have launched the MRS
console to the UK market. This
8-channel unit is designed for heavy
duty use, appealing to a wide range of
users in the broadcast, video edit and
A-V industries.

The console has been designed to
require minimum training and
familiarisation by user; for example
the meter section is offset to the right
where it is not concealed by the
microphone. The MR8 is fully
customisable. Facilities include a
phantom 48V supply, bus coupling for
input expansion and a remote
channel control (VCA interface) is
offered on user-designated channels.
A fader start and comprehensive
monitor section is included.

Revox Division, Studer Revox UK
Ltd, 1 Berkshire Business Centre,
Berkshire Drive, Thatcham,
Berkshire, RG13 4EW, UK.

Tel: 0635 876969. Fax: 0635 876969.

Drakess digital
mixer for video

The DMX1000 is a compact digital
audio mixer designed for video
postproduction applications.

On the input side there are
20 digital or analogue sources,
expandable with a router interface.
On the output side there are four mix
buses, four monitor buses and two
effect send buses.

An edit interface is provided using
ESAM II protocol, and timeline
editing gives a flexible approach to
mixer setup changes.

Other features include a
seven-frame delay; 20-input channels
(either AES-EBU or analogue); EQ on
every channel; effects send buses;
compression-limiting and gating on
every channel; on-line and off-line
operation.

Philip Drake Electronies, The
Hydeway, Welwyn Garden City.
AL7 3UQ, UK.

Tel: 0707 333866. Fax: 0707 371266
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NOBODY KNOWS SONY
BETTER THAN HHB

ARE WEHAVE IT IN STOCK, | | FROM MICS THROUGH
SIGNAL PROCESSORS TO DAT RECORDERS AND

BEYOND. IN FACT, WE SUPPLY AND SUPPORT THE ENTIRE SONY

RANGE. SO IF YOU'RE AS SERIOUS ABOUT SONY

AS WE ARE, YOU KNOW WHO TO CALL.

HHB Communications Ltd - 73-75 Scrubs Lane, London NW10 6QU - Phone 051 960 2144 - Fax 081 960 1160 - Telex 923393
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Radio Station

While not exactly a new product, the
Radio Station in-ear monitoring
system has undergone some changes
at base with manufacture of the
system now being handled by
Garwood Communications in the UK.
The system, which has found favour
with leading artists like U2, Peter
Gabriel, Genesis, David Bowie,
Erasure, Michael Bolton, Luther
Vandross and Kenny G, is an unusual
although obvious approach to the
matter of hearing what you are doing
in performance.

As stages get bigger and more
complex in line with venue size the
demands placed on monitoring
systems and their operators have also
increased. The Radio Station
simplifies matters by sending the
performer’s monitor mix via a UHF
radio link to a belt-mounted receiver
the size of a cigarette packet. The
earpieces are connected to this and
the artist has control of volume on a
single pot. Needless to say its stereo
and frequencies can be programmed
to choice.

In use the benefits are obvious, the
ear plugs attenuate outside SPLs for
the wearer while giving a more
selective and position independent
limited feed. For singers worried
about pitching, the in-ear approach is
more intimate and more akin to
shoving a digit in your shell-like. It is
arguable whether the system will
actually reduce on-stage levels to a
whisper as it can naturally be
supplemented by traditional wedges
and side-fills and there is always the
backline and, most importantly, the
drummer to contend with. However,
feedback becomes a thing of the past
and one of the real bonuses of the
Radio Station is that the performer
can really go wherever he wants
without worrying the monitor
engineer. This in itself opens up
possibilities for a more creative
approach to stage and set design.

The downside is, of course, cost as
the aforementioned list of
well-stacked users would suggest.
Around £3,800 gets the transmitter
while specially moulded custom ear
pieces, available in any colour, cost
another £800 and this involves a visit
to an ear specialist who will
guarantee that they are anatomically
correct. Alternatively cheaper and
more general shaped ear plugs are
also available.

There will always be those who
want to feel their pants flapping on

In-ear monitoring courtesy of the Radio Station

stage and there is no reason why they
should not continue to flap providing
civilised levels are kept in ear. Cost
aside, this has got to be the way to go
in the long run.

UK: Garwood Communications,
Tel: 081 203 5042.

Europe: Personal Radio Systems,
Tel: 081 801 8133.

US: Futuresonics,

Tel:+1 215 598 8828.

Dennerlein
Sampling CD

Hammond B3 devotees and admirers
will be spoilt by the Barbara
Dennerlein B3 sampling CD which
not only shows off Dennerlein’s
extraordinary technique and feel but
also captures what can only described
as an extremely representative cross
section of classic B3 tones.

The CD kicks off with a jamboree
of B3 clichés—and I mean that in the
kindest way—riffs, motifs and breaks
that are instantly recognisable as
things people do on a Hammond. The
majority are rhythmically based and
lend themselves admirably to looping.
Dennerlein’s timing is impeccable
with spates of groove dotted in
between and leading up to the tight
and obvious loop points. These riffs
form a sound adjunct to the collection
of riffs found at the end of and at
various points throughout the the
CD. Techno freaks should shoot
straight to ID 42 and chill out as
Dennerlein has a frightening
appreciation of what constitutes a
‘kicking’ bass line. However, some of
the riffs are treated with rather
lacklustre slap back echo and reverb

which detracts from their usefulness.

Noise is kept pretty much under
control throughout but the old beast
is hissing in places. Attempts have
been made to stifle it at the end of
blasts a little more would not really
have hurt anybody for the sake of
authenticity. There are loads of
overdriven sounds in pretty much all
permutations and degrees right down
to the glassy mellowness that you are
not really going to get anywhere but
from the real thing.

While the B3 is inherently a
clickey and snappy creature, there
are occasions when [ would hazard
that the artifacts have in fact been
created in the recording process on
some of the initial peaks. The
collection of riffs are invaluable for
illustrating Dennerlein’s breadth of
repertoire and the sort of tonal
variety available on the disk. There is
a fabulous amount of key noise and a
wide variety of Leslie and vibrato
wobble.

Riffs span styles as diverse as
blues, jazz, funk and out-and-out rock
signatures and they are arranged in
keys. The individual note samples are
an education in just how dirty and
rich the B3 is—the sheer amount of
movement, harmonic complexity and
disparity evident in these single notes
and how they change across the
keyboard explain why it has
remained a difficult instrument to
resynthesise.

For multisample collections, a
demo of the sound is followed by a full
five octaves delivered chromatically.
These feature the first three
drawbars pulled without percussion;
first four pulled without percussion;
all out without percussion; third
percussion soft; second percussion
normal; the first three and five pulled
2nd percussion; first three pulled 2nd

www americanradiohistorv com

percussion with vibrato; first three
and seven pulled without percussion
with Leslie; first three and six pulled
2nd percussion and vibrato; first four
pulled 2nd percussion and slow
Leslie; and the gospel tone of the all
out at the sides and dipped in the
middle drawbar curve with fast
Leslie. Add to this an octave and a
half of filthy rock organ and two
double octave bass tones and that is
your lot. I think that is pretty
representative. Akai S1000-S3000
users can indulge in a 23Mb lump of
data backup containing multisampled
B3s and the riffs with keyboard
mapping.

Recreating Hammond sounds for
use in the MIDI world has for the
most part been left to the effort of
stand-alone units with the Voce and
E-mu Vintage Keys being notable in
their degree of success. However,
armed with this CD, sampling a B3
(and a very fine B3 at that), becomes
a veritable pleasure. Other facets like
no need for velocity and the relatively
limited bandwidth required to
capture the sound all point in favour
of this home-rolled approach to
creating your own B3 library. Matters
are helped considerably by the high
quality of the original source and the
only compromise is likely to be the
user’s patience and skill at inputting
the data.

This CD is a must for anybody
even remotely interested in the
wonderful sounds of the killer B3. B

UK: Time and Space, PO Box 306,
Berkhampstead, Herts HP4 3EP.
Tel: 0442 870681.
Fax: 0442 877266.

Music News is compiled
by Zenon Schoepe
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[T MUST BE CHRISTMAS

You'll certainly think so when you unwrap a DAR WorkStation.
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So many exciting facilities at such pleasantly surprising prices.

“SoundStation’s 16 channel, 16 “The DAR optical disk solution is “SIGMA’s Segment Based EQ is a
storage hour facilitv is pertect for crucial to increasing the ctficiency very splendid thing. We save time
our TV and cinema work. We can of our opcrations. Many of our track-building since we only have to
now develop scenarios much faster - clients often use the same material sct EQ, gain, and pan on an audio
with time savings ot 30 to 40 %.” again, so having all their work on scgment once, and we then have
Wim Vonk Sound optical disk allows us to save templates set up which we can copy
Productions, Amsterdam, cnormous time.” to difterent segments elsewhere in
Netherlands. Capital Radio, London, UK. the tracks.”

Finnish Broadeasting
Company, Helsinki, Finland.

In fact, no other digital audio workstation ofters so much, combined with an operational
speed which Ieaves other systems standing still. Find out for yourself what a Gift of a
product DAR SoundStation is.

Call the number below to arrange your personal installed demonstration.
DIGITAL AUDIO RESEARCH

\ NN
~\f JARERY, A
2 Silverglade Business Park, Leatherhead Road, Chessington, Surrey KT9 2QL, UK.
Telephone (0372) 742848  Fax (0372) 743532
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“Soundcraft

DG2000

‘Our motto is more for less’, states
Soundcraft’s R&D Director John
Oakley. And it certainly appears to be
fair comment when applied to the
company’s latest console, the DC2000.

For £12,000 (UK price), Soundcraft
are offering a 24-input, in-line desk
equipped with proprietary moving
fader automation, automated
switching, machine control and
centralised touchscreen co-ordination.
A further £3,000 will buy a
32-channel version providing a total
of 72 inputs during mixdown. The
price is pretty staggering when one
considers that the cheapest
commercially-available moving fader
system cost in excess of £500 per
channel.

How is it done?

John Oakley: ‘Basically we've
attacked every single part of the
console with a view to getting the
price down. It’s been a long hard
struggle (approximately three years
in development), but we've got there
in the end. One of the key things has
been to integrate as much as possible
into silicon, and we've developed our
own ASIC which contains all the logic
to control the automation and
communications within the console.
This, coupled with the availability of
a sensibly priced motorised fader, has
helped enormously in cutting costs’.

The fader is a belt-driven design
from the Japanese company ALPS,
who have also expended considerable
R&D effort to produce a satisfactory
product at a low cost. In fact, there
were ten prototype iterations before
Soundcraft finally approved the
design, which Oakley describes
(without giving away any secrets) as
‘deceptively simple’. The fader uses
10-bit linear coding which translates
to a physical resolution of 0. lmm; its
top to bottom speed over a 100mm
travel is approximately 200ms.

Moving fader automation is
provided on input and master output
long-throw faders—these are the
monitor faders (small faders always
remain in the channel path), master
stereo faders and control groups (four
faders that can be assigned from the
monitor faders to provide functions
such as relative trim updates).

The console is designed for

multitrack recording, and there are
eight buses arranged in stereo using
a floating structure very similar to
Sounderaft’s Sapphyre console.
However, unlike Sapphyre, the
console includes stereo group faders
providing a stereo subgrouping
facility.

EQ is 4-band, arranged in two
sections: HF and LF switchable
between 12kHz-6kHz and
60Hz-120Hz respectively (+15dB),
and two swept mid bands. Each
section can be separately switched
into the channel or monitor paths,
and there is an overall EQ IN-OUT
button. A 100Hz HPF is also
included, which, in true Soundcraft
tradition, appears at the top of the
module directly after the input gain.

There are six auxiliary buses
arranged as Aux 1-4 and Foldback 1
and 2. The Aux sends source a post
signal and the Foldback circuits are
switchable pre or post. Aux 1 and 2
are permanently in the monitor path
while Aux 3 and 4 share mon-chan
switching. Foldback 1 is globally
switchable between monitor and
channel, but Foldback 2 remains
fixed in the monitor path. The two
Foldback sends can also be configured
as left and right feeding the
headphones submixer for stereo
foldback. The commonly used method
of splitting the controls into level and
pan was dismissed in order to keep
costs down.

The automated switches in the I-O
modules are ON buttons for Aux 1 and
3, and the channel-monitor cuts.

The master section of the console is
made up of various modules above
and below the touch-sensitive,
back-lit LCD screen (320 x 240 dot
matrix). Above are the four stereo
group faders already mentioned, the
Aux and FB masters plus studio
loudspeaker level control and
headphone submix controls. The Aux
masters have automated cuts and
AFL; they also include two switches
enabling Aux 3 to be linked to Aux 1
and Aux 4 to Aux 2. this facility has
been designed for occasions where
outboard is restricted and the
engineer may wish to send signal to
the same devices from both monitor
and channel paths.

Soundcraft DC2000 three years in development

Four stereo returns are provided
with simple 2-band fixed EQ, access
to FB 1 and 2, balance control
automated cut and routing selection
to either the mix bus or a stereo
group (so Stereo Return A will route
to groups 1 and 2, Stereo Return B to
groups 3 and 4, and so on). Also
positioned in this part of the console
are a 2-frequency oscillator (1kHz
and 10kHz) add the talkback mic and
controls. TALKBACK buttons would
perhaps, be more ideally sited at the
base of the master section, nearer to
the operator.

Below the LCD screen are the four
control groups with red fader heads,
the master stereo fader, master solo
controls (SIP or AFL-PFL selector,
level control and Solo Clear),
automation master mode selectors
and the control room monitoring
controls including two external source
switches, MONO and DIM buttons and
an alternative speaker switch.

The heart of the console, and
perhaps the most exciting part, is the
central area of the master section
incorporating the touch-sensitive
screen. Apart from controlling
automation and machine control via a
mixture of dedicated and on-screen
keys, the console can be set up in
various ways using the LCD. For
example, to isolate signal paths from
Solo In Place muting either by
individual selection or by selecting
presets; and to control metering
functions such as source selection and
switching between VU, PPM and VU
with peak hold.

Soundcraft have taken pains to
make the operation of their
automation system as simple and
intuitive as possible—important
when you bear in mind that many of
the console’s intended users have
little or no previous experience of
computer mixdown and moving
faders. That said, the system does
facilitate sophisticated use as and
when the user is ready—configuring
personalised setups including status
default, glide-back times and so on.

There are three ways to interact
with the automation—via the LCD,
from central dedicated keys and from

www americanradiohistorvy com

local switches. Generally speaking,
the more regularly used functions
have been allocated dedicated
switches; local switching and LEDs
independently control and indicate
status for faders and automated
cuts—there being four mix statuses:
Read, Write, Arm (equivalent to
update or trim) and Isolate.
Automated switches have two
associated LEDs—one displays
normal ON-OFF status, the other
glows amber when the switch is
under computer control.

All major time code formats are
read, generated and permanently
displayed (reader built into meter
bridge), and machine control is via
the usual selection of transport keys
plus a jog wheel. Additionally, there
are scrolling cues lists, cycle facilities
and auto drop-ins with a rehearse
facility. Cues can be named and to do
this, the touch-sensitive screen
transforms into a qwerty keyboard.
The LCD can also be used to switch
individual tracks to Ready, and this
is confirmed by the flashing of an
LED positioned on each [-O module
—a master record enable switch is
included as a precautionary feature.

The DC2000 uses a built-in floppy
disk drive for storing mix data, cue
lists, MIDI event lists and so on—a
hard disk drive is optional. All
computer hardware is integral to the
desk, the only external component
being the power supply. A 32-channel
version of the DC2000 with patchbay
measures just over 2,000mm by
876mm.

The console is scheduled for
production towards the end of August
and was shown in prototype form at
the APRS show. This is an important
product from Soundcraft, offering
exceptional value for money and
bringing top-end features to the
budget market. B

Patrick Stapley
Soundecraft Electronics Ltd,
Cranbourne House,Cranbourne
Industrial Estate, Potters Bar,
Herts EN6 3JN, UK.
Tel: 0707 665 000.
Fax: 0707 660 482.
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Recently in these pages I reviewed
the splendid Microtech Gefell UM70
condenser microphone, with the
promise of the same company’s valve
model to follow. That model, the
UM928, is now available in the UK.

First impressions are of a very
grown-up microphone. The standard
kit comprises the microphone itself, a
large wind shield, a cat’s-cradle shock
mount, a long multiway cable and the
power supply, all in a sturdy, lockable
aluminium flight case. The only
omission is the IEC mains lead,
which seems a curious and
penny-pinching oversight.

The microphone can only be
sensibly mounted on a stand by
screwing it into its shock mount,
which is one of the best [ have seen.
The mount works by screwing the
microphone on to a swivelling ring in
its base through which the connector
passes, rather than by clamping the
centre of the body, which allows the
microphone to be rotated in the
mount much more easily. There is
none of the all-too-common tendency
for the microphone to hang where it
chooses rather than where you want
it; the balance is right and the elastic
cording sufficiently tight to hold the
weight firmly without sagging,
drooping or flopping around. My only
complaint is that the swivel joint bolt
was not tight enough to support the
weight and I had to take a
screwdriver to it.

Being a valve microphone, the
UM92S connects to its dedicated
power supply by means of a multicore
cable, which is terminated in
heavy-duty positive screw-fit
metal-shelled connectors. The cable
supplied as standard by Gefell is
apparently rather stiff and unwieldy,
and the main UK importers, Stirling
Audio, substitute special Mogami
cable which is very flexible and
kink-free. There is apparently a
possibility that Gefell may go over to
the Mogami themselves eventually.

What few controls there are appear
on the simple but elegant power
supply box. The microphone multiway
connector is on the back panel
together with the XLR output socket
and the IEC mains input, while the
front panel carries the on-off switch
and the polar pattern selector. There
is no pad and no bass roll-off filter.
The usual three polar patterns are
provided—omni, cardioid and figure

18 Studio Sound, July 1993

eight—by a rotary switch with
associated LEDs, which thoughtfully
are all different colours making it
possible to tell at a distance which
pattern is selected.

All the system components convey
the same impression of quality as
found on the UM70. The cosmetic
design is elegant in the style of
Neumann (as would be expected) and
the attention to detail is excellent
—close tolerance well-fitting parts,
sharply-defined engraving and a
beautiful finish overall.

For tests, I rigged up a simple A-B
with a familiar top-end FET
multipattern microphone for straight
comparison, and this produced a
surprise. The usual expectation of
valve equipment of any kind is that it
will have a warmth, a bloom, the
aural equivalent, perhaps, of a
soft-focus filter. This is decidedly not
the case with this microphone, whose
top end is present and precisely
defined, and whose lower extremes
are, if anything, less pronounced than
the FET. In fact if these tendencies
were any more exaggerated the sound
would be verging on the bright, even
hard. As it stands, it is hard to decide
which was being more truthful, the
Gefell or the FET. When they were
rigged on a grand piano, I found
myself rushing backwards and
forwards to check the acoustic sound
of a piano I know very well, unsure if
the additional bass I was hearing on
the FET microphone was actually
there to that extent. I eventually
came to the conclusion that the Gefell
was giving me a more accurate, less
flattering account of the piano than
the other—which is the reverse of
what I had expected. On close-miked
voices, the results were perhaps more
as predicted; a well-controlled
proximity effect gave a rich warmth
which, together with the extended
and present highs, produced a
powerful but clean sound which cut
effortlessly through a mix without
harshness.

One expects the tonal
characteristics of a microphone to
change a little as the polar pattern is
altered, but this effect was
particularly marked with the Gefell.
Set to omni, the differences between
this and the FET microphone were
slight, but as soon as both were
switched to cardioid the contrast in
the bottom ends became apparent

and remained in figure
eight. The polar patterns
themselves seemed well-
defined, with good nulls at
the back of the cardioid .
and the sides of the figure |
eight, although the omni
pattern was apparently not
properly circular, being
slightly less sensitive at
the back. Off-axis
colouration seemed
minimal, which is
particularly important
where spill is a problem.

I have to say that all the
aspects of the performance
I have covered are entirely
my aural impressions,
since there was no
documentation with the
microphone whatsoever. |
Operationally this is not a
problem with this kit since
there is nothing to
misunderstand, but a few
facts and figures would
have been reassuring.

The pricing of the
UM392S places it in the
lower middle of the valve
microphone market,
inviting debate as to which
end of the spectrum it sits
more happily with. The
general resurgence of
interest in valve gear
makes it important to
discriminate between
bandwagon products,
which perhaps offer a bit of
nostalgic fun, and genuine
professional equipment
which attempts to do a
serious job using a much-
favoured old technology.
This Gefell microphone
falls unquestionably into [
the latter category, and as
with its FET partner, the
UM70, the only danger is
that its comparatively low
price will mislead potential
buyers into assuming it is
too cheap to be taken
seriously.

Dave Foister

Microtech Gefell GmbH,
Muhlberg 2, 0-6552
Gefell, Germany.

Tel: +49 03 6649 262.
Fax: +49 03 6649 280,
UK: Stirling Audio
Systems Ltd, Kimberley
Road, London NW6 7SF.

Tel: 071 624 6000.
Fax: 071 372 6370.

The UM92S, powerful, rich and warm
on vocals
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News
Nagra-D Events

Editorial

«SEE HOW SOUND CAN SOUND»
is the slogan being used in our publicity
} campaign this year and invites you to
discover the unique quality of recordings
made on the NAGRA-D. Today we provide
the professionals, whose competence is
greater than ours, the opportunity to express
themselves about this question.

The one thing that is certain, is that we are
assuming the responsibility of putting the
highest performance product into the hands
of the end users. The question of the quahty
of digital recordings is still forefront in our
minds, and is the reason that we have
reserved a lot of space for this subject in the
present edition of the NAGRA NEWS.

The quality of a sound can be expressed
mathematically and quantitatively measnred
using ever more sophisticated equipment,
but the final judgement is given by our ears.
It is the ear which alerts us to audible
distortion or wow and flutter.

Twenty years ago one measured frequency
response, the wow and flutter and that said it
all. Today we find that time (group delay) is
of great importance for the sound. The jitter
(wow and flutter) is no longer expressed in
% but in nanoseconds and is still perceptible
to the ear and should not be neglected.

The headroom allows us to fix the surplus
bits (or the dynamic range) necessary (o
guarantee the recording a dynamic of 16 bits
to the final listener.

And if we speak about films...

The transmission means available today does
not technically allow the maximum benefit
from the quality offered by digital recording.
However, with the advent of HDTV as well
as the digitalization of film, are they not
already coming close to reality?

Aldona Mury

FILMS

’ The NAGRA-D has been used on the
fo

Ilowing major feature [ilms:

FRANCE .

«Couples et

Amants»
directed by John
Lvoff. produced by
Providence #¥ilm
and sound engineer
Jérdme Thiault.

«Une mére de
sable», shot in Mali,
produced by Atriascop
with Philippe Gautier
sound engineer.

«La reine Margot»
was directed by Patrice

Chereau and produced by
Claude Berri. The film’s stars
were Isabelle Adjani and Daniel

) . 7 i
Auteuil and the sound engincer _— gehusuu“‘
was Guillaume Sciama. \» i giof'm did

. of b8
ITALY on locatie™ ™

Pasquale Scimeca as the director and sound transfer will be made with Dolby SR on

«Il giorno di S. Sebastiano» wih chosen for the post-production and the
engineer Maurizio Argentieri. Cinecitta was 35mm film. The shooting took place in Sicily.

During tie filming of «Couples et amants»

www.americanradiohistorv.com |
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News

USA

«Blue chip» surring Nick Nolie  4f:
and directed by William Friedkin. 6%
The production sound is being done =
by Kirk Francis and the post

production sound by Todd A-O/Glen Glenn
Sound. The film will be distributed by

Paramount Pictures.

«Quiz show» directed by Robert Redford
with the production sound by Todd Maitland.
The film will be distributed by Buena Vista
(Disney). Shooting began May 17th in New
York City.

«Angie, I says» is directed by Martha
Coolidge and stars Geena Davis and Stephen
Rea. Production sound 1s by Ed Novick and
will also be distributed by Buena Vista. 11 is
being shot in Los Angeles.

NAGRA Diary 1993

JUNE

Showbiz Expo taking place from 5-7 June in Los Angeles.
Organizer: Phi Technologies. Inc. Oklahoma City/USA

The 18th International Television Symposium and Technical Exhibition,
held in Montreux, Switzerland from 10-15 June. Stand No. B106

Organizer: Kudelski SA Cheseaux/Switzerland

APRS’93, the 26th International Exhibition for the Professional Rzcording Industry,

from June 23-25 at Olympia 2, London.

Organizer: Nagra Kudelski (GB) Ltd. St. Albans/England

AUGUST

The Florida Motion Picture and Television Convention and Trade
Show FLORIDA PREMIERE taking place from 13-15 August at the Walt

Disney World Resort in Orlando. This event is co-sponsored by the Florida Motion Picture
& Television Association and Disney-MGM Studios.

Organizer: Phi Technologies, Inc. Oklahoma City/USA

OCTOBER

The 95th AES Convention held on 7-10 October at the Javiis Convention Center,
New York. Organizer: Phi Technologies, Inc. Oklahoma City/USA

NAGRA-D
in TELEVISION

The sound for the following films for
television was recorded on NAGRA-D’s:

Upcoming episodes of «Da costa» tor
Antenne 2 (Frunce) ure directed by Bob
Swain. produced by Projefi (Christine Gouze-
Rénal) and sound engineer is Guillaume
Sciama. It will be one of the first police tilms
comparable 10 the prestigious «Navarro».

The film stars Roger Hanin and Claude
Villert.

«Tout va bien dans le service», direc-
ted by Charlotte Silvera, produced by Télé
Images and with sound engincer Daniel
Brisseau.

«South Central» is a TV pilot. Details in
the next issue of Nagra News.

MUSIC RECORDINGS

Pierre Verany SA, a very well known French
compact disc mastering facility, recorded the
music tor the fitm «El Parajo de la Felicidad»
on 4 NAGRA-D. The music was interpreted
by Jordi Savall.

Moreover. the majority of the discs in their
catalogue, that have been recorded since
March 1993, were made using the NAGRA-D.
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Each transmission system has its limits
and weaknesses.
A T.V. channel can be considered
«transparent» if the receiver is capable
of re-constructing all the possible
combinations of the «draughthoard»,
from an all white (or all black) screen to
one having a succession of black and
white squares, the smallness of which is
limited only by the bandwidth of the
channel (6 MHz for TV) and the number
of lines in the picture.

Yet everybody has seen the limitations of
the PAL system, with the apparition of
the «Moire» effect, or the «water fall»
effect on the SECAM system.

It is the same case with an acoustic
system, which suffers from operational
limitations within its bandwidth (20 Hz to
20 kHz).

As limitation one can cite:

+ Amplitude distortion (harmonic)

» Phase or time distortion

» Aliasing phenomenon (twittering birds)

+ Intermodulation (non harmonic dis-
tortion)

+ Sidebands (micro jitter, wow and flutter)
Etc.

Everybody still remembers the aliasing
weaknesses of early A/D and D/A
converters that were not over sampled.
With ZA (Sigma-Delta) systems, the
«twittering birds» have (practically)
flown away, but one must remain
cautious.

Let us stop for a minute on
phase distortion

At school we were taught that the ear
could not distinguish the phasing between
different harmonics of a sound. That is
true for a continuous tone.

During transitions, it is completely
different. Transitions sound do not
support phase or temporal errors (we call
these group delay dd/dw).

We can take the example of a telephone
line which inflicts a delay of 0.5 second
on low frequencies and higher fre-
quencies which traverse the system with
a delay of perhaps 1 second. What
happens to a «p» or «t» sound made at
one end of the line, when it arrives at the
receiver? Certainly an unintelligible
sqund.

To achieve purity of a recording channel,
it is therefore extremely important that

The notion of
system
transparency

temporal errors are reduced to a strict
minimum.

A great deal of care was taken with this
in the NAGRA-D. Knowing the equa-
lization techniques currently available
(group-delay adjustment), it will certainly
be possibie in an analogue recorder to
exploit at 19cm/s an acoustic quality
which is presently reserved for recordings
made at 38 cm/s.

Thermal noise, and 120 dB
dynamic range

The thermal noise of a resistance B is, in
Volts:

Un,=1.88X1075\/R

which is valid for ambient temperature
and the audio bandwidth of 20 kHz.

By way of example, let’s try to determine
the maximum input sensitivity of a
microphone preamplifier to assure 120
dB of dynamic range when it presents a
source impedance of 50 ().

U 5,=1.88X10-8+/50=0.133p.V
Usiin10dB=0.133.V+120dB=133mV

If one pushes the gain beyond 133 mV at
the input to achieve «0 dB displayed», for
example 13.3 mV, one could color the
recording with 20 dB of noise due simply
to the 30 (2 of the microphone.

Remember that a dynamic microphone
has an output of less than 1 mV for at the
sort of ambient sound level found in a
«quiet restaurant»!

Still on the subject
of the dynamic;
the difficulty of assuring
20 bits of dynamic range

Remember: 20 hits at 6 dB per bit gives,
in principle, 120 dB of dynamic range.

The dynamics of the ear, from the
threshold of hearing to the threshold of
pain is 130 dB.

The contribution of the noise of a
microphone relative to the threshold of
hearing in the best of cases is 10 dB.

One can deduce that it is not useful for
the dynamic range of a channel to exceed
130 - 10dB = 120dB.

Conclusion:  One should be able to make
a microphone pre-amplifier without a
level adjustment from the moment that a
dynamic range of 20 bits is available.

In order not to change the habits of
sound engineers we have kept the level
adjustment in the Nagra-D, but limiting
it to 37 dB.

The «purity» of a digitally
encoded sound is
determined by the

«jitter» of the sampling
frequency

The sonic integrity of a sound which has
been transmitted via a digital processor is
constrained by the accuracy of the
sampling frequency:

A/D—> processing digital—> D/A

The maximum sampling frequency jitter
which can be tolerated in an A/D
convertor to maintain a 20 bit dynamic
range must be less than 200 picoseconds
(0.0000000002 second). This very low
jitter rate can only be achieved by using
quartz oscillators of very careful design.
The thermal noise of an LC oscillator
can barely fall below 1 to 2 nsec (1000 to
2000 picoseconds), if it is externally
synchronized, (such as is frequently used
in an R-DAT), even if we assume that the
powering is perfect. This value has
trouble guaranteeing a dynamic range of
16 bits.

Lots of ideas, true or false, turn around
digital recording. A lot of other debates
will come to light in this domain. Nobody
doubts, that an important step will be
made once development engineers and
sound engineers use the same termi-
nology to confront their ideas. May these
few modest words contribute to the
improvement of this communication.

To be continued...
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It may not have the glamour of feature
} films, nor does it pay as well as
commercial work. And. if you want a shot
at true fame. fortune. and glory. hang at the
studio long enough for your best rap or grunge
{or whatever is «in» this week) buddies to
sign with a major label. But some of us can’t
escape the lure of another kind of audio:
remote music recording.

While «remote» often refers to all non-
studio work, I am using the term
somewhat differently, as comprising the
recording of any music originally
written for live audiences. This includes
all classical music, most jazz, plus pure
folk and ethnic music. This kind of
audio is distinct from studio (pop-style)
recording in that it uses minimal or no
post-production mixing, and is generally
performed on-site (a concert hall,
church, or other venue the acoustics of
which are suitable for the appropriate
audience participation; note that in the
case of some ethnic music, the proper
setting may be out-of-doors), although
studios are occasionally utilized.

Seattle Symphony Orchestra Music Director Gerard Schwar (lefi) and

It's a Digital World
Out There

How does the Nagra-D fit into the picture?
Consider, to begin with. that almost 100% of
classical music releases are nowadays digital.
The customers for acoustic music recordings
are a demanding lot; much of the impetus for
technical improvements over the years has
derived from their requests. For example, pop-
style recordings do not generally encompass a
large dynamic range. However. that of
classical music often exceeds 60 dB. At such a
distance from peak levels, the limitations of
the medium become critical: tape hiss. in the
case of analog recording onto magnetic
materials. or surface noise—which grows
worse with repeated playings—with vinyl
discs. As these blemishes are non-musical and
hugely distracting. the vast majority of
listeners prefer at least the release format to be
digital, where media defects can be effectively
eliminated from the equation—hence, the
development of the compact disc and other
consumer digital formats.

Since the releases are to be digital anyway. it
makes sense. from the engineer’s point of

Grammy Award Winning Producer Adam Stern study session tapes.

view, to perform the original digitizing on
equipment under his or her direct control.
especially since almost all editing these days is
performed at a digital workstation (thus
obviating the need for analog-style razor blade
editing). This is. of course. precisely why DAT
recorders have become so popular for remote
recordings.

To be sure. none of this invalidates the artistic
validity of high-quality analog originals. Still,
the commercial reality is that the DDD printed
on the compact disc’s tray card is important.
On the other hand. there are. in the Land of the
Audiophile. a few well- (and out-) spoken
individuals who will not march in the digital
parade. citing the rain clouds of poor
performance from available 16 bit products.

These holdouts have a point: After taking into
account noise from all sources and allowing
for «headroom». a typical 16 bit system
actually performs at more like 13-14 bits. or
80-85 dB of dynamic range. thus putting
important ambience cues directly where the
system has its lowest resolution. The Nagra-D.
however. provides (and stores) about 100 dB
of dynamic range {or more. depending on the
converters chosen). thus providing a true 16
bits (96 dB) worth of audio to the release
product. It is noteworthy that many audio-
philes have pronounced the Nagra-D as the
first digital product they would themselves
consider owning!

‘D' Answers

The Nagra-D’s exemplary audio quality is,
then. certainly a significant consideration for
the remote specialist: There is, simply. no
other portable machine of its quality. But for
the operational versatility required in live-
recording situations. it has other. equally
important, features. which are, perhaps. best
illustrated by example:

Four channels are wonderful. While the
possibility of mixing in. after the session.
ambience («sweetening») microphones is
often touted as a major benefit of four
channels. I've personally seen few such
implementations. Most engineers who use
sweeteners prefer mixing them (to stereo)
live. Nevertheless, given the fact that most
remote monitoring facilities are either non-
existent or uncalibrated to the engineer’s
sensitivities, proper balancing of solos. for
instance. or choruses. is much easier to
control after-the-fact. I do a lot of concert
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recordings for the Seattle Symphony
Orchestra. These concerts are usually
performed in pairs. over two consecutive
nights. Soloists and choruses are, for different
reasons. notoriously inconsistent: therefore. to
edit between performances often demands a
good deal of careful adjustment of balances.

A variation on this theme occurs with other
kinds of music as well. St. Mark’s Cathedral
in Seattle is the home of a very large Flentrop
organ. Because of its quality and acoustical
selting. many organists love to record on it.
But it is not always easy to achieve, in
recording. the desired artistic result. As the
mstrument’s five divisions cover a vast area
of the Cathedral (from the gallery floor to the
top of the casework is about 15 meters, as i
the lateral distance between the most distant
pedal pipes: from the main divisions to the
rugwerk is about 6 meters). the ideal
microphone position for one registration may
sound atrocious for another. Further, artists
most often do not discuss stylistic intent (like
which divisions they will be using) with the
engineer ahead of time. Thus. it alleviates
much professional grief to prepare two
separate acoustic perspectives, either or both
of which can be called upon. as needed.

The extra channels can also give the engineer
production flexibility. In a recent recording
with the Northwest Chamber Orchestra. we
ran into scheduling problems. With only a
short time remaining in the session. and an
extremely difficult piece left to record. it was
decided to record only the orchestral parts: the
two soloists would return Tater. after the first
round of editing. to «overdub» their parts.
(With the Nagra-D. this procedure requires re-
synchronizing during the final editing. as
there iy an offset between the puirs of trachs.
This. however, is a trivial operation.)

Even where live-to-stereo mixing is possible.
the extra channels can be quite useful. In
concert recording, it is not always possible to
set levels properly. because there is no
rehearsal (for the engineer. at least). By
feeding the same input to both pairs of
channels. but oftfsetting the levels of one pair
by. say. 10 dB. you have effectively increased
vour overall dynamic range by that much.
During a recent recording of Tchaikovski's
1812 overture. for example. the acoustic
levels of the live artillery were impossible to
control. or even guess at, ahead of time. So it
was @ matter of professional safety to make
two simultaneous recordings.

Here is a potential situation for which the
Nagra-D is perfectly suited: One of the most
interesting places ['ve ever worked was a very
large hole in the ground. a cistern about 60
meters in diameter and 4 meters high. In its
original incarnation it held some 2 million
gallons of water. but now serves as a recording
studio. of sorts—but a most difficult one.
Among its characteristics is a 45 second mid-

band reverberation time. This feature, along
with the lack of a defined artistic aesthetic and
the total non-availability of A.C. power. make
for some rather nightmarish problems for the
engineer. While the commercial products
(which involved the improvisatory skills of
some excellent musicians) have been well
received, the equipment used for past projects
was, 10 be blunt about it, not up to the task. For
one thing, the ability to track reverberation
down to the bitter end. without the low-level
graininess typical with portable 16 bit systems,
was missing. Also, the capability of providing
alternate perspectives of the same acoustic
event would be of considerable interest. | look
forward to a new project at this cite.

Deep Listening Band recording
in the cistern in 1988.

Other specific features of the Nagra-D are
invaluable for remote recording:

* Monitoring off tape saves a lot of
professional anxiety. as does knowing, for
sure. the dynamic range covered.

¢ The powering scheme. maligned in some
quarters, nevertheless provides a major
service: When no additional equipment is
needed. the quality of the final product is no
longer dependent on the often dubious quality
(or even non-existence) of the local A.C.
(mains) power. (The new stage hand plugs a
10 kW lamp into—poof—your circuit? No
problem.)

* Likewise, another disputed feature, the open-
reel tape format. can be put to good use: Some
music exceeds the two hour limit of any
currently used cassette format (DAT. in its
long-play mode. is capable of additional
recording time, but at with limited bandwidth).
Wagner's Das Rheingold. for instance. lasts
for two and a half hours without pause. and
Indonesian wayang kulit performances can be
longer still. On a more common level. many
concert performances last longer than two
hours. not including intermission. In these
situations, the four hour capability of the
Nagra-D is much appreciated.

Troubles

To be fair, it should be mentioned that there
are a few problems with the Nagra-D. In the
first place. the above mentioned dubious

qualities have detractors for understandable
reasons: The internal battery is heavy. and its
care and feeding can be a nuisance: and
cassettes are, often, more convenient than
changing reels and threading tape. But the
more critical concern for the professionai user
1 an economic one. Most remote music
engineers. at least in the United States. are free
lancers (who must own. in addition to their
remote equipment, a complete editing facility),
and the largest portion of their customers are
unsubsidized non-commercial organizations. it
is often not possible to charge a fee high
enough to cover the cost of owning. or renting.
a Nagra-D—that is. the very customers who
could most benefit from the Nagra-D's virtues
are ones who can least afford it!

In passing, however, I would like 10 say
that a possible way out of this economic
impasse is beginning to present itself.
The Nagra-1) was, of course, conceived
as a fully professional machine. But as it
happens, many consumer audicphile
users have expressed an interest it, as
there is no other machine anywhere with
its qualities. Might it be possible for the
professional to provide a premium
product to these consumers, so that they,
in effect, endow the original recording?

The Bottom Line

Finally. as many of us grow older. we grow to
appreciate any and all work we don’t have to
do. With the Nagra-D. it is again possible to
provide a good service with minimal set-up.
True. the Nagra-D is heavier than, say. a
portable DAT recorder. On the other hand.
everything is right there. in one carryable box.
One trip in from the parking lot. the Nagra-D
in one hand, a pair of portable stands in
another, and a bag (for microphones. cables.
tape. a few odds and ends. and a good book)
over your shoulder....You can’t get a better
recording. and. should you be accosted on
your way to the event. the Nagra-D makes an
excellent defensive weapon.

Al Swanson began his association with
Nagra in 1972 while still a graduate
student in ethnomusicology. Finding
academia a commercial eul-de-sac,
however, he has since directed his
professional efforts toward andio
recording and editing, particularly of
music. His credits include over 400
albums, too many concert broadcasts to
count, several multi-media presenta-
tions, and, from a more desperate lime
in his career, a smattering 2f com-
mercials, music videos, and feature
films. Swanson also edits he newsletter,
Gazette and Digest for mmm
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User comments on Sam Wise's

NAGRA-D review

Ivan Sharrock and
Nigel V. Woodford
comment on Sam Wise's
article in March 1993
Studio Sound magazine.

«The review of the Nagra-D by Sam Wise
(Studio Sound - March 1993) raises
some questions about the suitability of

the machine as a location recorder. This
tone and use of language in his article implies
that the machine cannot compare to the
currently available DAT recorders. Absolutely
true. No car reviewer would dream of
comparing a Mercedes to a Lada although
they both can get you from A to B!

As a Production Sound Mixer in television
and the film industry I have recorded over 200
documentary programmes and 65 feature
films. including «The French Lieutenants
Woman» (BAFTA). «The Shining». «The
Last Emperor» (OSCAR). «Far and Away»
(Using a Nagra 1V-S with Dolby SR} and
recently Bernardo Bertolucci's «Little
Buddha» (Nagra-D). The latter was shot in
Nepal. Bhutan and the USA (Seattle) over a
period of six months all on location and in
some extremely remote areas. | was using the
first two production-line Nagra-D’s and.
whilst we had some teething problems with
the microprocessor initially. both machines
behaved faultlessly. The machines were hired
to me by Richmond Film Services but.
because this was a «first». [ dealt directly by
telefax with the factory in Switzerland about
the few queries that came up. Their product
support is unrivalled.

However. | would like to clear up some
«misconceptions» in Mr. Wise's article. He
states that:

(1) STANDARD ‘DAT has become the
de facto standard for master recording
and film recording’. | suggest he checks
with the sound equipment rental houses both
here and in the USA.

(2) OPEN REEL ‘The open-reel format
is not as easy to use as the DAT cassette’.

(3) FORMAT ‘do you want your
material in a format which no-one can
replay except another Nagra-D ?’.

Someone has to be first with any new format.
When half-track and sub-audio synchro-
nization was the norm. Kudelski introduced
his Neopilot system for mono recorders and
then the FM-Neopilotton for stereo. neither of
which were compatible with other recorders.
Although transferring original material was a
problem initially for those machine rooms that
did not own a Nagra | have seen Studer.
Telefunken. Levers Rich etc. modified to
cope. Now. of course, any transfer house of
note owns a Nagra T.

Whilst the Nagra-D format will never be
embraced by the customer market. the
professionals will always opt for the best
quality machine available. We shall see
whether or not other manufacturers have the
foresight to follow suit.

(4) PRICE ‘for the price of one Nagra- D,
two Fostex PD-2 recorders can be
purchased’. However, don't forget the
additional outboard piece of equipment you
will need to be able to monitor two machines
(ever tried listening with two sets of
headphones around your neck). plus the hassle
of powering and having two cassettes for one
complete 4-track. (This also goes for the
transfer/copy/mix down suite).

(5) CARRYING ‘But there is not even
a clip point provided for the attachment
of a shoulder strap’. There is!

(6) BATTERY LIFE As Mr. Wise insists
on comparing the Nagra-D to other DAT
machines. and specifically the Fostex PD-2. a
word about battery life. All portable digital
equipment use power hungry ADC’s and
DCA’s. There is not a digital machine available
that will run all day on its internal batteries.
unlike their analogue equivalents. We, the
professional sound recordists and the rental
houses. have addressed this problem in various
ways when «mains» power is not available. For
the Fostex PD-2, Audio Services Corporation
of Los Angeles recommend their 12 Volt gel-
battery (slightly smaller than. but similar
weight as. a small car battery) to give about 8
hours use. For the Nagra-D, | used standard
camera battery belts but any source of DC
power from 12-30 Volts can be used. [ also use
an AIWA-HHB | PRO DAT recorder for Fx.
Although this machine has two internal DC
power sources maximum recording/standby
time is still limited to 2 hours in practice. To
ensure confidence that the machine is not
suddenly going to give up an external 7.5 Volt

high-capacity Nicad is plugged in. To
summarize. all portable digital machines
should be treated as if their internal batteries
were there to run the internal microprocessors
for saving the memory and any serious
professional recordist would use an external
source of power.

(7) MENU ‘Even after several hours
use, we found this menu system
remained confusing requiring constant
reference to the manual. While this
might be reasonable when setting
unusual things, it gets irritating when
selecting between inputs, or changing
sampling rate’. Let me reassure those of you
who are not familiar with the machine. All of
the normally used settings are stored so that
after the machine has been switched off, the
next time you come to use it. the memory
scrolls through your pre-sets. something Mr.
Wise failed to mention. Confusing? Not a bit
of it! Admittedly the menu is extensive and
will probably become more so as befits this
machine. Take a tip. If you worried that you
cannot find your way. reduce the manual
menu pages to one page of Filofax paper.
mount on stiff cardboard and keep with
machine; but in practice its no harder than
dealing with MS-WINDOWS.

(8) SUMMARY ‘Technically, the
Nagra-D performs well’ - 1t is frighteningly
transparent! - ‘but operationally, we found
it disappointing. It is large’ - compared to
what? My portable Neve mixer is twice as
big. - ‘has limited battery life’ - see above -
‘a mediocre menu system’ - display maybe,
system most certainly not - ‘Purchasers also
have to weigh up the risk involved with
the single source nature of this recording
format’ - What does that mean? a). A “single
source” is the original sound source for your
master recording. b). A single source’ is the
new Nagra-D format (The Nagra IV-§
Pilotton recorder was at one time a “single
source”. or ¢). does Mr. Wise believe that two
machines should be used to back-up the
recording. Certainly all the DAT users that |
have come across in the feature industry back-
up to another DAT machine or to an analogue
Nagra - says a lot of their confidence.

It is true that the Nagra-D is not perfect. It
weighs more than 1Kg: is bigger than a packet
of cigarettes and its battery does not last for a
week. But it’s a darn sight better than Mr.
Wise suggesis.»

Ivan Sharrock
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«Having read Sam Wise's review of the
Nagra-D recorder. I feel that I should make
some comments. | write as owner of three of

those machines and in my position of

running a company specializing in the hire
of location recording equipment. so | am
very much aware of location sound
requirements.

1 disagree that DAT has become the «de facto»
standard for field recording: the ratio of
analogue Nagra recorders to DAT machines
that we supply is approximately 6:1.

In my experience. the reliability of DAT
machines and the DAT system is con-
siderably less than guarter-inch machines
(tape tearing in the cassettes. jammed
mechanisms and even machines giving every
impression of recording but not actually
doing so being not uncommon).

Regarding size. weight and battery life: a
large amount of location recording is not
done with the machine hung over the
shoulder. but uvsually with mixer and
recorder mounted on a trolley such as the
Urstacart. Most Fostex PD-2 users adopt this
method of working - often using a car
battery.

The internal battery in the Nugra-D should
really be regarded as a back-up power
supply. useful when changing external
batteries or if a short sequence is to be
recorded in a car. On many film locations
AC power is available for lighting (either
mains or from an alternator) so on feature
film or TV drama shoots this should not
present a problem.

Many recordists have used stereo Nagras on
mono shoots in a two-track mode. Now. with
stereo sound being recorded on location a four-
track machine is needed to do the equivalent
job (have you tried to monitor two stereo
machines recording different tracks
simultaneously ... much easier with a four-
track machine).

For same strange reason. Nagra recorders have
always been associated mainly with film
sound. To my knowledge. no recording studio
has used the Nagra T. a mains powered non-
location recorder. for mastering although it
must be one of the finest analogue recorders
available. The Nagra-D would be an excellent
four track recorder for classical music
recording. both on location and in a studio. A

studio based recorder does not need to be big
and heavy...

As regards the price - true. you could buy
two Fostex PD-2 machines for the price of
one Nagra-D - but if you decide to hire the
machinery for your production - two Fostex
PD-2 machines would cost you more than

double the price of hiring one Nagra-D.»
Nigel V. Woodford

PS: Users so far: Ivan Sharrock (for «Little
Buddha»)

Royal Opera House

Glyndebourne

International Classical Music Awards

And if we talk
about headroom?

} Is headroom necessary with digital
recording?

This would appear to be a reasonable
question, however, it is clear the term does
not have the same meaning for everyone.

However, before we start a dispute, let us
clarify the situation.

Luckily, we discovered in an article by
Frank Beacham entitled «Professional
DAT on Location» published in the May
1993 issue of the TV Technology
magazine, an interesting debate between
Richard Lightstone and Jerry Bruck on this
subject.

We'll let them speak...

«No tape noise

Richard Lightstone, C.A.S., a Fostex PD-2
owner, said the 16-bit DAT format offers
dramatic improvements in dynamic range
and tape noise over traditional analog tape
recording. «Most conventional film sound
has been recorded on mono Nagras at
7-1/2 ips. Very few production mixers record
at 15 ips,» Lightstone said. «Now we’ve
moved to the 16-bit digital domain where we
have no tape noise at all to deal with.»

Having used his Fostex to record location
sound in hot, dusty Zimbabwe for the
feature «Bopha,» Lightstone said the
headroom of DAT is more than adequate
for the dialogue and effects work that
dominates most motion picture location
recording.

The headroom advantages of 24-bit
recording advocated by Nagra-D

proponents are «bogus,» said Bill Peagh,
director of International Audio
Technologies, Ltd., Chantilly, Virginia, the
U.S. importer of the Stelladat recorder.-
«The headroom is the same for doth
formats: 0,» said Peugh. «You don’t have
headroom in digital. What they are szying
is they can put more signal on fape.
Headroom is the wrong term. That's a
word for analog guys who are giving these
things attributes that have nothing o do
with what they are doing. I don’t know
anybody who’s found true 16-bit to have
any noise or dynamics problem.»

Persistent terminology

Jerry Bruck, New York’s Nagra-D
representative, responds: « Bill Peugh is
technically correct when he says taer='s no
such thing as headroom on digital. Because
when you’ve run out of room, you’ve run
out of room; there’s nothing left.
«Nonetheless, the term persists it digital,»
said Bruck. «Headroom refers to how many
dB you are going to let there be abcve the
signal level that you nominally want to put
on tape. Most people want to leave at least
10 dB of headroom for the signal that
comes along that they don’t expect. All that
happens in digital is that subtracts from the
overall dynamic range of the reco-ding».
Bruck said the Nagra-D allows the mixer to
run the recorder at a considerably lower
recording level than DAT without
sacrificing dynamic range. «If vou record
to minus 10 on your DAT you coulc record
to minus 25 on a Nagra-D and heve just
exactly the same signal in terms of
resolution and dynamic range,» Bruck said.
«That’s what is meant by headroom.» ...»
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We receive many letiers from Nagra
customers all over the world, here are some
recent examples.

PIERRE VERANY S.A.

I would like to say how impressed I was
with the NAGRA-D, both by the analogue
and the digital quality. Every nuance
which occurs in the studio is conveyed to
the listener. It is truly a revolution in
sound recording technology.

This revolution for us, who convey
musical emotion via technology, is of
primary importance.
The NAGRA-D today
makes its entrance into
recording history in the
same way as the most
prestigious musical
instrument,

MAURIZIO
ARGENTIERI

Sound mrxer on the film
«I1 giorno di S. Sebhas-
tiano» recently shot in
Sicily.

Finally! a star is born.
A recorder that has the
possibility to change
the manner in which
recordings are made.

In this film which is set
at the turn of the
century I found myself
recording the conversation of two people
with the background of a carriage and
horses passing behind their shoulders. I
absolutely didn’t touch the input level
adjustment and I had no fear of
saturating and yet I was able 10 make a
recording which was true to life. It
should be added that the input pre-
amplifiers are of exceptional quality.

The great advantage of this machine is
not only the dynamic range but also the

8

four channels which allow the
independent recording of sound, be it
dialog or the ambient effects recorded in
MS stereo. This saves precious time in
production and have the synchronous

KUDELSKI SA

Nagra Tape Recorder Manufacturer
CH-1033 Cheseaux
phone: (+4121) 732 01 01
fax: (+4121) 732 01 00

©Copyright reserved for all countries.
NAGRA. KUDELSK), NEOPILOT. NEOPILOTTON,
NAGRASTATIC, NAGRAFAX, NAGRAVISION ae
registered trade-marks.

The specifications contained in this p Jblications are subject 1o
change at any time without prior notice fo lowing imprcvements
and modifications of the eguipment.

effect with the scene at the same time.
Previously this was only possible with
two machines, one for the dialog and the
other for the stereo effects.

On location of «Il giorno di S. Sebastiano»

The recordings were made in far from
ideal conditions, in forests, in the
pouring rain and up in the mountains
with temperatures as low as 0°C,

I really appreciated the possibility to
make this recording using the NAGRA-D,
a machine that will without doubt
revolutionize the way films are made in
Italy and the world.

Congratulations NAGRA!
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e hear a lot about advancements in signal
s ;s ; processing and in the electronics that

make things work. This algorithm speeds
up the process 10%, that computer, at twice the
price, works 100% faster. Value for money?
Certainty—if it is useful and brings a unique level of
improvement over existing technology, we can even
call it progress.

In contrast, we hear very little about control
surface design. The layout of the control panel is not
generally regarded as greatly affecting the speed of
operation. If all the controls are within reach of the
operator, once you learn where they all are, they are
each just one action away. And so, the difference
between surface designs is largely aesthetic.

The controls that lie beyond the reach of the
operator are quite a different story, however. On a
traditional long console, they are at least one push
of your chair away. On a virtual, or fully assignable,
console they are physically removed, and only the
correct sequence of keystroke commands will bring
them into view and within reach.

This is a problem. Each long console employs out
of reach controls similarly while each virtual console
uses differing and sometimes complex keystroke
commands.

The technology behind any use of digital remote
control of audio is staggering and must be
acknowledged with the highest respect. The human-
digital interface that translates the operator’s intent
into the necessary operational language seems to be
becoming clumsier with each advance in signal
processing.

If we consider a variety of tasks that every sound
engineer must perform in the course of any complex
music recording or mix, and count the number of
actions, eye movements, time taken, and amount of
operating instructions that must be retrieved from
memory to complete these tasks, we can, in effect,
measure the console’s ergonomic resistance.

It is fair to assume that there is a limit to human
mental resources available to us through the
duration of mix. Subtracting the console demands
from a larger, fixed number will give us a picture of
the relative Creative Space each console type allows.
It is within this creative space that listening,
balancing, and fader moves oceur.

Fig. 1 shows the test results for Jong’ consoles.
This large surface requires many eye movements
though very few actions are needed as all controls
are dedicated and are only one or two actions away.
The simplicity of operation is reflected by the
minimal operational instructions leaving us with a
healthy degree of creative space (69.13%).

Assessment of identical tasks on a variety of
virtual systems appears in Fig. 2.

The breakdown of eye movements is surprisingly
similar in each case (22.73% and 18.94%
respectively) considering the significant increase in
keystroke activity. Creativity time is, however,
reduced to 57.77%. Given sufficient operational
familiarity, the time required for operations is also
virtually the same. This explains how at trade show

I HE

demonstrations the operations seem quick and
efficient although, we, as observers, cannot see the
mental gymnastics involved. The demo looks
impressive, so long as sufficient attention is devoted
to the command sequences.

Ideally we want a surface we can operate in our
sleep—while continually daydreaming, immersed in
the creation of an acoustic image.

When new technology demands more from the
user to accomplish the same task as older, cheaper
technology, we must question: ‘Is this progress?

The reasons for these additional actions and
keystrokes are quite understandable. An axiom of
console development states that if you reduce the
number of controls on a panel, thus necessitating

reassignment of those controls, you ultimately and
inevitably increase the number of actions on the
part of the operator to compensate. The logic behind
this statement is clearly obvious and has pervaded
console design work for over 50 years. Designers
accept this law and work within these bounds to
keep this additional activity to a minimum.

Ergonomic testing

After compiling a list of relevant tasks for testing
assignability, the local ‘expert operators’ of a variety
of current virtual consoles were located and asked—
in the comfort of their own studios—to perform each
test in ‘slow motion’. This enabled assessment of the
minimum number of eye movements, key strokes

~ and other operations necessary to complete each
task. The tests were then repeated in real time and
timed to ascertain the fastest speed of an

On the page opposite, and still only a blueprint, Michael Stavrou's VSC60

experienced operator.

Since it was specifically the surface demands
upon the user that were to be tested, this approach
measured surface demands and not electronics—
indeed, it confirmed that the weak link is an
€rgonomic one.

It should be noted that since the reaction time of
the operator was always slower than that of the
electronics, even a life-sized photograph of a test
surface would reveal identical results.
Consequently, a life-sized architectural drawing of
the VSC60 design was used to test its methodology.

When various consoles are compared in terms of
ergonomic efficiency, it is difficult to quantify or
measure significant differences once an active
control comes within reach. From this moment, the
operator’s familiarity with the control surface
results in one further action to manipulate the
control. For this reason, these tests are concerned
with the physical, mental and visual demands of the
operating surface in bringing ‘out of reach’ controls
within the reach of the operator.

The following are three exercises representing a
section of the tasks regularly performed in the
operation of a 60-channel desk used for sound
balancing.

Fig. 3 shows the comparative number of actions,
eye movements and time (in seconds) required to
re-configure ten audio channels into a particular
order ready for control while sitting at the centre of
the console.

Since long console operators are used to sitting off
centre, the may not need to configure a number of
channels in the test. Fig. 4 shows the same test
where the long console operator does not need to
reconfigure six of the ten channels. Fig. 5 shows
comparative numbers of eye movements required to
address Aux Send 1 of 10, 40 and 60 audio channels.
It should be noted that visual interrogation of a
control surface is a distraction from the creative
task and is a recognised source of fatigue.

A very small console

The experimental design presented here—the
VSC60—is for use as a tactile controller for
computer-assisted remote control of analogue or
digital signal processors located remotely. The
electronics beneath the surface is known technology
and beyond the scope of this discussion.

It was only after discarding every human-digital
interface known to man that something interesting
happened. We redesigned a tactile control surface
from scratch and replaced the mouse, trackball,
keyboard, and touch screen with a simple strip. To
perform the same tasks as the long and virtual
consoles we see a radical shift in allocations of
human resources.

The situation represented in Fig. 6 seems to go
against the axiom of surface design, yet these are
the resultsgiven by the VSC60 design. Eye
movements are reduced to some 0.39% of operating
time, and creative space is increased to 94.7%. P

20 Studio Sound, July 1993
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VIRTUAL

Michael Stavrou presents his designs and findings on possible
 directions in which console ergonomics may proceed. The

results may shock some supporters of virtual technology
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Calling all CD-R users!

Specially designed recordable CD blanks with the unique
labelling system from AUDIO DESIGN ...

A professional finish for users of CD-ROM,

CD-i and audio recording systems:
Pf':ft‘sslonal CDR labeyy;
* CD-R 63 or CD-R 74 to full e SYstem,

Orange and Red Book . — == L S 0y
standards = z ~ e
* Specially screened o e
blue protective areas. - e ~=ZI

M2e0

* Easy-to-fit pre-cut labels
in self adhesive A4 sheets.

* Laser print or type -Also
custom printing service.

P

quantities. e 1 oy el

Full information from:

iy Unit 3 Horseshoe Park, Pangbourne, RG8 7JW, UK.
AUDIO Ay DESIGN Tel: +44 (0) 734 844545; Fax: +44 (0) 734 842604

FULL RANGE OF LENGTHS
15 MINS TO 120 MINS

LONG LIFE EXPECTANCY:
SUITABLE FOR ACHIVING

HIGH Q.C. FOR RELIABILITY
SUPPLIED WITH APRS LABELLING
COMPETITIVE PRICING

EXCELLENT DISTRIBUTION THROUGHOUT U.K.

NEXT DAY DELIVERY TO MAJORITY OF CUSTOMERS

* THE RIGHT PRODUCT AT THE RIGHT PRICE *
N

MAGNETICS

W
e
A 4

Tel: 071 287 3563 Tel: 0789 268579
Free Fax: 0800 181347 Fax: 0789 414450
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Long Console Demands

] Creative Space
Time 10 Operate
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Fig.1: Long console demands
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Fig.2: Virtual console demands

At first glance the very small console appears as
a 10-channel desk. We understand the methodology
so far: channel strips from the bottom: fader, mute,
channel number, scribble script, pan pots, cue
& echo sends, and equaliser section on top.
Secondary controls are placed in a self-assigning
Ancillary Block: routing module, high and low-pass
filters, compressor-expander, and PHASE button.
Note the lack of multifunction controls. Even from
across the room, each knob does what it looks like it
should. Each knob is dedicated to a specific function
while the channel strips are reassignable.

The Main Selector Strip represents a long
60-channel desk to the operator. All inputs are
stretched out before the engineer providing a field of
view similar to that while looking down upon an
orchestra from a balcony.

Repositioning your chair before a long desk would
access approximately 220 new controls. Touching
the Selector Strip alters the entire face of this
10-channel desk (220 knobs) to appear as though
you have moved to that relative position. For
example; you are sitting in front of the drums; touch
the strip and you are before the violins. Some
multifunction designs require 400 keystrokes to
bring all these parameters to within reach, as
opposed to this single action.

A redundancy of assignment indicators stabilise
your orientation. As the new faders snap into
position, channel numbers appear within the mute
buttons, your own handwriting materialises along
the fader scribble script, and slashes along the
selector strip confirm assignment.

Perhaps the most popular method of assignment
will be the Priority Wipe mode. Instead of your
finger representing your chair position, the order
with which you touch or wipe the strip is the order
which the channels line up. You might wipe across
six drum tracks, touch the bongos, timpani, and
vocal to achieve an‘ergonomic spread (a customised
selection of channel strips arranged to provide
interesting, convenient, and creative combinations

Memo
Creane Spus

SRR T 1]

Fig.6: VSC60 demands

of instruments or a .

combination of faders ( B vsC 60

that fit the hands B lLong Desk
enabling quick or %0 1 O Virtual Desk
complex moves to

occur that would 40 |

otherwise not be
possible) of nine
channels with only
four actions. The
equivalent
performance on many
other virtual consoles
would take up to 28
actions.

Actions

i

Eye Movements

Seconds

A sense of overview
appears to be sadly
lacking in many of

Fig.3: The comparative number of actions to reconfigure ten
audio channels while sitting at the centre of the console

today’s virtual
systems. Here we can
see at a glance, via
overview indicators
above the strip, the
presence of a signal,
its overload status | |
and so on.

The curved nature
of this tactile strip
adds further to the
engineer’s orientation
in the same way that
you can easily (even |
blindly) locate the two
o’clock position on the

O W vscoo

50 -

Actions

HLong Desk
[ Virtual Desk

=

Eye Movements

b

Seconds

steering wheel of your
car.
These

improvements in

Fig.4: The same test when the long console operator sits in front
of the left monitor to avoid patching six of the channels. Here

the long console operator patches only three channels while the
VSC and Virtual designs reconfigure all ten

recording console
efficiency are solely
the result of surface
design and not that of
advanced electronics
or software. This new
approach inspires a
host of features that
you, no doubt, are
contemplating
already.

Today, studios that
possess the current T
crop of assignable
virtual consoles rely
on the in-house
engineer to operate
them, as they often 0!
require months of

00 m vsc 6o

80 r

10 Channels

B Long Desk
1 Virtual Desk

.
40 Channels

60 Channels

practice to master.
But control surfaces
for musical

Fig.5: The absolute minimum number of eye movements
required by each surface design to focus clearly onto the retina,
an increasing number of parameter controls

applications should
appeal to the musically minded. Is modern
technology enhancing our creative abilities or
alienating right-brain-dominant artists in favour of
left-brain-dominant technicians? We could be at a
turning point in ergonomic design that will
influence the very nature of the music that we
produce. While the listener is often oblivious to the
methods by which the music is created, he or she
remains sensitive to its energy and feel.

The union of man and machine depends on the
two components ‘understanding’ each other. The
adoption of a curved, touch-sensitive tactile selector
strip may prove to be the missing link between
engineer and software that restores a more
traditional relationship between the conception and
creation of music. @
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HE WORLD'S LEADING PROFESSIONAL AUDio
WORKSTATION Now Has Major New
FEATURES, DRAMATICALLY IMPROVED

PERFOIMANCE{ AND LOWER S¥STEM PRICES,

INCE 1991, THOUSANDS OF AUDIO PROFESSIONALS HAVE COME TO

depend upon the power and flexibility of Digidesign’s

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

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

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

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

More Than Speed and Efficiency. The benefits of Pro
Tools 2.0 go far beyond the obvious. For instance, we improved
Pro Tools' already acclaimed audio quality: Our new digital EQs
are as effective and musical as they are clean, We've added a host
of intuitive automation, autolocation and transport features.

Pro Tools now has a no-wait waveform overview mode. There's
complete time-stamping. Enhanced grouping. Better scrubbing.
More session management options. Bigger, brighter, faster, and
Thanks to our niew Apogee-clock-equipped SMPTE
Slave Driver” Pro Tools 2.0 delivers ultra-high-fidelity,

o ultra-low-jitter, ultra-easy digital synchronization in
| Playback and record, complete with varispeed,

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

You MicHT CALL THAT IMPRESSIVE,

you'll notice s that 2.0 combines full-featured recording, mixing,
signal processing, automation, along with advanced waveform
and event editing — all in one, easy-to-use, integrated program.
There is simply no other interface as fast, as powerful, as

flexible, and as complete.

Are you a Pro Tools owner who has been holding

your breath as you read this ad?

All registered owners will be offered a 2.0

Upgrade Kit, including software, new

manyals, and an instructional video,
THIS WAY UP X A1t for o most nominal fee* o breathe easily.

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

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

Lowe: system pries now appy to 8 channel, 12-¢hannel, and 16-channel Bro Tools systems. Four-channel Expansion Kis now o0 cost s, See your Authorized Dngicessg Pro Taols Dealer for detars, While il Pro Tools sysesns inchude bullt-in “trigger sync” ot playback,
the optonal Dhpdesign SMPTE Slave Drver delivers the highest-ideity record and playback syn fcall s for the detaits). CINR wses Digidesign’s optional Sound Designes 1™ software, whch runs with any Bro Toolssystem, *A US$49 Upgrade Kt cost applles to
vesidents of the U3 and Canada, and includes upping. internationaly, the cost i ust C5865, inchuding expressshipping. = Tools s must b reglstered dirctly with Digidestgn to be elgible to rcenve the Upgrade Kit, © 1993 Drgidesign. All nghts reserved,
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backed up by the best customer support in the entire industry. It's
1o coincidence that all of this describes Pro Tools 2.0, perfectly.
A Vision To Share. We believe that a truly professional
digital audio workstation should have a truly open architecture.
By “open,” we mean that you should be allowed to add
software-based power when you need it. (DINR; our amazing
Digidesign Intelligent

| Forthree years
running,

Why is this important for
you to know? Because you can count

Digidesign
has been
moving up the
prestigious Inc. 500 fist. For every
year since our founding in 1984, we've
been profitable.

Over the past four years, we've sold
more digital recording & editing systems

on us to be
with you down the road, with
on-going development and support

than all of our competitors combined. ~ for your investment.
TDM Digital Audio Bus®
& e ton Dplions Setups Display Aegion List o = —a 256-Chaﬂﬂ€1, 24-bit

Noise Reduction™ I
system, is the first of many =l |
forthcoming Digidesign

software “plug-ins.”)

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

Pto Taols 2.0

Clom; 2

o0 0o 20 10

Eackorowd o2
oo o 3315
1 4n 01

system which will allow
you to drop in DSP and
other cards from Lexicon,

£ A1
Drams Pight (o
Funk R ff

iwe P10 ToONIS 2.0 .

Apogee, and other leading
manufacturers. No muss,
no fuss. You can even
automate and route your
existing analog and digital

gear within this new,

all-digital environment.

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

should allow you to
integrate hardware and
software from a variety
of manufacturers, and
not just us. Which is
why, in 1993, we'll

Of course, all past
and present Pro Tools
systems will be easily
and affordably upgradable,
to be totally compatible
with the Digidesign TDM Digital Audio Bus.

Now that's what we mean by open.

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

With our TDM Digital Audio Bu

$, Pro Tools

offers your studio an open door to the future.

For more information about
Pro Tools, or about upgrading
ta Pro Tools 2.0, you can
reach us at one of the dealers
listed below:

Apple Center Glosgow,
Scotlond Tel: 041 226 3250

be releasing the rather
remarkable Digidesign

The Synthesizer Compony-
London
Tel: 071 258 3454

Sound Control-Glosgow
Tel: 041 204 2774

Syco Systems Ltd-Londan
Tel: 071-625 6070

So while we call it Pro Tools
you need. And if so, perhaps yo

Systems Workshop-
Shropshire

Tel: 0691-658550
Turnkey-London

Tel: 071 379 5148
In Australio contact:
IS&MT

Tek: 3-416 9688

In New Zealand contoct:
Protel

Tel: 4-385 4874

CA e

SaN F
Chica

www americanradiohistorv com

2.0, you might call it exactly what
ur next call should be to us.

digidesign

® 1360 WILLOW ROAD  MENLO PARK

USA » 94025 ¢ 415.688.0600
* 48 RUE DES TOURNELLES

75003 PARIS  FRANCE © +33.1.40 27 0967

RANCISCO ® LoS ANGELES » New YORK
60  NASHVILLE » PARIS o LONDON
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Looking for a disk recorder

® fustralia - 02 212 6111

® France - 01 3978 5161

® Germany - 30 8 525002
® Hong Kong - 813 7408

@ italy - 02 598 4271

@ Japan - 03 5450 8531

@ Korea - 02 976 4080

@ Netherlands - 035 233 448
® United Kingdom - 071 708 0483
® Spain - 04 476 0290

@ USA - 213 460 4884

with a FUTURE?

It isn't surprising that the oldest name in digital audio workstations has today’s
best solutions for audio-post.

But it probably will surprise you to learn that if you had bought the first Fairlight
workstation 15 years ago, by now you could have upgraded affordably through
seven product models and 30 software updates all the way to today’s MFX2
workstation.

Fairlight does things differently from other manufacturers. That's because we
design from the perspective of the user, not the
most commonly available technology. For
example, you won't find a ‘personal computer’
in MFX2 because professional digital audio has
different needs from word processors and
spreadsheets.

Our ground-up design for sound indudes a multi-
processor computer configuration, a real-time
multi-tasking operating system, scrolling
graphics (so you can see all 24 tracks of
waveforms moving all the time), and a very
fast hard disk interface that allows you to get
all 24 tracks from a single hard disk or 8 tracks
from optical. That’s what MFX2 is all about, and
that’s why using it is a very different experience
from all the rest.

Most important of all, we designed our own editing console. That's because when
you're spending 2,500 hours behind a workstation next year, it’s your staying
power that's important. Forget about staring at a cursor at the end of a mouse all
day. MFX2’s console lets you edit with eyes dosed if it makes you more
comfortable. Compared to a mouse, you'll find it relaxing, very fast and essential.

Our users were the first to have "sampling" and waveform editing, and have
enjoyed an upgrade path that took them through SMPTE sequencing, and four
models of disk recorder, through to the world's fastest audio editor. This year
they'll be adding 24 tracks of simultaneous recording, EQ and digital video
playback.

MFX2 is the one you need to look at when you’ve checked out the rest.
You'll be surprised...but you shouldn’t be!

CALL FAIRLIGHT EUROPE: +44 763 849090

d,f_-f .g:J“f"‘- j;: L :r’ : "',’ ,
V d—
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DAWN II makes screen work more durable

awn I is a multitrack digital audio

workstation aimed primarily at film

and video postproduction and

broadcast. Its applications include,
tracklaying, ADR, dubbing, on-line video editing,
and drama production.

This second-generation system was launched
last September, since when 70 systems have been
sold putting the total number of Dawn sales at
around 200 worldwide. Apart from ongoing
software revisions, the major changes made to
Dawn II have been hardware-based
—time code synchronisation has been integrated
within it, the system is now fully configured for
digital I-O, and a more modular approach has
been incorporated using accessible pull-out cards.

Aimed at film and
video postpro,
Dawn II now offers
integrated sync,
digital I-O and
48-channel
operation. Patrick
Stapley reports

The hardware components of the system consist
of a 3U-high rackmounting audio processor (up to
six of these units can be linked together to provide
a total of 48 channels all with individual I-Os), a
Dawn II storage rack operating with hard disks on
pull-out trays and-or optical discs (up to six racks

can be connected giving a maximum of
36 track-hours per eight channels), and a
Macintosh running System 7 or higher (a 610 or
650 Centris is recommended). User interface is via
keyboard, mouse, trackerball or pen-and-tablet; or
optionally a comprehensive dedicated hardware
controller, the SP-1, can be connected.

Each audio processor provides eight analogue
[-Os on balanced XLRs, and eight digital I-Os
selectable between AES-EBU or SPDIF. A-D and
D-A conversion is Delta Sigma 64 times
oversampling. Up to four external machines can
be independently controlled from Dawn II via
Sony 9-pin and VPR3 Motionworker protocols, and
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AWN I

the system itself can be controlled by external
devices via the Sony 9-pin interface. VT emulation
and a sophisticated autoconform package are also
included with the system.

Mixview
and editing

The main interface display in Dawn i is the
Mixview window. The display has been designed
to emulate a film dubbing chart with audie Cues
marked out and scrolling vertically rather than
horizontally as with the majority of other systems.
The maximum number of tracks that can be
displayed at one time will vary depending on the
size of the monitor—a 20-inch screen, for example,
will show 20—additional tracks are viewed by
scrolling the display.

At the left-hand side of Mixview is the time P>
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code scale column which marks out regular
intervals of time code and can be rescaled by the
operator to expand or zoom-in on the tracks.
Nameable mark points may be placed down the
column to provide useful location points for editing
and positioning of audio Cues. At the top of the
Mixview window are a number of regularly used
function buttons for CROSSFADE, NUDGE, CUE MUTE,
and so on; below these are groups of individual
track status buttons—SOLO, MUTE, INPUT MONITOR
(toggles between the selected input and disc), and
RECORD ENABLE.

Cues are graphically represented in two ways,
either as block or waveform displays. Both types
can be mixed between tracks and individual Cues
can be assigned different colours—thus dialogue,
music, effects, and atmosphere may be separately
colour coded and subcoded. Additionally, tracks
and Cues can be named, and Cues can have a
comment attached to them.

Each track displayed on Mixview has its own
analogue and digital inputs and output on the
corresponding processor rack. Audio can be
monitored and recorded directly to tracks, plus
dropped-in and out either manually or
automatically, or it can be recorded to the system’s
Trim Bin for editing and storage for later transfer
to a destination track. Stereo audio is positioned
on two tracks but is treated as a single Cue—this
relationship can, however, be broken allowing
each track to be manipulated separately.

The majority of editing functions are accessible
directly from Mixview, although a separate Edit
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window is also included and certain functions can
be implemented textually from the EDL.
Functions such as time slipping a Cue or group of
Cues in Mixview is a straightforward select and
drag operation. Similarly, moving or copying a
Cue to a different track involves a horizontal
drag—as a safety precaution it is impossible to
slip Cue sync while moving track. Additionally,
Cues may be time slipped on-line by quarter or
whole frame increments (mimicking the sprocket
time for 16mm and 35mm respectively) by using
+0r - NUDGE buttons. This facility allows sync to
be accurately matched while still locked to picture,
providing a much faster method than the more
traditional offset techniques. A Nudge Within
function is also available that slips the audio
while keeping Cue edit points anchored.

The system uses a Time Line that runs
horizontally across the tracks acting as a
‘playback head’ with the audio scrolling past it.
This also provides an alternative method for
positioning Cues rather than dragging, nudging or
retiming them; by using the Capture command
the start of the selected Cue (either from Mixview
or the Cue list) will move to the line. Alternatively
the end of a Cue, or a Sync Mark (two available
per Cue) can be positioned at the line. This Snap
facility enables Cues to be quickly and accurately
positioned in relation to video events.

In a similar way the Time Line can be located
to the beginning and end of existing Cues to help
position new Cues on other tracks. For example, a
series of dialogue Cues may require a particular

www americanradiohistorv com

background ambience such as traffic noise, this
can be edited to exactly follow the dialogue cuts by
locating the relevant start and end points and
cutting the new tracks in and out as necessary.

Another useful function is Strip Silence, which
recognises silent passages in a recording and
automatically divides the audio up into individual
Cues, rather than having to manually separate
each section.

The system has not been designed to mix, it
should be viewed more as a mag or multitrack
replacement. However, individual Cues can be
level adjusted using a pop-up fader window, and a
future enhancement will allow dynamic fader
movement. This facility has been met with a
mixed response—one has to remember that a lot of
Dawn II systems are used for tracklaying and that
traditionally any dynamic level adjustments are
left strictly to the dubbing mixer.

The Edit window provides a horizontal
waveform display for the selected piece of audio,
and can be zoomed in-out both in terms of time
and amplitude to the required resolution (from
sample level to the duration of the selected audio).
A Time Line is also used in the display and
corresponds directly to the Mixview play line-
thus audio positioned on a track can be viewed
scrolling vertically in Mixview as a block and
horizontally in the Edit window as a waveform.

Cues are also shown in a text format in the
Sound List window. This EDL gives details on
source, name, time code, track position, and MIDI
information. Each Cue can be assigned a MIDI »
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YAMAHA OMC1000 Digital Mixing Console
£21995*

AT THIS PRICE, IT’'S REMARKABLE

For around £30,000 excluding VAT, HHB can now supply a
16 channel digital recording system of quite exceptional
quality. Yamaha's revolutionary DMC1000 is fast hecoming
the industry standard all digital console — not surprising
when one considers its uncompromising specification. And
in our opinion, a full complement of

professional features makes Tascam's DA88

the 8 track digital recorder of choice.

If you're considering the installation of either or both of
these revolutionary products, the dealer of choice is HHB.
We're Europe’s biggest supplier of digital audlio equipment,
the UK’s exclusive supplier of the DMC1000 console and a
leading authorised Tascam dealer.
So for further details and a demonstration of
the Yamaha DMC1000 digital console and

Tascam DA8S digital ecorder, call HHB today.

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

* Manufacturer's suggesied selling price excluding VAT
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note allowing it to be triggered from a MIDI
keyboard as well as velocity controlled—this
facility is popular in America where it is used for
applications such as manually triggering Cues
during live game shows.

Text edits can be performed directly from the
Sound List window—these include altering time
code start-points and changing destination tracks.
Cues may also be selected from here, rather than
from Mixview, for edit commands such as Splice
(butt-editing two Cues together). A temporary
‘clip-board’ is available which allows Cues to be
cut or copied from the list and looped and-or
inserted into existing audio (either replacing a
designated section, or lengthening a Cue at the
specified point), and Merging (overlaying one
sound on top of another) which will permanently
modify the selected sound file. Using the Edit
window, parts of Cues (‘Bites’) may be pasted to
other tracks or copied back to the original track to
create a number of repeat sections.

Extension can be added to any edit up to the
full length of the original recording allowing
facilities such as extended fades. The procedure
for adding a fade-in pre the start of a Cue, for
example, is to position the Time Line at the
desired point before the start and issue a Fade In
command—as with all fades, the ramp will be
indicated in the display by a line following the
time and shape of the chosen fade.

Crossfades are created between two Cues by
placing them on separate tracks and adding
appropriate fade-out, fade-in times and curves.
The resultant crossfade can then, if required, be
transferred to a single track, which takes a few
seconds to compute. If adjustment is needed at a
later stage, the crossfade will have to be split back
into separate tracks.

Multiple Cues can also be combined using the
Assemble facility. This can be useful where a
selection of Cues have been used to build-up an
effect over a number of tracks, and the operator
wants to free-up space or simply create one
easy-to-manage sound file. The composite will
appear as a new Cue placed on the same track as
the selected Cue with the earliest time value.

Dawn tools

The Tools window displays the current time code
(can also display feet and frames), the TRANSPORT
button, and AUTOLOCATE SET and 6o T0 buttons
{three autolocate points are available including
one reserved for the start of the mix). Jog-Shuttle
modes are also accessed from here—rock and roll
editing tends to be less smooth than some other
systems and occasional artifacts are audible at low
speed playback.

Other function buttons in the window include
Master-Slave mode selector, House Sync selector,
Local-Remote control mode selector, Preview
(record audition) Mode selector, sample rate
selector (32kHz, 44.1kHz, 48kHz), Record Duration
Set button, and Edit window selector.

Files

Audio in Dawn II is filed using the standard Mac
folder structure. The Transfer window lists the
contents of the active volume (hard disk, M-O disc,
and so on) in alphabetical order and by clicking on
selected items, contents of folders can be viewed
and files accessed, The display also shows the
sampling rate, length and mono-stereo status for
each file. A utility such as ‘Boomerang’ maybe
added to help search for files.

Audio is further divided into two groups
—Sounds and Edits. Sounds are pieces of ‘raw’
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audio—this could be the complete slate from a film
job, for example. Edits are specific Cues that have
been lifted off the Mixview Window and placed in
the Transfer Window—these could be a number of
alternative takes that need to be saved for
possible reinstatement later in the session. The
Edit List and the Trim Bin (mentioned earlier)
differ in that the Trim Bin can contain Cues from
different jobs while the Edit List is specific to the
current mix. Selected files can be transferred to
the Mixview window by either offsetting them to
the Time Line or positioning them relative to their
original source time code.

Mix files containing all audio, edit and events
data may be backed up to optional Exabyte or
Data DAT archiving systems at four times real
time. The system does not offer background
loading or downloading.

Autoconforming
and ADR

As mentioned Dawn II will import Sony and CMX
EDLs and conform the original source audio
accordingly either directly from external machines
or from reels already recorded to disk. Once an
EDL exists within the system it can be text edited
before autoconforming, for example Cue start
times and destination tracks can be changed.
Depending on how the operator prefers to work,
EDLSs may be sorted by event, reel, or running
time. To keep a record of sources, each Cue is
identified by an event and reel number. Events
can be auditioned before autoconforming, and
partially conformed lists can be saved allowing the
list to be completed at a later date. Audio handles
may be specified by the user during the
autoconform process and will typically be three
seconds long.

ADR lists can also be imported or constructed
providing loop recording. Each take can be stored
sequentially in the Edit List or discarded as the
operator wishes, and unlike some systems, takes
can be aborted half way through rather than
having to wait for the loop to finish. The system
also generates ADR ‘bleeps’ to cue in the artist.

ADR can, of course, be executed in a more
manual sense, with the operator dropping-in and
out at the required spots.

New features

At the time of writing some new features were
about to be, or had just been, implemented. These
include sample rate conversion, pitch shifting,
time compansion, dynamic level control, and
nonlinear video. The nonlinear video option allows
sound and picture to be randomly accessed
simultaneously, providing instant locate and
playback plus full jog and shuttle facilities for
both components. The user can set compression
ratios to either 25:1 or 50:1; with a 50:1 setting,
storage will be approximately three minutes of
picture per 100Mb.

It has also been announced that Doremi are
participating in Avid Technology’s Open Media
Framework (OMF), that will allow Dawn II to
directly import Avid files. H

Doremi Labs Inc, 4927 N. Glen Arden
Avenue, Covina, CA 91724.

Tel: +1 818 966 2454.

Fax: +1 818 966 6554.

UK: Tyrell Corporartion, 20 Great Chapel Street,
London W1V 3AQ. Tel: 071 287 1515.

Fax: 071 287 1464.
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DISTRIBUTORS

AUSTRALIA Syncrotech Systems Design Pty Limited, 9C Gibbes Stre
Chatswood NSW 2067. Telephone: (010) (61) 2 417 5088.
Fax: (010) (61) 2 417 8360.

AUSTRIA siemens AG Osterreich, Audio & Video Systems, Goellnergas
15, Vienna 1031. Telephone: (010) (431) 717 It 6376,
Fax: (010) (431) 717 11 6510.

BELGIUM HES Electronics, (Neve only), Viiegwezenlaan 10, B-1731 Zell
Telephone: (010) 322 466 8180. Fax: (010) 322 466 9157,

BRAZIL Libor Assessoria E Rep. Ltda, Rua Sen, Paulo Egidio, 72-s/%
CEP 01006 Sao Paulo. Telephone: (010) (55) 11 34 8339.
Fax: (010) (S5) I1 34 5057.

CANADA Rupert Neve incorporated, 260 The Esplanade, Toront
Ontario MSA 1)2. Telephone: (010 1) 416 365 3363. Fax: (010 1) 416 365 1044,

DENMARK SoundWare A/S, Holmstrupgardsvej 246, DK-8210 Aarhus
Telephone: (010) (45) 86 24 77 99. Fax: (010) (45) 86 24 78 99.

EASTERN EUROPE si AG Osterreich, Audio & Video Systemr
Goellnergasse 15, Vienna 1031. Telephone: (010) 431 717 11 6376.
Fax: (010) 431 717 11 6510.

EIRE Universal Sound and Picture, 6 Rosemount Terrace, Arbour Hi
Dublin 7. Telephone: (010) 353 | 777021. Fax: (010) 353 | 777024.

FINLAND MS Audiotron KY, Laitilantie 10, 00420 Helsinki, SA §
Telephone: (010) (358) 0 566 4644. Fax: (010) (358) 0 566 6582.

FRANCE D.S.P. (Distribution de Systémes Professionnels), 12 Avenue ¢
Maine, F75015, Paris. Telephone: (010) (33) 1 4544 13 16.

Fax: (010) (33) 1 4544 36 34.

Systems Audiofrequence Videonique (SAV), (Neve only), 31 Rue Boure
75019 Paris. Telephone: (010) (33) | 4240 $522. Fax: (0i0) (33) | 4240 4780.

GERMANY Siemens Audiostudiotechnik {SAST), iIndustriestrasse 3
POB 3920, D-6500 Mainz I. Telephone: (010) 49 6131 622 260.
Fax: (010) 49 6131 622 i02.

GREECE Bon Studio S.A., 6 Zaimi Street, Exarchia 106 83, Athen
Telephone: (010) 30 | 363 3572. Fax: (010) 30 | 344 5755,

HOLLAND Audioscript BV, (Neve only), Nijversheidsweg 13, 3726 E
Soest. Telephone: (010) 31 2155 20400. Fax: (010) 31 2155 22806.

Siemens Nederland NV, Wilhelmina van Pruisenweg 26, Postbus | 60 6{
NL-2500 BB Den Haag. Telephone: (010) 31 70 333 22 26.

Fax: (010) 31 70 333 29 17.

HONG KON’ Audio Consultants Co Limited, Flat E & F, 2I/FL, 8 Lul-
Hop Industrial Building, 8 Luk Hop Street, San Po Kongowloon.
Telephone: (010) (852) 351 3628. Fax: (010) (852) 351 3329.

INDIA Consortium Films, AudioFile Theatre, 4 Palihill, Bhalla’s Bungalow
Bandra, Bombay 400-050. Telephone: (010) (91) 22 620 2505.

Fax: (010) (91) 22 620 5113,

Praman (India), (Neve only), L-25, South Extension Part 2, New Delhi
110049. Telephone: (010) (91) |1 646 8472. Fax: (010) (91) H 644 4969.

ISRAEL More Audio Professional, Stage Systems Ltd., 158 Petach-Tikvi
Road, Tel Aviv 64921. Telephone: (010) (972) 3 69 255983.
Fax: (010) (972) 3 69 265007,

ITALY TDS (Techniche Del Suono), Via Dei Cignoli 9, 20151 Milano
Telephone: (010) (392) 3340 0350. Fax: (010) (392) 3800 0465.

JAPAN Continental Far East inc., Sasaki Building, 18-9 Roppongi 3-Chome:
Minato-ku, Tokyo 106. Telephone: (010) (81) 33 583 8451.

Fax: (010) (81) 33 589 0272.

General Traders Limited, (Neve only), No 2 Nissei Building, 5-2 Kanda
Mitoshiro-cho, Chiyoda Ku, Tokyo 101. Telephone: (010) 81 3 3293 2274.

Fax: (010) 81 3 3293 5391.

KOREA Seoul Sound Technology Group, Seobu PO Box 34, Seoul.
Telephone: (010) 822 584 4313. Fax: (010) 822 588 5655.

PORTUGAL Siemens SA, Estrada Nacional 117, ac km 1.6, Apartado 300,
P-2700. Telephone: (810) 3511 417 00I!. Fax: (010) 3511 416 2870.

SINGAPORE Team 108 Tech Services Pte Limited, 55 Genting Lane,
1334. Telephone: (010) (65) 748 9333. Fax: (010) (65) 747 7273.

SOUTH AFRICA Tru-Fi Electronics SA Pty Limited, PO Box 84444,
Greenside 2034, Trufi SA. Telephone: (010) (27) Il 462 4256.
Fax: (010) (27) 11 462 3303.

SPAIN Kash Productions SA, Agastia 20, 28027 Madrid.

Telephone: 34 (9) | 367 5522. Fax: 34 (9) 1 367 5029.

Siemens SA, (Neve only), Div. Telecommunication, Pza. Carlos Trias Bertran,
S/N, 28020 Madrid. Telephone: (010) 34 | 555 0002. Fax: (010) 341556 9599.

SWITZERLAND si Albis AG, Vertriebe VKA {2, Freilagrestrasse
28-40, CH-8047 Zurich. Telephone: (010) 41 14 95 44 0.
Fax: (010) 41 14 95 53 90.

TAIWAN Linfair Engineering & Trading Limited, 7th Floor, 7 Jen Al Road.
Sec. 2, Taipei. Telephone: (010) (886) 2 321 4454. Fax: (010) (886) 2 393 2914.

UK AMS Neve Pic., Billington Road, Burniey, Lancs. BBIi 5ES.
Telephone: (010) (0282) 457011. Fax: (010) (0282) 39542.

AMS Neve Plc., 4 The Courtyard, 44 Gloucester Avenue, London NWI 8)D.
Telephone: (010) (071) 916 2828. Fax: (010) (071) 916 2827.

USA Siemens Audio Inc, 7 Parklawn Drive, Bethel,
Telephone: (010 1) (203) 744 6230. Fax: (010 i) (203) 792 7863.
Siemens Audio inc., 2Il East Ohio Street, Suite 1116, Chicago, IL 60611,
Telephone: (010 [) (312) 645 9888. Fax: (010 1) (312) 645 9532.

Siemens Audio Inc.,, 6357 West Sunset Bivd., Suite 402, Hollywood, CA
90028-7317. Telephone: (010 1) (213) 461 6383. Fax: (010 1) (213) 461 1620.
Siemens Audio Inc., 1102 17th Avenue South, Suite 301, Nashville, TN 372i2.
Telephone: (010 1) (615) 329 9584. Fax: (010 1) (615) 329 1473.

Siemens Audio Inc., 235 West 48th Street, Suite 32, New York, NY 10034.
Telephone: (010 1) (212) 956 6464. Fax: (010 1) (212) 262 0848.
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FROM THOSE
WONDERFUL PEOPLE
WHO BROUGHT YOU

ANALOGUE... DIGITAL.

People who choose Neve con-
soles have the soundest reason of all.

EQ.

The classical sound signature
which has underscored success for
so many.

Capricorn enhances that sound
by incorporating Neve design experi-
ence with the power of digital signal
processing.

The 32 bit digital processing
pushes the boundaries of conven-
tional EQ, filters and dynamics to a
new level; beyond the realm of tradi-
tional consoles.

Capricorn  ergonomics  and
dynamic automation are a consid-
ered evolution from the V series and
Flying Faders. To the many operators
familiar with the quality and relia-
bility of Neve consoles, Capricorn will
be a natural graduation.

As a result of the processing
power, Capricorn is fully assignable
and configurable to the needs of the
people that use it.

Instant reset across all para-
meters, total deskwide dynamic
automation and total digital signal
path give Capricorn new levels of
operational and acoustic perfor-
mance; ideal for large multi-track
applications.

Capricorn.

EQ with considerably more I1Q.

Ot

A SIEMENS COMPANY

ABBEY ROAD STUDIOS

For more information contact
your nearest distributor (see list opposite).

THE PENTHOUSE SUITE
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ideo editing, by its very nature, can be

an extremely complex task. Today's

state-of-the-art edit suites might be

equipped with as many as half a dozen
analogue and-or digital VTRs, routing via a
sophisticated video switcher to several mastering
VTRs. Having developed a series of
time-code-based In-Out edit points on the various
source reels—the Edit Decision List produced
during off-line editing—for the on-line session
these same reels will be laced up in the companion
machine room, and then commanded to their
respective SMPTE H:M:S:F locations under serial
control from the editing controller. As each video
edit is performed, the sources will either be hard
cut, dissolved or otherwise combined to produced
the master videotape. At the same time,
sophisticated video special effects might be added,
along with captions and titles.

But what is happening to the audio as the video
edits are being made? For larger productions, the
master reel will simply receive a rough audio mix
from the source reels. If other audio elements need
to be added—a music track, for example, or maybe
extra sound effects, dialogue and Foley elements
—after on-line editing the project will move into
the postproduction suite. Here, the various
soundtrack elements will be assembled to a
time-code-striped multitrack, and then mixed
against the edited picture as various mono, stereo
and surround sound balances are produced.

But for most edit sessions—particularly for
news and current-affairs programming where
there is often no time to move the project through
a post room—the various audio elements will be
mixed and processed in real time as the video
edits are being made. Dialogue narration might be

T e

pulled from a separate VTR, while actuality,
effects and other soundtrack cues will be taken
from the appropriate video source reels.

Multiple analogue
and digital audio
sources

As editors extend their creative options, it will
come as no surprise that in recent years the
number of audio signals being handled in video
editing suites has increased dramatically. Quad
machines started with a single track, one-inch B
and C-format offered two, plus a time-code stripe.
All recent digital formats, including component
D1, composite D2, D3 and D5, feature four or more
audio tracks. An added complication is the mix of
analogue and-or digital I-Os available from these
newer format machines.

During a typical editing session in a 4-VTR
suite, there might be as many as 30 or 40
analogue-digital audio signals, including a tone
generator, CD player, DAT machine, and maybe a
small multitrack ATR. From these various
sources, the editor must be able to quickly find the
specific material to be added into the final video
product. As well as the large number of source
tracks to be handled, in many cases there will be
up to four tracks to record on the master D1-D2
VTR.

To handle the multiple analogue and digital
inputs from VTRs and other sources (including
time code DAT machines holding, for example,
music cues or sound effects), a new generation of
compact, digital-capable edit suite audio mixer is
required. Conventional audio consoles are often

Graham-Patten Systems’ D-Esam 800, digital edit suite mixer

32 Studio Sound, July 1993
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in a 4-VTR suite,
there might be as

many as 30 or 40
analogue-digital

audio signals

too large and cumbersome to be used in an video
edit suite. What is needed is a design based on a
small, assignable control panel, combined with
flexible input and output assignment, level control
and signal processing. Such a mixer allows all
functions to be integrated within the editing
process, and initiated from the editing controller.

And, unlike the architecture of a conventional
audio mixer, it is very useful if the edit-suite
mixer emulates the operating style of a video
switcher. Now audio sources can be assigned in a
Program-Preset fashion, as ‘From’ and ‘To’
sources. Levels can be trimmed in the
conventional way using faders, and transitions
performed by crossfading between buses—just like
a video switcher—allowing precise level matching
and repeatability. And, like video switchers, a
separate Preview bus performs preview and
monitoring functions, independent of the Program
mix.

During a typical on-line edit session, the
operator will assign video sources via the switcher
to Preset and Program buses, and then perform a
transition or dissolve at the edit point. A separate
Preview Matrix allows various video sources to be
fed to a dedicated video monitor to check, for
example, the progress of a parallel reel that is
being run in time code sync with the main feed.
(While editing the product of a multiple-machine
shoot, it is often useful to have all reels running
concurrently, and then punch between them as
the edit progresses to add, let us say, close-ups
and medium shots.) The preview monitor displays
the output from selected source VTRs.

Input-output
assignability

A new approach is required for both the mixing
hardware and the user control panel. The
hardware must handle a large number of analogue
and digital inputs; the control panel must combine
flexibility in a compact size. Recent developments
in A-D converters make it practical to digitise
each analogue audio source within the edit suite
prior to mixing. Concurrent advances in DSP
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The D2 mixing suite at Edit 1, in New York’s HBO Studios

SUITE

technology now allow real-time EQ and mixing.

Audio mixers designed especially for video
postproduction can benefit from a compact
operator interface that mimics a video switcher,
with Program-Preset functions plus a dedicated
Preview and Monitoring section. To provide full
individual control for each input, yet still reduce
panel size, implies the use of assignment. But how
should the unit be designed so that the mixer is
fast and intuitive to use? Fortunately, one of the
real benefits of using DSP is that the audio
processing itself can be implemented totally in
software. We now have the flexibility to
manipulate our audio architecture in ways that
would be quite impractical in a fully

hardware-based implementation.

Common, assignable controls will reduce the
amount of panel size. To make this work for,
instead of against, the editor, each input-output
bus assignment must relate precisely to the
elements being used to create the edit. To better
understand what is going on, let us consider the
basic process of video editing.

A reel of tape is loaded onto a VIR, and the
machine assigned an edit controller name:

‘A-VTR’. The Video Editor wants to dissolve from
video already on the record VIR to a segment on

the new reel. The original source, from the

‘C-VTR’, is reconstructed exactly on the switcher

Program bus for the match-frame cut. The new

video segment, from the A-VTR, is set up on
Preset ready for the dissolve. After the time code
In and Out points are marked, the edit is made.
(This is, of course, a gross simplification of the
process, but it serves to illustrate the elements
involved.)

First, notice that the ‘From’ configuration (on
Program) and the ‘To’ configuration (on Preset)
are handled at separate times. Using the same
controls for both, through assignment, is therefore
a logical initial step. For video systems the
savings would be minimal. But, with dozens of
audio sources and four or more buses, literally
hundreds of audio I-O bus selection buttons are
eliminated. »

Current generation video postproduc
accommodate a wide variety of analo
routing to multichannel destinations.
at the audio mixers desi

tion suites have to
gue and digital sources,

Michael D. Patten looks
oned for use in such an environment
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2-Channel

| 4-Channel 4-Channel Multi-T rack
Analog Analog Digital Digital
’ 1 Py . . = -
L1 EDIT SYSTEM Digital Inputs —= E?gui:a(l:gﬁgal
] CHassis ‘ Digital
i Signal
| Processing o Four-Channel
AID DIAS | .
Analog Inpu:s _)D]—* t}—* Analog Output

[ s

Video Edit Controlier

ST IV

Block schematic of audio requirements for a ‘typical’ video postproduction suite,

Preview ol
L GPI Switcher D/ASJ
RS-422
CONTROLLER CHASSIS Four-Channel

Parametric EQ
Meter Panel

Edit Suite Mixer
Control Panel

Monitoring

incorporating analogue and digital signals

Second, once an edit controller name
—A-VTR,‘C-VTR’, and so on—has heen assigned
to a physical VTR, that machine is accessed only
by its Togical name’. If the tracks required in an
ed’t could be assigned to a limited number of fader
channels using the same logical name, there
would be no disruption to the editor’s train of
thought. Assignment can be performed via
familiar assignment process in the audio mixer,
rather than in the edit controller: now the audio
mixer can associate a logical track with its correct
physical track.

Our goal of assignment has been realised. By
sharing the same selection buttons between
Program and Preset, we can reduce by 50% the
mumber of bus rows required. And the large
number of input tracks from physical machines
are assigned to a much smaller number of fader
channels. In both cases, assignment blends
seamlessly with the normal video editing process.

34 Studio Sound, July 1993

Virtual machines

While editing audio with video, tracks are quite
frequently handled in groups that do not always
have a 1:1 correspondence with physical VTRs or
ATRs. Instead, they might involve only some of
the tracks from a particular machine, or include
tracks from more than one physical machine.
(Consider the case, for instance, of a quarter-inch,
centre-time-code ATR slaved to a VTR.)

A mechanism that allows these groups of tracks
to be handled as a single entity would be very
useful. Let us refer to such’a device as a ‘virtual
machine’, by which we mean any collection of
input tracks being routed to the mixer; once
defined, it can take the place of a physical
machine in all operations.

What might seem to be introducing an
additional level of confusion for the video editor

turns out to be a real benefit. Assignment of a
logical machine to a virtual machine in the audio
console replaces the logical-to-physical assignment
which, as we have already seen, has always been
performed at the edit controller. Also, we now
have an unlimited number of virtual machine
groupings of physical tracks that can be
preconfigured.

In essence, a track of a virtual machine (a
virtual track) is simply a pointer to a mixer input,
or physical track. Any number of virtual tracks
can point to the same input, allowing a single
physical track to be a member of several virtual
machines. Groupings of tracks used most
frequently during a session will depend on the
type of work being edited—a sports programme,
promos, news stories—and the way in which the
client designated the tracks during the shoot.

Because of the large number of available virtual
machines, and the flexible association between P
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THE PERFECT
PARTNERSHIP

It's late. You've both been werking hard into the night, putting
the finishing touches to a complex soundtrack. But you've
doneit. in time and on budget, tha1ks to your expertise—and
thanks to SAPPHYRE.

SappHYRE is ideal for the post-production environment:
dependable in tight corners, fast when you're working against
the clock. Featuring advanced. patented Soundcraft technol-
ogy. Ingenious routing offering all the benefits of an in-line
design—without the hassles. A powerful noise gate—on
every channel—making it easy to clean up roughaudio tracks.
Unique features that keep SAFPHYRE in a class of its own. Now
there's an optional patchbay—for even easier access to
practically everything.

And above all, Soundcraft quality. flexibility and perform-
ance. They're designed into every SapPHYRE we make. Audio
quality that's a match for any cigital audio or stereo transmis-
sion system, from our famous padless mic preamp to the
equally unique active panpot. Standard, dual line and stereo
input modules for ultimate flexibility. And performance that
has to be heard to be truly appreciated. With features fike

these, you know you'll get along fine: it's a brilliant way to
work.

SAPPHYRE. It's everything you need ina production partner.

Soundcratt
Saffghyre
SafgghyreLe

SOUNDCRAFT. A HARMAN IMTERNATIONAL COMPANY. CRANBORNE HOUSE. CRANBORNE IND. ESTATZ. POTTERS BAR. HERTS EN6 3JN TEL: (3707) 665000 FAX: (0707) 660482
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THE JACKFIELD THAT
NEVER FAILS

"4‘1“ .
P e 4

* NEW AT AES

® 3 year warranty
® Gold plated double contact systems
® High density 2 x 48 Jacks

on 19”7 x 1U.
® 8inputchannels, mono ® M/S switch in each channel
GH IEL ME TTI or stereo ® Penny & Giles long scale
® 4 auxiliaries, with returns faders
® 2 band equalizer in each ® 2 stereo instruments
Data Precision Ltd Kommunikationstechnik-AG channel ® DC or AC powered
Byfleet Business Centre Industriestrasse 6 ® Pre fader listenin 7
46-50 Chertsey Road CH4562 Biberist channel oln switcl?eind : \lgi’tzl?:tagigﬁ?ack
Byfleet, Surrey KT14 7AP Switzerland
Tel: 0932 353879 Telefon + 41 65 31 1111
Fax: 0932 342441 Telefax + 41 65 32 3427

P O.Box 115 - N-1380 Heggedal - Norway
2797

Tel. +47 27977 30-Fax +47 27961 54 - Telex 79207 SA N

HELLO OPTIFILE

MixIng Is @ complex business. How often could you do
with @ hand or two or three ? Imagine how much
easler it would be with Optifile - the console auto-
matlon system now recommended by rmost ieading
consele manufacturers.

Powerful, yet simple to operate, It's like having
another engineer and production assistant constantly
at your disposal. It won't cost an arm and a leg elther.

Yanolactered by Ad Systeme.

Call or fax now for details.

Australia: Aricom (03) 720 5711. Belgium: Eml (011) 41 5278.
Brazil: Libor (11) 34 8339. Eire: Audio Engineering 353 1 717600.
Germany: Sea 05903 78 05. Italy: Palombi (02) 254 0721.
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North America: Sascom (416) 420 3946. Norway: Audiotron
(02) 35 2096. Spain: Twjn Cam (03) 675 5011. Sweden:
Arva 046 320 370. Switzerland: Decibel 021 946 33 37,

internstional reprasentatien: The Home Service. Te): 061 43 404, Fax : 081 848 5155
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Inside the edit suite at Digital Post & Graphics in Seattle

inputs and virtual tracks, the VIRs in an edit
suite can be configured to handle all requirements
of its current client base. As these requirements
change, so do the virtual machine configurations.
A virtual input matrix combines the flexibility of
an electronic-jack field and an analogue-digital
audio routing switcher. Any audio input can now
be assigned to any fader—and any or all output
channels—on an edit-by-edit basis if necessary.

Client A might use Tracks 1 and 2 of D2 VTR
for stereo music, and Tracks 3 and 4 for

An audio mixer incorporating all of the
concepts discussed in this article, bota in
processing hardware and control interface,
comprises an audio processor, housed in a 3U-
high frame and capable of accepting v.p to 56
audio inputs. These are grouped in blacks of
eight inputs that can be either analogue or
AES-EBU-format digital sources. Dig:tal
inputs, although paired via the same cable,
internally are treated completely individually.
Motorola 56001 DSPs are used for mixing and
monitoring the audio signals, controll2d from a
Motorola 68001. Additional 56001 DSPs can be
added to perform audio equalisation. Four
serial ports handle data from the edit:ng
system, control panels, and maintenance
terminal.

The control panel provides 12 fader

“channels, four Program and four Preset buses,
plus four-bus monitoring. Controls arg
available for performing independent
transitions on all buses, selective edit enables,

PRACTICAL IMPLEMENTATION OF
A DIGITAL EDIT SUITE AUDID MIXER

commentary and natural sound. It might be useful
to define a virtual machine which has just two
tracks; let us refer to it as DVIR1-AM’, to use
when editing the music. Later, Client B comes in
for a similar session, but prefers the music to be
recorded on Tracks 3 and 4. By defining a new
machine, DVTRI-BM’ that uses Tracks 3 and 4 of
the same physical VIR, the music is still accessed
in exactly the same way as for Client A.

This simple example provides an idea of what
can be achieved with virtual machines. In

plus necessary machine and track assignment
functions.

A total of 255 virtual machines are
available, each having up to nine standard
tracks and a cue track. A total of ten logical
machines are supported, A-H, plus Aux and R.
Continuous display of both program and preset
status is supported through the use of dual-
colour LEDs.

In addition, complete logical machines, as
well as individual logical tracks, can be
assigned to a fader channel, allowing a preset
balance between tracks to be maintained. Also,
adjacent faders may be linked together to
provide simultaneous control of any
combination of logical tracks. Each fader
channel supports separate levels for Program
and Preset, and individual fader channels can
be separately disabled from edit system control
for manual adjustment. Monitor buses can also
be trimmed individually for level, and muted. W

a track of a
virtual machine
(a virtual track) is

simply a pointer to

a mixer input

practice, far more complex situations can be
reduced for the editor by constructing the suite’s
complement of virtual machines to match current
requirements.

Additional uses for
virtual machines

Let us further examine the use of virtual tracks,
which can be imbued with special characteristics
without constraining the physical track. An
individual input to the mixer might be assigned to
two virtual machines, one making use of the
special characteristics and one that does not.

By way of an example, consider the case of a
special virtual track that has the ability to replace
the audio of selected tracks when the machine is
in shuttle or varispeed play. Now, if the analogue
cue track output from a D1 VTR is connected to a
mixer input which, in turn, is assigned to one P
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ESAM | AND Il SERIA L some kind of dynamic register recall, using a GPI
MIXING CONTROL switch action, for example, and trimming both the -
edit controller and the mixer. XIcon
PROTOCOLS Audio level changes while preparing voice-overs |
and so on can be performed in a similar way. The
If the video editor is the source of how each of  additional benefit is that, because the settings are HEARD IN Al THE RIGHT PLACES
the various source elements, including audio, magehOfr; two indelpendent Logllcatl Machines,
will be used to build the master reel, how will match-rame levels are never lost. i ictri
this info:matiogli)edrelayed to the audio . Of course, the individua! bengﬁts of the logical, Worldwide Distributors
mixing console? Obviously, all of the virtual, and physical machine hierarchy can be Ausratia: Amber Technology
operator’s attention will be concentrated on combined in a variety of ways. Many of the (61)2:975-1211
driving the edit controller, and adjusting difficulties encountered with conventional audio -
video crossfades and so on. Some means control concepts can be overcome by configuration Austria: Audio Sales
therefore needs to be devised to relay details and }rll}anlpulatlo? of the logical and virtual (43)223 643223
of audio crossfades and transitions from the machine parameters. . :
edit controller to the audio mixer. M lt . b Baiouw: TransEuropean Music
Fortunately, there is now a standardised uitibus (32) 2 466 3010
serial interface protocol which includes lists 3 5 MARK: i
of multiple-byte commands for controlling monltorlng Dey (P:esv)l ::;'30899
audio assignments, crossfade profile and Fast, flexible monitoring is of prime importance ———
other instructions. Developed in 1983 , and when editing audio with video, primarily because Finann: Studiotec KY
first used at the 1984 Winter Olympic i a large percentage of time in the suite is spent (358) 0 592055
Games, the ESAM (Edit Suite Audio Mixer) locating material and previewing edits. A simple et Beyerdvamic
protocol has now become an accepted but effective approach is to group the tracks to be RANCE: Cyeraynamic
s@;ndard tfor %onttr.olhng audio mu;e;‘sil in the monitored by physical machine. Each group can (33) 14 4099393
Video postproduction environment. The then selected with a single button that has : i
ESAM PTOtQCOI 1s a simple software laqguage programmable track-to-bus configuration. If Gerwanr: A4u9d'° E;por;/ﬂ;gmann
for communicating directly between edit logical machine assignment is available at the (M__
controllers and audio mixers. Source. mixer, and the virtual machine concept is added, Greece: Bon Studio, Ltd.
seleqtlor}, transition contrql, and audio we can now monitor groups of tracks by selecting (30) 1 364 5755
previewing can be accomplished entirely from a logical machine, each of which has already been e
an edit controller. assigned to a virtual machine as part of the Howo Kows: ~ Ace Infemational Co. Ltd.
Concurrent with increasing demands for normal mixer operation. (Because of the greater (852) 424-0387
audio creativity and sophistication in edit numbers involved, track-to-bus configuration is a TR
suites, the original ESAM protocol has touch more complex, although the principle lravy: Grisby Music Prof.
evolved into the widely accepted ESAM Serial remains the same.) (39) 71 7108471
II. This enhanced protocol, along with The only new requirement is to condense the JAPAN: Em
recently added extensions, addresses both number of buses to the number of monitoring ) Ll
basic and advanced mixer capablhtles', such outputs, and add some means of selecting the (81) 33 950-6266
dynamic fader control, 4-channel monitoring, combination of buses heard from each NETHERLANDS: ™ Audio
memory register upload and download, and loudspeaker. This, although simply stated, is not a " (31) 03408 70717
much more. Because of its inherent power simple problem. Techniques for editing
and straightforward implementation, ESAM multichannel audio with video have been fairly New Zeatawo: — Protel Infernational
Serial Il is now used by virtually all major well defined, but the use of the various tracks has (64) 4 385.4874
editing system manufacturers. ! not. Until a limited number of commonly accepted T SNBSS
qu the wdeo Qperator, ESAM Serial i1 practices further reduce the large number of NORWAY: SIV. I“g. Benum & CO
provides an intuitive approach to possible applications, ease of operation will have (47) 2 145460
postproduction audio; for editing system to be traded against maximum flexibility. ¢ —
manufacturers the protocol represents a . PorTucaL: Frei Audio
logical pathway to added new features, and C OncluSIOn {351) 1941 6870
an expanded customer base. ESAM 11 is ) ) . i § . STT-——
designed for easy implementation, with Video postproduction suites using the new INGAPORE: tuder Revox
commands expressed in editing terms. M generation of VTRs need to'a.ccommodatfs large (65) 250-71222
numbers of analogue and digital audio signals. An Konn! T|_E|——'-W
audio mixer designed for use in such an PAIN: elco Electronics S.A.
of these special tracks of a virtual machine, the environment must be small, flexible, intuitive in (34) 1531 1101
mixer would automatically switch back and forth operation, and fully controllable from the editing SWEDEN: Infersonic AB
between the cue track and the normal digital system. It must also provide all the henefits of ’
outputs while searching for edit points. digital recording, where applicable, while allowing (46) 8 744-5850
Just as many virtual tracks might point to the analogue signals to be freely intermixed. SwitzeRLaND: Gotham AG
same physical input, several logical machines can A hardware architecture based on a high-speed (41) 1 840 0144
be assigned to the same virtual machine. Such a DSPs, and an operational philosophy using N T T
setup is useful for automating special audio effects  virtual, physical and logical machines, has been Taiwan: Linfair Eng. & Trading
under edit-system control that would previously shown to fulfil these exacting requirements. The (88) 623 321 44546
have been done manually. The advantages are concepts described here have been developed in a e
that such sequences are now repeatable, and can  fully operational audio mixing system that is now Uniteo Kineoow:  Stirling
be previewed as many times as is required. (They in routine use in video editing suites throughout (44) 071 624-6000
are also documented, to some extent, in the Edit the world. W e e e A T
Decision List.)
Using this capability, different E Q set tings can FoR AUTHORIZED DISTRIBUTORS IN COUNTRIES OTHER THAN
be set for the tracks of two Logical Machines, both MICHAEL D. PATTEN is Vice THOSE LISTED ABOVE, PLEASE CONTACT:
of which are assigned to the same virtual President of Engineering and .
machine. A smooth dissolve between these two ‘é‘;‘:.&‘:l‘:fa‘;zgzzlggi‘%ﬁ; 5 XICOH
e o beperome ly onvold - T A lexicon
adjust the start point and duration of the change Eﬁisﬂi::::;:d (;:,gclet:s:g::s.smte 100 Beaver Sree, Waltham, MA 02154 U.S.A.
from the edit keyboard. The alternative would be a(1) 617 736-0300 &A1) 617 891-0340
38 Studio Sound, July 1993 —_
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PCM 70 DIGITAL EFFECTS PROCESSCR

THE PROFESSIONAL'S PERSONAL PROCESSOR

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

For over 20 years, audio professionals have relied on the superb quality
and control of Lexicon Digital Effects Processors. So much so that today, 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 (i 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 a PCM-T0in your rack, any ordinary instrumental or vocal track can
be instantly rescued from mediocrity— effortlessly, because the ‘70’ front panel

0f course nof.

exicon

HEARD IN ALL THE RIGHT PLACES

is designed for creative people who want unique, useful results. Does his mean
there’s a Nerd-grafifying inferface with a plethora of inspiration-killing butions?

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

When you audition a PCM-70 at 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 Beaver STReet, WALTHAM, Ma., 02154-8425 TeL: (617) 736-0300 Fax: (617) 891-0340.
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Have your cake...

You can have it both ways with System One.

Most audio test sets fall into one of two categories. ..

There are the specialty testers, like tape recorder test sets, video/audio monitors or pricey
short interval test systems. Then there are conventional general purpose audio testers,
which can do basic testing but lack the capability to fill today’s specialized testing needs.
Investing large amounts in specialty systems that don’t also meet your day-to-day
audio testing needs is both expensive and frustrating.

SYSTEM ONE solves the problem by providing both high performance general purpose audio
testing and innovative specialty testing functions. Basic SYSTEM ONE configurations are priced
competitively, yet can grow with your needs to include these advanced functions:

FASTest — Tes: any audio channel
in 2 seconds or less

MLS — Quasi-anechoic measure-
ments of loudspeakers

FM — Automaczed Stereo Proofs

TV BTSC — A-atomated Stereo
Proofs

DUAL DOMAIN TESTING —
Direct digital comain testing of
digital andio and interfaces.
TAPE TESTING — Complete

magnetic tape recorder and media
testing,

SPECTRUM ANALYSIS — Audio
FFT ana ysis

EBU 0.33 — Short interval testing

and eat 1t too.

With System One, you can have it both ways!

Audio . | dct
precision =

‘»_ ‘ » | mex
RO. Box 2209, Beaverton, OR 97075 -8
503/627-0832 1-800/231-7350 :

FAX: 503/641-8906, TELEX: 283957 AUDIO UR

INTERNATIONAL DISTRIBUTORS: Australia: IRT Electronics Pt,. Lid.. Tel: (61) 2 439 3744 Austria: ELSINCO GmbH. Tet (43) 222 812 1751 Belgium: Tr=ns European Music NV, Tel: {32) 2-466 5010 Bulgaria: ELSINCO,
h.e. Strettishte, Tet: (359) 92 581 698 Canada: GERRAUDIO Distribution, Te!: (416) 696-2779 China. Hong Kong: A CE (Int') C>. Lid., Tel: (852) 424-0387 Cz=choslovabia: ELSINCO GmbH, Tel: {43) 222 812 1751 Denmark:
npn Eiektronik aps, Tel: (45) 86 57 15 11 Fintand: Genelec OY, Tel: (358) 77 13311 France: ETS Mesureur, Tel: (33) (1) 45 83 63 41 Germany: RTW GmbH. Bel: (49) 22~ 70 91 30 Hungary: ELSINCO KFT, Tel: {36) 112 4854
Israel: Dan-E! Technologies, Ltd.. Tel: (872) 3-544-1466 Italy: Medea S.r.l., Tel: (39) 2/4840 1780 Japan: TOYO Corporation. Tal: € 1) 3 (5688) 6800 Korea: Mycsng Corpor=tion, Tel (82) 2 784-9942 Malaysia: Test Measurement

& Enginearing Sdn. Bhd., Tel: (60) 3 734 1017 Netherlands: TM Audio B.V.. Tel: (31) 034 087 0717 New Zealand: Audid> & Video Wholesalers, Tal: (64) 7 347-3414 Norway: Lydconsuit. Tel: (47) 9 19 03 81
Portugal: Acutron Electroacustica LDA, Tel: (351) 1 9414087 / 9450862 Poland: P H.U INTERLAB, Tel: (48} 22 335 454 Singapore ~ME Syslems Ple Ltd . Tel: 135) 298-26(3 South Africa: SOUNDFUSION, Tel: 27114771315
Spain: Teico Electronics,, S. A.. Tel: (34) 1 531-7101 Sweden: Tal & Ton Etektronik AB_ Tet: (46) 31 80 36 20 Switzerland: Dr. /.A. Gunther AG. Tel: (41) 1 210 41 41 Taiwan: ACESONIC intl Co.. Ltd., Tel- (886) 2 716-8896
United Kingdom: SSE Marketing Ltd.. Tel: (44) 71 387-1262
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Dithering ahout

Dear sir, Sony’s David Smith gets his facts
precisely backwards in the sidebar to his article
‘20-Bit: Fact or Fantasy?, (December 1992).
Because of all the hoopla surrounding the
introduction of Sony’s Super Bit Mapping (SBM)
proprietary wordlength reduction procedure, I feel
compelled to elaborate upon Daniel Weiss'
comments in the same issue (page 66), to clarify
the relationship of SBM to psychoacoustically-
based dither noise shaping, such as used for the
past three years in Harmonia Mundi Acustica’s
redithering module for their BW102 mastering
system.

The facts are as follows: the Harmonia Mundi
Acustica module uses a 50th-order shaper to
shape the noise floor to mimic the ear’s low-level
noise sensitivity, achieving an 18dB reduction in
the noise floor around 4kHz (the ear’s most
sensitive area) after full triangular probability
density function dither has been applied. This
dithered psychoacoustically-based noise shaper
achieves a perceived 3-bit reduction in the noise
floor, making it possible to produce 16-bit CDs
with 19-bit apparent signal-to-noise ratio.
Moreover, the full dither ensures that there can to
be no low-level requantisation artifacts at all. This
noise shaper is based upon published work."™

The SBM procedure as implemented is an
undithered noise shaper whose noise floor does not
really mimic the ear’s response, and achieves only
a 9dB noise floor reduction around 4kHz.' Being
undithered, low-level requantisation artifacts will
not be banished. It will achieve less than a 2-bit
apparent noise-floor reduction when requantising
to the 16-bit CD format.

All noise shapers can lower the noise power
density in one portion of the baseband only raising
it elsewhere in the baseband. Both the above
schemes lower the noise power below 15kHz,
where it is most audible, at the expense of raising
it above 15kHz where audibility is less. The
Harmonia Mundi noise shaper boosts the noise
power density by 26dB at high frequencies, while
the SBM noise shaper, which provides less
reduction around 4kHz, boosts the high-frequency
noise power density by only 19dB. These two noise
power spectral densities are shown in the
accompanying figure.

Stanley P. Lipshitz, Audio Research Group,
University of Waterloo, Ontario, Canada
References:

1 M.A. Gerzon and P.G. craven, Optimal Noise Shaping and
Dither of Digital Signals, Paper presented at 87th AES
Convention, New York, 1989 (preprint 2822).

2 8.P. Lipshitz, J. Vanderkooy and R.A. Wannamaker,
Minimally Audible Noise Shaping, J. Audio Eng. Soc., vol. 39
(1991 Nov.).

3 R.A. Wannamaker, Psychoacoustically Optimal Noise Shaping,
J. Audio Eng. Soc., vol 4 (1992 July/Aug.).

4 M. Akune, RM. Heddle, and K. Akagiti, Super Bit Mapping:
Psychoacoustically Optimised Digital Recording, Paper
presented at 93rd AES Convention, San Francisco,1992 (preprint
3371).

David Smith replies

Dear sir, thank you for your comments concerning
the noise shaping section of the sidebar that
accompanied our technical presentation of the
recording of Don Carlo. Your explanation of the
differences between the algorithms implemented
in the Harmonia Mundi module and Super Bit
Mapping with respect to noise floor shapes and
the application of dither were not only clear but
very much appreciated.

In writing the sidebar I went to extremes to
avoid a factual presentation opting instead for a
short string of generalisations. At no point in the
discussion did the words ‘Harmonia Mundf’
‘Super Bit Mapping’, ‘dither’, or ‘shape of the noise
floor’ appear. You therefore accuse me of confusing
facts that I did not present. I would, however, like
to apologise for not stating that your 50th order
dithered noise shaper’s noise floor is
psychoacoustically weighted.

While we are on the subject, Sony’s Super Bit
Mapping is not patented as I stated, but the
phrase and the logo are registered trademarks of
Sony. I apologise a second time. To conclude, we
consider it an honour to have been published in
the pinnacle of professional audio magazines,
Studio Sound, and [ subjectively feel that your
point could have been made more diplomatically.

Since you have shaken the bottle and removed
your thumb from the top, I would like to raise
three points relating to this most contentious of
subjects.

There are at present no less than five different
redithering devices commercially available with
all of them here at Sony Classical under study and
evaluation. Of course, all of our CD releases are
redithered to 16-bit precision using Super Bit
Mapping, however this does not preclude our
listening to and studying other algorithms.

Your use of the word ‘hoopla’ surrounding the
introduction of Super Bit Mapping raises two
related issues. I would note that the literature
explaining this technique has existed since 1989,
that Sony Classical’s use of second order noise
shaping predates the publication of the seminal
paper by Gerzon & Craven, and that both your
module and Sony’s device have existed in one form
or another since 1990 even though little attention
was paid to promoting their use. It was only in
1992 thatSony began to promote the application
of the technique, this promotion being responsible
for the entry into the market of three additional
pieces of hardware that serve a similar purpose. I
would secondarily note that Sony’s promotional
efforts were directed at the consumer end of the
market and not the professional end. 20-bit
recording and noise shaped redithering are logical
companions in an effort to refine the sonic
characteristics of the CD. The fact that some of
the professional community mistook this publicity
as being directed at it combined with a rush to
market by three additional manufacturers of noise
shaping hardware, resulted in a case of
professional hypochondriacal ‘hoopla’. One would
think that a campaign that makes note of a
little-known signal processing application might
be welcome but alas, this is not the case.

www americanradiohistorvy com

I feel compelled to raise my last point in the
form of conjecture that is based on our listening so
far. Comparing these devices with a single DAC
and 20-bit recordings done with two or three
microphones has lead us to believe that not only
do they sound different, but that the algorithms
themselves vary in efficacy with respect to
program content and recording quality. Another
point concerns the boosting of the power density of
the noise of high frequencies in as much as some
program material renders this boost clearly
audible. The delicate question of the trade off
between the apparent improvement in signal to
noise ratio and this increase in high frequency
noise power is one I am neither empowered nor
qualified to address, especially in this forum.

Thank you again for your comments.

David Smith, Director of Recording
Operations, Sony Classical, New York, USA

Conversion factor

Dear sir, I believe that the article in the January
issue of Studio Sound on the Lexicon 20/20 A-D
converter may confuse your readers. In this
article, and in associated advertising, this product
is promoted to be something it is clearly not

—a 20-bit converter. Lexicon equate their
product’s dynamic range specifications to an
effective number of digital bits. What slides by is
the fact that this particular specification was
traded at the expense of other parameters, such as
resolution and constant noise floor.

At normal operating levels, Lexicon’s 20-bit
converter is putting out only 18 meaningful bits
(just 17 bits if you use their effective bits
measure). According to the designer, in the 20-bit
mode, their product makes use of two A-D
converters on each channel. The conversion task is
shared between one converter for the high-level
inputs and switches over to the other when input
drops below a threshold.

An easy way to visualise this configuration is to
imagine an audio input split and fed into two
mixing console inputs. One module would be set
up for line level and the other for microphone
level. Because the same analogue input is driving
both modules, line-level inputs will be handled
well by the line module while the mic module will
overload. When the input drops to lower levels,
the microphone level module will stop clipping and
function. If we were to add a piece of gear to
cleanly select between the two module outputs, we
could choose the mic output when it was not
clipping and the line output when the level was
higher. Because we are effectively switching gain,
the noise floor appears to be very low when the
input audio drops below the changeover threshold.
The penalty is that the noise floor is now
dependent on input signal level and will move up
and down accordingly. The quality of the seam
when the outputs switch can also grossly affect
performance.

If we were to add an A-D converter to the
output of each channel and digitally select the
appropriate converter, we have a system similar to
Lexicon's approach. The lower level converter is
normally overdriven, with normal level inputs P
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making its digital output unusable. The digital
output is now only as good as the convertor
handling the higher levels. Lexicon’s choice of
A-D converter is a good device made by Analog
Devices. According to the manufacturer, this
delivers dynamic range of not much above 100dB
and Total Harmonic Distortion plus Noise
(THD+N) in the low 90s. Analog Devices sell this
as an 18-bit component. For normal level inputs,
the 20/20’s dynamic range can only be around
100dB with a maximum of 18-bit resolution,
which is a far cry from the 120dB of a 20-bit
converter.

Making an inaudible digital seam between the
high-level and low-level converters is an enormous
challenge due to gain errors, DC offset, noise
modulations and so on. The noise floor of the
20/20 is signal dependent—when the input level
drops, the noise floor will, at one point, plunge by
12dB.

A point is also made in the article regarding
digital dynamics processing. Analogue dynamics
processing before conversion preserves the

precious bits lost in digital dynamics processing.
Because the 20/20 has only 17 bits (ENOB) for
typical input levels, throwing away just one of
those bits for headroom or dynamics puts it back
at the 16-bit level. It appears that the author is
referring to Apogee’s popular Soft Limit/Soft
Saturate analogue dynamics processing functions
and the 20/20’s emulation of these functions. It is
very difficult to digitally emulate the complex
myriad of parameters involved in analogue
processing with any precision. It is the same
reason digital emulation of transformers and
vacuum tubes has not replaced the originals.

Not only does the ‘bit budget’ get eaten away by
digital dynamics processing but the various dither
methods available on the 20/20 chew into the
remaining bits (if you measure using the ENOB
method), putting competitive products on a more
level playing field than Lexicon woud have its
potential users believe.

Bruce Jackson, Director of Engineering,
Apogee Electronics Corp, Santa Monica,
California, USA.

The New MTA Series 980 Console

Designed for track laying and mixing
(minimum 62 line inputs with eq.)

Full 4 band eq. on inputs and monitors

Manufactured by a company with over

25 years experience in console design

Superb audio performance and musical eq.

VCA or moving fader automation available

Excellent value for money

Malcolm Toft Associates Limited

The Old Farmhouse, 27 Ash Hill Road, Hampshire GU12 6AD
Facsimile: 0252 345546

Telephone: 0252 318700
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Jim MacArthur replies

Dear sir, Mr Jackson’s comments point out the
necessity for more agreement within the high-end
audio community about specifications and their
value. However, I would like to clarify some of the
issues that he raises.

The whole issue of effective bits versus
resolution is confusing and, frankly, a poor
indicator of a converter’s performance. It is for
this reason that I maintain that the Dynamic
Range and THD+N measurements are far more
accurate and useful specs. As was mentioned in
my article, the typical dynamic range of the
20/20 AD is 112dB, which translates to an
effective 18.3 bits—not 20 and not 17 as
Mr Jackson states. However, to answer
Mr Jackson’s charge that the 20/20 AD is not a
20-bit converter, if you force the 20/20 AD's LSB
to 0, the dynamic range drops by roughly 1dB,
indicating that there is, in fact, audio in the 20th
bit. Thus, the 20/20 AD is a 20-bit converter.

The 20/20 AD indeed uses two converters
operating at two different levels to achieve its
high dynamic range. Mr Jackson’s analogy of two
mixing consoles is accurate, provided you add the
ability to seamlessly crossfade between the two
signals, rather than simply selecting the most
appropriate one. The converters must also be able
to remove gain and offset errors to improve the
quality of the splice. Lexicon’s DSP, which has
been highly regarded for its accuracy for well over
a decade, has been significantly refined in the
20/20 AD to handle these tasks. In the 20/20 AD
we can keep these artifacts (and all other forms of
THD+N) below 0.004% for all input levels from
full scale to -24dBBFS.

‘Normal Input Levels' fall below -12dBFS quite
often. It is during these quite moments that the
20/20 AD really shines. The question of whether
the improved low-level performance is worth the
vestigial noise pumping during the loud moments
depends, to my mind, on the programme material
being recorded, and on the tastes of the engineer.

I agree that if one wants to add a soft knee to a
converter’s transfer function, doing it in the
analogue domain (as Apogee did with the AD-500)
makes far more sense than waiting until after the
conversion. However, the 20/20 AD’s compressor
includes the ability to look ahead and to recover
slowly from transients, two features which are
very difficult to implement in the analogue
domain. The 20/20 AD and the AD-500 respond to
overloads in radically different ways, and once
again I would leave it to the engineer to choose
the sound that is appropriate to the programme
material.

Finally, I would add that the whole point of
dither is to ‘chew into the remaining bits’.
Naturally, dither can be disabled when recording
from the 20/20 AD to 20-bit media.

Lexicon invites Mr Jackson, a renowned mixer
in his own right, to take a test drive of the 20/20.
In fact, we would suggest that anyone interest in
serious digital recording should listen carefully to
the 20/20 (as well as other A-D converters). The
bottom line is audio quality, and we are confident
that the 20/20 is simply the best sounding
converter on the market today.

James MacArthur, Design Engineer, Lexicon
Inc, Massachusetts, USA.

Letters should be addressed to:
The Editor, Studio Sound Magazine,

Spotlight Publications, Ludgate House,
245 Blackfriars Road, London SE1 9UR
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llow us to introduce a console that combines
dramatic good looks with the finest in audio
specification and leading edge DSP technology to
set a new standard in audio performance.

It's equipped with highly developed dual
inputs on every module with fader and mute
automation, EQ and dynamics processing.

The extraordinary sonic specification
includes the unique FdB Parametric Equaliser™
which overcomes the problems of non-linearity
in music and the ear and provides precise control
of all frequencies in the audio spectrum.

In addition, all monitors have a 2 band
equaliser and can share the FdB Parametric
Equaliser ™ with the channels.

Flexible, yes. Pure in sound - of course.

All inputs. outputs and busses are balanced
to minimise hum and RFl interference and all
circuits have extended bandwidth electronics to
ensure ultra-low phase distortion, clarity at high
frequencies and a punchy. precise low end

Signal coherence and audio integrity is
ensured.

Reliability is designed in, problems cesigned
out and fidelity second to none.

Allow us to intrcduce the new Soundtracs |

Jade Production Console.
o T .

i LARKING AUDID ®

1M TE

For more informalion‘plaasé“?aﬂ Larking Audio 0234 772244

o 5 - SOuU NﬁTRAC S
' Soundtracs PLC. 21 Ewall Road. Surbiton. Surrey KT6 6AH
Tel: 081-399 3392 Fax: 081-399 6821
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A Chorus Line
Aspects of Love

Cats

Chess

City of Angels

Crazy for You

Evita

Five Guys Named Moe
42nd Street

Grease

Hair
Kiss of the Spiderwoman
Les Misérables
Miss Saigon
Return to the Forbidden Planet
Rocky Horror Show
Starlight Express
Sunset Boulevard

Autograph supplies sound
equipment and design
services to some of
the world’s most
prestigious shows.

Pioneers of theatre sound for over 20 years
2 Spring Place London NW5 3BA UK Tel 071 485 4515 Facsimile 071 284 1233
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Back in action—Malcolm Toft and his new Series 980 console

TOFT RETURNS

alcolm Toft is back. The man who
founded Trident Audio in the early
1970s and ran the company through
to the late 1980s, is once again
designing consoles. The new company, Malcolm
Toft Associates (MTA) includes two ex-Trident
personnel, Don Whitney and Warren McCulloch,
plus freelancer John Oram who designed the
electronics for many of Trident’s consoles. MTA’s
first product is the Series 980, an affordable,
analogue, multitrack recording console which
bears the unmistakable hallmarks of Toft design.

Malcolm Toft began his career as a recording
engineer at CBS Studios, later joining Trident
Studios when it opened in 1968. There he worked
with many legendary artists including David
Bowie, James Taylor, Elton John, T-Rex and The
Beatles (remixing ‘Hey Jude’—one of the few
singles not recorded at Abbey Road). He was soon
promoted to studio manager, but feeling
dissatisfied with an office job, Toft channelled his
creativity into a new area: console design.

“The whole thing began because we needed a
new console to fit into a reasonably confined space.
We'd been to see all the console manufacturers but
we couldn’t seem to get a console with the kind of
features we wanted. One of the things we'd ask for
was EQ on the monitors—this was an anathema
to manufacturers at the time who believed
monitors should remain strictly flat. We came
away from meetings feeling nobody really
understood what we wanted, and certainly no one
had any comprehension of why we wanted it—
these people were technicians not engineers.

‘As an engineer, I'd always been interested in
what went on behind the front panel; my
philosophy being a bit like a racing driver’s: you
get the best performance out of a car, if you
understand something about the way it works. We
eventually decided that the only way we would get
what we wanted was to build it ourselves. So I
agreed to take a year out from running the studio,
and with the help of a very capable maintenance
department, began putting a desk together.’

Trident’s reputation as a studio was such that a
proprietary console was a very exciting prospect,
and only a short time after work started on the
project Toft began finding interested parties.

‘News of what we were doing spread fast, and
people like Gus Dudgeon and Tony Visconti were
really keen to see the drawings. This led onto one
of Roy Thomas Baker’s friends, Dave Grinstead,
asking if we could build a console for Chipping
Norton Studios which he was setting up with the
Vernon brothers.

‘It was extraordinary, before we knew it we
were getting orders for consoles. I went back to
Trident’s management and said, look not only can
we build our own desks but it appears we can sell
them too! So Trident Audio was set up, but don't
think anyone at the time envisaged that it would
grow the way it did’

These were pioneering days, and consoles were
built, perhaps for the first time, from a recording
engineer’s perspective. Toft and his team
displayed a healthy disregard for convention,
adopting the principle that if it sounds good or
makes the job easier, do it.

www americanradiohistorv com

‘When we designed our first consoles we knew
nothing about phase relationships and so on. If
you actually measure them, they have horrendous
phase shift and very bad overshoot and ringing on
the mic transformers, but because we'd listened to
the way the thing sounded it didn’t matter. You
put that old A Range console on a brass
instrument or a vocal and it comes alive, there’s
tremendous warmth and richness. That sound was
created through painstaking listening tests by the
engineers at Trident; people like Ken Scott, Roy
Thomas Baker, Barry Sheffield and myself would
get together and literally change components until
we got sounds we were happy with. [t was
something you couldn’t possibly quantify
technically, and quite honestly if we'd been able to
measure things accurately we probably would
never have got these kind of results. I think this is
a problem with some of today’s designs—too P

Malcolm Toft
returns to console
design with a new
company and a new
desk. Patrick
Stapley talks to the
man about both
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much attention is paid to clinical precision and
transparency. This empirical approach to design is
something [ still adhere to very strongly and have
applied to the 980 console.

‘T'm also a believer in continuity of design and
performance. One of the things that worried us at
Trident when we went from discrete circuitry to
ICs was that the overall sound would be different,
and we put a lot of effort into ensuring there was
very little audible change. I think it comes down to
a cultural thing within the company—your
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products tend to sound the same because of an
underlying approach to the way signal flows are
designed and put together. For example I've
always maintained that every electronic block
should go in and out at unity gain and have a
headroom of +24dB. All the products I've been
responsible for have this kind of continuity, so
obviously there will be strong similarities between
the new MTA consoles and the original Trident
desks’

There are also definite similarities between the
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formative days of Trident Audio and the setting
up of MTA. In just the same way that word
circulated about the development of the first
Trident console, so whispers spread about Toft’s
new venture. Before either a product existed or a
company had been formed, orders began
appearing based purely upen Malcolm Toft’s
reputation.

‘When [ started thinking about getting back
into consoles and the kind of product to design, I
did some computer drawings of layouts and P
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The ultimate mix
GS3 with fader automation

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

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

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

If you would like more information, call or write to the address below. HEATH
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H E‘%@n@m' Distributed by: Harman Audio, Mill Street, Slough, Berkshire S1.2 5DD Telepbone: 0753 576911 Fax: 0753 535000  wmwsn s



www.americanradiohistory.com

facilities mainly for my own interest. I got a call
from David Michaels, who had worked as
American distributor for Trident in the early days,
and he asked me to send over the drawings. I
faxed the stuff to him, and after that he was on
the phone solidly asking questions about
operation, pricing and so on. Ten days after
receiving those rough drawings, he rang me to say
that he had a firm order with a deposit from a
studio in Florida. I said, that’s impossible I
haven’t even set the company up yet! A month
later, a second order came through and so it’s gone
on—we've not got more than 15 dealers working
for us in the States.

‘The response has been absolutely staggering
and it's extremely reassuring to have that kind of
faith shown in you after being our of the business
for three years. The only sad thing is that the
reaction hasn’t been the same in the UK—the
Americans have always been our best customers,
and [ have to say that if we sell any consoles in
the UK at all it will be a bonus.’

MTA will be producing a family of consoles, but
Toft was keen that the first desk should be
traditional, ‘work-horse’ analogue design offering
good value for money. Having researched the
market and identified a hole around the £25K
price range, he decided to build a console that
would be, in his view, a natural successor to the
discontinued Trident Series 80.

‘I wanted to play safe, and produce a console
that I felt would be easily marketable—I make no
apologies for the similarities with the Series 80—it
was a very successful desk and hundreds were

sold. We've taken the basics of that original design

and added the extra facilities that people were
asking for such as extra aux sends, 4-band EQ on
the monitor, extra mute groups and so on.

‘The console is, of course, a split monitor design
which I've always felt to be more flexible and
simpler to operate than in-line designs. 'm a great
believe in simplicity: if a console has been well
thought-out it should be possible for an engineer
to sit down and find his way around the controls
without having to ask questions. Using another
motoring analogy, its like me handing you my car
keys—although you've never driven my car before,
it wouldn’t be a problem because the car’s been
well designed and facilities intuitively laid out.’

At present Toft and his small team are working
from his Hampshire home, but manufacturing is
being handled by a Kent-based company.

‘MTA is effectively a design and marketing
company which subcontracts its manufacturing
requirements. There are many companies set up
now that provide full manufacturing facilities,
with all the necessary infrastructure for full
purchasing, metal working, assembly and so on.
We're using a company called Electrocue, which

‘I wanted to play
safe, and produce a
console that I felt
would be easily

marketable—I
make no apologies
for the similarities
with the
Series 80...°

also manufacture lighting control consoles, and
the results have been absolutely excellent. It
means I don’t have the worries of running a
factory with all the overheads and staffing
requirements that entails, and at this stage that's
pretty essential. However, if the business does
take off in a big way, we will probably be forced to
open our own premises just to deal with shear
volume. We'll just have to wait and see what the
future holds.

The 980 console

The standard 980 console is made up from the
following modules: 32 input modules, 12
dual-section monitor modules, 3 dual-section echo
return modules, and a single auxiliary master
module. Thus the standard console can offer a
total of 62 channels during mixdown all with
4-band EQ and auxiliary sends. The 8ft x 3':ft

-frame also contains a horizontally laid out, printed

circuit mounted patchbay (Re-An bantam jacks),
and a meter bridge housing mechanical VU
meters (bargraphs and phase meter can be
supplied as an option). Faders have been kept
separate from modules for retrofit of automation
systems—the first two consoles to be shipped were
fitted with Optifile and Flying Faders.

Mechanical construction is based on a chassis of
welded steel boxes, and the aluminium alloy
modules are fitted with gold plated connectors
which plug directly into a frame-mounted
motherboard. All I-Os are via EDAC connectors.

The layout and operation of the desk is
extremely straightforward, helped by the
continuity between modules—inputs, monitors
and echo returns all have the same 4-band EQ,
and monitors and echo returns share the same

High quality TWIN movement in a mains-powered unit. The illumi-
nated coaxially-mounted pointers of the TWIN offer an unrivailed
method of monitoring stereo left and right or sum and difference
oontrolied by a front panel switch. Meets IEC65-2, BS415 safety.
Ring or write for full specitication of this or:w PPM6, PPM7 and
PPM9 BBC-iicensed digital stereo drivers # PPM8 IEC/DIN -
50/+6dB w PPM5 20-pin DIL hybrid + TWIN TWIN RACK and
movements % Peak Deviation Meter w Program and Deviation
Chart Recorders « Stereo Disc Amplifier 3 and 5 # 10 Outlet
Distribution Amplifler % Stabilizer and Fixed Shift Circut Boards w
Broadcast Monitor Receiver 150kHz-30MHz # Advanced Active
Aerial  Stereo Coder # PPm10 In-Vision Twin Pointer PPMs and
Charts »

The Forge, Lucks Green, Cranleigh, Surrey GU6 7BG

TWIN PPM BOX

SURREY ELECTRONICS LTD

Tel: 0483 275997 Fax: 0483 276477
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aux send arrangement. The layout of the dual
monitors has been clarified by colouring the
control knobs of the upper section black and the
lower grey—thus distinguishing clearly between
1-12 and 13-24. Throughout the console extensive
use is made of LEDs, which again helps to clarify
and simplify operation.

The input module can select one of three
sources: Mic, Line 1 and Line 2. Both Mic and
Line 1 inputs have individual gain controls, but if
Line 2 is selected the mic gain will pad down to
provide a +20dB line level control. Alternatively
the second line input can be used during mixdown
by pressing the DIRECT button next to Aux 7-8.
This causes Aux 7-8 to source the Line 2 signal
disconnecting its send from the aux bus to the
stereo mix bus via the aux level and pan controls.
The facility enables the standard console to cater
for up to 32 extra inputs during a mix.

The console has eight aux (4 mono and
2 stereo). Individual controls with pre-post and
mute switching are provided for all aux sends on
the input module. The monitors and echo returns
can each send to six aux buses through individual
sends to Aux 1 and 2, plus a switchable stereo
send to either Aux 3 and 4, or 5 and 6.

An additional auxiliary feature incorporated on
the input modules, is the ability to route Aux 5
and 6 to the group buses to provide an extra 24
sends during remix.

Three S0LO buttons are included in the input
module providing AFL, PFL and Solo In Place.
Solo operation can be either latching or
nonlatching depending on customer preference.
An AFL-type solo is used for monitors and echo
returns, and overall level control for both PFL and
AFL circuits can be adjusted from the auxiliary
master module. Also controlled from here are the
three Auto-Mute groups which can be set up from
each input module.

Monitor levels are controlled from pots rather
than faders, but a fader reverse facility is included
that swaps the function of these pots with the long
throw group faders directly below the modules.

Local OVERDUB buttons are provided which
operate in conjunction with master monitoring
status switching: MIXER, TAPE and OVERDUB. MIXER
and TAPE globally switch the monitor paths to
group or tape while disabling local override.
OVERDUB globally switches to tape monitoring but
allows local selection of group outputs.

The master module contains master level, mute
and solo control for each aux bus; a 4-frequency
oscillator; studio playback sourced either from the
stereo bus or one of the two stereo auxs; two
alternative loudspeaker selectors with
independent level control; three external machine
monitor source selectors; MONITOR DIM, MUTE and
MONO buttons; and an integral electret talkback
mic that can be routed to individual auxs, the 24
group-and-stereo output buses, or studio speakers.

The 980 console is predominantly being aimed
at the multitrack music recording sector, but
postproduction is another area where it will have
applications, and MTA are currently looking at
various options for this market. An option that
will be available shortly is a stereo input module.

Although the standard console is 32-input,
there are no real physical constraints on size and
the largest 980 built so far is a 48-input. To date,
ten consoles have been sold—all to American
customers. ll

UK: MTA, The Old Farmhouse, 27 Ash Hill
Road, Ash, Hampshire GU12 6AD.
Tel: 0252 318700. Fax: 0252 345546,
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D&R Electronica b.v. Rijnkade 15B, 1382 GS Weesp, Holland.
Phone: (--) 31 2940 18014, Fax: (--) 31 2940 16987.
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EQUIPMENT FROM AUDPIO WAREHOUSE

UK’s LARGEST STOCK OF USED EQUIPMENT. WE SHIP WORLDWIDE

MIXING CONSOLES

AMEK

AMEK 2520 40 channels, Parametric EQ, 8 aux

sends.Pfoay, POA

AMEK Mozart 56 chanrels 1 year old,

Supertrie Automation, Dynamics. POA

AMEK BC 16/4 240 way p/bay, fitted 8 mono & 8

stereo inputs £9,995
DDA

DDA AMRR4 36frame, 28channels

+ with Opitifile Automation £19,995

DDA AMR24 36 channels + Mastermix 9 .£27,995

DDA AMR24 44 frame fitted 98 chans. £24,995

DDA 5 Series 24/4/2 NEW. £3,995

DDA S Series 32/4/2 NEW. £4,495

DDA DD1000 4/3/2 x over NEW. £350
NEVE

Neve 542 series 16/2 PPM's £3,995

Neve 51 series 24/6 pfoay ... £11,995

Neve 57 series 48 channels, 48 monltovs ...£45,000

Neve V3 60 channels, Necam 94 £115K

Neve VR48 recall, flying faders POA

Necam 96 Automation 48 channels .£9,995
RAINDIRK

A Classic 70's Raindiirk Series 3 26 channe!

consolewith p/oay, £4,995
SHURE

Shure Portable Mixers Need attenion 4@ .£55ea
SECK

Seck 24/8/2 with flight case £995
SOQUNDCRAFT

Soundcraft Sapohyre NEW .. POA

Soundcraft 2400 98 channels, 24 monitors

ploay, bargraph metering, private use £7,995

Soundcraft 1600 24/8/24 p/oay £3,995

Soundcraft 600 16/8/16 p/oay £2,995
SOUNDTRACS

Soundtracs Quartz 48 channels, 96 Inputs in remix,
pibay, Automation £15,995
ERIC 64 ins. patch & Tracmix ¢ Automation. . ....POA

£RIC 56 1ns. patch & Tracmix @ Automation POA
iL36/32 + pfoay & automation . .. POA
Solo NEW Call for free brochure & demo

Jade NEW Call for details & demo
Soundtracs 24/8/16 42 line inputs In remix,

32 with eq & 100mm faders. .£1,750

CP6800 40/24 + pfoay with Tracmix Auto . .. £7,995

Sounditracs FME12/2 as new £1,495

Soundtracs FM8/4 (2 available) ..£995ea
SOUNCTRACS MEGAS SALE®*

Megas 32/24/24 |ittle use, AS NEW £6,995

Sounditracs Megas New

40/24/24 with Tracmix 2 Automation. POA

Sounditracs Megas New 40/24/24 with patchbay

plus Tracmix 2 automation J POA

SSL G-Series 72channels POA

SSL 4000E 48 channels, E computer, P/bay,

Private use only POA

SSL 4000E 48 channels, Total Recall, G Sertes . _.POA
STUDIOMASTER

Studiomaster 16/16 immaculate £1,250

Studiomaster 24/8 vac. . £1,250
TAC

TAC Scorpion 16/8/8 .£2,500
TRIDENT

Trident Vector 56 chs.+ Auto .POA

Trident Series 80 32/24/24 . POA

Trident Series 80B 56 ch POA

Trident TSM 32/24/24 frame Mosses &

mitchell bantam pfbay fitted 29 cn £8,995

Trident TSM 40/24/32 Mosses & Mitchell

Bantam p/oay VGC POA

YAMAHA
Yamaha PM2000 36/6/2 front of house desk. Private
studio use only. IMMACULATE £3,995

RECORDERS
ALESIS ADAT
Part exchange your old recorder for 1 or more of

these amazing machines. .Call for details
AMS AUDIOFILE

AMS Audiofile. Please call for detalls. POA
FOSTEX

Fostex G16S with sync card immaculate. ......... £3,300

Fostex E16 Serviced (3 months wananty).... ... £,500

FostexE8 . . £995

902 track with centre track for time code........£550

Fostex 4030 syncroniser + remote........ . ..£1,950
FOSTEX SPARES

Fostex B16 full remote £195
MCl

MCI JH110 2 track, 71/2-15-30ips. 1/4° &

1/2" nead blocks . £1,500
MITSUBISH! *Special Offer*

Mitsubrshi X880 3¢ track " POA

Mitsubishi X850 32 track ... . . POA

Mitsubishi X86 € track 20 bit ready POA
OTARI

MXBO MK 24 track with remote. Immaculate ... POA

MTRI0 MK 16 tr pre wired 24 tr +remote. vgc£3,995

Otari MTR12 2 track .. . POA

Otari MTR10 2 track POA
OTARI SPARES

Otari MX80 audic cards £250ea

MXB0 32 channel 2" block + B audio cards ... £1,995

Otan CB111 transport remote . £95
REVOX

Revox PR99 £695

Revox B77 MK2 £595

Revox A77 £295
SATURN ** Special Offer**

Saturn 624 24 track with remote

Only 1 months use. AS NEW £11,995

Satum 624 24 track with remote.

Private use VGC £9,995

Satum 824 24 track with remote, autolocate

& auto/alignment. ... .£11,995

Soundcraft Sstum 824 24 track with remote

autolocator, auto/alignment £6,995
SONY

Sony PCM F1+ Betamax. . . .£550

Sony 701 +C9. . POA

Sony TCD D10 portable DAT £795

Sony DTC100CES new heads £695

Sony DTC1000ES .£595
SOUNDCRAFT

760 MK3 24 track with remote. Serviced .. ......£5,995

Soundcraft 381 8 track 1" + remote,

Just been serviced by Soundcraft. £1,500
SOUNDCRAFT SPARES

Soundicraft MK3 24 track remote £295
STUDER

Studer ABOO MK3 24 track.. .. .POA

AB27 24 track with remote. Only 1,000 hrs £22,000

Studer AB12 @ track as new POA

Studer AB20 8 track with Dolby A POA

Studer B67 in conscle .£495

Studer AB10 2 track - .£1,500
STUDER SPARES

Studer ABD MK2 16 track h/block . £995

Studer ABOO 24 track audio remote . £1,250
TEAC/TASCAM

Tascam MSR16 DBX.. £2,995

Tascam MS16 private use vge. _£1,995

ATRO0 16track 1* with DBX. Immaculate .... ... £2,995

3M
3M M79 24 track with remote & XT24 private

use.Immaculate.one of the last M79's made.....£5,995

3M M23 4 track 1/2° collectors item .. .. OFFERS
SPECIAL OFFER**

TIMELINE LYNX SYNCRONISERS

Supplied with full 1 year warranty. ... .Call for details

All used equipment subject to avallability. All used & new prices exclude VAT

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 | set a complete uodated used st out to you within 48 hours!l

DIAL-A-FAX 0336 413733

For a complete up to date list of our used and new equipment with pnces please use our DIAL A FAX SERVICE
dial 0336 413733 on your fax machine and press start when indicated (Calls @ 36p per min cheap rate 48c per min ll other umes).

EQUIPMENT FROM AUDIO WAREHOUSE

SOUNDTRACSZ e

Mixing consoles u

The Soundltracs nsme in synominous with conscle quality. We stock them alf from the jow-cost Soic to the
stunning Jadle Production Console. Call for FREE brochures

NEW Soundtracs Solo  From £2,805 to £4,320

16, 24 and 32 frame sizes available offering 40, 56 and 72 inputs in remix. In-line format with the addition of 8
floating buses. Automated MIDI muting on all
channel/monitor inputs. 4 band EQ with 2 swept mids.
4 stereo FX retums with @ band EQ. You won't get
better quality at this price.

Soundtracs Megas From £7,164 to £15,856
Available in 5 frame sizes with 16 and 24 track routing.
Programmable MIDI muting and optional Tracmix 1|
dutomation system Best mixer in class!

Soundtracs Jade From £26,176 to £43,631

When pros like: Steve Lipson, Paul Fishman, Charlie
Skarbeck, Stevie V and ICC studios all buy the same
console - you KNOW its got to be good.

Quality Audio for Professionals

TLA produce top quality audio products that demand your attention. Value for
money + no-compromise design. Call for FREE brochure.

Portabie 4:2 Professional Mixer £1295

Pertabie mixer for film, video and ENG professionals.

TLA Power Amps from £575

Professional amps with optional plug-in signal processing. VCA Active
Crossover, Limiters and Remote Control. Also available ST1100 1U 100watt
stereo amp

TLA Mini Amp £299

Compact, robust high quality power amplifier. 2 x 100watts.
TLA Studio Furniture

Two ranges of quality fumiture.
Classic Neve EQ £1495

Two classic EQ modules in a IU unit
Bal Mic/Line inputs. Phantom power

KRK Now Available in the UK - At Last!
KRK Afonitoring Systems from the USA are at last available in the UK from Atdio

. G Warehouse. Just check out the popular Mode! 9000.

KRK Model 9000

Sets new world-Class standards for compact close field listening. The 9000°s
drivers are made from Keviar The 9* woofer uses a copper wire edge-
wound voice col for increased power-handling while the Tweeter
uses KRK's inverted dome design for very low distortion and excellent
off-axis response.

Some KRK users...

Billy Joel, Sting, The Piant Recording Studios, Pauil Fishman, Bob
Clearmountain, Konk Studios, MCA, Bruce Homsby and more.

ALESIS

Alesis ADAT digital
In stock NOW at Auctio Warehouse. Call for FREE brochure!
Part Exchange your existing multitrack recorder
Want to 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 to cur ADAT
expert, Mr Steve Gunn,

Gl

Manley Valve Technology Mics

M et~ Audio Warehouse is YOUR UK source for these superb mics from the USA
plela £ Reference Series

Regarded by some as some of the best mics in the world.

3-micron GOLD diaphragms with black plate design.

FULL-GAINBLOCK efectronics design.

CR3-A - A cost effective 48V FET mic for broadcast & general studio.

Baby Tube - Singie triode wbe, great for close miking

MANLEY

BY VACUANS TUBE LOGIE  AMECA

TEL

0462 480009

FAX: 0462 480035

TEL: 0462 490125
FAX: 0462 490126 LARKING

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

STEVE
GUNN

TONY

UK s Largost stockist of new an used pro sudic sqUIpMAL.—..

Delivery arranged woridwide.

D

SO
tony larking professuonal sales
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Tokyo’s Sam Studio—uniquely equipped with SAM I horn-loaded monitors

PLAY IT AGAIN SAM

apan’s Sam Corporation has been in the news of late, The room used for the production of these radio programmes
ever since it bought out Steve Flood’s Master Rock is based around a Soundcraft 200B desk with Technics CD
Studios in London—home of the only other Rupert players and turntables, Sony DTC 1000ES DAT machines,

Neve Focusrite Forte outside of Electric Lady Studios in  Otari BTR10 open reels, and Sony and Pioneer cassette decks.
New York. Master Rock has thrived from the association, with ~ As anywhere in Japan, space is used efficiently with the
the Japanese connection providing a steady stream of Japanese  equipment surrounding a central booth for voice-overs.

work for the Kilburn-based studio and Sam Corporation has In line with Sam’s self-sufficiency, the building also boasts a
gained considerable prestige from the link. small MIDI-based commercial studio used almost exclusively »
Sam Corporation Tokyo is based in a five-storey building in
the Shinjuku-ku region of the city and houses a Neve
VR60-Flying Fader-equipped recording studio, a radio studio In the Wake Of the Jap anese Sam

d production division, a keyboard studio and offices for th 10n’ tich’
and production dvsion, s kyboard siadioand offes o the - Corporation’s acquisition of British’s

Artists. Sam Corporation also has premises in Kobe where Master ROCk, Zenon Schoepe Visits

company President Masao Suzuki first started making

programmes for radio stations and this work is continuedin {1 @ Corporatlon’s Tokyo studio to
Tokyo with programmes prepared for Kobe Kiss FM, Yokohama 0

FM and Tokyo FM as well as Japanese language programmes talk klt, CaSh and CUlture

for foreign broadcasters.
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Coach Audio Sales

Schiren 12, D-6670 St Ingbert
Tel: (06894) 4717 and 4127
Fax: (06894) 383379

OTARIDTR 900, 32 track dlgltai

89.9000M
STUDER A-800, 24 track, MKII/MKIII loc. .rem.
35.9000M
STUDER A-827, 24 track, loc.rem.
47.800DM
SOUNDCRAFT 760, 24 track,loc.,rem.
14.9000M
AKAI'DD 1000, used/gebraucht
15.9000M
STUDIO MAGNETICS, 24 track
14.9000M
AKAI S1100
4.9000M
AMEK MOZART, 56 frame /Rahmen,
40 mono channels
POA
SOUNDCRAFT SPIRIT Studlo, 24/8/2
6.7800M
SOUNDCRAFT SPIRIT Studlo, 32/8/2
8.2850M
SOUNDCRAFT SPIRIT Audio, 24/8/2 Auto
10.080DM
SOUNDCRAFT SPIRIT Audlo,32/8/2 Auto
12.180DM
SOUNDCRAFT SPIRIT Live, 24/3
3.8400M
SOUNDCRAFT SPIRIT Live 4, 24+4/4/2
4.3500M
SOUNDCRAFT SPIRIT Live 4, 32+4/4/2
5.7500M
SOUNDCRAFT Sapphyre, 28/2, ex-demo
32.9000M
EVENTIDE Harmonizer, H3000, SE
P.O.A
LEXICON 480 + Larc
16.9000M
LEXICON 300
7.9000M
SOUNDCRAFT 3200, 36/32, VU-Meter
POA.
ALESIS Adat, new!
6.4900M
ALESIS BRC contral, new!
3.5000M
BSS-DPR 402, comp./lim
POA.
FOCUSRITE, Red Series, RED ONE PO.A.
FOCUSRITE, Red Serles, RED TWO P.O.A

Angebot freiblelbend - Prelse netio zzgl. MWSt
Offer subject to change — net prices,
V.A.T.Is not Included !
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for the production of jingles and
commercials for advertising
companies and radio stations. Two
booths feed a Soundtracs MRX
32:8:16 and a Fostex G16 in a 15m
control room peppered with
keyboards and modules throughout
including Akai samplers, E-mu Emax
SE and E-II1, Roland D550, Korg M1,
Oberheim Matrix 1000 and Yamaha
DX7IIFD running from Atari
computer-based sequencers.

Property is extortionately
expensive in Tokyo and Sam’s real
estate investment must be made to
earn its keep. Consequently the
building was as busy at 9pm as it
would be expected to be during
daylight hours—as the world’s

daylight shifts Sam Tokyo has offices in London and New

York to liaise with.

However, working through the night is commonplace in
recording studios throughout the world and Studio Sam
was working late at the time of the visit. The studio had
recently played host to the actor Yuzo Kayama and
Hitoshi Ueki, Yume, Toru Kazama and Isako Washio
—names that may not be familiar to Westerners but
represent the up and coming hopefuls on the Japanese
scene and is very much in line with the facility’s position
as a middle market recording venue.

Middle market means Sam goes out for around £170
per hour compared to the £400 per hour that can be paid
in other places and the absolute bottom cut-off point for a
Neve VR60-equipped room of around £100 per hour. For
the money Studio Sam offers a 33m? control room and
32m’ live area with a separate machine room housing the
essential Sony 3348 plus an Otari MTR100A with Dolby A
and SR on a commercial basis to all including Sam
artists. Other machines include Studer A820 with /. and
'/-inch blocks and an A812 with Gauss and JBL horned
SAM 1 custom monitors powered by Amcron amps in a
room designed and constructed by JVC—yet another
little-known string to this Japanese giant’s bow it seems.

While claiming that Japanese engineers ‘expect large
consoles with lots of inputs to handle a Sony 3348
multitrack and the newest auxiliary equipment’, Sam
Corporation Producer Tsuneo Kawagiri comments that
competition on price among studios is not unheard of but
mostly at the lower end of the market.

‘There is a little, he adds, ‘but, it is not nearly as bad as
it has become in Britain, for example. This is because we
don’t have to, because there is enough work to go around.
We can sell on service.

T don’t think you can expect to see loads of stunningly
well-equipped studios opening in Japan in response to the
market’s health but, at the moment, nobody is going
bankrupt,” says Kawagiri. ‘But there will be growth and
when the standard rises across the board, which it must
eventually do, perhaps then we will start to see some of
the smaller studios starting to suffer.’

Much of Sam Studios’ work is handed down from the
major record labels whose artist roster far exceeds the
capacity of their in-house recording studios. However,
Kawagiri adds that Sam is particularly keen on involving
itself with young talent even though most Japanese
artists share the prospect of only limited global
penetration and will rely almost exclusively on the
Japanese domestic market due most notably to the
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language barrier. 'I‘hese circumstances make the
Japanese recording industry’s health all the more
surprising.

Bearing this in mind, what are the benefits from the
Japanese point of view of a tie-up with a Western studio
like Master Rock?

‘Many Western engineers are more talented than the
ones we have in Japan. We have a totally different
background and culture and it is more difficult for our
engineers to work with foreign clients,” says Kawagiri.
‘The solution is for foreign clients and engineers to come
here and use our facilities or work with our artists or for
our artists to travel abroad.’

Kawagiri also believes that Japanese engineers will
benefit from the interchange of ideas between Western
and Eastern engineers and that was what the buying of
Master Rock was all about—putting the Sam Corporation
in a very strong position among Japanese studios.

‘Big record companies are divided across many
territories and could draw on all the influences open to
them, but they don’t. Sam Corporation, while relatively
small, is unique in this respect,’ Kawagiri says.

An enduring memory of Japan is the degree of loyalty
of studios to each other—it is difficult to illicit a bad word
from a studio about is competitors, something that is far
easier to provoke in Europe, for example. Given this
united front I asked Kawagiri if the Sam tie-up with a
Western studio was a popular decision in Japan.

‘For something like this to happen is very rare,” he
replies and when pressed about whether the act was
deemed a little precocious, merely adds ‘They are
surprised’.

However, Kawagiri believes that the implications of
such an East-West link have not been lost on other
Japanese studios which, in his opinion, are now
considerably more receptive to the idea. Any takers? M

Japan: Sam Tokyo, 10-8 Yocho-Machi, Shinjuku-ku,
Tokyo. Tel: +81 3 3359 7330. Fax: +81 3 3359 7021.

Zenon Schoepe is a freelance pro audio
journalist with a long history of
international magazine editorial who
contributes regularly to leading

international titles. His experience of audio
is wide, and he continues his activities as
songwriter, musician and sound engineer.
Zenon also runs his own well-equipped
private recording facility.
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0 Dolby SR at Ronnie Scott’s

.
Ronnie Scott’s Jazz Club (071-439-0747)

Live recording is one of the most demanding
of all types of recording. At Ronnie Scott’s Jazz Club
they exclusively use Dolby SR on multitrack.

‘With the kind of no compromise live recording [ make,

I need a system which can capture the full dynamic range of the
music and the quality of the perfomance, with no compromise.
Dolby SR is the only choice for me.’

Chiris Lewis — Engineer/Producer, Ronnie Scott’s Studio

(ZZ, capture the full performance, choose Dolby SR.

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

Doiby Laboratories Inc ~
Wootton Bassett * Wiltshire SN4 8QJ » Tel: 0793-842100 » Fax: 0793-842101 8
100 Potrero Avenue * San Francisco CA 94103-4813 « Tel: 415-558-0200 « Fax: 415-863-1373 0

W93/016

Dolby and the double-D symbol are trademarks of Dolby Laboratories Licensing Corporation
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SIPUBEN

Cambridge Signal Technologies, Inc.

ACOUSTIC ENVIRONMENT CORRECTION

Distributed worldwide by:

FRANCE
D.D.D.
(01)-42 467 01 86

GERMANY
Audio Export
{07131)-62470

ITALY
AudiolLink
(0521)-598723

SWEDEN
Areco Music
(08)-644-1700

THE NETHERLANDS
TransTec
(010)-4147055

UNITED KINGDOM
Munro Associates
(071)-379-7600

CANADA
Applied Electronics
(416)-625-4321

BOSTON
Parsons Audio
(617)-431-8708

CHICAGO
WAVNet
(312)-889-5532

LOS ANGELES
Audio Intervisual
(213)-845-1155

NEW YORK
Studio Consultants
(212)-586-7376

JAPAN
Electori Ltd.
(03)-3950-6266

KOREA
Avix Trading
(02)-565-3565

TAIWAN
Gestion Taycan Int'l
(02)-562-3883

AUSTRALIA
ESA Audio
(03) 562-4605

Totally new digital technology for compensating for the
loudspeaker/room interaction, providing accurate tonal
balance and stereo imaging.

*

*

Automatically measures direct sound and room relections
Adaptively designs inverse FIR digital filter

Corrects direct response and early reflections

Delivers high resolution, up to 100 corrections per octave

24 DSP architecture for maximum speed and quality
without excessive signal delay

Designed and manufactured by:
Cambridge Signal Technologies, Inc.
One Kendall Square, Building 300
Cambridge, Massachusetts 02139
Tel.: (617) 225-2499 Fax: (617) 225-9034

Munro Associates

Acoustic Consultancy and studio design services
Sole distributors for SIGTECH, LMS, LEAP and MLSSA

“The Studio”

1 Book Mews
Flitcroft Street
London WC2H 8DJ
Tel.: 071-379-7600
Fax: 071-497-8737

Licensed dynaudioacoustics wmonitoring House
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EADLY EMBRACE

Ins and outs of
synchronising
digital audio in a
video environment.
Chris Meyer dances
to the music of time

‘ ynchronisation’ used to mean getting
two or more multitrack tape decks to
agree to be at the same place at the
same time. Maybe they took a bit
longer than you would like to get there, and if you
forgot the golden rule and spread a multi-mic
recording across decks you got a bit of phasing,
but for the most part it worked.

A decade ago MIDI entered our lives, and with
it a couple mbre ways to synchronise these new
virtual recorders called drum machines and
sequencers to our decks. But in time we mastered
that as well.

Then came the double-whammy: the increasing
call to synchronise multitrack audio to video, and
the advent of digital audio recording. Sometimes
the fool things refused to even go into Play; other
times, they would play alright but slowly drift out
of time the further they get along the tape. .. It's
not voodoo, it’s not ill temperament, it’s just that
these new friends have rules—very strict rules
—that we have to know and follow. I will try to
explain those rules and to follow (or creatively
break) them in practice.

Clockwork audio

To understand why it is difficult to synchronise
digital audio, first we should understand the
nature of analogue versus digital signals.
Normally, sound is the fluctuation of either air
or electrons and magnetic fields (when we record
and play back) at a rate somewhere between
20 and 20,000 cycles per second. When we record
these vibrations, we use a mic to create electrical
signals that fluctuate in a similar pattern, and
these patterns are recorded on a piece of rusty
cellophane. Reverse the process and we have good
old vibrating air again. Digitising audio changes
this process considerably. Instead of keeping
sound as a continuously varying signal, the
audio’s level is sampled periodically with the
resulting number being recorded along instead.
The sample rate is typically 48,000 times a second
for DATS, 44,100 times a second for CDs, and
accasionally 32,000 times a second for broadcast

applications. When you want to play it back, you
have to recover these numbers and convert them
to an electrical signal at exactly the same rate.

And therein lies the rub—you have to worry
about that sample rate throughout the entire
process of working with digital audio. If you use
different sample rates, at best it will be as if you
nudged the varispeed knob (the result being
off-pitch and off-speed playback). Worse still, if
you intend to pass this digital signal onto another
device or mix it with other digital signals:
everyone must agree on exactly what that rate is
and exactly line up each sample in one signal with
one corresponding sample in the other signal, or
else the entire process falls apart—sometimes
rather noisily.

The enforcer

When you connect one digital audio device to one
other, usually none of the above problems arise.
The common AES-EBU digital audio interface
transfers the signal in such a way that the
receiving device can figure out the sample rate
and each sample arrives at the same time it is
decoding the numbers themselves. As long as it
uses this derived sample clock, there are no
obvious synchronisation problems.

In theory, the sample rate clock is always
rock-steady, and digital audio devices usually
have good clock sources built in. In reality, a
derived sample clock may actually have a bit of
jitter {digital wow and flutter), which will cause
errors in the way the audio is reconstructed that
are similar to those that would occur if you had
not measured it accurately in the first place. (This
is why some digital audio devices mysteriously
sound better when running on internal clock as
opposed to being slaved to another device.)

Again, a far worse situation is where you have
more than one signal flying about. For example, if
you are trying to record two digital audio
devices—such as a pair of DAT players, or the
outputs of two digital signal processors—to a
digital audio multitrack recorder, you have to
decide which one the multitrack should slave to. If
the other input is running slightly off-rate, the
result is clicks and pops, or in extreme cases, even
muting, where individual samples do not line up.

If you have two devices, such as a digital signal
processor and a digital mixer, connected in a loop,
you run into the interesting scenario of the send
running from mixer to the processor, making’it a
sample rate slave to the mixer, and then running
the output back to the return of the mixer making
it a slave to the processor. The result is a ‘deadly
embrace’ where each one depends on the other to
move forward, and quite often the result is every
one shutting down.

There are three solutions. The first is just to
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use analogue audio to pass the signals around
(negating the entire purpose of this exercise). The
second is to usc a sample rate converter to reclock
the errant si!al. Sample rate converters or
analogue connections are required when running a
system with mixed sample rates, such as
mastering from a 48kHz DAT recording to a
44.1kHz CD.

The third (and preferred) solution is to set up a
master sample rate clock, and have all other
devices slave to that clock. With one master, there
can be no argument about who is supposed to run
the show. In an audio-only studio, this means
looking for a separate word clock (typically on a
BNC connector) or DARS (Digital Audio Reference
Signal, which is an AES-EBU with no audio—just
clock) input to ensure you have a way to slave
each device.

The second clock

In many ways video is just like digital audio; you
need to follow a master clock or nothing will work.
The problem is, video runs at a different rate than
audio, and in matching together these two rates is
where the real aggravation begins.

Sight, like sound, is normally a continuous
phenomena. Like digital audio, film and video also
‘sample’ images discretely and store them as
individual frames. Play them back in the same
order at the same speed, and the original image is
more or less reconstructed in a fashion that fools
our eyes into thinking they saw the original.
These ‘sample rates’ are 24 frames per second (fps)
for most film, 25fps for PAL and SECAM video,
29.97fps for NTSC colour video, 30fps for NTSC

It’s not voodoo,
it’s not
ill temperament,
it’s just that these |

new friends have
rules—very strict
rules—that we

have to
know and follow

55


www.americanradiohistory.com

MIDI

SYNC:

Tape decks and hard disk recorders are not the
only devices we have to worry about
synchronising these days—there are drum
machines and MIDI sequencers as well. Not only
do these have their own kinds of sync, they also
have more than one way to synchronise.

In the very earliest days, drum machines were
slaved to tape by recording their equivalent of a
click track. This click track ran at the smallest
timing increment the drum box could deal with
(typically a 96th or 384th note). There were two
main problems with this system: you had to
determine the tempo map and any changes before
you recorded it, since each click represented a
hard increment of time; also, you always had to
start the tape from the top to make sure you were
in sync, since each click had no way of telling you
where it occurred in the song or how far it was
from the downbeat of a given meaSure.

MIDI Clocks in their earliest form were almost
an exact copy of this: one was sent per 96th note
of the tempo map, with the main embellishment
being the addition of Start, Stop, and Continue
messages to let a slaved device know the master
had indeed stopped or started. Several boxes
subsequently appeared that could convert back
and forth between ordinary drum machine clicks
and MIDI clocks.

The secret weapon of MIDI clocking, however,
is the Song Position Pointer (SSP). This is a
location message that tells you precisely how
many 16th notes (semiquavers) you are from the
top of the song. Follow it with a Continue
message, and subsequent clocks make a lot more
sense—they are increments from the location
related from the SPP. More or less in parallel
with this came Smart FSK, which was a more
advanced drum machine click that also encoded
the number of the beat along with the beat itself.
But it still locked you into a tempo once you had
printed it, and required a translation between it
and the more common studio synchronisation
standard of SMPTE time code.

Then came MIDI Time Code (MTC); believe
me—] wrote it. Several years ago I was interested
in creating sound effects for picture, and wished
there was some inexpensive way to feed SMPTE
code into a drum machine or sampler so they
could more directly slave to video. MIDI is not
fast enough to send a message for every bit of a
normal longitudinal SMPTE stream, but it is
more than fast enough to carry a message per
frame of video (which is what SMPTE actually
counts off). Sound effects editors told me they felt
they needed at least half-frame timing resolution
to get the feel right; sound effects synchronised
directly to film are often slipped by sprocket hole

black-and-white video.

Video is also like digital audio in that all video
signals must be precisely synchronised and
running at exactly the same rate in order to mix
or edit any two of them together. When video and
digital audio are to be combined, then some
relationship between the two must be established
and adhered to, or else the two will lose their
sync—and people lose their minds, if not their jobs
or lives.

The most important thing to remember is that a
precise number of digital audio samples must fit
into the length of each video frame, and under
most circumstances, this number must never
change. You can not assume, say, the video deck is
running at exactly at 48,000.0000 samples per

56 Studio Sound, July 1993

CLOCKS AND MTC

increments (which occur four per frame).

It was decided that MTC should send a new
message every quarter-frame to deliver this
resolution. I came up with a fairly clunky way to
do this and Gerry Lester (formerly Chief
Engineer of Adams-Smith who now works for
TimeLine) came up with a more elegant method
that encoded one digit of the absolute SMPTE
time inside each message along with a number
telling you which one of the eight digits this one
was. There are also additional flags that tell the
receiver what the counting method is: 24fps,
25fps, 30fps drop-frame, or 30fps non-drop. MTC
does not say explicitly what the frame rate is;
that is to be inferred from how fast you actually
receive the messages. Unfortunately, many MTC
devices (including one I designed several years
ago) assume that a counting method of 30fps
non-drop means a frame rate of 30, when it may
be actually be sent at 29.97fps (the rate of NTSC
colour video). This little detail has caused no end
of trouble for MIDI musicians trying to work in
audio-for-video situations.

MTC is often tagged as an inaccurate, semipro
version of SMPTE, but this is not entirely fair.
Since it is transmitted serially instead of read off
of tape, it is like the more sophisticated Vertical
Interval Time Code (VITC) flavour of SMPTE in
that you can pause the tape or shuttle it fast and
still be able to read an accurate time. It only
sends a message every quarter-frame compared
to 80 bits per second for longitudinal SMPTE,
which initially makes subframe resolution appear
limited, but finer increments can be interpolated
between these messages (indeed, SMPTE readers
often only look at whole frame edges and
interpolate 100ths of frames between these
themselves). Also, if sent properly, MTC actually
has less timing jitter than called for in the
SMPTE specification.

However, most MTC generators are not that
diligent in their timing. Merge MTC with other
MIDI messages, and a quarter-frame could get
nudged by up to several milliseconds, having
anything from an inaudible to drastic effect on
the timing. MTC is also rarely resolved to follow
video sync (another source of semipro grief). For
these reasons, it is never used as a master with
which to slave audio or video or recorders of any
stripe. It is also often misused in situations
where a drum-machine-like click track would
actually be better, since different devices have
different mathematical errors in converting from
absolute SMPTE-like time to the relative time of
tempos and beats. But as a way to get
SMPTE-like timing into a MIDI-capable device, it
remains exactly what the doctor ordered. l

second, and therefore everything will
automatically work out—you must precisely slave
the audio rate to the sample rate.

Video studios are already used to the idea of
having one master clock that every piece of
equipment must slave to. It is commonly called
‘house sync’ although it is also known as ‘video
sync’ or black burst’ (that latter being a video
signal with no visual information; just timing
—like DARS is to audio). If you want to introduce
a digital audio device into such a studio, try to
make sure it has one of these connections and can
slave its sample rate clock to that video clock. This
is the first recourse to making sure everyone stays
on the same page.

Failing this, you might still have the option of
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using a SMPTE time code input. SMPTE actually
came from the video world, and if on a video tape
it is usually running at the same rate as the video
signal itself. (There are times when some lower
form of life will record SMPTE time code that has
not been resolved—slaved to—the video rate onto
a video tape. Unresolved time code is the worst
kind of lie when you are trying to make studio
work. If your digital audio recorder lacks a video
sync input, make sure it resolves its sample rate
to follow the SMPTE rate exactly, and you will
still be sitting pretty. However, note that SMPTE
tends to be a less stable signal than video sync,
which can raise the possibility of reduced audio
quality as mentioned above.

Not all digital audio recorders with SMPTE
inputs can slave their sample rates without
additional hardware, many will remember the
SMPTE time they started recording, but will use
their own internal sample rate clock to actually
record the audio. Even more devious, some will
record unresolved, but then play back resolved
—and when those two sample rates do not match
exactly, you get drift rather than airtight sync.

From this, we can derive two rules of
synchronising digital audio to video: make sure all
devices and time codes are slaved to the same
master clock (preferably video sync), and make
sure you play back under the exact same
conditions under which you record.

Breaking the
system

What these two rules do not take into account is
what happens when someone changes operating
conditions such as the video or audio sample rate
somewhere along the line.

Those who work strictly in PAL or SECAM
video have it relatively easy: The video rate is
almost always the same. Follow the two golden
rules, and things will work out most of the time.
There is the problem of when film is dubbed to
PAL or SECAM video by merely speeding the
frame rate up from 24fps to 25fps; your slaved
digital audio recorder may not be able to track the
4.2% increase in speed, and if allowed to run on its
own clock will fall drastically out of sync with the
dubbed video. In such a situation, transfer to an
analogue deck capable of following the shift might
be the only solution.

Far worse are the horrors of NTSC video and
the two rates of 29.97 and 30fps. the simplest
mistake to make is when a music studio uses a
frame rate of 30fps either to create a project on P>
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sync, which can
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possibility of
reduced audio
quality...
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A Promise is a Promise...

There are a lot of multitrack digital audio workstations out there, but only one with
Otari’s name on it.

Right now, it seems like everyone is building audio disk recorders. The difference is, we'll still be build-
ing them in three years from now. Sure, Otari’s new ProDisk is the only system 1o give you up to 64

real tracks. True, it's one of the few to use standard SCSI devices so you won't be locked in as techno-
logy advances.

But as much as we'd like to tell you about the rest of its great features, the most important thing about
the ProDisk system (given the changes that are certain to occur in this technology)
is the name Otari up front — a name that professionals around the world have come
to trust for product support and customer service.

Speaking of the future, you can be sure that ProDisk’s open architecture allows for
hardware, software, and storage media enhancements as they come along, and that
it's plug-compatible with your future equipment.

And if you are familiar with Otari’s product philosophy, you know you're
getting the best possible value on the market. Most of all, you can be
sure you've purchased “Technology You Can Trust”.

Call Otari for complete information.

Sales & Marketing Europe: Technical Center United Kingdom:
OTARI Deutschland GmbH OTARI U.K. Ltd.

Rudolf-Diesel-StraBe 12 Unit 13, Elder Way, Waterside Drive
D-40670 Meerbusch 2 Langley, Slough, Berkshire SL36EP

Tel. (Germany).49/2159-50861 Tel. (UK)0753-580777
1 Fax (Germany) .49/2159-1778 Fax (UK)0753-542600 S
U® Telex (Germany) 8531638 otel-d  Telex (UK) 849453 otari-g ==
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SYNCING ANALOGUE
.~ TAPE DECKS

So how do good old-fashioned analogue decks
sync up? And do any of the same issues apply
when synchronising to video?

The equivalent of a sample rate clock in an
analogue tape deck is a tachometer control
pulse sent to the capstan motor. This pulse
usually happens at a frequency of 9,600Hz (in
countries with a 60Hz AC mains frequency) or
8,000Hz (in those with 50Hz mains). Changing
the frequency of this pulse changes the speed
of the tape deck. That is why Varispeed was
often referred to as VSO (Variable Speed

a speeded-up sample rate of 48.048kHz when
slaved to a camera’s pilot tone in order to be
properly pulled down to 48kHz when slaved to

~ on-location
recordings should
- be made at a
speeded-up
sample rate of

HHB DAT TAPE

INTERNATIONAL DISTRIBUTORS

BELGIUM: AMPTEC BVBA
Tel: O11 281458 Fax: 011 281459
Contact: George Lemmens

CANADA: STUDER REVOX
CANADA LTD
Tel: 416 510 1347 Fax: 416 510 1294
Contact: Dave Dysart

CZECH REPUBLIC: AUDIOPOLIS
Tel: 422 312 4087 Fax: 422 312 4083
Contact: Jan Adams

48.048kHz

Oscillator): what actually changed was the
capstan oscillator’s tach pulse frequency.

A tape deck synchroniser takes over control
of the capstan’s frequency by remotely feeding
it this pulse. It receives SMPTE tir22 code from
a track on the tape, and compares t}e speed of
that code to a reference such as the master
deck’s time code. If it finds the slave’s time
code drifting a bit ahead, it will slow down the
capstan frequency to compensate (and vice
versa). This has the same end effect as
changing a digital audio devices sample rate.

Whenever we mention changing the sample
rate to follow some timing kink in the road
when slaved to video, in essence the same
thing must be done to the capstan tach pulse
in the analogue deck as well. For example, if
an analogue Nagra tape deck was resolved to a
film camera’s pilot tone on location, and then
the film was slowed down by 0.1% to transfer it
to NTSC video or sped up by 4.2% to transfer it
to PAL or SECAM, the Nagra must also be
slowed down or sped up by the same amount to
keep everything in time.

This is the goal of synchronisation: keeping
everyone at the same relative pace. The real
difference when dealing with digital audio is
that, not only may you drift out of sync, you
might shut down altogether. B

DENMARK: INTERSTAGE A/S
Tel: 31 62 DD 26 Fax: 31 62 06 40
Contact: Finn Juul

FRANCE: DENIS THE FOX
Tel: 194038 01 12 Fax: 140 35 02 72
Contact: Denis Kahia

.-.AND: HILTGN SOUND SARL
Tel: 1 46 67 02 10 Fax: 1 47 89 81 71
Contact: Gabriel Nahas

video later. (The same rules apply to 44.1kHz
recordings as well.)

There’s more: not only does NTSC video have
different frame rates for colour and
black-and-white video, it also has two different
counting systems: drop-frame and non-drop-frame.
If you simply number successive frames 0-29
within each second, you would drift out of time
when compared to the clock on the wall. To make
up for this, every minute (except for even exact
10s of minutes, such as 0, 10, 20 and so on) two
frame numbers are skipped (dropped) to get time
code back in line with the real-world clock.

Many audio systems assume that if you are
using a drop-frame counting system, then your
time code or video sync must be running at
29.97fps, and if you are not, then it was really
running at 30fps. However, many people keep the
non-drop system when they stripe SMPTE even
though they are actually running at 29.97fps. If
you tell a digital audio recorder you are using
non-drop-frame code, it might assume the video is
running at 30fps and resolve its sample rate with
that assumption in mind; when you actually feed
it video sync or SMPTE at 29.97fps, the sample
rate is again slow.

After the first two rules have been observed, it
is this last puzzle that causes most other
audio-video synchronisation problems today. It
can most often be solving by lying to the audio
device and telling it that you are using drop-frame
time code (even if you are not), which will then set
it up to slave properly to 29.97fps.

Plan ahead:
work backwards

When trying to synchronise digital audio to video,
the best thing you can do is first decide exactly
where you want to end up in the relation between
the two (for example 48kHz with 29.97fps video).
Work back, keeping the ratio between audio and
video rates intact no matter what. Then record at
the rate you end up with, always resolved to some
master clock that is also locked to the video.

Since not every system today can take every
possible combination into account, there might be
times when you have to be creative about lying to
your equipment—or even have do the transfer
through analogue or a sample rate converter. But
once you have this road mapped out, you will
make it to your final destination intact. l

GERMANY: RTW GMBH
Tel: 0221 709 1339
Fax: 0221 709 1332
Contact: Helke Klotsch / Rolf Knelsel

GREECE: KEM ELECTRONICS O.E.
Tel: 01 647 8514 Fax: 01 647 6384
Contact: Thimios Koliokotsis

ISRAEL: MORE AUDIO
PROFESSIONAL STAGE SYSTEMS LTD
Tel: 03 6956367 Fax: 03 695007
Contact: Chanan Etzioni

ITALY: AUDIO INTERNATIONAL SRL
Tel: 02 27304401 Fax: 02 25301008
Contact: Riccardo Zunino

NETHERLANDS: K&D PROFESSIONELE
ELEKTRO AKDESTIEK
Tel: 2526 87889 Fax: 2526 87362
Contact: Daan Verschoor

POLAND: STUDIOD DAVE
Tel: 22 26 49 12 Fax: 2 635 5262
Contact: Bogdan Wojciechowski

PORTUGAL: AUDIO PRO
Tel: 1 692456 Fax: 1 690924
Contact: Paulo Ferrelra

a digital audio recorder or to stripe a time code
track on analogue tape: when later slaved to
29.97fps video, things get slowed down and fall
out of sync. Remember the second rule: always
record in the same circumstances under which you
intend to play back.

More subtle is adding film to the equation.
When film is transferred to NTSC video, its frame
rate is actually slowed down to 23.976fps so that
film frames can be better matched to video frames.
If audio was recorded on location when the film
was shot, the chances are it that was resolved to a
50Hz or 60Hz pilot tone coming from a camera
shooting at 24fps. Say a DAT recorder sampling at
48kHz was resolved to this signal—if you took the
same tape and resolved it to still play back at
48kHz when slaved to a video signal at 29.97fps,
the audio will now actually be running too fast
since the visuals had been slowed down by 0.1%.

The old solution was to also slow down the DAT
player by 0.1%, so it was actually working at
47.952kHz when slaved. Of course, after we finally
figured that out, someone changed the rules again:
The new digital video formats such as D1 match a
sample rate of 48kHz (not 47.952) to 29.97fps
video rate, and they simply will not accept any
deviation. You might be tempted to just transfer
via analogue or a digital sample rate converter,
but this will do nothing to change the speed of the
audio itself—it still will be playing back slowly.
Instead, on-location recordings should be made at

SPAIN: KASH PRODUCTIONS SA
Tel: 91 367 5222 / 377 0068
Fax: 91 367 5209
Contact: Jim or Carmen

SWEDEN: INERSONIC LEAB
Tel: 08 7445850 Fax: 08 184354
Contact: Mikael Sjostrand

USA: INDEPENDENT AUDID
Tel: 207 773 2424
Fax: 207 773 2422

Contact: Fraser Jones

CHRIS MEYER is Chief Engineer at
Roland R&D in Los Angeles. He is
also a member of the MIDI

Manufacturers’ Association and has
written various aspects of the MIDI
specification

HHB Communications Limited

73-75 Scrubs Lane - London NWIO 60U
Tel: 081 960 2144 Fax: 081 960 160 Telex: 923393
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DAT122

ALL DAT TAPES ARE NOT THE SAME

In recommending DAT as the format for exchanging digital technology - HHB Communications — has developed a
audio®, the European Broadcast Union also warned its new range of DAT tupe providing a consistently higher level
members that the tape itself should be chosen of performance than conventional

with great care. Block errors, archiving Digital Audio Tapes in a wide variety

of professional audio applications.
We believe HHB DAT tape to be the
satest choice for professional users.

stability - even head wear are
atfected directly by the quality
and design of the tape and the

shell in which it’s housed. Post the coupon below and

In pursuit of the highest standards of we'll tell you why.

= excellence ADVANGED
= Europe’s leading MEDIA
supplier of DAT PRODUCTS

* EBL Technical Recommendation R04-1992

For further information and full specifications of HHB Digital Audio Tape, please complete and post this coupon:

Name: Organtsation:

Address: _

HIB Communications Lidl - 73-75 Scrubs Lane, London NW10 6QU. UK - Phone 081 960 2144 - Fax 081 960 1160 - Telex 923393
In North America: Independent Audio - 295 Forest Avenue, Suite 121, portland, Maine 04101-2000 - Phone: (207) 773 2424 - Fax: (207) 773 2422
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Digital Audio Mainframe

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

expect), sngineered to deliver legendary TC Electronic quality, 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 RAM 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 a 2U 19" 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 M5000 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 overthe-top specification, the
M5000 will never be obsolete. A dream machine today, the M5000 has many futures—this
s just the beginning!

OF DENMARK

t.c. electronic

Technology for today and tomorrow.

International Head Office DENMARK: Phone:{+45) 86 26 28 00 Fax:(+45) 86 26 29 28
AUSTRALIA: (03] 428 8737 AUSTRIA: (222) 601 17 BELGIUM: (0)11 281458 CANADA: [514] 738 3000 CHILE: (2) 231 2356
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he question that reverberates about the

US pro-audio industry at the moment is

whether the AES has become the Audio

Elite Society rather than the Audio
Engineering Society?

For those asking the question, the evidence
takes several forms. First and foremost is the
attitude expressed by many that the AES has
become too diverse an organisation and strayed
from its goal of serving audio engineers. Within the
Society, some members—including those in
leadership roles—have felt that the steady erosion
of the engineering base damages the Society’s
efforts to achieve its main purpose of disseminating
of technical information.

The Society, as stated in every copy of the
Journal of the AES, is organised ‘for the purpose of:
uniting persons performing professional services in
the audio engineering field and its allied arts;
collecting, collating, and disseminating scientific
knowledge in the field of audio engineering and its
allied arts; advancing such science in both
theoretical and practical applications; and
preparing, publishing and distributing literature
and periodicals relative to the foregoing purposes
and policies’. Throughout the 1960s the
membership was greater than 80% technically
trained, with the remaining 20% or less being more
applications orientated. A survey taken during the
first three months of 1993 indicated that those
proportions have roughly reversed. For the
technically trained among the 6,000 or so AES
members in the US—and among the 75,000
professional audio practitioners in the US—less
than 20% hold engineering-specific or
acoustics-specific technical degrees.

A further validation of the elitism charge could
be taken from the disparity between AES
memberships and industry practitioners, AES
having less than 9% of the total number of
individuals employed in audio.

Curiously, the number of university-trained
audio engineers and-or physicists in America who
enter audio engineering has dwindled to a trickle
from the thousands who graduated 40 years
previously. The emphasis on computer sciences and
defence related technologies in funding from the
computer industry, the defence sector, acrospace
companies and the Federal government created an
irresistible attraction at America’s universities and
colleges that swept the youthful but relatively
impoverished discipline of audio engineering out of
technology curriculums in the 1970s and early
1980s.

Coupled with the shift of more than 60% of
domestic audio manufacturing offshore during the
last 30 years, the pool of audio engineers trained
and at work in the US audio industry has shrunk
significantly. With so many of the consumer,
personal and project, professional and industrial
audio products sold today designed and-or
manufactured offshore, the number of engineering
jobs in basic and applied research, product design
and so on has declined by nearly 75%. What has
risen, especially in the United States and in the
United Kingdom is the number of university and
college trained music and-or sound recording
practitioners who own, operate, sell or install audio

What are advancing
technology and
changing priorities
doing to our
industry bodies?
Has the Audio
Engineering Society
become the Audio
Elite Society?

equipment and facilities. These graduates of what
are essentially labelled as music programmes,
undergo rigorous preparation in virtually all of the
traditional areas of audio engineering in addition
to being versed in musical performance and in
critical listening skills.

Yet the AES retains an original membership
framework that relegates those labelled less
technically proficient into the category of ‘associate
member’. In the past, this has meant that
graduates of ‘regular’ engineering programmes
have received greater recognition than those
bearing the tag of ‘musician’ on their diplomas.
After all, the instructions accompanying the
membership application clearly state that a
member ‘may be any person who: is active in audio
engineering; has an academic degree or its
equivalent in scientific or professional experience
in the field of audio engineering and its allied arts;
and is familiar with the application of engineering
principles’. It probably is appropriate to mention
that engineering graduates who focus on the audio
industry take a negative pay differential (read pay
cut) of 10% to 25% below that of their computer
industry-employed brethren.

Further complicating the issue of just who is a
member of the Audio Engineering Society is the
fact that the Society, once more-or-less a strictly
American organisation registered in the State of
New York, has become an international
organisation with nearly half of its total
membership outside the borders of the US. The
foreign memberships tend to have greater numbers
of full members in the regional sections but that
does not mean that the process of selection is free

A strictly American
organisation has
become an
international
organisation

www americanradiohictorvy com

from the same abuse as in the US. A member of an
section within the European Community
commented on his history with the AES, ‘After
several years as an associate, [ felt it was time to
request full member status. I did what was
required for paperwork and heard nothing for
several months. I inquired of the individual
responsible at a meeting and was told my
“qualifications were not sufficient”. Over the next
three years, I tried again several times. Each time
the outcome was the same. Then I was made
redundant at my company and promptly offered a
new position at a more prestigious firm. After
several months, the Managing Director suggested
that I try again for member status. It was quite
remarkable to see my change in grade sail right
through, despite the fact that nothing had changed
in my professional demeanour. Coincidence?
Perhaps.’

None of this is to say that the AES is a great
deal different from other technical societies
founded during the same era. The AES bylaws
were designed for a simpler time and a more
homogeneous technical population. They have not
held up over nearly 50 years but what else has?
The answer to the problem of membership ‘double
standards’ may be to consider the solution to a
similar problem opted for by the Board of
Governors of the SMPTE. With a similar
membership demographic, bylaw context and
organisational structure, what the SMPTE has
done is to call a special election to vote on changing
the group’s bylaws to eliminate the grade of
associate membership. In addition, the election is
to remove requirements for active (or full)
membership that measured eligibility in terms of
time spent in the industry and of chronological age.
Also earmarked for the ballot is the removal of the
requirements for sponsorship by active members.
What the simplified SMPTE structure would
consist of is a simple test of qualifying employment,
educational status or achievement that would, in
the Society’s words, ‘encourage and enable a wider
group of members to participate in the activities of
the Society.’

Now, it is clear that the AES, which is closest in
many characteristics to SMPTE, should consider a
separate but similar course of action. The
elimination of associate member status can serve to
open the doors of the AES to the creative elements
of an audio industry that more or less are excluded
now. It can build a bridge to the year 2000 and
widen the scope of the AES at a time when the
entry-level studio musician has emerged at the
practitioner and project level more or less
triumphant. The fact is that there are virtually no
recognised engineering programmes offering a
course specifically in audio engineering while there
are over 200 institutions offering courses of varying
lengths in audio as related to music and
technology. Even the bulk of the European
graduates operating as audio practitioners owe
their success to the Tonmeister programmes; which
have more in common with many of the music
technology programmes in the US than with pure
engineering. Nobody is faulting the efforts to keep
the AES’ standards high, one is only asking that
the reality of the marketplace be recognised. Il
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The music show of shows.
International marketplace.
For every aspect of music,

Pop, Rock, Jazz, Classical and Contemporary.

For every international music

industry professional
who’s into supplying professional hardware
to suppliers and studios around the world.

And those allied professionals

who make the music industry their own
concern.

. . . L) . .
Palais des Festivals Itssmctlybusmess
Midem is in the business of creating business,
Cannes — France in Cannes. With live television performances,
concerts and showcases. Buzzing with talent,

30" Jan-3"" Feb 1994 opportunities and the hottest deals around.

Take a stand

and create a profile for your organisation.
It’s your headquarters away from home.

For more information contact: Peter Rhodes, Advertzse . . i
Reed Midem Organisation Ltd Be seen and heard in the Midem Preview,
Metropolis House, ' Midem Daily and the Midem Guide, and

22 Percy Street, London W1P 9FF. get your message across loud and clear.

Tel: 071 528 0086. Fax: 071 895 0949, And hurr

You may even qualify for a DTI subsidy, providing
Reed Midem Organisation R
§ A member of Reed Exhibition Companies your Stand 18 bOOked by September 30th.
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AES 95" Convention

AUDIO IN THE AGE
OF MULTIMEDIA

October 7-10, 1993

Jacob K. Javits Convention Center ®* New York

Science emphasizes detached observation, objectivity, and logical
deduction, but most who come away from the AES 95" and New York
City this fall will find themselves feeling anything but detached —the

combined dynamics of this city and this event simply won’t allow it.
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Pro Toors’, SounD Toots IT, AND PROMASTER 20"

DIGITAL RECORDING AND EDITING SYSTEMS.

Digidesign Intelligent Noise Reduction software makes
broadband noise and hum literally disappear from your recordings,
whatever the source. Analog tape hiss, pickup or preamp hum,
ventilation or other ambient noisc -— you name it.

DINR's proprictary intelligent noise modeling technology actually
learns the noise and removes it for you in real time. There’s no
guessing, no waiting, and virtually no audio coloration.
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You'll be amazed at how effective DINR is at making what goes
into your workstation come out sounding even better. And if
vou've looked at other digital noise removal systems, you'll be
cven more amazed at DINR's price.

So make noise do a vanishing act. For more information call your
local dealer listed below.
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F?“E “4 he comparison of error rates in RDAT

‘tapes made by Sam Wise (‘The Studio

| Sound Dat Tape Test’, May 1993, Studio

Sound) showed quite a disparity between

brands. I have been asked to cast an impartial eye
over the tests and the results and, via a detailed
treatment of the error correction strategy of RDAT,
draw some conclusions about the significance of the
tests for the user. Digital audio is no more than an
alternative way of storing or conveying the
waveform of air pressure or velocity at a
microphone. Instead of trying to vary some
continuous parameter like the transverse velocity of
a groove or the strength of magnetic flux as a
function of time, the magnitude of a series of whole
numbers changes. Whole numbers are
advantageous for recording because they are more
robust than variable waveforms. Timebase error
can be removed by buffering, so there is no wow and
flutter. A whole number is either right or wrong, it
cannot be off colour, and so error correction is
possible. A corrected whole number is
indistinguishable from the original.

The advantage for audio is that if the data from
the ADC are subsequently supplied bit-for-bit
accurate to a DAC, then the sound quality of the
system depends only on the quality of the
converters, and not on any attribute of the channel
through which the data passed. It does not matter
whether the channel was error free or whether it
made errors which were fully corrected, the system
will sound the same (unless 1t has a design defect,
such as the error correction chip power supply
interfering with the converter).

The whole reason for digital audio is that we can
focus all of our efforts on designing excellent

sounding quality; but the data channel in between
does not have a sound quality; it only has a DAT
reliability. We instinctively want that reliability to
be 100%, but in the real world 100% reliability does
not exist (that is the only thing that statistics can
actually guarantee). In practice there is a residual
error rate (the rate after correction) in digital audio
which is sufficiently infrequent that most people are
not affected most of the time. We are lucky because
the acceptable residual error rate in computer data
is something like a thousand times less. Thus digital
audio recorded on a computer data recorder is likely
to be somewhat overspecified, whereas it is not a
good idea to put computer data on an unmodified
digital audio recorder.

The residual error rate is the combination of the
raw error distribution of the medium-head
combination and the power of the error correction
system. If the error correction is made more
powerful, the medium-head can be worse, but the
system performance is unchanged. When powerful
error correction is cheap, as it is today, thanks to
LSI chips, it makes sense to reduce tape
consumption by making the tracks narrower and
the linear density higher. RDAT was originally
intended as a consumer product, and so it went
further in this direction than it might have done
had it been an ab initio professional use device.

RDAT error
correction

The error correction strategy of RDAT is extremely
powerful and uses product codes to combat the
combination of random and burst errors which are

The publication of
the first part of
Studio Sound’s
DAT test has raised
many questions
regarding the
format and the
testing. John
Watkinson casts an
impartial eye over
the results and
draws some
conclusions about
their significance

for the DAT user

seen on typical tapes. Random errors are due to
noise, either from the tape or externally induced,
whereas burst errors are due to medium defects,
such as pinholes in the coating, or head contact
problems caused by an imperfect transport,
contamination or ceasing. In the event that »
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Fig.1: The error protection strategy of RDAT. To allow concealment on replay,
Outer codes are generated on RAM rows,
errors. Flags pass through de-interleaved RAM to outer co

concealed after redistribution to real-time sequence

an odd-even, left-right track distribution is used.
inner codes on columns. On replay, inner codes correct random errors, flag burst
des which use them as erasure pointers. Uncorrected errors can be
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Fig.2: Left even/right odd interleave memory. Incoming samples are split into high bit (h) and low bit (1), and written across the
memory rows using first the even columns from L0-830 and R 833-1,439. For 44.1kHz working, the number of samples is reduced
from 1,440 to 1,323, and fewer locations are filled

errors become sufficiently numerous that correction
is impossible, the system falls back on concealment
rather than total failure.

Fig.1 shows a block diagram of the RDAT error
handling system which uses product codes formed
by producing Reed-Solomon codewords at right
angles across memory arrays. The audio samples
corresponding to one head revolution are routed to a
pair of 4kbit RAMs, one for each track, which have
128 columns of 32 bits each. RDAT works with
eight-bit symbols, and so each sample is divided
into high bit and low bit and occupies two locations
in RAM. Fig.2 shows only one of the two RAMs.
Incoming samples are written across the memory in
rows, leaving an area in the centre, 24 bits wide.
Each row of data in the RAM is used as the input to
the Reed-Solomon encoder for the outer code. The
encoder starts at the left-hand column, and then
takes a bit from every fourth column, finishing at
column 124 with a total of 26 bits. Six bits of
redundancy are calculated to make a 32-bit outer
codeword. The redundant bits are placed at the top
of columns 52,56, 60, etc. The encoder then makes a
second pass through the memory, starting in the
second column and taking a bit from every fourth
column finishing at column 125. A further six bits of
redundancy are calculated and put into the top of
columns 53, 57, 61, and so on. This process is
performed four times for each row in the memory.

The inner codewords are encoded when the
memory is read in columns. Fig. 3 shows that,
starting at top left, bits from the sixteen
even-numbered rows of the first column, and from
the first twelve even-numbered rows of the second
column, are assembled and fed to the inner encoder.
This produces four bits of redundancy which when

: i Counter| Accumulated DA-30
added to the 28 bits of data makes a 32-bit inner e ETE s DL
codeword. The second inner code is assembled by i T
making a second pass through the first two columns Remote control

of the memory to read the samples on
odd-numbered rows. Four bits of redundancy are
added to these data also. The redundancy in each

case is placed at the bottom of the second column. \ Computer
Each column of memory can be accommodated in AP |
one sync block on tape. The effect is that adjacent bus Y 87 i alnay |

z digi

symbols in a sync block are not in the same
codeword. The process then repeats down the next
two columns in the memory and so on until 128 sync
blocks have been written to the tape. This uses up
the PCM audio sector of one track. The contents of
the second RAM are written to the other track of the
frame.

Upon replay, the syne blocks will suffer from a
combination of random errors and burst errors. The
effect of interleaving is that the burst errors will be
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converted to many single-symbo] errors in different
outer codewords.

As there are four bits of redundancy in each inner
codeword, a theoretical maximum of two bits can be
corrected. The probability of miscorrection in the
inner code is minute for a single-bit error, because
all four syndromes will agree on the nature of the
error, but the probability of miscorrection on a
double-bit error is much higher. The inner code logic
1s exposed to random noise during dropout
conditions, and the probability of noise producing
what appears to be only a two-symbol error is too
great. If more than one bit is in error in an inner
code all bits are flagged bad as they enter the
de-interleave memory and the outer correction must
be used. The interleave of the inner codes over two
sync blocks is necessary because of the use of a
group code. In the 8/10 code, a single mispositioned
transition will change one 10 (channel) bit group
into another, potentially corrupting up to eight data
bits. A small disturbance at the boundary between
two groups could corrupt up to sixteen bits which
would be beyond the correcting power of the inner
code. By interleaving two inner codes into two sync
blocks, the worst case of a disturbance at the
boundary of two groups is to produce a
single-symbol error in two different inner codes.
The inner code interleave halves the error
propagation of the group code, which increases the
chances of random errors being corrected by the
inner codes instead of impairing the burst-error

correction of the outer codes.

After de-interleave, any uncorrectable inner
codewords will show up as single-bit errors in many
different outer codewords accompanied by error
flags. To guard against miscorrections in the inner
codes, the outer code will calculate syndromes even
if no error flags are detected, the outer code will
correct them even though they were due because the
outer code has three-bit detecting and correcting
power which is never used to the full. If more than
two bits are in error in the outer codeword, the
correcting process uses the error flags from the
inner code to correct up to six bits in error.

Fig. 4 shows the correcting power of RDAT
graphically. Owing to the four-way interleave of the
outer code, four entire sync blocks can be destroyed,
but only one bit will be corrupted in a given outer
codeword. As an outer (C2) codeword can correct up
to six bits in error using flags from the inner (C1)
code, it follows that a burst error of up to 24 sync
blocks could be corrected. This corresponds to a
length of track of 2.64mm, containing 6,336 bits,
and is more than enough to cover the tenting effect
caused by a particle of debris lifting the tape away
from the tape head. The track angle of 6.35° means
that a scratch about 0.3mm wide along the tape will
cause damage of this length in every track. This
limit is also reached by a transverse area of damage
2.6 mm long.

These figures assume a concentrated single error
in an otherwise perfect tape and are somewhat »

|
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Block error flag

e

Block error counter [;
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The RDAT tape block error measurement test rig used in DAT testing

www americanradiohistorv com


www.americanradiohistory.com

| Sennheiser

hatever your situation
the MKH family ensure
accuracy and iptelligibility m{ 80
in all aspects 0 recording. .

studio
condenser
®
microphone

Superb studio performance and the ultimate in

flexibility: the MKH 80 variable pattern studio

condenser microphone extends the outstanding
quality of the Sennheiser MKH range.

The MKH 80 features exceptionally low noise,
a wide range of audio control and a high
dynamic range plus switchable pre-attenuation,
HF lift and LF cut to compensate for proximity
effects, and LED indicator for exact orientation.
The most versatile microphone designed for
any recording situation.

ALLTHE MICROPHONES |
YOU’LL EVER NEED.

V4 SNHEISER

Sennheiser UK Ltd. Freepost, Loudwater, High Wycombe, Buckinghamshire, HP10 8BR. Telephone 0628 850811. Fax 0628 850958
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Fig.3: The columns of memory are read out to form inner codewords. First, even bits
from the first two columns. As there are 128 columns, there will be 128 sync blocks

in one audio segment

hypothetical. In practice the conditions will be
somewhat different. As the error correction is so
powerful, a single pinhole in the tape coating is
easily dealt with. In fact it is mechanical problems
such as misregistration which are a greater source
of difficulty. If a syne block is read during
mistracking, the signal will be noisy and it is more
likely to suffer errors such as failing to register a
flux change. Since a single flux change in error

causes a symbol error due to the use of group
coding, two or more flux changes missed in an inner
code is beyond the power of that code and the entire
code must be flagged bad in the replay RAM. As the
correction limit in a single outer code is reached
when 6 of sync blocks crossing that outer code need
correction, it follows that in the worst case as few as
12 missed flux changes in the PCM sector of a track
could cause that limit to be reached, although they
would have to be

68 Studio Sound, July 1993

critically positioned
along the track by a
sadist, and in real life
this critical positioned
will not occur. For
reference the PCM
sector contains 128
syne blocks of 32 bits
each and each bit
requires 10
channel-bit periods to
be recorded. Thus
around 40,000
channel bits create
the waveform
recorded in an audio
sector, and in the
absolute worst case,
losing as few as 12 of
them will bring us to
the brink of
concealment. Another
worst case condition
is where an error
occurs in reading the
sync pattern at the
beginning of the sync
blocks. If this pattern
cannot be read, it is
impossible to
deserialise the block,
and so a small error
results in the loss of
32 bits. If this were to
happen in six
critically selected sync
blocks on one track,
again the correction
limit would be
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reached. Mercifully these worst case critical
patterns are so unlikely to occur in practice that we
can neglect them. However, it does illustrate that it
is in the nature of magnetic recording that the
amount of data corrupted will be considerably
greater than the actual number of flux changes
wrongly read from the tape. Just knowing the rate
at which a tape has flux change errors is not very
helpful; it is their distribution which has the most
effect in conjunction with the characteristics of the
error correction strategy. Thus at the end of the day
measuring the rate at which the error correction
system of an actual RDAT performs corrections is a
sensible and valid test to make. Comparisons with
DDS are not relevant to RDAT because even though
the tape is the same, DDS has a completely different
error control strategy because of the reduced
tolerance to residual errors in computer data.

The inner code of RDAT is designed to correct
small random errors and it is implicit in the design
of the format that these will occur. We expect them
for the same reason we expect a noise floor on
analogue tape. Thus the event which we should be
worried about is not the occurrence of infrequent
random errors, but the occurrence of errors which
cause the correction power of the system to be
exceeded. This will generally be caused by physical
medium defects, such as missing magnetic coating,
or by mechanical problems such as tape weave or
transport alignment”.

The tests

The design of the tests seems to leave little to
chance. The channel code of RDAT shows a slight
pattern sensitivity, such that some bit patterns are
slightly more error-prone than others. The use of
nonrelated audio frequency of 997Hz is a good way
of ensuring that there is no preponderance of a
specific code in the data and so there should be no
bias from this source, particularly as this is a
comparative test.

The Tascam DA30 uses a Hitachi error correction
chip which has an error flag output pin which
produces a pulse every time a sync block plays back
and is found not to contain a codeword. Thus the
generation of the flag simply indicates the existence
of disparity between the original data and the
replayed data. It does not tell us how big the
disparity was. It could have been as little as one bit,
or considerably larger. Fig.5 shows the timing of
the flag bit with respect to the scanner rotation.
Using the scanner waveforms, it is possible to gate
flags only from the subcode, only from the audio or
to select only one head. Sam Wise's test did not do
this, but integrated errors from the subcode and the
PCM areas of both heads. For a comparative test [
see nothing wrong with this approach. The use of a
control tape to verify the consistent performance of
the transport and test rig throughout the tests is an
essential step without which the results could be
open to challenge. The spread of the control tape
tests is one indicator of the accuracy of the
remaining tests. However, the spread of the control
tape and other potential measurement errors is
such that some of the ranking in Tables 1 and 2
cannot be justified. In any statistical exercise,
ranking should not be used if the difference between
ranks is similar to the experimental accuracy. Some
of the results were very close, especially the final
error rate in Table 2 for the Apogee, 3M and TDK
tapes. I would not have ranked these six, seven, and
eight, but would have placed them equal last.
Similarly I would have placed the HHB and Maxell
consumer tapes equal first in Table 2.

Having said that, the control tape test showed a
spread which was much less than the overall spread
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Fig.4: The correcting power of the C1, C2 codes of RDAT. The maximum correctable burst error length is 792 symbols
(6,336 bits). Since the linear recording density of DAT is 61,000 bits/inch, this is equal to 2.64mm along a helical track. The
horizontal correctable error width is 2.64 x cos 6.35°'~ 2.6mm. The physical defects are shown conceptually in the upper diagram,

and to scale in the lower diagram

from best result to worst, so I must conclude that
the overall results of the test were statistically
significant in that different brands of tape really do
vary in error rate. Note that [ did not say the reason
for this is known or that it indicates cause for alarm.

What the results
mean

The tests ran for a minute of tape, and in that time
4,000 tape tracks were played containing half a
million sync blocks. In the worst result shown in
Table 2, around 15,000 error flags were measured.
If the errors were uniformly distributed, this figure
would correspond to almost four flags per tape
track, or about one sync block in 35 in error. This is
well within the error correcting power of the RDAT
code, and so there is no cause for jumping out of
high buildings. On the strength of these results
alone I could not refuse to use any of the tapes
tested for professional recording purposes. I do,
however, await with interest the results of the
accelerated life tests, as I feel that these are more
significant. It would have been nice to see’if any of
the tapes contained bursts of error flags at some
point within their length as this would indicate a
potentially serious dropout. Performing such a test
would, however take an extremely long time.

One aspect of the test results which shows clearly
is the periodicity in the error rate which results in
variations in slope of the graphs. In one of the
graphs there is a strong periodcity of about
13 seconds. This corresponds to one revolution of
the supply side-hub near the beginning of a 90 or
120-minute tape and suggests that the tape pack
does not turn evenly, but that the friction varies
cyclically. If this is not the case, then thereis a
periodic change in the characteristics of the tape
along its length. It would be interesting to repeat
the tests at different places on the tape to see if the
periodicity in the errors changes with the supply
hub speed. I find these periodicities more significant
than the spread of errors between brands.

The use of flangeless hubs and liner sheets in the

RDAT cassette is a sign of its origin as a consumer
format. Although this construction is cheaper and
allows a slightly smaller cassette, its mechanical
properties are inferior. There is a wear mechanism
which is absent in a spooled cassette, and the
friction can never to

sheet wears, and with ageing the lubricants leach
out of the tape and liner. The cassette itself may
warp with time. The result is that the tape itself is
fine, but it cannot be played because tension
variations cause tracking errors which cause P

be constant. This
causes variations in
tape tension which
are anathema toa
rotary head transport.
Tension variations
cause tracking errors
and the thickness of
the air film between
the tape and the
rotating head
changes, varying the
head contact force.
Professional cassettes
such as in the DVTR
formats contain
proper spools and,
like an open reel
machine, the tape
does not touch the
flanges. It may be
possible to design a
professional RDAT
cassette with single
flanged spools like a
U-matic which
remains compatible
with existing decks.

~ What concerns me
about these periodic
error rate variations
is that these were
observed on new
media. The friction
liner construction of
the DAT cassette can
only cause this to get
worse. With repeated
winding, the liner
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FSYNC pin 94

C2 pin 19

FLAG pin 18

PCM data
C1 correction

Subcode
C1 correction

PCM data
C2 correction

Fig.5: The DA30 error-test points allow errors in selected areas of the tape to be gated. A maximum of 128 flags per audio block
and 16 flags per subcode block can be present

excessive errors. [ have seen plenty of old Compact
Cassettes which suffered appalling wow and flutter
which were rendered quite playable by fitting the
tape in a new shell. This process may become
necessary in the future when DAT cassettes start to
getold.

Another factor which is of significance is the
disparity between the rate at which contamination
builds up with different tapes. Regular cleaning of
RDAT transports is probably a more important
factor than the variation in error rates in the brands
tests. It is also in the user’s control. How often do
you clean your machine?

[ am once again reminded of a fundamental truth
of tape recording which is that the magnetic
characteristics of media are easy to obtain in
comparison to the required mechanical properties.
Sam Wise has done us a service by making this
truth more widely appreciated. l
Thanks are due to TEAC UK Limited for details of
the DA30 error flag.
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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.

'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 gocds 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.

TANNOY, LOCK-
WOOD, etc. New. used EQUIPMENT FOR SALE
and. vintage speakers, Oty  Description Price £
cabinets, parts bought, 1 Yamaha MJCB Midi Junction.... - £50.00
sold and serviced. I Roland GM70 Guitar to Midi Converter.. 200.00
H 1 8el BD-80 Oelay Unit.. 150.00
t
:\u ‘haol'rllseiinCKTVs/([})r(l)og 1 Valley People Gatex Unit (4 x Gales in 1 U Rack) 150.00
pecialist, i Sony PCM 701ES [Pulse Code Modular but can
AUDIO, Phone 081-207 be used as a Sync Pulse Generator) - 75.00
4472; Fax 081-207 5283. 1 Sony Betamax Machine. .. 100.00
1 Stirling Audio 24-Channel InlUuI Lme "
{used tor interfacing - 10 DBM Machines

. ) {Fostext{Tascam) to professional +40BM levet. .. 450.00
CASSETTE DUPLI- 1 Fostex G16, 16-Track - % inch. Excellent
CATION Second 1o condition. Private studio sale.......... - 2500.00

$ . 1 Fostex E2, 2.Track — % inch Cenne Tran:k Tlme
N_One' . Sl‘mt)‘[l‘ ‘Slahh Cade. Excellent condition. Private studio sale.. 1500.00
P}()mOllels. LY'CL.LQOP‘ 1 Allen & Heath Mixing Desk, 32-Channel with
bin. On—body printing. Phantom Pawer Upgrade. Excellent condition.
Shrink-wrapping. Blanks Private StUGI0 SBIB........ooooooeo e 2500.00
wound to Icnglh. S{IHIp/(‘ 1 R. PAr vh;llc:!ugstlusde'gal \?lo 1130) Very good condmun S
tape available. Tel: 0869 ' e
252831. VARIOUS SIZES OF FLIGHT CASES FOR SALE
CONTACT: LORCAN - 081-960 0313

‘mocami—- (1 624 6000

Stirling Audio Systems Ltd., Kimberley Road, Landon NW6 7SF « Tel: 071 624 6000 = Fax: 071 372 6370

| St- I I -
l l g or contact your local Mogami distributar

SERVICE MANAGER
PROFESSIONAL AUDIO CO.
circ £23K

A N.W. London company needs you to run
their Service Dept.. A vital job for someone
who can prioritise work, discipline and con-
trol staff, deal with customer care and
ensure the efficient booking in and shipping
out of repairs . Liaison with internal Sales
Dept. and external manufacturers. Spares
purchasing and control is also involved.

It's a hell of a job but rewarding !

Experience of electronic equipment technol-
ogy and evidence of staff and workflow
control essential.

This is a customer first job in a technological

business and you will grow with the company.

Write or fax your C.V. to:
Lycrome Management Consultants,
16 Lycrome Road, Chesham, Bucks. HP5 3LA -
Fax: 0494 771883 and include an A4 sheet as to
why you are particularly suited to this position.
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HIGH SPEED HIGH QUALITY LOOP-BIN
DUPLICATING BY SRL CASSETTES
DAT AN e cn?suz“le'g
ANALOGUE — IN...0UT — QuatTy

THE COMPLETE

SERVICE.....
.D'I'R-E-C-T-

Compact Discs

Digital Cassette Duplication
Full Pre-Mastering

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

One off CDR's

Copy Masters
Print/Reprographics

Free Quotations

Make it with us
We maI(e the hits

CD Manufacturing

REEL-REEL CASSETTES
AUDIO DOLBY C QuALTY
CASSETTE | OOLBY B CLSSETTES.

THE BETTER THE MASTER, THE BETTER THE COPY! [ ]
HOW MANY WOULD YOU LIKE? 100-5000 —
081-868 5555 081-866 5555 PHONE FOR PRICE CHECK, [l

Best in Pricing & Service @ Fast in Turnaround Time
- In-House Design & Printing @ Free Color Separation

UK 0800-515-145 ® FAX 081-560-9939
d  UsA 1-800-800-4769 @ FAX 714-920-1099 S f";’
AUSTRALIA 0014-800-128-978 ;/’“ vl
S'PORE 65-745-3268 ® FAX 65-748-9612 2Xores:

FOR ALL YOUR RECORDING NEEDS
AMPEX - BASF - MAXELL - ©NC
AUTHORISFD NATIONAL DISTRIBUTOR
Spools. boxes. bludes, splicing and leader tape. Custom wound
cassettes CE20, labels. library cases and cards. Bulk audio

C-0s. cases. pancake. Broadeast cartridges.

Shentonfield Road
—————
\h‘ | Sharston Ind. Estate
i’ (dmmgegm  Munchester M22 4RW
SOUND AN VIDED SERVICES Tek: 061-491 6660
FOR QUALITY. PRICE AND SERVICE

/ 'tﬂti
tteﬂl!?
THE CASSETTE DUPLICATING SPECIALISTS

_ j{ ( — Reemr
Real time & high speed loop bin duplication,

printing & packaging. Blanks wound to length [ EUROPE AUDIO RENT ]
: N MARKET LEAD
EECACCIT IS IESY © 081-446 3218 L?JF]DON the no. 1 pro audio rent on the continent
= 0480 461880 CAMBRIDGE

Digital and analogue editing.
mastering. Duplicating of any
format mcludmg

One-off CDs from £19.90

Also CD testing, cusiom wound
blanks and voice-over recording.

Ref §5591, 13a Hamilton Way
London N3 1AN

Tel: 081-346 0033

Fax: 081-346 0530

jbs records We rent out analog and digital multitracks (4-8

16-24 tracks), consoles, mics and all modern
MUSIC and SPEECH

LR VI DRI T ssmiriysoroeemenl NI W TAPE HEADS SUPPLIED FOR MOST l%‘;tbgerd(mﬁ'%r:g& c@)sou?r?]rgt?éerssvnsc%%ﬂir;}gg&

Blan‘ks from 1-1000. Computer printed Labels. MA }\'ES’ TAPE HEAD RE-LLAPPING/ v : , SY .

Solo. 7 ek 333&.?5'32?.‘1’2&'5'132'°°°'d'"9 RE-PROFILING. Same day turn round. Head New: Sony 3324S - ring for our competitive prices

FILTERBOND LTD, jbs records div. FREEPOST technology, 1l Britunniu Way. Stanwell. Staines.
19 SADLERS WAY, HERTFORD, $G14 2BR 0992-500101 Middx. TLI 0784 256046. PHONE HOLLAND (31) 3465.70670 - OR FAX (31) 3465.72707

€ Snuations Vacanr — )
4 N

. ; A
On instructions from the
BBC Customer Service Engineer

- Analogue and Digital Circuitry -

BRI S‘ I ‘() I Soundtracsin Surbiton require an experienced audio engineer with

extensive knowledge of analogue and digital mixing consoles to
liaise with customers over technical queries both overseas and in
the UK .

This vacancy will suit an engineer with a minimum of an HND

Sound Recording
a3 qualification and over five years practical experience. An intelligent
Stu leS and coherent telephone manner as well as an exacting and detailed

approach toanalysing problems s vital. Knowledge of spreadsheets,

S MS-DOS computer systems is also desirable for retrieving
Fully equipped and
Fu rn lSh ed Circuit knowledge to include discrete integrated circuits, CMOS,

TTL microprocessors and DSP is sought.

LeaSGhOld premlses System knowledge to include interfacing consoles with the real

world.

The position will entail some overseas travel.

Apply Dunning Burston The salary and benefits irTcluding a company related bonu‘s.scheme
Associates Chjnered Survcyors will be commensurate with the responsibility of the position.
g C y [§

Please apply in writing to-

Peter fostins

Tel: 0272-739370 Soundtracs plc

91 Ewell Road

Fax: 0272-239576 Surbiton

Surrey KT6 6AH
Tel: 081 399 3392

& J Fax: 081 399 6821
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nick ryan @ +44(0)892861099  Fax: +44 (0)892 863485

SSL 4040E, 36 mono & 4 stereo, VU’s 1988 CALL DDA DCD232, 56 channels £34,000

| Neve VR 60-48, Flying Faders, 1991 CALL Trident TSM, 40.32.24 £15,000
Trident Vector 56 fitted 48, Optifile, 1990, £44,00C SSL 4056E , Total Recall, 1985, CALL
Amek 2520, 40 channels, 1988 £27.50C Trident 80c, 32 channels, auto, £24.000
DDA AMR24 36 fitted 28, Mastermix I, £26.50C TAC Maftchless, 36 channels, 1988 £7.975
Harrison MR3 36 channels, auto, 1985, £18,00C Studer A800 mk Ill, SSL interface, £14,500
A&H Sabre 36 channels, 1993, ex-demo £8,75C Sony /MCI JH24, £10,000
TAC Scorpion 24.16, patch, 1989 £3.40C Dolby XP24 SR £7.995

O u n S Mitsubishi X-850°s & 880°s, CALL Lexicon PCM70 £1,095
Sony 3324 2 avdilable, Apogeed CALL  Ampilifiers, various CALL

i Monitors, Eastiake, Westlake, Quested, etc CALL Microphones, various, CALL
|nC0rporOTed Amek Mozart, 56 channels, auto, 1992 £47,00C Outboard, TC, AMS, Focusrite, CALL

Buying and Selling quality professional equipment throughout Europe

EAST MIDLANDS AUDIO Studio Manager

STUDER-REVOX Residential studio requires dynamic manager who will alsa be responsible far
NEW AND USED SALES bookings and marketing activities. Related experience essential, althaugh this
SERVICE — SPARES could come from a variety of different music industry backgrounds.
APPROVED CONVERSIONS Negotiable remuneration package will include sales related bonuses.

STUDER A62 B62 SPARES

STUDER A80 MKI 16 TRACK 15/30iPS
STUDER C37 STERED VALVE 7%/16IPS...
STUDER B67 STERED THREE SPEED..
STUDER B62 TWO TRACK 7%/15IPS..
REVOX A700 THREE SPEED..........
REVOX A77 MK IV HIGH SPEED ...
REVOX BI126FS CD PLAYER
STUDER A725 CD PLAYER........
REVOX B215 CASSETTE DECK...
REVOX B710 MK Il CASSETTE DECK..
REVOX C278 EIGHT TRACK {new])..

Reply to Roger Grey, Loco Studios, Llanhennock, Caerleon, Gwent NP6 1LU

ADVERTISERS INDEX

AUDIO DESIGN......coooiiis 22 HAYDEN ...
AUDIO PRECISION........cci 40 HARMAL/ALLEN & HEAT
AMS/NEVE............ .30 & 31

HOME SERVICE.
AUTOGRAPH .....ccooiiiiiiiiiiiciee 44 LEXICON......oooiiiiiiiiiiiie i

REVDX PRYG BROADCAST HS, Ex dem... ﬁ AES..oooooo.. 63 MOGAMI...........
REVDX PRI MK iit, HS. Ex Dem....... i MIDEM

REVOX (221 PRO CD PLAYER (New].. .£880 (B)gSACH ;g MIDEM.....

REVOX €279 SIX INTO TWO DESK (New)... £2,000 | | AN e e 9O T

STUDER D740 CD R RECORDER {Newl...
STUDER A730 PRO CD PLAYER (Newl...
STUDER A807 MK Il (New) from...
STUDER 0780 R DAT (New)......
REVOX PRSI MK Il HS (New)...
REVOX B77 MK Il HS (New)..
REVOX €274 FOUR CH (New)....

...£4,400 DATA PRECISION......ccovviiiiiiii i 36 SEEM AUDIO..
...£2,900 DIG\-DESIGN............
D&R ELECTRONICA..........coooeiiie 49 SOUNDCRAFT

DOLBY...... .53 SOUNDTRACS........coooin.

DYNAUDIO oo 54  SURREY ELECTRONICS......oveoomvoerrnrn. 48

ALL PRICES PLUS VAT EUPHONIX.. 6&7  STUDIO AUDIO VIDEG ..o, 10
FAIRLIGHT oo 26 SENNHEISER.............. 67

TEL 0246 275479 GENELEC oo 70 TONY LARKING...o.oooeeroeeoreeoeeerreeeeseere, 50
FAX 0246 550421 HW INTERNATIONAL......ooovoorerenn. 68 & 69 TC ELECTRONICS. oo overeeeireoeeoreerers, 60

ENGLAND'’'S LARGEST STOCKIST OF

s
- st wowsrghou.
L CUALITY NEW &

PRO-AUDIO EQUIPMENT —

For a complete new and used equipment list contact Tony Larking Cﬁ;@;
Worldwide Delivery Service .& warenouse
Tel: +44 (0)462 490125 . Fax: +44 (0)462 490126 w2 cnsisass™©

(Visitors strictly by appointment only)
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hat a lot of difference a

little peace makes.

With fewer military

contracts to work on,
Hughes Aircraft in California have
teamed up with General Motors to
make electric cars. Hughes also plan
to use their own satellites to
broadcast pay-per-view movies.

To publicise the venture, Hughes
recently showed a hundred European
journalists behind the previously
closed doors of its satellite production
factory in Los Angeles. Asked only
not to touch, we got within touching
distance of several dozen half-built
spacecraft.

My eye was caught by a test
facility which simulates launch
conditions. The finished satellite is
put on a giant shaker table which
simulates the violent vibration it will
undergo during lift-off. The table is
actually just one enormous
loudspeaker, driven by 300kW audio
amplifiers which are fed with
computer-generated audio signals
which sweep between 5Hz and 2kHz.
Forces of 300,0001b rattle the table
backwards and forwards by at least
an inch either way.

The man in charge has been there
long enough to remember how
Howard Hughes would come round
and remember everybody’s name. He
also recalled how, one Christmas, one
of the workers got the holiday spirit,
unplugged the computer drive,
hooked up a gramophone and played
carols through the shaker table. The
sound filled the entire factory.

What I would really like to hear
now is Stephen Court’s CD recording
of the Chieftain tank gun played
through the Hughes satellite tester.

can picture the scene: the

recording engineers working for

Deutsche Grammophon in
=i Hanover are quietly continuing
their quest for improved recording
quality. They do a deal with Yamaha
to buy some new mixing desks, then
build some new low-noise head-amps
for their Schoeps microphones.

Then they find that noise and
interference is getting into the long
leads that run from the head amps to
digital converters ahead of the mixing
desk. The leads are long because DG
record in large concert halls where
the only place to put the mixing desk
is in a distant robing room or crypt.
The halls electrical circuits and
lighting are ‘dirty’, and radiate click,
pop and buzz signals.

So DG’s engineers do the obvious
thing. They put the digital converters
as close as possible to the
microphones, and run digital signals

74 Studio Sound, July 1993

Iy Fox

Launching into vibration and
the aftershock of marketing
campaigns

through the long feeds back to the
control desk. It all makes sound
sense, and pushes the sound one step
closer to unachievable perfection.

But now, Deutsche Grammophon’s
marketing people get in on the act.
They cook up a name, 4D, for ‘a new
concept in sound recording (which)
allows the Tonmeister (a fancy name
for Balance Engineer) unprecedented
control over the recording process’.
Then they publish a glossy mess of
overlapping brochures that do more
to confuse the simple proposition
than explain it. This is very likely
because the people writing the
brochures do not understand what
they are writing about.

For mixdown and mastering,
Deutsche Grammophon’s engineers
have been borrowing from pioneering
work done by sister company Decca at
West Hampstead over the last ten
years or more. Decca’s work has not
been publicised much because Tony
Griffiths reckons it is better to get on
with his job than spend time and
money on patenting something so he
can tell his competitors about it.

But Deutsche Grammophon now
see Sony scoring publicity for Super
Bit Mapping, a fancy name for
reshaping the noise in a digital signal
before mastering a 20-bit digital
recording into 16-bit CD format. So
DG’s Publicity People cook up some
fancy terms. Let us call our dither
system Authentic Bit Imaging, they
say, or High Bit. They produce a lot
more bumph, which does not explain
how ABI-High Bit works, invite
opinion makers for lunch in Germany
and tell people like me who question
how the system works, ‘Just listen to
this CD, which uses the system’.

Meanwhile Deutsche
Grammophon’s engineers have found
that they can improve the sound of
their 4D recordings, by introducing

delays into the digital feeds to
compensate for the delays when one
instrument is picked up by different
microphones. The engineers also find
that they can clean up the delays that
have been locked into the multitrack
tapes made at pre-4D multi-miked
recordings. The trick here is to look at
the recording logs and work out how
far apart the microphones were
spaced. This tells the delays, so
remixing with mirror-image delays,
compensates for the time errors
locked on tape.

DG’s Publicity people now pounce
again, christening the clean up
technique, Original Image Bit
processing or OIB (no connection with
Polygram’s Obie Oberstein).

The system is being first used for
DG'’s rerelease of 20 CDs and DCCs of
mid-1980s material to mark the 85th
anniversary of the birth of Herbert
Von Karajan. The 20-piece set has
been dubbed, Karajan Gold, and
those with good ears and access to
both original and reprocessed
recordings reckon the improvement is
marked.

Strangely, no-one seems to take
into account the obvious, and perhaps
far more significant effect, of
remixing these tapes with a
completely new generation of
mastering equipment.

In Germany the public (brought up
on a diet of Grundig instruction books
and hi-fi and video equipment with
knobs for functions you have never
even dreamed of) may swallow
Deutsche Grammophon’s publicity.
But the British punter, already
baffled by talk of Super Bit Mapping,
must surely wonder what on earth
Deutsche Grammophon mean by a 4D
Audio Recording, made with Original
Image Bit processing, and transferred
to disc by the High-Bit system of
Authentic Bit Imaging.

wwWw americanradiohistorvy com

Despite promises such as those
from Klaus Hiemann, Head of
Deutsche Grammophon’s Recording
Centre in Hanover, [ never did get a
coherent answer to my question, what
exactly is ABI and how does it differ
from what Decca, Sony et al are
already doing?

The best I could get, after a lot of
nagging, was that, ‘ABl is a
requantising system, 24-bit to 16-bit,
which uses non-subtracted dither
with noise-shaped error feedback and
is based in principles established by
Stanley Lipshitz’.

So now you know—or rather you
don’t. And although they have made
no such claims so far, Deutsche
Grammophon should know that if I
spot any adverts with
unsubstantiated claims, for example
for +20-bit recording, I shall simply
lodge a complaint with the
Advertising Standards Authority,
which will then push Deutsche
Grammophon into being a whole lot
more specific about where the bits are
coming from.

Why don’t DG cut out all the
electronic ‘friggery’ needed to
compensate for time delays between
microphones, and just use a single
stereo pair of microphones?

‘Not possible’, say DG’s engineers.
They have only ever found one hall
where it was possible to get a good
sound from a single stereo pair,
without first spending an expensive
day moving the musicians round and
asking them to play quieter or louder.
That venue was the Kingsway Hall in
London, and it is no longer available
for recording.

A final thought: Tony Griffiths
warns that Decca spotted early on
that there was a hidden trap in using
dither during postproduction. If the
signal is copied many times and
dither, whether noise-shaped or not,
is added, then there will be an overall
increased in noise level. So Decca’s
dither system does not operate when
signals are copied at unity gain,
during editing. Griffiths believes that
Decca are unique in not adding noise
when gain is unity. If Deutsche
Grammophon now borrow this idea,
will we see another new name?

For the record, I have now had to
ask DG’s people to stop talking at me
about 4D. Nor do I have time to go to
Hanover for yet more ear-bashing.
But if DG want now to stage another
seminar in the UK, but this time with
someone present to answer technical
questions, I will do my best to attend.
Better still, if Deutsche Grammophon
belatedly put together a coherent
written explanation of the system, [
will gladly read it. H

ILLUSTRATION: CARL FLINT
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or the first time, DENON is offering

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

. "\\ While the CD cartridge has become very

: 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
g professionals.

= Features include:

Q Playback of recorded CD's
(even without TOC)

U End of track preview

U Instant start - cues to signal

U Digital output

U Parallel remote control
U RS422 interface

O Fader start option
DE NON O Single track or continuous play modes

O Automatic re-cue after single track play

U Narrow body

For more information and to arrange a demonstration
contact Hayden Pro-Audio
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A TOUGH
DECISION-
DN-961FA
OR

DN-951FA?

Hayden

Pro-Audio
LD 03¢

HAYDEN HOUSE
CHILTERN HILL
CHALFONT ST. PETER
BUCKS SL9 9UG
TEL:i0753) 888447
FAX:10753) 880109
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At last, a console that combines
what you WANT with what you NEED.

Crest Consoles” Czntury GT combines the operating
features users want most in a live board with the rugged
reliability for which Crest Audio is famous.

HOW DO WE KNOW WHAT YOU WANT AND NEED?

Because we asked. Before we designed the Century
Series, we spent over a year talking to our customers,
including sound rental companies and contract installers
around the world. Every facet of the Century GT’s design
reflects this user input.

YOU WANT INTELLIGENT DESIGN

Crest Century GTs intelligent design means faster, easier
set up and operation. Gain setting is simple with dynamic
Signal Present and multiple-sample point Peak indicators
on all inputs. With powerful 4-band sweep EQ
(peak/shelf switchable on HF/LF), four programmable
scene mutes and twc matrix sends as standard, it's an
accurate, professional approach to sound engineering.

-

Flexible too, with four or eight bus configurations plus
optional matrix and stereo modules. Balanced inputs
and primary outputs {including all 8 Aux sends) and
ultra-low noise signal paths add up to truly advanced
audio performance.

YOU NEED PERFORMANCE AND DEPENDABILITY

We build Crest Century consoles to the same high
quality standards as our world-standard amplifiers and
renowned Crest Gamble consoles. The build quality
goes beyond the console itself—its power supply is
practically indestructible.

UNCOMMON VALUE

With all we've put into it, you'd expect Century GT to cost
much more than other consoles in its class. Well, you're in for
a pleasant surprise when you contact your Crest Consoles
distributor. For your local distributor’s name, address and
phone, please call your nearest Crest office as listed below. -

:
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C IRE=SST  (RESTAUDIO INC 100 isenhower Dr., Paramus, New Jersey 07652 USA - TEL 201.909.8700 - FAX 201.909.8744
CONSOLES  (REST AUDIO EUROPE Sa Wilbury Grove, Hove, East Sussex BN3 3JQ, England - TEL 44+(0).273.325840 - FAX 44+(0).273.775462
THE POWER OF INTELLIGENCE  CREST AUDIO ASIA 6001 Beach Road #17-03, Golden Mile Tower, Singapore 0719 - TEL 65+(0).295.2328 - FAX 65+(0).295.4707
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