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What makes the 241/0 audio interface
unique? It's like a 24-channel mixer
and patch bay for your computer —
at a remarkable price. Connect all
the gear in your studio and then
control it from your Mac or PC.
Keyboards, samplers, mic preamps,
sound modules, drum machines —
you name it. Got a vintage EQ or
favorite outboard reverb unit?
Connect it to the 241/0 as a send-
retum loop and then patch any live
input to it in real time with no audible
latency and no drain on your host
computer. Or you can create multiple
sub-mixes for musicians during live
recording sessions. The 241/0 bridges
the hardware side of your studio with
the virtual world of your favorite audio
workstation software to create a
unified system controlled entirely
from your desktop.

e 24 analog ins/outs — transfer 24
channels at a time at 96kHz, into
or out of your computer.

* Expansion — connect up to four
24v/0s for 96 ins and outs at 96kHz.

* Extension — mix and match with
any MOTU PCl audio interface
(2408mk3, mkll, 1296, 1224, etc}

¢ PC1-424 card with CueMix DSP —
DSP-driven mixing and monitoring
with zero host buffer latency.

* Sync — on-board SMPTE sync,
word dock sync and ADAT synic.

¢ Compatibility — works with
virtually all audio software for Mac
and Windows 98SE/Me/2000/XFP.

e Available as a core system (with
PC! card & Macintosh AudioDesk
software) or as an expansion VO.

24 analog inputs.
24 analog outputs.
All at 96kHz.

In one rack space.

Use the 2410 as a
digital patchbay.
Connect synths,
sound moduies,
drum machines,
you name it, on
switchable +4/-10dB
inputs. There's no
processor overhead
and you experience
the same near-zero
monitoring latency
as today's digital
mixers.

Connect outboard
effects processors to
the 241/0, just like a
mixer or patchbay.
Then set up effects
loops from your
computer with the
included CueMix
Console software to
route anything in your
studio to your
outboard gear.

With 24 channels of
balanced, 96kHz
audio, the 2410
records every
nuance of today's

mic preamps.

Need to transfer from an analog multitrack?
The 241/0 can send 24 channels in a single
pass with pristine 96kHz quality. For

48-track transfers, just add a second 24v/0.

MmgTU

musictrack
2 THE GRANARY BUILDINGS ¢ MILLOW * NR DUNTON ¢ BEDFORDSHIRE ¢ SG18 8RH * TEL: 01767 313447 » FAX: 01767 313557
www.musictrack.co.uk



& Apple Solution Experts

APPLE AUTHORISED
SERVICE CENTRE
Officially recognised by
Apple as a source of
professional servicse,
advice and upgrades.

olutions

Working with producers, broadcasters, corporate video makers, recording studios,
musicians and post-production facilities, TSC is unique in it's ability to merge audio
and video technologies. Call today for your FREE 24 page ‘Essential Guide’

professional
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New at TSC... New at TSC... New at TSC... New at TSC... New at TS
New PowerBook

NOW THE LIGHTEST, FULLY FEATURED
NOTEBOOK ON THE PLANET CAN BURN DVDS
With speeds of up to 1GHz (and 1MB of L3 cache - a
first in a notebook computer - for a solid performance
boost) the superslim Titanium PowerBook G4 renders
massive digital files, crunches digital video, and leaves
Pentium 4-based PC notebooks in the dust. And this
PowerBook G4 comes with the feature so many high-
end users have lusted for - an elegantly engineered
slot-loading SuperDrive.

The sleek exterior is as stunning as ever. The Titanium
PowerBook G4 comes with all the refinements and
esthetic touches that have made it the most coveted
full-featured notebook computer on the planet: 1-inch
thick, 5.4 pounds, AirPort, pure-grade titanium body,
and 5-hour battery. On the inside, faster PowerPC G4
processors, powerful graphics capabilities, up to 1GB
of RAM, and the world’s most advanced operating
system combine to deliver off-the-charts performance.

E-MAGIC LOGIC
S V
It you switch from Logic 5.0 for
Windows to Logic 5.0 for the Apple
platform you are entitled to a £160
instant rebate off the purchase of
a new G4 PowerMac or
PowerBook bought before the end
of November 2002

JSERS

New PowerBooks from
only £1579* ex var (1855.33 inc
‘W

Speed-optimized architecture

Inside the PowerBook G4 is your choice of a
screamingly fast 1GHz or 867MHz PowerPC G4
processor with Velocity Engine and 1MB of DDR
SRAM level 3 cache. Advanced processor design and
memory architecture are among several core
advantages that enable the PowerBook G4 to pack
such a tremendous wallop.

1GHZ - 512MB RAM - 60GB SUPERDRIVE

£2079:¢

£2442.83 INC VAT
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New at TSC... New at TSC... New at TSC... New at TSC... New at TSC...
Logic OSX Digi 002 Perfonner 3.1

UNI 5H THE DUAL PROCESSOR
Lis Digidessg 1st FireWire P '!mdd, al processor G4 and you can
b t ude egrated quadrupte the size and capability of your Digital
1 Dual me adty Performer virtual studio, thanks 1o Digrt
) Performer’s fully symmetncal dual-processor
support
n Unkmited
fiexible vm(u»g
g superb effects,
n T ge of NS nituitive editing
Ik and more
CoreMIDI Multimedia, Native » Buy from now UP“
i Instruments and and get a FREE J
' Waves Training CD!
udal i

Buy Now - Pay Later 2408 Mk 3
Buy now - Pay May 2003

Why not take advantage ot TSC's popular

Buy Now - Pay in 6 months tme scheme

1 MMM 1% 4 ‘ f

Emagic BigBox

ol ]

5 - PCI-424 card for an expanded system capable
A,. of 96 simuitaneous active nput and of
£900 1 e L e connections at 9¢
" Ny popts
(]
“oa
LL QUICK QUOTE BESPOKE SYSTEMS TSC DEMO DAYS

Fax us your wish list Your dream system configured i

TscC TRAINING DAYS | a DEMONSTRATION FACILITIES

| Get the best out of your gear ! Call to book your personal evaluation

Regular vendor days call

Computer Warehouse Limited .
ms of Trade avallable upon request. Products
out notice. All trademarks respected E &0OE

vvwvv gotsc.com

>>
>>

EDUCATION PRICES

Special education deals

" BUY NOW PAY IN 6 MONTHS

See in store or call for details
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NEED OUALITY ]
CABLES?
CALLUS KOW
TSC AUDIO SOLUTION PACKAGES

TSC has Mac audio solutions featunng the entire Mac line up from

the poriable Titanium G4 PowerBooks through to, iMacs, eMacs,
iBooks and mega-powerful Dual Processor G4 desktops.

Platinum on Tltamum

1 G4 867MHz Titanlum PowerBook
256MB, 40GB system drive,

DVD/CORW combo drive, modem

plus an exira 256MB SDRAM (512MB total)
plus Emagic Logic Audio Platinum 5
plus MOTU 828 Interface
(AudioDesk software inc)
N plus Glyph 80Gb Hard Drive
Fully contigured, tested, optimized
and ready to go

Audio X

» iBook 700MHz G3 Processor b
128Mb SDRAM, 20GB Ultra ATA Dnve,
DVD/CD-RW, 12.1° screen & 56k mocem

M plus an extra 256Mb SDRAM (384ME total)

»n plus V2 40GB Hard Drive

1 pius Logic Big Box bundle (see belowdeft)

n plus Edirol PC-160

Fully configured, tested, optimized

and ready 1o go

Digital Performer

»» PowerMac G4 1.25GHz Dual Processiy,

512MB SDRAM, 120GB Drive,
DVD/CORW Superdrive, modem — '
plus TSC 240GB firewtre HOD Rack

plus Formac 17-inch LCD Display P
pius Digital Performer 3.1 ,

" plus MOTU 896

»  plus Mackie DP Control Surface
Fully configured, tested, optimized
and ready o go

Audio Pro Tools -

» PowerMac G4 Dual 867MHz GeForce 4, 256MB
RAM, 60GB Drive, DVD/CD-RW Combo Drive

N plus an extra 128Mb SDRAM
(384MB total)

n plus Formac 17-inch monitor (1//900

»  plus 40GB extra Hard Drive

»n plus Digidesign 001, Pro tools LE

Fully configured, tested, optimized

and ready 1o go

THIB SOLUTION FROM ONLY

12897

£1514.58 INC VAT

£2348.83 INC VAT

Audlo Pro Tools HD -

PowerMac G4 800MHz 256MB SORAM, 40GB
Drive, CORW, modem "
plus an extra 128MB SDRAM (384MRB total) |
plus Formac 17-inch LCD Display

plus Seagate Cheetah 36Gb SCS! extra HDD
plus Atto Single channel SCSI Card

plus Digidesign HD2 Core plus Pro Tepls 5
plus Digidesign 192 KO

plus Comes with Free TDM Plug ins: Focusrite
02, ilok USB Smart Key, Bomb Factory Class-c —se
Comp, Maxim, Bruno, D- i and DPPI
» Including Onsite install within M25
Fully configured, tested, optimized
and ready lo go

M1S SOLUTION FROM ONLY

L FOR
MORE AUDIO
PACKAGES

ONLINE STORE

Hit www.gotsc.com

’7 TSC NEWS BY EMAIL

Email us news@gotsc.com
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editor’s
comment

Saving
(3races

'm all too aware that a lot of my previous

leaders have started out by saying

something like “sequencers are really
great, but...” And I'm afraid it's going to be
more of the same this month!

What | like about working with audio (and
MIDI) on a computer is that all your settings
are saved, from the mixer controls and the
automation moves to the deployment and
setup of effects and processors — but there
is still no equivalent of that reel of tape you
can stick on the shelf and come back to when
you need to. With tape, you didn’t have to
think about archiving your work, because the
tape was your archive. With computers, the
fruits of your labours are stored on a hard
drive somewhere and, as many of us have
come to learn the hard way, digital data can't
actually be considered ‘real’ unless it exists in
at least two different places, and ideally in
more. So while computers allow you to
neglect to fill in track sheets or to take notes
about effects settings, you still need to be
organised enough to implement some sort of
backup regime.

It's true that CD-Rs are unbelievably cheap
and provide a good way to store data — even
a song using 16 to 24 tracks of audio will
probably fit on a single CD-R — but | still
don't understand why the sequencer
manufacturers make life so hard for us when
we actually try to do this. Unless you're
extremely careful, you can end up with the
audio files relating to the song you're
working on tucked away on some remote
corner of your hard drive (all called

something like ‘Untitled’ — 1 to

infinity), because in your
enthusiasm to get
creative, you didn't set
a new audio record
path for them.
Furthermore, backup
files and bounce files
may end up on a

completely different drive altogether. Then,
of course, there are all the files relating to
retakes and punch-ins. The audio files for an
eight-track song can end up looking like the
result of an explosion in a confetti factory!

It's fair to say that the leading sequencers
provide various means for you to manually
optimise songs so that unused sections of
audio are taken out of the running, and most
will allow you to create backups of an audio
file or group of files in a designated folder of
your choice. But given that these programs
now claim to be ‘professional’, (whatever that
actually means), would it be too much to ask
for a single button that said something like
‘Create Song Archive’, which would
automatically copy or relocate all the used
audio files into a newly-created folder called
something like ‘SongTitle-Arc’, along with a
copy of the song file itself? Then we could
copy the whole archive folder directly onto
CD-R or DVD-R and not have to worry about
whether we'd missed something out. In an
ideal world, this archive would also be able to
save any used soft-sampler files (to be fair,
some software already does this), and it
could be asked to store either copies of used
audio files only, or all audio related to a song,
used or not. In fact, screen shots of any used
plug-ins might also be a useful addition, so
that you could at least see what you were
trying to replicate if you moved the work to a
different system with different plug-ins.
Something like this would make life so much
easier, and would alleviate a lot of the grief
currently associated with backing up.

With so many new features appearing in
our favourite audio software packages on
what seems like a monthly basis, isn't it time
more software developers addressed the
problem of ‘backup made easy’ so that their
products might actually deserve the
description ‘professional’?

Paul White Editor In Chief
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emagic

logic system

Music Production Software

Logic 5 System

Status: System Complete & Unrivaled

ok

The most modern, reliable equipment is an important requirement for | I

successful professional music production. Apple has created an

£y

operating system that more than meets these special demands: =l

Mac 0S X. With the release of Logic Platinum 5.4, Emagic is the first
manufacturer to deliver a host program that supports Audio Units,
Apple’'s new, system-level standard for DSP plug-ins. In addition, Logic
Platinum 5.4 for 0S X contains over 50 integrated effect plug-ins and
support for all Emagic’s optional Software Instruments (right). REX files
are also supported, as is Emagic's current range of audio, MIDI and
controller hardware. Choose the unrivaled complete studio solution for
Mac 0S X to fulfil! the most important requirement for your success.

For more information call Sound Technology on 01462 480000 or visit l I

www.soundtech.co.uk Technology with soul.

www.emagic.de
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techniques
Q&A

Your studio problems solved by SOS staff and contributors.

48  Studio SOS

This month we help a reader improve his drum kit recordings, and
also get his two Roland multitrackers working together.

Understanding Impedance
No home studio is immune from issues of impedance, so in this
workshop we explain what the recording musician needs to know.

Synth Secrets: JX10 Acoustic Piano Sounds
When trying to create a real piano sound with an analogue synth, if
one patch doesn’t quite do it, two just might...

54 Cue Monitoring
Successful overdubbing requires good monitoring for the performer.
We explain a variety of approaches to cue monitoring.

Waldorf Microwave Masterclass
The Microwave synths are complex beasts, so here are some hands-on
tips to help you get the creative results you're after.

Sonar Notes
News of another update to Sonar, plus tips on using its built-in tuner,
processing Groove Clips, and customising Sonar’s appearance.

features

Cutting Edge
Cutting Edge wonders whether G4 clock speeds and hot computers
are connected, and speculates on a way forward for Mac OS.

: Running Your Own Record Label

The earlier parts of this series explained how to set up your label.
Now it's time to start looking at ways to get your work out and on
sale to the public.

David Newman: Composing For Film
David Newman has become one of Hollywood's most sought-after
writers of music for film. We find out how at his California studio.

PC Musician: Getting More From Your CD Drives
Cheap, writable optical media have revolutionised the way PC users
store audio and back up their data. However, setting up your CD-RW
drives and persuading them to work at their best can be more
complicated than it seems...

Future Bible Heroes
With the cult triple album 69 Love Songs, Stephin Merritt established
himself as one of the most remarkable songwriters around. The
Future Bible Heroes’ new album sees his trademark lyrical cleverness
paired with Chris Ewen’s distinctive, organic electronica.

regulars

News Classified Ads
Demo Doctor/Business End Readers’ Ads
Crosstalk Sounding Off
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Korg Microkorg p108
Cubase Notes

We explain how Cubase $X/SL handles keyboard shortcuts, and look
at Hans Zimmer's solution for accessing Key Commands in Cubase.

250 Pro Tools Notes

This month Pro Tools Notes reports from the recent Digiworld show
in London, offering the first chance to see Pro Tools 6.0, and what
Mac OS X can do for you.

Performer Notes
With DP's new unlimited Undo facility, you really can go back in time
and change history...

50 Logic Notes
A look at how to get Logic to fill the shoes of a multitrack tape
machine, and how to display multiple automation passes side by side.

Ernst Nathorst-B60s of Propellerhead
Propellerhead, makers of the unique Reason software studio, have
come from nowhere to award-winning developer status in just eight
years. We catch up with one of the key men behind this small but
influential Swedish company.

Readerzone
This month we visit the small Zoo Audio studio of
Cambridgeshire-based SOS reader Andy Cross, one of the only studios
in the country to contain an Esmono recording booth.

: PC Notes

This month, we transform the humble and inexpensive games
joystick into a simple but effective MIDI controller, and find a word
processor that will have minimum impact on the clean music
partition of your PC.

Apple Notes
More OS X news from the AES convention, plus what you can really
do with a fast Apple portable — now even faster — if you put your
mind to it.




81  Analogue Solutions Vostok Patchable Suitcase Synthesizer
235 Bardstown Audio Classic Accordions Sample Library
200 BIAS Peak v3.1 Mac Audio Editor

232 Camel Audio SuperCamelPhat VST Plug-in

220 Coda Finale 2003 Notation Editing And Publishing Package
174 Digital Systems Pentium 4 PC

104  Edirol SD80 Sound Module

208 Focusrite Voicemaster Pro Recording Channel

170  Glyph Companion FireWire Hard Drive .
233  lzotope Ozone 2 DirectX Plug-in

94  Korg D1200 Digital Recording Studio .-® 2,9,00

108 Korg Microkorg Modelled Analogue Synthesizer

38  Lexicon MPX550 Dual-channel Effects Processor

42 Line 6 PodXT Modelling Guitar Preamp & Effects Processor
224 MAM MLM62 Rackmount Mixer

180 McDSP Synthesizer One Virtual Analogue Synth For Pro Tools
144 PMC DB1 Miniature Nearfield Monitor

158 Primacoustic London Systems Acoustic Treatment Kits

126  Samson C01 Condenser Microphone

184  Software Technology VAZ 2010 PC Software Synthesizer
128 Sonic Foundry Acid 4 Windows Audio & MIDI Loop Sequencer
54 ST Audio DSP24 Media 7.1 PC Audio & MIDI Interface
234 Ueberschall Da Nu Hiphop Era Sample Library

232 Waldorf D-Coder Powercore Plug-in

234 Zero-G Creative Essentials Sample Library
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Spirit E-series mixers from Soundcraft

oundcraft are launching a new range of mixers under the Spirit banner,

combining straightforward functionality with clear, uncluttered design.

Available in six, eight and 12 mono input versions, each with two stereo
inputs, the E-series mixers feature three-band mid-sweepable EQ, balanced XLR
and quarter-inch jack inputs and full +48V phantom power. The E series’ fourth
member, the ES, has four mono inputs and 10 stereo inputs with RCA phono
connectors for mixing multiple stereo sources, and a pair of RIAA preamps so
that turntables can be plugged straight in. All the E-series mixers feature
100mm faders, two aux sends globally switchable to pre- or post-fade, and an
internal power adaptor. Each channel has a discrete peak-monitoring LED, fed
from multiple points in the signal path, which becomes brighter according to
signal level. Two 10-segment LED meters display the levels of the main stereo
buss and also serve to monitor solo’ed channels or the aux buss when selected.
Prices start at £215 for the E6, with the E8 at £235, the E12 at £295, and the ES
at £325. The Spirit E series should be available by the time you read this.

Soundcraft +44 (0)1707 665000,
@ +44(0)1707 s60482.

n info@soundcraft.com
K www.soundcratt.com

GMedia’s new plug-in emulates
ARP Odyssey

t was surely only a matter of time: the virtualisation of classic synths
has reached the ARP family, with GMedia’s Oddity Mac/PC VST-format

plug-in instrument. The new synth, which is the result of a
collaboration
between Gmedia and
OhmForce (who
developed the
Predatohm software
synth), takes ARP’s
classic Odyssey
monosynth as its
inspiration. Oddity
aims to model the
original as accurately as

possible, mimicking the Odyssey's interface (with accurately rendered
parameter slides). The original's ‘duophonic’ mode of operation has also
been recreated. It's a two-oscillator instrument, each oscillator being
equipped with a six-octave range and capable of producing sine,
sawtooth, square and pulse waveforms. The remaining features include
two EGs, a resonant low-pass filter, ring modulator, oscillator sync, a
pink/white noise generator, and an LFO that can be sync’ed to the
tempo of the software hosting Oddity. The latter isn't the only bit of

modernisation: Oddity is velocity sensitive, and features

patch-morphing tricks from OhmForce. Also included with the £80

package is a 320-strong patch collection.

Il GMedia Music +44 (0)118 947 1382,
£ www.gmediamusic.com
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Emagic announce EXS24 Mkl
and Logic v5.5

Emagic have d a new ion of their EXS24

software sampler. EXS24 MkIl features a new multi-mode
filter, three LFOs, a new user interface and a flexible

dulation routing sy . The new version is available as
a free update to registered users of Logic 5 and EXS24 for
Mac 0S and Windows (yes, you read correctly!) and is also
part of the free Logic v5.5 update. Logic Platinum, Gold and
Audio v5.5 all offer enhanced Mac 0S X support, and
support of the Logic Control hardware controller, previously
restricted to Logic Platinum, is now extended to Gold and
Audio. There's also an opportunity for both Mac and PC
users to try out EXS24 Mkl for four weeks free of charge.
The upd are ilable to download from the Emagic web
site now.
n Sound Technology

+44 (0)1462 480000.

@ +44 (0)1462 480800.
Il info@soundtech.co.uk
m www.soundtech.co.uk
K www.emagic.de

Dan Dean brass and
woodwind sample libraries

ample producers Dan Dean have announced a pair of new
s releases. Dan Dean Brass Ensembles, available as a 12-CD
set in Gigasampler format ($699) or as an eight-CD Akai
set ($599), features stereo chromatically multisampled
Trumpets, Trombones and French Horns, with up to eight
layers of dynamics for each note. Legato, staccato and muted
performances are represented, along with long, medium and
short crescendos. The library’s presets allow the user to take
advantage of each note’s sampled attack and release. The
keyboard controller's mod wheel can be used to control reverb
amount, allowing you to shorten decay times for faster
passages, or to crossfade between dynamic layers, creating
crescendo and diminuendo effects in real time. Various
ensemble presets use slight variations in pitch and timbre in a
bid to give a more convincing ensemble sound, and split
keyboard presets give the left and right hands access to
different performances of the same pitches.

Dan Dean Solo Woodwinds Lite ($199) is a single-CD library
in Gigasampler format featuring solo flute, piccolo, oboe,
clarinet, bass clarinet, english horn and bassoon samples. The
stereo WAV files offer multiple velocities for each instrument
and various articulations such as vibrato, non-vibrato, portato
and staccato. Both CDs are available directly from the Dan Dean
web site.

K3 www.dandeanpro.com




Are (virtual) friends electric?

reviewed in December’s SOS (www.sospubs.co.uk/

sos/dec02/articles/steinbergvirtualguitarist.asp), Steinberg are
releasing Virtual Guitarist ‘Electric Edition’, which combines a
VST-instrument electric rhythm guitarist with a guitar multi-effects
plug-in. The software features 29 new ‘players’ or styles of electric
rhythm guitar presented in the familiar format of the original Virtual
Guitarist, which featured 25 styles divided between acoustic and
electric guitar. The multi-effects board features wah-wah, an
autofilter, chorus, flanger, phaser, tremolo, delay and reverb and can
be used from within Virtual Guitarist or applied to any audio source
as a stand-alone VST 2.0 plug-in. To run, Virtual Cuitarist ‘Electric
Edition’ requires a VST 2-compatible host application running under
Mac or Windows. The new plug-in will be available in December,

H ot on the heels of their innovative Virtual Guitarist software,

(:wizoo:)

costing £169.99. plug-ins are supported. Wavelab Essential runs on Windows-only (98,
Steinberg have also announced Wavelab Essential, a new ME, 2000 and XP), is compatible with ASIO, WDM and MME

entry-level audio-editing package derived from Wavelab v4.0 and soundcards, and costs £169.99.

designed to suit the needs (and budget) of the first-time user. It offers Arbiter Music Technology +44 (0)20 8970 1909

non-destructive editing, stereo and multitrack editing with real-time 3 +44 (0)20 8202 7076.

fades and crossfades, MP3 encoding and decoding, and mastering and [l sates@arbitergroup.com

CD-burning tools. There’s a range of real-time effects, and off-line [ www.arbitergroup.com

effects like time-stretching and pitch adjustment, and VST and DirectX [0 www.steinberg.net

Emu turn back the clock

eteran synth producers Emu Systems have
v announced the forthcoming release of a new . 2

sound module, the Vintage Pro. With a 32MB o l
soundset sampled from original keyboards from the '60s, '70s and '80s, the Vintage Pro
features a range of analogue and digital synthesizers and suitcase pianos together with
a selection of samples from Emu’s B3 organ module. The 1U unit's faceplate follows the
styling of other Emu modules, with a two-line LCD display and four knobs for real-time
control of 12 parameters. The module also features 128-voice polyphony, six analogue
outputs, a digital output and three slots for Proteus expansion ROMs. The Vintage Pro

New UK distribution for
Red Sound & GEM

A new company has been formed to take on UK
distribution of Red Sound’s product line, and they've
already picked up the rights to distribute Italian

will be available in the new year, costing £589. o Gonaraimalo:bs the: UN:us well AN
Emu-Ensoniq Europe +44 (0)131 653 6556. customer product support and dealer enquiries

A +44 (0)131 665 0473. regarding Red Sound and Generalmusic's product
3 info@emu.com lines (ie. LEM effects and mixers, and GEM and Elka

keyboards) should now be addressed to Synergy. To
celebrate the new distribution arrangement,
Synergy have announced price cuts to several Red
Sound products. The C-Loops six-voice sampler

B3 www.emu.com

Sto,’m i n a des ktop (reviewed back in January last year), which was
£275, now costs £149.99. The Micro BPM
he version 2.0 upgrade for Arturia's Storm Music Studio was recently unveiled at the bined tempo and headphone amp
(reviewed in SOS N ber '98), which was £119,

Apple Expo show in Paris. Storm v2.0 boasts compatibility with Mac OS X and

: ] D : g . is now £99. Lastly, the Darkstar DSP-based
Windows XP, and can now be used in combination with programs like Ableton Live, . s o

analogue-modelling synth (see SOS March 2000),

Propellerhead Reason and Cakewalk Sonar via the Rewire protocol. In addition to a general which was previously £399. is now £299.

overhaul of the graphics and user interface, two new features have been added. The Synergy +44 (0)1827 288447,

Composition Wizard is a tutorial program designed to demonstrate the potential of the K www.synergydistribution.co.uk

software to new users through the use of composition models in various musical styles. K www.redsound.com

The second new feature is The Hall, a combination of a search engine for finding samples 0 www.generalmusic.com

and a collection of.mteractlve services, allowing Storm users to excha.nge samples, foops, Dedicated vintage synth suppliers

news and chat on line. Storm v2.0 costs £99.99, but the upgrade, which comes on Bt Mook 1 5.hew bessd In Reading which

CD-ROM, is completely free to existing Storm users if ordered via the Arturia web site. specialises in the sale of vintage analogue

Arturia will apparently even pay for postage and packing! synthesizers. According to RL, all instruments they
sell are fully serviced and come with a guarantee.

Arbiter Music Technology +44 (0(20 8970 1909. Surf to www.rimusic.co.uk for more information.

A +44 (0)20 8202 7076. A infoérimusic.co.uk

I3 sates@arbitergroup.com K www.imusic.co.uk

m www.arbitergroup.com
EJ www.arturla.com
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M Audio offers Reason to Live

For £499, you can buy the two pieces of software together with

user-definable banks of 16 MIDI parameters each.

any time during recording or playback using the new ‘tap-tempo’

December 2002.
News has also reached us of the latest addition to M Audio’s

channels and up to 64 discrete MID! output channels. The unit is

for an affordable £89.

M Audio +44 (0)871 717 7100.
3 +44(0)871 717 7101,

I info@midiman.co.uk

m www.m-audio.com

Ableton Live v1.5 for £399, a saving of £119 off the standard
price of the two sold separately. They are also offering a pair of
packages comprising Reason, Live and a USB MIDI controller keyboard.

M Audio are bundling together Propellerhead Reason v2.0 and

M Audio’s Oxygen 8 25-note USB keyboard (a saving of £138), while
£569 will net you Reason, Live and the Radium 61-note USB keyboard (a
saving of £148). The Oxygen 8 features eight assignable knobs and one
slider. The Radium features eight knobs and eight sliders, with five

In addition to these offers, anyone who purchased or used Live v1.0
or 1.5 for the first time after November 1st, 2002 can upgrade to Live
v2.0 for free, saving £30. The new version incorporates multitrack
recording and editing features, and also allows you to set the tempo at

function. Time-stretching is no longer limited to loops and can now be AT ' A
applied to any audio material, so the whole arrangement stays in sync,
and tempo changes can be edited as a continuous curve thanks to

improved automation features. Ableton Live v2.0 will be available from

Midisport line of USB MIDI interfaces, the USB Midisport 2x4. As its
name suggests, this compact USB MIDI interface has two input ports
and four output ports, allowing use of up to 32 discrete MIDI input

powered by the USB buss, and six LEDs indicate MIDI activity for each of
the ports. The USB Midisport 2x4 is supplied with drivers for Windows g
(98/Me/2000/XP), Mac OS 9, OS X and OMS, and a six-foot USB cable, all

500 ) {000 560

1000000

@ rre onierr

Hit it with your rhythm stick
New from DMI, who brought us a free physical-modelling flute
VST plug-in last year, is dmiH. , @ free modelled ‘mallet
instrument’ VST plug-in designed to offer xylophone- and
marimba-style sounds. Available for both Macs and PCs,
dmiHammer is 16-voice polyphonic, and is equipped with a
handful of tweakable controls. The sound generator is based
around four tuneable ‘resonators’, and the user also has

p On top of this are LFO and
stereo-spread controls. A handful of presets is included with
the plug-in, to get you going.
m http://dmi.deep-ice.com

Dark Horse to distribute Synapse Audio
Dark Horse Distribution, UK distributors of VirSyn's Tera soft
synth, have taken on the distribution of Synapse Audio PC
music software. Synapse Audio’s products include the Orion
Basic, Pro and Platinum virtual studio and the Junglist and
Scorpion synthesizers. The latest Orion Platinum update,
version 3.54, is now available. It's free to registered Orion
Platinum users and costs £129.95 to buy new; you can find
of Synapse Audio’s softy on their web site. Dark
Horse Distribution have also recently released a free CD in
conjunction with New Vision Records featuring five drum &
bass and techno tracks produced using VirSyn Tera and
intended to showcase the soft synth's potential. Orders can be
placed by phone or email via the contact details below.

Dark Horse Distribution +44 (0)208 204 4943,

I3 infoadark-horse.biz

m www.dark-horse.biz

K www.synapse-audio.com

Buy Korg, get free CD

Collection CD to anyone buying any Korg Electribe product or

MS2000/2000R analogue-modelling synth, for a limited period
only. The Electribe range comprises the ER1 Rhythm Synthesizer, the
EA1 analogue-modelling synth, the EM1 Music Production Station, and
the ES1 Rhythm Production Sampler.

The Sound Designer collection features new sounds, samples and
patterns to load into the Korg instruments just mentioned. The new
sounds come not only from the Korg archive, but from a collection of
voicing experts and contemporary professional artists and producers.
These include musician, sound designer and programmer John
Lemkuhl (who has worked with Spectrasonics chief Eric Persing), D),
remixer and producer Gavin Mills (credits include Arthur Baker and
the Artful Dodger), musician, D) and remixer Grant Nelson (Artful

K org are offering a free copy of their new Sound Designer

8 SOUND ON SOUND * January 2003

Audio courses on the web

American distance leamning web site www.audiocourses.com are
g a free introd y ‘ebook’ called Studio Tricks and Tips,

taking the form of a series of emails, each conceming a different

studio-recording topic. The web site offers downloadable books

and with sti d audio lect The Studio Recording

Engineer ebook and course costs $47.77.

m www.audiocourses.com

Dodger and Misteeq, amongst others), Henning Verlage, Keith
Tenniswood and Andy Weatherall,

Detailed contents of the CD include 300 patterns for the EAl, 400
patterns for the ER1, and over 190 patterns for the EM). For the ESI,
over 80MB of WAV samples are provided, as well as many new
patterns, while the MS2000/2000R gets over 400 new sounds. And
there are are extras — all the product manuals are on the CD, as well
as FAQs, Easy-Start guides and full MIDI SysEx implementation charts.

If you've already bought one of the supported Korg instruments,
don’t despair: just give Korg a call on +44 (0)1908 857100 and they'll
send you a copy of the CD free, but for a nominal charge to cover
postage and packing.

Korg UK Brochure Line +44 (0)1908 857130,
m www.korg.co.uk/www.kaoss. co.uk



MOTORIZED TOUCH FADERS

..GET ALITTLE OF THAT

' * HUMAN TOUCH.

WORKS INSTANTLY Wi

» Digi oo1
- Pro Tools* 4.1%
- Digital Performer 2.7*

- Nuendo“1.5.3*
« Mixtreme 1.2*%

- Soundscape* 32 3.1*

¥ .and later

INTRODUCING THE BABY HUI"

The new compact touch ~fader control surface for your PC/Mac

...and the list continues to grow. Check out our website for updates!

MAackiE CONTROL™

Basy HUI™
2ot -

........

SIMPLY BECAUSE you use a Digital Audio Workstation
to record your music doesn't mean you have to give

up the touch—the human touch of an analog style mixer.

No more carpal tunnel inducing mouse maneu-
vers—Baby HUI™ delivers complete control at your
fingertips. Eight channel strips with 60mm, touch-
sensitive, motorized faders make detailed mixing

a snap. And multi-functional rotary encoders pan
signals, select channels and arm tracks. In addition,
you get a full automation assignment section and

tape-style transport controls.

Plug it in and go. Thanks to the all of the software
that supports HUI™ MIDI mapping protocol, you'll
be up and running in minutes. Ditch the wrist splint

and get your hands on a Baby HUI™.

01268 57 12 12 - WWW.MACKIE.COM
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Made-to-measure studio cables
Newly formed company Solent Sound and Light are
offering a mail-order custom cable-manufacturing
service. In addition to supplying ready-made

up cables to any specification. Possible studio

of unusual length. Prices are calculated from the

SSAL also perform induction-loop design and
installation; see their web site for more details.
n sales@ssal.co.uk

B3 www.ssal.co.uk

Sonic Distribution take on SPL for
the UK

The hand-built range of studio and mastering signal
processors from German firm SPL is now being
distributed in the UK by Sonic Distribution. The line
includes EQs, dynamics processors, 5.1 surround
tools, preamps and channel strips. and valves as
well as solid-state electronics figure in SPL's
designs. The distribution change should result in
reduced UK pricing — contact Sonic for detalis.
A sonic Distribution +44 (0)1582 843300.

K www.sonic-distribution.com

standard mic and Instrument cables, they will make

applications of this service include multicore cables
and looms with non-standard connectors, and cables

cost of the materials plus a small manufacturing fee.

Winner nets Scottish Synth

n SOS May 2002 we teamed up with Macbeth

Studio Systems (+44 (0)131 446 9022/

www.macbethstudiosystems.com) to give away an
M3X synthesizer, a three-oscillator synth that combines
vintage analogue sound with modern-day tuning
stability and sophisticated MIDI control. The lucky winner was Colin Dunkerley (above), an
engineer at City College Manchester's Arden Centre studio by day and a self-confessed
drum & bass fiend by night. Well done Colin! Turn to page 258 for your chance to win a
pair of TL Audio Ivory 2 valve signal processors in this month's competition.

surround format

Et Cetera Distribution +44 (0) 1706 228039.
& +24 (0) 1706 222989.
m www.syntrillium.com
m www.cooledit.com

Fostex MR8: eight tracks on Compact Flash

ostex have announced their latest assault

on the entry-level multitracker market, in

the form of a digital eight-track for £349.
The MR8 is the first eight-track recorder to
use Compact Flash memory cards as a
recording medium. The Tascam Pocketstudio
(£399), reviewed in November's SOS
(www.sospubs.co.uk/sos/ Nov02/articles/
pocketstudio.asp) also uses Compact Flash
cards, but it records only four tracks of audio
in compressed MP3 format. Fostex's machine
records at 16-bit/44.1kHz resolution and can
fit up to 50 track-minutes of uncompressed
audio on a 256MB card. There's also the
option of recording at 22.05kHz, thus
doubling the recording time avaifable,
assuming you don't mind the loss in
resolution. As 50 minutes of 16-bit/44.1kHz
audio divided by eight tracks is unlikely to be
enough for more than one or two songs, and
since Compact Flash cards don't grow on

trees, Fostex have sensibly given the MR8 a
USB connector so that files can be transferred
to a USB-equipped computer in WAV format
for storage and CD burning. Three
amp-simulation models and three
mic-simulation models are built in, along with
digital reverb, delay and mastering effects.
There are two balanced XLR inputs with
individual preamps, and two unbalanced
quarter-inch jack inputs are located on the
top of the unit. A footswitch input allows
remote punching in and out and the user
interface is kept simple, with numerous
backlit buttons, seven faders (for control of
tracks 1, 2, 3, 4, 5/6, 7/8 and master level),
and a small yellow backlit LCD for metering
purposes. There's an optical S/PDIF out, a
stereo unbalanced analogue out, two
headphone/monitor outputs and a MIDI out
for synchronising the MR8 with
MIDI-compatible outboard gear. Inevitably,

Cool Edit Pro supports new Internet

yntrillium Software have released a version of their Cool Edit Pro 2.0 that supports the

new Windows Media Audio 9 Series platform. The major part of that support is the

implementation of six-channel, high-resolution audio encoding; WMA 9's codec is the
first to enable Web-based delivery of six-channel {5.1) surround sound with full-spectrum,
full-resolution audio. As a result of the upgrade, Cool Edit can now encode all six audio
channels to a single WMA stream at bit resolutions and sampling rates up to 24-bit/96kHz.

given
the price
point, there
are a few compromises in the spec — there
are no effects sends or EQ in the mixer
section, and only two tracks can be recorded
simultaneously. As an affordable, portable
recorder, however, you'd have to say the
MR8 scores well — it can be powered from
the mains or by six AA batteries, and there's
a built-in mic for recording on the fly. It's also
compact (although not exactly pocket-sized)
at 283 x 65 x 215mm (WHD), and weighs just
1.6kg. The MR8 is available now.

SCV London +44 (0)20 8418 0778.

Il +44 (0)20 8418 0624.

B mall@scviondon.co.uk
£ www.scviondon.co.uk

New guide to Cubase SX

updates in the future.
“ info@sxcomplete.com
m www sxcomplete.com

Auxbuss Publications have produced a new guide to Cubase SX. The book,
entitled Cubase SX Complete, aims to help SX and SL users get the most out of
Steinberg's extensive DAW software, with techniques, tips and tricks
emphasising creative use of the program. The guide costs £24 (including postage
and packing) and free add-on PDF files will be issued for all minor software version

Free REX player now available for OS X

Bitshift Audio’s free Phatmatik REX file player is now available for 0S X
in both Audio Unit and Carbon VST formats. In addition to playback
functions, Phatmatik can extract groove information from REX files and
export it as a Standard MIDI File for editing. It also features ADSR amp .—-J
envelope controls, a two-pole resonant filter and an LFO for sample
manipulation. Phatmatik for 0S X can be downloaded from the Bitshift

Audio web site.

K www.bitshittaudio.com
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SPIRIT SERIES

alogue
at Talks Da:

Essential for live work Perfect for recording

You know how it is. Ten minutes before the gig, the band walks  You know that a noisy PC is no place for analogue audio. So you
up with a DAT recorder and asks you to record the show. connect the digital output of your M Series to your soundcard’s
No problem. Your Soundcraft M Series console has an S/PDIF  S/PDIF input and record microphone and instrument signals
digital output so you can make high-quality, hassle-free DAT, into your computer at much higher quality. Or you can connect
CD or MiniDisc recordings without disturbing your existing to a Digital Audio Workstation or HD recorder to provide a
analogue cabling. high-end mic preamp and EQ feed direct to the digital inputs.

The Soundcraft M Series The unbeatable sound of a classic British analogue mixing console with the unlimited convenience of a digital output.

' s

4 mono inputs, 4 stereo inputs, 8 mono inputs, 4 stereo inputs, 12 mono inputs, 4 stereo inputs,
internal power supply, internal power supply, internal power supply, LIPS
L optional rack mount kit. integral rack mounting. integral rack mounting.

J \. J \. J
MSRP including VAT: M4 £499, M8 £629, M12 £758. Check with your Dealer for promotional offers.

www.soundcraft.com
Soundcraft +44 (0)1707 665000 Soundcraft US 1-888-251-8352 SOlJr]dCraﬂ

info@soundcraft.com soundcraft-USA@harman.com H A Harman International Company
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Kenton in
a Spin

rolific MIDI control
P hardware manufacturers Kenton

Electronics have launched yet another MIDI
controller. Their latest offering, the Spin Doctor, is an entry-level
controller featuring 16 rotary knobs and costing £125. Although it lacks the
onboard command editing and setup facilities of the more expensive Kenton
controllers, such as the Control Freak Live, reviewed in December’s SOS (see
www.sound-on-sound.com/sos/dec02/articles/controlfreaklive.asp), the Spin
Doctor is fully programmable via the free software editor. Alternatively,
settings can be arranged on a Control Freak (Original, Studio or Live) and
then exported to the Spin Doctor. Existing Control Freak Studio users may be
particularly interested in adding the Spin Doctor's 16 knobs to the Studio's
16 buttons and 16 sliders. A wide range of control profiles for various
software applications and hardware modules is also available from the
Kenton web site. Profiles can be stored in the 25 onboard program
memories, and a function key, an edit key and a data-entry knob provide
basic program-editing controls. The Spin Doctor can send a wide range of
MIDI messages including SysEx and NRPNs, and a scrolling four-character LED
screen displays program information, MIDI in/out, and SysEx activity. The
wedge-shaped rugged metal unit, measuring 242 x 120 x 50mm (WHD), is
powered by an external DC adaptor (supplied) and features one MIDI input
and one output, plus a ‘soft-thru’ function which automatically merges data
from the MIDI in with the outgoing signal. The Kenton Spin Doctor should be
available by the time you read this.
Kenton Electronics +44 (0)20 8544 9200.
3 +44 (0)20 8544 9300.
B sales@kenton.co.uk
m www_ kenton.co.uk

Time Domain

Combined MIDI keyboard

and controller from Edirol

dirol have announced a new line of USB MIDI
E keyboards featuring programmable real-time

controls. The top panels of both the 32-key PCR30
and the 49-key PCR50 feature eight rotary knobs, eight
sliders and nine buttons, and the controls can be
assigned to all types of MIDI messages, including
control changes, SysEx, RPNs and NRPNs. Controller
assignments are saved in the onboard memory which
also comes pre-loaded with settings for Steinberg
Cubase, Cakewalk Sonar, Digidesign Pro Tools LE and
MQOTU Digital Performer. Further templates will
eventually be available to download from the Edirol
web site. The PCR-series keyboards are powered by the
USB buss and also feature velocity-sensitive keys, a
pitch-bend/modulation lever, sustain and expression
pedal inputs, and a MIDI In and Out, allowing them to
act as one-in, one-out USB MIDI interfaces. The PCRS0
(£199) and PCR30 (£149) are scheduled for release in
December 2002.

Il Edirol Europe +44 (0)20 8747 5943,
A +44 (0)20 8747 5948.
m www.edirol.co.uk

speaker technology
reaches the desktop

clipse TD, the company behind the
E TDS12 Time Domain nearfield
monitors reviewed in June 2002,
have released a new pair of monitors. The TD508PA is aimed at desktop
audio and AV applications, yet offers the same phase and impulse signal
integrity of the larger system. The small monitors even have the same
egg-shaped enclosure. This moulded, mineral-loaded resin design aims to be
totally rigid, and thus to help eliminate internal standing waves and
enclosure resonance. A large steel anchor weight at the rear of the driver
assembly further helps with damping, and various techniques have been
employed to minimise diffraction. The result of this careful design is that the
eight-centimetre driver is, Eclipse claim, capable of a useable frequency
response of 55Hz to 20kHz. Eclipse also note that the stereo image and
overall performance is similar to that of the larger TD512. The monitors are
supplied with their own amplifier {pictured on the right above), which
supplies an output of 12W per channel.
I8 Eciipse TO +44 (0)20 7328 4499,
A +44 (0)20 7624 6384,
m www.eclipse-td.co.uk
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Virtual synth, real hardware
from new Swiss company

wiss company Frei Audiotechnik, a new name to us,
s have released a hardware/software combination

modular synth for PCs, running Windows 98 or XP.
lkaron is supplied as a PCI card which provides the
sound-generation hardware, thus making few demands
on the host computer, and a software front-end with
which you create synth patches. The card offers
individual audio inputs and outputs, as well as five DSP
chips that provide the computational power for up to 64
voices of polyphony. Over 40 modules are available,
including virtual analogue components, sampling, FM,
wave sets, and effects, with which you can create your
own synth patches from scratch. The package should be
available as you read this, and will sell for 865 Euros,
plus VAT and postage.
n Frel Audiotechnik +41 {0)52 363 13 48.

A +41(0)52 36313 48.
m www.lkaron.ch



What the press say

gwinnerof a
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ost comprehensive
ptkstation/controller on the market”
uture Music

“This is a fat synth with a mean
bottom end™ SOS

“Superb sounds, sequencer, effects,
sampler and unprecedented computer
integration” FM

“Awesome and very desirable”
Music Mart

“The Motif is sonically superb”
Making Music
“A big impressive sound” SOS

“Effects score high for selection, variety
and quality” SOS

“The actual Motif onboard sounds are
fantastic” FM

“It's almost as if the Motif has become
an extension of your computer” SOS

“Leaves you wondering how they
managed to put in so much for
such a low price” FM

F
0
E

With the largest wave ROM in its class, up to 190 \
note polyphony* and an ability to deliver a

devastating wall of sound, MOTIF has already become
the standalone workstation of choice for many
professionals. If you look a little deeper though, you'll
find features which allow new levels of communication
‘between your synth and your PC.

* Realtime transport controls for togic
Tools and Sonar via USB e'Integrated
Sequencer allowing tempe changeswit
changes ¢ 6 min 20 sec stereo sampling
(fully expanded) » Smartmedia and S 'St

Register at
www.yamaha-music.co.uk

to receive Play, Yamaha’s new
Music Production

Newsletter f[ ”’I

o *Expandable with DX, AN'and VL synthesis (@
using Yamaha's PLG plugin system e www, mti at .
for unparalteled product support.

Visit www.yamahasynth.com ‘e Tye) -rl —

to find out more. MUSC PRODUCTION SYNTHESISER

' @YAMAHA

www.yamaha- LO.Uk
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Eight tracks on location with HHB PortaDrive

has recently grown by one, with the

new PortaDrive offering one significant
enhancement over other entries in the range.
It's an eight-track device, capable of
recording audio at 24-bit/96kHz to its
internal, removable hard drive. PortaDrive is
also equipped with a heathy range of
analogue and digital 1/0: six
phantom-powered XLR mix inputs and two
line-level analogue ins, eight channels of AES
1/0 (on a 25-pin ‘D"-Sub connector), plus
stereo S/PDIF 1/0. A word-clock output is also
specified, along with a sync input and a
five-pin timecode interface. The large graphic
LCD enables easy access to PortaDrive's
built-in mixer, as well as other operational
functions. Metering is large and bright, and a

H HB'’s range of location digital recorders

second LCD offers instant feedback of input
levels, which are governed by dedicated
multi-function rotary encoders.

Audio is recorded in AES31 or Digidesign
Pro Tools v5 Session formats, generating
Broadcast WAV or Sound Designer Il audio
files respectively, and allowing easy transfer
of PortaDrive sessions to Mac- or PC-based
audio workstatiens. Over eight hours of

uncompressed eight-channel 24-bit/96kHz
digital audio can be recorded to the supplied
hard drive. An optional 5.25-inch docking
station, which can be plugged directly into a
PC's drive bay, can accommodate the
recorder’s hard drive for easy file transfer; it's
also equipped with Ethernet, USB and SCSI,
allowing for a wide variety of transfer and
backup options.

The PortaDrive is powered by a S50W
rechargeable Lithium lon battery, which
provides a minimum of two hours of constant
operation. An AC adaptor is also supplied.
This doubles as a charger when the
PortaDrive is not in use.

HHB Communications +44 (0)20 8962 5000.

3 +44 (0)202 8962 5050.
3 www.nhb.co.uk

Third-generation modular DSP synth from Creamware

oscillator with the waveforms of the Prophet VS, a multi-mode filter, single-side-band modulation, and a build-your-own vocoder. The

Modular I} offers over 200 modules, including some designed according to wish-list specs supplied by acclaimed film composer Hans
Zimmer, who was singing the Modular lll's praises in last October's SOS. In
a system with so much flexibility, the new Modular Remote Control seems
a sensible addition; up to 16 freely selectable patch parameters can be
controlled from this independent window. The Modular Ill is available now
for PC and Mac, and requires one of the Creamware DSP cards to run (Luna,
PowerSampler, Pulsar or SCOPE). It can be purchased from the Creamware
web site for 259 Euros (about £163). Modular Il users can upgrade to
Modular Il for 115 Euros (about £72).

Creamware users may also be interested to hear that French plug-in
manufacturers D-Mute have released a free plug-in for the SCOPE pfatform.
D-Comp emulates vintage hardware compressors and is easy to set up,
with just four controls to worry about (Attack, Release, Input Level and
Output Level). D-Comp also features a brickwall limiter, a ‘side’ circuit
switch which alters the internal signal path, and stereo or mono operation.
In stereo mode, it uses less than 40 percent of one DSP card. You can
download D-Comp from the D-Mute web site, where you'll also find a range
of free filter and modulation plug-ins for SCOPE.

T he Modular IIt, the latest modular synthesizer system for Creamware DSP platforms, is now available. New features include a wavetable

NSEST

D il

Yy

’ﬂl'n

Mize ,

B www.d-mute.com
K www.creamware.de

MasterVerb goes Mac Apple drivers for Terratec 24/96 audio cards
The acclaimed MasterVerb reverb from Wave Arts (US$149.95) is dcard developer Terratec El ic have d that their entire range of
now available with Mac VST support, as well as for PCs in both VST 24-bit/96kHz audio cards is now compatible with Apple Mac computers; drivers are

and DirectX formats. In the same upgrade (to v3.02) MasterVerb
has been improved in a number of ways. Full DirectX and VST
automation of all parameters is now offered, and there's a new
Diffusion control, following user suggestions, for better control over

early reflecti Factory presets now ber 32, including 16 new
ones from SOS columnist Martin Walker, and output metering is CD-ROM tutorial for Propellerhead Reason
now provided, with automatic adju of output gain to prevent Propellerhead Software and their distributors M Audio have produced a guide to their

clipping. The upgrade to v3.02 is free to registered users.
MasterVerb can be purchased from the Wave Arts web site, which
is where you can also find fully functional time-limited demos.

m www.wavearts.com

available on the Terratec web site for both Mac 0S X and Mac 0S 9.x systems. Cards
supported include the EWX 24/96, DMX 6fire 24,/96, DMX 6fire LT, EWS88 D, EWS88
MT, and EWS MIC2/8.

m www.terratec.co.uk

software studio entitled Producing Music with Reason. The CD-ROM costs £25 and
contains three hours of audio-visual tutorials and for R users. You can
watch a clip from the CD-ROM at Propellerhead’s web site.

m www.propellerheads.se
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Handy Mac-friendly add-ons from Griffin

serial-port cards for modern Macs, have expanded their range

of interesting add-ons. For example, there’s the iMic, a
compact, cheap USB audio interface that adds basic stereo audio
1/0 for Macs and PCs that lack it, or provides a higher-quality
alternative to built in audio hardware. It can accommodate line or
mic sources, and can even interface with a turntable’s output, via
Final Vinyl, a free Mac OS X application that is equipped with the
necessary equalisation and RIAA curves.

Then there's the iCurve (see right), a desktop stand for Mac
Powerbook and iBook laptops made from clear moulded plastic
and styled in the manner of Apple's desirable flat-screen displays.
it raises your laptop up off the desk, not only freeing up space for
a full-size keyboard and mouse, but also lifting the screen to the
height recommended by health and safety standards (the top of
the screen should be level with your eyes). The iCurve costs just
over £40 (including VAT but not shipping) and is the stylish
alternative to a stack of SOS back-issues for the laptop owner who
has it all.

Another interesting little gismo from Griffin is PowerMate. This
is essentially a cross-platform (Mac OS 9/X or PC), USB-equipped,
brushed-aluminium knob! More specifically, it acts as a ‘multimedia
controller and input device'. Its basic job is to act as a volume
control for any audio application, but it can be more than that:
practically any key combination that your computer keyboard can
manage can be emulated by the PowerMate, with the help of the
supplied utility software. For example, you can use it as a
jog/shuttle wheel to scroll on-screen with video editors or MID!
sequencers, or as a mouse replacement to scrolf through long PDF
manuals. An integrated switch lets you mute audio, and, with the
latest v1.5 software updates (for Mac OS 9 and Mac OS X), you can
eject CDs if your computer keyboard lacks this handy facility. Also

G riffin Technology, the company behind a useful family of

assignable. Just press and hold, for a user-definable time, to
access whatever function has been assigned. In addition, a new
‘Global Only’ mode is available for when you just want to use
PowerMate as a volume knob. You probably have to see the
PowerMate, which costs £53 including VAT, to appreciate how
attractive it is and decide you want one, but it definitely works for
some people; apparently Griffin sold 10,000 of them in the three
months following its release!

Alta Technology +44 (0)20 7978 6644.

3 info@aitatechnology.co.uk
£ www.gritfintechnology.com

new with v1.5 is the so-called ‘long click’, which is also fully

BIAS keep the noise down

IAS's new Sound Soap is
B a noise-reduction software tool for Mac

and PC aimed at music and audio
enthusiasts, multimedia and web developers,
and video-makers — and the control set
comprises just two on-screen knobs. Simply
manipulating these should allow the user to
remove unwanted hiss, rumble, room noise
and other background noise from digital
audio files; no understanding of audio
processing is required, as the software’s
screen ‘shows' the noise being removed as
the on-screen knobs are operated.

Sound Soap has been designed to deal
with broadband noise such as the types just
mentioned, as well as removing
low-frequency rumble and electrical hum,
and is capable of learning the difference
between the unwanted noise and the wanted
audio. BIAS say the program is most effective
with subtle-to-moderate noise, but point out

that even with more extreme noise problems

Sound Soap could make the difference

between an unuseable and a useable sound

file. A free version is available for download
from the web site below.

BIAS have also announced v3.1 of their
renowned Peak audio editor for Mac. The
new version is native for Mac OS X and fully
compatible with Apple’s latest OS X revision,
v10.2, or Jaguar, though it will also run under
Mac OS 8.6-9.x.

The update adds a number of file-format
enhancements, including support for Apple’s
QuickTime 6, and audio encoding with
Dolby’s AAC (Advanced Audio Coding)
audio-compression algorithm.

Feature improvements for v3.1 include:

« A Duplicate command, to allow fast and
easy automatic repetitions of audio
material (for example, loops) in a file.

« User-definable contextual menu support,

making menu command access quicker and
more intuitive.

= Enhanced WAV file support: any markers,
loops and regions defined in a WAV file
saved within Peak are maintained when the
file is opened in another WAV-compatible
application. In addition, Broadcast WAV
files are now supported, as are 24-bit WAV
files.

Owners of Peak 3 can upgrade to v3.1
free by downloading it from the BIAS web
site. Other upgrade information is available
at the BIAS web site, and there are free tria
versions of the software for download. New
purchasers of Peak can expect to pay £349
for the package.

SCV London +44 (0)20 8418 0778.
3 +44 (0)20 8418 0624.

A into@scviondon.co.uk

m www.scvlondon.co.uk

KT www.bias-inc.com
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www.sound-on-sound.com . If You Want tO
at
Latest releases from - ;
Native Instruments equipment we’ll
ativ ruments Ve I S 4 new grou f
N ir:st:ulr:setnts fortth:iar Re:ILerzrevdB moedulgrostzd(:o Se n d YO u SO me
software. Reaktor Electronic Instruments volume one is
brochures...

a dance-oriented instrument set made up of seven
If you'd prefer to n and evaluate

components:
a wide range of

» The Rhythmaker GM-compatible drum machine, with four
m products by strict
A/B comparison

drum-synthesis modules and an eight-channel sequencer.
there is currently

only one option.

nkey houses what we believe to be the
world’ largest digital comparator systems
for pro audio* and the only ones of their
type in the UK.

Over 70 effects
processors are
available for

» The Titan lead synthesizer, featuring four oscillators, three instantaneous A/B
envelopes, three LFOs and two filters. eliminating the
« The Grobian bass synth. repatching time
» The Atmotion sequenced atmosphere and pad synth, with which makes good
sequencer-based control over filter cutoff, oscillator level, comparisons so difficult. 16 pairs of
and FM depth. monitors, |0 power amps, |6 mixing desks
« The EnfX envelope-following multi-effects plug-in, with and around 30 sources and recorders
input-modulated filter, distortion and delay. . (DATs, CDs, HDRs
= The Longflow dub delay, a stereo delay with long decay ; | - and Multitracks)
times, high- and low-pass filters and modulation of both . »! are on the same
delay time and filter frequency. g | matrix so you can
» The Anima moving filter bank, an array of graphically g instantly configure
controlled band-pass filters that can be used together or . complete systems
separately. or A/B anything.

Reaktor Electronic Instruments volume one is available now
and costs £49.99. It's also available bundled together with

the Reaktor 3 software for £279.99. Recording consoles

Native Instruments have also released version 2.0 of their don’t come cheap.
Traktor DJ Studio software, which is available for the first We believe you're
time in both Windows and Mac 05 9.2 and OS X formats. entitled to properly
Traktor allows users to mix MP3, WAV and AIFF files via an compare the
interface modelled on conventional D) hardware, with the various brands for
added ease of one-click beat matching, looping and cueing, EQ characteristics
and drag-and-drop playlist assembly. The update and noise.

incorporates new MP3-decoding algorithms, filters borrowed
from Reaktor, and improved search functions. Registered
users can download the new version for free from the Native
Instruments web site. Traktor DJ Studio v2.0 costs £109.99.
Finally, Absynth Sounds volume one contains 256 new — , ~g
sounds, presets and loops for Absynth users. Each of the
pads, sequences, synths, effects, basses and drums is
programmed with full MIDI control of velocity, modulation
and other parameters. Absynth Sounds volume one is
available now, and costs £29.99.
Arbiter Music Technology +44 (0)20 8970 1909.

I +44 (0)20 8202 7076.

n sales@arbitergroup.com " 4
. E——————— Most dealers will tell you which products best

T3 www.native-instruments.de suit your needs. Only one can show you.

We've taken the same innovative approach
to demonstrating all our products from
studio mics to analog synthesisers. Our
new Loopstation, for
g example, has been
et widely acclaimed as
the world's premier
resource for the
sampling musician
(see the flyer in this
month’s magazine).
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EUROPE’S LOWEST PRICES [€]8aVaAN 1=

computer hardware....2-3
controllers & midi.........4
APPI icicesensirsnrssnosnusimmmmans
mac software .......cceueeee.6
dual format software ....7
software ....ccccercuneennen s 8-9
multimedia.....c.ccccieveeee 10
mixing consoles..........11
outboard ........cceeeeee. 12-13
monitoring ......ccceeceenee.. 14
mastering .....ccccceceenee. 15
integrated studios.......16
microphones.....ccecuvaseee 17
headphones....c.ccreee.... 18
keyboards.....ccceeeeee. 19-21
sound modules .......22-24
digital percussion .......25
sampling ..cccceeeecennnennna 26
sample CDs ....ccceuceeeeaa 27

pa llIlII.llllllllllIIl--lllllllllll28

di llllIIIIllllIIIIIIIIIIIIIIIIIIIIII29

cables & accessories..30
stands & cases .cccernenaa 31
books & media ....cce0eee 32

Find all these products in:

the buyer’s

INDEX

The definitive monthly
reference directory of best
selling pro audio and

music technology products,
free with this magazine.

If you would like to

receive our

promotional

material direct

to your door and

free of charge in

future, dlick on

“Catalogue Request”

at www.turnkey.co.uk

to register your details.

N.B. We do not divulge or sell our
customers’ details to any third parties.

turn

260dB Drum & Bass Interference
Drum loops and bass licks in REX
format RRP £59.95

FREE

SOUNDS FOR

2003!

In addition to our lowest prices guarantee” and an
unprecedented number of exclusive clearance offers, we
are giving away free sample CD’s worth up to £59.95 with
orders for delivery over £200 (choose | from 5 shown).

Christmas opening hours

Our doors are normally open from |0am-6pm,
Mon to Sat (late until 7pm on Thursdays), or
you can catch us on the phone from 9am-7pm,
and often much later! XMAS LATE opening hours:
Mon |6th - Weds 18th Dec |0am-7pm;Thurs 19th 10am-
8pm; Fri 20th - Sat 2Ist 10am-7pm; Sun 22nd | lam-4pm.
Closed:Weds 25th, Thurs 26th & Weds |st Jan 2003

qse6.1
SYNTHESIZER

Gur 2d of g dlerrea womy b 044 o0y

Full Phatt
loops and FX
RRP £59.95

Morbid Elements

Over 2400 House/Techno samples
in audio and WAV formats.

RRP £19.95

Vince Clark- Lucky Bastard
Analog synth WAV sequences RRP §
£19.95 r-

P
G-Soul

Hip-hop influenced Soul & RnB
audio samples

RRP £19.95

RRP £273

i oy 139"
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Our Commitment to Service

Computerlsatlon All quotes and orders are
computer databased (please ask for a reference number}
10 enable speedy tracking of any subsequent queres.
trained sales advisors have a huge range of
information at their fingertips, trom stock avaltabitity &
pricing to technical details and prior purchase records.

Returns and Repairs we want you tobe ‘.
satisfled with anything you buy from us. If you have |
purchased an item and found that it Is unsuitable, :

please contact us witin 10 days of purchase. We will
re-assess your needs and try to supply you with a
better solutton. If there Is nothing appropriate avallable
at the time, or you would like more lime to choose, you
can choose 1o have a credit note or refund Instead.
Whilst we will endeavour to be as flexible as possibie, we cannot take your
purchase back if.

Stock AVallablmy When you're ready to buy
something, you don't want to watt tor it! That's why we
have the UK's largest stocks of MIDI and recording
products under one roof, inclsding a full range of
accessories from expansion boards to cables, and
stands 1o media

+ you haven't informed us within 10 days

« the unit has been physically damaged in any way

« the seal has bean broken on any software products, e.g. computer software
sample CDs etc

« part or all of the packaging is missing

« the item was speciaity made for you, eg custom built cases & computers

« the item was specially ordered for your semi-professional or professional use

Delivery We will normally process your order the
same day for any orders taken before 4pm. We offera
variety of delivery services, with the recommended 24
hour Insured courier service from just £9.99. We also
offer a £3.99 postal service, but please allow 28 days

H your equipment is or becomes taulty, on confirmation of the fault we wlll replace
for deltvery {items must be under £50 value & 1.2 kg

the product with @ new unit within 3 months of purchase on “stock” items, or 1
month for specially ordered items, providing the goods are relurned in as new
condition with all packaging and accessories etc, and the faull is the result of 3
manufacturing defect. Outside these periods and conditions, we will repair the
product whilst stid under warranty - our service department currently numb2rs ten
full time repair and technical support staft

Finance wLow cost finance available trom only
9.9% APR on any purchase over £500 - you can split the
paymenis over 1, 2 or 3 years. {9.9% Hance amounl
over £1.000, 14.9% finance amount under £1,000)

Your statutory nights are not attected. For full details of thesg and other policies.
please see wwv.turnkey.uk.com policies.html

If at any stage you are unhappy with the service
you are receiving, ask to speak to a manager -
we aim to please.

*Our guarantee is that we will beat any genulne quote, oa
identical goods, from a UK or European dealer at time of
order. Other offers may not be available when price
beating. We must he ahle to substantiate the quote and

the goods must be available and In stock.

o Gift Vouchers wantio give & present but dor’t
know what to buy? Why not use our gift vouchers
they are available in £10, £20 and £50 denominations,
and can be used against any purchase.



Carillon Audio Systems proudly present the first
ever “Audio Computer”, designed and built
specifically for music recording studio use, where
noisy fans, drives, RFl interference and unreliable
flimsy hardware are absolutely unacceptable!

Carillon’s heavyweight steel and
aluminum rackcase is bullt to last,
won't rattle or vibrate, and provides
considerable sonic and electrical
isolation, and inside are Carillon’s own
UltraMute PSU, plus super low noise
fans, a hard drive sleeve, and many
other noise killing innovations,
including sorbathane anti-vibration
feet and rackear dampers.

Carillon gives you a choice of pre-configured systems for popular music

software prckages, including soundeards. professionally installed and set up, with all

Windows configurations sorted out 50 you
won't have to worry about IRQ conflicts, drive
partitions, or disabling background applications etc -
there’s even a faflsafe system backup disk for emergencies
There are 23 packages (although bare bones systems are also
available) and these come with interactive HTML manuals for the
system as a whole (CarillonHow). An extensive troubleshooting
section (CarillonHelp) with FAQ and internet updates. plus
as a last resort, Carillon remote tech support
engineers can address your computer online via its
built in 56K modem, to fix things for you in situe
{CarillonFix)! You also get the Loopstation sample

search engine and thousands of free premium

Ity i

baard

SEE CARILLON INSERT IN THIS MAGAZINE!
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EUROPE’S LOWEST PRICES

MidiMan’s consistantly strong and solid range
of “In and Out” devices thrusts forward with
the future proof USB MIDI interface, and 24
bit 96kHz PCl based hardware solutions.

MIDI SPORT 2x2 i wrereace

i g —
.2 (727

AUDIOPHILE souwocers 168 3R

The MidiMan Audiophile 2496 (s a

PCI soundcard offering full duplex
stereo In and out on both analogue
phonos and S/PDIF coaxial simuftaneously,
giving four discrete channels of 1O The
card boasts 24 bit 96kHz compatible
converters with a dynamic range over
100dB at +2dBY pea

and does not redither

or sample rate

convert your data, so

bit for brt accuracy

may be preserved with

digial transfers The

breakout cable includes MIDI sockets

1X1 ALSO AVAILABLE only £45.99
4X4 ALSD AVAILABLE only £89.99
8X8 ALSO AVAILABLE anly £205.99

£52°
MMAN-SPORT2X2

)

MMAN-AUDIOFIL

DELTA 44/66 PCI AUDIO INTERFACE " l

The Delod 44 mid 4
interface consists of a full
duplex PCl card and

breakout box, featuring 4
balanced TRS jack ins and

This PCl card provides 8 analogue
inputs and 8 analogue outputs via
TRS balanced jacks
(accepts unbalanced
as well) plus an

uts. The Delta 66 offers 5"/”:% coaxial - ‘o®
4 analogue Ins, 4 analogue K]
>uts and 2 channel digital = wOor

1O via S/PDIF coaxial BNCS It also has the MIDI in and out and

Both cards support 24 bit . TS FROM provides full duplex operation to any PC, RRP £649
96kHz rates and have a 5% 20 The converters are in the outboard 1U rack . %
103dB S'N ratio, all of which e £ 1 6 9 and handle 24 bit 96kHz rates. Operating £469
support up to 24 bit 96kHz rates Full levels are +4dBu or -10dBY, and can achie

duplex rec { pl MMAN-DELTAd4 FIODIBIR DN MMAN-DELTA1010

OMNI 1 0 ALSO AVAILABLE only £145.99 - expansion bex for Delta 44/66 featuring 4 balanced imputs (2
with phantom powered mic preamps) 4 stereo ins, aux send + return + dual monitor outs.
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BiG Briar

Big Briar’s cheif designer, Bob Moog
introduces his latest monophonic analogue
synth, the Minimoog Yoyager, based on the
original Model D from the Seventies, and can
be thought of as a modern day equivalent of
the classic Minimoog, though vastly updated
and improved with a true velocity sensitive 44
note keyboard which also responds to
aftertouch, compared to the original

whose notes were just

on or off.

Voyager is also sporting a new touch pad,

MIDI and many cutting edge features!

There are 3 oscillators and a noise

generator feeding two LPF resonant filter stages

and a VCA, which can be modulated by two ADSR

envelope generators (externally triggerable) and an LFO with
selectable waveforms including two sample and hold types. v
Voyager features pitch bend and modulation wheels, a built in 5 channel y o turnkey
mixer and external audio inputs. The touch pad responds to vertical / cost oplion.

horizontal movements and pressure allowing three parameters to be controlled. 02074199999
There will be two versions of this synth - the Performer’s Stage Edition, with a solid hardwood
cabinet as described here, and a special limited signature edition with a choice of woods.

A must-own modern classic!

114-116 Charing Cross Road London WC2H OJR
email: sales @turnkey.co.uk
www.turnkey.co.uk

tumkey can 020 7419 9999 2z~ fax 020 7379 0093 www.turnkey.co.uk
@3
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mﬂuév device studio |

Welcome to the unvver‘.sE m,‘ 2.0,

software ,sylﬂhs, sampllﬁs’ »‘,J effec
.(nur favourite W/mlnws muiti-track rec

Dlrecc)gand many zzher fa

Infinity isi Virtuall Device St; 0
cor}figurable modules tl‘t ou
of your dreams - ﬁn’this is only t

Infinity also a&epts \IjT ‘ T

This means you can take your exist r download some from the many
freeware models available on the ! e them within Infinity under new
front panels of your own design and v' device as a plug-int effect or
ipstrument with any host s s Cuba nd Cakewalk, to name a few.

oprue eoaep (wnLyA

Infinity alsoirﬁlu 5 an &t p ual ddmve, subtractlve and

FM SQrvths.jrum z 3¢ rs. g f audm effem.! units ar‘urmlided

along with many sophi D g devices like arpeggiatol attern

sequencers and even a multit .' ve nt recorder forQ:utstarvﬁg. ' Tnon . .,

As a free standing environment, lnfimty& O supports the low-latency ASIO standard EE'\}EII

as Direct Sound and WAVE drivers for Windews 85, 88, ME, 2000 and XP. For even -

greater portability, any virtual demces crected with Infinityican be lﬁaded and performed = . W R on 74 1 9 9 \9
)ndrvnduaﬂy by Alpha, an included player program that yoscan distribute freely with your ‘ 114-116 Charing Cross Road London\NC2H OJR Y

creations. .
r ’ email: sales@turnkey.co.l‘ \

Infinity - the only limit is your imagination. - www.turnkey.co.uk
A “

SAC 2.2 CONTROULLER

+ Compatible now with Logic, Cubase, Pro Tools, Performer, Sonar, Reason, software samplers, virtual lnstrumen
» Control several programs/instruments simultaneousty & switch between them in real time, e.g. Logic anﬂ fr

» Control multiple computers simultaneously

+ 9 touch sensitive motorised faders

+ 12 encoders with push button functions and LED indicators

» Three 2 x 40 charzcter LCDs display track and parameter names

+ 67 illumingted buttons 3
« Transport section with jog/scrub wheel and large SMPTE / bars & beats display o

+ Bulitin 4 port USE hub -+ 02074199999
+ Direct USB connection to host computer 114-116 Charing Cross Road London WC2H 0JR
+ Onboard MIDI ports can used as a MIDI intertace for your computer email: sales @turnkey.co.uk
+ Heavy duty metal construction

) ) www.turnkey.co.uk
+ SAC-8X 8 fader expansion and SAC-M5/3 control room monitoring section also available

email sales@turnkey.co.uk visit 114-116 Charing Cross Road London WC2H OJR




Nothing but the truth.

The truth about nothing but
the truth.

The problem with most so called reference
monitors is they simply can't reproduce the full
range of audio frequencies needed for true
representation of the sound, especially low
frequencies. Today's most common monitors use
a 2-way design with 8" woofers to cover the low
frequencies, but they can't go down low enough
to give you the lowest octaves that are essential
to the character of so many instruments, like
bass and drums.

Ported v sealed boxes.

Some designs use ported cabinets to help do
the job woofers can’t do on their own. While a
port can extend low frequency capabilities, it
can’t deliver the transient response of a sealed
box. At high levels, airflow through the port
produces turbulence that
reduces efficiency and
actually causes high
frequency noise. There's
no getting around it—If
you want a true reference,
you need a sub-woofer.

The truth about
the ““hole” truth.
With the advent of 5.1
surround sound, the low
frequencies have received

much more attention. Many
companies now offer
subwoofers as add-ons for
stereo monitors. But when
components aren't designed

to work together
matters can get more
complicated, and new
problems are often
created—such as
an audible hole in
the sound.

Because we can.

oIntroducing the
world’s first
2. system.
The Blue Sky 2.1
System is the first stereo

integrated

Baway system  MoNitor to deliver full

range sound without
compromises. It is a true system in every sense.
It includes two powered 2-way satellite speakers
and a powered subwoofer with a 12" driver in a
sealed cabinet. 2.1 Bass Management circuitry
directs all the frequencies where they belong. It's
a true integrated three-way system. Every
component is optimized for the system. Our
2.1 system delivers coherent, seamless audio that
is more accurate and more full range than even
the most expensive alternatives.

Your room is a part of the system.
Because of its essential design,
the 2.1 system allows the user to

place the satellites for optimal
imaging and the subwoofer for
optimal bass response. The
system design acknowledges the
listening environment as a major

factor in what we hear.

The Blue
Sky
BMC
(Bass
Management

Controller) offers a
total in-place solution
for controlling any 5.1 system.*
With Blue Sky Systems, you get
accurate, full range audio in a real

room - your room. And
the transition

between subwoofer
and satellite is totally

seamless. |t

integrated
surround
reproduces smooth, even system

bass response throughout the monitoring area.

Why did we build such an
amazing system at such an
affordable price?

Because we can!

Blue Sky is dedicated to developing better
solutions to improve the process of sound
creation and reproduction. Our mission to to
develop innovative products that are not only
technologically advanced, but affordable to the
greatest number of serious people.

Blue Sky 2.1 and 5.1 systems have
been field tested in some of today's
most demanding rooms. They've earned
the THX seal of approval and raves

THX

for more complete information on our

from some of today's
most well respected

audio professionals.

Visit us on the web

products, company, philosophy, and
technology - and see who's using and
talking about Blue Sky. Then hear what
you've been reading about. Call or e-mail
to arrange a demonstration or ask about
our money back guarantee.

NEW PRO DESK 2.1 SYSTEM!

5.1 Pro Desk tystem aksa avalable

mkey
0207419 9999

114-116 Charing Cross Road London WC2H OJR
email: sales @turnkey.co.uk
technical spec: www.abluesky.com

www.turnikev.co.ulc
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VIRAL EVOLJTION:

Quite simply this is the best
digital filter 1 have heard -
Sound On Sound ‘98

Overflowing with character -
Future Music ‘00

The Virus can generate
speaker shaitering bass -
S0S ‘00

If you're shopping for a new
virtual analog synth, you'll
be sick if you don't check
out the Virus - SOS ‘00

The Indigo rself is built like
a Panzer tark - SOS ‘01

The Virus Rack sounds
superb - SGS ‘01

| doubt that I will ever tire of
it's sound - SOS ‘01

Undoubtedly the most
powerful viitual analogue
synth - SOS ‘M1

You can't fail to have fun
with this, or to find
inspiration

playing it - SOS ‘02

A beautifuly designed little
beast with a huge
personality - SOS ‘02

The Virus € is a gorgeous
instrument. equally at home
reproducing anything from
polysynth overkill to
hardcore trance and ambient
textures - SOS ‘02

The best analogue-style
synth on tne market -
S0S ‘02

A seductively rich, smooth
and natural analogue-
modelled sound with a
beautifully exuberant
character - FM 02

An exceptronal synth that's
destined to become a classic -
FM ‘02

VIRUS C

VIRTUAL ANALOG -

DEFINED.

MUSIC MAGAZINE ™
READER AWARDS 2002

No.1 HAROWARE SYNTH

VIRUS C

6 OUTPUTS, 2 INPUTS

32 NOTE POLYPHONIC

16 PART MULTITIMBRAL
INCLUDES SOUND DIVER
98 SIMULTANEOUS DSP
EFFECTS

SURROUND SOUND
BUILT-IN POWER SUPPLY
1024 PROGRAMS

The Virus C is here

it sounds spectacular,
it's drop dead gorgeous,

and the enhanced engine is

totally turbo-charged!

32-voice polyphony, a friendlier
front panel, 3-band EQ per part,
undo/redo/random, and 1024 killer presets are
just a few of the exiting additions to make it
your favourite synth ever,

Experts regard the Virus as THE quintessential modern

synth , with the world’s best sound and features (check out the
review comments opposite). The highly-evolved C sings with the

legendary warm analog character that made instant classics of its

award-winning predecessors. It's incredibly flexible and easy to use.
with the unmistakable sound that infected an entire industry, and of course
enough headroom for generations of tuture software evolution and innovation
(always free from Access!).

Give yourself the sound your music deserves.

VIRUS KC

6 OUTPUTS, 2 INPUTS

32 NOTE POLYPHONIC

16 PART MULTITIMBRAL
61 NOTE VELOCITY AND
AFTERTOUCH SENSITIVE
KEYBOARD

98 SIMULTANEOUS DSP
EFFECTS

SURROUND SQUND
1024 PROGRAMS

VIRUS IND:GO 2

6 QUTPUTS, 2 INPUTS

32 NOTE POLYPHONIC

16 PART MULTITIMBRAL
37 NOTE VELOCITY
SENSITIVE KEYBOARD
98 SIMULTANEQUS DSP
EFFECTS

SURROLMD SOUND
1024 PROGRAMS

<) access

VIRUS RACK XL

6 QUTPUTS, 2 INPUTS

32 NOTE POLYPHONIC

16 PART MULTITIMBRAL
INCLUDES SOUND DIVER
98 SIMULTANEOUS DSP
EFFECTS

SURROUND SOUND
BUILT-IN POWER SUPPLY
1024 PROGRAMS

VIRUS RACK

4 OUTPUTS, 2 INPUTS
16 NOTE POLYPHONIC
16 PART MULTITIMBRAL
INCLUDES SOUND DIVER

1024 PROGRAMS

key
0207419 9999

114-116 Charing Cross Road London WC2H OJR

email: sales @turnkey.co.uk

technical spec: www.access-music.de



this is how it's done.

PRO TOoOLS | i

te 020 7692 6611 fe 020 7692 7619 < 12 Flitcroft Street London WC2H 8DL « www.mediatools.co.uk

@& Solution Expert providing solutions... media

tools




home
digi 002 system logic workstation logic songwriter

away
mobile protools location recording mobile songwriter

te 020 7692 6611 fe 020 7692 7619 < 12 Flitcroft Street London WC2H 8DL « info@mediatools.co.uk

" Solution Expert providing solutions...

sales * support « training in the heart of soho
specialists in professional audio systems for music & post production




you need plug-ins?

Access Virus TDM

« Software synth TDM plugin
squivalent of Acess Virus
analogue modelling synthesizer

» 500 presets including Moog

basses and analogue drum kits
* Runs on dedicated DSP
€699

Antares Autotune TDM

« Now avadabie as a DirectX or VST plug-in

« Automatic intonation correction “‘“1‘11!}_’.‘.%
* Retunes fat vocals p . i
+ The plug-in that makes the tamous sound good ® ’ ,,
|
i

RTAS aiso available

:ms ¥ 9i
Bomb Factory Classic

« TOM and RATAS plug-in

= Two vintage compressors are
replicated with full graphic
intertace and authentic controls
* LA-2A and 1176 models
*£499

Kind of Loud Realverb TDM

+ Advanced reverb plug-in

* Combines convolution sampled reverb with
detailed parameter control of a2 master
effects OSP

* Can morph between sampled roverbs

* 5.1 surround compatible

* £269

4
@& Solution Expert

McDSP Filterbank TDM

* TDM aqualizer plug-in

* Double precision 24 bit

* Up to 48 fitters per MIX dsp or 24
on PCI systems

« Emulates tube or solid state designs,
up 10 6 band parametric, 20 types

«£379

Metric Halo Labs
Channel Strip TDM

« Complete channel strip in a TDM plug-in
« Gain, potarity, delay

48 bit 6 band parametric EQ

« Compressor with sidechain

* Expander / gate with sidechain

*£409

Prosoniq Sonicworx
Power Bundle

* Plug-in bundle containing SonicWorx Studio
2 editor and effects pius SonicWorx Artist

* Over 60 eftects in total

* Includes Jungeiizer, Atmosphers, Tubulator
and Turbulence

* £399

Serato Pitch n Time

« RTAS plug-in for ProTools

« Time stretch 50% - 200%

* Pitch shift 12 semitones

+ Non linear stretches that vary with
time - warping

* Up to 24 bit 192kHz rates

« £489

« Ideal for overdub or ADR lip-sync

* £699

= Native Bundie of VST plug-ins available

« Fittrator, Limiter, Native Reverb Ptus,

* Speed - time stretcher
* Sound Blender - advanced pitch /

« Pitch Doctor - auto re-tuner

« Pure Pitch - tormat correcting pitch shifter
*£1048

Waves Platinum TDM

* Box set of 25 TOM plug-ins

 Rennaissance Vox, Bass and DeEsser
 £3699

we have plug-ins:

Synchro Arts Vocalign Pro

* AudioSuite plug-in for automaticalty

matching and maintaing the sync
betwean two similar signals, by FFT
analysis and peak / RMS patterns.

post-production

TC Works Bundles

for PC or Mac

Compressor / De-esser, Graphic EQ,

Parametric EQ

« Stylized graphic intertaces

Wave Mechanics Ultra TDM
« 4x TDM plug-in FX package ——

chorus / time FX

* Includes everything from Gold Native L
Bundle plus
* Masters linear phase EQ, comp I‘_ FW!!

and Utramaximizer

This selection represents just a fraction of what we have in stock and

on demo - please call him with your requirements.

providing solutions...

12 Flitcroft Street London WC2H 8DL

(t) 020 7692 6611 (f) 020 7692 7619 www.mediatools.co.uk




you need outboard?

Apogee Trak 2

« Combination stereo mic preamp of high quality solid state front end and
reference quality A/D converter based on PSX

« Uttra low <15ps jitter

« User definable dither, routing, gain, softclip etc.

Avalon VT737SP
i35 405 2ARns

« High end vaive channel stnp with mic / line / guitar jack Input, classy preamp
with HPF. polarity and 48V

« Excellent transparent and musical compressor

+ 4 band sermi-parametnc EQ, switchable pre/post

*£1699

Empirical Labs Distressor
e 0000

« 1U rack stereo hard knes compressor with settings ranging from soft to an
oddball “Nuke™ mode that adds considerable distortion as an effect
2nd and 3rd in

*£1299

Eventide Eclipse

= Two channel version of the Orville multi-effects unit

* 24 bit 96kH2 processing

« Intelligent prtch shifting, reverb, spacious stereo chorus and much more
« Fulty MIDI controdable

*£2199

4
@& Solution Expert

s #fdigiach
o=’

we have outboard:

Focusrite ISA-220 TC-Electronic M3000

= s ¢ B0 W e
vV, V9. %9 9

st
- - V00 T8N o
« The new Session Pack is a bargain half price Producer Pack! Slightly * 24 bt VSS™3 Digital Reverb
fewer controls / options = Full Editing Facilities + MIDI
* Mic / line, 2 band para EQ, hi / jo shelf, sweep HPF * PCMCIA Card for 2MB Backup
* Comp, de-S. limiter and optional 24bit 96kHz AD « Easy or Expert Editing Modes
«£1199 «£1189

Focusrite ISA-430 TC-Electronic Finalizer 96k

« Transformer balanced mono channel strip « Now supports 96kH2 via double fast AES/E3U
* Mic preamp with line and high Z instrument input « 3 band digital compression, 5 band EQ

=4 band EQ, noise gate « De-esser, Enhancer, Limiter, Expander

« Optional 24 bit 96kHz AD o Levelling, sampie rate conversion

« £2099 * £1566

Lexicon PCM91 FX Processor  TC-Electronic Fireworx

« Currently one of the best sounding digital reverbs money can buy * 24 bit multiFX & AES, S/PDIF & ADAT O

+ AES/EBU digital 110 * 8 simultaneous ettects, raal time control

« In-depth editing + MIDI « Digitat cruncher, ring modulator, vocoder, tormant molding &
« Excels at smal acoustic spaces + sarly reflections more...

*£1579 « £969

Studio Electronics DC2S TLA CLC1 Classic

* Solid state Class A dual mono compressor « TL Audio's C1 soft knee valve compressor gets a new facelift!
» Classic transformer coupled FET circuitry « New round VU meters & chunky 6mm frort panel
* 1U rcak design with tull manual control and LED metering, and stereo link « 2 mic preamps + aux in
= £1699 * Very smooth. XLR « jack
*£999

This selection represents just a fraction of what we have in stock and
on demo - please call him with your requirements.

providing solutions...

12 Flitcroft Street London WG2H 8DL
(t) 020 7692 6611 () 020 7692 7619 www.mediatools.co.uk




Your technical questions
and queries answered

Can | use my drum
pads to trigger drum
machine sounds?

| currently own some Roland SPD6 MIDI drum
pads, and | want to be able to record from
them into some kind of drum machine, so
that | can use the rhythms in a live situation
later (I play guitar and sing in a trio with a
guitarist and synth player.) My local music
shops tell me that things like the Zoom and
Boss drum machines on the market today will
not do this, as they say you cannot connect
via MIDI and record the external MIDI
information into them. Is there any other
product that might be worth looking at?
Mark May

Reviews Editor Mike Senior replies: /f
you're happy with the kinds of sounds you
can get from the average drum machine, you
could consider getting one of Yamaha's little
QY-series hardware sequencers — the most
recent we reviewed was the QY100. These

MIDI pads such as the Roland SPD86 are ideal for
capturing a live, stick-led drum performance.

have MIDI recording (called MIDI sequencing)
facilities built into them, along with a MID!
sound module to provide the sounds. You
could plug your SPD6 pads into the MIDI
input on one of those machines and record
your performance in real time. Then you
could re-record sections or edit note-by-note,
if you wished. The QY100 is inexpensive, and
very portable, too, so it would be good for

For more hints, tips and problem-solving visit the SOS Discussion Forum
www.sound-on-sound.com/sosforum.htm

gigs. You can check out the specs in our
review (SOS February 2002, also available on
the SOS web site, www.sound-on-sound.com)
and by downloading the manual from the
Yamaha web site’s library (at
www.Yamaha.co.uk). Check out the rest of
the QY range, too, because each one offers a
different balance of facilities.
If you're after more realistic sounds, I'd
suggest something like an Akai MPC2000,
which also contains a MIDI sequencer.
However, instead of a generic MIDI sound
module, you get a drum sampler, which
allows you to use the most suitable sounds
for your music. You could also look at the
Yamaha RS7000 for this, and perhaps the
Korg Triton or Trinity keyboard workstations
with the sampling option (though these would
be rather more expensive). Each provides
these kinds of sampling and sequencing
facilities in a slightly different format.

Are red indicators in
audio software
significant?

What is the best level, or what should be the
highest indicator point in mixing, using
computer software such as Nuendo or
Samplitude? At times the mix will sound low
when the LEDs are hitting red. Am | using my
compressors wrongly? Also, how can you tell
that your song is really going to have the
desired punch in a club setting? This has
given me headaches with clients complaining
that their songs are not ‘punching’ hard
enough. My overall compressor is the
Timeworks mastering compressor.

Chris Musyoka

Features Editor Sam Inglis replies: Red
lights in any digital system, including
computer software, indicate digital overloads
and should be avoided. When a signal
exceeds the maximum level available in a
digital system, the audible result is digital
distortion, which is not at all like the ‘warm’
sound of an overloaded analogue tape
recorder or mixer channel, and is usually
very unpleasant.

Having said that, there are sounds (such
as snare drums) where brief overloads are
not very noticeable, and the mixing engines
in many software packages seem designed to
alleviate some of the audible consequences of
overloading. As usual, if it sounds good, don’t
worry about how it looks! It should, however,
be possible to get a punchy mix without
continually overloading channel busses — if

you find all your channels in Nuendo are
showing red lights, pull the faders down on
all the channels and boost the Master
channel instead.

The usual way of achieving ‘punch’ is to
process the mix buss with a stereo
compressor and/or limiter: multi-band
models generally achieve more transparent
results than full-band ones. However, if your
mix isn’t punchy to start with, no amount of
mix buss processing is really going to help
that much, so you probably need to address
some more fundamental issues. Is your
monitoring system properly set up? Do your
sounds sit well together in the mix? For
instance, do your bass and kick drum sounds
get muddled because they occupy the same
frequency range, or do they complement
each other?

Reviews Editor Mike Senior adds: The
best advice | can give is to ask your clients to
bring in tracks which they consider to have
the required amount of ‘punch’ and then to
adjust your compressor and EQ settings to
match these reference tracks. Set up your
monitoring system so that you can quickly
switch between your mix and the output of
your mix buss — it's vital that you A/B very
quickly, as this stops your ear compensating
for any deficiencies in your mix.

If you need advice on compression and
EQ, I'd suggest looking up the Advanced
Compression workshops (in the December
2000 and January 2001 issues of SOS) and
the two EQ workshops in July and August
2001. You might also want to look up the
Advanced Gating workshops (April 2000 and
May 2001), and the multi-band compression
workshop (August 2002). This is only the tip
of the iceberg, though, given that there are
eight years or so of back issues available free
to read on-line, many of them workshops.
Mix processing is an extremely difficult thing
to do effectively, so don’t be afraid to mix
things several times in order to experiment.

What is ‘zero level’?

Could you give me a definition of 'zero level’,
or explain what it is? | am a University
student in my first year, studying sound
recording, and | can't seem to find a
definition for this anywhere! Any reply will
be greatly appreciated.

SOS Forum posting

Technical Editor Hugh Robjohns replies:
Virtually every book published in the last 20

28 SOUND ON SOUND « january 2003



With the new Plex from Steinhery,
it sou | "JJ"{ d narp

Have you ever combined the sounds of a bell and a trombone and added the envelope of a harp?

You've never heard ;nything like it. Synthesizer legend Wolfgang Palm had an idea for a completely

new approach to sound creation and came up with a special analysis technique for restructuring

sounds. Through this new process, PLEX gives you the ability to combine natural and synthetic instruments
*ne another. It doesn’t just sound good, it's also astonishingly simple to use, thanks

he innovative user interface. So simple that even Daisy could use it.

The new PLEX -

More than just a synthesizer ) «sig“}‘.‘ 5

'e
More about PLEX: www.steinberg.net Creativity
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P years that discusses recording techniques

explains zero level in some depth (I have a
bookcase full of them here), so the best thing
to do would be to investigate your college
library and do the homework for yourself.
However, because there may be some
confusion out there, I'll try and provide a
simple explanation.

Audio signals are measured in decibels,
as you no doubt know, and zero level is slang
shorthand for the 0dB point — je. where the
reference and measured signal have the
same value. However, that reference changes
depending on what you are talking about.

s 0dBA is the threshold of hearing — the
quietest sound an average person can
hear.

= 0dBu is a common reference level for line

signals, and is usually the target of the

‘zero level’ term. It equates to a signal

voltage of 0.775V rms. Another very

common reference level for line-level
signals is +4dBu (a signal voltage of
1.223V rms) and this is also usually (but
certainly not always) the reference point
for OVU, the zero mark on a traditional VU
meter.

0dBm is irrelevant to audio these days, but

was the correct term when everything used

matched 60010 impedance terminations. It
defines the voltage when one milliwatt of
power is dissipated in 600 Ohms... which
just happens to be 0.775V rms.

0dBV is rarely used in audio circles. The

reference level for semi-pro gear is actually

-10dBV, a signal voltage of 0.316V rms

ODBfs is the highest possible value of a

digital signal. Unlike analogue systems,

which all encompass a certain amount of
usable headroom above the ‘zero level',

digital systems stop at precisely 0dBfs, so a

working headroom has to be built into the

system alignment. Depending on the
standard used, this is somewhere between
12 and 2448, with 18dB being a common

European standard. Consequently, 0dBu is

often said to equate to -18dBfs.

Can you advise me on
vocal recording and
microphones?

| currently have a small home studio and am
making a a few different styles of music but
mainly house and trance. I've used samples

For more hints, tips and problem-solving visit the SOS Discussion Forum
www.sound-on-sound.com/sosforum.htm

for remixing tracks but never done any
actual vocal recording myself. Not so long
ago | was asked by the lead singer of a
group if | would help them do some
recording. | really am interested in doing it,
but the problem I'm hitting is acoustic
treatment for the recording booth. It's so
expensive, and reading the Studio SOS article
in the October issue this year | see Paul
White using a duvet for dampening down
room reflections. Would it be good enough
to hang duvets on the walls of the vocal
booth ? Also, I'm not sure what mic | will be
buying, as | don't know a great deal about
them. I'll be on a budget of about £4-500.
The mic will be running straight into the
mixer itself, which hopefully will be the
Mackie 32-channel. | have been told that it
would be fine to run the mic straight into the
mixer, as the Mackie’s guality is very good.
Craig Young

Reviews Editor Mike Senior replies:
Regarding your acoustics, a couple of duvets
should do the trick here. If not, you can
always upgrade your treatment at a later
date with some acoustic foam. To address
your second question, at that price for a mic
you've got an awful lot of choice. You should
only need a cardioid (unidirectional) polar
pattern, and you ought to be able to do
without pad or filter switches — vocalists
aren'’t likely to get that loud and you can
filter low end on the mixer channel.

Your main choice will be whether to go for
a solid-state or a valve model. The solid-state
ones will give good results on a variety of
different sounds, but the enhancement
provided by a valve model may be more
suitable for your vocal-only applications, if
you want that kind of sound. If
you're after a solid-state mic,
our Editor Paul White very
much likes the Rode NT mics
— the NT1 is currently
excellent value. There's also a
very nice Rode valve mic, the
NTK, which is within your
budget. Another one to have a
look at is the AKG SolidTube,
which I've heard models its
sound on my personal
favourite vocal mic, the AKG

These days, even quality
valve mics like this Rode
NTK are very affordable.

Cl2. Having a quick look through the
Turnkey ad in this month's issue, there’s also
a good deal on the AKG C414, a classic
solid-state mic, which brings it within your
price range. There's also the Neumann
TLM103, which is another lovely mic from a
pedigree manufacturer, for around £470. In
short, you're spoilt for choice, even without
considering the flood of super-cheap
Chinese-built clones from XIX, Joemeek, Red5
Audio, Studio Projects, Canford, Samson,
MXL, and a growing number of others. The
good news is that you shouldn't go wrong
with any of the mics I've named above.
Furthermore, any money you spend on a
good mic will certainly not be wasted, so
don't necessarily head for the cheapest
option.

As for plugging the mic directly into your
mixer, if you're getting one of the Mackie
‘'VLZPro' models, the mic preamps should
easily do your choice of mic justice.

Why have my faders
stopped working?

I'm using a Roland VS880 digital multitrack,
and one of my songs has developed a weird
bug. The faders aren’t working — they're just
dead. Looking into the track parameters,

| see that the channel mix levels are stuck on
a fixed value with an asterisk after it (eg.

‘CH MIX LEVEL=102*"), and using the wheel
to vary the value is now the only way | can
think of to alter it. Any ideas?

Alan Pittaway

Reviews Editor Mike Senior replies:

I have a couple of ideas as to the root of the
problem. That asterisk after the fader value
means that the position of the physical fader
is not representative of the actual internal
level parameter. This situation can easily
arise in normal use, because of using the
same set of faders to adjust several sets of
level parameters, and also because the
automation can move the level parameter
but not the physical fader.

If a mismatch between the level
parameter and the physical fader occurs,
you can normally set the level parameter to
the physical fader position simply by moving
the fader. However, if the Fader Match mode
(set in the System menu’s System Prm
sub-menu, | think) is set to ‘Null’, you have to
move the physical fader through the current
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W level parameter value before the level

parameter will follow the physical fader
again. If you want it to work as it did before,
simply switch Fader Match to ‘Jump’.

If this does’t sort things out, it's probably
because you've got the machine’s local
control switched off. Head to the System
menu's MIDI Prm sub-menu and switch the
Cntrl Local switch to ‘On’. What is the MIDI
Local Control switch there for, | hear you
wonder? It’s for using the VS with a
sequencer, so that you don't get a situation
where the VS faders and the sequencer are
both sending control signals to the VS's
internal digital mixer.

Does normalising
have any adverse
effects on audio?

| have a question to which | haven't really
been able to find an answer. Most of the
time, | tend to record audio to my Pro Tools
LE system at somewhat under digital full
scale, so that 'm 100 percent certain of not
getting any distortion. Recordings are then
normalised, maximising the peaks and
making the audio as ‘loud’ as possible while
maintaining dynamics, before | start mixing.
What I'd like to know is whether the
normalisation process actually changes or
degrades the audio in any way, beyond
adding bits to increase level.

Alex Elliott

Technical Editor Hugh Robjohns replies:
The normalising process searches the audio
file for the highest recorded peak, and then
applies gain to the entire file to raise that
highest peak to 0dBfs, thus raising the level
of the entire file. A lot of people work this
way, and it is a useful technique, since you
can allow sufficient headroom during
recording to avoid transient overloads, yet
peak levels can subsequently be maintained
at a similar level to commercial products.

Obviously, the amount of gain added to
normalise the signal will also raise the noise
floor by the same amount, but with the
prevalence of 24-bit converters these days,
the noise floor is almost certainly going to be
dominated by your own recording
environment rather than the resolution of
the recording system, so you are not losing
anything in this process. The original
dynamic range will be maintained.

For more hints, tips and problem-solving visit the SOS Discussion Forum
www.sound-on-sound.com/sosforum.htm
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3| If you really want
orchestral realism.
there’s nothing to beat a
sampler (perhaps a soft
sampler like Steinberg's
HALion) and some decent
orchestral sample
libraries.
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purpose for me.
Can | get hold of
better banks of

The only other possible cause for concern
is the issue of OdEfs peaks. While working on
the signal within the DAW environment
(assuming a floating-point DSP system) this
causes no problems whatever. However,
some thought and care needs to be given to
using normalised signals for making CDs.
Although it is common practice to peak
signals to 0dBfs during CD mastering, some
mastering engineers are now making
-0.5dBfs (or even lower) their maximum level.
The reason is to avoid the danger of
overloading the D-A converter in the replay
system, since reconstructing a signal which
has several 0dBfs peaks in close succession
can create an analogue waveform which has
a greater amplitude than its source samples.
This can overload the D-A converter or the
analogue electronics, which is clearly not a
good thing.

Can | obtain better
orchestral sounds on
a budget?

| have a very humble home studio
comprising a PC running Windows 98, a
Creative Labs Soundblaster Live soundcard
with MIDI interface, a basic 76-key controller
and Steinberg Cubasis VST software | write
classical compositions, which means all of
the above gear has been an investment,
enabling me to score at 10 times the speed
of transcription by hand.

The problem | have is that the SoundFonts
supplied with the Creative package are OK
but not accurate enough and produce a bad
simulation of an orchestra. This defeats the

SoundFonts, say
on CD somewhere? If this is not possible, is
my only option to purchase a sound module
such as the Emu Proteus?

Allan Wiseman

Features Editor Sam Inglis replies: You
can buy sample CDs in the SoundFont
format, although it's fair to say that many of
the more professional libraries are only
available in other formats, such as Akai and
Gigastudio. With your setup, you'll also be
limited by the fact that the Creative card
only has a certain amount of memory
onboard to load SoundFonts. If you want to
try to look for better SoundFonts, your first
port of call should probably be Time + Space,
who distribute most of the sample CDs sold
in this country (thetr web site is at
www.timespace.com).

If your PC is a recent model with a
reasonably fast CPU and plenty of memory,
however, my suggestion would be that you
look for a software sampler or synthesizer
instead. (It would be worth checking that
your version of Cubasis supports VST
Instruments. as this would be the most
convenient format for you.) If you want the
ultimate in realism, you would choose a
software sampler such as HALion and a
selection of orchestral libraries on CD.
However, this will be expensive and
time-consuming to set up, and if you want an
all-in-one, easy-to-use solution, the most
obvious choice would be Edirol's Orchestral
Instrument (www.edirol.co.uk). It won't give
you the same realism that you'd get from a
nine-CD, £1000 set of string samples, but
I think you would notice a substantial
improvement over the Creative
SoundFonts. B2
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edge

THE FUTURE OF
MUSIC TECHNOLOGY

Cutting Edge wonders whether G4 clock
speeds and hot computers are
connected, and speculates on a possible
way forward for the Mac OS.

advice to a television studio

about which editing system
to buy for high-definition video.
HD video is roughly analogous
to high sample-rate 24-bit audio,
but the data rates are
astonishing, at nearly a
thousand times the rate of
CD-quality audio; that’s around
140Mb of data per second. You
need eight SCSI drives in a RAID
level-zero 'stripe’ to achieve this
type of performance, and even
then you can see from the drive
activity lights that the things ate
working very hard indeed.

So you'd probably expect
that any technical problems with
an editing system would be
caused by the high data rates
and the fact that the host
computer has to run flat-out just
to put a picture on the screen.
But no. The problem, it seems,
is that the computer gets too
hot.

The video editing device
I was considering for the studio
was the Pinnacle Cinewave. And
the computer? A Mac.

I was recently called in to give

Where There’s Smoke

Cinewave is the first
video-capture device that works
with Final Cut Pro on a Mac at
high-definition TV resolutions.

| remember that there were
surprisingly few technical issues
when the device first came out,
and I'd heard mostly good
things about it. There isn't much
demand in the UK for HD TV
because it isn't a broadcast
standard. In the US it is, and
there is much more of a buzz
around it. It will come here
eventually (probably as a
premium service on a satellite

channel) and when it does I'll be
very pleased, because it looks
fantastic. Also, the improved
production values might
possibly provide more work for
composers, because superb
video demands superb
soundtracks. (Well, we can
hopel)

| suggested a Cinewave
system to the studio because it
seemed an obvious choice,
given that the alternative they
were looking at was 20 times
the price, albeit somewhat more
powerful. They decided to go
ahead with my suggestion, so
| started to do some background
reading on the Cinewave user
groups. The good news was that
the product seemed well sorted.

Is the inside of a fast Mac too warm for comfort
where Pinnacle’s Cinewave is concerned?

The bad news was that it didn't
appear to run on the latest Macs!
Now, there's nothing very

new about this type of
revelation. It's a constant
problem for audio and video
system integrators.
High-performance digital media
hardware is very fussy about the
platform it runs on. Even a
minor revision to a motherboard
(or to an operating system!) can
stop a device from working
altogether. It’s a big problem for
manufacturers, whose only
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effective way round it is to
refuse to support their products
on anything other than a single
platform, often an IBM or
Compagq. Digidesign's Pro Tools
professional systems are an
example of this: on the PC
platform, the only supported
products are the IBM
Intellistation and the Compaq
EVO W8000 (although I've had
Pro Tools HD working on several
more ‘generic’ platforms,
without, | should say, pushing
the performance to any great
extent, so | might have missed
potential problems at the edge
of the system's capabilities).

So | wasn't surprised to find
that there were issues with the
latest generation of Macs. But |
hadn't expected to find that the
oneissue was overheating.

The Cinewave board has
Pinnacle’s Hub 3
‘memory-centric’ video
processor on board. It's a
custom-build chip that
generates a lot of heat — just
like any chip
that works hard
— so it doesn't
help if the
computer it's in
can barely keep
itself from
meltdown. And
it seems that the
latest-generation
Macs are just
too hot for the
Pinnacle device
to tolerate.

(I have now
heard that the
Cinewave is working with the
newest Macs, but that Pinnacle
are still advising extra
ventilation.)

Now | don't think you could
accuse Apple of being careless
with their design. It's very
unlikely that they simply got the
ventilation wrong. No. | think it’s
symptomatic of a deeper
problem: perhaps their famous
‘Supercomputer-on-a-chip’
processors just won't go fast
enough. The problem seems so
severe that one explanation, in

particular, is looking at least
plausible: that they are having
to resort to ‘overclocking’ their
processors (making them go
faster by simply turning up the
clock speed), and living with the
consequences, the most obvious
of which is more heat.

Faster, Pussycat

By the time you read this, you
should be able to buy 3GHz Intel
Pentium 4 processors. Pentiums
running at 4.7GHz have been
demonstrated in the labs, and
you can easily overclock current
Pentiums to 3.3GHz. AMD are
not far behind with their
cheaper range of Athlon chips.
What's the fastest Mac
processor? 1.25CHz at the time
of writing.

Clock speed isn't everything.
But it certainly is something,
and the more Apple fall behind,
the more frantically they try to
convince us on their website
that their slower chips are really
faster. Yes, OS X is a software
miracle. It squeezes every ounce
of performance from the G4
chip with its clever scheduling
and multitasking. With a 64-bit
PCI bus and a sustained
throughput of 266Mb per
second, together with a
workstation-like architecture,
there’s no doubt that Apple have
built a phenomenally efficient
machine. But now it's time for a
better engine. For every claim
on the Apple website that
applications like Photoshop run
faster on a Mac, I've seen
benchmarks run on fast PCs that
appear to contradict these
claims. | haven't done the tests
myself, so I'm not in a position
to confirm this, but | have used
some of the latest ‘twin Xeon’
PCs and they certainly ‘feel’
faster than any Mac | have used.
(A Xeon is a type of Pentium
processor that is designed to be
used in multiples. A twin Xeon
PC is analogous to a Dual G4
Mac.)

So where can Apple go from
here? They've got great design,
a fantastic operating system and
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P customer loyalty that most
religions would envy. But they
need a new processor. What
they certainly don't need is me
and hundreds of other
journalists telling them this. But
in the absence of any kind of
road-map, and absolutely
nothing else concrete to report
on, what else can we do but
speculate?

Platform Games

The funny thing is, Apple have
been here before. Several times.
They've shown that they can
successfully port their operating
system to new platforms, and
persuade their developers to
come with them. And it's always
been worthwhile: the benefits of
platform migration have always
been apparent. A year ago, at
the beginning of 2002, there
were reports in the computer
press, and web sites such as
www.osopinion.com, of a new
‘G5’ chip that boasted an even
greater number of
‘supercomputer’-type features.
Interestingly it was slated to run
at between 800MHz and 2GHz.
You can make the comparisons
with Intel's offerings yourself.
Today, you'd think we’d have
more concrete details, if not
products sporting the chip
itself. But we don't. Of course
we may have tomorrow: you
can never tell with Apple.

The trouble is that now is
really not a good time to have
another “we’re moving to
another platform. Again.”
conversation with the makers of
Mac OS applications.
Commercially and financially it’s
never a good time, but this time
it's really bad, because most
developers have been flat out
for the last couple of years
converting their software to run
natively under OS X — when
they could have been adding
new features or tweaking their
software in other ways.

For the last year or so I've
been hearing rumours about
Apple developing a version of
0S X to run on Intel chips.
Certainly, the ‘Darwin’ core of
0S X exists in an Intel version,
and Apple even documents it
for developers

(http://developer.
apple.com/darwin/
news/2000-04-
05.html).

Building an Intel
version of OS X is
another matter. I've
seen claims, about
whose veracity | have
absolutely no idea,
that for every G4
version of OS X, Apple
maintains an Intel one.
But this would be such
a major undertaking
that | doubt it is true,
unless Apple are very
close indeed to
releasing an
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Intel-based product.
However, there is
more to an operating
system than just the core and
the user interface. There’s the
utterly non-trivial matter of
drivers. Every hardware element
in a computer needs to have a
close relationship with the
operating system, and this level
of intimacy is achieved through
the use of hardware drivers. You
couldn’t run existing OS X
applications on an Intel version
because they would ask the OS
to do things with hardware that
wasn't there, or was different.
Operating systems (and the
BIOS, for that matter) do their
best to ‘abstract’ hardware from
software, but there are limits to
this process and they are never
more apparent than with
programs such as sequencers,
audio editors and software
synths.

Imagine what would be
involved if, say, Direct X was
ported to another platform. It
would have to be re-written
from scratch — the kind of issue
that acts as a reality check for
anyone suggesting that Apple
could easily move to an Intel or
any other platform. To do so
would be painful to developers,
confusing and frustrating to
loyal customers, and possibly
one call too far for Apple.

So, either way, these are
difficult times for Steve Jobs’
baby. If Apple don’t come up
with some faster machines
soon, they will lose customers
to Windows/Intel. Sales of iMacs
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are already below targets. If
they move to another platform,
developers may desert — the
ones able to survive at all, that
is. What a waste for such a great
product.

But maybe there is another
way: a third way, if you like.

Perhaps Apple should polish
up the work they've done with
Intel compatibility, but come at
it from a slightly different angle.
Maybe they should make the
Mac OS a better way to run
Windows programs on Intel
machines.

Lindows: A New View

What f've just suggested might
sound like a very messy
solution, but it’s not as daft as it
sounds. As a Windows user,

| love the look and feel of Aqua
and the Mac OS. I'd love to be
able to use it, but | can't
re-invest all the money {'ve
spent on Windows programs
over the years. It would be great
if | could wrap a Mac-type
interface around them. This
doesn’t get around any of the
difficulties I've written about
above — and 1 can't begin to
imagine what the legal
implications would be — but

| think it would be a great
halfway house to being able to
run Mac programs natively on
PCs. It would, at the very least,
give Apple application
programmers a breathing space
(although I guess they'd worry

Windows is not the only PC graphic 0S, as the Linux-based Lindows sets out to prove.

about losing business to
Windows application programs
until their new Apple/Intel
versions were ready).

If all of this sounds daft to
you, | readily admit that it does
to me too. Or, at least, it would
if it weren't far Lindows.

No, it's nat a typo: that really
is Windows spelled with an ‘L’.
Lindows is actually a version of
Linux, incorporating some
clever stuff that allows some
(but only some) Windows
applications to run under it —
without a single byte of
Microsoft operating system on
the computer. ZDNet news
reports that Microsoft Office
runs happily on it. However,
| can guarantee that Cubase SX
won't!

Still, it does give some idea
of what might be possible,
doesn't it? E3

The Real Lindows PC

Evesham have announced that they
will be selling a Lindows-based PC.
This exotic sounding device sells
for the utterly mad price of
£249.99 (including VAT, but
excluding monitor). Remember, you
won't be able to run your music
software on this, but you will be
able to do all the stuff that you'd
rather not do on your powerful
music PC (or Mac), such as word
processing, web browsing and
email. At that price, a lot of people
will get one just to see what
Lindows is like.
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Lexicon update their
MPX500 with more
editing parameters, extra
mastering processes, and
more user patches.

hile many studio processors have
w been replaced by software plug-ins,

host-powered reverbs tend to be
either a little unrefinec or inordinately
greedy when it comes to CPU power. The
very best reverbs are way out of the price
range of most UK project studios, while
entry-level madels often sound somewhat
disappointing, but in the £300-750 range
are to be found a number of
excellent-sounding units that, although they
don't equal their high-priced cousins, can
come surprisingly close. One such was the
Lexicon MPX500, which has just been
replaced by the MPX550, offering more user
memories, more effect algorithms and new
dynamics processing.

At the heart of the MPX550 is the same
Lexichip Ill reverb engine that powers some
of Lexicon's high-end machines, though the
algorithms have been simplified to some
extent, as has the degree of user editability.
The 1/0O is nothing if not comprehensive,
featuring both XLR and jack analogue 1/0
(balanced) plus S/PDIF digital |/O on phono
connectors. Sample rates of 44.1kHz and
48kHz are supported. Power comes from the
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Dual-channel Effects ProceSsof

mains, not an annoying adaptor, and the
24-bit converters deliver more dynamic
range than most home studios could hope
to do justice to. In fact the only pro feature
that’s missing is a word clock input.

Like the MPX500 before it, the MPX550
offers true stereo operation with a number
of routing options including stereo-in/
stereo-out, dual mono-in/stereo-out and
dual mono-in/mono-out. There are also
several dual effect algorithms based around
both serial and parallel configurations. MIDI
In and Out/Thru connectors are provided for
patch dumping (the Out/Thru function s
software configurable from within the
System menu), real-time parameter control
or tempo control, while a TRS footswitch
jack enables two footswitches to be
connected to operate the bypass and tap
tempo functions.

So far, then, the description is very close
to that of the MPX500 and, indeed, aside
from new front-panel artwork, the controls
and display are identical. The real
differences happen inside the box,
specifically the new effect algorithms and
the increase in memory space. Now there
are 255 preset effects and 64 user
memories, whereas the MPX500 had only 30
user memories. Compression can now be
used in conjunction with EQ, and there are
new dynamics algorithms offering
full-featured compressors within the reverb
algorithms, as well as dedicated mastering
dynamics algerithms. For those unfamihar
with the original MPX500, I'll quickly go
through the operating system, as that’s one
part of the machine | really like.

Driving The MPX550

The controls start out predictaply enough
with an Input trim control, but, instead of
LED meters, stereo bar-graphs are available
via the display. Patches are selected by
turning the Program dial to move through
patches one at a time or by pressing and
turning it at the same time to step through
banks. Pressing Load loads up the selected
program, though a system preference option
provides for automatic program loading
0.75 seconds after the Program knob stops
turning. If you select a new patch without
loading it, the display switches back to the
original patch after a few seconds, but the
number of the new one is ‘remembered’ and
may be loaded by pressing Load at any time
after selecting it.

In edit mode, a custom LCD window
shows a page of up to four parameters at
once, where each can be adjusted directly
using one of four dedicated rotary Edit

( JOUND 20 OUND)
Lexicon MPX550

* Good-sounding reverb algorithms, incdluding
ambience.

* Friendly user interface.

* Non-reverb effects are also good.

* Mastering programs have slightly too much
delay to be used for individual track processing
via insert points,

A worthwhile upgrade to the already excellent
MPX500.



Dual Ch. nel Processor

knobs to the left of the LCD. Many functions decay envelope that changes in length as example, Adjust control of room liveness

also now include graphic elements, which adjustments are made. The first parameter may change decay time, early reflections

makes the effect of adjusting the control in the first page is always Adjust — a control and tonality all at once. Each effect

more obvious — for example, changing the that changes multiple parameters at once to algorithm has up io 20 adjustable

reverb decay shows a typical exponential help speed up editing of programs. For parameters (four more than the MPX500) |

&
DISTRARLTION

d Compressor -

SYSTEMS WDRKSHDP sales@systemsworkshop.com . +44 (0) 1691>658550
153 T P www.systemsworkshop.com +44 (0) 1691 658549

january 2003 * SOUND ON SOUND 39



effects

LEXICON MPX550

which means up to five pages of four
settings to adjust. The Edit Pages button
makes light work of skipping through these
and the display always tells you which page
you are on. As a rule, the most commonly
accessed parameters are on the top page,
while the compression parameters within
reverb algorithms tend to be found on the
last page.

System setup, accessed using the System
button, allows various utility settings to be
made relating to the operation of the bypass
control, the digital I/0 settings, MIDI
settings, patch loading mode and so on. You
can also choose whether the wet/dry mix
settings apply to every program or whether
they are saved separately for each program.
Normally, if you're using the MPX550 via a
mixer’s aux send/return, you'll want to set
the patches to output wet signal only.

[ CAUTION |

ATTENTION U b
o = =

MDY
T/ THR

format whereby you pick a preset that uses
the algorithm you want (including the
routing option you need), then adjust the
parameters to suit. The dual
mono-in/stereo-out algorithms enable the
unit to behave as two separate effects
processors, where the stereo outputs are
mixed, so you can feed it from two aux
sends and return it through a single stereo
aux return, There are also dual mono-in,
mono-out modes for where that is
appropriate, but for anything involving
reverb | find it's best to work with stereo
outputs.

Alongside the now very familiar reverb,
modulation, delay and pitch effects are
versions of the famous Lexicon Ambience
algorithm, rotary speaker (complete with
separate high and low rotors and proper
acceleration/deceleration dynamics), and of

detuning and theatrical effects, it's perfectly
fine. I was also favourably impressed by the
inverse reverb algorithms, which lend a
convincing backwards character to the
sound, and the addition of compression to
the reverb algorithms adds a nice sense of
density and space while keeping the reverb
level firmly under control.

As to the mastering dynamics
algorithms, | wouldn’t dream of suggesting
that they're a suitable replacement for a
proper multi-band dynamics processor, but
they do a good job without inflicting too
much of their own character onto the sound
being processed. Even the tape saturation
algorithm is quite subtle, but it definitely
adds warmth and smooths off those
abrasive peaks. Used with care, demos can
be made to gel better using these facilities
and, as with most Lexicon boxes, you have

A Tap button quickly sets tempo-related
delays and other effects, and some
tempo-related parameters may also be
sync’ed to MTC or MIDI Clock. Delay and
modulation parameters can be set to tempo
over the range 40-400bpm, and it's possible
to choose a global tempo value for all
patches or save each program with its own
tempo setting. There's also an audio tap
feature that uses the time measures
between two audio events — holding down
the Tap button activates this mode until Tap
is released. Tempo can also be locked to
MTC or MIDI Clock by activating this feature
in the System menu. Tap and Store may be
pressed together to initiate the MIDI learn
mode, where any parameter can be accessed
using continuous MIDI controllers,
aftertouch or pitch-bend. Turning the edit
knob associated with the parameter
identifies it as the one to be mapped, after
which you only need send the unit the
desired continuous controller message and
the relationship is formed.

Using The MPX550

Uniike some really sophisticated effects
boxes where you can set up everything from
scratch, the MPX550 adopts the now familiar

* MPXs50 0S vi.02
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course the new Dynamics section.
Compression is included in many of the
reverb algorithms and dual-effect programs,
but the separate Dynamics section provides
dedicated stereo processing intended for
mastering applications. The manual rightly
points out that, because such complex
processing introduces a perceptible delay, it
should not be used via individual channel
insert points while mixing. This section
includes a Peak expander, which makes all
sounds above a user-defined threshold
louder, A conventional compressor with
variable ratio, threshold, attack and release,
and a tape saturation emulator that attempts
to bring back some of that analogue warmth
by recreating the non-linearities of
hard-driven tape.

The MPX550 is joyously simple to use,
and the fact that it is filled with so many
good-sounding reverb algorithms means
that you generally only need to tweak a
couple of parameters to get exactly the
sound you want. The room and ambience
programs exude a sense of real space, and
even the longer reverbs can be used at quite
a high level without drowning the original
signal or fogging up the mix.

The non-reverb programs are also very
strong, and though few offer anything truly
new, they are clean and professional
sounding. The pitch-shifter isn't great, but
then it seems impossible to make a good
one at a project studio price, but for

to work quite hard to get a bad sound.

As a replacement for the already fine
MPX500, the MPX550 has a lot going for it,
not least its extremely good reverb
algorithms and its friendly user interface.
Good reverb makes a lot of difference when
mixing, so choosing to use something like
the MPX550 in place of a plug-in or budget
unit could make more difference to your
music than you might think. The sound of
the MPX550 is significantly better than the
budget MPX100 and its direct offspring.
Although it won't fool a 480L user, it comes
closer to the sound of the PCM80s and
PCM90s than you might expect, and its
reverb quality is every bit as good as the
MPX1. If you already have an MPX500, |
don't think there's any pressing need to rush
out and upgrade, as the basic reverb quality
seems to be exactly the same, but given that
the MPX550 costs no more in the UK than
the MPX500 used to, the extra memories
and dynamics algorithms are worth having if
you're in the market for a new effects unit
that does serious reverb. &=




Plug in your guitar, dial into the authentic crunch
of original BOSS tone and record your work. Then
burn your music to CD.

Quick. Painless. Simple.

That's the new Boss BR-1180 CD, with 10 audio
tracks, a separate drum track that alsc reads
WAV audio files and a massive 20Gb hard-drive.
That's more storage space than on many
domestic PCs.

But that's where the similarity ends.

The BR-1180 and BR-1180 CD aren't interested
in word processing, spreadsheets or games.

Discrete Drums Audio CD included free with BR-1180 CD

The only time you get a crash out of these babies
is when you ask for it - from the stunning array of
FX that go from grainy and grungy to pure and
pristine.

Like the pedals, Boss recorders are buitt around
being simple to use, using simply the best FX
around.

And now with a built-in CD burner, you get
better-quality songs. Faster.

Simple really - surprising no one tried it before.

For more information call local rate 0846 1305 909

www.bossfx.co.uk

. 10-track digital recorder + rhythm track
. Incredibly easy-to-use

. Integral CD Burner (BR-1180 CD only)

. Classic Boss FX and Amp models

. Import WAV audio into drum track

. Use built-in drum guide

. Light and portable

. 3 Year warranty
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Modelling Guitar Preamp & Effects Processor

This new version of Line 6's ground-breaking Pod guitar

processor combines improved amp modelling with a
host of high-quality effects plundered from the
company's range of rack processors.

serious inroads into guitar modelling,

there’s no doubt that it was the Line 6
Pod that captured the imagination of the
mass market. With its simple controls, low
cost and instant-gratification sounds, it was
destined to be a winner, but inevitably other
manufacturers quickly jumped on the
bandwagon, some offering lower cost,
others offering tangible improvements in
certain areas, specifically effects. With the
launch of the PodXT, Line 6 have drawn
a new line in the sand by utilising the
technology from their new generation Vetta
high-end modelling amplifiers to provide
better amp emulations, and by incorporating
more effects (many taken from their Modeler
range) and better audio performance.
They've also included a USB port so that the
output from the PodXT can be recorded into
a sequencer or other audio program without

T hough Roland were the first to make
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the need for a separate audio interface —
however, this requires drivers which were
not yet available at the time of this review.

Next Generation

Though the ariginal Pod was clearly a
ground-breaking product, some players felt
it didn’t have quite enough
touch-responsiveness and, while it was
great for creating overdriven sounds, its
clean sounds were considered weak by
some. Then there was the effects system,
which forced you to choose between effects
that you might reasonably want to use
together. Particularly limiting was the way
compressor usage was restricted depending
on the other effects being used. Given the
low price to which the Pod has now fallen,
perhaps these restrictions can be forgiven,
but the PodXT includes a lot of features and
improvements that will help endear it to
serious players.

Modelling a guitar sound involves looking
at the way the various stages of amplification

and EQ shape the sound, how the speaker and
cabinet frequency response contribute to the
tone, and even analysing how the choice and
position of recording microphone changes the
results. Because DSP is cheaper and more
powerful than when the original Pod was
launched, the Vetta amplifiers are able to
model smaller stages of amplification, even
down to individual components, providing
more control over the model, plus the new
algorithms produce a better dynamic
response. By using Vetta algorithms in the

\ QOLL_YQ@'{ Hot ND)
Line 6 PodXT

* Significantly improved amp model sounds,
dynamic response and feel.

« Straightforward user interface.

* Superb guitar-specific effects section.

* Although a USB socket is provided, USB drivers
for using the PodXT as an audio interface are
not yet available.

« Still can’t quite get my ‘60s big chord sounds.

The PodXT is a significant advance on the original
Pod and includes the best guitar effects from the
Line 6 Modeler range.



PodXT, the performance of the original Pod has
been vastly improved upon, but, in addition to
the sonic benefits, the PodXT has also gained a
much improved control system that can access
every parameter without the need for editing
software (though a software editor is
apparently planned), plus it has four
simultaneous effects sections, in

addition to reverb.

To accommodate the
extra controls, the PodXT's
case has been made a little
larger, though it still retains
its familiar kidney shape.
There are now eight rotary
potentiometer controls with
four further rotary encoders and
13 buttons. Also new is a
considerably enhanced display,
which can show patch names,
parameter settings and virtual
control positions during sound
editing. MIDI In and Out connectors
allow patch dumping and remote
editing, there's the USB port, and a foot
control connection (Ethernet style) hooks up
to the new Shortboard floor controller — this
is needed to access the pedal wah effects.

The only new control to join the main
amplifier controls is the Presence knob, so
there’s no longer need to use the ‘shift treble’
function to change the presence setting. In
this respect, the PodXT has the same Bass,
Middle, Treble and Presence controls as
many classic amplifiers as well as the usual
Drive, Channel Volume and master Qutput
settings. Reverb has its own knob, as do the
selection of amp models and effect types,
but everything else is controlled from the
ingenious centre section. Qutside Edit mode,
Select is used to move between stored
patches, while the Effects knob calls up
effects or combinations of effects — there
are 64 ready-made effect settings (all
overwritable), both single and combinations,
that can be directly accessed to save the user
having to set them up from scratch.

Streamlined Operation

Four buttons access the compressor/gate,
stomp box, modulation and delay effects
sections, with the Cab/AIR button addressing
the speaker cabinet models and the AIR
(Acoustically Integrated Recording) settings,
the latter relating to the virtual mic setup and
the influence of the room acoustics. Here you
can choose from on-axis and off-axis versions
of Shure's SM57 dynamic, an on-axis
Sennheiser MD421 and a capacitor model
allegedly based on the Neumann U67. The
Save, Edit, Tap and Tuner buttons of the
original Pod are retained, but four new
buttons have been added directly below the
display. While editing, or when the Tap or

Save buttons are lit, these simply select which
of the four parameters that can be displayed
on each page is to be accessed via the Effect
Tweak knob. Outside Edit mode, on the other
hand, they select one of four patches from the
current bank, and the Effect Tweak knob
generally changes the main parameter of the

The PodXT is powered from an external supply which feeds the rear-panel
power socket at the far left. Next to the power socket are MIDI In and Out
sockets for remote editing and patch dumping, and a USB socket designed
to allow the PodXT to be used as an audio interface for a computer once
the requisite drivers are available, The Ethernet-style socket is for
connecting the optional Shortboard pedal controller, and this socket is
followed by balanced jack sockets for the left and right audio outputs.

effect, such as speed or intensity. Tap
controls the speed of things like modulation
LFOs or delays. It's also worth mentioning at
this point that the new Tuner has a vastly
superior on-screen display to the old one and
seems much more accurate. The dedicated
post-amplifier compressor section is based on
the same LA2A compressor model used in the
Bass Pod, although stomp box-style
compressors are also available in the general
effects section.

Any of the 32 amp models can be called
up using the Amp Models rotary selector
and each loads up with its own default
speaker cabinet and control settings, which
can be customised by the user if required.
When you use the PodXT, different output
settings are required depending on whether
you're using it live into a power amp with
guitar cabs, live into a guitar combo, or
Dl'ing it into a studio or PA mixer. Holding
Tuner while turning Select accesses the page
that lets you select the appropriate
destination type. The manual also suggests
that you try to set up the patches with the
Output control set fairly high, as this
provides the best resolution by making the

best use of the converter's headroom.

PodXT’s memories are organised into 16
banks of four patches, most of which come
loaded with virtual amplifier rigs that you
can either keep as they are, modify, or
replace altogether. A further 64 memories
are used to hold the effect settings, which
may again be overwritten to create a
custom effects library. This means

that when you're setting up a
new sound, you can load in
any one of the library effects
or combinations with their
settings intact. If you want to
make changes to a patch,

either press Edit or double-click
one of the four Effects buttons or
the Cab/Air button, which will
select the appropriate section for
editing and simultaneously switch the
system into Edit mode for you. The
four effects buttons each light up
when they're active, so to turn them
on or off outside Edit mode you only
have to press the corresponding button.

If you go into Edit mode then turn the
Select knob, you can page through every
amp and effect setting and adjust them
directly. When the amp settings are being
adjusted, representations of the six control
knobs show up in the display along with
their stored settings. If you move a control,
the new position is shown alongside the
stored setting as indicated by a dot on the
circumference of the knob. Virtual knobs
also show up when you go to edit the
effects, and you can choose which
parameter the Tweak knob addresses if you
don’t agree with the default choice.
Furthermore, the volume pedal, delay and
modulation blocks may be moved either
before or after the amp model. Another neat
feature, derived from the Modeler pedals, is
that certain effect parameters (specifically
modulation rate and delay) can be linked to
tempo by note value, so that you can decide
how many times per bar something should
happen. The tempo is set using the Tap
button as usual.

Most of the effects have fairly simple,
stomp box-type controls, where you select

The Designer Speaks

| asked Marcus Ryle, co-founder and President of
Line 6 to explain how the Vetta/PodXT modelling
differs from the older Flextone/Pod technology.
“We took the opportunity with Vetta to revisit our
entire modelling process from the ground up,” he
said. “Since we knew we were going to build in
more processing power, we were able to provide
for more detail in our tube modelling. as well as
add new sonic elements that we hadn't modelled
before. For example, the age of the capacitors in
the power supply can be modelled in order to

introduce the appropriate amount of AC hum
modulation to the audio signal when playing loud.
Although this is a seemingly undesirable artifact,
we found it was actually part of the signature
sound of amps like the Vox AC30.

“Another significant difference is that our
processing is now 32-bit floating point (as
opposed to 24-bit fixed point, as found in Pod
v2.0 and lots of other places). This extended
dynamic range is quite valuable, since there is so
much potential gain within an amp model circuit.”
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P the effect type, then adjust two or three

(virtual) knobs. However, the reverb is far
more flexible than on the original Pod,
with just as many simulated spaces as
most rackmounting reverbs, albeit with
much simpler parameter adjustment.

Using The PodXT

Even though the PodXT has a somewhat
different operating system to the original
Pod, you don’t really need the manual to
get around the basics of sound selection
and editing. The designers have gone to
great lengths to include factory sounds
that refate to well-known musical styles
(and even specific songs), but | found that
most of these needed tweaking a little to
work well with my own guitar, which is
not at all surprising given the differences
between guitars and playing techniques.
The output is definitely less noisy than
on the original Pod, to a noticeable
degree, and the sound is also much more
responsive to playing level — if you back
off the guitar volume, the sound cleans
up nicely without becoming lifeless.
When using heavily overdriven sounds, it
is sometimes hard to tell the sound of the
new Pod from the old, apart from the
improved dynamics, but the XT is
significantly better on clean sounds and
those with just a little overdriven edge to
them. Furthermore, the AIR section now

Second Opinion

| bought an original Pod when they were first
launched, but soon found it disappointing for
direct recording. Whilst many of the heavily
distorted sounds were eminently usable, the
more subtle clean to softly-overdriven
‘Blackface’ Fender sounds that | prefer were
probably the unit's weakest area. | also feit
that the original Pod tended to rob guitars of
some of their individuality, so that there was
little distinction between a good Strat and an
average one and, most damning of all, even
a Tele would sometimes sound little different
from a Strat. Ultimately, | felt that
amp/cabinet modelling was a great concept
whose time had not yet come.

allows for four different miking
arrangements, and the influence of the
room is a fully variable parameter rather
than being simply on or off. The
impression of the amp being moved
further away in a live room is quite
uncanny — the higher the Room setting,
the more the amp moves back and the
more the room reflections predominate.

During my tests, | found that some of
the more lively models could cause what
sounded like internal clipping if the Chan
Vol parameter was set too high, so the
best approach seems to be to use the
Output control at around three-quarters
up, then use the Chan Vol control to
balance the clean and dirty sounds. This
way you should avoid any problems.

Though the clean sounds are brighter,
more responsive and generally all-round
more useful than on the basic Pod, | found
I still had to work at them to get some of
the sounds | wanted, and the most elusive
still seem to be those big '60s chords
where the sound is only slightly dirty yet
hugely powerful. There are several

examples of this type of sound on the early

The Rolling Stones and The Who records
and I've discovered that it's not easy to
duplicate them using any DI method I've
tried to date. Gratifyingly, the piezo model
coaxes a more than reasonable
electroacoustic sound out of an electric

To my ears, PodXT is in a different league.
The sophistication of the modelling now allows
the guitar and the player to interact with the
sound just as you can with a high-quality valve
amp. The way the amp models respond to
guitar volume control settings is particularly
impressive, as is the absence of noise and the
significantly extended headroom — dig into a
dynamic amp model and you get something
back. The effects are strong and the user
interface a delight, but even if they weren't,
this time the sound alone is enough to
convince at least one sceptic that, in the
PodXT, desktop amp modelling has finally
come of age. Dave Lockwood

High performance
stereo location
recording made
affordable.

The new NT4
employs a pair of
perfectly matched
half inch cardioid
capsules in a 90°
configuration to
deliver true, high-end
stereo recording at
a typical Rade value
for morey price
Exceptional sonic
purity and a flexible
range of powering
options make this

a very special mic
indeed.

A stunning pair.
The new NT5 studio
condenser microphones are
shipped in perfectly matched
peirs to ensure exceptional
results mic'ing instruments
including guitars,
F1 brass, woodwind
and drums. Using
half inch cardioid
capsules in a
compact design
weighing just
100g, the NTSs
deliver a wide
frequency
response, high
sensitivity and
output, and a -
maximum SPL
of 143dB

NTS

Faie S Mg s

Exclusivety distributed in the UK by:
HHB Communications Lid

73-75 Scrubs Lane, Londor NW10 6QU
T 020 8962 5000 F 020 8962 5050 E sales@hhb.co.uk

www.hhb.co.uk
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THE NEW WORLD STANDARD
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The mic that put
Rede on the map.
With tens of
thousands now in
use worldwide, the
NT2 proves that
you don't have to
pay exotic prices
for a truly world-
class studio
microphone. Still
the choice of the
pros, you get
switchable omni
and cardioid
patterns, a full kit

You simply can’t buy
a better true
condenser
microphone with a
1 inch capsule for
less maoney.

But don't think of it
as a cheap mic.
The amazingly
affordable NT1 is a
serious studio
microphone that
will bring sparkling
clarity and dynamic
range to your vocal
and instrumental

Could this he the
most flexible
microphone in the
business?

The NT3 combines
Rade sound quality,
Rade build quality
and Rade
affordability with
both battery and
phantom powering
to create a top
quality condenser
mic that's as useful
outside the studio
as in. For drums,

recordings. of accessories and brass, mic'ing
Cardioid response. of course amplification or for :
Comes with soft legendary Rede portable recording, &

case and stand
mount.

the NT3 is the
master of them all

sound quslity.

You'll hear things Mmmm. Valves. Pure class, all

you never heard Expensive is it? the way.
before. Obviously the NTK Machined from solid
Most first-time sn't the cheapest brass with a

NT1000 users do
Ultra-low noise
transformerless
circuitry helps
make this most
recent addition to
the Rede range a
microphone capable
of the most
extraordinary sonic
performance. if you
only audition one
new microphone
this year, make it a
Rede NT1000.

mic in the Rade
range but, quite
frankly, for a valve
microphone of this
guality, it's a
bargain. The
dynamic range is
wide, noise is low
and the sound is
unmistakably tube-
mongous. Get it on
a vocalist now!

custom designed
Jensen transformer,
Class A vaive
circuitry and dual
pressure gradient
transducer, the
Classic is a mic
that really lives up
to its name.
Capable of
extraordinary
warmth, clarity and
sensitivity. Prepare
to fall in love

s et

MADE N
—
NT1000

NT1000 = i . Classic Il —

e 7

- - :
Rede microphones are available at: ®

Academy of Sound Derdr, Glasgow, Leeds, Leicester, Manchester, Mansfield, Norwich, Nottingham, Preston. Sheffield, Stoke on Trent

Andertons Guildford - ASAP Europe London Dawsons Chester, Liverpoo!. Stockport, Warrington - Digital Village Barnet, Birmingham, Bristol

Cambridge, Croydon, London W3, Romford, Southampton - Eddie Moars Music 8ournemeuth - Electre Music Services Doncaster  The Guitar

and Amp Centre Brighton - The M Corporation Nottingham, Ringwood - Millennium Music Software Finchiey, Nottingham  Nevada Portsmocth

Rose Morris London - Sound Control Birmingham, Bristol, Dundee, Dumtarmtine, Edinbwrgh, Glasgow, Manchester, Newcastie, Sheffield Th t t t d'
Soond Control’KGM Leeds - Sound Hire North Alerton - Sounds Live iewcastle - Studio Spares London - TK Music Rhy! - Turnkey London B r[]u B ﬂ a grea re[:[]r Ing
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Models & Effects

AMP MODELS

* ‘Line 6 Clean’

* ‘Line 6 JTS45" — hybrid model based on the
Marshall JTM45 and Fender Bassman.

* ‘Line 6 Class A’

* ‘Line 6 Mood' — a customised grunge sound.

* ‘Line 6 Spinal Puppet’ — a head-banging rock
sound.

« ‘Line 6 Chemical X' — high gain.

* ‘Line 6 Insane’ — very high overdrive.

* ‘Line 6 Piezacoustic 2' — for use with piezo
bridge pickups.

* ‘Zen Master' — Budda Twinmaster 2x12.

+ ‘Small Tweed' — 1953 Fender Tweed Deluxe.

* ‘Tweed BMan' — 1958 Fender Bassman.

* ‘Tiny Tweed' — 1961 Tweed Champ.

+ ‘Blackface Lux' — 1964 Fender Deluxe Reverb.

* ‘Double Verb' — 1965 Twin Reverb.

* ‘Two Tone' — Gretsch 6156 1x10 combo.

* ‘Hiway 100" — 1966 Hi Watt DR103.

* ‘Plexi 65' — 1965 Marshall JTM45.

* ‘Plexi Lead 100' — 1968 Marshall Super Lead.

* ‘Plexi Jump Lead’ — 1968 Marshall Super Lead
with inputs ganged.

+ ‘Plexi Variac' — 1968 Marshall Super Lead with
mains voltage increased.

* ‘Brit J800' — Marshall JCM800.

* ‘Brit JM Pre' — Marshall JMP1 preamp.

* ‘Match Chief’ — Matchless Chieftain.

* ‘Match D30’ — Matchless DC30.

* ‘Recto Dual’' — Mesa Boogie Dual Rectifier Solo
head.

« ‘Cali Crunch' — Mesa Boogie MKIIC.

* ‘Jazz Clean' — Roland JC120.

* ‘Solo 100’ — Soldano SLO100 head.

* ‘Super 0’ — Supro $6616.

* ‘Class A 15’ — 1960 Vox AC15.

« ‘Class A30 TB' — Vox AC30 Top Boost.

* ‘Tube Preamp’ — tube DI box with overdrive.

P> guitar — even one without a piezo bridge.

While the amp sounds are most definitely
better, you shouldn't let this overshadow
the effects section, which plunders the best
guitar effects from the whole Line 6 Modeler
range, including some great analogue and
tube echoes, the excellent reverse delay and
a whole range of nice modulation
treatments. Because the modulation and
delay sections are separate (and mainly
stereo), there's no restriction on the way
these can be combined, so you can always
have reverb, compression, a modulation
effect, a delay effect and a stomp box
running at once if you've a mind to. There
are no pitch-shifting effects, but then I've
never found one at anything like this UK
price that works well enough to actually use.

For live use, the new Shortboard is a
practical and ruggedly built addition, as it
pravides on/off controls for all the individual
effect sections and the post-amplifier output

* Line 6 PodXT 0S v1.0
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CABINET MODELS

* ‘1x6 Super 0’ — 6x9 Supro S6616.

* ‘1x8 Tweed' — 1961 Fender Tweed Champ.
* ‘1x10 Gibtone' — 1x10 Gibson.

* ‘1x10 G-Brand' — Gretsch 6156.

¢ ‘1x12 Line 6’

* ‘1x12 Tweed' — 1953 Fender Tweed Deluxe.
» ‘1x12 Blackface' — 1964 Fender Blackface
Deluxe.

‘1x12 Class A’ — 1960 Vox AC15.

‘2x2 Mini T' — 2x2 Fender Mini Twin.

‘2x12 Line 6’

‘2x12 Blackface' — 1965 Fender Blackface Twin.
‘2x12 Match’ — 1995 Matchless Chieftain.
‘2x12 Jazz' — Roland JC120.

‘2x12 Class A’ — 1967 Vox AC30.

‘4x10 Line 6’

‘4x12 Green 20s’ — 1967 Marshall
Basketweave with Greenbacks.

‘4x12 Green 25s' — 1968 Marshall
Basketweave with Greenbacks.

‘4x12 Celest T75' — 1978 Marshall with stock
70s.

‘4x12 Celest V30' — 1996 Marshall with
Vintage 30s.

* ‘4x12 Recto' — 4x12 Mesa Boogie.

STOMP BOX EFFECTS

* ‘Facial Fuzz' — Arbiter Fuzz Face.

* ‘Fuzz PI' — Electro-Harmonix Big Muff Pi.

* ‘Screamer’ — Ibanez Tube Screamer.

*» ‘Classic Distortion’ — Proco RAT.

* ‘Octave Fuzz' — Tychobrahe Octavia.

¢+ ‘Blue Comp’ — Boss CS1.

* ‘Red Comp' — MXR Dynacomp.

* ‘Auto Wah' — Mutron Ill.

* ‘Vetta Comp' — Line 6 special.

« ‘Auto Swell' — slow envelope attack with
compression.

compressor stage, as well as bank and patch
selection, a decent-sized display of the patch
name and a pedal that can be used for volume
or wah-wah. It's also possible to connect an
optional EX1 expression pedal to the
Shortboard for variable control of two
parameters at once. Patches may be saved
from the Shortboard, but my guess is that
most people will only use it when they're
playing live or when they need valume or
wah-wah control in the studio.

Verdict

I don't think any modelling amplifier DI'd
into a mixing console is a satisfactory
replacement for the real thing in all
circumstances, but Line 6 have most
definitely narrowed the gap with their
PodXT. The overall sound quality is
improved, the dynamic response is more
natural and the clean amp models are an
order of magnitude more authentic than in
the original Pod. On top of that, the effects
section is far more serious and could easily
replace additional rack effects and stomp
boxes in the majority of applications.

It's a shame the software drivers weren't

MODULATION EFFECTS

* ‘Sine Chorus'

* ‘Opto Tremolo’

+ ‘Bias Tremolo’

* ‘Auto Pan’

* ‘Analogue Chorus' — Boss CE1.

+ ‘Jet Flanger' — A/DA Flanger.

* ‘Phaser’ — MXR Phase 90.

* ‘U-Vibe’ — Uni-Vibe.

* 'Rotary Drum & Horn' — Leslie 145.

* ‘Rotary Drum’ — Leslie Vibratone.

* ‘Analogue Echo’ — Boss DM2.

* ‘Analogue w/Mod’' — Electro-Harmonix Memory
Man.

* ‘Tube Echo’ — Echoplex.

* ‘Multi-Head' — Roland RE101 Space Echo.

* ‘Sweep Echo’ — echo with filter.

« ‘Digital Delay'

« ‘Stereo Delay’

* '‘Ping Pong Delay’

* ‘Reverse Delay’ — reverses everything up to two
seconds after you play it!

REVERB EFFECTS

* ‘Lux Spring’ — Fender Deluxe dual spring.
+ ‘Standard Spring' — Fender Twin triple spring.
* ‘King Spring’ — Line 6 multi-spring.

* ‘Small Room’

* ‘Tiled Room’

+ ‘Brite Room’

* ‘Dark Hall'

* ‘Medium Hall’

* ‘Large Hall'

* ‘Rich Chamber’

* ‘Cavernous’

« ‘Slap Plate’

* ‘Vintage Plate’

* ‘Large Plate’

available for me to check out the audio
interface, as this could be another big bonus
for those computer users who only need to
add the odd guitar part to their mainly MID!
compositions — you could even record
vocals using the Tube Preamp model by
connecting a mic preamp to the XT's input.

Whatever you think of amp modelling, the
PodXT has more than made up any ground
that Line 6 might have lost over the past two
or three years. It can deliver the right kind of
sound in most recording situations , the
guitar-specific effects are great and the user
interface has actually been improved and
simplified, notwithstanding the XT's far more
powerful effects section. | think Line 6 could
justifiably be feeling pretty pleased with
themselves right now! E=

PodXT, £369; FBV Shortboard, £229; EX1
expression pedal, £45. Prices include VAT.
Line 6 Europe +44 (0)1788 821600.

+44 (0)1788 821601.

| euroinfo@line6.com

www.line6.com
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Studio SOS

This month SOS helps Alan Pittaway improve his
drum kit recordings, and also helps him get his
two Roland multitrackers working together.

The multi-mike setup used for
recording Alan Pittaway’s drum kit.

ow that samplers and physical
N modelling processors are so affordable,
it's possible to get commercial-quality
recordings without miking up anything more

than a vocalist. It's hardly surprising, then,
that some home studio owners find the task

of multi-miking a drum kit a bit of a challenge.

So when Alan Pittaway emailed through to the
SOS office saying that he was having trouble
with his drum recordings, | decided to head
down to his home studio in Buckinghamshire
and help him out.

Alan is lucky enough to have a room in his
house set aside as a studio, and he uses it to
record his friends and various local musicians
on a pair of Roland VS880 recorders — one an
old V5880 VXpanded and the other a newer
VS880EX. However, he'd not had much luck in
getting the kinds of drum sounds he was
after, even with a fairly decent selection of
mics and outboard gear to hand.

Setting Up Overheads

Once the kettle had been boiled for the first
cuppa of the day, the first thing to do was to
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have a listen to the kit while Alan manned the
sticks. Although the studio room was quite
large (about 7 x 4m), the carpeting, blinds and
furnishings were doing a very good job of
damping reflections, so the sound was quite
tight. Although I'm not a drummer myself,

| felt that the drums themselves sounded
pretty good, so we pressed on with setting up
mics. Alan’s usual way of working thus far
had been to set up the kick and snare close
mics first, and only then to add in the sound
of an overhead mic. However, | felt it would
be best to start work with the overheads first,
because of the lively sound he was after — he
had suggested
Blondie’s recent
single ‘Maria’ as a
good reference, so
we were treating
that sound as our
goal.

The overhead
mic Alan had been
using up to that
point was a single
boundary
microphone
dangling from the

An old Studiomaster console was used to supply
phantom power to the two Rode NT1 overhead mics.

end of a mic stand on a piece of wire. This
was presenting the drums completely in mono
and was also messing with the mic’s
frequency response — boundary mics are
designed to be placed against a large flat
surface such as a wall, and their responses are
significantly different without this assistance.
Fortunately, Alan had a pair of much nicer
Rode NT1is, so | suggested we use these as
overhead mics instead. We ran them first
through old Studiomaster console, to provide
them with phantom power, and then straight
into the VS880EX. | decided to use the newer
Roland mukitracker because it has slightly
better converters, and also because it has
phase inversion facilities missing on the
earlier model.

After setting up basic levels on the mixer
and multitracker, | grabbed a pair of enclosed
headphones to check the sound while | set up
the mics. Positioning the mics a few feet
above the kit on either side, angled
downwards towards the cymbals, the sound
seemed to be fairly well balanced, so | did a
quick test recording. Listening back to this on
Alan’s B&W speakers, we had an acceptable
unprocessed overhead sound, with the
cymbals nicely
balanced, so we
decided to start
adding in some
close mics to give
definition to the
individual drums.
Before we moved
on, tﬁough. | asked
Alan if he could
furnish me with a
couple of bricks to
weigh down the
legs of the boom



A few bricks helped to keep the boom stands
steady.

stands — they were both quite extended, and
| didn't want either one overbalancing while
we were recording.

Adding In Kick & Snare
Close Mics

To start with, | set about adding in the
close-miked sound from an Audio Technica
DT25 which was already set up inside the kick
drum. This was routed through Alan's
Focusrite Penta preamp/compressor directly
to the VS880EX. After the basic level-setting
had been done, we did another quick test
recording so that we could experiment with
the phasing of the kick mic against the
overheads using the VS880EX's internal phase
switches — the mic combined best with the
overheads without inversion, so we left the
switch out on the preamp.

One of Alan’s biggest concerns on
contacting SOS was that his kick drum sound
didn’t have enough attack or weight, and this
was apparent from the sound we were getting
— although a couple of cushions inside the
drum made the sound fairly tight, it lacked
any real definition. Straightaway, | moved the
mic closer to the point where the beater was
hitting the skin, to get more of a ‘click’ at the
start of each hit, and then | had Alan patch in
one channel of his Aphex 109 EQ between the
Penta and the VS880EX. Although we could
have used one of the multitracker's internal
digital equalisers after recording, these have
a rather harsh sound in my experience
(especially when boosting), so | find that | get
the best results by doing most of my EQ'ing in
the analogue domain while recording. With
Alan playing the kick, | used the Aphex to add
about 4dB boost in a fairly narrow band at
80Hz for weight, and | also emphasised the
beater click with a couple of decibels
broadband boost at around 2kHz.

Another audition on the speakers
confirmed that these changes had improved
the sound considerably, but | felt that a little
compression might also help emphasise the
attack, so Alan headed back to the kit while
I dialled some in. Starting from the Penta’s
Kick preset, | slowed down the default attack
setting to let through the sound’s attack, and
then adjusted the Compression control until

about 4dB of gain reduction was showing up.
Once I'd slowed down the release a little as
well, to avoid messing with the kick's decay,
another test recording was done. Alan
professed himself pleased with this sound, so
we decided to move on to close-miking the
snare.

Alan already had an SM57 set up on the
snare, although its positioning was a little out
of the ordinary. It was pointing across the
drum from the hi-hat side towards the
tom-toms, and Alan told me that this was to
get maximum separation between the snare
and hi-hat. Given the sound we were after,
| felt that greater separation between the
snare and the tom-toms would be more

An SMs7 was positioned looking over the top lip
of the snare, pointing towards the centre of the
drum and away from the toms.

important, so | repositioned the mic to a more
usual position looking over the rear lip and
angled slightly downwards towards the centre
of the drum — the hi-hat was still about 90
degrees off axis. We routed the mic through
Alan’s Focusrite Voicemaster to the VS880EX,
and set up sensible levels using the voice
channel and recorder metering. Another quick
recording confirmed that the snare mic
sounded best with its phase flipped relative to
the other mics, so we engaged the phase
button on the Voicemaster. | also activated the
Voicemaster's low-cut filter, set at 100Hz, to
avoid spill on the mic interfering too much
with the low end of the kick drum we'd
already set up.

Listening back to the recording, we could

A bit of rolled-up tisSuspaper gaffe‘x ed

to the snare drum’s head helped to
sort out an undesirable resonance.

hear the snare ringing a little too much, so we
tackled the problem at source by gaffer-taping
some rolled-up tissue paper at the edge of the
batter head in two places. This sorted out the
ringing nicely, but Alan still felt that the sound
needed more ‘sparkle’ to it, so | hit the snare
while he experimented with the EQ on the
Voicemaster. In the end, we added about 4dB
of Presence and 2dB of Breath before we were
satisfied with the sound.

Finishing Touches

At this point we were getting a nice balance of
kick, snare and cymbals, including the hi-hat,
so we retired to the kitchen for some
well-earned lunch! Afterwards we had another
listen to the Blondie track to get our bearings
and, although we were definitely in the right
ball park, we were still a long way away from
achieving the large room sound of ‘Maria’ —
hardly surprising really, given that those
drums were recorded at a big professional
studio! My first instinct was to try to record
more of the ambience of the room, so

I quickly put up one of Alan's small-diaphragm
Shure mics in front of the kit, pointing out into
the room to capture more of the room sound.
Running this through a Dbx 376 voice channel
I'd brought with me, | added some
compression and mixed it in with the
overheads. Although this made the sound
more ambient, it didn't really help increase the
size of the perceived space very much, so we
quickly abandoned this approach and
resolved to simulate a larger room sound
artificially.

Alan had a Lexicon MPX100 in his rack
and, seeing that I've had good experiences
with a similar Lexicon unit in my own setup,
| plumbed this unit into the system to see
what it could do. We connected the reverb's
input to an auxiliary send on the Roland and
returned the reverb through the remaining
two analogue inputs on the VS880EX — the
reverb was fed mostly from the overheads,
although a little was also added to snare. With
a test recording playing back, we auditioned
various Ambience and Room presets first,
followed by the Hall, Chamber and Plate
patches, but we couldn’t find anything to
match what we were after, even after
experimenting for some time and exercising
the Adjust knob. | have to say that | was
rather surprised at this — | dare say we could
have found a suitable setting if we'd had more
time, but editing was too restrictive for us to
get results in a hurry. In the end, | resorted to
using the internal effects processor in the
VS880EX, using the Large Room patch as a
starting point. | increased the room size to
22m and pulled the reverb time back to 0.9s
to .emove any noticeable reverb tail. As a final
touch, | increased the density to 60 to smooth
out the sound a little, and then adjusted the
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P effects return to a suitable level.

Comparing with our reference Blondie
track confirmed that we were much closer to
the required sound, although we both feit that
a little extra high end was required on the kit
overall, so we added a few decibels to the
overheads using the Studiomaster’s
high-frequency EQ, and a few decibels of
14kHz ‘air’ to the whole kit sound by using
Alan’s Focusrite Mixmaster patched across the
VS880EX's main outputs. We also used the
Roland's digital EQ to shelve off some low end
on the overheads {(-5dB at 200Hz) and the
snare mic (-5dB at 500Hz), in order to tighten
up the low end a bit more.

Even though the overall sound was now
pretty well established, the toms were
sounding rather distant. Seeing that we still
had inputs free on the VS880EX, we put up
a spare SMS8 covering the two rack toms to
see if we could pull their sound forward a
little. We plugged the mic straight into one of
the VS880EX's mic inputs and, given that the
cymbals were quite low over the toms,

An SM58 was used as a close mic for the toms, and
was pointed downwards to minimise cymbal spill.

| decided to point the mic directly downwards
between the two drums to increase the
separation. Listening to another test
recording showed that the close mic was
giving quite a warm tone, where we were
after more definition, and also that the toms

were ringing in sympathy with kick and snare
hits, adding a rather undesirable boomy
element to those sounds.

One of the deficiencies of the VS880
multitrackers is that there is no proper gating
or expansion available, which would have
been my first choice of processing to remedy
the tom resonance — the multitracker’s Noise
Suppressor insert effect is a
threshold-dependent filter which is unsuitable
for most drum expansion tasks. In the
absence of a gate, 1 decided to try dealing
with the problem using the Roland's digital
EQ, rolling off a fair bit of low end and low
mid-range: -5dB of low shelf at 400Hz and
-5dB of mid-band at 900Hz, with a Q value of
one. This reduced the ringing of the toms, but
also made the close mic sound pretty thin on
its own, Fortunately, the tom sound coming
through the overheads was quite warm, so
the toppy close mic actually helped the overall
sound cut through nicely, matching the kick
and snare. We didn’t have the time to put
another close mic on the floor tom, which

That Sync’ing Feeling

Like many of smaller multit Alan
ted to synchronise two ders to i
the simultaneously available 1/0 and track count.

As | described in the Q&A pages of SOS November

2002, combining digital multitrackers has its
limitations, particularly in terms of combining aux

buss signals from the two machines, but this didn't

worry Alan in his situation so we set to work with
hooking the two machines together.

The first task was to synchronise the two
transports, so that the older VS880 controlled the
newer VS880EX. Digging into the master unit's
System menu first, we headed for the MIDI Prm
submenu and set the MMC Mode to Master,

making sure that MIDI Thru Sw was set to Out and

SysEx Tx was set to On. Next we went into the
Sync/Tempo submenu and set Sync Gen to MTC,

ensuring that MTC Type was set to 30 and Source

was set to Int. Moving over to the slave machine,
we went to the System menu's MIDI Prm sub

when no tracks were record-enabled on the master.

At this point, however, there was only control
information passing between the two recorders, so
our next job was to get audio from the slave
machine's mix buss into the master machine's
mixer. A dedicated S/PDIF cable was
used to connect from the digital output
of the VS880EX to the digital input of the
VS880, and then the Master Clk setting
in the System Prm submenu of the
VS880's System menu was set to Digital.
The last step was to go into the VS880's
master fader editing parameters and set
Stereo In to Digital. Once this had been
done, we pressed play on the VS880, and
were rewarded with the sound of the
VS880EX's mix combined with the
VS880's.

However, there was one fly in the

intment. | noticed that the t

and Set the MMC Mode to Slave, checking that
SysEx Rx was On. Finally, we opened the
Sync/Tempo submenu and set Source to Ext,
making sure that MTC Type was set to 30.
That's an awful lot of parameter juggling, so
here’s how it all fits together. We set the master
recorder to transmit two kinds of MIDI message:
MIDI Time Code (MTC) and MIDI Machine Control

(MMC). The MTC messages tell the slave where in

the song the master is located, and the MMC
commands operate the slave's transport controls
remotely. The slave was set to recognise each of
these types of MIDI message, in particular the
30fps MTC being sent by the master. With these
settings made, the VS880EX responded to the
location and transport operations of the VS880,

and the playback of the two machines remained in
sync once playback was started. Furthermore, with
tracks enabled for recording on the slave machine,

operating the master's Record transport button
enabled recording on the slave machine, even
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meters on the VS880 were reading lower
than those of the VS880EX when only
the VS880EX was playing. | couldn't find
any reason why this should be the case,
s0 | switched to the VS880's Input
Mix/Track Mix mode instead, and used
input channels five and six (stereo
linked and with the buss switch
set to pre-fade) to feed the
VS880EX's audio directly to
the VS880's mix buss. This
gave identical meter

readings on the two

machines, as |I'd expected

from my own experiences, so

| can only assume that some
level offset is automatically
incurred by using the stereo input
facility in Input To Track mode. | don't
like the idea of a mixer doing things to the
audio without it being told to, so | suggested to

Alan that he get to grips with Input Mix/Track Mix
mode to avoid this — anyway, it's much more
flexible and also makes bouncing tracks and
effects much less hassle.

Alan with his two Roland VS
recorders. The machines were
sync’ed up using MIDI Time
Code and MIDI Machine
Control, allowing him to record

/3 / up to ten tracks at a time. To get
/4 audio from the slave VS880EX to

the master VS880, the S/PDIF output
of the slave had to be connected to the

S/PDIF input of the master.




The pertect super model.
Classic looks, warm,
faithful and of course,
highly intelligent.

That’ll be the

Valvetronix then.

Beauty, in the case of the Valvetronix range, is far from skin deep.
Beneath the classic styling is a digital modelling amp with hundreds of
utterly jaw-dropping guitar tones covering all the bases from clean to
obscene and all points in-between. But this isn't just another modelling
amp. As extreme guitar nuts we've played all the others and we don't
think they come close. When you plug into Valvetronix, you get the most
sought-after guitar amplifiers and stomp boxes at your disposal, all served
with a warmth and realism that will frankly astound you.

So how do we accurately replicate the heavenly, squashy warmth of a
sagging tube rectifier combined with a power amp section on melt-down,
or the fat and fruity flat out tones of an AC30TB? Answer: Valve Reactor
technology. The power amp section is critical to any great valve amp,
as are the relationships and interactions between the output valves,
output transformer and speakers. Every classic
amp's power amp has its own unique set of
characteristics, and we've precisely
modelled 16 of the best.

Valvetronix comes with some ultra-cool
built-in effects to help you create your
own sound including 10 meticulously crafted

‘must-have’ classic pedals. In addition, all Valvetronix amps feature
Modlation. Delay and Reverb effects sections which can be used
simultaneously. Last in the chain are the speakers which in this case are
no less than Celestion high-efficiency, custom-voiced 12" drivers, which
means that you get to shift some serious amounts of tone-laden air.

Whilst loaded with a wealth of superb features, you'll be delighted to
know that everything about the Valvetronix is incredibly intuitive.
Preset and user-programmed patches are easily called up using the
very simple patch memory section. And when you hook up the optional
VC-4 foot controfler, you have a live rig that can handle the most
diverse of set lists. That's Valvetronix in one perfectly formed package.
Sa now all you need to do is sashay on down to your local Vox showroom,
strap on your instrument of choice, plug into a Valvetronix amp and
make some seriously excellent noises. But be warned, you may find it
difficult to be faithful to your current amp once you've been seduced by
a real super model.
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- Valvetronix

{1 call 01908 857150, or visit the Valvetronix
N ~ webhsite at www.valvetronix.com



studio sos

P definitely needed it, but another SM58 fed
into the VS880EX's final mic input would

Alan’s Session Notes

almost certainly have done the trick.

One Step At A Time

Like many studio activities, the process of
sorting out Alan’s drum sound involved a
series of small steps, with auditioning of the
results at each stage to gauge the
effectiveness or our actions. Although the
differences at each stage were often quite
small, the cumulative effect was a radical
change in the sound. Switching back and forth
between monitoring on headphones (while
Alan was playing) and monitoring on speakers
also underlined the importance of doing test
recordings when you have no separate control
room — you can take an educated guess at EQ
and compression settings on enclosed
headphones, but it's vital to check everything
on speakers as well to avoid any nasty
surprises.

Although we'd managed to sync up Alan’s
two VS recorders (see ‘That Sync'ing Feeling’
box), | advised Alan not to split his drum
recordings across the two machines, because
of potential phasing problems arising from
the inherently unpredictable nature of the
synchronisation. | suggested that he should
limit himself to six drum tracks and then use
the other machine to record any other band
members, being careful to avoid spill from
their performances bleeding onto the drum
mics. Spill could be kept to a minimum by
using the COSM guitar amp simulation on the
VS for guitar and bass guide parts, and by
placing any acoustic instrumentalists or
singers in a bedroom down the corridor from
the studio. After capturing the drum parts, I'd
be tempted to overdub everything else so that

An Aphex Anomaly

Before we plugged up the Aphex 109 to
process our kick drum mic, Alan noticed that
the red overload LEDs on both channels were
rapidly flashing on an off, as if high-level LFO
signals were passing through them, even
though both Inputs and outputs were
disconnected on the patchbay. | tried
adjusting the settings on one of the EQ
channels, and noticed that if | reduced the
galn on both bands to below unity the light
on that channel stopped flashing, which
suggested to me that a feedback loop of
some type was causing the problem.
Plugging into the lower sockets on the
patchbay immediately turned the overload
LEDs off, which confirmed my suspicions. it
tumed out that Alan had connected the
inputs above the outputs on the patchbay,
but hadn't defeated the normalling on those
patchbay channels, which meant that the
Aphex's inputs were connected to Its outputs
whenever nothing else was connected, hence
the feedback loop.
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“When | asked SOS for help | was having two
problems. The first was that I'd been unable to
sync up my two Roland VS recorders, so | was
limited to recording a maximum of six tracks at
a time — | felt like | was driving an expensive car,
bristling with features, but with little idea how to
use them once the engine had been started. Mike
arrived at about 10am (with some alarmingly
expensive-looking boxes and mics — thoughts of
selling Granny came to mind) and in less than an
hour he had them talking to each other. Terrific!
Now | can mike up a drum kit and still have tracks
spare for guide vocals or a bass line. If you already
own a VS880 or VS840, then getting hold of
another one second-hand will greatly improve your
options.
“The second problem was my supreme ability
to make a top-notch drum kit sound like cardboard
boxes being played in the deep end of the local
swimming pool! At first | was confused that Mike
spent so long setting up the overheads, moving
them around and tweaking the sound. | normally
sort out the snare and kick drum first, only then
adding the overheads to fine-tune the mix.
However, comparing the results showed that this
approach had been totally back-to-front and, from
that point on, the techniques became more
understandable.

“Once we'd spent the time getting the

| could reuse the various analogue processors
— again, if you make the sounds as good as
possible on the way into the VS recorder, then
you'll usually get much better results than by
trying to fix things in the mix.

If band recording is going to be a frequent
activity for Alan, however, I'd suggest that he
get himself a slightly more flexible mixer to
allow him to set up a decent sound for all the
band members together. I'd suggest a
four-buss console, something like a Mackie
1604 VLZpro or Behringer Eurorack MX2642A.
This would allow Alan to completely avoid the
Roland multitracker preamps, the quality of
which I've always found slightly questionable,
and would give him access to phantom power
and three-band EQ on every channel. That
would free up his Aphex 109 and Focusrite
Platinum units for critical tasks. Both of the
desks I've mentioned allow channels to be
assigned to the four group busses and master
mix buss separately, and these six outputs
could be fed straight to the VS880EX for
recording the drums. Four extra signals could
then be fed to the VS880's analogue inputs
from auxes three to six on the Mackie, or
from the individual channel direct outputs on
the Behringer, leaving at least two mixer
auxes for extra foldback, in addition to the
two auxes on the master VS880. I'd also
suggest that Alan upgrades his outboard
reverb processor to something more flexible,
perhaps an MPX500 if he likes the Lexicon
sound, so that he can more easily tweak the
sound to suit the job in hand. E=

positioning and sound of the overheads right, we
moved onto the snare and kick mics. One thing

| hadn't realised, until Mike demonstrated it to
me, was how much the phasing of the mics can
affect the overall sound. Fine-tuning the EQ and
compression on the way into the VS also made

a big difference, although the snare, kick and
toms seemed to have strongly defined sounds, so
it took less work to get them right. Mike stressed
the importance of getting the signals into the VS
as hot as possible, to make the best of the
converters, and comparing with the Blondie track
to keep what we were doing in perspective.

“Another thing | learmed was to forget dramatic
reverbs and delays for my drums, and to work
instead with subtie ambience effects on the
overheads. Once some close-miked kick and snare
had been added to the overheads for definition, a
touch of extra ambience made the mix suddenly
start to sit together.

“And what of the expensive gear Mike brought
with him? Well, we managed to sort things out
using just my own kit, so Granny is still around!
It's tempting to feel a little smug about that, but
| have to acknowledge that 80 percent of my
studio has been bought after reading SOS reviews,
s0 my subscription must have paid off! However, if
they publish the picture of the PZM mic hung up
with garden wire then I'll probably sue them...""

A first attempt at increasing the apparent room
size involved pointing a Shure small-diaphragm
condenser mic out into the room to capture extra
ambience, but in the end a more useful result was
achieved using the VS880's Large Room effects
program with the Reverb Time parameter reduced.



It's Easy

The new D1200 is the most guitarist
friendly digital recorder available. It’s
easy to record, edit and mix your music
to sound as good as the pros. The D1200
has an intuitize conwrol panel that has
been carefully designed with controls
that are arranged in the order of the
production precess: record, mix, master.
There's even auto settings for recording
guitar and vocals to make it fool-proof
simple to use!

No Data

Profegsional Sound

Unlike some recorders, the D12C0O uses
no data compression: the great 24 bit
tone you record is exactly what plays
back. And, the D1200 has the most
comprehensive effects section of any
recorder in its class, with Korg's famous
REMS modelling technology as found on
Vox amplifiers and the Pandora PX
products. You get modelled microphones,
classic amplifiers and speaker cabinets
and almost 200 studio quality effects
programs for insert, master and final
effects. There are even professional
mastering programs to produce a release
quality CD.

40GB Hard REMS

Compression Drive modeling

Effects

guitarist friendly
Digital Recording Studio available.

Fully featured

The large 40 GB internal hard disk can be
shared with your computer via a built-in
USB connector. With an optional internal
CD-R/RW drive the D1200 can turn your
final mix into a release quality audio CD.
The D1200 packs highly sophisticated
functionality and stunning studio sound
into a compact body. It's the complete
digital recorder, for any style of music.

5ui|t-ln Optional
Rhythm Chromatic CDRwW
Patterns Tuner

Master effects

The new D1200 Digitat Recording Studio
Inspiration without the perspiration

AV eENVue

Call Now for your free information pack

01908 857150 www.korg.co.uk
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DSP24 Media 7.1 Brief Specifications

* Soundcard internal 1/0: CD in, Aux
in, via 18-bit AC97 codec,
supporting up to 16-bit/48kHz.

* Soundcard external 1/0: stereo line
in, mic in, mix output, all via 18-bit
AC97 codec and on 3.5mm jack
sockets.

* Breakout box analogue inputs:
stereo -10dBV line/RIAA-equalised
phono in (switchable), quarter-inch
jack balanced mic in with
switchable +48 Volt phantom

Jll Media 7.1 Output Mixer (WDM Driver V7.2.0806)
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duplicated with 3.5mm stereo
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MIDI Synthesizer

The graphical patchbay makes the various connections between the soundcard driver devices and physical |/0

sockets immediately obvious.

combined output from the soundcard’s DSP
mixer.

Patchbay & Routing Options

Like most other soundcards, the Media 7.1 is
supplied with its own Control Panel utility.
This has three pages labelled Patchbay, Mixer
and H/W Setting, and by default appears with
the Patchbay visible. Both the front and rear
panels of the breakout box are displayed in
graphic form along with a symbolic version of
the soundcard itself, above which are
displayed the current clock and sample rate
settings.

There are five pairs of physical hardware
outputs available as possible patchbay
destinations: the analogue outputs 1/2, 3/4,
5/6 and 7/8, plus the S/PDIF out. To these
you can drag virtual patch cords from the
internal soundcard signals and the analogue
or digital hardware inputs, providing
zero-latency monitoring of the latter. The
internal soundcard signals available comprise
the four stereo Wave playback pairs, labelled
Wave Out 1/2, 3/4, 5/6 and 7/8, along with
Wave S/PDIF Out, MIDI Synthesizer (the output
of the internal hardware synth) and Mixer
(from the internal digital mixer). Each of these
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displays the current playback level behind its
text name as a horizontal peak-reading bar
meter, whose colour flashes red when it
exceeds -1dBFS.

You can't merge signals, so each physical
output can be connected to just one input or
internal signal, but there's no restriction on
how many
destinations each
internal signal
can be patched
to. So, for
instance, you
could connect the
MIDI synth to all
five output pairs
if you wished,
although by
default, Wave
Outs 3/4,5/6
and 7/8 are all

Ele Help

The Media 7.1 features
zero-latency input
monitoring, along with
a comprehensive
internal DSP mixer to

multitimbrality, with reverb and

* A-D converters: 24-bit 64x
oversampling (part of AK4529

el -

power and front-panel gain control, S/PDIF in and out, MIDI In and Out chip).
3.5mm stereo jack mix input (from (MPU401 compatible). + Signal-to-noise ratio: >100dB
card external mix out). * Onboard GM/GS hard synth: (A-weighted).

* Breakout box analogue outputs: DREAM 4MB ROM with 48-voice * Total harmonic distortion + noise:
eight phono line outputs, polyphony, 16-channel not stated.

* Frequency response: not stated.

« Supported bit depths: 8, 16 and 24.

* Supported sample rates: 22.05, 32,
44.1, 48, 88.2 and 96 kHz.

« Digital 1/0: up to 24-bit/96kHz,

« Breakout box digital 1/0: co-axial * D-A converters: 24-bit 128x non-audio mode transmits AC3
S/PDIF in and out, Toslink optical oversampling (part of AK4529 streams.
J0 connected to their equivalent physical output

while the Mixer output goes to both physical
outputs 1/2 and the S/PDIF output. There are
various source/destination restrictions, and
only those connections that become
highlighted when you grab them are
permissible.

Unlike many similar products that use
simple text-box source and destination
options, the functional graphics and virtual
patch cords of the Media 7.1 patchbay make it
easy to understand what's going on within the
first few seconds. However, unravelling the
options and the current settings does end up
taking longer, simply because following patch
cords and studying the possible options for
each source or destination takes longer than
reading text boxes — you can't have it both
ways.

The Digital Mixer page lets you create a
monitor mix of the various possible source
signals, which comprise Wave 1/2 through to
7/8, S/PDIF Out, S/PDIF In and Input 1/2 for
zero-latency monitoring, and MIDI Syn. Each
has its own pre-fade peak-reading meter,
fader, pan slider, mute and solo button, while
a pair of Master channels with their own
meters, faders, and global mute button
control overall output level. Four presets can

JH Media 7.1 Output Mixer (WDM Driver V7.2.0806) . =8

set up monitor mixes.



Following many years of irdustry exoerience providing Apple
Audio Solutions, Dreamtel will deliver the nght combination.
Whe-ter you're a producer, composer or the next Fat Boy shm,
Dreamtek have the expert se and hands-on expenence to help
you fo realise your musical dreams.

17" TFT iMac
800-MHz PowerPC G4

256MB RAM - 80GB Hard Disk
Super Drive DVD-R/CD-FW

2 FireWire ports + 3 USB ports

56K modem + 13/100 Etnernet
£1632

15" TFT iMac

700-MHz PowerPC G4 - 128MB
RAM - 40GB Hard Disk = CO-RW
2 FireWire ports « 3 USB ports
56K modem - 10/100 Etnernet
£999

Go Platinum
Povrermac G4 *Ghz Dual P-ocessor
256MB/80GB,CDRW- DVD/56k

512MB RAM, ATA 30GB Audio Drive, Emagic
Logic Audio Platinum v5, Emagic AMT8 Mid
Interface, Moty 2408mkl.1 Audio Interface

iMac Performer

Mac G4 7T00Mhz G4
128MB/40GB/CDRW/NVIDIA
56k

Roadster Ti
Powerbook G4 667mhz
256MB/30GB/CD-RW/DVD ROM/E6k

512MB FAM, Emagic Logic Audio P'atinum v5,
Emagic MT4 Mdi Interface, Motu 828 Audio
Interface, V2 4GB External FireWire HD

256MB RAM, Digite!
Performer V3, Midiman Quattro,
V2 40GB Ext Firew re HD

o
L
§ VW I MNACKIE.
Emagic Logic Control UAD-1
Emagic ES2 HR824 Speakers
Emagic EVOC20 1202-VLZ PRO
Emagic EVD6 Clavinet 1604-VLZ PRO
Emagic MT 4
Emagic AMT 8 MOTU
Emagic EXS24
Emagic EVB3 Motu DF3 Crossgrade
', 1§ 3 Motu 896
() digidesigm o808
Motu 1296
Mbox Motu Midi Timepiece AV
Pro Tools|24 MIX3 Motu Midi Express
USD Sync Motu Fast Lane
88824 /0
882}20 !/0
24 Bit ADAT Bridge 111 CROUELCRLLY
1622 1/0
Battery
H B4
@ steinberg 3
Dynamo
Cubase SX Reaktor
NEW! PLEX Absyntr
The VST Edition Spektral Deiay 9933339
Cubase VST 6.1 Kontakt ks
Houston TR
L
YAMAHA S
03D TC Native Powercore
02RV2 TC Works Spark
MX12/6

sonic

LA

Reasor Software v2 DA24
Oxygen8 AD24

Delta 1010 ADS

Delta 44 USB Studio D
Ableton Live wD8

Quattro DA96

-

PowerMac G4 A

Dual 1.25-GHz PowerPC G4 « 512MB RAM
120GB Hard Disk « DVD-R/CD-RW

2 FireWire ports « 2 USB ports

56K modem + 107100 Ethernet

from £2699

Dual 1-GHz PowerPC G4 - 256MB RAM
80GB Hard Disk * DVD-R/CD-RW

2 FireWire ports + 2 USB ports

56K modem + 10/100 Ethernet

from £1999

Dual 867-MHz PowerPC G4 - 256MB RAM
60GB Hard Disk DVD/CD-RW

2 FireWire ports + 2 USB ports

56K modem « 10/100 Ethernet

from £1349

6a Well Street E
London E9 7PX
United Kingdom

T: 020 8533 2222
F: 020 8533 2288
www.dreamtek.tv
sales@dreamtek.tv

[ [N

@& Solution Expert

PowerBook G4 Titanium

15.2" TFT XGA display

800 MHz PowerPC G4 + 1GB RAM

60GB Hard disk * DVD/CC-RW

1 FireWire port + 2 USB ports « 56k Modem
107100 Ethernet « Built-in Airport Card
£3259

15.2" TFT XGA displa

800 MHz PowerPC G4 - 512 MB RAM
40GB Hard disk - DVD/CD-RW

1 FireWire port + 2 USB ports « 56k Modem
10/100 Ethernet « Built-in Airport Card
£2749

15.2" TFT XGA display

667 MHz PowerPC G4 + 256MB RAM
30GB Hard disk - DVD ROM/CD-RW
1 firewire port » 2 USB ports

56k Modem + 10/100 Ethernet
£2149

CALL US FOR OUR FREE CATALOGUE

020 8533 2222

BUY ONLINE AT WWW.DREAMTEK.TV

Motu 2408

mk3

This box contains everything you need
to turn your computer into a powerful 24-
bit/96kHz digital audio workstation. The

2408mk3 provides 8 channels of pristine 96kHz
analog recording and playback, combined with 24
channels of ADAT and Tascam digital /0 — the most
ever offered in a single rack space audio interface.

Yamaha 02R96

With more than five times the processing
power of the onginal O2R, the 02R96
brings every aspect of the console up to
date with today's most advanced production
needs. 02R96 inherits key features from
Yamaha's flagship DM2000 Digrtal
Production Console — 96-kHz audio,
surround monttoring, studio manger
software, and DAW control.

Mackie Control

Mackie Control, a nine-fader master control
surface with nine touch-sensitive Penny and
Gites motorized faders, supports software
integration for a growing family of DAWs
that currently inc udes Soundscape 32 by
Mackie Broadcast Professional, Nuendo
and CubaseSX by Steinberg, and Digttal
Performer by MOTU.

Emagic Logic

Platinum 5

The most advanced Logic ever produced
Logic Pratinum 5 1s the centrepiece of the
world's premier music composttion and
audro production system. The most powerful
product in the Logic Senes, Logic Platinum
1s renowned for its technical excellence, and
15 used by more professionals than any
other software of its kind.

Digi 002
Digi 002 provides the means to create
everything from demos to remixes to radio
spots. Its analog, digital and MIDI
capabilities enable Digi 002 to handie a
wide variety of 170 configurations, while
dedicated monitor and headphone outputs
ailow you to keep a close ear on progress -
all with a simple, single FireWire
interface to the host computer.
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P> be saved or loaded using the buttons at the

top right, which is handy for quick recall.

Hardware Settings

The H/W Setting page displays the driver
version information, along with its current
latency and resolution, and below this are
three buttons that call up extra information
about the Clock, Device and other settings.
The Clock options include a rather
superfluous one that allows you to record and
play back at bit depths greater than those
supported by the card — perhaps these
drivers are also used by other Hoontech
products. More useful are the options for
internal and external master clock, as well as
a display of the current sample rate, which
can also be set manually and then locked,
rather than being chosen by the music
application.

ever need it. Unfortunately, the allocation also
determines the ASIO and GSIF driver
numbering within applications: in the example
above, after choosing the ASIO drivers inside
Cubase SX, you can choose from ‘Analog
Output (1) 1/2" and ‘Analog Output (1) 3/4’,
while GigaStudio also displays its GSIF output
options as 1/2 and 3/4, despite actually using
WaveQut 7/8 and S/PDIF Qut. Meanwhile, all
the MME options will still be available to
applications, but only the one labelled
‘MME-WDM ADSP24 £xt.5/6 Audio Device’ will
work, the others giving error messages.
Admittedly you won't be changing such
settings very often, but this is a source of
initial confusion. Having said that, the ability
to mix and match driver types is certainly
useful, although various other soundcards I've
reviewed have managed to perform the same
feat in a more transparent manner.

J Media 7.1 Output Mixer (WDM Driver V7.2.0806)

T i

Driver Informations

ASIO Latency: 1 ms
Convert Resolution : 24 bit

SR ]

Driver Version : WDM Driver V7.2.0806

v GSIF (Giga Sampler Interface] Enable

Clock Settings |  Device Settings | Etc. |
Waveout Driver 5
MME/ASIO .| Samples Per
Butter 4 ) Second c
-
| Device Mixing (MMEJASIO/GSIF)

Mode MME | ASIO | GSIF | [
WaveOut1/2 ~ MME © ASIO © GSIF  ASI0 1,2 Gl |
WaveOut3/4 ©~ MME ~ ASIO ¢ GSIF ASIO 3,4 . " |
WaveOut5/6 ~ MME  ASI0O  GSIF MME 1,2 ( [
WaveOut7/8 «— MME  ASIO ©~ GSIF GSIF 1,2

S/IPDIFOut ~ MME © ASIO &~ GSIF GSIF 3,4

iASIOH

You can allocate each output pair to a different driver format.

The Device Settings let you adjust ASIO
buffer size, and eight settings are provided
ranging from 1536 down to 64 samples
(incorrectly labelled as samples per second).
Under the Device Mixing section (which in the
printed manual is more correctly referred to
as Multiclient Support), you can independently
decide which driver format is used by each of
the WaveOQut and S/PDIF Out devices, by
ticking the appropriate button. So, for
instance, you could allocate WaveQut 1/2 and
3/4 to ASIO for use within Cubase, WaveOut
5/6 to MME for a stand-alone soft synth, and
WaveOQut 7/8 and S/PDIF Qut to CSIF for
GigaStudio. This works well, although as you
might expect, you have to make your
selection before launching your music
applications. There’s a further tick box
labelled GSIF Enable, which does exactly what
it says, although 'm not sure why you would
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The final page is labelled Etc, and contains
a couple of further options. Multi Channel
Device Support will primarily be used with
software applications like WinDVD or
PowerDVD to play multiple audio channels
using a single MME device, while S/PDIF Out
offers a choice of Consumer or Professional
modes. You can also move between the
various pages using menu options, while an
additional Call Internal Mixer option launches

* Soundcard driver version: 7.2.0806.
* Intel Pentium Il 1GHz processor, Asus TUSL2-C

motherboard, 512MB Crucial SORAM, running
Windows XP.

¢ Tested with: Steinberg Cubase SX vi.02 and
Wavelab v4.0d, Tascam GigaStudio 160 v2.50.48, NI
Pro 52 va.5, Cakewalk Sonar v2.0.

the standard Windows mixer for controlling
the AC97 codec playback and recording
features, should you decide to use them.

In Use

The Media 7.1 wave playback quality sounded
reasonably similar to my Echo Mia, which is
hardly surprising considering that the former
uses an AK4529 codec and the other an
AK4528 codec. However, the Media 7.1 lacked
crispness at the top end by comparison, and
the Mia obviously has a lower-jitter clock, as
its transient detail was noticeably cleaner and
its imaging more precise. The AK4529 codec
also has slightly higher noise levels, and with
24-bit/44.1kHz recordings the RMS
background noise measured a reasonable
-98.2dB. This is about the same as Terratec’s
DMX 6Fire, and about 1dB worse than their
EWX 24/96 and M Audio's Audiophile 2496,
but some 6dB worse than the Mia. The
24-bit/96kHz figure was -96.6dB RMS, this
further rise of a couple of dBs being fairly
typical for the doubled bandwidth.

My tests with Rightmark’s Audio Analyser
4.0 showed similar background noise levels,
but confirmed my listening tests as far as
frequency response was concerned. While the
Media 7.1's low-frequency response was only
-0.4dB down overall at 20Hz, it was -3dB at
15kHz for both 44.1kHz and 96kHz sample
rates. | repeated my tests using the Echo Mia
as a reference to measure the Media 7.1's
A-D and D-A sides separately, and this proved
that the A-D recording side was fine at
+0.12/-0.79dB between 20Hz and 20kHz. The
D-A playback portion was causing the
problems, measuring +0.34/-4.69dB over the
same range.

Suspecting that I'd received one of several
early cards sent out with incorrect capacitor
values, ST Audio sent me a second one to test.
While both cards had an identical low-end
roll-off, the second one was rather better at
high frequencies, rolling off to -3dB at 20kHz
when using a 44.1kHz sample rate, extending
only slightly to 23kHz with a 96kHz sample
rate. Al other performance aspects of this
second Media 7.1 card were identical to the
first.

This is much more acceptable for an
eight-channel card that retails at £230, and
although 96kHz recordings will show little
improvement over 44.1kHz or 48kHz ones,

I still maintain that at this end of the market
these fower sample rates are more suitable
anyway. If you really do want to record at
96kHz, two similarly priced cards that | have
tested that exhibit a wider frequency response
are M Audio’s Audiophile and Echo's Mia, both
of which are only 1dB down at around 42kHz
using a 96kHz rate, but have far fewer
channels.

It's extremely handy to have a GM/GS MIDI
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While the audio differences are subtle, the first sample of the DSP24 Media 7.1 soundcard showed a very
early high-frequency roll-off, but thankfully the second one | received was significantly better, although
still not as flat and extended as either M Audio’s Audiophile 2496 or Echo’s Mia.

synth in hardware, since of course it
consumes no CPU overhead, but with a
4MB ROM you can hardly expect it to set
the world alight. Even so, its sounds are
relatively rich and smooth, and sometimes
quite powerful, if somewhat lacking in
expression given the short length of each
sample. The printed manual does help in
extracting the last drop of performance
from it, with a full list of sounds and bank
variations, plus a comprehensive SysEx
implementation table for getting deeper
into sound and effect editing.

The ASIO drivers worked extremely
well in Cubase 5X 1.02, with no glitching
on my test songs even at the lowest
64-sample setting, which at 44.1kHz gives
a 1.45ms buffer latency, while the GSIF
drivers gave a faultless performance with
GigaStudio 160, and the WDM drivers gave
me an excellent 5.8ms latency in Sonar
2.0. With Pro 52 in stand-alone mode the
DirectSound drivers managed a reasonable
25ms, and only the MME performance
with Pro 52 at 45ms was mediocre — not
a cause for much concern given the other
available aptions. The S/PDIF I/0 also gave
an accurate bit-for-bit copy of a DAT
transfer.

| would advise against using the AC97
codec at all, since its audio contribution
is permanently added to breakout box

(4 £229.99 including VAT.

[l Et Cetera +44 (0)870 873 8731.
 +44 (0)870 873 8732.

1] www.etcetera.co.uk

Ul staudio.com

output 1/2, and as soon as | plugged in
the extra 3.5mm jack-to-jack lead from
soundcard to breakout box, low-level
digital hash appeared in the background,
along with crackles each time the display
was altered or mouse moved.

Final Thoughts

With its eight outputs and wide variety of
input options, the Media 7.1 will obviously
appeal to musicians interested in low-cost
surround sound, and here a couple of
obvious competitors are Creative Labs’
Audigy (reviewed in SOS November 2001),
and Terratec's DMX 6Fire (SOS April 2002).
I still feel that with its fixed 48kHz engine
and poor noise performance, the Audigy
causes more problems for musicians than
it solves, although it does provide
SoundFont support and FireWire ports.
However, the DMX6Fire is a much stronger
competitor, providing similar performance
and background noise levels to the Media
7.1, and a similar complement of analogue
and digital /0, including an RIAA preamp.
However, for its additional £50, the Media
7.1 also features a built-in hardware MIDI
synth whose output can be internally
recorded using the Ext 3/4 input, as
opposed to a WaveBlaster connector, while
its mic input has +48 Volt phantom power.

Overall, despite the AC97 codec
features (which can be ignored if you
prefer, or pressed into service for
Windows sounds and lo-fi audio CD
playback), and a subtle roll-off at the top
end, the Media 7.1 gives the impression of
a fairly rugged, straightforward design for
musicians, and will no doubt find plenty of
users. E=3
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Understanding

Impedance

No home studio is immune from issues of
impedance, yet the subject can seem very
confusing. In this workshop we explain what
the recording musician needs to know about
impedance, and show you how to avoid lifeless
guitar sounds, digital glitches, and fried amps!

Hugh Robjohns

specifications of any mixer, preamplifier,

microphone, or pretty much any other
piece of audio equipment will have come
across the term impedance. Input impedance,
output impedance, terminating impedance,
matched impedance, and characteristic
impedance are all fairly common terms in the
tech specs, but what do they all mean and
why are they relevant? In this article | will try
to answer these questions and to explain
what you need to know about impedance in
practical terms, without too much maths and
science. So any electronics students reading
this can stop right now and go and do their
homework instead...

A nyone who has read the technical

What Is Impedance?

Okay, let's start with a basic definition of
impedance. We should first think about
electrical resistance (represented by R),
measured in Ohms (symbol Q). Imagine

a simple circuit consisting of a battery and

a resistor. The battery generates a voltage
which tries to force a current around the
circuit connected between the battery’s two
terminals. The resistor resists that current —
the higher the value of the resistor, the lower
the current will be, and vice versa. In resisting
the current, a voltage difference is developed
across the resistor. This important
phenomenon is defined mathematically in
Ohm's Law, where the battery voltage
(represented by V and measured in Volts)
equals the current (represented by | and
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measured in Amps) multiplied by
the resistor's resistance value.
Expressing this law algebraically,
V=IR, a simple bit of algebraic
rearrangement gives I=V/R. So if
the battery is 12V and the
resistor is 1209, the current
flowing around the circuit will be
12V/1200, which is 0.1A, or 100mA.

This simple example is of a Direct Current
(DC) circuit — the battery voltage is steady
and unchanging (ignoring the effect of the
battery losing energy over time). However,
when we are dealing with audio electronics,
the signal voltage changes amplitude
continuously to represent the changing
amplitude of the audio signal, and it
alternates between positive and negative
cycles. The currents that flow therefore have
varying amplitudes and alternate in direction
as well, and we have what is known
generically as an Alternating Current (AC)
circuit.

This is where things become slightly more
complex, because, in addition to the
resistance, there are two other fundamental
components which affect the current flowing
around an AC circuit. In addition to the simple
resistance we have already discussed, there is
also capacitance and inductance to consider.
In simplistic terms these also act like resistors,
except that their resistance to current changes
in proportion to the frequency of the signal
voltage fluctuations — the rate at which the
current flowing through the circuit is made to
change direction by the audio signal voltage,
in this case.

All audio electronics have combinations of

resistors, capacitors and inductors connected
in circuits, along with ‘active’ components like
transistors or valves which provide
amplification or act as switches. To make life
slightly easier for ourselves, we often consider
the total ‘resistance’ of a complex circuit
involving resistors, capacitors and inductors
as a composite lump, and that’s what we calt
the impedance.

Impedance has the symbol Z — hence
references to high-Z inputs, for example —
and is still measured in Ohms. However, the
actual value depends to some degree on the
frequency of the signal voltages involved. In
audio input and output circuits the
impedances are principally resistive to make
interconnection easier — the impedance won't
change too much over the range of audio
frequencies. However, the impedance to radio
frequency (RF) signals will often be very
different to that at audio frequencies in order
to keep RF interference out.

Input & Output Impedances

Any device which generates a voltage has
what is called an output impedance — the
impedance value of its own internal circuitry
as ‘seen’ from the outside (ie. as measured
across its outputs). Similarly, any device
which expects to receive a voltage input has



an input impedance — the impedance ‘seen’
by any equipment connected to its inputs (ie.
the impedance measured across the inputs).
The output voltage from the source is
developed across the input impedance of the
destination (often called the load impedance,
or simply the load), and therefore the signal
voltage is passed from source to destination.
However, the input and output impedances
will also affect the current that flows around
the circuit too.

in cases where it is necessary to transfer
the maximum power from a source to a
destination (power being proportional to both
voltage and current), the output impedance of
the source and the input impedance of the
destination must be equal; a situation referred
to as having matched, or balanced,
impedances. (Strictly speaking, the input
impedance should be the conjugate of the
source impedance, but | only mention this in
case those pesky electronics students are still
reading!) If the source and destination are
physically separated by a large distance (in
relation to the wavelengths of the signal
frequencies being passed), then the
connecting cable should also share the same
impedance as both source and destination.

In a matched system like this we have the
ideal power transfer arrangement, but the
output voltage from the source device is
shared equally across both the output and
input impedances (assuming negligible cable
effects). This is not a problem, as it is taken
into account in the design of equipment for
matched systems, but is worth bearing in
mind, because it has some implications which
{ will return to in a moment.

The Birth Of The 600Q
Standard

Now let’s have a look at what happens if the
source and destination impedances are
unmatched. Well, basically, some of the
energy being transferred from source to
destination is reflected back from the
destination (or wherever there is an
impedance mismatch in the connecting
circuit) towards the source — not a good
thing, in general. Theoretically such
reflections could manifest as echoes, or cause
signals at certain frequencies to be reduced
through cancellation. The telephone industry
discovered the practical ramifications of
impedance matching almost a hundred years

Impedance & Frequency Response

The output impedance of a device and the
capacitance of its connecting cable form a simple
first-order low-pass filter, producing a 6dB/octave
attenuation above a certain frequency. However,
you need either quite a low output impedance or

ago. The wavelength

of an audio-frequency St

Destination

signal travelling down
a cable as an
alternating voltage can
be anything from
15000km at 20Hz to
about 15km at 20kHz
(wavelength reduces
as signal frequency
increases), so
telephone cables used
to carry conversations

To internal
electronics

impedance

between people living

in different cities can
be considered to be of
significant length
compared to the wavelength of the signals
they carry.

Since cable lengths between towns were
comparable to the wavelength of the audio
signals carried, it was important that the
impedances of the sending and receiving
telephone exchange equipment, along with
the characteristic impedance of the cables
(see ‘Characteristic Impedance’ box), were
properly matched. If the impedances weren't
matched correctly then reflections would
occur (heard as echoes and colorations), and
little energy from the source would reach the
destination, resulting in faint signals coming
out of the earpieces of the two telephones.
These kinds of effects are rare these days,
because the majority of telecoms systems are
now digital — the basic problems are the
same, but the technology has been developed
to get around them.

In order to deal with impedance matching
problems, the telecoms industry quickly
standardised on a connecting impedance to
ensure good transfer of audio signals with
minimal reflections, and that was 600Q. In
practice, the actual telephone cables tended to
have a characteristic impedance of about
140Q, so matching transformers were
employed all over the place to match between
the ‘standard’ 60012, and the actual 140Q
installations.

Matched-impedance Systems
In The Studio

The broadcasting industry, and later the
recording industry, grew up directly from the
technology of the telecoms industry — the VU
meter being a prime example of a telecoms

quite a long high-capacitance cable to bring the
turnover of this filter into the audio band. Even
$0, it's best to select cables which have as low a
capacitance as possible, and to keep cable runs
as short as practicable.

Figure 1. Input and output impedances, also called source and load impedances.

measurement system which has survived
unchanged in the recording industry to this
day. One consequence of this direct
borrowing of technology was that early
broadcast and recording studios also
employed the 600Q matched-impedance
principle for almost everything — tape
machine outputs, console inputs, and so on.
However, the idea of matching impedances is
not particularly relevant or practical in a
recording studio, for several reasons.

For a start, we are not really interested in
the transfer of power between source and
destination — it's the signal voltage
fluctuations which carry the information we're
interested in — and it is extremely unlikely
that any studio cable is going to be 15km
long! For these reasons, there is no technical
requirement for impedance matching.
Secondly, it is common in studios to want to
distribute one output signal to several device
inputs (say, one mixer output to several tape
recorder inputs), and there are problems with
doing this within matched-impedance
systems.

Consider a mixer outputting a nominal
0dBm line-up signal from a 6000 output
impedance, connected to a tape recorder
input of 600Q input impedance. (For the
difference between dBm and dBu, see the
‘Signal Levels’ box.) The tape recorder input
meter will show a signal level of 0dBm as well
— so far so good. However, plug a second
tape recorder input across the mixer output
and its 600Q input impedance interacts with
that of the first machine to produce a new
combined input impedance of about 300Q.
(Without getting too far into the physics here,
this is because the two inputs are wired in
parallel.) The result is a reduction in the signal
level at each tape recorder input, as the same
source signal current now has to be shared
between the two destinations, therefore
developing half the voltage across each input
impedance. A halving of voltage is a 6dB
reduction in signal level and, consequently,
the tape recorder meters show an input level
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6000
input

input

Figure 2. In 2 matched-impedance system working to the 6000
standard, connecting two tape machine inputs to the same console
output would cause a level drop of 6dB, because each of the two

Relatively high-impedance
inputs such as these are called
bridging inputs, and they have
the advantage that several
devices can be connected in
parallel without decreasing the
impedance to any significant
degree — the voltage developed
across each input remains high
and the source does not need to
supply a high current. (A low
impedance is often referred to as
‘loading’ the output or circuit,
because of the high current it
demands.) Let's have another ook
at our earlier example, where a
console output is feeding two
tape machines. Say each machine
now has an input impedance of
30kQ; connecting two in parallel

parallel 6000} loads only receives half the signal power.

p of about -6dBm instead of 0dBm. This is
clearly not a good situation, and is very
restrictive in terms of what can be connected
to what,

Voltage Matching

& Bridging Inputs
The solution to this problem is to dispense
with the idea of matched impedances
completely, and use what is called voltage
matching instead. The idea here is to engineer
the equipment to have the lowest possible
output impedance and a relatively high input
impedance — the difference between them
must be at least a factor of ten, and is often
much more. Modern equipment typically
employs output impedances of around 150Q
or below, with input impedances of at least
10kQ or above. With the minuscule output
impedance and relatively high input
impedance, (the cable impedance can be
disregarded completely in comparison) the
full output voltage should be developed
across the input impedance.

0dBVU meter
reading

0dBVU meter

30.Q
input
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will only reduce the combined

input impedance to 15kQ, which
is still substantially higher than the 150Q
output impedance of the console. Hence, the
input voltage will be virtually unaffected —
I calculate a loss of 0.04dB, in fact! Even
connecting a third device to the output, the
impedance would only fall to 10kQ — the
level would fall by a further 0.05dB, which
I don't think anyone would hear! Because
bridging inputs make studio work so much
easier, the idea of voltage matching is now
employed almost universally in line-level
audio equipment, irrespective of the actual
reference signal levels used.

Microphones & Preamplifiers

In the early days of microphone development,
with ribbon and moving-coil designs being the
only high-quality devices available, most
microphone and preamplifier systems were
designed with impedance-matched interfaces
— typically operating at 300Q, although other
standards did exist. Later on, with the
introduction of capacitor microphones and
their internal impedance converting head
amplifiers, the idea of voltage
matching was adopted and is
retained to this day for all
microphone types. There are a
few microphone preamplifiers
available which are designed
specifically for use with vintage
ribbon microphones and still
include impedance-matched

0dBVU meter
reading

Figure 3. In a voltage-matched system,
two tape machines can be connected to
the same console without an appreciable
drop in level at either of the machines —
the two parallel 30k() impedances are
seen as 15k} by the source, which is still
very high compared to the 1500 output
impedance.

interfaces. However, these are rather
specialised devices and are of little practical
concern to most of us.

Typically, most microphones therefore
have an output impedance of 150-2000, and
most preamplifier inputs offer an input
impedance of between 1.5kQ and 3kQ — on
the limit of the ‘ten times higher' rule of
thumb | mentioned earlier. It is a good idea to
keep the input impedance of mic amps
relatively low (at least compared to typical line
inputs) since resistors generate noise when
current flows through them; the higher the
resistance the greater the noise. Since the
signal level from microphones is relatively
weak, a lot of gain is generally required,
amplifying the resistor noise along the way.
This is the reason why mic preamp specs

Some high-end
microphone
preamps, such as the
Groove Tubes Vipre, offer a
choice of input impedances to
suit mics from different eras.

should quote the source impedance when
providing the Equivalent Input Noise (EIN)
measurement; the lower the source
impedance, the lower the noise will be.

A good EIN figure can be achieved for the
spec sheet by measuring the input stage with
a 500 source impedance. However, this noise
figure will be totally unrealisable with a
real-world 200Q microphone!

Impedance Considerations With
Electric Guitars

The pickups generally used in electric guitars
and basses are primarily inductive rather than
capacitive (because of the coils used under
the strings), and are also highly resistive
simply because of the sheer amount of wire
involved (typically up to 10kQ), although
different styles and makes of pickup can vary
enormously. Since the pick-up presents a
relatively high output impedance, it is normal
to provide guitar preamp and DI inputs with
a hugely high input impedance. A minimum
value is typically 470kQ, but many are over
1MQ and a few, designed for accepting feeds
from magnetic pickups in some acoustic
guitars, are rated even higher than this.

If the input has too low an impedance, the
most noticeable effect will be a loss of high
end — in fact, even using guitar cables with
too high a capacitance can audibly reduce

>



T H ESSERERRA D ER SRS e D M USIC CREATION TOOL

New for 4.0

* Plug-In effects automation + ASIO driver support

* 51 surround mixing * MIDI piano roll editing

* MIDI event list editing » VSTs support

* Alternate time signatures  » MIDI step recording

* Yamaha OPT support * Master, Aux, FX bus tracks

Powerful features

Use as many loops & MIDI tracks as you hke vath

racls. Apply VSTi soft synths, create amazing
1d mixes, & perform video scoring

Amazing audio effects
Create resonant sweeps, dramatic fades, EQ changes, &

effects by utthzing new aut parameters &
envelope controf includes new Somc Foundry automated
effects such as Resonant Filters, Track EQ, & Flange/Wah
Wah'Phase. ACID PRO also includes over 20 DirectX®
audho Plug-ins such as Amplitude Moduiat.on, Chorus,
Delay, Distortion. Flange, Noise Gate Reverb & more.

Enhanced MIDI functionality
Allows you to display & edit MID

format just like a sequencer The new MIDI prano

5, & mak

rd MIDI tracks into

graphtc
your ACl es, or add

events V s time stretch
perfec any tempo, & can be rendere
ACID PRO 4.0 [===
[ ]

Includes hundreds of music loops

ACID PRO includes a content €D containin
of

Seeing Is believing  trnmoi

nctude Dance HipHo

Jazz, A nt, Orch

ACID® PRO 4.0 is the awesome new version of Sonic Foundry's award-winning loop-based music
creation tool that allows audio creatives to produce original, royalty-free music. Use ACID to create
songs, remix tracks, produce 5.1 surround audio mixes, develop music beds, score videos, and create
music for web sites and Flash™ animations. And while this revolutionary tool is intuitive and easy to
use, it's also more than powerful enough for professional production. Work with a huge assortment
of loops in multiple genres. Compose using unlimited tracks of audio and MIDI, import and Beatmap

ATTENTION 3.X USERS

complete songs, then save to a variety of formats such as WAV, WMA, RM, AVI, and MP3.
u Pﬁ Rn DE See it at your authorised dealer today.

LOW COST 3.X TO 4.0
UPGRADES AVAILABLE

FROM SCV LONDON p S O n i Cfo u n d ry

mediasolutio

New version now available - Upgrade Today!

Exclusively distributed m @ N

in the UK by SCV London

40 Chigwell Lane, Oakwood Hill Industrial Estate, Loughton, Essex, IG10 3NY
Tel: 020 8418 0778 Fax: 020 8418 0624 Email: info@scviondon.co.uk WWW. SCVIOHdOﬂ GGt k

s acssimns Itz (ffp sonictouncry @ MIPRO Creamu@re Bliggram FOST@X GENELEC Superlux



impedance
workshop

P high frequencies (see ‘Impedance & Frequency

Response’ box for details of this effect). The
sustain is also affected, giving a ‘dead’ sound.

Loudspeaker Impedance

Most readers will be aware that loudspeakers
are quoted with a nominal impedance of
usually four, 8, 15 or 16Q. The last tends to
be used with vintage valve ampilifiers, the first
with automotive and battery-powered
systems. Loudspeakers are very complex
things, and those with passive crossovers are
often challenging for the amplifier(s) to drive.
Many loudspeaker manufacturers reproduce
plots of the impedance curves of their designs
showing impedance against frequency.
A cursory examination reveals just how
variable the impedance can be, and therefore
how difficult it can be for the amplifier to
deliver its signal accurately at all frequencies.

In general, amplifiers are designed to have
an extremely low output impedance (usually
fractions of Ohms) so that the loudspeaker
impedance is significantly higher. However,
the impedance of the connecting cable can
also have an audible effect on the sound
quality. For example, the dreaded ‘bell flex’ so
often used with cheap and cheerful systems
presents a relatively high resistance and, since
it is in series with the loudspeaker, a portion
of the amplifier's energy will be dissipated
simply in heating the wire. The cable
resistance may also interact with the
crossover's characteristics.

There is a great deal of black magic
associated with speaker cables (and line-level

Four 8Q speakers
connected for a
total load of 8Q

Amplifier

>

Figure 4. Here's a way you can connect four 80
speakers to a single amplifier while maintaining
the overall 81 load.

interconnects for that matter) by the hi-fi
press, most of which, in my opinion at any
rate, is complete hogwash. Nothing more than
common sense and sensibly engineered
equipment is required. By using good-quality,
thick cables which are terminated properly,
the cable resistance will be sufficiently low to
become as irrelevant as the capacitance. While
there are plenty of good, high-quality speaker
cables available, heavy-duty two-core mains
cable is just as good in almost every situation,
and considerably cheaper!

Incidentally, it is worth knowing that if you
connect loudspeakers in series, the
impedance increases by the sum of the
individual units. For example, two 8Q
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Although the vast majority of hi-fi equipment uses
the voltage matching concept, there is some which
employs a very different strategy, and it is worth
knowing about this strange idea lest you ever come
across it! The DIN organisation (Deutsches Industrie
Normal) defined an interface standard many years
ago which uses current sources instead of voltage
sources to generate the output signal. The DIN
interface usually employs DIN sockets (now better
known for their use in MIDI interfaces) — in three-,
five-, seven-, or sometimes eight-way configurations.
The five-way version is standard for stereo interfaces

and can accommodate stereo inputs and outputs
simultaneously, with a common earth connection.
The significance of using a current source to

speakers in series present an impedance of
16€). Working out the impedance for speakers
wired in parallel is slightly more complicated.
If the speaker impedances are R;, R,, R3, and
so on, the combined impedance is:

For example, two 8Q speakers in parallel offer
and impedance of 4Q. By combining these
two effects you can, for example, connect
four 8Q speakers to an amplifier intended to
drive an 8 load as in Figure 4. Although each
speaker in this configuration will receive less
power than a single speaker, the combined
power will be almost the same. However,
there are advantages to using muitiple
speakers: each speaker can be cheaper,
because it needs to produce less power; and
the combined surface area of the speaker
cones can be increased, which can be used to
improve the system’s bass performance —
hence the multi-speaker design of some bass
guitar cabinets.

Headphones

Headphones, like loudspeakers, also present
a load impedance to the driving amplifier.
However, there are three main classes of
headphone design — and I'm talking just
about impedances here, not the arguments
over closed-backed, open-backed, or in-ear
designs. The impedance of a headphone is
determined by the design of its voice coils —
the length and size of wire used, the number
of turns around the former, and so on.
Consequently, the impedance will affect the
volume produced by the headphone — but so
too will the strength of the magnet, and
several other aspects of the design. The best
guide is the quoted sensitivity of the
headphone in terms of decibels per milliwatt
(dB/mW). The design of the ampilifier used to
drive the headphones will also have a
significant bearing on the output volume.
Broadly, headphones can be categorised

High-impedance Hi-fi Standards

generate the output is that the signal voltage seen
by the receiving device depends almost entirely on
its input impedance. The DIN specification states
that the current source should give an output
voltage of 1mV per 1k} of input impedance.
Typically, the input impedance of a DIN-compatible
unit would be 100k(2, and so would see an input
signal voltage of about 100mV.

Hi-fi equipment with phono connectors usually
employs the voltage matching concept, with very
low output impedance and much higher input
impedance (although rarely as high as 100k.).
Typical signal levels vary between 250mVRMS and
1VRMS, although CD and DVD players are usually
specified with an output voltage of 2VRMS.

into three groups by their impedance:
broadcast, professional or portable. The
‘broadcast’ group have a relatively high
impedance, typically of between 1.5k and
2kQ). The idea behind this relatively high
impedance is so that the headphones can be
plugged into a patch bay to monitor a signal
source without loading it unduly and causing
a drop in the level. The ubiquitous Beyer
DT100 can be specified with a 2kQ
impedance, for example.

The next group are the ‘professional’
designs which typically range from 150Q to
600Q. Within this group it is often the case
that the lower the impedance the higher the
volume. It is an obvious marketing ploy, but,
given two otherwise similar designs, the one
with the lower impedance will sound louder
when plugged into the same amplifier — and,
of course, some purchasers may be swayed
into purchasing one pair of headphones over
another simply because of the extra volume.
The Sennheiser HD250 is available with a
150Q impedance, for example.

The third group are the designs intended
for use with portable CD players and the like.
Power is the product of voltage and current,
but, since the supply voltage to the amplifiers
is limited (because you're using batteries),
more power requires more current. That can
only be achieved if the
headphones
have a low
impedance.
Typical
designs
provide

The Sony MDR7509 headphones have a very low
impedance which means that they can generate high
playback volume even with low-voltage devices such
as battery-powered portable CD players.



impedances in the 8-32Q region — the
Sony MDR7509 is specified with a 24Q
impedance, for example.

Increasingly, people tend to use
high-quality ‘professional’-impedance
headphones with portable equipment, and
this is rarely a problem, except that the
maximum volume will be reduced
compared to a lower-impedance design —
which is no bad thing in most cases and
could potentially increase the battery life
of the player. It is worth noting that most
manufacturers offer a variety of
impedance options with many of their
headphone models — Beyerdynamic are
particularly comprehensive in this respect,
but it is often worth asking the question if
a favoured model appears not to be of a
suitable impedance for your application.

Audio Metering, Video
& Digital Audio

To wrap up this discussion of impedance
issues, I'm collecting what may seem a
strange combination of topics under one
heading, but all will make sense shortly.
As you will now appreciate, the accurate
level metering of audio signals requires
a certain knowledge of the interface
configuration and the appropriate
impedance or voltage matching. In
general, outboard meters — whether
proper test and measurement devices, or
just external meters of some kind — will
be designed with high input impedances.
This is so that they can be connected
across an audio circuit without loading it
and affecting the level. After all, it would
be pretty silly if plugging the meter in
drastically changed the signal level you
were trying to measure! With the normal
voltage-matched interface arrangements,
there is therefore nothing to worry about
— you can simply plug the meter across
an audio circuit and all will be well.
However, connecting a high-impedance

Signal Levels: dBm Or dBu?

Another inheritance from the

tel icati industry is our 0dB
nominal line level. The telecoms industry,
b it was int ted in the t fer of

power, measured audio signals in terms of
milliwatts. In fact, the standard signal level
was 1mW. The relationship between power
(symbol P, measured in Watts), resistance and
voltage is:

P= .I

R

For 1mW into 600¢2, V is therefore 0.775V.
Sound familiar? It should, because that is the
value we still use today as a standard line-level
reference RMS (Root Mean Square) voltage.

meter straight across the output of a
device intended to operate in a
matched-impedance environment will
produce erroneous results. This is because
the source's output is designed to drive
into 600Q — anything else will mess the
levels up completely. Test and
measurement meters are often equipped
with a switchable 6000Q termination facility
for exactly this reason.

Although it is extremely rare to find
any 600Q matched-impedance audio
equipment outside venerable broadcast
institutions like the BBC these days, it is
worth considering the issues involved,
because they also apply to digital audio
and video — both of which are
matched-impedance systems. Video
interfaces normally operate with 75Q
matched-impedance connections. In other
words, outputs source their signals from
75Q, inputs present 750, and the coaxial
cables have a characteristic impedance of
750 — nothing else will do!

A lot of video equipment provides
switchable 75Q termination on the input
connections, but that is to provide
flexibility rather than to denigrate the
balanced impedance concept. In a
balanced impedance system, provided
that the source, destination and cabling all
present the required 75Q impedance
characteristic, everything is fine. However,
it is often necessary to connect multiple
devices to a single output, and that is not
strictly allowed in a matched-impedance
system. One way around the problem is to
connect the inputs of the destination
equipment in parallel (by using special
T-shaped adaptors to connect from one
unit to the next), with only the last
providing the necessary 75Q termination
— the others all present a very high input
impedance. In this way the source ‘thinks’
it is only driving one destination, and the
correct impedance matching is

We measure audio signal amplitudes in terms
of decibels for i and the ref
value is always 0dB. The nominal telecom
signal level was defined as 0dBm — the ‘m’
signifies a reference of 1mW in 600(..

When the broadcasting and audio industries
moved away from matching impedances and
towards bridging inputs, the ‘ImW in 600¢)'
reference became meaningless, but the same
nominal signal amplitude was retained. To
make this change clear in the specifications
the term 0dBu was coined — the ‘u’ meaning
the imped: is pecified, but d
high (and therefore not loading the source to
any appreciable effect). Thus a 0dBu reference
level is still an RMS voltage of 0.775V.

That’s what happens
when you put together
a studio.

You spend the money
on expensive studio
gear but the
acoustics get forgotten...

*London-14

Primacoustic Studio
systems start from
as little as £599 inc vat
for a full room kit,
and come in a huge range
of Modular forms
or Freestanding versions
for easy installation!

They look the business,
and will help your room
sound great!

WE GUARANTEE
NEXT DAY DELIVERY

For more info and bespoke
installation advice please call

s0oNnic

DISTRIBUTION
{ ‘ A C

4

www.sonic-disribution.com



impedance

technique workshop

750 word

clock output word clock input

High-impedance
word clock input

equipment
manufacturers. In other
words, the word clock
input may be of a high
impedance design with
a switchable 75Q
termination. The same

BNC 750 BNC
T-pioce  terminator

R S

Digital audio
equ.pment

Figure 5. Although digital word clock inputs and outputs are meant to be
impedance matched, it is possible to daisy-chain a number of inputs from a
single output if you make sure only to have the 750 termination impedance at

the end of the chain.

P maintained, provided that the 75Q

termination is at the end of the line of
connected equipment.

This same matched impedance concept is
used for S/PDIF digital audio signals (on
phono or BNC connectors), and also digital
audio word clocks. Again, 75Q interfaces are
used with 75Q coaxial cable. Don't be
tempted to use any old bit of screened wire,
because the unmatched characteristic
impedance will result in reflections and signal
attenuation which will either prevent the data
transfer completely, or mess it up sufficiently
to make the interface extremely unreliable.

Most S/PDIF connections are on a
one-to-one basis, so both the source and
destination devices present 75Q impedances,
and expect passage over a 75 cable.
However, word clock signals are frequently
distributed to multiple destinations, so many
manufacturers have adopted the same kind of
approach with their clock inputs as video

rules apply here as for
video. Only the last piece
of equipment in the chain
should provide the 75Q
termination — any other
arrangement will result in
reflections and signal
loss. Beware that a lot of
digital equipment has
only fixed 75Q impedance on word clock
inputs, and in this case it is not possible to
daisy-chain a word clock feed. A distribution
amplifier will be required instead to provide
one-to-one clock feeds, maintaining the
impedance matching.

AES-EBU digital audio is also interfaced
with an impedance-matched system, this time
designed for 110Q impedances. Again, it is
wise to use only cables designed with the
appropriate 110Q characteristic impedance,
although | have found that the balanced
nature of AES-EBU, combined with the fact
that the signal starts off at a very healthy
voltage level, makes it far more tolerant of
impedance mismatches than either S/PDIF,
word clock, or composite video.

The AES-EBU specification states that the
interface is intended as a one-to-one system
and distribution amplifiers should be used if
one output is required to feed several inputs.
Having said that, the original AES-EBU

Characteristic Impedance

It's not only circuit components that have
impedance — cables also have an impedance
value, called ch istic imped. If you
thought that a cable was just a couple of pieces
of wire with a screening braid wrapped around
them, then think again! In fact, every cable
exhibits capacitance between the wires and the
braid, and inductance along the length of the
cable too (although the capacitance typically
dominates the impedance value). Consequently,
a look through any cable catalogue (Canford
Audio’s catalogue is particularly useful in this
regard) will reveal the characteristic impedances
of cables, along with values for their inter-core
capacitance per metre of length.

One difference between cables and
components, however, is that the characteristic
impedance of cables doesn’t increase
appreciably when cables are linked in series
(assuming no impedance mismatch at the
connection), except where extreme cable
lengths are involved. This means that you can
freely use passive digital patchbays in
matched-imped. digital sy to t
between different pieces of equipment.

specifications allowed for one source to feed
directly up to four destinations, and | have
often found this works satisfactorily — mainly
because of the very robust and tolerant nature
of AES-EBU. The potential problem with a
passive distribution arrangement like this,
though, is that if one receiving device is
disconnected, the signal reflections from its
unterminated cable will return to the
distribution point and interact destructively
with the source data, preventing the other
destinations from decoding the signals. E=

Speaker Loading & Valve Amplifiers

66

Whereas most modern solid-state
amplifiers are virtually bombproof in
terms of whether their outputs see
proper loudspeakers (of any nominal
impedance) or a short or open circuit,
most valve amplifiers are far less
tolerant. In fact, the majority of
vintage valve amps will self-destruct if
driven without the correct speaker
load attached! The reasons are
complex and depend to some extent
on the design of the output circuit, but
can be boiled down to what are called
‘reflected’ impedances.

Most, if not all, practical valve
amplifiers employ an output
transformer. The use of the
transformer is principally to translate
the effective load impedance between
that required by the valves, and that of
a practical loudspeaker — a typical
valve output circuit requires a load of
between 5k{) and 10k, whereas
a practical loudspeaker presents
a inal imped. of bety 40

and 15(). The transformer does this by
‘reflecting’ the loudspeaker's
impedance through the transformer
(as a function of the square of its
turns ratio) to create a different (in
this application, higher) load
impedance for the valve output stage.
Thus a 15 speaker will appear to the
output valves as a 9k( load, say. It is
important to note that it is the
physical loudspeaker's impedance
that defines the operating load for the
output stage, and that valve amplifiers
are very fussy about their load
impedance. If a loudspeaker with

a different speaker is connected, the
output valves will see a different load
and their performance and operating

characteristics will change as a result.

Consequently, to make the system
more flexible in accommodating
different loudspeakers, many valve
amplifiers have different output
terminals (or some way of selecting
nominal output impedances) for

SOUND ON SOUND » january 2003

different loudspeaker loads. This is
achieved by using different tappings
on the output transformer so that an
8() speak ted to the t
terminals will produce the same
reflected impedance to the output
stage as a 150 speaker connected to
its appropriate terminals.

So what happens if the
loudspeaker is disconnected? Well,
instead of the 15() load being
reflected into a 9k( load for the
valves, we now have an infinite load,
which will be reflected as an infinite
load to the valves. For a given current,
an infinite load requires an infinite
voltage. Imagine a brief positive
transient audio signal (a drum strike,
perhaps) driving the output valves to
the unloaded output transformer.
When that transient stops, the
magnetic field developed in the
transformer collapses and generates a
reverse polarity signal called the ‘back
EMF’. With an infinite load impedance,

the back EMF will tend towards an
infinite reversed voltage spike and this
is applied directly to the valve anode
plate. Depending on the valve in use,
this huge back EMF is likely to far
exceed its rated values and so may
cause the valve to break down,
damaging or destroying the grids or
anode plate, and resulting in one very
poorly amplifier.

However, this huge back EMF can
only be generated if the amplifier is
being driven in the first place. If there
is no input signal to the amplifier,
there will be no output signal, and so
no back EMF. Under these rather
exceptional circumstances there is
unlikely to be any damage. The most
sensible thing to do, however, is to
always check that a suitable
loudspeaker is connected to a valve
amplifier (with the correct output
terminals or transformer taps
selected), before you connect or tum
up the input.



STUDIO

-RAY CHARLES ;

When recording legend Ray Charles and Grammy-nominated

engineer Terry Howard (Stevie Wonder, Fleetwood Mac, Barbara Streisand)

decided to upgrade Ray s recording studio, they chose SONAR as their Special trade-up prices now available
central production technology. Ray and Terry could have had any software from Logic, Cubase and Reason.

they wanted. And they both agreed that SONAR could do it all. Phone or check the website for details.

Whether restoring Ray s classic recordings, or working on his new album,
SONAR delivers the performance they demand. SONAR is the only
software available that combines digital audio and MIDI recording, audio
looping, DXi software synths, and automatable DirectX audio effects into a
seamless music production system. Designed by Cakewalk, the leaders in
Windows audio technology for over ten years.

PHOTO: DENNIS
SHIRLEY '2002

the multitrack music
software for pc

See what SONAR 2 can do at

Sound Control, Birmingham Saturday 16th November
Digital Village, Bristo! Thursday 21st November
Digital Village, Chadwell Heath Wednesday 27th November
Dawsons Music, Chester Saturday 30th November
Turnkey, London Wednesday 4th December
Digital Village, Cambridge Saturday 7th December
Millennium Music, Finchley Tuesday 10th December
Sound Control, Birmingham Saturday 14th December

"SONAR 2 .0 rules in my studio” "Cakewalk have achieved qurte a feat
Sound on Sound by including so much more"
9/10, Computer Music

SONAR

em—— a
SONAR is available from your local music or computer retailer. cakewa’k
Find out more at www.etcetera.co.uk or call 0870 873 8731 for a full brochure or demo CD S~

Cakewalk software is also available for e Beginners e Dance Musicians e Music Students ¢ Guitarists ¢ MP3 Fans




As the UK’s number one pro-audio retailer, our North London... 020 8440 3440
understanding of studio equipment is legendary 141 High St, Barnet
DV supply more microphones, mixing consoles Herts,ENS SUZ

DAWS, studio monitors and outboard than anyone

else in the UK. Digital Village has also become the  gaueh London... 020 8407 8444

UK's fastest growing computer music supplier 562 Brighton Rd,

by offering unbiased advice on both Mac and PC Sth Croydon, CR2 BAW
solutions

For high specification PC systems at competitive ~ West London... 020 8932 5592
prices, solutions from Apple’s largest pro-audio 14 The Broadway
retailer and the best UK deals on all studio Gunnersbury Lane,
equipment, please contact your nearest Digital London W3 8HR
Viilage store or visit us online
East London... 020 8510 1500
10 High Rd
Chadwell Heath,
Essex, RM6& 6PR

- gy = on
'E'IOeg EDSQ Cambridge... 01223 316 091

See DV website for details 86 Nt‘)'” %%f;rxgmdge.
- . - amps
on this incredible deal from e o 0 O
Mackie. Bristol... 0117 946 7700

0000000 nd-ﬁ ﬁ & 21 The Mall, Clifton Village
o+ -

Bristol, BS8 4JG

Mackie SDR24 Hard Disk Recorder. Birmingham... 0121 687 4777

The Mackie SDR24/96 benefits from true, non-linear recording and editing capabilities. With Unit 2, Dakota Building

24 tracks, 192 virtual tracks, a built-in 20Gt internal hard drive, 24 channels of analogue i/0 James St, Birmigham

24 channels of ADAT optical |/3 and non-destructive ediring, the Mackie SDR 24/86 offers B3 18D

professional features and seamiess recording at an unbelievable price

Southampton... 023 8023 3444
Units 2/3. Kingsgate,
St Marys St
Southampton, S014 1NR

WANVW.
llg m age Educational... 01708 771 900
Sales Chesham House,
.CO.UK

Chesham Close
Romford, Essex, RM7 7PJ

For the best deals, updated daily, please visit...

...0F contact your nearest store.

Introducing the Power Mac G4

The new Power Mac G4 dual processor range of desktop machines is the most powerful Apple audio
solution ever. The faster internal architecture and dual processor design supports more audio
tracks, effects and virtua! instruments than ever before. A dual graphics card 1s now included as
standard in all machines, so you can view virtual instruments, editing and mixing applications over
two separate screens. An internal audio input is now included as standard (DV are experts in recom-
mending multi-channel {/0 selutions, via FireWire and USB, for more specific audio applications)

Digital Village :s Apple's largest pro-audio salutions retailer in the UK and with DV you can be sure
that you are getting the best possible service and support from the Apple Solution Experts

#_ Apple

real stores, real people, real prices in real time.




Whether you purchase a DVPC in store,
online or by telephone mail order,
our aim is to offer you the best service,
support and value.

System Specifications:
¢ Intel Pentium IV 2.4GHz
512Kb cache
¢ Intel 845e Chipset
Mainboard
* 512Mb DDR Ram
¢ 80Gb ATA100
7200 rpm H/D *
* Dual Head AT! Graphics
* 40/12/48 CDRW
* 1.4Mb Floppy Drive
* Wireless Keyboard
& Mouse
* Windows XP
e 4 x FireWire Port
e 3 x USB Port
{1 FireWire & 2 USB on
front panel - Tower only)
* 56k v90 Modem
e MIP4A01 MIDI Intertface

DVPC Systems

Example Packages

Limited Offer...M-Audio Audiophile
M-Audio Audiophile, Reason 2
M-Audio Deltad410, Cubase SL
Limited Dffer...Echo Gina 24, Sonar 2 XL
Cubase SX, M-Audio Delta1010LT

Edirol DA2496, Cubase SL, NI Kontakt
Echo Mia 24, Joemeek MQ1, Cubase SX
{As reviewed in S@S octtber 2002 issue.)

E£1045 42
£4274 59
(ELERCE
£1393 98
E1595 99
£1783.95:
£1549 99

P401 Mi

£1253:99
[€1278 38
[£1ass 88
£1853.85
£1644 85

Freedom to Move

Barebone Systems

Upgrades

Joemeek MQ1

2nd 512Mb DDR Ram

2nd 80Gb Hard Disk

Black removable HD caddy

17" SVGA Black/Silver Monitor XL
19" SVGA Black/Silver Monitor

TOWER:£829.99
RACK:£949.99 p= Neovo LCO Black Monitor

I’ Pioneer DVD-R/RW and CD-R/R
Samsung DVD Rom/CO-R/RW Combo 3

GeForced 128Mb DDR Dual Head Graphics | S

Limited offer FXPansion DROOS8

JOEMEEK MQ1

The Joemeek MQT has

Microso't

Windows

*Digital Villege have managed to create a PC with very good
performance, low acoustic noise and a very competitive price,
while still offering some unique features into the bargain...

...l wasg impressed by Digital Village's straightforward
but flexible approach, the fast yet quiet performance but
particularly by their competitive prices. Clever stuff!™

Martin Walker,
Sound on Sound,
October 2002

Errors and omissions excepted Prices and specifications subject to change without notice.

the same features as
the Joemeek MQ@3 but
in a handy package
that slots right into

a drive bay in your
computer.

Available from DV
for £69.99 or as an
upgrade to your DVPC
for £39.99
white stnclks st




Novation Supernova 2 Rack/Keyboard {0S2)

———— —

DV Exclusive!
End of line deal,
see DV website.

Novation KS4 and KS5

Awesame synths featuring
Novation’s 'Liquid Analogue’
synthesis, 16 voice polyphony
and 4 individual audio outputs.

-

Spectrasonic
Atmosphere

tmosphere integrates a massive,
three gigabyte core library of
more than one thousand unique
sounds and layer elements, with a
powerful and intuitive interface for
shaping new textures

5 Octave, 8 part multi-

timbrality, 24 voice

polyphony {expandable)

and 8 individual outputs

Native Instruments

Yamaha Motif Native Instruments

With the largest wave
ROM in its class, up

to 190 note polyphor

and the ability to deliver

a devastating wall of
sound, MOTIF has already

Dynamo on demo at DV.

= gl

T

become the standalene workstation ot choice for many professionals

Alesis
Andromeda A6
The ultimate poly-
phonic true analogue
synth, on demgo at
Digital Viltage

Native Instruments

PRO53

The third generation of tae virtual
analogue classic ts now available

Korg

The insanely small
virtual-analogue
synth/vocoder
with the engine of
the MS2000. New
sounds at a price
that will astound
you

Also available

MS2000, MS2000R, Triton Seres, Electribe Series, Karma and SP

Keyboard range from Korg

If you wish to compare the latest
hardware synths and virtual
instruments, then DV can help. We
are open 6 days a week and stock
over £3m of pro-audio and music
technology products. So, whether
you require dedicated hardware or
computer based solutions, please
visit your nearest Digital Village for
the best UK deals.

For the best deals updated daily.
please wisit..

dijgitalllage

..or contact your nesrest store.

the quintessential
hardware synth?
Buy one from DV.
Latest OS available
from DV website

" Sounds spectaculsr,

Korg Triton Rack
Fully loaded Triton Studio on demo in all stores

try the boards
TRITON - Ras

E-MU Proteus 200

Seze DV website for entire E~MU range
.- vRm ©°
29999 =" oo

IK Multimedia
Sampletank XL
Professional plug-in sound module
with high-quahty multi-sampled
presets

~ Steinberg Virtual
Guitarist Electric

Edition.
Rhythm guitarist VST with FX

real stores, real people, real prices in real time.

Abs‘/"th “It's deep and wide

with lush colour
and texture, and
features a huge
range of interesting
timbres. it's
paradise for sound
designers.”
Computer Music

"I e 10/01

Emagic ES2

Emagic EVP88
Accurate replications of
vintage Fender Rhodes
Wurlitzer and Hohner

electric planos

Emagic EVD6
Vintage software clavinet
- the funkiest instrument
alive!

Emagic EVB3
Captures the nuances and
signature sound of the
legendary Harmmond B3

N Edirol
FieEr®

HyperCanvas
With 9 drum kits and 256
preset patches




Akai MPC4000

Desktop 24-bit/96kHz sampler/sequencer
designed for professional audio production. The
MPC4000 offers the advantages of dedicated
hardware, features a large LCD plus the computer §
interface power of ak Sys PC/Mac

control and networking software

E-MU E5000 Ultra

The ult:imate hardware sampler deal! The ES000
features balanced outputs, Z-Plane filters and
advanced madulation of synthesis parameters

See DV website for
details on this incredible
deal from E-MU.

Digital Village is committed to offering

unbiased advice and technical expertise

on all dedicated harware and saoftware
sampling software solutions.

For the best deals,
updated daily, please visit...

digrtalvillage

...or contact your
nearest store

NorthLondon.... ..02084403440
South London............... ....020 8407 8444
EastLondon.......... SNSRI o, . 02085101500
West London.. ....020 8992 5592
Birmingham..................... 0121 687 4777

Southampton.................. 023 8023 3444
Cambridge........c.ccceeeunnnenee 01223 316091
BRSO v so s B s amirs st 0117 946 7700
Education........ccoeeeviiiiennns 01708 771900

FXpansion
DR-008

Native
Instruments
Battery.

Breatnes life into your

drum s3

Digital Village has become  Thia - X Y cutung edge music produczion tool”

the UK's fastest growing :

computer music supplier by o= = S(O)NAR
offering unbiased advice on X § =

both Mac and PC solutions =

M-Audio
Propellerhead Reason 2

Cakewalk Sonar 2
Designed specifically to work with
Windows based systems - a
complete software music
environment

Music 0
’ Artura, Bitheadz, Bias, Cakewalk, Digidesign Emagic,
A_ble';on Waves, Propellerhead, MOTU, Orion, Sonic Foundry, Stenberg
Live and TC Waorks

\/Vher'ry S0s August 02

‘.k -

Emagic Loglc 5 Big Box

Ableton BgB jual pl n and
a, Making contains a new version of
Syntrilism  bundled with full versions of EVP73
' ES1, EXSP24 and a decent sample
CD

edible co olle == aa
8 l..l:.. :. gdirol PCH U A 0 * Jo 0 [ 1) 16
£199.99 2 r—
o B orsite fon et > NOOOOOON §
S , NOOOOOOO -

Errors and omissions excepted. Prices and specifications subject to change without notice




firewire solutions P
affordable, FireWire

Digidesign DIGIO02 based digital audio hard disk

recording system for Mac 0S and Windows

MOTU 896

The 886 is a 96kHz FireWire audio interface with 8 built-in mic

preamps and zero latency monitoring. Ideal for location recording without
a mixer, or any situation where portability s required

34 BIT ANALOG INFUT

with insert points and 8 channels of PreSonus
ADAT optical |/0. The Firesta

prEAmp 2 o 8 34
recording sources while overdubbing

The Digidesign FireWire-based Pro Tools 2

Mini Studio with integrated Control Metric Halo
Surtace is shipping with a cross-platform Mobile 1/0
RTAS / AudioSuite plug-in bundle, The Mobile |/0 288

complementing the standard DigiRack ortable \
plug-in suite, and featuring products rg-W) . ult J - .. ’ OOOOOO
from Digidesign, IK Multimedia, Native b 170 T proges ; , 000000 J'

Instruments, and Waves. imedia S P~

[ e -Audio Audiophile USB dirol UA-20
USB SO'UhOnS I\IXEAU:.:IO LngB' udiophile US E ||~of :

-€DIROL

AvDroC apture
sample rate ~
to deliver the
lowest USB
latency

Digidesign Mbox 2 Edirol UA-5

vou with a higt quality, s

ot

and ¢

¢ 24-bit stereo
s S/PDIF digital 170
¢ USB-powered ape

EMAGIC EMI2/6

Emagic's Active MIDI Transmission Technolagy
[AMT] provides exact MIDI timing

IXRERRNY]

control

For the best deals, updated daily, Apogee Mi n"'Me
please visit.. \

digjitalvllage =

..0r contact your n2arest store.

standard

real stores, real people, real prices in real time.




i B M-Audio Midisport
M'D| SOIUTlOnS @ Avalable in 2x2, 214, t‘l’x4 and 8x8 formats, For the best deals,

thus allowing stable MIDI 1/0 for large and small
MIDI h
Emaglc MT4 IDI setups with the added bonus of easy US8B

VWV,
didjitalnllage
interface A

o .CO.UK

Ul 18 MR if
v

updated daily, please visit...

...0r contact your
nearest store

NorthLondon.......... »0 55 AR 02084403440

South London.. ....020 8407 8444

EastLlondon.............ocveeee .0208510 1500

West London............coeeenen 020 8992 5592

Birmingham.... ....0121 687 4777

Southampton 023 8023 3444

Cambridge..........: Feaeos s Y 01223 316091

i, : Bristol...... ..-0117 946 7700
prrim e DS P (W $is unitorl"‘ Education......... o 01708 771900

M-Audio Delta Series

The M-Audio Delta seres of PClI based audio solutions

are Installec iIn more musicians’ computers than
M-Audio Audiophile any other, and with good reasnns. Extensive driver
The Audiophile PCI features | support across all platforms and 0S, low latency ana
2 in/2 out at 24bit/96kHz the ability to combine multiple cards, coupled with
and MIDI 1/0 with extremely pristine aud o qualty, up to 24bit/96kHz. The Delta

atency and series come 1n a number of ditferent flavours making
sid drive tThem ideal fo nost any apphcation

All at an incredibly They include

low price

Digidesign MX001

.......

See www.digitalviliage.co.uk for details of the next generation cf
Motu 2408, the new 241,70 and the new HD182

ST Audio DSP2000 T tec DMXG6Fi
24- bm/USS:'?{z multi-channe! gl -y re We have over 100 sales and support staff

FRHBRCING (P8 Skagp-CENV ST across the UK dedicated to giving unbiased
outstanding performance at an

affordable price ‘ i " advice, technical support and the best UX deals.

Whether you purchase in store, online or by
telephone mail order, our aim is to offer you the
best service, support and value.

‘
vf % B Focusrite OctoPre
I/O expO nders r h OctoPre provides eight pristine discrete channels of Focusrite class A mic-pre and compressian

N e hvr‘

Ml-dgalilgaigneorrggin!c{s?any multi-channel “’@ ’ @ G ‘ “ @ “

soundcard providing a host of input/output Focusrlte

options, +48v phantom power, M-Audio’s &
pristine mic pre amps and 2 headphone e . ' q 0 9 “

outputs. The unit connects directly to the Delta [Orapuiit
series via a dsub connector or to any other
card via a breaxout cable Computer Solutions available from DV - Aardvark, Apogee, Creamware,

DACS, Digidesign, Digigram, Echo, Edirol, Emagic, Focusrite, Fostex, Line6,

A3y e e
« ’ 5~“~' - Mackie Soundscape, M-Audio, Metric Halo, MOTU, PreSonus, RME, ST Audio,
/- A Q Steinberg Nuendo, Swissonic, Tascam, Terratec and Yamaha.

E~ro~s and omissions excepted. Prices and specifications subject to change without notice nge 5




miX COﬂ'ﬂ’O"ers § Emagic Logic Control Digidesign Control 24

Hardware controller for Emagic Logic users With 16 Focusrite Mic Pre-amps, 24 motorised

Expandabile - the Logic Control series will faders, transport controls, and a master

grow with your studio section, Control 24 gives you the look and feel
Mackie Control of a conventional mixing desk with the recording

Mackie Control has eight channel e 3 features of a Pro Tools workstation

strips, each of which'includes a Ty S ;

100mm touch-sénsitive motorised

fader, mifte, solo, andgecord

arming buttons, Signa\l tED,

a Channel Select button, and

a V-Pot® that can be used to

control panning, 'send levels, EQ, . . N .

dynaniks, and other DSP plug-in Mackie Baby Omnirax Studio Furniture
HUI A range of very high

madules. Oqe of the kgy features An 8 fader MIDI quality furniture

of'the Mackie Control is the controller that designed

extensive DAW software support provides in-depth specifically for

3 . 3 mixing, automation pro-studio
that exists - see DV website. and control for many applications

DAWSs

dl ”OI mixers Soundcraft 328XD

g 16 mic/hne and S stereo inputs, 16 digital inputs (or tape
returns) in ADAT™ QOptical and TOIF™ formats. Up to 42
inputs at Mixdown, plus B groups, and 16 direct outputs

Mackie D8b MIDI Controller mode to remote control your sequencers &
synths
Yamaha 01V Tascam DM24
- E Features excellent audio
““““““ Ii”['“;' I_'” quality, highly flexible
. ey o sleletel il - M routing, extremely powerful
___________ glalaletets = et ® & - Y built-in automation, built-in
TR RIS R X A r T 1w, 4 3 1000200000 professional-quality effects
shutudad ol ndnd sl ol sl ifadis sdai nin dynamics processing and

parametric EQ

. Behringer DDX3216
* The DDX3216 represents an affordable, fully
N7 ety automated 32- ! digital console

Y with 8B aux sends and unusually flexible routing

options

Mackie DBBONANZA H 0 A EEne: ”!5'

For alimited time we can offer all of : ‘ ! -‘. ;;;;55§§§§!!!§!11

the options below FREE withevery @z EEBFEFFEREEERNEER -1 .1 A S RS 2

s e W LAY

3 x Mackie OPT.8 Cards

2 x UFX Cards et - g = o

1 x Acuma Delay Factor

1 x Acuma Time Pak

1 x Acuma Final Mix

1 x Acuma DSR-1 -

1 x Acuma Sat Fat ‘One of the most popular digital consoles ' 18

1 x Acuma RTA-31 has just had one hell of a makeover! The ”[Hl[”””l“”””” s

2 x TC Electronics Level 1 all-new O2R96 shares little bar the size

2 x Mackie Mono Delay of its footprint with the original version,

1 x Mackie Coffee Mug but brings considerably more facilities,

1 x Bag of High Grade Coffee a vastly improved control surface, far

Total retail value: £3339.99 better sound quality, and full 96kHz end
surround sound compatibility. if you don't .
lust after one by now, you're reading the P s e 8 n )
wrong magazine!" Hugh Robjohns, SOS : ®m

S -

l illlili.l

) (X K] & X P ey - X3
For the best ceals, updated dally, fetoker 20C2 0-0:::::::::::¢::::::::- 3 ==.
please visit - - .. n
FEBEEREEEEEN T AN R R TRRAEN aflls

.Or contact your nearest store.

real stores, real people, real prices in real time.




i * : ¢ Behringer
mixers :
S e i MXEOEA
A O * B channel inputs
Behringer MX1604A * 2 Mono channels
* 12 channel inputs * 2 Stereo channels

¢ 4 Mono chanrels ¢ 3 Band EQ
+ 4 Stereo channels * 1 Aux send
¢ 3 Band EQ

* 2 Aux sends

Behringer MIX802A

¢ B channe! inputs
« 4 Mono channels
* 2 Stereo channels
* 3 Band EQ
A
N .“_ ¢ 2 Aux sends

. {.:"l:&\l'
» .

f :
p.‘

v

£
-
-

£59.99
Behringer MX2004A Soundcraft E-Series

* 16 channel irputs * 4 Band EQ (stereo) 6. 8 and 12 mono input channel frame sizes, each
* 8 Mono channels ¢ 2 Aux sends with two inputs
* 4 Stereo channels

For the best deals,
updated daily, please visit...

digrtalvillage

...0F contact your
nearest store

NorthLondon..................:0208440 3440
South London....guiee...... & 020 8407 8444
EastLondon...... . ... 0208510 1500
WestLondon............cc..euee 020 8992 5592
Birmingham............c........ 0121 687 4777
Southampton.... ....c........ 023 8023 3444
Cambridge...........ccoeveneenenes 01223 316091
Bristol....... ...0117 946 7700
Education...........cocemeennnniin 01708 771900

Soundcraft
Notepad

¢ 10 inputs In Total
¢ 4 Mic Preamps

e 2 Stereo Inputs
e Turntable Input

* +48v Phantom

Mackie 1202VLZ

Pro

All Mackie
compact
mixers
avallable

Industry
standard
analogue
8-bus
console

£189.99

hard disk recorders Yamaha AW16G

Boasting many features of Yamaha's flagship
AW4416 Professional Audio Workstation
including 2 pro quality multi-effects processors,
the AW1BG offers musicians of all backgrounds
a complete music production solution—all the
way to CD. It also provides unprecedented
functions in it's price range, such as the amazing
ability to record up to B tracks simultaneously,

a built-in loop sampler, 4-band parametric EQ
and dynamics on all channels, 36 channel mixing
capabilities and a Sound Clip function that lets you
quickly capture musical ideas while practising

Mackie SDR24

“ Mackie’'s new entry-levei hard

disk multi-track gives you all
the convenience of hardware,
S <3 = %

but slso allcws you to transfer £ .oeg EDSQ
tracks to ycur computer via
USB for more detailed editing
and mixing” Paul White, Sound

Mackie.
on Sound, December 2002

See DV website for details
on this incredible deal from

Alesis HD24 Fostex VF80

¢ 24 analogue and digital 1/0 as standard 8-track Hard Disk

¢ 2 Media Bays Recorder (shown
with optional
CDRW]

Errors and omissions excepted. Prices and specifications subject to change without notice

Whether you purchase in store,

online or by telephone mail order,

our aim is to offer you the best
service, support and value.

HHB CDRE830 BurnIT

CDRB830 Plus also available.

If you need unbiased advice
on dedicated studio hardware,
Mac or PC solutions, Digital
Village is the UK’s number one
pro-audio choice.

Page 7| 8




Joemeek Micromeek MQ1

The M(31 has the same features as the MQ3 {see below) but in a handy
package that slots right into a drive bay on your computer It's inputs a
outputs occupy an empty slot on the rear and the unit derives its power
from

the computer PSU

An invaluable

R AVALON
2 ®
Y L] \'

1 . Joemeek MQG3
Focusrite Platinum Trakmaster Wh Stisctso
o .00“ Ry, Qo0 9 1 : e this, the M

b n g rack size package

Focusrite Voicemaster Pro entSense’ mic pre amplifier

- M
3 band EG

L )<l

Docut s s e oee

7}
:

”":.z- £1'h

s Hoov000

<

J

Expander/Gate
2 channels of high quality va
M-Audio TAMPA

MPA ever ] Rt Mackie Universal Audio Waves Renaissance
Lo UAD-1 Complete

2% e oY

& PC
-

Drawmer TS1 Tubestation

: , . Emagic EVOC20 IK Multimedia
wit able tube drive A classi . : Amplitube

| onic e Separate
Joemeek MQa3 Trakpak iotedse ) Separate Pre, EQ

Amp, Cabinet and
Mic modelling
¢ 1,260 different amp §

es MQ . with

and formant filter bank

£199.99 \ “@ TC Works Powercore Plus
The open DSP platform for Mac and

PC now includes the new Waldor
For the best deals, updated daily, please visit.. J-Coder, and

Mv ster X3 i {l“‘ .
1 rtual
di\@m I\’Ilclogge f‘lﬂmuet 0 :-x.x;':_,:-; r

..0r contact your nearest store.

real stores, real people, real prices in real time.




v

We have over 100 sales and support For the best deals,

staff acrcss the UK dedicated to

giving unbiased advice, technical upddtedidaily, pleasEqnsitm
support and the best UK deals.

WA,
e — digitalvllage
m.z.v D g asssalies

=" . —— : ...0F contact your
¢ ®§ 94

-

nearest store

NorthLondon.................... 02084403440

T A“d'o lvory 5021 South Landon.................: 020 8407 8444
DIt ks i -w ‘e . EastLondon..... ...02085101500
. ee ,.0, Ve @8 00, = -3 : ' West London......... ——y 020 8992 5592

Samson S-Com Birmingham........c............ 0121 687 4777
Southampton..g ..... B S 3e 0238023 3444

Cambridge.......... . \ 9 0122:1?16091

. Bristol 0117 946 7700

FMR Audio POTTITE Lo , Education... . is......ieness.01708 771900

RNC1773 | 5 e
20008

Behringer Composer Pro
Whether you're recording, mixing or M

ey C-C P NNVIFPCOIS ER
total dynamic control. The switchable

AUTO mode, side chain filter

function, IGC peak limiter and IRC ML e S = - e
expander/gate give you indispensable = =r =
tools for ultimate protection and
clean, consistent audio with

virtually no loss in signal

quality

C !!l : If you need unbiased advice on TC Electronic M3000
dedicated studio hardware solutions, i

Digital Village is the UX's number one PRSI
TC Electronic M300 pro-audio choice. —

l,,_, ’ " Q Q , @ 0 00 QE ' Evenfld't; %cllpse

TC Electronic M1 FX

DelaNe

TC Electronic
System 6000
On demo at

DV West London

At DV we are pleased to be able
to supply the entire range of Van
Damme cables. With so much
potential loss of quality in hardware
interconnection, we recommend
the use of quality cable whenever
possible. The Van Damme range is
used throughout the recording and
broadcast industries and is now
available in all our stores and via our
website. Van Damme cables use high
B quality extruded pure oxygen free
copper, and are manually terminated
with either Neutrik or Van Damme
connectors. This fully professional
range 1s available at a surpnisingly
modest price

PURE CABLE

Line6 outboard available for
demo at your nearest Digital
Village store.

TECHNOLOGY

Errors and omissions excepted. Prices and specifications subject to change without notice. che 9 ]O




Rode Series
For the best UK
prices on the
entire RODE
range of studio
condenser mics §
please visit the
DV website or

contact your
nearest store.

AKG C1000s, Solid Tube, C3000b, C414,

D550, D880 mk2, D69s

Great d=als on
C1000s twinPack
C2000b. C4000b
C430, WMSBOHT
WMSBOPT,
WMS40MT,
WMS40PT
SR40+MP40
SRA0+S040

& SR40+GB40
microphones &
K66, K55 & K240
headphane

| Neumann M147

Neumann U87
Audio Technica AT4033

Comes complete
with tugh quality
shockmount and free
boomstand and mic
cable

Audio Technica AT3035

Large diaphragm for exceptional
detail and low noise. Extended low
frequency response and high max
spl for maximum flexibility

“
Behringer B1 & B2
Oktava MK-219,

MK-319 &
MK-012

Neumann
M149

shown
with the sugElEd
shockmountil

TLM103
Large
diaphragm
condenser
microphone

Audio Technica
AT4040

Smooth natural sonic
characteristics for
professional recording
and critical broadcast
and live projects

Includes AT8449 [N
shockmount ‘

AT-M31a, AT-M33a,
AT-M10a, AT-R25,
AT-4035sv, PRO2S,
ATHMA40 & ATH910pro.

Shure SM57 & SM58

iy 8

Joemeek MQ3
Trakpak £199.99

e

M-Audio Groove Tubes

Please visit the DV website for the best deals
on microphones

digitalvllage

..0r contact your nearest store.

real stores, real people, real prices in real time




Dynaudio BM5
Also available BMB, BM15, BMB Active & BM15
Active.

monitors

Tanno

Reveal Active
& Passive
Monitors
Distinctive monitorg
delivering sonic
excellence at a
budget price
Available as both
active and

passive madels

Samson Servo 170 r——

Servo260 &
Servo550

Genelec 1029A
Also Available; 1030A
1031A, 1032A active
momtors. Additional
subwoofers available
Genelec surround
system on demo at DV
Bristaol

| @

Alesis
Monitor1 MK2
Also Avallable
Monitor1 Mk2 Active

M-Audio SP5B

Perfect for difficult momitoring
apphcations. These diminutive
speakers st pack a punch with
75 watts rms output and a
frequency response of
48Hz-22kHz

Behringer Truth
Ultra~hinear, fully shellded, 2-way active
monitors

Soundcraft Spirit
Absolute 2

Great sounding studio
monitors at an incredibly
low price

M-Audio Studiophile
BX8

The BX8s offer 8-inch low-
frequency drivers, 1-inch
high-frequency drivers, and
130 watts of bi-amped
near-field technology at a
fraction of the cost of othe
monitors of this quality

Yamaha MSPS5A

Bi-amped active monitoring solution
from the makers

of the legendary

NS10M studio

monitors.

W
-

If you wish to audition a range of microphones, reference your latest mix
through a selection of studio monitors or compare the latest hardware
synths and virtual instruments, then DV can help. We are open 6 days a
week and stock over £3million of pro-audio and music technoalogy products,
so whether you requre dedicated hardware or computer based solutions.
please visit your nearest Digital Village for the best UK deals.

Beyer DT770

Beyer DT100 Headphones
The industry standard monitor headphone, with Yy
replaceable parts and unbeatable background noise
rejection Suttable for studic monitaring and live work
DT100 ear pads & cables also available

DT250 DT150
Closed dynamic Designed for audio
headphones offering monitoring
excellent ambient noise appacations where
1solation and a hinear A size, comfort
response designed for and performance
reference monitoring are primary
reguiremen

¢ Single-sided cable
¢ Soft head-pad
* Gold platea jack-plug

DT231
Lightweight, closed
headphone with
excellent bass
response and briliant
sound, feasturing a
single sided cable &

Errors and omissions excepted. Prices and specifications subject to change without notice

For the best deals,
updated daily; please visit...

digitalvillage

-0 contact your
nearest store

NorthLondon....... o e n gl .....02084403440
South London................. ..020 8407 8444
EastlLondon ....020 85101500
West London.................... 020 8992 5592
Birmingham.................... 0121 687 4777
Southampton... ..023 8023 3444
Cambridge......cc..c..ovvnveennns 01223 316091
Bristol......... . .......5.. ) 0117 946 7700
Education............... .. " 01708 771900

Mackie HR Series

The Mackie HR Series are the most
accurate monitor speakers money can buy.
Each of the range has ruler flat response
curves and, in combination, allow totally
accurate monitoring from 21Hz-20kHz +
1.5db.

The three models in the range allow

you to put together a no compromise
audio monitoring system in almost

any environment, and all are THX pm3

approved.
HR624

¢ Closed studiwo headphone, equalised to
meet diffuse field EQ requirements

¢ innovative bass-reflex-system

* Robust spring steel headband

Headphones from
AKG, Audio-Technica,
Fostex, Sennheiser
and Sony also
available at DV.

digitalvillage
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Roland XV-2020

With the same acclaimed XV Sound Engine that powers the XV-5050,
the half-rack XV-2020 is aimed squarely at the computer-based
musician on a budget who still has a need for top-quality sound. Sporting
USB, the XV-2020 also accepts up to 2 SRX expansion boards (see
www.digitalvillage.co.uk for fantastic new prices on SRX boards), giving
access to an ever-growing library

from some of the best

instruments in the world

Bundled with computer

software to control and

edit the power held

within, the XV-2020

doesn't add to CPU

overload and costs

little more than

a few quality plug-ins

Roland XP-30

Roland XV-5050

The new XV-5050 may be small in size, but it's big on sound. Look inside
and you'll find the same powerful synth architecture used in the acclaimed
XV-5080 complete with four stereo tones per patch and expressive
Matrix Control

)

&
For the best deals, updated daily, please visit...

digitalvliage

...0r contact your nearest store.

real stores, real people, real prices in real time.

Roland VS-2480CD Digital

Audio Workstation
The VS-2480CD 24-track Digital Studio
Workstation is the first self-contained
recording workstation to offer 24-
track/24-bit digital recording with
64-channel digital mixing, onboard
effects processing and onboard CD
burning. This revolutionary workstation SNy
also boasts 17 motorised faders, plus L)
VGA Monitor output for software-style =
control using @ mouse and optional
ASCIl keyboard. Rock-solid hardware
with the flexibility of software—that's
the new V5-2480CD
® 24 -track / 24 - bit / 96 kHz
* 64 channel, fully automated digital

mixer

ffrrnining
RAdhnpnsep o
- ey

|

e -
-+

DE TV SR ST

Boss BR-1180CD Roland HPD-15

The most expressive and mind-blowing sounds are available when you
combine the Roland SRX-Series Wave Expansion Boards with a Roland XV-
Series Module such as the awesome XV-5080

W
Ultimate ' \

1
|
",
h
~4

.h\"'ﬂ rid

North London.......... 020 8440 3440
South Londaon............ 020 8407 8444
East London.............. 020 8510 1500
West London............ 020 8992 5592
Birmingham............... 0121 687 4777
Southampton.. ..023 8023 3444
Cambridge...... ...01223 316091

Bri#tol........cc.oeiinninne 0117 946 7700
Educational Sales....... 01708 771900

- Errors and omissions excepted
Prices and specifications subject to change without notice




semi-modular
synth
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Analogue Solutions

Analogue

\/OStO Pin-matrix Synth

Pin-matrix synths, like EMS’s legendary VCS3 and Synthi

([50UD D) F0UND)

Analogue Solutions Vostok

A(KS), are fairly scarce these days, but Analogue
Solutions’ Vostok revisits the concept in more affordable
form. Is it a vintage-inspired classic, or is it just history?

synthesizers, the mere mention of

a suitcase-based analogue synth featuring
a pin matrix, a signal meter and joystick
might just ring a few bells — and if not,
check out

I f you know something of the history of

e A one , wherein the
history of EMS's Synthi A and AKS is
discussed in some detail. Analogue
Solutions are at pains to point out that their
latest creation, the Vostok, is not intended

to sound like an EMS clone. Nevertheless,
they have cunmingly devised an instrument
that offers many of the features that made
(and still makes, as EMS are still in business
to this day) a Synthi A or VCS3 much sought
after. Although the Vostok is not physically
modular in design, its individual
components are sourced from Analogue
Solutions’ range of modules, and as only one
is internally patched (the signal meter), you
first need to connect the various bits of the
synth together with patch cords or its pin
matrix before you hear anything. >

* An interesting collection of modules in
a convenient package.

* Pin matrix and patch connections for maximum
flexibility.

* Good basic tones and rip-roaring filter.

* General calibration problems found throughout
the review unit.

* Matrix not fully buffered.

* MIDI interface rather basic.

* Digital oscillator of limited value.

* Rather expensive, given the above issues.

A complete synth in a suitcase, featuring a pin
matrix, sequencer, joystick and MIDI. Although
not cheap, here is a machine well suited to
creating weebly noises, manic analogue
sequences or squelchy bass sounds. Currently,
there isn‘t anything that's going to do these
things quite like the Vostok.

january 2003 « SOUND ON SOUND 81
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ANALOGUE SOLUTIONS VOSTOK

Casing the Joint

Images on the Analogue Solutions web site
don't prepare you for the Vostok's diddiness
— it's the Toulouse-Lautrec of synths! The
black plastic case is particularly lightweight,
and is not intended as a replacement for
a true flightcase. The construction left
a little to be desired, too — sharp bare
screws were left exposed on the review
model, sticking through the lift-off front
cover, as you can see above. With the cover
removed, the Vostok measures just
44 x 27 x 13cm — so it would occupy very
little space in a studio or live rig. The case
accomodates the equivalent of two rows of
8SHP (1HP — Horizontal Pitch — equals 0.2
inches or 5.08mm), and is also available
separately, meaning that you could buy one
and stock it with modules of your own
choice from the range of compatible
modulars by other companies, for example
the unrelated Analogue Systems, and
Germany's Doepfer. Power is supplied by
a conventional mains supply, and its large
green illuminated On/Off switch is
positioned on the left-hand side of the case
(see picture towards the end of this article).
With its red-tipped knobs and
red-and-white lettering, the Vostok has
a certain brash charm, although the
Cyrillic-style front-panel legending takes
some getting used to. In operation, it can be
placed on its back for table-top use or, more
typically, it can stand upright on its rubber
feet.

The Once-Over

It's immediately evident that the Vostok
takes the Swiss-army-knife approach to
synthesis, offering a generous array of tools.
A MIDI interface is provided (so you can
drive the voltage-controlled Vostok from a
modern sequencer — see the ‘Vostok & MIDI'
box opposite) along with two VCOs, two
LFOs, two envelope generators and a filter
featuring resonant high- and low-pass
sections. A third oscillator (based on digital
wavetables), plus a step sequencer, ring
modulator, joystick, signal meter, mixer,
multis and noise/sample & hold, all add up
to a comprehensively stocked toolkit. The

82 SOUND ON SOUND * january 2003

pin matrix is supplemented by extensive
3.5mm mini-jacks for ease of connectivity
with other modular systems. Should you
want the Vostok to talk to larger-format
synthesizers, two quarter-inch adaptor jacks
are provided, and the main output is also
offered in quarter-inch format — all the
better to plug into your mixer with.

The Matrix

Probably the most eye-catching and
innovative feature of the Vostok is its

22 x 22 pin matrix: a good enough place for
us to kick off our tour. This tiny grid
(around seven centimetres square) offers
access to most of the Vostok’s signal routing
and, by lining up source and destination,
you can assemble a complete patch without
all that messy cabling. Indeed, as no cords
are supplied, it will probably be to the 15
included matrix pins that you turn first in
order to make some noise.

Each pin has a 10kQ resistance and
mulitiple connections can be made to the
same source or destination without drastic
loss of signal. The pins are small and you
need a good eye to accurately link up the

inputs along the top of the matrix with the
outputs that run vertically. The two types of
signal — control voltages and audio
voltages — are grouped logically together in
the matrix. Audio Signals and CV Outputs
are labelled by named function down the
right-hand side of the matrix and by
numbers down the left side (see below).
Similarly, the upper axis is labelled using
meaningful names, its lower half by the
letters A-V — with no obvious correlation
between names and letters. Naturally, this
being a voltage-controlled synth, you can
patch audio signals into voltage inputs and
vice versa.

According to the manual, all the signal
and contro! outputs are buffered, and many
of the inputs too, although despite this, | did
experience voltage drops when making
some connections, such as plugging the
output of an LFO into the CV input of a VCO.
Analogue Solutions have since confirmed
that not all of the matrix connections are
buffered, so expect a degree of
unpredictability!

Some of the connections not present in
the matrix include the VCO1 sawtooth

Patching connections with the pin matrix. Only those with a steady hand and good eyesight need apply!




output and sync input, plus the VCO2
square-wave output and puise-width CV,
but, on the whole, the matrix encompasses
most of the synth's functionality. In theory,
you could patch into the same modules with
cords and the matrix simultaneously,
although the onus is on you to be well
organised and avoid making conflicting
connections. Experimentation is the key to
understanding most modular synths, and, if
anything, this is even more relevant with the
Vostok.

Oscillators

Two VCOs act as the main sound sources,
and provide simultaneously available
sawtooth and variable square waves.

A dedicated pulse-width knob sweeps the
latter from a narrow pulse through to square
and back. External control of pulse width is
also provided, with amount of modulation
being determined at the CV source rather
than destination. Actually, many Analogue
Solutions modules have output amounts set
in this way; thus the oscillators have
dedicated output levels for each waveform,
and the mixer has no controls at all.

Both oscillators have dedicated Glide
knobs so they can slew at separate rates.
Unfortunately, the review model's oscillators
had a small amount of glide present all the
time, even when the control was set to zero.
Analogue Solutions claim that this will be
dealt with on all Vostoks built from now on,
but early models may suffer from this
‘feature’. I'd have liked a fine-tune knob to
have been included too, since the single
control present, with its available range of
plus-or-minus one octave, made subtle
detuning a little awkward. A sync input jack
is present for both VCOs.

Oscillator 3 seemed, on paper, to be the
most interesting — a digital eight-bit
wavetable oscillator
featuring no less than 256
waves in 64K of memory.
The four-character
‘bubble’-type LED has,
apparently, been selected
for its retro look (see right).
It's fairly readable (though
would possibly look better
behind darkened glass,
Sinclair watch-style) and
displays the note name and
wave number (in
hexadecimal). The initial
wave can be selected via
a knob and these proved to
be full of digital fizz: buzzy
noises, mellow organs, and
clavinet sounds issued
forth, all with a healthy
dose of aliasing artifacts.

The Vostok & MIDI

The Vostok includes a basic MIDI interface which
generates a gate signal and two CV signals based
on incoming MIDI events. As well as a MIDI In
socket there is also a Thru and, usefully, you can
activate the module's trigger output manually
with a dedicated button. Setting up the MIDI
channel is as easy as pushing the MIDI program
button and either playing a note or moving the
mod wheel on your connected controller. Thanks
to the interface’s built-in Learn function, the MIDI
channel on which the incoming data is received is
the one stored, and when you play a note to
initialise the interface, CV2 is set automatically
to output a signal derived from velocity. You can
no doubt guess that moving the mod wheel
instead sets CV2 to produce a signal based on
the MIDI controller sent by the wheel. Either way,
CV1 always represents the MIDI note value.
Other than that, the MIDI interface has just
two additional outputs: Accent and Legato. The
former outputs a voltage of 5V when it receives
a note with a velocity higher than 81 (the synth's
panel says the velocity threshold is 100, and the
manual claims 79), returning to zero only when
a velocity of less than this is received.

A switch selects between bank A (waves
0-127) and bank B (waves 128-255) and
there are also CV inputs to perform wave
and bank selection via external control.

| eagerly patched in this module, thinking
of my happy experiences with the digital
oscillators in my Digisound modular and my
recently acquired Dave Smith Evolver.
However, it was only after some time
struggling to get the Vostok's digital
oscillator to play anything like a melody that
| checked the manual, and noted the
significant statement 'VCO3 works best
when used with the internal analogue
sequencer'. | duly connected the sequencer
and tried stepping through oscillator's pitch
and waveforms automatically with it. Only
then did | start to hear hints of
how cool this oscillator could
have been, had it only been
possible to give it more
accurate tuning. The oscillator
has a range of four octaves,
and does its most interesting
stuff in the lower ranges.
Ultimately, I'd have to sum it
up as a curio suitable for weird
noises, or for its aliasing and
stepped waveforms, rather
than a vital inclusion as
a musical sound source.

LFOs & Envelopes

Two LFOs offer a selection of
sawtooth or inverted sawtooth
plus square or triangle
waveforms. An ingenious
selection method, and one seen

| got useful results using the signal generated
by the Accent jack as a clock source for the
sequencer. With it, gentle playing does not
advance the sequencer steps, but forceful playing
does — so you can choose when to introduce
a variation in tone intuitively as you play. The
Legato socket outputs a 5V signal when any
notes overlap and returns to zero when none are
overlapping.

Neither of the oscillators in the review model
tracked my connected MIDI keyboard very well,
leading to noticeable pitch variances over just
a couple of octaves and restricting the range over
which the synth was playable. At first | thought
that the oscillators themselves were not scaled
correctly, but they proved quite accurate when
| removed the Vostok's MIDI interface from the
equation and played them via my Roland SH101's
CV outputs. Fortunately, scaling trimpots are
available on the MIDI interface’s front panel for
some degree of fine adjustment.

And that's about it for the MIDI interface. It
doesn’t respond to anything else (say pitch-bend
or aftertouch) and the manual is quite clear that
it is aimed at sequencing.

on previous Analogue Solutions products, is
via knobs that pull outwards from the front
panel, thereby acting as switches as well as
knobs (and before you look at the pictures
accompanying this article, it's not obvious
from just looking at the controls which ones
pull out and which don't). So, for
a conventional sawtooth, you push the knob
in, and for an inverted sawtooth, you pull it
out. Then, in simple but effective fashion,
turning the knob sets the output level of the
selected waveform, A voltage input is
provided so you can vary the LFO rate using
another LFO, envelope or whatever. The
minimum speed wasn't nearly slow enough
for my tastes (until | patched in a negative
voltage to slow it down) but | guess as soon
as you make someone like me happy with
a very slow LFO, someone else will complain
it doesn't go fast enough. The manual
doesn’t specify the LFO range, but it does
reach audio levels at its highest frequency.
The two envelopes seemed, at first
glance, to be straightforward ADSR types.
Envelope one has a green LED which lights
to show it has received a gate, while
envelope two has a yellow one — and each
has a bi-polar control for amount. Each
envelope also has a repeat function, and this
| disliked instantly. Don’t get me wrong
— | love repeating envelopes — but the ones
present on the review model leapt into
repeat mode not at a zero sustain setting for
each envelope (as designed) but at settings
far higher than that. Apparently Analogue
Solutions are exploring the possibility of
fitting a separate switch to engage the
Repeat function; as it was, | found it
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ANALOGUE SOLUTIONS VOSTOK

impossible to set the envelopes so they
were suitable for snappy sequencer work.

Filter & VCA

The filter is none other than Analogue
Solutions' 12dB-per-octave SY02 — itself
based on the Korg MS20 filter. | found this
dual high/low-pass filter to be an excellent
choice, and a pleasant change from yet
another Moog clone. Indeed, it was already
my favourite Analogue Solutions module,
and has long had its place in my own
modular system. The Vostok’s version lacks
some of the input jacks of its ancestor,
having just one CV socket each for the
high- and low-pass filters. However, as these
inputs are also found within the pin matrix,
you can add multiple modulations that way
rather than by using the single, overworked
mixer.

Use of the high-pass and low-pass
cutoff controls together gives
a very flexible band-pass
filter, and having
independent
resonance for each
is a source of
awesome wibbly
noises or more subtle
solo patches. The filter
can also be overdriven
quite easily, and sounds
pleasantly dirty when you
do so. Think ‘The Corrs in
a mud-wrestling contest’, if
that helps in some way. The
review model seemed to go into
self-oscillation even more easily
than my own SY02, and screamed like
a banshee at the slightest provocation
— this is one aspect of the Vostok that gets
an unreserved thumbs-up from me.

The integrated VCA features an initial
level control that you can use when fading
in drones and the like (more conventionally,
you'd connect an envelope to its CV to
shape the output). The main volume control
resides here too, and the signal output is
available in both 3.5mm and quarter-inch
formats — a nice idea.

Sequencer

| briefly alluded to the sequencer earlier
when discussing the digital oscillator, and if
you think a mere eight steps don't add up to
much fun, think again. Step sequencers are
more about control and immediacy than
hammering out long complex patterns, and
this one is no exception — it adds
considerably to the Vostok’s appeal.
Programming is accomplished by simply
spinning the knobs during playback or, for
more accurate tuning, by adjusting the
knobs one at a time before setting the
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sequencer running, while stepping manually
through the sequence. To program a riff
where the sequencer’s CV is routed to pitch,
for example, you push the button, tune the
step via its knob and move on to the next
step until your sequence is complete.
Running the sequence requires that you
patch in an external clock source (there is
no built-in sequencer clock) such as an LFO’s
square wave. However, very interesting (and
not entirely predictable) things happen
when you clock the sequencer with other
waveforms, such as a sawtooth or triangle
wave. Using some of these alternatives, the

sequencer direction can vary wildly and,
depending on the cycle of the LFO, can
suddenly start to go backwards, skip
forward several steps or even replay the
same step for a while. If you want to break
up the rhythms generated, pulling out any
individual knob turns that step into a rest
(that is, no gate signal is generated).
Progress through the sequence is indicated
by the blinking yellow LEDs and, anorak that
I am, | found it entertaining to keep the
sequencer running at all times, even when
not controlling anything. Hey, I'm surely not
alone in my love of flashing lights!

A switch determines whether the CV
range produced is between 0 and 10 or 0
and five Volts. The latter makes it easier to
tune melodic sequences, but the former
might be of more value for large control
changes. The sequence is restarted

whenever a trigger is received at the Reset
jack and this made me think that individual
trigger outputs for each step (as on Korg's
SQ10 for example) would have been really
handy — that way you could reset the
sequence at any step by patching the step’s
trigger out to the Reset jack. As it is, only
the output from Step 1 is available. The
clock input also features a Thru jack, which
is ideal if you have multiple step sequencers
or wish to allow the clock signal to continue,
perhaps to drive the sample-and-hold
module.

The CV signals produced by each step of
the sequencer can, of course, be directed to
any CV input. The gate output is useful too,
especially if you have some of the steps set
to be inactive; as a simple example, you
could trigger the envelopes alternately by
using the sequencer as a middle man for
one of them.

Don't forget that sequencers needn't
always produce robotic loops. They can also
be used to introduce subtle timbral
variations if you clock them from each note
played and direct
their output to

pulse width,

or a filter
control voltage,
say. Or, if clocked
from an audio-level
source, they can be used

to generate unique
waveforms.

Other Modules

The Vostok crams a lot in, and here are just
a few words about its remaining
components.
= The mixer is a simple yet vital module,
capable of merging up to six inputs and
having both a positive and inverted
output. So, if you mix control voltages you
gain access to both positive and negative
modulation sources simultaneously. The
mixer can handle audio or CV sources.
» The backlit moving-coil meter is an
improvement on Analogue Solutions’
original module — simply because that
had no light. The manual reminds us that
this is not a precision device, but is handy
all the same for monitoring audio or
control signals. It measures positive
voltages only, and is permanently patched
to the positive output of the mixer.
The joystick feels reassuringly smooth and
has CV outputs (with individual amount
controls) for the X and Y axis. It has
enough resistance to use with confidence
and remains in position when you release
it — just as you'd want. Its maximum
range is +12V.
« Two simple 3.5mm-to-quarter-inch



adaptors are provided, with one of them available in the
matrix. And, for multiple connections, two handy ‘multis’
(labelled ‘split’) are available, with four connected sockets
each.

A combined noise source and sample & hold module
features controls for noise level and slew amount. To
create an S&H modulation source, connect the noise to the
S&H input, then pipe in a clock signal and you're away.
Slew smooths the output from the module for less drastic
changes.

A ring modulator is also tucked in neatly next to VCO1 and
reminds me how nice it would be if the main oscillators
had produced sine waves — the ideal source of those pure
ring-modulated ‘bell tones’ we all know and love.

Conclusions

Drawing any meaningful conclusions about the Vostok
requires that we consider who it's really aimed at. Such an
eclectic collection of modules (try saying that after a few
pints of Old Scrotum) indicates a laudable desire to do
something slightly out of the ordinary. Analogue Solutions
have shown that it is still possible to rediscover
underexploited backwaters of music technology and produce
something that is both new, yet reminiscent of classic
designs.

However, at over £1600 including VAT, the Vostok isn't
a cheap synthesizer, and when you bear that price tag in
mind, you start to look more closely at some of those rough
edges, the calibration issues and technical imperfections.
Personally, I'd expect something that exuded a little more
quality if | were handing over such a sum. I'd certainly insist
that the issues with the envelopes and oscillator pitch were
resolved, but | also think it not unreasonable to demand
a more fully featured MIDI interface, and perhaps a more
robust case too. It also occurs to me that the Vostok’s price
tag is not a million miles away from the price of a brand-new
EMS Synthi A (amazingly, these can still be ordered from EMS
for around £2100 including VAT, although there is a waiting
list).

In fairness, Analogue Solutions have claimed that some of
the issues | raised during the course of the review, such as
problems with oscillator glide and envelope repeats, will be
dealt with before future Vostoks are constructed. As a small
company, they certainly have the freedom to do this,
although nothing definite was in place before the end of my
review. It's also possible that these problems are less
significant to some potential punters than they would be to
me. For, make no mistake, this is a synth with a specialised
appeal and the Vostok's behaviour, range of sounds and
performance undoubtedly does bears comparison with those
classic EMS instruments. It scores by being slightly cheaper
and having such extras as a MIDI interface, a sequencer,
mini-jack connections and more. The VCOs sound fine, the
filter marvellous and even the digital oscillator could be the
source of some very strange sound effects or funky,
wave-changing sequencer loops. | mean it as no insult to say

that it could be an

awesome
self-contained
@ :1642 83 Including VAT.
B Analogue Sotutions +44 (0)1384 353694, sound-effects
+44 (0)1384 353694.

n machine. In that
B info@ I g luti com
W]

context, the
www.analoguesolutions.com

Vostok could do
just fine. €23
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Other Muliiple client headph headph ﬁ 4 built in Mic
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On The Record

Running Your Own Record Label ¢ Part 5

Tom Flint

publicists and pluggers can be used to
promote your label and its recordings.

Naturally, a successful promotional campaign
will result in numbers of people looking to
buy your records, but all efforts will have
been wasted if your music is not readily
available. What you need now is a distributor
— in the most basic of terms, the company
who takes the freshly-pressed records and
gets them out into the nation’s music stores.

It's well known in the industry that many
of today's record shops are finding it hard to
stay in business, particularly with stiff
competition coming from large supermarkets,
who can afford to undercut the specialist
shops. As a consequence of this situation,
music shops have become a battleground
where shelf space is the holy grail, and sales
reps have to use all the tricks of the trade to
persuade the chains to spend their cash
resources on a new batch of records.

Looking at it from the point of view of
shops fighting for survival, they naturally
want to make sure their shelves are packed
with the music that will sell the fastest and
attract the most customers. This is bad news

l ast month we discussed how PR agents,
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for relatively unknown artists hoping to get
their records in the racks alongside Madonna
or Eminem, but at least a good distributor has
the sort of experience and bargaining power
that a humble label does not. A distributor will
also have the infrastructure to deal with the
logistical nightmare of shipping CDs and
albums across the country, and warehousing
them ready for departure.

Wheeling & Dealing

It is sometimes possible for a label to strike
what is known as a ‘manufacturing and
distribution’ deal, in which the distributor
co-ordinates and funds the process of having
the records pressed. Deals like these are vital
for labels who can't afford a large and costly
pressing, but in such cases the distributor's
risk is larger, so their percentage is bigger
too. It's not hard to find lists of distributors;
the Showcase Music Business Guide (as
mentioned last month) is one source, and the
web is another, but unfortunately, like all
good things, securing a satisfactory
distribution deal is not so easy. Large
distributors will have many labels on their
books, and if they are going to put money up
front, or at least assign some of their staff to
the job of looking after label business, they
need to ensure that they will get a return on

The earlier parts of this
series explained how to
set up your label. Now it’s
time to start looking at
ways to get your work out
and on sale to the public.

their investment,

If your music is somewhat esoteric, you
may do best by searching out a distributor
who specialises in your style of music and can
get your records into more specialist shops.
There will be more on the intricacies of niche
distribution next month, but for the time
being, let’s assume that you have impressed
your distributor so much by your talk of loyal
record-buying fans that you've persuaded
them to take you on. At that point you will
need to negotiate a contract, and your lawyer
will be the first person you need to call for
advice. Toby
Marks, owner of
Disco Gecko
records, reveals
one of the things
to watch out for,

“The bigger
music retail
shops, and
chains, negotiate
with the
distributor for
the right to
return. That
means that if they can't sell the records they
can send them back after a few months! The
distributor is doing the work of sorting the
CDs, putting them into vans, getting them
delivered, and then having to get them back
into the warehouse when they're returned —
and obviously they need to cover themselves
for that expense — so most distributors
charge labels returns or stock movement fees.

“The deal that I've done with Pinnacle
includes a five-percent returns-handling fee.
That's fairly high, | suspect, but there are
various points where you can ‘trade’ when




negotiating your contract, and that’s one point
| conceded.”

Unwelcome Return

Once you have arrived at a deal outlining the
distributor's cut and the agreed percentage
for returns and any other services, it's time to
stop worrying about your deal and start
worrying about how potential return stock will
affect your cash flow. As Toby explains, if
you're not careful, you can end up spending
money you don't actually have, because of the
way the system works. “You often find that
the big retail chains will do a ‘scale out’ deal
which means, that, for example, the central
buyer for Virgin will decide to take 1000
albums in July and put a percentage of those
in every Virgin shop in the country. By August
or September you get paid for them. The
problems is that, for example, there may be
no Banco De Gaia fans in Wigan, but the Virgin
store in that town have still been given 20
albums by head office. Come November,
when Elton John, Kylie and Cliff Richard have
their greatest hits albums coming out in time
for Christmas, the Wigan store will want to
make space, so they pick the albums that
haven't sold and send them back under the
sale-or-return agreement. So traditionally
November is a bit of a scary time, because
you may find that none of your supposed
sales actually went over the counter, and you
get them back, together with a big bill. You
firstly have to refund what you've been paid
and then you get the percentage on top for
returns-handling costs!

“One thing that may or not be a godsend is
that distributors tend to hold back a certain
percentage of your money against returns, so
if, for example, you sell 1000 albums, they
may only pass on the money for 750 and sit
on the rest of it for several months. Then, if
there are returns, the money is there to give
back to the shops. Distributors are actually
protecting themselves, because if too many
labels spent the lot and then couldn’t pay for
the returns, the distributor would go bust.
When | released the Magical Sounds album,
Pinnacle held back a pretty large chunk of
money against returns, but | needed money
for cashflow and | couldn’t afford to have that
much sat in their bank account, so after
negotiations they agreed to reduce the
withheld amount. In the end, | got quite a few
returns and it worked out about right, but at
the time, | thought none would come back. In
retrospect, they saved me from a potential
financial crisis.”

The New Order

Finding a sympathetic distributor could
potentially be a sticking point for your label,
especially if you are not a well-known DJ or
band. Fortunately, thanks to the power of the

Internet, hiring a traditional distributor is no
longer the only option available. Selling CDs
from your own web site by mail order is now
a very economical proposition, and a good
way to get a foothold in the market — and
ultimately it may help you build up enough of
a following to pique the interest of a major
distributor. The point has to be made here
that web surfers are not going to stop off at
any site to buy music without being attracted
by advertising and promotion, but on the plus
side, a web site makes music available to
anyone in the world, in a way a traditional
music shop could never do. These benefits
also apply to merchandise and back-catalogue
releases, which can be made available as
mail-order purchases.

To get started the first thing to do is
contact an Internet Service Provider, from
whom you can rent server space. Simply
typing the phrase ‘Internet Service Provider’
into a search engine will provide a list of
suitable candidates. Depending on the quality
of services on offer, prices vary, although a
basic service may only cost a few pounds per
month. You also need to think about your
site's design. You may wish to design the site
yourself (if so, take a look at the six-part SOS
series which started in July '99, or surf to:
www.sound-on-sound.com/sos/jul99/
articles/websites.htm), but bear in mind that
a web site, like anything else, needs to be
maintained, with up-to-date news and general
content written and posted regularly. What's
more, someone needs to be on hand to get
things up and running if there is a server
problem or software failure. With this in mind,
you might wish to hire a third party to design
and manage your site. Naturally, the web is
full of professional-looking agencies offering
their design services, but for the sake of
keeping costs low, you could try to develop a
symbiotic relationship with an enthusiastic fan
of your music. There are always a few
technical

Cinerama’s David Gedge and Sally Murrell.

contributor to this series and owner of
Scopitones Records, David Gedge, has a site
hosted by one company, Cyberjack, and
maintained by another, called the Starfish
Consuitancy.

Gedge explains how he found them. “Every
other person you meet these days seems to
be a web designer so | didn't have to do any
research to find someone to do my site.
Cyberjack is actually the company of a friend
who once interviewed me for a fanzine.
| hadn't given it much thought until she
offered to design the web site for free
because she wanted to put her skills into
practice. After it was all up and running she
became bored with that side of things, so the
Starfish Consultancy took over the
maintenance and design. They were also
people | knew, so they run the site for free
too, even though | offered them some money
for it! So really | have no idea how much it
should cost — | suspect quite a lot. | wouldn't
mind learning to do it myself but it's finding
the time when | have other things to do, like
making music and running a label.”

Setting Sales

From his web site, Gedge sells Cinerama CDs,
vinyl records and merchandise, including

: (=] ~_ zWelcome to Cyberjacknet =
wizards out
© # A & | = ¢ @
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willing to run a
site for their
favourite band,
or who are
prepared to
work for free so
that they can use
the project as an
advert for their
design skills.
Regular

The web site of
designers Cyberjack.
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P T-shirts and sweatshirts. To keep costs down,
everything ordered on the site is processed
and posted by Cinerama’s keyboardist and
backing vocalist, Sally Murrell. “There's not
really a problem doing it on a day-to-day
basis, because we only get two or three
orders a day,” explains Gedge. “But when
we've been on tour it gets put on the back
burner. We've just been to the US for a few
weeks and there are loads of orders to sort
out, which is a bit bad, but there is no other
way to do it without getting outside help.
Sally usually cashes the cheques and postal
orders and waits for everything to clear before
sending the stuff out, particularly if it's an
order from a new customer, although it's rare

we get a cheque that bounces.

“To make sure we have enough stock,
| contact the distributor whenever | have an
album or single release, and | put in an order
for a small number of records. | find that it
takes about six months after a single has been
released before people start calling up
because they can't buy it in the shops any
more, but | don't mind keeping it here for that
time.”

Another DIY aspect of the mail-order
operations is the slightly unusual points table
for calculating the cost of postage and
packing. Gedge explains how and why he
devised the system. “Being a mathematics
graduate, | thought it was logical to use a

system of points so that people could work
out how much their particular order would
cost. It's probably much more complicated
than it needs to be but | wanted it to be fair.
Most people understand it, although a lot of
Americans don't seem to realise it's not in
dollars! | basically collected a selection of Jiffy
bags, CDs, tapes, sweatshirts, 12-inches, CD
singles and T-shirts, found some really
accurate scales and weighed everything. Then
1 looked to see what the Royal Mail postage
rates were for different parts of the world.
There doesn't seem to be any problems
sending everything via Royal Mail, although if
they were more expensive packages, Customs
and Excise might have something to say.”

Pleasing Your Masters

Before you can have your records ‘printed’,
there are a few technicalities that need to be
taken care of. For a start you need to check
that all the relevant coding is in place, not
least of which are the ISRCs (International
Standard Recording Codes), as explained in
part three of this series, which ran in the
November 2002 issue (available on line at
www.sound-on-sound.com/sos/Nov02/
articles /diylabel3.asp). There are many other
formatting considerations too, such as PQ
coding and copy protection, but to get the
full rundown on these it's worth reading part
three of Paul White's Stereo Editing series,
from the March 2000 issue of SOS (available
at www.sound-on-sound.com/sos/mar00/
articles/stereoedit.htm).

You will also have to make sure that your
artwork is ready and saved in a suitable file
format, complete with barcodes and all the
text for printing on the CD itself. The ‘New
Label’ info pack provided by PPL
(Phonographic Performance Limited — see
part three of this series, as above, for more
details) contains, amongst other papers, a
Copyright Protection leaflet showing exactly
what text needs to go on your CD and what
to do with the ubiquitous ‘P’ and ‘C’
symbols.

As part of the general preparation
process, you may also decide to have your
work properly mastered so that (audio-wise)
it is optimised for release. Toby Marks
explains why he chooses to have his albums
professionally mastered. “So far, all my
album tracks have been edited together to
run continuously, but before | mix them
together | take the individual tracks to the
mastering suite to EQ and level them. Then
| load them into my computer and do the
crossfades and the general compiling of the
album back at my studio. Lastly, | return to
play the final 70-minute master back into the
mastering system.

“I do use Emagic’'s Wave Bumner Pro on
my G4, in which | can handle all the edits,
PQ codings, ISRCs and copy protection, and
| can also do all the compression, limiting
and expansion that an expensive production
suite does, but | don't fully trust my ears, my
monitoring or my acoustics, and | don't have
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30 years' experience as a mastering
engineer. There are some things which

| know other people can do better, which will
vastly improve the final result, and mastering
is one of those: | couldn’t handle listening to
one of my CDs and knowing it was wrong.”

“ | am also not convinced that your
average computer drive is necessarily that
good at writing audio CDs, even in real time,
and that may be an overriding reason to get
a mastering studio to do it all. At least that
way you can be pretty sure it will all be OK.
| have heard tales of people getting their
masters sent back from the manufacturing
plant, having been told that there were too
many errors to go into production.”

If you are confident in your mastering
skills, you may wish to save cash and deliver
your finished coded file and artwork direct to
the manufacturer. They will have charges,
including one for the glass master, which has
to be created before any CDs can be
manufactured. The other main cost is for the
manufacturing itself, and that will vary
depending on the size of the production run.
Toby provides some guideline figures. “It's
all to do with economies of scale: a
production run of about a thousand CDs with
reasonably good artwork costs about 60p per
CD plus VAT. £600 for 1000 CDs isn't much
compared to what you might have to spend
on recording or on a designer to create the
artwork. | spend more than that on
mastering, which costs me from £1000 to
£1500 quid an album, but I'm fortunate to
have access to very good mastering suites. If
you sell 10,000 CDs, it's worth spending
£2000 on the mastering process, but for 500
it's probably not.

“Marketing could potentially be the most
expensive part of the whole process. If
| stick to the principle of spending one pound
per copy, I'm spending more on marketing
than manufacturing. On a £15 CD in the
shop, the government takes £2, VAT will be
£2.30, the shop will take about £4, and the
distributor will take about £2, so suddenly
60p doesn’t seem a lot. If you could sell your
stuff on the web and take out all those other
people, suddenly your 60p CD can be sold for
a hell of a lot less than £15."

® Notice

e.g. ® 1996 XYZ Record Company

The @ Notice is an symbol of

its isategal in certain and showld be

prominently shown on all publicly distributed coples of a sound
recording. It indicates the year in which the sound recording was first
published and the tacts in the Notice will be presumed correct uniess the

y is proved. It is vital that the ¢ Notice contains
accurate information.

B © notice

®1996 XYZ Recording Company

e.g. ©1996 XYZ Recording Company

in addition to the ® notice, you should also display the © notice, which
serves to protect the artwork on the label and sieeve of your recording.

Do not combine the two notices, for example, @ & © 1996 XYZ Records,
as this may invalidate both notices - and yes. we are well aware that,
unfortunately, this Is common practice within the record Industry!

3] Copyright Warning Notice

Below is an ofa warning notice which should
also be clearty dispiayed on the label or sleeve of your sound recording:

AN rigitts of the producer and copyright owner reserved. Unasuthorised copying,
public Niring or rental of this

recording in whatever manner is strictly prohibited.

In the UK apply for public performance and broadcast lcences to:

Phonographic Performance Limited,

1 Upper James Street. London W1F 9DF

TONE CD 011 Stereo

@ 2002 Scopitones © 2002 Scopitones
The copyright in this sound recording is
owned by Scopitones. All rights of the
producer and copyright owner reserved.
Unauthorised copying, re-recording,

roadcasting, public performance, hiring
or rental of this recording is strictly
prohibited. In the UK apply for public
performance and broadcast licences to:
Phonographic Performance Ltd., 1 Upper
James Street, London WIR 3HG.

PPL's free documentation tells you what text needs to appear
on your CD if you are to safeguard your rights and comply
with regulations.
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ATMOSPHERE Dream Synth Module

The World's Most Massive Programmable Synth. The core library of a + Over 3 Gig core library

thousand powerful sounds is just the starting point for your own creations. - 1,000 cutting-edge, brand NEW sounds!

The beauty of Atmosphere is in its "dual-layer” concept. You can - Lush Pads, Ambient Textures, Powerhouse Synths
immediately mix and match the layers of any of the 1,000 patches, and tweak - Interchangeable layers for one million combinations!
each layer fully independently. That's over a million possible combinations! - Powerful synth interface for creating your own sounds
Each layer has its own multimode resonant filters, four LFOs, three - Designed by award winning sound designer Eric Persing
envelopes and matrix modulation. There is also an additional master filter - FAST and Easy to use

for quick tone shaping. The possibilitles for creative manipulation are

phenomenal... and yet it is so easy to use. £225 MAC/PC INCLUDED - VST, RTAS, MAS

STYLUS Vinyl Groove Module

The World's First Groove Control™ Instrument. Stylus™ is an - All NEW Sounds!
innovative new type of software plug-in instrument that integrates + Massive 3..5 gig core library
a massive core library of thousands of cutting-edge groove  Over 1,000 stunning remix grooves
elements, loops and samples, with a powerful user interface for « Elastic Tempo, Pitch, Pattern and Feel
creating your own grooves. - Killer live percussion

* Thousands of cutting-edge drum samples

“Stylus is a must...” Sound on Sound, October 2002
“Stylus is, in a word, stunning.” Future Music, October 2002 £159 MAC/PC INCLUDED - VST, RTAS, MAS
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Playing The Card

The one obvious thing lacking from Gedge's
setup is the facility for people to use their
credit cards to purchase Cinerama's
merchandise, although the majority of sales
are via traditional distributor/shop channels,
so the limitation has not been an issue until
now. Nevertheless, if you are intending to use
the Internet as the main outlet for your

CARELESS
The New Single
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2. Print R out

3. Sand it with your payment toi tinarama, ©.0. Sox B1, Leeads=, LE16 SYA, U.K.
"ot attach cheques to the order form

Total Merchandise Cost
Postage and Pachking
Total amount Payable

records, card handling will be a higher
priority. There is an ever-growing number of
companies offering card-handling services on
the Net. For a commission fee, these
companies will provide a secure server,
screen customers for possible fraud, approve
their credit-card details, and provide them
with all the necessary communications and
verifications. The order information is then
passed on to you, the distributor, and then all
you have to do is make sure the CD or record
is posted. Traditionally it was necessary to set
up a merchant account with a bank in order to
process card orders, although there are some
newer services — like the eBay-owned Paypal

— who require no setup fees and no merchant
account.

Toby Marks has also been distributing

trom
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Part of the mail order section of the Cinerama site.

Banco De Gaia merchandise from home. Unlike
the Cinerama website, Disco Gecko now takes
credit-card orders. The incentive for Toby to
set up a card service was his acquisition of the
rights to his old albums, which were
previously released by Planet Dog, and then
sub-licensed to Ultimate Records (the full story
of how the liquidation of Ultimate led to a legal
dispute over the ownership of Banco De Gaia

> ORDERING
> Qudac Faren
}—_nmum

recordings was featured in part one of this
series). By gaining the rights to his old records,
Toby also obtained a lot of stock which had
been held in distributor Pinnacle's warehouse
for several years during the legal case, so it
made sense to set up a credit-card system to
cope with orders from long-waiting fans. Toby
explains how he picked a suitable service: ‘|
knew that if | could get on-line credit card

Revere the past. Embrace the future.




handling sorted out | could do a lot
more direct sales and | would gain
from having no distributor’s fees. |
talked to the bank about it first,
but it was reaily expensive

— something like £20 a week
minimum maintenance fee, plus
the setup fee — so | ruled out that
possibility. | then spoke to people

s ranhy
s andie & vides

discofg'ecko
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at other labels | knew to see how [

they were doing it. One friend
used a company who take the
stock from Pinnacle, and do the mailouts and
all the card orders, but because my wife and

| have been handling our own mail-order stuff
for a long time there was no need to pay
somebody to do that part of it. We just needed
someone to process the orders on the credit
cards and then pass the orders on to us.
Another friend recommended the company
that | now use, which is run by an ex-tour
manager who had realised that every band
he'd worked with has a certain amount of
merchandise to sell. He decided it would make
sense to offer that service to all the bands that
he knew. He's providing the card handling,
technical backup and a secure server, and he'’s
also running the web site. In practice, he sends

Focusrite
e P
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Toby Marks’ Disco Gecko label site.

me a weekly list of the orders they have
received, which we then mail out, and every
month | get a cheque for the amount they have
received, less their commission. | don’t know
how the cost compares to other companies,
but he's taking 25 percent net. That means
that if an album is £10, then 17.5 percent VAT
is taken off the £10 to leave £8.50 and the 25
percent is taken from that. | charge £1.50
postage on top of the £10, so the customer
actually has to pay £11.50, but the postage bit
is accounted for separately and not included in
the 25 percent. We thought about making it 20
percent of gross, but it made more sense to
take it from the real revenue.

“It is a couple of quid for every £10 CD,

but 'm making more from those direct sales
than | am through a distributor. In the past,
some people from overseas didn't know what
International Money Orders were and we got
endless enquiries from people begging us to
take dollar cheques, but with credit cards you
can take the order from anywhere in the
world and the bank will do the conversion
from the UK price on that day, at whatever the
exchange rate happens to be."

Looking After The Pounds

One of the key issues for a label selling its
releases on-line is how to price them so that
they bring in enough revenue to pay for all
label expenses. At the end of this article, the
‘Breaking It Down’ box explains how a CD can
be priced for retail, but selling on-line cuts out
the retailer and therefore offers a label the
chance to either make more money or sell
cheaper.

Toby’s pricing decisions are complicated
further because some of his releases are not
only available on his web site, but also on
other web sites and in the shops too, having
been sourced directly from Pinnacle. Toby
explains why this is a problem. “I figure it
would be crazy to charge high-street prices

An established industry classic, the Rupert Neve-
designed, transformer-based ISA Pre-amp is at the heart
of a new Focusrite package that combines unsurpassed
analogue performance with leading-edge digital technology.

The new ISA 428 Pre Pack features four microphone
Pre-amps with switchable input impedance, eight line

i92°

*« inputs, and Focusrite’s latest eight channel, 192 kHz

A/D converter option, protected by a new optical
Soft Limiter — the perfect future-proof interface for
your DAW or digital console.

This outstanding package is available from January 2003.

The New ISA 428 Pre Pack

4 Classic Pre Amps & 192kHz A/D Conversion

ISA428

ViSit WWW.I J (
for more information

. ol
Focusrite
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Banco de Gaia

Because a large
Internet retailer chose
to offer the Banco De
Gaia Maya CD at a big
discount, Disco Gecko
made much less on
every copy they sold.

P> on-line, so i try to keep them low, but you can
easily order from Amazon US or CDNow, or
one of the US retailers, and their stock is
invariably cheaper. ironically, even Amazon
UK have undercut me! When | re-released my
album Maya for £9.99, Amazon were doing it
for £7.99, because they get a massive
discount from the distributor. | won't go into
where that leaves Disco Gecko, but it meant
that we were getting practically nothing from
every copy they sold! It's nice that people can
buy the records cheaply, but unfortunately it
was at the label's expense. All HMV or Virgin
shops, and the other chains, get good
discounts, and a lot of the independent shops
will too, if they are good customers. | just
have to accept the prevailing discount offered
by the distributor to its customers.”

Home And Away

As a small label, you might not need
international distribution if you are happy to
deal with foreign orders by posting them one
by one, but if overseas sales grow to the point
when posting Jiffy bags to far-off places is no
longer viable, it becomes necessary to hire
some outside help. One option is to
sub-license your recordings to a foreign label,
50 that they can take care of the sales and
royalty collection in that country. but there is
also the possibility of hiring a trader to export
and distribute your home-produced records
abroad. David Gedge tells how he gets
Scopitones releases out to the world.

“I've been exporting finished product,
because it is more cost-effective and you get
more per CD than you would from the
percentage that a licensee would pay you. In
Spain | have a separate deal with a company
called Disc Media who export so many
thousand Cinerama CDs and do a bit of their
own marketing and promotion as part of the
deal. However, it can get complicated if you
have a deal for every country in Europe, so |
also use a company called VoicePrint who do
an overall deal for Europe and take care of all
the export tax and shipping for a small
commission. In North America | have a
licensing deal with Manifesto Records, because
exporting finished product to the USA is
expensive and there are tax problems. They
also licensed a few Wedding Present records
from RCA, so it's an ongoing relationship.
Manifesto do the equivalent of Scopitones
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here, so we hand them the artwork and the
finished audio file for an album, and they press
over there. | know the Manifesto staff really
well, so we can co-ordinate release dates and
touring schedules. The songs are also
published in North America, because

otherwise | wouldn't be able to keep track of
all the royalty agencies over there."

Next month, we'll finish off the subject of
distribution by focusing in on some of the
smaller niche distributors, to find out how
they can be of use to you. E=

Breaking It Down

Now that this series has covered artist and writer
royalties, manufacturing costs, distribution deals
and various other running expenses, it's a good
time to see how all those expenses are paid from
the price of a CD. Toby Marks provides an
example of a typically priced album.

“These days, £12.99 is a common retail price,
so I'll start there. From that figure, 17.5 percent
VAT is paid to the government by the shop, so
subtract £1.93 and you have a net of £11.06.
Shops generally mark up about 50 p: t on the

run of 1000 CDs is 60p each. Promotion costs
can theoretically be unlimited but, as a very
rough guide, £1000 will buy one quarter-page
B&W ad in DJ and Muzik magazine, and will pay
for 2000 flyers, and a mailout to about 500
people. That works out at £1 per CD for a batch
of 1000.

“After these expenses, the label can expect to
receive about £2.86. Out of that they will have to
pay for recording and mastering, the latter

ting anything up to about £1500. You also

wholesale price charged by the distributor, so in
this case the dealer price is £7.37, of which 17.5
percent VAT is paid to government by the
distributor. Many shops get a discount due to
their buying power; small Independent labels
might get a few percent, while big chains like
HMV or Virgin might secure around 10 or even 15
percent. I'll assume an average discount of eight
percent, so the net to the distributor will be
£6.78. The distributor takes usually between 20
and 25 percent commission, but for this example
I'll say 25 percent. That means that the net to
the label is £5.09, of which 17.5 percent VAT has
to be paid to government by the label, if the label
is VAT registered.

“The MCPS (Mechanical Copyright Protection
Society) take 8.5 percent of the published dealer
price, which, in this case, is 8.5 percent of
£7.37. (Bear in mind that the set dealer price
declared by the label is not necessarily what they
actually receive from the retailers if a discount
deal has been struck.) In this example the MCPS
collect 63p. This is eventually passed on to the
publisher, if there is one, or the songwriter(s),
less MCPS commission, which | think is around
seven percent. If there is a publisher, they will
then take 20 to 30 percent before eventually,
many months later, passing the rest on to the
songwriter or writers.

“Manufacturing costs vary hugely, depending
on quantity and packaging, but if you keep the
artwork and packaging simple, a fair figure for a

Retail Price

VAT paid to government by shop

Net to shop:

Shop marks up 50 percent of

Official Published Price to Dealer (PPD)
PPD

Shop gets eight percent discount

Net to distributor

Distributor takes 25 percent

Net to label

have to budget for artwork, unless you do it
yourself, and the glass-mastering process, which
is the actual master the factory creates to
produce copies from. To put it into perspective, if
you were signing an artist and they were on just a
low-ish royalty rate of 14 percent of dealer price,
the royalty would work out at £1.03. Paying for
that from £2.86 would make it hard to stay afloat
at this level. The other option is a profit share
which, in my experi & Iy

splitting what's left after the label has paid for all
of the above expenses, including artwork,

p tion and mastering costs. On a run of 1000
CDs, | wouldn’t expect to see much profit — in
fact, | wouldn't expect to break even. Managers
vary, but in my experience they take about 15 to
30 percent of the band’s income before tax (in
this example, 1.03 per CD). In my case it used to
be 17.5 p t of what | ived, excluding
VAT.

“Be aware that if you are not VAT registered,
you will be paying 60p plus VAT (70p) per copy
for manufacturing, £200 plus VAT (£235) for
glass mastering, and £1000 plus VAT (£1175) for
your adverts and flyers. But you will still only be
receiving £5.09 from the distributor. What's
more, if you did want to increase the price to earn
more, in order for the label to receive an extra £1,
the retail price has to go up by £2.80!"

If you'd like to see how that breakdown works
on paper, here's how the calculations can be
done:

£12.99
£1.93 (£12.99/1.175 = £11.06)
£11.06

£11.06/1.50 = £7.37

£7.37

£7.37/1.08 = £6.78
£6.78

£6.78 x 0.75 = £5.09
£5.09

(Label pays 17.5 percent VAT to government if it is VAT registered)

8.5 percent of £7.37 PPD to MCPS

(20 to 30 percent of £0.63 taken by publisher)
Manufacturing cost of £0.60

Promotion cost of £1.00

£7.37 x 0.085 = £0.63
£5.09-£0.63 = £4.46
£4.46-£0.60 = £3.86
£386-£1=£286

So the label gets £2.86, less any artist’s royalty at 14 percent of PPD (£7.37x0.14 = £1.03), and less

mastering, artwork, and wages for freelancers.



Creative's approach

to upgrading my three
Mix3 systems to ProTools
HD was an eye opener to
say the least. Unstinting
Tech Support and a high
level of co-operation
made the whole process
painless to the point of
being enjoyable.

Ray Hedges
Mothership.

Our customers speak for themselves

MNosdemy

Creative always
give me the feeling that
they are on my side.
Nothing is ever too much
trouble for them, and the
expertise and experience
of their Tech Support
team is only matched by
their enthusiasm  for
getting the job right.

Nigel Lowis
Fame Academy.

A big thank you
to all the guys on the
Creative team. Your help
and support made all the
difference in the world.
Cheers guys, and thanks
again for all your help.

David Gray.

.
um\’égm

| like dealing with
Creative because they are
the most professional
team out there. The back
up is fantastic, and their
quotes for gear always
seem to be better than
anyone else.

They are the mutt's nuts.

Mike McCormack

Vice President
Universal Music.

We supply and support Pro Audio equipment and software from ail the major manufacturers, call for expert advice and opinion.

centre @& Solutions Expert @ Authorised Reseller

@f@@&ﬁs}% Technologies s

daring to be different

08708 720 222

sales@creativetechnologies.co.uk www.creativetechnologies.co.uk



multitrack
recorder

Digital Recording

Studio

Korg, is a revamp of the D12, which
was first released some 18 months ago
as a baby brother to the D1600, itself an
upgrade to the earlier D16. All three units
have been the subject of SOS reviews: the
D16 in SOS February 2000
(

T he D1200, the latest multitracker from

, the D1600 in SOS
May 2001 (
) and the D12
in SOS july 2001
(

The digital multitracker market continues
to advance at quite a pace. However,
probably the most significant change since
the appearance of the original D12 has been
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Having upgraded their D16 to the D1600, Korg have

now revamped the 12-track D12 to the D1200.
So where does Korg's latest offering stand in the
competitive digital multitracker marketplace?

the release of Yamaha's AW16G, reviewed in
SOS October 2002
(

). At £899 in the
UK including the CD-RW drive, this product
has brought 16-track digital recording that
much closer to the masses. s the
transformation of the D12 to the D1200
enough to deal with such stiff competition?

More For Your Money

Essentially, the D1200 is still a 12-track
‘studio in a box’ and, like the D12, the user

can chose between a 12-track, 16-bit mode
or a six-track, 24-bit mode. in both modes,
simultaneous recording of four tracks is
possible. The D1200 retains the same virtual
track system of the D12, giving extra
flexibility for multiple takes and when track
bouncing. In 12-track, 16-bit mode, the
same arrangement of six mono tracks and
three stereo pairs is present, along with the
nine, 45mm, non-motorised channel faders
(plus red Master fader). The organisation of
the effects processing appears almost
identical to the D12: Insert, Master and Final




effects all based upon Korg's REMS
(Resonant structure and Electronic circuit
Modelling System) processing, with a
maximum of eleven effects available
simultaneously and three-band EQ on each
input and playback channel. Some 200
rhythm patterns are built in and can be
chained to construct a basic drum part.
Scene-based mix automation is provided
and the comprehensive MIDI specification
allows both dynamic mix automation of key
parameters and MMC control via an external
sequencer. Finally, with the optional CD-RW
drive fitted, audio data can be backed up,
burned as an audio CD, or moved to a
computer.

So, having identified what has stayed
more or less the same, what (other than the
'00’ name tag) is new in the D1200? The
physical layout of the unit has undergone
quite a number of changes. Aside from the
dedicated guitar input and the headphone
output, all the D1200’s analogue inputs are
on the top surface rather than along the

Lt\ _.L‘\_

front edge. As a result, the LCD has been
repositioned and the various buttons seem
to have been shrunk slightly in size to fit
within a smaller area. The LCD itself can
now have its angle adjusted — a nice touch
that can make it easier to find the best
viewing position.

The other very obvious physical change

Korg D1200

* Excellent audio quality.

« Significant new features compared to the
original D12, including phantom power and
24-bit option.

« Easy transfer of data to computer via USB.

* Some tracks only available as stereo pairs.

The D1200, like it's predecessor the D12, is a very
capable digital multitracker. There can be no
doubt about its audio quality and impressive
feature list, but it faces very stiff competition
from the likes of Yamaha's AW16G.

is the addition of three large control knobs
beneath the LCD. These are used in the
Modelling mode, which provides a shortcut
route to the recording process. Pressing the
Modelling button brings up three icons on
the LCD, allowing the user to select what
type of signal source they wish to record —
guitar, bass or microphone. Once the
selection is made, two things occur. First,
channels one and two are automatically put
into record-ready mode (their status buttons
turn red). Second, three new icons appear
representing three parameters in a suitable
effects chain for that signal source. For
example, for guitar use, these are Drive,
Tone and Cabinet. The three knobs can then
be used to make rapid adjustments to these
settings. Turning the Drive knob dials
through ten different overdrive types (with
names like Tube OD, Classic Dist, and so
forth giving a hint of what to expect). The
Tone knob dials in the degree of tube
simulation, while the Cabinet control moves
from 1x8 through to 4x12 types with most
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ecording Studic

of the obvious combinations in between,
including a ‘full range’ speaker option. Of
course, behind the scenes, these knobs are
adjusting a number of other REMS
parameters used in the digital modelling
process.

In my original review of the D12,
although | was very impressed by the
combination of features and audio quality
achieved at the price, one concern | had was
that no phantom power was available.
However, individually switchable phantom
power is now provided on the D1200, on
two of the four analogue inputs. All A-D and
D-A conversion is now also at 24-bit
resolution (the D12's only 24-bit 1/0 was via
the optical S/PDIF connections). This will
certainly make the D1200’s six-track, 24-bit
mode a more attractive proposition for some
musicians. Gone from the rear panel is the
D12's SCSI port, but this is replaced by USB
connectivity. As discussed more fully below,
this is a decision that has some considerable
advantages in use. Also gone is the D12’s
built-in microphone. The final major
upgrade is in the hard drive capacity — the
40GB model included here (2GB of which is
partitioned for USB use) provides plenty of

capacity for even the most ambitious of
concept albums.

Modus Operandi

When it comes to the actual operation of the
D1200, the basic process of recording,
overdubbing, editing, mixing and CD
burning is essentially identical to both the
D12 and the D1600 and very little needs to
be added here to the descriptions given in
the earlier reviews. Three of the new
features are worth discussing further
though. In operation, the new Modelling
mode is a useful addition, making it easy to
get an idea recorded with as few button
pushes as possible. It is not without it's
limitations, however. Firstly, activating the
Modelling mode automatically arms tracks
one and two for recording, and some care is
needed to avoid the possibility of recording
over something vital already on those
tracks. Second, while the three Modelling
knobs do give instant, hands-on control over
key elements of the REMS processing, if you

i bn fhmdl BImE

want complete editing control, then you
really have to enter the full-scale editing
mode (as used on the D12) — at which point
the three farge knobs become redundant. It
is a shame they are not integrated into other
editing processes in some way (although
maybe this is something that could be
addressed in an OS update).

Korg are clearly marketing the D1200 as
‘guitarist friendly’ and the Modelling mode is
one of the selling points in this regard. The
quality of things like the amp or cabinet
modelling is therefore quite a significant
issue. Without having a D12 to hand, it was
difficult to directly compare the various
amp/cabinet simulations on the two units.
As a guitarist however, my gut reaction was
that the D1200 offered some good
overdriven and clean sounds, but wasn't
quite so good with the sort of ‘just breaking
up’ sounds loved by many blues players.

I also found myself tweaking the EQ settings
to get rid of a little fizz in some of the
overdrive/distortion presets — although this
is also a matter of personal taste and the
guitar being used. Given the choice, I'd go
with a dedicated amp modeller (such as the
Line 6 Pod, Digitech Genesis 3, and
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P Behringer V-Amp 2, amongst others), unless
| was set on a one-box solution.

A comparison between acoustic
recordings made in the 16-bit and 24-bit
modes revealed a subtle, but perceptible,
difference in audio quality. For example,
acoustic guitars recorded using 24-bits
tended to sound just a little brighter and
clearer, with a little more presence. At this
price point, 24-bit recording might not be
the most important selling point for many
musicians, particularly as it then restricts
the user to six tracks. However, if you have
the need to do the occasional location-based
recording where 24-bit quality is required
(for example, a stereo recording of a string
or vocal ensemble using two
phantom-powered mics), the D1200 would
be a possibility.

The significance of one further feature
didn't really strike me until | started to use it
— the USB socket. The D1200's hard drive

Test Spec

96 SOUND ON SOUND e« january 2003

© 0

@

"”E..";i"."“
- - g—é
b @

essentially has two partitions: the bulk of
the 40GB space is used during the recording
process, but data can then be moved from
this partition to the 2GB USB partition. Any
data held there can then be accessed from a
USB-equipped computer. Both Mac (0S 9.0.4
or later) and PC are supported. For the
latter, connectivity will work out of the box
for Windows 2000, ME and XP, while there
are drivers for Windows 98 SE available on
Korg's web site. | tested the connection
using Windows XP and, once the D1200 had
been put into USB mode, the PC
automatically identified it, with the D1200's
USB partition appearing as another disk
drive on the PC — files could simply be
copied back and forth as required.

This has two obvious applications. First,
audio can be copied to a computer for
backup or further editing. Second, updates
for the D1200’s OS can be downloaded via
the web and simply copied to the D1200’s
USB partition from where a few button
pushes will get the new OS installed. Of
course, both these tasks can also be achieved
via the optional internal CD-RW drive.
However, the sheer simplicity of making this
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connection, and the ease with which data can
be moved between D1200 and computer,
means that anyone who already has CD
burning on their desktop computer could
easily live without the D1200's CD-RW drive
— and could therefore save themselves a
good chunk on the purchase price. Well done
Korg!

Competition Comparison

I'd be failing in my duty to the SOS
readership if | didn't offer some thoughts on
how the D1200 stacks up with it’s direct
competition, and in this case the obvious
competitor so far is the Yamaha AW16G. The
two units have a considerable amount in
common, both in features and in the way
they operate, but there are also some key
differences. For example, | prefer the guitar
amp/speaker modelling offered by Korg but,
as a guitarist, I'd still be budgeting for a
Pod-a-like to go with either unit.

However, it is the specification
differences that ought to give potential
purchasers a steer in the appropriate
direction. For example, the AW16G offers
16-tracks to the 12 of the D1200, but the



AW has no 24-bit recording mode. The AW
offers eight inputs and eight-track
simultaneous recording in comparison to the
D1200’s four of both. The D1200 has
three-band EQ, whereas the AW16G has
four-band. You get a fixed selection of drum
patterns with the D1200 but the Quick Loop
Sampler in the AWI16G. The D1200 offers a
dedicated number of insert, Master and Final
effects that are simultaneously available
while, on the AW, the available effects grunt
has to be relocated on occasions —
however, the channel dynamics of the
AWI16G could be seen to make up for this.
And, of course, depending upon whether or
not you need the D1200’s internal CD-RW
drive, there is a difference in the respective
UK prices.

Perhaps answering three questions ought

I 01200, £799; optional internal CD-RW drive,
£199. Prices include VAT.
Korg UK Brochure Line +44 (0)1908 857130,
E +44 (0)1908 857199,
A into@korg.co.uk
m WWW.Korg.co.uk
m www.korg.co.jp

to help clarify matters for
those with cash in hand.
First, are 12 tracks
enough, or do you need
16? Second, is 16-bit
recording adequate or do
you need a 24-bit option?
Third, is four analogue
inputs sufficient or do
you need eight? My
answers would be as
follows; I've never got
enough tracks, | record a
lot of noisy guitar amps
where the benefits of
24-bit recording are
perhaps marginal, and

| occasionally like to mic up a full drum kit.
On this basis, for my money I'd go with the
Yamaha — but that would be because of my
specific needs, and your needs may well be
different. Both units offer excellent quality,
an amazing range of facilities for the price,
and are very easy to use.

Verdict

The Korg D1200 is an excellent digital
multitrack recorder. It is well-specified, a

Although an optional CD-RW drive is available, anyone who already
owns a PC or Mac with USB connections and a CD-RW drive may
prefer to back up and burn audio CDs using the computer.

breeze to use and capable of producing
recordings I'd be happy to use in many
commercial contexts — it is a worthy
successor to the D12. This said, it faces very
stiff competition, particularly from Yamaha's
AWI16C. The two units do, however, have
enough differences in specification to make
them distinct, and this ought to help
potential purchasers decide where their
money might be spent. You would win with
either. E=2
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PEAK(LEVE

CAPTURE every subtle nuance
with the Award-winning
Focusrite Class-A Pre amp

LISTEN in real time, with
Zero-latency Monitoring and
headphone mix capabilities

CREATE classic vocal effects with
the Vintage Harmonics processor

TRACK with professional
Focusrite processing tools;
improved optical expander &
compressor, voice-optimised
Focusrite EQ and the
ISA430 De-esser

CONNECT with a high quality

A/D converter option (24 bit / =1 J"'\jﬂl&llrﬂ\‘ﬁ"/

96kHz, with word clock)* N ——al
INTERFACE: unequalled

flexibility, with insert points, /

FX send/returns and DI ‘ ,_

functionality | 'y |
WARM your sound with the

improved Tube Sound circuit

VOICEMASTER |
—9 . Z

/} £

— gt ¥
>
CALL your Focusrite dealer now //3 — ' :
to see how affordable a quality /' 4/ =
4 !

vocal sound can be. /
. Visit
for more information

Extra cost option

>
Focusrite




“For those whao want ta start making music as
soon as their PC arrives, this system would be ideal.”

Martin Walker SOUND [N §OUND

Sounds amazing

Open the box and unpack the dream.

Incredible power and digital dynamism specially customised by
Millennium Music to maintain amazing audio integrity. It's the unbe-
lievably beautiful Millennium Tower, a vision in aluminium that not
only looks stunning, but keeps its cool in the company of today’s
fastest processors and largest hard drives, delivering practically
silent performance and a world of audio possibilities.

Fram dream fo reality. Millennium make it happent™

m Purpose built, in house ‘ Expert, insider knowledge ” Brand-leading components

Guaranteed to perform a 1 year parts and labour warranty, Troubleshooting, telephone
as specified, first time < 3 year hardware warranty” M 7 support and remote diagnosis

* applies to monitors and hard drives

=)) ) millennium

Mmusic

From inspired idea o polished performance.

Making music is all about having the technical capacity to sup-
port your creativity. There's no room for compromise, and with
audio computers from Millennium Music, you never have to.
Experts with an unfailing enthusiasm for audio, we've spent the
last 10 years helping thousands of musicians, producers and
teachers to achieve amazing results in home studics, profes-
sional installations and academic institutions.

& ._—::?m “Throughout my time with the

Millennium review PC | was

impressed with its combination of
quality components, low acoustic
noise, careful assembly and setting
up of both hardware and software.”
Martin Walker,

Sound on Sound, January 2002

@ steinberg

FULLY TESTED AND APPROVED
BY STEINBERG SOFTWARE!

“I had the Millennium computer

on for three days running

and it never glitched once!” For more options and online ordering visit

st Ui supp WWW.Mmusic-pc.com
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DMX B Fire System

Example system (as pictured above)

Base Coolermaster system with
* 15" TFT Monitor * MAudio Oxygen 8 Controller keyboard
* Black keyboard  * Wireless optical mouse
* Terratec DMX 6 ¢ Black CD-RW
Fire Audio Card

01158552200 02083492090

172 Derby Road, Nottingham NG7 1LR 148 Ballards Lane, Finchley, London N3 2PA

Call our friendly sales feam now or visit...




01158552200 020834920980

172 Derby Hoad. Nottingham NG7 1LR
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Cubase SL & Halion Edition
-both for just

GRM Tools

GRM Tools I

NEW Wavelab V4.0

Wavelab Essentials

NEW WARP Guitar FX Plug In
The Grand

MIDEX 3

MIDEX 8

Virtual Guitarist

Model E

Mastering Edition £BEST
Waldort Attack £79.99

PLEX Mind blowing new plug-in synth!
NEW! vinual Guntarist Electric Edition
HALion String Edition - Awncle orchestra at your Ingerbps!

£124.99
£124.99
£299.99
£CALL
£149.99
£CALL
£69.99
£245.99
£149.99
£CALL

;i WAVES &R

_Vntna

Cubase SL NOW IN STOCK!

The affordable revolution in computer
audio software!

Cubase SX £CALL

Buy Cubase 5 HALion Edition and get a
Cubase SL Upgradge AND S Sounds and
Cycles Sample CDs FREE! £349.99

Buy HALion and get 5 Sounds and Cycles
sample CDs absolutely FREE! £189.99

Houston

Hardware controller tor
Cubase and Nuendo
now only £599.99

Nuenco (Loyalty) now only
£499.99 while stocks las:!

Nuendo £BEST UK

Specialist Centre

www.millennium-music.biz

errors and omissions excepted

Native Instruments
Kontakt

Inspirational sampler plug-ini £225.99
FM7 £169.99
Buy Reaktor V3.0 before the end of
December and get Reaktor Electronic
Instruments Voi 1 AND an upgrade to
V4 FREE! £249.99
Absynth Mac'PC £159.99
B4 Organ £115.99
Spectral Delay £154.99
NEW Traktor DJ Studio V2~ £99.99
Battery £94.99
Pro 52 £105.99
Dynamo £87.99
NI Classic Pack

includes Dynamo and B4 organ
Lounge Lizard

£179.99
£99.99

14& Ballargs Lane. Finchley, London N3 2PA

IK MULTIMEDIA
SampleTank
T-Racks

Making Waves
Celemony
Melodyne

Cre8

Emagic

Logic 5 Pigtinum
Logic 5 Gald
Logic

EVOC20

ES2

EVP73

Best

EVP88

Best EXS24
MOTU

Digital Performer

New Antares Kantos

VIRSYN TERA
Amazing Scftware
Synth

£Call
£Best LK
from £35.99

£599.99
£249.99

£Lowest
ELowest
£Call
£Call
£Call
£Europes

£Europes
£Calt

£Call
£259.99

£179.99

Lots of Sample CDs and software available on our website!

Stylus

Atmosphere

RS

Amplitube

Order online and save £££££s




computer audio
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NEW Hammerfali DSP  Mobile Audio Soluhons

ow 1 incude Zx DI (D)
o m-cwuna“ R RME
e o mang ot e o 1956 Digiface

w e supched Tom W 3x MIDI. SPDIF & werdiock i

&8 A-_w«ou SIPDIF, MIDI
Wodeca Hghone : =

PCM Card for
PC! Card i

v B - You can ot your

96/8 PST £279.99
96/8 PAD £299.99

ESI
Waveterminal

192m

High quality 4 in 8 out
audio card with external
breakout box and 2 high
quality mic preamps

£199%

Call for a complete range
of products from ESI

PC300 E£UK BEST

Studiologic PC180 £89.99

SL990 only  £349.99
SL88O now ony £449.99
SL760 £375.99
SL161 £189.99

NEW Studialogic TMK-B8 fully
weighted 88 note controlier
keybourd - Only £199.99,
Linrted stocs on first shHmant

';W

Evolution
MK149 £76.99
MK249¢ C‘CALL

Ygtte

Evolution MK225

Superb full-featured, space saving
USB controller keysoard.

\
1 nm..n

(LA s

- wth16 assignable

~ rotary controliers
Control Freak £99.99

assic contrdller for almost

hing' £249.99

MAudio with flexibility an
CONTROL!

Event EZbus
Hardware controller, mixer and
audio interface ALL IN ONE!

AN A2 s
vorvrs -
L L

NOW
ONLY

£5499

SD-90

~Massive new synth

Mackie
Control

The ultimate controller for:
Soundscape 32

Baby Hui

Space conscious

professional controller ~ SONAR

for: Digital Performer

Digidesign Pro Tools NUENDO and Cubase SX.
digio01 Additional Support to come!
MOTU Digital

Performer

NUENDO

Soundscape 32

Mixtreme £BEST UK

Reason V2.
£219.99

Power Sampler b
lektra £399.99
£CALL
£CALL

Soundforge V6 £249.99

ACID Pro £249 99

Sonar 1s quite
simply brithiant.
it's got
everything you
need for
recording and
editing MIDI and audto
© V2 now includes CYCLONE an
incredible foop mixer, drum editor
and much more. Sonar s one of
the few options for the prot

£199.99
Sonar 2 XL £279.99

SONAR

&' SONIC FOUNDRY"



01158552200 02083492090

172 Derby Road, Nottingham NG7 1LR 148 Ballards Lane, Finchley, London N3 2PA

s synthesizers
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Great Deals on ALL EMU range

Proteus 2500 NEW LOW PRICE!
Proteus 2000 NEW LOW PRICE}
NEW Proteus 1000 NEW LOW PRICE!

NEW Vintage pro £CALL s = Micro KOl‘g

Virtuoso £CALL .
Mo;hatt €CALL ‘ Massive soqu from Korg's new Micro Monster.
XL-1 £CALL s 1 ' 3 octave mini keys, 4 ncte paly, effects, built in
Planet Earth £CALL vocoder AND mic.
B3 Organ £CALL e 2 ; Y Get one quick the demand is going to be huge!
PK-6 keyboard £499.99 . Tritor: 61 PCALL
MK-6 Keyboard £499.99 I ay

Triton LE £CALL

XK-6 Keyboard £499.99
Triton Studio E£CALL

HUGE PRICE CUTS ACROSS ENTIRE EMU RANGE
CALL FOR DETAILS.

YOI

£779.99
Lead Il £1399.99

C1000 £BEST UK
C10005 Twin Pack £195.99

stock for
next da

repE | NEUMANN
e e pesuisdteeal — www.millennium-music.biz
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YAMAHA

OYAMAHA

20000000 o

‘8-buss digital mixer
el

£319

Call for best UK.deals

The easiest
digital desk
. on the planet.

Compact 16 track hard Now gg
disk recorder Only £8 7 9'«--.-

£IN STOCK £Best UK deals

NEW RANGE OF

- EFFECTS
BEHRINGER MIXERS E

 V-Amp £99.99

UB502 £34.99  Composer Pro £74.99
uB8o2 £69.99 Mulﬂg‘we Pro £129.99
uB1204 £129.99 Muiticom Pro £119.99
£159.99  Feedback Destroyer £119.99

£179.99
£249.99
£269.99

Truth £299.99

~ The biggest sounding studio monitors
for less than £500! z
For full range of Behringer see our website or CALL

iy~

\\7 n 2
A com\p?e'ﬁ?nswe range of professional mixers and effects for the budget conscious.

Get them now at Millennium - Instorz, Mait Order or On Linellt

Trakmaster £189.99 .
Tk (introducing the new ¥ €3 I,
- Comosunder N ULTIMATE TONE FOR GUITAR
- Octopre The ultimate tone toolbox, the new generation PODxT with
- Eventide Ecliipse amp tone from Line 6's flagship Vetta, and effects based on
gf”:isggom £95.99 Echoplex. Uni-Vibe, Tube Screamer and over 40 more PLUS
Antares AYP-1 eCALL Virtual microphones with on'off axis options. delivers unbelievable
Lexcan MPX200 £199.00 authenticity and a vast range of tonal possibilities. USB digital out
dox Mini Pre £99.99 with drivers for Mac and PC coming soon!
~ dbx Provocal £CALL :
5% £499.99 £369.99
- ~ P SR GUITAR PORT £129.99
St P DO Ty T | Realy Nice Comp  £CALL BASS POD £229.99
- NEW voicemaster Pro  £CALL! POD PRO £CALL
5021 mku £429.99 == BASS POD PRO £CALL <
L — ECHO PRO £239.99
T @i 0 @ FILTER PRO £239.99
5050mai  £259.99 g ke

£BEST UK

£
Acid DJ 19.99
Acid Hip Hop 19.99
Acid Latin 19.99
Acid Pro 2 99.99

AKG 240DF phones 39.99
ART Dual Tube EQ 99.99
Biport 2x4 Mac/PC 89.99
Cakewalk Guitar Studio 2 99.99
Casio WK1300 keyboard 199.99
Daytona PCl soundcard 19.99

Electrix MO-FX 249.99
Fostex VF80 399.99
Gigasampler LE £59.99

Midiedge 1x1 ISAMIDI  £9.99
1x1 Serial Pot MDY £19.99

Flying Calf AD £49.99
Portman 2x4 £19.99
Miro DC30 Plus £299.99
Montego Il h's £19.99
Music Time V1 £9.99
Akar MFC42 Filter £279.99
Roland MA150A £39.99
Spirit Studio 16 £699.99

Steinberg Freefitter £99.99
Steinberg Ultravoice ~ £99.99
Mackie MB-E Meterbndge £349.99
TC Electronic

Triple C Stereo £249.99
Yamaha DJX2 189.99
Yamaha DJX2BOX 149.99
Zoom RFX 2000 145.99

Clearance!

" TC Helicon
Voice Prism Plus £979.99

M300 f£Lowest



sound module

Edirol SD&0

The latest Studio Canvas module from Edirol aims to
expand the sound palette available to those who need

GM and GS compatibility.

~EDIROL- s7tupioCanvas SD-80

128 VOICES 32 PARTS 1080 INSTRUMENTS and 30 DRUM SETS

INST EFFECTS SYSTEM < PART b
) ) ALL
) GV GIEED CWID CIEED
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Sound Module

dominated by an LCD window and a rotary
Value Dial and supplemented by 10 further
functions buttons, a volume knob and a
headphone outlet jack. The dial is used for
changing parameter settings, and holding
down the Shift key helps you move through
the values more quickly. A pair of Page
buttons moves between screens when
more than one screen is required to
undertake a task, while Enter works
in the usual way to confirm an
action or execute an operation.
A Preview button allows
currently selected sounds to
be auditioned, and of course
no Sound Canvas would be
complete without its
repertoire of demo songs.
Instruments are selected

of Sound Canvas and Studio Canvas
synthesizer modules, but it goes rather

further than offering basic GM/GS sound
sets. [t's very similar to the SD90 reviewed in
SOS July 2002 (www.sound-on-sound.com/
505/ju asp), but
without that unit's audio interface
functionality. Packed in a half-width 1U metal
case, the SD80 is, perhaps surprisingly,
mains powered with no adaptor in sight. It
offers 32-part multitimbrality, courtesy of
two sets of MIDI ports, and for computer
users, both Mac OS and Windows drivers are
provided enabling a single USB connection to
be used in place of MIDI. Mac users need to
use OMS or FreeMIDI to make this work,
though the setting up instructions in the
manual take you through the installation and
setup of the USB interface (for both Apple
and Windows computers) in very simple,
clearly described steps.

To service 32 parts, the instrument has
128-voice polyphony (though some sounds

T he Edirol SD80 is the latest in a long line

)2/articles/edirolsd9

use more than one voice per note) and
incorporates sound sets based on 1050
individual tones plus 30 drum sets. Three
sets of multi-effects are also built in,
offering all the usual suspects plus guitar
overdrive effects, rotary speakers and
various modulation effects designed to work
with electric pianos. The GM side of the
machine supports GM2, GS and XG Lite
modes, and both 16-part sound engines
have their own stereo outs as well as
separate MIDI Ins and Outs. Alternatively,
the audio outputs can be configured as four
mono outs for greater assignability, while
for use with digital systems, there are also
S/PDIF outputs on both co-axial and optical
connectors.

Though the front panel provides access
to the various sound sets, sounds and drum
kits, and allows effects to be selected and
adjusted in level, any deep editing has to be
done using the included editing software.
This allows in-depth user patch editing.

Controls

Unlike some earlier SC units, the Edirol SD80
has a particularly stylish front panel,

ON225 (€  Roland Coporation mace o samn

The SD8o's 32 possible parts can be accessed either via two sets of MIDI ports or, from a computer, via USB.
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using the Inst button, which
leads into a simple menu
system where instrument or drum sounds
can be selected. The various sound set
options can be chosen here, and then the
individual patches within the sets can be
accessed. A pair of arrowed Part buttons
determines the part being accessed, while
Effects is used to select an effect type or to
adjust an effect parameter. Status indicator
LEDs show which sound engine is being
accessed, what mode is active and also the
MIDI or USB communication status. The MIDI
ports are always active unless a USB
connection is detected, in which case the
USB interface takes over automatically and
the status LEDs change to reflect this.
Around the back of the instrument,
there’s a grounding terminal to provide a

* Good range of GM and GS sounds.

* Editing software included.

* Can be used via USB or MIDI.

* 32-part multitimbral with 128 voices.

* Could be too complicated for some applications

A well-specified and nice-sounding GM/GS synth
with included software editor, the SD80 has the
ability to produce non-GM sounds, but its main
application will be as a GM-compatible module.




Internal Effects

The SD80's internal effects comprise separate chorus and reverb
blocks, an EQ section and the multi-effects section. Though the
type of chorus and reverb is set globally, the amount that can be
applied to individual parts is adjustable and there are around half
a dozen choices for each effect type. The EQ can be applied only
to the physical outputs to which the sounds are routed. Certain
routing options are included to give greater flexibility when using
the SD8BO with a mixer, so parts may either be sent to a
multi-effect processor and then to an output, or sent to one of
the outputs (either stereo or mono) without having multi-effects
added. Only one multi-effect block can be applied to an output —
there is no way to cascade multi-effects.

solid earth for the metalwork of the unit — as shipped the
unit appears to have an inbuilt ground lift to help avoid
ground-loop hum, but in some situations, hard grounding of
the casework may be preferable. The power inlet is a
standard three-pin IEC socket and the four analogue outputs
are on unbalanced, quarter-inch jacks; the front-panel volume
control affects only the level of Output 1. Conventional
phono and Toslink connectors provide the co-axial and
optical S/PDIF outputs and a USB cable is provided to connect
the USB socket to a computer where required. That leaves
just the MIDI sockets: two sets of Ins and Outs are fitted, but
there are no dedicated Thru connectors. Instead, a small slide
switch reconfigures the MIDI routing so that messages
arriving at MIDI In 1 are output again via MID! Out 2. In USB
mode, the MID! In signals are automatically routed to the
computer, whereas in MIDI mode they control the sound
generators of the Edirol SD80 directly.

Sound Generators

As stated, the SD80 can play up to 32 parts at any one time,
where each part can be an instrument or a drum part. These
parts are separated into A and B groups, each containing 16
parts and addressed by its own set of 16 MIDI channels.
There are four sound-generation modes, listed as GM2,
Native, GS and XG Lite. GM2 is the latest incarnation of
General MIDI, and is backwards-compatible with standard GM
data. It includes provision for limited sound and effect
editing, which the original GM format didn't, but in general,
this is the mode to use for GM MIDI file playback.

GS Mode, as most Roland aficionados know, is an
enhanced version of the GM spec, which allows alternative
sounds to be used in place of the original GM ‘capital tones’.
For example, there may be a choice of acoustic pianos that
can be used for patch 001. Because GM and GS sounds are
supposed to be standard, they cannot be changed, though
certain settings may be adjusted — for example, chorus and
reverb type and depth. The number of alternative sounds
varies enormously from patch to patch, with some having as
many as 10 variations and a typical instrument having
between two and four.

Native mode is non-GM, though it makes use of the same
basic waveforms. However, it does allow far greater freedom
in editing and includes two special sound sets that show off
the un-GM-ness of the SD80 to good effect. Finally, XG Lite
mode is a simplified version of Yamaha's XG system, which is
their own take on the idea of GS. The same GM sounds reside
in the same locations in both GS and XG formats, but there
are some technical differences, such as the type of bank
change command required. XG Lite facilitates the playback of

ick a Card...

Waveterminal U24

The new Waveterminal U24 is a
compact USB Audio Interface with
true 24-bit AD/DA converters.
Analogue infout is catered for with
hefty 1/4” jacks with 2 ins and 2
outs. For digital infout the U24
has both, optical and co-axial
S/PDIF and the internal real-time
sample rate converter can handle
32, 44.1 and 48 kHz sampling
rates.

As the Waveterminal U24 is a USB
device it draws all its power from the host computer making it ideal for
laptop location use.

SRP £249.99 inc. UAT

Waveterminal 1921

The Waveterminal 192X is geared up for
serious recording and playback with its
24-bit converters capable of 192 kHz
sampling frequency. There are two
balanced analogue inputs on 1/4" jacks
and six unbalanced outputs, also on 1/4"
jacks. An Optical Digital Output S/IPDIF
connector, capable of up to 24-bit, 96
kHz audio output is also provided.

This in an ideal card for 5.1 surround

sound work as it offers support for Dolby Digital 5.1 and DTS 5.1 surround
formats. The Waveterminal 192X also features a Mic Input (with +12V
phantom power) and a convenient Headphone pre amp

SRP £249.99 inc. UAT

WaMi Rack 1928

The Walli Rack 1928 offers uncompromising audio quality with its 24-bit,
192kHz A/D and D/A converters and four studio quality XLR mic pre amps
with +48V phantom power, headphone output plus eight 1/4” analogue outs
and S/PDIF infout at up to 24-bit resolution. The included 16 channel MIDI
Interface allows for communication with extemal MIDI gear and can also
come in handy in any live situation. The Wai Rack 192X supports the full
DVD-Audio specification.

An impressive all-in-one digital audio solution for any studio!

SRP £599.99 inc. UAT

ARBITER GROUP PLC

Wilberforce Road ¢ London « NW9 6AX

Tel: 020 8970 1909 » Fax: 020 8202 7076
www.arbitermt.co.uk * www.arbitergroup.com
email: misales@arbitergroup.com
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EDIROL SD80

P MIDI files recorded to the XG standard,

though the degree of control over effects
and settings is quite limited.

The CM2 and Native sound sets are
further categorised into four categories for
GM2 and six categories for Native. The four
shared categories are Classical,
Contemporary, Solo and Enhanced, with
Special 1 and Special 2 being added to the
Native set. Classical aims to give the
greatest compatibility when playing generic
GM MIDI files, whereas Contemporary aims
to make the individual instruments a little
more expressive. Solo mode takes this
further and contains sounds that work well
as lead or solo voices, while Enhanced
provides sounds that have been teamed
with specifically designed multi-effects. For
example, here you'll find organs set up with
rotary speaker effects, guitar patches fed
through distortion effects and so on. Up to
three Enhanced sounds can be used at any
one time, the limit being in part due to the
multi-effects structure of the SD8O0.

The two Special sound sets can be used
only in Native mode, and include a mixture
of sounds taken from the Enhanced sets and
more abstract sounds not part of the GM
sound set. Many of the sounds use the
multi-effects capabilities of the SD80. In all
modes, parts may be muted or soloed, but
sound parameters can only be controlled
from the front panel of the unit when it is
set to either GM2 or Native mode. Any
changes made can be saved as a user patch.
Part parameters are fairly basic and include
the obvious things like volume and pan, but
in those modes where editing is allowed,
you also get access to filter settings,
modulation depths, portamento, envelope
settings, effect levels and so on.

The SD80's editing software looks very
similar to that provided with the Roland
XV2020, suggesting that this machine is
based on the latest XV engine. A main page,
styled after a hardware synth, provides
access to all the subsections, each of which
has its own page. This way you can stay
near the surface making only superficial
changes, or you can get right down into the
nuts and bolts to build your own sounds
and effects settings from scratch.

Lasting Impression

The SD80 benefits from a manual that is
somewhat clearer than the usual Roland
offering, but there’'s a still a lot of depth to
explore if you've a mind to. When used as a
playback device for GM MID! files, the
quality of the sound is generally good and
reminds me of the GM bank in my Roland
JV2080. Some of the string sounds are
exceptionally nice, though as with earlier
Sound Canvas units, | feel that some of the
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Those using the SD80 with their Mac or PC benefit from in-depth editing software.

patches are somewhat lacking in sparkle
and/or depth. Certainly the sounds integrate
well in a mix, but if you want something to
stand out, you really need to experiment
with using the Enhanced or Solo sounds.

As ever with Roland products, the drum kit
sounds are strong and cover a variety of
styles, from rock and pop to electronic.

While the non-GM sound capability of the
SD80 is to be applauded, you need to use
the editing software to make any significant
inroads into sound creation or
customisation. For those with the patience,
there's the potential to create sounds that
rival those of the Roland JV and XV machines
in complexity and depth, though | don't
think the factory sounds offer anything that
strays too far from ‘safe’ Roland preset
territory.

The final question concerns the nature of
the user. | could be wrong but I'd imagine
an education user or an entertainer looking
to play back GM MIDI files would appreciate
something simpler, while the more serious
musician could be frustrated by

instrument’s limitations. For me, the SD80
falls somewhere inbetween the traditional
Sound Canvas and something like the
Roland XV2020. Maybe this is in response
to demand, in which case the SD80 should
be a roaring success, but I'm still a little
unsure as to which market the product is
aimed at. That concern aside, the SD80
does what it does very well, the manuat is
more helpful than most (though it still
skimps a little on issues related to
sequencer use and the index includes all
the words except for the ones you really
need) and the generously extended GM
sound set is augmented by a very capable
‘roll your own' section. So, the SD80 is more
silk than canvas, but it's up to you to decide
if it's your bag. E=3

£629 including VAT.
Edirol Europe +44 (0)20 8747 5349,
| +44 (0)20 8747 5948.




24/1.C NEW
PC = Mac0s

Convincing vintage compression and limiting
1s in high demand amongst digital workstation
isers - the 24/7-C Limiting Amplifier brings
one of the most desired vintage models to the
POWERCORE platform.
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&

CLASSIC VERB NEW
PC ¢ Mac0S

CLASSIC VERB 1s the new reverb for
POWERCORE - adding to the powerful

stack of processors included nght out

of the box. This POWERCORE-exclusive
Plug-1n produces nch textures & jush

tails - the reverb for alt musical ”,.*

ioations! =
applications >

| MASTER X3
PC » Mac0S

The virtual Finalizer *or POWERCORE -
3-Band solution with Expander,
Compressor and Limiter per band as well
as ntegrated dithermg. Knock-Out Punch
for your Mixes and Masters!

1\

POWERCORE

The open DSP Platform for Mac and PC.
Includes MegaReverb, EQSat, Chorus/
Delay, Vintage Compressor/Limiter and
PowerCore 01 Synth. Seamless integration

with any VST or MAS sequencer. P 0 W E R c 0 R E

N\
o THE OPEN DSP PLATFORM FOR MAC AND PC

Stop compromising. Unleash pro studio power inside your native
Fr— - recording environment. Run 24/96, multiple reverbs AND compressors
PC  Mac0S AND synthesizers — without maxing out your CPU. POWERCORE's unique
The Vocoding InStrument with classs design with 4 industry-standard Motorola DSPs plus onboard PowerPC™

WALDORF sound. Up te 100 bands of .
vocoding and 8-vov:2 synth, carrier Plug-In provides that power and more.

for L Fill up your virtual racks with rackmount-quality processors right out

(A of the box: lush TC-quality reverds, smooth chorus/delay, vintage
<> compression, de-essing, a comp'ete vocal channel, mastering EQ and
even a virtual analog Synthesizer.

All inclusive — and no significant hit on the CPU! Need even more
power? Add another POWERCORE. And as if that's not enough, pick your
ﬁg?'mLLOASTOR NEW favourite tools from the growing number of 3rd parties, such as SONY,
T ‘ D-SOUND, WALDORF - and many more to come! Join the party.
e new AsSimitator i a tru'y powerful mixi
and mantering toal for FowerCorn: i0arn the

sound of your tavounite mix and apply 1t to
own. Assimilator ( @ver capable ot morphings

between curve sets
ASSIMILATOR

e 2 NEW 24/7-C

The Vintage Limiting Amplifier —
now included with POWERCORE

MASTER X5
PC = Mac0$S

MASTER X5 with 5 bands and 48-Bit double
precision processing provides two extra bands @
A eApansion, COMPression and limiting and
Selectable Cromsover Slooes for ever mord pustl
MASTER Xx* and defined resu'ts. MASTER X5 15 the new
i benchmark for integrated niastering pracessings

System Requirements: Mac/PC, POWERCORE, VST/MAS Sequencer.
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The Vocoder

The Microkorg's vocoder retains the synth's
four-voice polyphony, utilising an oscillator and

a noise generator per voice. As with all vocoders,
two input signals are used. The so-called
Modulator signal (often, but not necessarily,

a vocal input from a mic input) is analysed by
envelope followers and split into 16 frequency
bands, the relative level of which are used to
impart the incoming signal’s frequency spectrum
on the other signal, the so-called Carrier (often

a synth pad or tone, although again, this doesn’t
have to be the case), by means of 16
corresponding band-pass filters.

The cutoff points of the filters can be shifted
up or down to raise or lower the overall frequency
response of the vocoder effect (carefully set, this
could allow you to simulate a male vocal from
a female voice, or vice versa), and resonance
may be added to colour the sound. The current
vocoder frequency response can be ‘frozen’ at any
time by pressing the Formant Hold button. For
editing purposes, the filters are arranged as eight
pairs, or ‘channels’ and, at the output of the
carrier signal, each channel has an individual
level and pan trol. The Envelope foll
sensitivity is adjustable, as are gate threshold
and gate attack time. Controls are provided to
determine how the modulator signal's
high-frequency content will be treated, either
passing through unhindered, or being heard only
when a note is being keyed. The volume of the
passed high frequencies can be aitered for
subtlety or overly sibilant effects, and
experimenting with this can aid intelligibility if
the modulator is a voice.

The vocoder modulation options are not as
varied as they are for a synth patch, but this is to
be expected. The carrier filters may be modulated
by the amp envelope, either of the LFOs, velocity,
keyboard tracking, the pitch-bend wheel, or mod
wheel. The provision of individual volume and pan
controls for each of the eight output
channels is generous, and allows the
creation of lush stereo spreads.

The supplied microphone slots
into a socket on the rear of the case
and has a flying lead that plugs into
Audio In 1 via the ‘condenser’ mic
mini-jack socket. A second
‘dynamic’ standard jack socket is
also available to which line sources
may also be connected, and there's
a mic/line selector switch, which is
a nice touch. Audio input 2, on the
other hand, accepts line-level signais
only. Both audio inputs have a small
trim control knob by the socket
(labelled ‘Volume'!) in order to
match as wide a range of sources as

P> anew note is played, or to pick up from the
release level of the previously played note.

In the amplifier section, there's a simple
level control to determine the overall patch
level, although this acts as a balance between
Timbre 1 and 2 when a layered patch is
created. A pan pot determines left/right
balance and variable key-tracking will increase
or decrease volume level across the keyboard.
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possible. Unfortunately, | found it all too easy to
overload the inputs, yet keeping the level back
didn’t give me a hot enough signal into the
vocoder. A compressor would help, but that’s not
really a sensible option if you're only using the
supplied mic. The mic is suspended at the end of
a long bendy plastic arm, and Korg warn against
bending this arm any more than necessary;

I'll admit to wondering how long this device would
last with some players | could name! The quality
of the mic, though, is well up to vocoding
standards — in fact, it seemed to me to produce
better results than a high-quality mic, probably
due to the vocoder’s analysers and filters having
an easier time of it with an signal of slightly
reduced bandwidth. One very useful aspect of this
vocoder is that an external signal can be used as
a Carrier if you wish, so you're not limited to the
classic '70s-style ‘robot voice’ effect, where a
voice is used as the modulator, and a synth pad
as the carrier; you could, for instance, vocode
rhythm guitar with a drum loop. There's certainly
no shortage of creative possibilities!

The Microkorg is
supplied with its own
mic for vocoding
purposes, and although
it's a little physically
flimsy, it makes a fine
job of it.

The amp section also offers a useful distortion
processor, a simple on/off control which relies
on the levels set in the mixer to determine
just how much distortion is applied.

The Microkorg'’s two LFOs are
near-identical, with the exception that LFO2
offers an triangle wave rather than LFO1’s sine
wave, and also contains an unusual
‘positive-only’ square wave in place of LFO1’s

more usual positive/negative square wave.

A positive-only wave can be useful, for
example, where you might want a pitch
warble to flip between the played pitch and

a higher interval, whereas the more usual
positive and negative wave would warble the
pitch at above and below the played pitch.
There's no positive-only equivalent for the
sine or triangle wave, though, which could
have been useful in simulating guitar vibrato.
Key sync of the LFO is possible, as is tempo
sync, so modulation can be synchronised to
either the internal arpeggiator tempo, or an
external MIDI Clock source at a variety of
cycle values, from four beats per one cycle to
one beat per two cycles.

As mentioned earlier, four so-called virtual
patch routings are available, and it is here
where much of the Microkorg's strength lies.
Each Patch allows the selection of
a modulation source and its application to
a modulation destination, with a variable
positive/negative intensity. Modulation
sources include both LFOs, both envelope
generators, velocity, keyboard tracking, and
the mod and pitch wheels. Destinations
include pitch, Osc2 tuning, noise level, filter
cutoff, amplitude, pan and LFO2 frequency. As
you might well imagine, this gives you scope
for a whole world of modulatory mayhem,
and some of the factory presets show what
can be achieved with a little thought and
application.

Effects, Arpeggiation &
Global Settings

The Microkorg has are two onboard effects
types: modulation and delay. Modulation
effects are confined to three basic types:

a flanger/chorus, ensemble effect and phaser,
and the only controls provided are speed and
depth. The Delay effects also come in three
flavours: stereo delay, cross delay (where
feedback is interchanged between left and
right) and left/right delay (ie. stereo
ping-pong). Despite their simplicity, the
effects are of good quality. | particularly liked
the phaser: it seemed capable of bringing out
a certain ‘graininess’ in the synth’s sound that
reminded me of an old MXR stompbox.

In addition to the two effects, a two-band
equaliser puts in a welcome appearance too.
This seems to be standard fare for the current
crop of analogue-modelling synths, but Korg
offer sweepable frequency bands, which
increases the EQ's usefulness.

The onboard arpeggiator offers six basic
types of arpeggio, including up, down,
up/down and random settings. A further
‘Trigger’ option is not strictly speaking an
arpeggio at all, but is very handy
nonetheless; it allows staccato chords to be
retriggered at the arpeggiator tempo. The
arpeggiator allows a very generous degree of
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models in a compact digital amp priced o
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Not a bad range of connections for such an affordable product —
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there’s the full complement of MIDI connections

{no dual MIDI Out/Thru here), ptus the two sets of audio inputs and headphones socket. It's a shame there are no
pedal connectors, and there's only a stereo output, but this is hardly unreasonable at the Microkorg's price.

P> control over its abilities, including note

resolution (which is adjustable from

quarter- to 24th-note settings), gate time

(0 to 100 percent), range (one to four
octaves) and swing (-100 to +100 percent).
The number of arpeggio steps can be set
between one and eight, and the arpeggiator
may be set to run freely, or to retrigger from
the start of its pattern with every key press.
An option to latch the arpeggio after all keys
have been released is also provided, but it
would have been nice if this control had
made it to a dedicated front-panel button.
The arpeggiator can act on either or both of
the synth’s Timbres.

It's a nice touch that when you're editing
an arpeggio, the Program Number buttons
light to represent the active steps in the
current arpeggio pattern. By turning
individual steps on and off with these
buttons, it's possible to modify the arpeggio’s
rhythmic pattern. If you don’t have fun with

this, it's time to take up a new hobby!

Global settings determine the Micro's
master tuning, transposition, and whether
signals arriving at the audio-input sockets will
be passed through to the synth’s audio
outputs. That the Micro’s keyboard is velocity
sensitive at all must be seen as something of
a bonus, so | was surprised to see a parameter
to alter the keyboard’s velocity curve. It was
slightly disappointing, then, to realise that this
actually only allows the selection of the
keyboard's ‘normal’ velocity curve, or to fix
the velocity output at a predetermined
(ie. non-velocity-sensitive) value between 1
and 127. 1 was extremely pleased, though, to
see an option to determine the routing of
external MIDI. Essentially this enables an
external keyboard to act as if it were the
Micro's own keyboard, with its signal capable
of triggering arpeggios, or alternatively to
bypass the arpeggiator and play the synth's
Timbres directly.
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MIDI Capabilities

While we're on the subject, the Microkorg's
MIDI capabilities are not to be scoffed at
either. Local control can be switched on or
off, and the synth will respond and transmit
on any of the 16 channels, although there
doesn't seem to be an Omni option. The
Microkorg will also send or receive MIDI
Clock messages. In addition to the usual
discussion of note, control and SysEx
implementation, Korg have included a very
comprehensive section in the manual
detailing the Microkorg's many MIDI NRPN
messages. These allow the user an exacting
degree of control over the arpeggiator (even
allowing it to be switched on or off over MIDI)
and the vocoder, to name just two parts of
the synth. if you're not afraid of using
controllers, there’s a great deal of power to
be tapped here. | tried a few examples using
a combination of controllers sent from
Cubase and my old Kawai MM16 fader bank,
and can happily report that everything
worked fine.

A MIDI filter feature can be accessed by

er Interface

There aren't a lot
of controls on the
Microkorg's top
panel; this is
clearly a synth
designed with
speedy live
editing in mind.
To the left is the
volume control,
the arpeggiator

EDIT SELECT

TIMBRE SELECT
1 2

EDIT SELECT 1 FILTER
MIXER FILTER €6
0sc 2 AA
osc1

PITCH

VOICE e

On/Off button EDIT SELECT 2
with associated MOD FX
LED tempo PATCH 4

indicator, and PATEN3
a pair of tri-colour
up/down
keyboard
transpose buttons. Both pitch and mod wheels are
present, though they are slightly smaller than
those on a less size-conscious synth; as a result

PATCHY

1/CUTOFF 2/RESONANCE

ORIGINAL
VALUE

TRAKSPOSE
WAV
wAvE

3/EG ATTACK

4/EG RELEASE 5/ TEMPO

descriptions and the five Edit Controls (above).

The Edit Controls are normally assigned to
adjust (from left to right) filter cutoff, ﬂltov

they are a little more difficult to use with lety.
Further to the right are the Program selection
controls, audio input activity LEDs, the
three-character LED display, and Write and Shift
buttons. To the right of the Program Selection
controls are the Edit Select controls (see above).
The rest of the control surface is taken up with the
printed matrix of program/' der p t

pe attack, P and

arpeggiator tempo, but once the Edit Select

important since in order to prevent sudden jumps
when editing, you have to turn a control to pass
through its original value before any changes take
place. While this is undoubtedly useful in a live

controls have been moved, the five knobs then
control the corresponding parameters denoted in
the screen-printed matrix below. Alongside the Edit
Controls is an LED that lights to indicate when the
physical position of the control being moved

tches its current parameter value. This is
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t, | did find it becoming annoying in the
privacy of my studio, and would have liked the
opportunity to turn the feature off. Fine incremental
edits are carried out by using the Octave Shift
buttons while holding down the Shift button, and
holding down both Octave Shift buttons resets

a parameter to its original stored value.



holding down the Shift key and hitting
Program Number button 4; here program
changes, control changes, pitch-bend and
SysEx messages can be selectively
removed from the MIDI stream. Holding
down Shift and hitting Program Number
key 5, on the other hand,
allows you to specify the
control message transmitted
by many of the Microkorg'’s
parameters. This in turn
enables you to use the
Microkorg as a programmer
for software synths, and
makes it an viable
companion to a compact,
computer-based recording
setup. Combine this with
the Microkorg's option for
battery operation and it's
not hard to imagine a neat
laptop system with this
synth in tow — though
dedicated USB connectivity
would have made this the move,
neater still.

Sounds

Whilst I'm suitably impressed by the
Microkorg's extensive synthesis
capabilities (as | was with those of the
MS2000), | have to say that many of the
presets don't truly do it justice. I'm the
first to admit that this is largely a matter
of taste, but I think it would be a shame if
the Microkorg's presets remained in place,
as they might if users don’t wish to tangle
with the editing interface. There are some
good factory sounds in there, but there
are also some turkeys just waiting to be
overwritten — maybe that's Korg's ploy to
encourage you to come up with material
of your own! Probably due to the
restricted polyphony on offer, there aren’t
many pads, but | programmed a few of
my own and achieved acceptable, if
slightly ‘cold’ results — even allowing for
the polyphony. Some of the basses, on
the other hand, are superbly fat, and
there’s enough edge in many of the lead
sounds to cut through the densest of
mixes. Chunky sequence lines are also
handled with aplomb.

Conclusions

I'm finding it hard to sum up my feelings
about this synth. The synthesis engine is
first class, and the vocoder is up there
with the best of the current breed, but

| can't help feeling they have been
delivered in the wrong box! The
mini-keyboard is where the problems will
start for serious players, and although it
has MIDI inputs so that you can connect

a full-sized keyboard, it can't be
rackmounted. Gigging DJs might be
interested in the vocoder and hands-on
filter tweakability, but the powerful
synthesis features are unlikely to be
tapped by that market — indeed they
might even prove off-putting.
For the serious synthesist who
will find these features
attractive, there's plenty of
depth and flexibility here, but
accessing it via the
Microkorg's interface can be
frustrating. It's to Korg's credit
that they have designed an
editing system that works as
well as it does, with so few
actions needed to leap
between so many parameters,
but although | was itching to

In addition to employing get at the controls, | was
mains power, the
Microkorg can also be
driven from six

AA batteries for use on

slowed down greatly by the
need to keep running my
finger along the printed matrix
and spinning the Edit Select
knobs to get at the parameter
| needed. Maybe time would bring
familiarity.

Then there’s the price... if the
Micrekorg had cost three hundred quid
instead of four hundred, | could have
forgiven it a lot, but as it is, there are other
synths within reach that are also worthy of
a close look, such as Novation's A-Station.
The second-hand market is also beginning
to pass down machines such as Roland’s
JP80BO (which also contains a very capable
vocoder), and even Korg's own MS2000
and MS2000R are also available at
a nat-too-dissimilar price.

In short, the Microkorg has plenty of
positive aspects and some negatives. It's
a powerful synth in a compact, affordable
package, but you have to go through a fair
bit of button-pushing to tap that power. It
offers flexible vocoding options with
a dedicated ready-to-use microphone, and
if you like the idea of working on the
move, the battery operation will be
a godsend to you, but you may not like
the mini-keyboard and limited polyphony.
Personally, | felt that the Microkorg's
compromises might prove too much to
accept — but depending on your priorities,
you might feel it's made for you. E=
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ADAM studio monitors are no
compromise units for all sound

engineers who are interested in the

best possible reproduction of their
Recordings. ADAM monitors have

been constructed with one design

objective only: to achieve the best

sound quality at a given level for

each speaker in the range.
Groundbreaking innovation in RN
electroacoustic  transducers, .,
dedicated design works and LA
superior materials are the
cornerstones of ADAM Technology. o

The A.R.T. (Accelerated Ribbon
Technology) tweeters and midrange
units take a completely new
approach in kinematics to move air
and improve the quality of music
reproduction. The woofers used
have a special diaphragm called
HexaCone". The core is a
honeycomb structure made of
Nomex*“, a very light and stiff
material. The result is a superior
quality and performance in
everyway.
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The authentic reproduction of good
Recordings of acoustical events, a
very much discussed and subjective
issue, is our yardstick in the
unconditional search for the best
product possible. To achieve this goal
we combine our own musical and
acoustical experience with the critical
‘golden ears’ of our professional
customers, and together with the
most advanced measurement
techniques available today, this
ensures rewards in the search for
excellence.
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Tascam Pocket Studio 5

Digitat 4 Track? MP3 Player? Midi Synth Module?
Standard Midi file Player? The Pocket Studio 5 is all
these things and more. Utilising CompactFlash Cards
for storage and a USB port for connection to
personal computers. Comes complete with funky
Headphones teaturing integrated Headset Mic.

The ultimate mobile recording gadget.

£399 Spread the cost at just £35.84 a month (12 payments, 14.9% APR)
NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW

Tascam 788 Digital Portastudio Package

The Yascam 788 is one of the only 8 track recorders

to provide true 24 bit quality across all its tracks

. This pachage comes with an MXL Condenser Mic,

Mic Stand, RKG K66 Headphones and a pair of

Roland MA10A Active Monitors. Includes ai! leads @
and delivery. Total Value at least £1025

Package Price £749 “.I'""a

optional CDRW for £249 LIRS
Spread the cost at just £35.99 a month or £47.95 a
month with CORW (24 payments, APR 14.9%)

Boss BR1180CD Package

The NEW Boss BR1180CD allows 10 Track recording
onto a 20 Gig internal hard drive and comes with
built in CORW. This package comes with an MXL
Condenser Mic, Mic Stand, AKG K66 Headphones, a
pair of Roland MA1TDA Active Monitors and all leads
and delivery. Total value at least £1250

Package Price £949

Spread the cost at just £45.60 a month (24
payments, 14.9% APR)

Korg D1600

The Korg D600 with its touch screen editing and 16
track capability cames fitted with an internal CDRW
and a new exciting price. This package includes an
AXG €3000 Studio Mic and Mic Stand, AKG K240
Headphones, Yamaha MSP3 Active Monitors plus all
{eads and delivery.

Package Price £1499

Spread the cost at just £72.03 a month
{24 payments, 14.9% APR)

Yamaha AW4416 Package

The AW4&416 has hecome the industry standard
professional digital multitrack. This package comes
with a pair of the outstanding Behringer Truth
Active monitors, AKG C3000 Studio Mic with Joe
Meek MQ3 Preamp, AKG K240 Headphones, Mic
Stand all leads and delivery. Total value at least
£3700

Package Price £2699

Spread the cost at just £124.06 a month
(24 payments, 9.9% APR)

ERTON

Boss BR532 Package

The BR532 features 4 track recording to its 32
Meg Smart Media card. Great guitar FX,internal
rhythm track and simplicity of use. This package
comes with an MXL Condenser Mic, Mic Stand,
AKG K66 Headphones, and a pair of Roland MA10A
Active monitors. Includes all leads and delivery.
Total value at ieast £650

Package Price £529

Spread the cost at just £47.51 a month (12
payments, 14.9% APR}

NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW
Yamaha AW166 16 Track Recorder with CORW

Minhali W

new technelogy from Yamaha brings
AW quality, 16 tracks and built in CORW for only
£893. Demand is high and the first units are
beginning to arrive. Please get your order in as
soon as possible to secure yours. Why not take
ge of our introductory 0% fi offer.

£899

12 ths 0% fi , no deposit, only £74.91 a month
NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW

NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW
Korg D1200 Package

The ergonomically designed D1200 12 track offers 16

and 24 Bit recording, REMS modelling FX,and USB for

connection to PG/Mac. This package comes with an AKG

C3000 Studio Mic, Mic Stand, AKG K240 Headphones,

and 8 pair of Yamaha MSP3 Active monitors Total value 2844 1

at least £1450 334 —
Package Price £1199 il

(optional Slimline CDRW £199) Spread the cost at fust
£57.61 a month or £67.17 with CORW (24 payments, 14.9% APR)

NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW NEW
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Yamaha AW2816 Package

The Yamaha AW2816 provides 16 recordable
tracks and comes with an internal CDRW and

20 Big hard drive. This package includes an AKG
£3000 Studio Mic, Joe Meek M3 Preamp, RKG
K240Studio Headphones, a pair of Yamaha MSP3
Active Monitors, Mic Stand, all leads and delivery.
Total vaiue at least £2400

Package Price £1849

Spread the cost at just £91.25 a month
(24 payments, 14. 9% APR)

Roland US2480CD Package

version 2 of the YS2480 now comes with an internal
CORW and an 80 Gig hard drive as standard with
improved and easier editing via the monitor output.
This superb package comes with a pair of Behringer
Truth Active Monitors, AKG C3000 Studio Mic with
Joe Meek M0O3 Preamp, AKG K240 Headphones,

Mic Stand all leads and delivery. Total value at least
£3600

Package price £2999

Spread the cost at just £137 85 a month (24 payments, 3.9% APR)

58 & 59 Woodbridge Road Guildford Surrey GU1 4RF
Tel: 01483 456777 Education Only: 01483 456888 Fax: 01483 456722
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microKORG Synth Novation KS Synths

State-of-the-art analog modeling and multi-band Featuring 4 part multi-timbrality, 16 voice

vocading are finally available in a compact, portable polyphony, and 4 individual outs. The core sound
instrument. With 37 keys and 128 user-rewritable engine is based on the superh LIOUID ANALOGUE

programs, the microKORG Synthesizer/Nocoder technology from the K-Station. Other new features
1s perfect for the performer, producer, computer include HYPERSYNC editing and Single Cycle Oscillator
musician or beginner Iool\'ing') for an affordable ‘ ‘_’_,__'_'_' ll llr Ir “‘ Wavefarms.

synthesizer. KS4 £749 KS5 £849

ﬂNlY £399 and available on 6 months 0% Finance for @ limited period Available on 12 Months 0% Finance for a limited period.
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Studio Microphones E-MU Active Studio Monitors

AKG £1000 £119 “Ne : 4
AKG C1000 Twin Pack £139 New Vintage Pro £499 ;::::: m::gs g:g: :

AKG C3000 £159
AKG C40008 £249 . Behringer Truths £349 g pair
AKG Solid Tube £399 : - Tannoy Reveal Actives  £399 a pair

AKG C414 ULS £449 . Mackie HR624's £848 & pair
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Behringer B1 £89 (]
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Behringer B2 £179 _ \llrtuoso £569

Shure KSM27 £279

Rl Mics come with Shack Mount
except C100S and MKL SP2
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BlueTube Valve Mic PreRmp (were £599)
Now £399 " Proteus 2000 £499
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Now £499 . ® o Dynaudio and Genelec
in stock too
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Focusrite TrackMaster £799
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If your credit card is getting overloaded, ask ahout our easy payment plans from Black Horse Finance.
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Midex 3 £69 mixer a month (24 payments, 14.9
Chainable upto 40 channels % APR)

(0 Cubase ¢ sL 6 Cubase ¢ sx Adat Lightpipe

58 & 59 Woodbridge Road Guildford Surrey GU1 4RF
Tel: 01483 456777 Education Only: 01483 456888 Fax: 01483 456722

www.andertons.co.uk sales@andertons.co.uk




Sales Hotline 0845 302 6060

J];,)JEI 13 a2l =

® amp modeling
® stomp modeling
® post effects modeling
® for MacOS® and
Windows®
Separate Pre, EQ, Amp,
Cabinet and
Mic modeling
1,260 different amp
configurations can
be emulated
10 stomp, amp and post

bedsimin ONIY £269

Based on must-have
modern and vintage
Amps and effects

Steinberg Warp

Three virtual amps: Jazz Chorus, Plexi Tube
Head, Warp Rectified

Three virtual speakers: Comba cahinet, 4x12”
British cahinet, 4x12” Greenback cabinet
Pertect reproduction of all parameters that
form the sound

anke tostemberss LY £129

ASI0 technology

Midiman & MAudio

Audiophile 2496 £149
Delta 44 £179
Delta 410 £199
Delta 66 £239
Delta 66 Omni Studio £339
Delta 1010LT £299
Delta 1010 £499
Audiosport Quattro  £199
Uno 1x1 £45
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Midisport 8x8 £219

-

Local call rates apply
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Line 6
Pod XT
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® 49 Stompbox and Studio Effects

© USB Digital 1/0 ONLY £349

® Full MIDt Suppart

NATIVE INSTRUMENTS

NI Reaktor £219
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NI Kontakt £229
NI FM7 £159
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MOTU

MOTU 896 £999
Moty 828 £699
MOTU 2408 mxa £849
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——————
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standalone effects processor.
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power for microphones, Direct input for
guitar (Hi-2), MiDI in/out.

Exclusive Gold warranty covers everything we sell so even when your gear lets you down - we won't.
0% finance, next day mail order, part exchange, second hand gear, on site repair shop, specialist education division, plus much much more.
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david newman

David Newman

David Newman (right) and Marty Frasu in
the mixing room at Newman’s studio.

iven his family background, it seems
G inevitable that David Newman would

become a composer. Son of legendary
composer Alfred Newman, David is also
brother to composer Thomas Newman,
cousin to Randy Newman, nephew to
composers Emil and Lionel Newman and
cousin to composer Joey Newman. Though
trained as a violinist and conductor, David
now spends the majority of his time
composing film scores and was nominated
for an Oscar for his score to the 1997
animated film Anastasia. His more recent
work includes Scooby-Doo and Ice Age, but
the list is huge and includes many of the
lighter Eddie Murphy films, the excellent
Galaxy Quest, Bill & Ted's Bogus Journey,
Don't Tell Mom The Babysitter's Dead, Throw
Momma From The Train and Critters.

Most of David's scores are for orchestra

or a combination of orchestra and electronic
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Composition runs in David Newman'’s family, and he’s
become one of Hollywood’s most sought-after writers

of music for film.

sounds. The main body of the composing
work is done at David's home studio near
Malibu in California, where David works
with engineer/technical guru Marty Frasu
who ensures that the studio runs smoothly.
Indeed, David and Marty work so closely
together that during the interview they
ended up answering each other’s questions
and finishing each other’s sentences — they
clearly function as a very efficient unit,
which is just as well given that some film
scores have to be completed in only a
couple of weeks. The building contains
separate rooms for composing and mixing.

The Computer Studio

“Primarily the studio is based around a
Logic/Pro Tools TDM system using the

Emagic TDM Bridge so that we can run both
Logic and TDM plug-ins,” explains David.
“The main samplers are Gigasamplers
running on six PCs fitted with removable
drives tor backup. They're fitted with 120GB
drives and we fi'l them all up with samples
— five of them are used for orchestral
samples, with the remaining one handling
any other stuff. We may need to expand this
further, because every time a new library
comes out, we have to reconsider what
we're doing. We also do a lot of in-house
work with the samples, combining elements
from ditferent libraries to provide the best
orchestral sounds we can. The Logic
Environment is set up so that the whole
orchestra is available, but what's weird
about this is that Gigasampler isn't yet able



to do what we did on our Roland
hardware samplers, which is set
several different parts to the same
MIDI channel. We're hoping this will
be addressed in an imminent update.
Each PC is identical and all are fitted
with RME Hammerfall cards which
have both lightpipe and analogue
outputs. There's no real mixer any
more — we have a Mackie 3204, but
that’s really just for monitoring. All
the sequenced parts are ultimately
saved as audio tracks and mixing
takes place in the Pro Tools TDM
environment. All the hardware synths
and Gigastudio PCs return into ADAT

Bridges and 1622 interfaces. That way

you get the mix balanced in Logic the
way you want it, you save it and
you're good.

“| have a Logic Control and
expansion unit, which is all kind of
new. It's very nice but there’s also a
kind of obtuseness to it. Also, when
you're used to controlling Logic from
the mouse and screen, then all of a
sudden the control is over here,
you've got to readjust your thinking.

David Newman's main workstation in the composition room, with no fewer than three computer screens and two video
displays. Visible in the rack are (from left), Korg Triton Rack and TR-Rack modutes, Yamaha CS6R module, Mackie line mixer,
Emu Proteus 2000, Audity 2000 and Planet Earth modules, Roland XV5080 module and VPgooo processor.

It's necessary for me to be able to work
really fast — almost like touch-typing. | have
my sampled orchestra aiready set up in my
Logic default song so | can just start playing,
and the video is running slaved to Logic so |
can use Logic's markers to identify cuts and
cue points. | work through the project in a
serial manner, writing as | go along. Pro
Tools is great for recording and editing
audio, but | write in Logic and then when
we're done and the director signs off on
everything, we make audio files of
everything — of all the synths that won't be
replaced by the orchestra. From then on we
work in Pro Tools.

“| come from a notation-based classical

music background as a violinist and
conductor and originally | would orchestrate
all my own scores — | had no orchestrator at
all. Then, because of the schedules, | started
using an orchestrator. Now, | can get a score
70 to 80 percent orchestrated within Logic
— Logic has a scoring facility, but it's not
really professional enough to print. When
I'm done and the director is happy with the
cue and the scene is locked, | will do one of
three things. Either | will print out my Logic
score, which is somewhere in between an
orchestration and a sketch, or | will stay
within Logic, then send the piece to an
orchestrator who will import a MiDI file of
the cues into Finale, which is what the

copyists use, then whatever issues need to
be dealt with by the orchestrator will be
handled before it is sent to the copyist.
Because orchestral music generally varies in
tempo throughout, t spend a lot of time
using Legic's Rebar feature to create the
correct tempo map for what I've played so
the score will look right. | don't think Logic
handles this as well as Digital Performer.

“I| have actually orchestrated some cues
using only Logic and had parts printed from
it, but it doesn’t look very good and it's
difficult to print up the standard 9 x12 score
sheets. It's lacking quite a few professional
features — it's bad with uneven meters such
as triplet meters, and you can't even

Sound & Picture

One technical development that
David Newman has enthusiastically
embraced in recent years is the
ability to run digital video alongside a
sequencer within his Apple Macs. “In
our rig there's an old Miro Video
DC30 Plus card, which still works to
this day,” says Marty Frasu. “It's
been discontinued so we even bought
a few spares off Ebay and we use it
digitise the movies from the tapes
we're sent. Some of the FireWire
boxes look pretty good too, such as
this Canopus model we have — back
in the old days, you'd have to slave
the audio to the video recorder and
keep rewinding the thing, then wait
for it to sync up, but now the audio is

the master and the video sl to
that.”

“In Pro Tools the video behaves as
Jjust another track and it's
time-stamped, with lots of good
post-production features,” explains
David. “If anything really changed the
way this composition setup works it
would have to be digital video. In the
newest version of Pro Tools there's a
new feature called ‘Send DV out of
FireWire port' meaning that you can
plug in a Canopus box, composite
video will come out of it, and you can
put it up on a monitor. It has to go on
a monitor — we can't use a little
QuickTime window.

“Though the Pro Tools video is

P d, it looks just as good as
the video they send you to work with,
which is deliberately degraded to
prevent piracy. We've been working
this way since Galaxy Quest three
years ago and | really don't
understand why we're still the only
ones working this way, because it's
so fast. | have the video on a big
plasma monitor and you wouldn’t
know it wasn't a video tape — but
when | move Logic to bar 20, the
video goes to bar 20. Having worked
this way, | can’t imagine going back
to a system where the music slaves
to the video.

“It's not as though there are
standards for doing this kind of work.

january 2003 ¢+ SOUND ON SOUND

If the film companies would send us
pre-digitised video on a drive ready to
go, that would be great, but they still
send the video tapes and we have to
digitise them ourselves. Now that
Apple have bought Emagic, I'm
hoping that not only will they improve
the scoring side of the package but
also include serious video support.
The DV-to-output thing that Pro Tools
does and that Final Cut Pro can do
should be included in Logic, but so far
they haven't done it. | emailed
Gerhard Lengeling at Emagic a month
ago and he told me it was on a
wish-list, but perhaps film composers
and TV guys are too small in number
for it to be a priority..."
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P step-enter them. It's also impossible to have

different parts playing the same bars in
different time signatures, which is
sometimes necessary for avant garde
things. However, since Apple bought
Emagic, I'm hoping that they will continue to
improve the scoring aspects of the program
to at least make it good enough for
academic and commercial use, something
session players can work from. If they did
that, | probably wouldn't use an
orchestrator. | have to orchestrate
everything anyway, insomuch as | have to
mock up every cue using samples so that

I can sell it to the director with the video

going.”
Orchestral Samples

Although the orchestral elements in a David
Newman score witl ultimately be recorded
by real musicians, it's important to demo
them with a realistic sampled orchestral
representation so that the director has a
good idea how the finished thing will sound.
| asked David to describe his sample library:
“I've got just about every orchestral library
there is, and | mix and match samples to get
what | think sounds best for different
situations. My legato strings, for example,
are made up of four different layers from
four different libraries. | think we've bought
almost everything — all of Dan Dean's stuff,
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tons of llio and Spectrasonics, but it took
several months to put together the
orchestral samples that sound good and
then layer them so they were easy to play.
I use the expression pedal to go from very
dark to very bright and the volume pedal to
add dynamics.

“The setup is liable to change every few
months as new libraries come along. For
example, this new Vienna orchestral library
looks very interesting, but | haven't heard it
yet. Apparently it includes all the legato
intervals as separate samples, which is a
pretty cool thing to do. For example, if you
go from an A to an F sharp on the D string
on a violin, that's a different sound from
using your fourtn finger on the A string. If
they've got it right and the voices can really
speak that fast, | will be really interested
because it's hard to do staccato and other
fast things like that.”

When the time comes to have a real
archestra replace David's sequenced
orchestral parts, he uses his own mobile Pro
Tools rig, which he brings down to the film
sound stage. “I always have lots of
electronic tracks, so once the orchestral side
is complete, I'll make a stereo mix of al! my
synth elements as an AIFF file,” explaims
David. “I can't time-stamp this, which is
another bugaboo for us right now — we
haven't got the OMF thing sorted out yet —

An Apple laptop for mobile work and an Emagic Logic
Control fader surface occupy the left-hand part of the
desk. Visible behind the laptop is another rack
containing a Roland XV5080 module, Akai Z8 and
S5000 samplers, Lexicon PCM91 reverb, Yamaha FS1R
FM synth module, MOTU 828 FireWire interface and
Denon CD player.

50 Marty has to take the file and place it at
the correct SMPTE location in Pro Tools.
Then he puts it into our mobile Pro Tools HD
system, which goes to the sound stage
where we record the orchestra. While they
play, my synth tracks play along. If
something changes at that stage, then either
we'll edit it there and then, redo the
orchestra stuff, or we'll just go back and do
it another day. Things get changed all the
way through the dub, and actually things
change to an almost ridiculous degree. it's
not the fault of the directors so much, but
rather the system itself and the process.”

“One of the biggest advantages of taking
the Pro Tools rig down to the stage is that
although the music is recorded in one piece,
we may do a couple of takes, so we can edit
together a best final take right there in front
of the director,” adds Marty.

“I don't really understand why other
composers don't work this way,” continues
David. “Because everything is non-linear, we
can jump to any section of the recording to
replace a section or do a pick-up. It's so easy
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Doing The Splits

A major advantage of mixing almost
entirely within Pro Tools is the
ability to recall any session
completely and instantly. “You'll set
up for a certain mix, and then they’ll
want various parts split out at the

dubbing stage,” says David Newman.

“The technology is much more
prevalent in post-production where
Pro Tools is almost ubiquitous, so
they ask for individual tracks
splitting out in all kinds of bizarre
ways. It can get really weird, but it's

easier to do with our present system
and we've learned as we've gone
along that it pays to remain as
flexible as possible for as long as
possible.”

“We would prefer to send just a
five-channel mix — we don’t do the
point one here, that's left up to the
dubbing stage — but if we only sent
the five-channel mix, they wouldn’t
be able to split out any of the
separate elements,” continues
Marty. “In the past we have spent

days going back in and splitting out
mixes, but fortunately now, the
individual elements are there as well
as the mix so it's just a matter of
reassigning outputs and running it
again. We use mainly plug-ins so we
can instantly get back to where we
were — every effect and its settings
is saved. The only outboard we use
now is a TC System 6000 which is
used for surround hall reverb. We
use the Sony Oxford EQ plug-in for
EQ, all the compressors are plug-ins

— pretty much anything you might
want to reset is all there and saved,
s0 to go back and change things is
pretty straightforward.”

“The only issue | have is whether
the sonic quality of some of these
plug-ins is as good as the best
hardware outboard, but Marty thinks
that the mixes are now sounding
better than ever — even when
compared to stuff that we mixed on
really good boards,” concludes
David.

P and so fast, and as Marty said, we use the

AVl option in Pro Tools so the picture is
always there, and if you mess up a take, you
go back and in 20 seconds you're done
rather than waiting minutes for separate
machines to lock up. it doesn’t look
professional when you're waiting two
minutes every time for the audio and video
to lock up, and of course wasted time with
an orchestra is extremely expensive. Add up
the wasted time over the course of a day
and it could be 45 minutes — which equates
to around 20 or 30 grand"”

Moving Targets

The ‘mobility’ of David's Pro Tools setup is
strictly relative — it resembles a very large
wardrobe, and you can't just pop it in the
back of the car. “We get these big cartage
guys — they show up, they push everyone
out of the way, they roll it into the studio
and it's the same thing on the way back!”
laughs David. “The system we had before
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that was a little more conventional — we
had a Euphonix desk, racks of outboard
gear, we'd rent a tape machine and it took
an entire day to set up. | remember being
absolutely exhausted, but with this rack, we
can hook up the audio with a couple of
ELCOs, plug the power into the wall and I'm
away.”

Marty adds: “A lot of it comes down to
intellectual planning. Everything is Pro Tools
— we have a Pro Control control surface
when we're mixing here, but down on the
sound stage, the Pro Tools rig is just
working as a tape recorder. They have a
huge SSL console on the Fox Studios
Newman sound stage — there's only four or
five places you go to record anyway and we
can hook into their systems easily. We have
been talking about using some out-of-town
facilities, in which case we're going to have
to talk about ways we can do that.

“Some people are still reluctant to use
hard disk recorders because they think

they're less reliable than tape, but we've
worked at the Newman sound stage a lot
and the Sony 3348 digital tape machine they
had was always breaking down. As a
backup, we take along a couple of Tascam
24-track HD recorders, so in an emergency,
if anything went horribly wrong, we could
pull the drive out of the Pro Tools system
and drop it into the Tascam machine and
keep on working. We've never had to do it
yet but I've tested it to see if it works and
it's OK.

“A lot of the smooth running has to do
with file management and backing up — it's
a whole different paradigm to tape. I've
already talked about the unmanageability of
doing it the old way, and as you rightly
pointed out, it's a moving target. This is the
only we we know to manage everything in a
way that doesn't send us crazy!”

The Electronic Element

One of the characteristic features of David
Newman's work is its
juxtaposition of
classical, orchestral
elements with synths
and non-orchestral
samples. “To me,
every score is a
hybrid score because
| try to use some
electronic elements
in everything,” he
explains. “They may
be electronic but

The right-hand rack in the
composition area, including
Rocktron Hush noise
suppressor, Behringer
Composer compressor, Rane
preamp/mixer, professional
VHS machine, Joemeek
TwinQcs voice channel and
Yamaha A100 power amp.
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Listen and Believe. The Demo Cube with over 500 MB of orchestral sample data, MID! templates, tutorials
and audio demos is available for just £ 5,- directly from Time+Space
Call 01837/55200 or visit www.timespace.com.

£

www.timespace.com

Check out the Vienna Symphonic Library website for ext=nsive information and spectacular on-line demos.
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11344002 david newman

P | just think of them as other sounds — as an

extension of the orchestral sound set. If you
sat down and listened to something I've
done, you might not notice the electronic
parts that much, but there's usually more
going on than there appears. If | pulled out
the electronic elements, it would probably
sound as though something was missing,
but when they are in, it's not always obvious
that I'm using sampled or synthesized
elements. This is the advantage of working
the way | do — the reality is that
orchestrate and listen to all the electronic
parts as | go. If | need something in a certain
range or with a certain texture or colour,

I might solve that issue by using an
electronic instrument. In a typical movie,
maybe 90 percent of my cues will include
electronic elements, but usually their
contribution will be subtle unless the movie
demands something more
electronic-sounding. There was a movie | did
recently called Brokedown Palace which was
set in Thailand, and that needed some more
exotic sounds — and there were quite a lot
of electronic elements in Scooby-Doo.
Because that's essentially a kids movie, the
score included a lot of beats and rhythm
elements.

“I did a film very early on called
Heathers, which was a very popular
American film with an all-electronic score,
and | did approach it completely differently
to my orchestral compositions. | approached
it really minimally, but in the main it’s not
what | get to do. However, | do often start
doing orchestral cues with electronic sounds
and there was one — a Danny DeVito film
| did recently called Death To Smoochy,
which did really poorly at the box office,
even though | think it is a terrific movie —
that appears to be all orchestral, but there
are lots of sounds that are not orchestral,
like growling, mean and toy-like sounds.

I built the orchestral parts around that.

“I'm a violinist and received an
undergraduate degree from USC in Los
Angeles, and | vividly remember rehearsing
Stravinsky's Petroushka when | was at
college where the bass clarinet wasn't there
because he was sick or something, and it
was as if the bottom was gone. And that
really stuck with me — each sound has its
own place, and if there's an electronic
element, it means you don't necessarily
need to have an orchestral element.”

Beat Browsing

If a composer writes with sounds he knows,
such as the orchestra, then the need to
audition samples is relatively limited.
However, when working with a large library
of electronic sounds, it's vital to have them
‘organised in such a way that they can easily
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Newman's portable Pro Tools HD recording rig.

be auditioned and incorporated into a
session. “Because | have so many sample
libraries, it would take an age to try them
all, so Marty has put all my sample libraries
into iTunes as MP3 files and then
categorised them so | can audition the
different sounds very quickly using what we
call our ‘beat browser' to search,” explains
David. “It's like a musical database that you
can cross-reference from your laptop
without actually having to load any samples.
You find something inspiring that leads to
something else and it grows, then you get to
a point where you know where you're going
with it.

“I don’t have all my hardware synth
sounds in iTunes, but | think all this
hardware is going away at some point.
| have my setup arranged so all the synth
patches come back when | open a song, but
it’s easier with plug-in instruments — with
hardware, you have to keep track of

whether you've edited a patch or nat, then
decide how to save it. | can pull up any of
the software instruments we have and you
get a great user interface — you're not
wandering though menus wondering where
the filter settings are. There's a case for
having hardware synths with a plug-in style
interface so you can drive them from your
monitor and mouse.

“Having said that about hardware, we are
using the Roland VP9000 and we still use
our Akai samplers — which are good for
working where all the elements of a
Spectrasonics Groove Control loop are split
out separately. | particularly like the way the
Groove Control loops leave space for you to
put your other instruments and sounds.
Some of the stuff out there is so busy that
there's no room to add anything else. Noise
Box and Stark Raving Beats work really well
with the elements split out. As well as those
two, we used Skippy's Big Bad Beats all

Key Issues

It's of paramount importance for a film composer
to be able to work fast, and David Newman is
always on the lookout for features and products
that can help to sti line his king p

“A great feature of Logic is that you can

S t various setups and then just call them
up with key commands,” he says. “l use the
Powerkeys system that Daniel Hamuy, a
composer and orchestrator from LA, has come up
with [check out www.powerkeys.com for more —
Ed]. With Powerkeys, there's a little printed thing
stuck on the keyboard, like a littie cheat sheet
listing the main commands. Daniel spent a lot of
time with Logic and tried to figure out a logical
way to organise the keyboard commands —

| spent time trying to do my own when | first got
Logic but his setup is good. Obviously there are
other things too, but you just learn them as you
go. A lot of people in town use the same key
command set so it's become something of a
standard.

“There’s also a product on their web site that
my orchestrator designed, called the Cue Log
Manager — it's the only way we can all stay
organised. It is a Filemaker database which we all
use — the composer, orchestator, Marty, the
scoring engineer, music editor and so on — that
lives on my server. Since we use the Server
version of Filemaker, we can all use it at the
same time and it updates instantly.”



through Scooby-Doo. Stylus is also good for
variable-tempo things — all that elastic
tempo stuff is great. It wonderful to be able
to take something at one tempo and use it
at a very different tempo, and I've also used
the VP9000 a lot — for example, | did a
movie called Bedazzled, which had a whole
section of flamenco guitar, and | had to
accelerate it to match the tempo of all the
foot-stomping on the video.”

When it comes to software instruments,
David also has his favourites: “I'll tell you
what I'm in love with — that Emagic
Clavinet. It sounds so cool. | just got the
0S X version and it’s inspiring. Their electric
piano is also very nice and | think the Native
Instruments B4 is great. My great concern at
the moment is that when [ start piling up all
these virtual instrument and plug-ins as well
as the video, the computer is going to reach
its limits. Hopefully they will let you chain
up a bunch of those XServe rackmount Macs
to get around this. I'd like the whole system
to be scalable. OK, you have to learn how to
use the software, but beyond that, the
technology should just disappear — the
technology should be transparent. | don't
want to have to think about anything other
than my musical ideas.”

To The Mix Room

Both the composition and mixing rooms at
David's studio are equipped with surround

monitoring systems. The mix room is again
based around a big Pro Tools system, but
this time controlled from a large Pro Control
work surface. The removable drives from
the mobile system can be slotted in here,
whereupon the orchestral recordings plus
the synth tracks (saved as audio tracks) can
be mixed into five-channel surround plus
any discrete tracks that may be needed for
break-outs. The recording system can
output up to 64 discrete tracks at once.
“Before we had this, a cue would take me
an hour to burn to audio,” says David. “Now,
we put the whole cue in a Logic folder,
spread it over a few drives and do
everything in one pass with all the plug-ins
and everything. | need to print everything
with the plug-ins active, which is something
I'm a little on the fence about because
ultimately, | think I'd prefer not to print with
plug-in effects, but there’s no way to get the
plug-ins from here to the mix. You couid
print each track twice, once with plug-ins
and once without, but then you have to
explain to the engineer what the plug-in was
that you used and what it was doing. I'm
sure this issue is not unique to me. Perhaps
there should be some form of read-only
plug-in that you could send along with your
projects allowing the engineer to make final
adjustments at the other end — or at least
something that saves the plug-in screen
graphics so the engineer has some idea of

Marty Frasu at the large Pro Control control surface in the mixing room,

what you used and what settings you had.
We can't do that so | print everything except
the reverb. It's important — if you move a
project from one Pro Tools studio to another
and the second studio doesn't have the
same plug-in, what do you do?

“When I'm done with a couple of cues,
I burn a CD of the audio files and give it to
Marty. This is where the OMF thing comes
in. We still haven’t got it to work exactly the
way we'd like it, but ideally, we'd OMF it into
our Pro Tools Session.”

High Drama

David Newman already has one of the most
impressive track records in Hollywood, but
he shows no sign of relaxing just yet. “As
you've probably noticed, most of the films
I've done are pretty light-hearted and it
would be nice to do more of a variety of
styles,” he says. "However, in this business,
one does tend to be asked to compose for
one particular genre over another. You do
tend to get typecast. About 20 percent of
the films | have done have been dramatic or
art movies, but the films that have been the
most successful are romantic comedies or
just outright comedies. | would like to do
more films where | have a bit more freedom
to experiment with this synthesis of
orchestral and electronic melding. | find that
element to be one of the most interesting
aspects of scoring for films.” E=
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" microphone

Samson (0

Samson seek a share of
the budget microphone
market with their highly
competitive new large-
diaphragm condenser.

line of Chinese-built, low-cost studio

capacitor microphones, but, rather than
simply badge an off-the-shelf model,
Samson seem to have had this one built
specially for them. The overall case style is
not dissimilar to the Superlux and Red5
Audio mics we reviewed earlier this year,
but here the cardioid capsule is 19mm in
diameter rather than one-inch (25mm),
though it still features the same
three-micron thick, gold-sputtered
diaphragm construction. There are no pad
or low-cut slide switches on the mic, though
there is a LED that illuminates when
phantom power is applied, indicating which
side you should sing into. With the main
body finished in matt silver, the mic's basket
section has a dark grey metallic finish, as
has the included swivel mount. Externally,
the standard of engineering is impressively
classy and the mic comes in a nicely
designed, rigid, foam-lined plastic case. An
optional SPO1 shockmount is also available.

The frequency response of the mic

T he Samson CO1 is the latest in a long

Samson CO1

« Affordable.
* Nicely engineered and styled.

* Noisier than some competitors.

A stylish and nice-sounding budget capacitor
microphone suitable for project studio
close-miking applications
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shows a gentle drop-off below 80Hz, plus

a gentle presence/air boost centred around
10kHz. The response is quoted at 40Hz to
18kHz (the graph indicates that levels are
down by around 6dB at these points), which
is more like the Rode NT1 than the models
mentioned earlier. Sensitivity is quoted at
33dB/Pa and, in practice, this was
comparable with the other capacitor mics

| tested it against and, indeed, a little higher
than some. The maximum SPL handling is
136d8B, which simply means loud sounds
won't upset it.

In Use

Tonally, the CO1 has the bright, open sound
associated with this type of microphone
and, in direct comparison with my Rode
NT1, it sounded slightly more airy at the top
(as the frequency response curve suggested
it might), but less solid at the low end.
However, when | checked the ambient noise
level, (at similar levels measured at the
preamp output), the Samson seemed to
generate several dBs more noise than the
mics | compared it with, including my Rode

| |
JE 1%

Conde
N

| |
s
\ B

Micro .

NT1. In a typical close-miking situation, this
proved not to be a problem, but it means
the CO1 would be less suitable for singers
with quieter voices or for any sounds
recorded at a distance.

Overall, the CO1 has almost everything
going for it, from UK price to quality of
finish and sound, with only slightly higher
background noise than expected betraying
its budget nature. To be able to buy a
good-sounding capacitor microphone for
anything like this price is astonishing, but,
in critical applications where slightly higher
self-noise may be problematic, it may be
worth spending a little more on something
quieter. E=

CO01 condenser microphone, £79; SPO1
shockmount, £29; C01 & SP01 set, £99.

Sound Technology +44 (0)1462 480000.

@ +44 (0)1462 480800.

Il info@soundtech.co.uk

m www.soundtech.co.uk

Ed www.samsontech.com



MOBILE)1/0 &/

Firewire Audio Interface RICHALD

There’s Mobile......

....and then there’s

MOBILE)I/O

Any Application, Anytime, ....Anywhere

+ 24-bit, 96kHz
+ 18 Simultaneuos Inputs,
8 Analog, ADAT Optical, S/PDIF / AES
+ 20 Simultaneuos Outputs,
8 Analog, ADAT Optical, S/PDIF / AES & H/Phones
« Wordclock 1x, 256x
* FireWire (MIO can be powered via the FireWire port)
« ASIO Drivers - OSX Drivers
+ MIO Console with Matrix Routing, Mixer,
1/0 Metering and Record Panel
(allowing direct recording without the need for host software)
+ Multi unit support (up to 4 MIO's)
+ + DSP Module offers processing for available third party plug-ins

Introducing the Mobile I1/O Series of Modular Processing Audio Interfaces.
The first in the series, Mobile I/0O 2882, is a portable, high-quality, modular
FireWiren based multi-format audio 1/0 for professional and multimedia
applications.

Mobile 1/0 2882 will support all of the standard
professional & multimedia sound driver API's. , (\)\\‘7

8
Unlike other emerging 1394 audio solutions, ‘Ifmc’ﬂm
Mobile I/O is based on a fully field-upgradeable, M ' ')I/O
programmable audio engine, which future-proofs 10 Au bpergane
users against changes to the FireWire ;
spec and provides a low-cost path X .

to future enhancements.

Metric Halo products are distributed throughout Europe by audiostate distribution Itd.

WWW. state.co.uk

tel: 01933 227228



software

Sonic Found

With the addition in
version 4 of surround
sound mixing, ASIO
and VST Instrument
support and an
expanding MIDI
functionality, Sonic
Foundry are attempting
to move Acid beyond
its original role in
loop-based music
creation.

OS last looked at Sonic Foundry's

Acid Pro in January 2002 when,

in addition to the core
functionality based around pitch- and
time-stretching of audio loops, new
features included MIDI tracks, a Video
window and two new tools: the
Beatmapper and the Chopper. While
the MIDI features of version 3 could
perhaps best be described as ‘basic’,
all the new features were certainly

Acid P
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very usable and, despite obvious
competition from the likes of Sonar,
Acid 3 is an excellent creative tool,
either used on its own or sync’ed to a
MIDI + Audio sequencer.

A year later, Acid Pro v4 is upon us. It's
still a loop-based music creation tool first
and foremost, but, aware of both increasing
competition and new developments in
computer audio (such as an increased
interest in surround mixing), Sonic Foundry
are continuing to develop the program
further. Version 4 therefore includes an
impressive array of new features. Topping
the list of new capabilities are 5.1 surround
sound mixing, step, piano-roll and event-list
MIDI editing, ASIO driver support, VST
Instrument support and plug-in automation.

Acid Basics

As with most modern music applications,
installation of Acid Pro v4 is a largely
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The user interface of Acid Pro v4 contains all the elements
familiar from earlier versions of the software.

automated process. The install application
also offers the user the option to register
the software via the Internet. On the test
system this all worked without a hitch. Sonic
Foundry’s system requirements are pretty
basic, a 300MHz processor and 128MB RAM
being the key elements. Windows 98SE, ME,
2000 and XP are supported.

Given there are so many new features to
consider in this release, it would be a shame
to spend too much time here going over the
basics of Acid. For those totally new to the
software, the reviews of earlier versions are
available via the SOS web site at

and w u

). In essence,
however, Acid Provides a means of adjusting

( [JOUND2); FIOUND)

« Still a first-class environment for working with
audio loops.

* Excellent new features including 5.1 surround
mixing, VSTi and ASIO support

* Considerable improvements in MIDI support.

* MIDI quantise functions limited.

Version 4 brings some significant new features to
Acid Pro. For those whose music production is
dominated by audio loops, Acid Pro v4 offers a
first-class working environment with enough
MIDI functionality to cope with many tasks.
Surround, VSTi and ASIO support are also very
welcome additions.
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In a surround Project, track panning can be switched between the five surround speakers or to the LFE (subwoofer).

the tempo and pitch of the audio loops in
real time. For example, a drum loop
recorded at 120bpm can be automatically
time-stretched to play back at 100bpm while
maintaining the original pitch. Conversely,

a bass line recorded with a root note of A
can be pitch-shifted to play back with a root
of G but without altering its tempo. As
described in the earlier reviews, the end
result is a system that allows quite complex
arrangements of audio loops to be
constructed, all with the flexibility of instant
pitch or tempo adjustment,

In addition, Acid includes the ability to
record audio or MIDI tracks and, while the
software's capabilities in these areas are not
perhaps as strong as that of a dedicated

MIDI + Audio sequencer, they are certainly
good enough for more than just occasional
use. Add to this an excellent user interface
and a host of other features including
DirectX effects, video playback and a
versatile range of output options, and it is
not difficult to see why Acid has carved
itself a significant market with musicians
and multimedia audio producers. Of course,
all these features are still present in version
4... s0 what about all the new stuff?

You Are Surrounded

Surround sound mixing is becoming
increasingly interesting to project and home
studio owners. Acid now supports 5.1
surround sound, and new Projects can be

specified as either stereo or 5.1 — although
obviously the audio hardware in the host PC
will need at least six physical outputs to
feed whatever 5.1 playback system is in use.
For 5.1 Projects, a low-pass filter can be
enabled (with a selection of suitable cutoff
frequencies) for tracks assigned to the
subwoofer ‘.1’ or LFE channel.

In a surround Project, the pan control in
each track in the Project can be assigned to
either the ‘S’ or to the ‘.1’ (LFE) but not both.
This might be considered a restriction if you
just want to send the bottom end of your
bass or drum track to the subwoofer as well
as all of its frequencies to the surround
speakers. In the surround Project demos
supplied with Acid, Sonic Foundry simply
overcome this by having two identical tracks
— one panned to the surround channels and
the other to the LFE channel — with the

Test Spec

* Sonic Foundry Acid Pro version 4.0a build 237.

* Pentium 4 1.6GHz PC with 1GB RAM, dual-booting
into Windows 98SE and Windows XP Professional.

* Echo Mia 24, Yamaha DSP Factory and Yamaha
SW1000XG soundcards.

OMNIRAX ==rimure

Mixing and Keyboard Workstations
DK

OMNIRAX Studio Furniture provides a clean, uncluttered installation solution, improving
your workspace and enabling you to create and produce your best work in a comfortable
and stress free environment. A constantly expanding range of furniture is available for all
current mixers, keyboards and computer workstations.

Please visit: www.audioagencyeurope.com for product specifications and purchasing
information. Full technical brochure and price list free on request.

Tel: 01908 510123 @udioagency

ncyeurope.com
B Daatrivetar

info@audi
www.audioagencyeurope.com

VocalBooth.com sound rooms are the
perfect addition to your studio.
Supplied flat packed, our rooms are
complete stand alone endosures with
four walls a ceiling and floor.
Optional features indude window
panels, ventilation system, interior
lighting and wheels.

Effective soundproofing, great
acoustics, durable construction and
great looks, allow our vocal booths

Perfect Recordings in a perfect world!

Ew m

VochBooth.com

Applications Include:
Recording, broadcasting, voice-overs,
educational and band practice.

VocalBooth.com sound rooms easily
assemble within on hour with no
tools required using “Easy Connect
Panels” ond can be quickly
disassembled for relocation.

Standard room sizes are available in
4ft x 4kt wp 10 1681 x 161,

Please contact us for full technical
spedifications and price list.

BR/Larapans Biatrivater

udioagency
Tel: 01908 510123
, &

info@a
oagencyeurope.com
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» volume sliders for each

software

SONIC FOUNDRY ACID PRO 4

The surround sound panver, | R |  |nstruments dialogue

with the Centre volume fader CINEMATIX | ncPROMO... s+ e

a2 / Preferences menu)
s 4

and Smoothness fader used in
pan automation. f_’m

track used to balance
them. An alternative »
approach is to insert a -
buss and assign the buss
output to the LFE. Send

levels to the buss from

any of the tracks panned Smooth

(available via the Options

allows the user to specify
K4 up to three drive locations
* where plug-ins are stored.
Choosing Insert / Soft
Synth allows a virtual
instrument to be added to
the project and creates a
new channel strip for the
instrument within the
Mixer window. A MIDI
track can then have its

to the surround speakers
can then be used to
control the levels going to the LFE channel.

Double-clicking on the surround pan
control for a particular track in the Track List
opens a larger version of the surround
panner for more detailed control. Individual
speakers can be muted if required and, for
more control over the use of the front centre
speaker, a separate volume slider is
provided {so there's plenty of scope for real
or phantom centre placement of sounds).
Pan position can be automated by using a
key-frame system for individual tracks, for
either creating smooth movements of
sounds or bouncing material around from
speaker to speaker. The panner also offers
balance and constant-power options.

The whole panning system for 5.1
projects seems to be well implemented and
is certainly very easy to use. When a 5.1
project is rendered, Acid can create six
mono WAV (or AIFF) files. These could then
be incorporated into whatever authoring
application is being used to create the
finished project, where the audio could be
data-reduced if necessary using something
like Dolby Digital AC3 encoding. By default,
Acid does not provide any further encoding
but, as we were going to press, Sonic
Foundry announced a multi-channel
encoding and DVD burning plug-in for Acid.
Further details are provided in the Acid
Burns box below, and the plug-in should be
available by the time you read this.

Going Soft

A further significant new feature is support
for VST Instrument plug-ins, and demos
from Native Instruments and TC Works are
provided with Acid Pro 4. A new VST

As we went to press, Sonic Foundry announced a
5.1 Surround plug-in pack for Acid Pro v4, which
will provide two functions. First it will implement
Dolby Digital AC3 encoding with many user-
customisable options over settings such as data
rate, sample rate and dialogue normalisation.
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output assigned to the
soft synth via the Track
List. On the test PC, both under Windows
98SE and XP, | had no problems running the
various demo instruments supplied with
Acid.

As a further new feature of Acid is its

card. Two buttons at the top of the window
Acid places around the VSTi can be used the
enable real-time MIDI playback and select
the required MIDI input. | was able select the
smallest buffer size (128 bytes) and play
Absynth live without glitching while Acid
was playing back about a dozen stereo
audio tracks. The synth felt both very
responsive and solid in operation.

More MIDI Please

Although MIDI made a welcome entry into
the Acid feature list in v3, what was on offer
was pretty limited. Things have certainly
improved in this release. While MIDI tracks
can, of course, be recorded and played back
as before, step recording and both piano-roll
and event-list editing are provided. The
latter two are achieved via Yamaha's new
OPT (Open Plug-in Technology) standard, so
it is conceivable that further improvements

) SOS demo JW v1.acd * - Sonic Foundiy ACID Pro 4.0

Fle Edt Yiew jnset Took Qpbon: Heb

J3dP we o A&7 P oM T Qoadeds (AADDNem ¥
—‘

Ll e WLR08. [ a aeeE e |-* q

A demo of NI's Absynth running happily within Acid under Windows 98SE.

ability to work with ASIO drivers, it is also
possible to achieve the sort of low latency
values required for real-time
playing/recording of soft synths. | tested
this using the Absynth demo in combination
with the ASIO drivers for my Echo Mia 24

Second, it will provide DVD burning allowing users
to burn 5.1 or stereo AC3 files to DVD (given
suitable DVD-R, DVD+R, DVD-RW or DVD+RW
hardware). The plug-in pack will be available
during November as a downloadable product only,
at a suggested selling price of US$399.

to Acid's MIDI facilities could be added in
between major version updates.

The piano-roll editor, in particular, is a
welcome addition; as well as for editing
parts created in real time, it's great for the
creation of new parts such as bass lines.
As with audio tracks, once a MID! phrase has
been created, it can be looped as required
along the timeline. Perhaps the most
significant shortcoming of this editor is the
quantise function. MIDI events can be
quantised to a range of resolutions, but at
present, there are no options for groove
quantising or ‘humanising’ a MIDI part —
this would be an obvious candidate for



'o‘ = We have successfully supplied video editing and audio recording
. _ systems to schools, colleges, enthusiasts and husiness's since 1995.
R\ ‘ We are successful because people come hack to us time and time
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The Chopper now allows loops selected from larger audio files to be saved as a new audio file. This is an excellent
tool for extracting drum loops from all those audio sample CDs!

P enhancement, via OPT or otherwise.

This comment aside, while Acid's MIDI
specification is not going to challenge the
likes of Cubase, Logic or Sonar, it is very
easy to use and there is enough MIDI
functionality to avoid having to sync up a
full-blown MIDI sequencer on every occasion
a MIDI part is needed. Add a couple of
decent soft synths to your setup and Acid 4
will now allow you to easily mix and match
these with your palette of audio loops.

What Else?

Amongst a range of other additions and
improvements, four are worth a brief
mention here. While Acid already provided
automation of parameters such as track
volume, pan and send levels, version 4
intraduces plug-in effects automation. This
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is not available for all DirectX audio effects,
but the v4 package includes a resonant
filter, track EQ and flanger/wah/phaser that
can be automated. The automation is
achieved via the usual envelopes drawn into
the Track View. Between them, these three
new effects provide some excellent creative
options, including a few filter-sweep cliches
if required!

Another very useful addition is the
option for loop cloning within the Chopper.
This allows any selected loop region to be
‘Chopped to a New Track’ and, as part of
this process, the loop is saved as a new
audio file. This has a number of
applications, but one thing it proved very
useful for during testing was isolating each
drum loop within a track ripped from an
audio sample CD. While this could be done

in any decent audio editor (including Sound
Forge), it is very convenient to have this
functionality within Acid itself.

The Video window was an excellent
addition to v3, and has undergone some
further improvements in v4. Support is now
provided for WMV files, while two new
rendering options are provided for projects
that include video: stretch to fill frame and
fast video resizing. The former automatically
adapts the frame size of the original video if
it is different from the selected output size,
while the latter produces faster rendering
times for video resizing when top-quality
output is not critical.

Acid Pro v4 now also includes support
for time signatures other than 4/4, and
time-signature changes can be added in the
same way as tempo or key changes using
markers. While there are a few loop libraries
out there that include 3/4 loops, if you are
a fond of a little syncopated jazz, you may
well have to roll your own. This said, the
feature is a welcome addition and very easy
to use.

Conclusions

I've always liked Acid as a tool for rapidly
kick-starting the creative process even if,
on occasion, | then sync up Logic for
straight audio or MIDI work. The new MIDI
and VSTi support in v4 makes Acid much
more self-contained — indeed, during the
period of the review | completed a couple of
small projects using just Acid, where
previously I'd have had to use a
combination of Acid and Logic. If you are
already an Acid user, then version 4 is a
very worthy upgrade.

if you don't currently own Acid, is it a
‘must-have’ product? This is a more difficult
question to answer, as there are now a
number of alternative products offering
real-time pitch- and tempo-matching of
loops. If you also need a well-specified
MIDI + Audio sequencer, Cakewalk’s Sonar is
the obvious competition here, but Bitshift's
pHATmatik Pro VST plug-in (reviewed in SOS
September 2002) is another possibility for
those using Logic or Cubase. This is a real
case of ‘horses for courses’ but if the
majority of your music production is done
with audio loops, Acid Pro 4 offers a
first-class working environment — powerful,
easy to use and, in the right hands, very
creative. E=2

£299 including VAT.
SVC London +44 (0)20 8418 0778.
+44 (0)20 8418 0624,
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Synth Secre

ynthesizin Acoustic

S
Planos

On The Roland JX10

Secrets, I've been discussing the nature

F or the past three instalments of Synth

of the piano and looking at the ways in
which we can attempt to recreate its sound.
But even after all this, the best | have yet

been able to manage is something that

sounds similar to an electro-mechanical
piano. (Of course, synthesizing the Fender
Rhodes or Wurlitzer EP200 is no bad thing...)
Numerous analogue pianos were released
between 1970 and 1985, peaking with the
superb Roland MKS10 rackmount module.

PARAMETER NO. | PARAMETER

DCO1
11
12
13
14
15

DCO2
21
22
23
24
25
26
27

DCO-MOD
31
32

MIXER
41
42
43
44
45

VCF
51
52
53

Range
Waveform

Tune

LFO Depth
Envelope Depth

Range

Waveform

Cross Modulation
Tune

Fine Tune

LFO Depth

Envelope Depth

Dynamics
Envelope Mode

DCco1

DCO2

Envelope Depth
Dynamics
Envelope Mode

HPF
LPF Frequency
LPF Resonance

When trying to copy a real piano with an analogue
synth, if one patch doesn't quite do it, two just might...

But even this survived just two years before

the introduction of samploid synths, and
Roland'’s own ‘SAS’ piano synthesis swept

the analogue piano genre away as if it had

never existed.

The demise of analogue piano synthesis
is, in some ways, a shame. Although it never

achieved the authenticity that early synth

programmers had anticipated, it led to the

creation of a family of new, piano-like

PIANO 1B PIANO 1A
8 8
Square Sawtooth
0 [}

0 1]

[} [

4 2
Sawtooth Pulse
SNC (Sync) 1 = SNC (Sync) 2
+2 +9

+10 07

0 [

99 o

OFF OFF

Al vl

24 99

99 44

99 45

1 1

A2 Al

0 0

53 52

02 01

The combined parameter table for Piano 1B and Piano 1A.
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PARAMETER NO.| PARAMETER

VCF continued
54
55
56
57
58

VCA/CHORUS
61
62
63
64

LFO
71
72
73

ENV1
81
82
83
84
85

ENV2
91
92
93
94
95

sounds, the best of which exuded a
character of their own, and which have now
been all-but lost. So, to conclude this
discussion of piano synthesis using
analogue, subtractive techniques, V'l finish
describing the Rotand Super JX10
performance that | used as a stage piano in
1986 and 1987, prior to purchasing the first
of a pair of SAS-based Roland MKS20s that

I still use today.

PIANO 18 PIANO 1A
LFO Amount 0 0
ENV Amount 14 19
Key Follow 24 17
Dynamics 1 1
Envelope Mode A2 AL
Parameter Value
Level 95 92
Env Mode E2 E2
Dynamics 2 2
Chorus OFF OFF
Waveform Rand Sine
Delay 0 0
Rate 76 80
A 00 00
[} 01 65
S 06 35
R 35 45
Key Follow 01 01
A 00 00
D 70 60
S 00 00
R 40 36
Key Follow 02 01



Figure 1: The Piano 1B block diagram.

A Second JX10 Piano

The table below left again shows the Piano
1B patch with which | concluded last
month’s Synth Secrets, and Figure 1, above,
shows the architecture that this describes.
However, as you can see, the table also
includes the values for another JX10 electric
piano patch that — for reasons that will
soon become clear — is called Piano 1A.
Superficially, the columns for Piano 1A
and Piano 1B might look similar, but this is
misleading. It's a bit like saying that all
Minimoog patches must sound similar
because a photograph of the same control
panel patched to produce the sound of a
piccolo looks pretty much the same as a
photograph of the control panel set up to
produce a rumbling bass. In other words,
the JX10 has an architecture which, when
represented in table form, always looks the
same. But this too is misleading. The JX10’s
architecture is not entirely fixed; some
parameters allow you to alter the way in
which its sections interact with one another.
If you think that this sounds suspiciously
like a description of a modular synth, you
are — to some extent — correct. Although
the degree of flexibility involved is a fraction
of that offered by a true modular, the Super
JX10, like most powerful synthesizers,

Nomenclature

Please note that throughout this article

| shall use the conventional term ‘Patch’ to
refer to what Roland calls a Super JX10
‘Tone', and ‘Performance’ to refer to what
Roland calls a Super JX10 ‘Patch’. | could
stick to the company's usage, but | suspect
that this would be more confusing for
everybody.

allows you to ‘patch’ certain elements to
create different architectures.

To see how this works, let's consider
parameters 23, 32, 45, 58, and 62. The first

of these,

allows you to patch the oscillators in three

parameter 23, ‘Cross Modulation', (the modulator). The third option, named

quite different ways. As we discussed two slave) by DCOI (the master) where DCO2

also acting as the FM carrier

Pitch CV

DCO1 as modulator. As you

create very different sounds

SNC2, this option sounds

richer in the mid and high
frequencies.
| Got all that? No? Well,

illustrate the same options

always be worth a thousand

months ago, SNC1 is hard synchronisation
of DCO2 (the slave) by DCOI1 (the master). In
contrast, XMOD is frequency modulation of
DCO2 (now acting as the carrier) by DCO1

SNC2, is hard synchronisation of DCO2 (the

is
for

would expect, SNC1 and XMOD

but, because the effect of hard
sync is the dominant factor in

similar to SNC1, if somewhat

maybe figures 2, 3 and 4 (next
page) will help, because these

using two patchable analogue
oscillators. A picture may not

e words, but in this case, three
Figure 2: Two oscillators linked to produce hard sync (JX10 option: SNC1). pictures are worth a few

Pitch CV

hundred.
The remaining four

that allow you to determine
which envelope generator
affects the pitches of DCO1

Gain (respectively) and with

offered by a true modular

range of sounds that the JX1

Figure 3: The same two oscillators linked as an FM pair (X10 option: XMOD),  can produce. So, having

january 2003 + SOUND ON SOUND

parameters from the list above
(numbers 32, 45, 58 and 62)
are all Envelope Mode selectors

» - and DCO2, the contribution of
xmop g " = " g | DCO2 to the mix, the LPF
. € . cut-off frequency, and the VCA

which polarity they do so. This
is a far cry from the facilities

synth, but it still extends the

0
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Pitch CV

XMOD
connection

SNC1 connection

P understood all of the above, let’s now

inspect the differences between Piano 1A
and Piano 1B.

The Piano 1A Oscillators

Starting with the oscillators, the
relationships between DCO1 and DCO2 are
quite different in the two patches. Whereas
last month's patch used a square-wave
master and a sawtooth slave, this month's
starts with a sawtooth master and a
pulse-wave slave. In previous Synth Secrets,
| have stated that, when hard sync'd, the
waveform of the master oscillator should
make no difference to the sound produced.
On the other hand, the shape of the slave is
extremely relevant to the output, because it
changes the harmonic content of the
resulting waveform. (See Figures 5a and 5b,
below.) As is intuitively obvious from these
figures, the tones of these waves will be
quite different from one another.

So is the shape of DCO1 irrelevant? No.
Because Piano 1A uses SNC2, DCO1 and
DCO2 are also acting as a pair of FM
operators. This means that the waveform of

Amplitude

Figure 4: The two oscillators linked as
an FM pair and as a sync’d pair ()X10

option: SNC2)

DCO1 will have an effect on the
output of DCO2. To be honest,
this effect can be somewhat
subtle, but when you are

' programming sounds
deterministically (rather than
using blind serendipity in the
hope that you might stumble
across something pleasing) it
can be the difference between
an acceptable patch and a

Audio
Output

superb one.

Even more significant is the change of
the pitch relationship between DCOJ and
DCO?2. Piano 1B had an offset of a little over
14 semitones. Piano 1A has an offset of a
little under 33 semitones. This makes a
huge difference to the output waveform and
its harmonic content. What's more, whereas
the pitch of the slave in Piano 1B is swept by
ENVI1 (parameters 27 and 32) the frequency
relationship of DCO1 to DCO2 in Piano 1A is
constant throughout the note. This is
because the value of parameter 27 is zero,
thus making parameter 32 irrelevant.

Hang on... if there is no sync sweep at
the start of the sound, does this render
redundant the last two months’ discussion
of sync and its importance to the attack of
the piano sound? It seems to. The use of
both hard sync and FM in SNC2 is creating a
complex new waveform but, unlike in the
case of Piano 18, the ‘Cross Modulation’ in
Piano 1A is not imparting any blip to the
front of the sound. You can hear this (or,
rather, the lack of it) if you play the two
patches one after the other. The first few

Digital Parameter Access

If you're a regular reader of Synth Secrets, it
can’'t have escaped your notice that I've used
the last two parts as a bit of a tutorial on
understanding Digital Parameter Access
programming systems. In the past, these
have attracted a great deal of criticism,
almost to the point of hysteria, and no doubt
some analogue anoraks will continue to heap
opprobrium upon synths that use DPA. But
| hope that | have shown that this is simply a
different way to represent the same
sound-making facilities that you will find on
the knobbiest of analogue synthesizers, and
to control the sounds thus produced.
Certainly, the Roland PG800 programmer,
with its knobs and sliders, makes it
altogether easier to program the JX10, but
even this controls fewer than half of the
parameters offered by the instrument. You
might wish for things to be otherwise, and for
all synths to be festooned with dedicated
knobs and sliders. But when you consider
that the JX10's DPA tables contain 147
parameters (that's 44 for each patch, and 59
for the performance and MIDI system) — and
that’s not Including the synth’s physical
performance controls, nor the parameters
that control these controls, nor the ‘Chase
Play’, nor the fledgling sequencer — you'll
soon realise that it ain’t gonna happen.

milliseconds of Piano 1B exhibit a definite
clunk, especially in the middle and lower
octaves. Piano 1A lacks this and, as a resuit,
its attack is less defined.

Moving on, you can see that Piano 1A's
DCO1 is contributing its full amplitude in
the Mixer, whereas DCO?2 is contributing
just 44 percent of maximum, plus an
amount shaped by ENV1. Having discussed
the relevant issues in depth over the past
couple of months, I'll leave it to you to work
out the effects of the ADSR, Key Follow
(parameter 85), and Dynamics (parameter
44), Why should 1 do all the work?

Figure sa: A sawtooth slave of frequency F sync’d by a master with frequency o.4F.
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Figure 5b: A square wave slave of frequency F sync'd by a master with frequency 0.4F
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Amplitude

| ____.

| Piano 1-B
ENV-1

|

|
| DCO-2 pitch
E(Sync sweep) |

Amplitude

Piano 1-B
ENV-2

DCO-2 Level
LP-VCF fc
Amplitude

Key Released
Key Held

£

Time Time
] [
‘ | PanotA | || Piano 1-A
i ENV-1 | | / ENV-2

i | DCO-2 level Amplitude
j | LP-VCFic
| §
‘ g E Key Released
\ Key Held

Time Time

Figures 6a-6d: The four ADSR envelopes used in
Piano 1A and Piano 1B.

Filters, Amplifiers And
Envelopes

Looking at the rest of the table on page 136,
we can see that there is a great deal of
similarity between Piano 1A and Piano 18.
The filter settings are similar, the
VCA/Chorus is almost identical, and the LFO
remains irrelevant.

The greatest difference lies in the
envelope shapes, and the patching of them.

Figures 6a to 6d, above, represent the ENV1
and ENV2 contours for each patch, and
show the assignment for each.

At first sight, these seem quite similar,
but the only common shape/destination is
that of the two ENV2s, which control the
total amplitude of their respective sounds.
This means that the sweep of the filter and
the contribution of DCO2 are quite different
in each case.

To conclude this analysis of Piano 1A, 1'll
draw your attention to the block diagram
equivalent to Figure 1. (See Figure 7, below.)

If you compare this to Figure 1, you can

see the differences discussed above; the
additional FM connection between DCOI
and DCO2, and the altered assignments for
ENVI and ENV2.

As | did fast month, I'm now going to
ask: how does it sound? Well, there’s the
lack of the clunk, which disappeared when

the sync sweep was removed from Piano 1A.

But a more significant difference is that
Piano 1A is brighter, with more body in the
mid frequencies. Overall, it sounds like a
good ‘analogue’ piano patch, but one that
makes little attempt to recreate the nuances
of a real piano, or even a real electric piano

Figure 7: The Piano 1A block diagram.

| = zn P e e e
L 5 § 'y §
| 3 E Envelope M~ g M
Depth
Dioand - Control 2
‘ Dynarmics > s VCA /GA
Calculator — —
) e A A
\ g h
! Control 1 = =
Ermvelope
i Genersior 2 A
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PARAMETER NO. PARAMETER
SYSTEM
11 Upper/Lower Balance
12 Dual Detune
13 Upper Split Point
14 Lower Split Point
15 Portamente Time
16 Bend Range
17 Key Mode
18 Total Volume
AFTERTOUCH
21 Vibrato
22 Brilliance
23 Volume
UPPER MODULE
31 Tone Number
32 Chromatic Shift
33 Key Assign
34 Unison Detune
35 Hold
36 LFO Mod Depth
37 Portamento On/Off
38 Bend On/Off
LOWER MODULE
41 Tone Number
42 Chromatic Shift
43 Key Assign
44 Unison Detune
45 Hold
46 LFO Mod Depth
47 Portamento On/Off
48 Bend On/Off

P> such as a Wurlitzer or Rhodes. So what use

is it?
An Introduction To Layering

In isolation, neither Piano 1A nor Piano 1B
have a great deal to recommend them. Sure,
they're usable in a ‘1985’ sort of way, but
they offer little that makes them cry out
“Use Me". Fortunately, the Super }X10 is not

Layering Piano 1A and Piano

VALUE 1B into *H1: Acoustic Piano’.

50

+13 just the 12-voice
analogue synthesizer
that we have been

2 considering for the past

Dual three months. It is also

82 two independent
six-voice synthesizers.

0 You control the two

g halves of the JX10 using

a second table of
parameter values,

82 {Fiav 18) divided into Patch

-:;y 1 (which we would
normally call

on ‘Performance’y and MIDI.

01 Called the Edit Map, this

OFF table offers no fewer

on than 59 parameters, and

i it is larger than the

_2112(P'a"° 4 patch table used to edit

Poly 1 the patches themselves.
| have, therefore,

On confined the next part of

0 this discussion to the

g“ | parameters used to layer

n

two patches into a
single, composite sound.

The table on the left shows the
parameters and values used in the Roland
factory Performance ‘H1: Acoustic Piano'
which, as you might already have guessed,
comprises Piano 1A and Piano 18.

Starting with the System parameters, the
first to consider is number 17, which states
that the JX10 is in Dual mode, meaning that
the two patches are layered one upon the

other across the entire width of the
keyboard. This, for reasons that | hope are
obvious, makes parameters 13 and 14
irrelevant. Because portamento is Off in
parameters 37 and 47, the portamento value
is also irrelevant, and there is no slew
between notes. However, for some
unfathomable reason, Roland saw fit to
program a pitch-bend range of two
semitones for this Performance — not just
weird, actually wrong. This then leaves the
balance between the Upper and Lower
patches, which is set to 50/50, and the
detune between them. The detune value of
+13 (on some arbitrary Roland scale) is a
subtle difference, but proves to be
important, and we shall return to this later.

The next bunch of parameters refers to
aftertouch and these, as they must be, are
set to zero. Remember, it's not possible to
affect the nature of a piano note (other than
to curtail it) once it has sounded. Any
parameters that let you change the
brightness, the loudness, or add vibrato by
bearing down on a depressed key must be
set to zero.

We now come to the two sounds
comprising the Performance, and
parameters 31 and 41 allow us to insert
Piano 1B and Piano 1A into their appropriate
slots. Next, parameters 32 and 42 shift the
two patches down an octave (this may be a
modification of my own, not Roland’s
original programming... | forget), while
numbers 33 and 43 tell the JX10 that they
respond in ‘Poly 1’ mode, which means that
a new voice is assigned each time you press
a key. (This also makes parameters 34 and
44 irrelevant, because you cannot be in a
polyphonic mode and a Unison mode

Figure 8: Layering two patches in ‘Dual’ mode.
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simultaneously.) Next, we find that ‘Hold' —
the response to the sustain pedal — is On
for both patches, Portamento (as stated
above) is Off, and Bend (I still don't
understand this) is On, That leaves LFO Mod
Depth, which is the Performance’s response
to the modulation direction of the combined
pitch-bend/modulation joystick. Again, this
should be zero for both patches, but for
Piano 1B itis set to 01. In truth, | find this
imperceptible, but it should be zero
nonetheless.

The End Result

So what does this tell us? Stripping away all
the superfluous bits and pieces, we have
simply taken two similar, but not identical,
six-voice patches and layered them at the
same loudness across the keyboard, but
with a small tuning offset. (See Figure 8.)
There's nothing particularly clever
happening here; you could do the same
thing by taking a MIDI synthesizer and
connecting it to an equivalent module,
playing the two simultaneously and mixing
their outputs into a single sound. Given this,
it's time to ask once again, “how does it
sound?”. The answer may surprise you. ‘H1:

Home § About Us)

Press Releases }

Acoustic Piano' sounds more rich, more
vibrant, more expressive, more like a real
instrument. But why?

The secret — and it's an important one —
lies in the combination of two sounds that
are similar enough to be indistinguishable
within the composite, but different enough
to create a sound that is more interesting
than either of the components in isolation.
Look at it like this: if you layered and
detuned the piccolo and Minimoog bass that
| mentioned near the start of this article, the
composite would sound like an out-of-tune
piccolo and Minimoog bass. On the other
hand, if you layered two detuned but
otherwise identical sounds, the result would
sound like the original, but chorused.

On the other hand (which | realise is only
possible if you have three hands) the two
components in ‘H1: Acoustic Piano’
complement each other in superb fashion.
Piano 1B supplies the initial thunk, while
Piano 1A has the richer spectrum and
provides more of the body of the sound.
Furthermore, the detuned harmonics of the
complex, sync'd waveforms sweep in and
out of phase with one another, reinforcing
and then interfering with one another

Testimonials § Newsletter j Check Order § v View Basket | |

destructively, to imitate the energy
interactions within an acoustic piano. Then,
towards the end of the note, Piano 1B
dominates again (thanks to the longer Decay
and Release in ENV2, which drives the Gain
of the audio VCA) and the filter closes to
leave just the fundamental and a few low
harmonics in the tail.

All of this conforms closely to the
principles we derived for the piano in the
October instalment of Synth Secrets. What's
more, if you consider things such as the
filter scaling and dynamics responses of the
component patches, you'll see that Roland'’s
programmers were not blindly groping for
their piano sound: this performance was
crafted with a great deal of thought.

So I'll ask one final time, “How does it
sound?” The answer is that ‘H1: Acoustic
Piano’ has many of the characteristics of an
acoustic or electro-mechanical piano,
without sounding anything like the former,
or even quite like the latter. It's responsive,
it's expressive and, for many purposes, it's
every bit as usable as a Fender Rhodes 73 or
a Wurlitzer EP200. In fact, there are times
when | would still use it today, in preference
to any of the ‘real’ things. E=2
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monitors

PMCDB

Introducing the world’s
smallest transmission-line
speaker.

he product nomenclatures
T of the PMC range are

nothing if not descriptive.
The biggest speaker, the BB5,
was the fifth iteration of a ‘big
box'. This was followed by a
little box (LB1), then an average
box (AB1, but recently enhanced
to the AB2). A larger, medium
box three-way was derived from
the BBS and called the MBI
(now upgraded to the MB2), and
was followed by a tiny box (all
things being relative, you
understand) in the form of the
TB1, again recently upgraded to
the TB2. A further modification
of the TB2 lead to the floor-standing
box, the FB1. Having gone through almost
the entire product range, you will hopefully
have grasped the highly sophisticated and
technical approach to product
identifications, so have a stab at what the
newly launched DBI stands for.

Move straight to the front of the class if

you guessed ‘diddy box" No, | didn’t guess it
either, but the newest and smallest product

* Diminutive size, but big sound

* PMC build and component quality.

* Acoustic matching with other PMC products.
* Reliable, accurate monitoring.

« If you try it, you'll buy it!

A mini-monitor that thinks its a maxi! Remarkable
bass extension from a compact cabinet which
claims to be the world’s smallest transmission-line
monitor, with accurate, reliable mid-range and
detailed highs.
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in the
PMC range is,
indeed, diddy,

measuring a compact 290 x 155 x 240mm
(hwd). However, despite its relatively
diminutive size, this is still a proper
transmission-line design, just like all its
bigger brothers, and is claimed to be the
world’s smallest. it wasn't easy though —
Pete Thomas, the owner and technical guru
of PMC, spent almost a year designing and
fine-tuning the line dimensions and damping
to achieve the results required of a
professional product carrying the PMC
badge.

The Goods

The DBI is a passive two-way miniature
monitor with four 4mm binding posts to
facilitate bi-wiring or bi-amping. The
one-inch aluminium-alloy, ferrofluid-cooled
tweeter is the same as that used in the TB2
and FB1, while the 140mm doped bass/
mid-range unit is supported in a cast
magnesium chassis. The two units are

integrated with a crossover tuned to 3kHz.
The transmission line is created from four
internal folds and vents to the top of the
rear panel. One of the mechanical
advantages of the transmission-line design
is that the MDF cabinet becomes extremely
solid and well damped — a useful side-effect
of all that internal woodwork to make the
line folds. It is also quite heavy, with each
DB1 weighing 4.5kg.

The review models were the DB1S
variant, a painted black studio version with
the PMC logo engraved on the side panels.
However, a range of wood veneers is also
available, as are magnetically shielded
versions (DB1M) and a dedicated centre
channel unit (DB1MC). Although not fitted to
the review models, all production speakers
have bolts fitted to facilitate mounting onto
PMC'’s own design of cost-effective wall
brackets, and matching floor stands are also
available.

The sonic advantages of the transmission
line concept are claimed to include accurate
dynamics, very low distortion, and
phenomenal bass extension (for a given



cabinet size) without compromising
linearity. The industry likes to debate the
merits of different speaker designs and
there are those who argue vehemently
against transmission lines. It is certainly true
that it is difficult to design a good
transmission-line monitor speaker, and they
are expensive to manufacture — hence PMC
being the only manufacturer of professional
transmission-line monitors at present.
However, a large number of esteemed
mastering engineers, recording studios, and
film dubbing theatres are all repeat PMC
customers, and an increasing number of
well-heeled hi-fi buffs also rate the PMC
designs very highly — as | do myself, it
should be said.

Listening

So, what does the DB1 have to offer?
Obviously we are talking about a very
compact speaker, roughly the same size as
that venerable old classic monitor, the BBC's
LS3/5A. However, the frequency response of
the DBI is substantially flat between 50Hz
and 25kHz. With a sensitivity of 87dB/W at
one metre, the DB is also easy to drive,
although PMC recommend amplifiers of
around 100-150W on the grounds that

a powerful amp under-used is far better than
an under-powered amp over-used into
clipping.

Driving the DB1s from a massively
over-rated Bryston 48, the first thing that
struck me was the remarkable similarity to
the sonic characteristics of the TB2
monitors. Hardly surprising, given the same
tweeter, but the mid-range also sounded

Here you can see
how PMC have
managed to squeeze
a 1.5m transmission
line into such a small
cabinet. Saw sold
separately...

very open and neutral, with supportive but
well-controlled and dynamic bass. The
stereo imaging was also found to be much
as the TB2s — very wide, with good depth,
precise positioning and a broad, stable
sweet spot. The mid-range and high end are
detailed and revealing, and appear tonally
accurate on voices, but the speaker isn't
fatiguing at all, even after prolonged
listening. With sensible positioning, the bass
is smooth and extended without any hint of
that 80Hz peak, characteristic of many
reflex ported designs.

Some people find it takes a while to
re-educate themselves to the accuracy of a
transmission line design after years of reflex
port abuse — but the cold turkey is well
worth it for the much greater clarity around
the low mids and that musically important
bottom octave which so many people seem
content to live without. The DB1 doesn’t
have the ultimate extension of bigger boxes,
obviously, but the bass it produces is
certainly very natural, fast, dynamic, and
tuneful — and is far deeper than any
comparably sized box. Essentially, the DB1s
sound far bigger than they physically are,
and will fare well in comparison with more
conventional monitors of twice their size.

With its rear vent, the DB1 has to be
positioned carefully, and needs to be kept
away from walls. In fact, the console meter
bridge is ideal — but don't be tempted to
put these on their sides. The imaging works
far better with them in the correct vertical
orientation (as it does with most nearfield
speakers, actually).

The DBI is intended to satisfy the

 pmme eesscomsssesssess  mmm e

The transmission line vents at the top of the
rear panet, so placement of the speaker near
walls should be avoided. Fous binding posts
allow bi-wiring and bi-amping.

requirements of small editing suites and
DVD authoring rooms, OB vehicles, machine
rooms and project studios, as well as the
high-end domestic hi-fi market. It also offers
the advantage of forming the first step on a
clear upgrade path through the PMC product
line, which avoids having to discard this
starter model as your requirements grow.
For example, adding the passive XB1P or the
active TLE) subwoofer will increase the
system’s bass extension and dynamics.
Further upgrades might see the DB1s
becoming the rear speakers in a surround
system based on TB2s or FBls — an
attractive idea to anyone already addicted to
the PMC mantra. If money is tight and space
is limited, the DBI should certainly be added
to your auditioning list in the UK — this is

a quality miniature monitor, worthy of the
name. E&3

DB1S £500 per pair; DE1 (wood veneer) £555
per pair. DB5.1S 5.1 surround set including
TLE1 active subwoofer, £2350; DB5.1
surround set (wood veneer) including TLE1
active subwoofer, £2599. DB1SMC
centre-channel speaker, £300 each; DBAMC
centre-channel speaker (wood veneer)
£327.50 each. For magnetic shielding, add
£50 per stereo system or £100 per surround
system. Prices include VAT,

PMC +44 (0)870 444 1044,

I +44(0)870 444 1045.

n sales@promenitor.co.uk

m www.pmcloudspeaker.com
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Getting Better Performance From Your CD Drives
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Cheap, writable optical media have revolutionised the
way PC users store audio and back up their data.
However, setting up your CD-R/W drives and
persuading them to work at their best can be more
complicated than it seems...

Plextor models, since these have an enviable
reputation for reliability and low Block Error
Rates, or BLER), and they are still extremely
useful if you want to use lots of drives for
CD duplication purposes. However,
nowadays, with much larger internal buffers
of 4MB or more, as well as buffer under-run
protection, IDE burners tend to be just as
reliable and slightly cheaper, and avoid the
added complications of installing SCSI in
your PC.

Setting Up An EIDE Writer

Like any device, a CD drive will need
connecting to an appropriate IDE channel on
your motherboard. While installing two
dissimilar devices on the same IDE channel
won't force them both to the speed of the
slower one, as is still popularly thought, only
one can be accessed at a time. So, if you

Martin Walker

are now ubiquitous for storing both

data and audio. However, there are still
problems that can emerge when you try to
get CD writers to work properly on a PC.
Windows in its various incarnations has
thrown up various issues to trick the unwary,
while the BIOS may need adjusting, and even
the way you connect your CD recorder to
your motherboard may seriously affect
performance.

Years ago, SCSI CD burners were seen as
the only way to go if you wanted reliable
performance, since they offered better
multitasking capabilities than
EIDE/ATAPI-based ones. Many mastering
engineers still seem to use SCSI drives (often

c ompact discs in their various formats
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For burning audio CDs on a PC, the more advanced
pre-mastering applications like Steinberg’s Wavelab not
only provide a huge number of editing and track-indexing
functions for adding the final polish to your tracks, but also
graphic real-time track fades and drag-and-drop
crossfading of tracks.

intend to use your PC to burn a lot of audio
CDs, make sure you install the CD-R/W drive
on the other IDE channel from the hard drive
you use to store image files, so that both
source and destination can each have
unrestricted access to the IDE buss. If you
only have a single hard drive, the easiest
way to do this is to designate this as Primary
Master, and the CD as Secondary Master.
This arrangement is often strongly
recommended in CD-R/W drive manuals, but
isn't mandatory with most drives. Similarly, if
you have both a CD-ROM and CD-R/W drive,
make sure that they are on different IDE
channels if you intend to copy CDs directly
from one to the other.

Anyone with additional IDE controllers,
either integral to the motherboard or on PCI
expansion cards, will be able to configure
each device as a Master on its own channel.
This is the perfect no-compromise solution,
although this approach will take more IRQs,
which may be an issue if you're already
short. You can find plenty more general
information on IDE connections in my article
on Optimising PC Hard Drives For Audio in
50S April 2002 (www.sound-on-sound.com/
sos/Apr02/articles/pcmusician0402.asp).

Remember that the Master device should
be connected to the end connector on an IDE
cable, and the slave to the one near the
middle. I've also come across various people
reporting slower CD burn rates, more
‘coasters’, and more hard drive problems
when using those expensive rounded drive
cables. It wouldn't surprise me if there were
an element of truth in this, since while
aerodynamic performance is improved,
benefitting cooling airflow through the PC
interior, the conductors are obviously
squashed together, which is bound to
increase crosstalk — the very reason that the
80-way cables were introduced in the first
place!

Once you've decided which IDE cable and



Although rounded IDE cables facilitate a smoother airflow through your
PC, flat 8o-way cables such as these can give more reliable CD burning
performance.

plug your CD drive is going to be connected to, make sure
any jumpers on its back panel have been suitably set for

Master or Slave operation before you install it, as otherwise
you may run ‘nto configuration problems later on. In the BIOS,
select the Auto option for drive type if there is one, let the
BIOS detect the capabilities of your CD drive, and then reboot
and set iz to the dedicated CD-ROM setting to retain these
capabilities without wasting time redetecting every time you
boot up.

If there are only manual BIOS settings, you'll need to select
the most appropriate PIO or Ultra DMA Mode — be guided by
your drive's manual for the most appropriate setting, but PIO4
is apparently still the most common one for CD-ROM, CD-R/W,
and DVD drives, with some using UDMA Mode 2 (ATA33), and
a few newer ones at UDMA Mode 4 (ATA66).

Windows And CDs

As soon as you've installed a new CD drive, it's worth
considering changing its Windows drive tetter from its default
setting to one further on in the alphabet, such as ‘R’. You can

do this inside Device Manager from the Properties page of
your CD drive, using the Start and End drive letter boxes.
While this is totally cosmetic, it does ensure that the letter

CD Firmware Updates

Most modern CD drives
incorporate flash ROM
firmware, so the most
common advice when dealing
with CD problems is to

download and Install the latest

firmware update. While this is
sound in theory, In practice
many updates deal with very
specific and sometimes minor
Issues. Other updates are
identical to previous releases,
simply to keep the revision
number the same across SCSI
and EIDE versions, and
sometimes drives from one
manufacturer are simply
firmware-altered versions of
other models.

If you declde to install the
latest firmware revision, make
absolutely sure you download

the files for your specific make

and model of drive, and that
you follow any instructions to
the letter. Up until recently,

updates were catried out
exactly like BIOS flashing:
with a DOS-based utility and a
separate Image file of the new
firmware. Nowadays, you are
more likely to be presented
with a Windows-based utlility,
and in this case the process
may involve disabling
Window's Auto Insert
Notification and DMA, to make
sure that no activity takes
place while the update Is
being downloaded to the
hardware. However, whether
running from DOS or Windows,
it's always safer to download
the utility and update at the
same time to guarantee
compatibility, and you should
always take care to avoid any
interruptions while the
firmware transfer process is
taking place, since this may
result in permanent damage to
your recorder.
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SETTING UP CD DRIVES
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Utilities like Nero CD Speed (bundied with Ahead’s Mero) let you check various aspects of the performance of your
CD drive, including whether or not it's using DMA — mine obviously is, as you can see by the low CPU usage figures.

P won't get moved on after you install further

hard drives. I've noticed that some
applications periodically demand the original
CD-ROM to be inserted in the drive that it
was originally installed from, which can be
frustrating when Windows has decided that
this letter now refers to a hard drive!
Enabling DMA for each one of your
CD-ROM or CD-R/W drives can make a huge
difference to performance, particularly with
motherboards featuring Intel chipsets. In the
case of Windows 98 and ME, you can find the
DMA tick box in the Settings page for your
CD hardware, inside Device Manager, while
Windows XP users should expand the Device
Manager entry labeled *IDE ATA/ATAPI
controllers’, right-click on both Primary IDE
Channel and Secondary IDE Channel in turn,

select Properties, and move to the Advanced
Settings page. Make sure here that the
Transfer Modes for both Master and Slave
device have been set to ‘DMA if available’.
Some Via chipsets have been known to
cause problems with DMA: you should make
sure you have the latest motherboard
Busmaster and 4in1 drivers installed, while
moving your CD to another IDE channel may
occasionally solve prablems. You can also
download Via's IDE Teol, which may help you
configure the drive. it's always worth
checking CD drive performance before and
after enabling DMA using a suitable utility
like Nero CD Speed (see screen shot above).
Windows Auto-Insert Notification is
disabled by most musicians, since it
regularly polls the drive to see if a new CD

Long Filenames & CD-ROMs

The most common CD file system is ISO 9660
Level 1, which only supports filenames in the old
DOS-style format of 8+3 (up to eight characters
chosen from A-Z, 0-9, and _ [underscore], followed
by a dot, with an optional extender of up to three
characters). As with DOS, any files that you burn
onto a CD-ROM with a longer name will become
truncated, so that for instance the Program Files
folder will be displayed as ‘PROGRA~1'.
Thankfully, there are extensi to this basic
standard, allowing you to save and retrieve longer
filenames. For PC users Microsoft's Joliet
extension allows fil of up to 64 mixed
lower and uppercase characters, and is supported
from Windows 95 onwards. Most PC CD-burning
packages add the Joliet filesystem to the ISO
one, so that if you read them under DOS you'll
only see the 8+3 format, while from Wind

may still come across some limitations when
backing up Windows folders onto CD-ROM, since
in addition to the 8+3 filename restrictions, the
IS0 9660 standard only supports path depths up
to eight levels and a total path name of up to 255
characters.

The UDF (Universal Disk Format) file system
specification is optimised to handle huge data
sizes and to minimise changes if a file needs to
be added or deleted, and was developed for CD-R
and CD-R/W media. It's used by DVD-ROM and
some packet writing software including Roxio's
DirectCD, and is supported by Windows 98
onwards (as well as by Mac 0S 8.1 onwards).
Without suitable drivers you can only read UDF
format CD-ROMs on a CD recorder, so when you
close a session to read it on other players, most

you'll see the full-length filenames. However, you
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packet-writing software adds an 1SO 9660 file
system to make its contents universally visible.

has been inserted, which can block the PC!
buss, causing a click in any audio recording
under way. AN also used to be a big
problem with CD-burning software for the
same reason — the last thing you want
during a burn is Windows deciding to check
if there’s a new CD in the drive! Some
CD-burning applications still recommend that
you permanently disable this function, but
others, including Roxio’s Easy CD Creator,
now disable AIN when needed, and then
re-enable it afterwards, so that it can't
interfere with the burning process. However,
others, such as Roxio's DirectCD
packet-writing application, definitely require
AIN to be enabled, which somewhat clouds
the issue for musicians. You'll have to weigh
up the pros and cons depending on what
CD-burning software you run.

If you want to disable AIN in Windows 98
and ME, you need to untick the appropriate
box in the Settings page of your CD-ROM
and/or CD-R/W drives Properties, which
you'll find in Device Manager. It's also worth
periodically checking the DMA and Auto
Insert Notification settings for your various
CD and DVD drives, as they sometimes get
altered in some systems after hardware
reconfiguration or using Safe Mode, or
sometimes by misguided CD-burning
applications (more on this later).

The Autoplay functions for both audio
and data CDs can be disabled manually via
the Registry, but it's far easier and safer to
do this using TweakUl, from its Paranoia
page. In all three cases you'll need to reboot
before the new settings take effect.
Windows XP is a special case which I'll come
to shortly.

Another possible cause of interruptions
to CD-burning is resizing of the cache RAM,
which acts as an intermediate buffer when
Windows reads and writes data to storage
devices including hard drives and DVD
drives. Here we can use exactly the same
tweak that prevents interruptions to audio
recording and playback: setting a fixed size
for Vcac<ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>