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Are You 
Cheating? 
I still remember trying to explain the concept of the Mellotron to a musician 

friend back in my college days, and she 
was of the opinion that it constituted gross 
cheating of the first order. After all, if you 
want strings, surely you should employ 
a string player, not have some mechanical 
‘piano thingie’ that sounds like strings! 

How times have changed. Today the 
debate isn't even about whether samples and 
loops are cheating, but how much creative 
input is needed before copy and paste 
becomes art. I'd be the last person to decry 
the use of loops, particularly percussion, as 
I often combine loops with my own 
programmed rhythms, but I do get the 
impression that some music technology 
students and would-be producers see ‘making 
beats’ as the be-all and end-all of creative 
music production. 

Perhaps we shouldn’t blame them, though. 
If you listen to the pop charts these days, you 
might hear where they get their inspiration. 
Take Soulja Boy’s ‘Crank Dat’, which reached 
number two in the UK singles chart in 
December 2007; in terms of instrumentation, 
all you'll find is an 'orchestra hit' sample, 
some programmed percussion (including 
a prominent steel drum pattern, which gives 
the song its simple melodic content), and rap 
vocals. If you took the vocal off, you wouldn't 
be left with much! 

I see the manipulation of loops and audio 
clips as being a bit like those 

Victorian montages made 
from photographs, 

postcards and prints of 
paintings. It is 
certainly a skill and an 
art, but it covers only 
a narrow part of the 
skill set required to be 

f an all-round artist. You A 

may be great at cutting out pictures and 
pasting them on a fire-screen, but if 
somebody wants a painting in the style of 
Monet or Dali, it isn’t going to help you much. 

Music production is much the same, and 
while a lot of dance and hip-hop music uses 
loops, there’s a lot more to making a great 
track than figuring out which drum breaks to 
sample or by how much to time-stretch them. 
You also need to know about musical 
structure, melody and mixing. Loops and 
samples have evolved from being an almost 
completely separate area of expertise to 
being part of the general pop music recording 
process, and though they’re no less important 
for that, someone who only knows about 
manipulating existing material is unlikely to 
be properly equipped for music production 
and engineering in the broader sense. 
Furthermore, even those who are currently 
successful working in a genre that relies 
heavily on loops and samples can’t rely on 
that state of affairs continuing, because like 
every aspect of modern life, music production 
evolves and shows no respect for the people 
it leaves behind. 

The core of broader music recording and 
production always has been — and is always 
likely to be — about putting microphones in 
front of real musicians. And while some 
elements can be replaced or enhanced by the 
use of loops and samples, the ability to use 
microphones and coax great performances 
out of singers and instrumentalists will 
always be a number one priority. So no, using 
samples, loops and clips isn’t cheating, but if 
you're not prepared to look beyond your 
comfort zone, you might just discover that 
your skill set doesn’t equip you for the kind 
of position in the music industry that you 
hoped for when you started out. 
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sfnaggj WHAT'S NEW 
In January, the Sound On Sound team attended the NAMM show in Anaheim, California, 
where we saw lots of exciting new products. As ever, it’s impossible to cover all the 
announcements in these pages, so watch out for more news in upcoming issues of $05. 

Fantoms go Supernatural 
Roland update workstation synths 

The latest iteration of 
Roland’s Fantom series of 
workstation synths was 

unveiled at NAMM. There are 
three entrants in the Fantom-C 
line up: the C8 has a weighted 
88-note keyboard, while the 
C7 and C6 boast 76 and 61 
’synth-action’ keys 
respectively. All feature a new 
high-resolution colour screen, 
which can be fully exploited by 
connecting a USB mouse. A new ‘power sequencer’ can play back up 
to 24 audio tracks, as well as over 100 MIDI tracks, and there’s also 

a powerful new effects engine 
which makes up to 22 effects 
routings available in 16-part 
Multi mode. 

The new Fantoms are also part 
of the first generation of Roland 
instruments to support their new 
Supernatural ARX expansion 
boards. These each contain 

a complete, integrated synth, and the first two to be launched 
combine sample-based synthesis with modelling technology to 
provide responsive and realistic instrument sounds. 

ARX01 Drums allows the user to alter parameters such as shell 
depth, tuning and muffling in real time, while processing the results 
through state-of-the-art effects. ARX02 Electric Pianos, meanwhile, 
presents controls such as tine angle, pickup distance and ‘bell 
character’, providing an infinitely mutable electric piano sound with 
no stepping between velocity layers or multisample key groups. 
Roland UK +44 (0)1792 702701 

www.roland.co.uk 

Anamod AM660 
Fairchild in a Lunchbox 

At last year’s 
NAMM, we were 
introduced to 

the Anamod ÄTS1, 
a hardware device 
that uses 
components similar 
to RAM chips to store 
tape simulation 
models, allowing 
additional models to 
be retrofitted. At this 
year’s show, Anamod 
were showing the 
AM660, a module 
designed for the 
API500 ‘Lunchbox’ 
that models the 
legendary Fairchild 
660 variable-mu 
compressor. It costs 
$1295 in the USA and 
is available directly 
from Anamod. 
www.anamodaudio.com 

Spectrasonics Omnisphere 

Spectrasonics’ founder and sound designer Eric Persing made an 
appearance at NAMM this year, having been absent from the past 
few shows. Rumour had it that he was updating the Atmosphere 

and Trilogy software instruments with new engines, in the same way that 
the Stylus RMX ‘groove module’ was updated from the original Stylus 
using the then-new SAGE engine — but this seems not to have been the 
case. Eric and his team were working on a new engine, but its first 
outing is to be with a new plug-in instrument called Omnisphere. The 
so-called Steam Engine underpinning this instrument is designed to 
support multiple synthesis methods and process samples in a very 
sophisticated way. While instruments based around samples are nothing 
new, Spectrasonics have a habit of coming up with something special and 
more than a hint weird. 

Omnisphere was shown at the 
NAMM show using a limited 
sound set, and Eric tells us it 
won’t be shipping until September 
1 5th this year, as there’s the huge 
task ahead of cataloguing and 
organising the samples that will 
go into its substantial library. 
After that, who knows what the 
age of Steam will bring? 
Time & Space 

+44(0)1837 55200 

www.timespace.com 

www.spectrasonics.com 
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Avid's NAMM 

The audio division of the Avid group, 
which includes Digidesign, M-Audio and 
Sibelius, launched a number of products 

at this year’s NAMM show. 
New from M-Audio (www.m-audio.com) is 

the Profire 2626, a 24-bit/l 92kHz Firewire 
audio interface (pictured right) capable of 
recording 26 input channels and playing back 
26 channels simultaneously. The front of the 
111 rackmountable device has gain controls 
for each of the eight mic preamps (which are 
the same as those found in the M-Audio 
Octane), and volume knobs for the 2626’s 
two headphone outputs. On the rear panel, 
combi XLR ports allow for XLR and TRS jack 
plugs to be connected to the inputs, while 
jack outputs serve the eight analogue 
outputs. Twin ADAT inputs and outputs allow 
for a further 16 digital connections to be 
handled by the device, and there’s a serial 
port with a breakout cable that gives extra 
connections for S/PDIF and MIDI ins and outs. 

Interestingly, the device has on board DSP 
that allows the user to route signals 

announcements 
internally and 
configure up to 
eight mixes, so 
different feeds 
can be sent to 
various members of 
a band, for example. 

In other news, 

latest version five. This means, 
in practice, that users can run their Audio 

Units and VST virtual instruments inside the 
M-Audio have added to 
their Studiophile range of compact nearfield 
monitors. There are two new products, both 
’Deluxe’ versions of existing M-Audio 
monitors. The BX5a Deluxe and the BX8a 
Deluxe have better low-frequency extension 
than their predecessors, as well as improved 
stereo imaging, thanks to re-designed 
waveguides. 

M-Audio have also announced a line of 
‘console’ pianos and have extended the 
Keystudio range of USB/MIDI controllers with 
on board sounds. The company say that the 
new products feature innovations from other 
Avid divisions, including the Advanced 
Instrument Research group (AIR), whose 
software instruments and effects have been 
used inside the new pianos. Finally, M-Audio 
have launched re-issues of their revered 
MIDISport 2x2 and 4x4 USB MIDI interfaces to 
celebrate their 20th anniversary. They’ll be 
available shortly. 

Elsewhere inside the Avid group, scoring 
stalwarts Sibelius (www.sibelius.com) have 
updated the Student version of their flagship 
software package. Sibelius Student was, until 
now, based on Sibelius v3. But with the 
update, users get some of the benefits of the 

software, and use functions such as the Ideas 
Hub to keep a record of disparate ideas on the 
fly. Sibelius also showed their software 
products designed for younger students. The 
Groovy range, as it’s called, gives children 
graphical stimuli, which helps them to interact 
with the musical content in the program, and 
teaches them the fundamentals of scoring, 
notation and structure. 

Finally, Digidesign (www.digidesign.com) 
have announced updates to their Hybrid and 
Strike virtual instruments. Version 1.5 of 
Hybrid includes a new voltage-controlled filter 
(VCF), which Digidesign say allows the user to 
"achieve the classic, retro analogue 
synthesizer sounds of the 70s and ’80s". 
Hybrid 1.5 also has new filter saturation 
modes, giving the user more flexibility when 
shaping the tone of their synth patch. 
Digidesign's virtual drummer software plug in 
Strike can now be expanded with a software 
add-on that brings 300MB of drum machine 
sounds and 100 new style settings. Both 
updates will be free to registered Hybrid and 
Strike users for a limited time. 

For more information on all these new 
products, keep an eye on the web sites of the 
respective companies. 

Novation's Nocturn 
A 'turn for the better? 

Novation are synonymous with innovative USB MIDI 
controllers, mainly due to the success of the Automap 
Universal protocol, which integrates seamlessly with DAW 

software and allows users to quickly and intuitively access 
software parameters using their hardware controller. The newest 
Novation controller equipped with Automap Universal is the 
Nocturn, a desktop device that looks suspiciously like a small DJ 
mixer (but don’t let that put you off!). 

It has eight touch-sensitive rotary encoders, a crossfader and 
eight assignable buttons, plus a further eight buttons for 
controlling a DAW's most common features. There’s also a handy 
'speed dial' rotary encoder that controls whatever the mouse 
cursor is focused on. The Nocturn is due to ship in February, for 
the extremely attractive price of around £70. 

In other 
news, Novation 
have updated 
Autonap Universal to
version 2. New features 
include RTAS and TDM support, so 
compatible products can be used to 
control instruments and effects within Pro Tools, and there’s 
a new ‘heads-up transparent control GUI’, which pops up to help 
you view and map your parameters. When it’s released in 
February, it’ll be fully backward-compatible, and will be available 
to all existing Novation SL and SL Compact owners. 
Novation +44 (0)1494 462246 www.novationmusic.com 
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WHAT'S NEW 

Chameleon 7720 compressor 
Blends into its surroundings 

Chameleon Labs are a relatively new company with a line of audio hardware that is, 
refreshingly, aimed at the budget-conscious user. Already on the market are 
a handful of products, including two mic preamps (one of which has a three-band 

EQ) and small- and large-diaphragm microphones. But the newest product from 
Chameleon is the 7720 stereo compressor, which we actually first saw at AES in New 
York, back in October 2007. 

It uses VCA technology from THAT Corporation (formerly dbx) and features, say the 
manufacturers, the cleanest signal path possible, thanks to a low component count. 
Front-panel knobs give the user control over threshold, attack, release, ratio and 

^11© w** * *'* * 
make-up gain, as well as the high-pass filter, which has five switched settings from 60Hz 
to 440Hz. The 7720 has an external side-chain input, which is engaged using a switch, 
and the compressor circuitry can be bypassed. There’s a single meter that can display 
the input or output of each channel, as well as the overall gain reduction. The 7720 
costs £470 including VAT and is available in the UK through Funky Junk, along with other 
products from Chameleon Labs. 
Funky Junk +44 (0)207 609 5479 www.funky-junk.co.uk www.chameleonlabs.com 

Peluso competition winners 

The lucky winners of the Peluso 2247 SE competition from SOS October 2007 are 
James Hill-Walker from West London and Benjamin Young from Boston, USA. We had 
over 1000 entries to the competition, in which there were two Peluso mies to give 

away — one for USA/lnternational edition readers, and one for our UK edition. In total, 
over £2700 worth of Peluso gear was given away! 

We got contacted James (pictured), to get his reaction: "What a great start to 2008. 
Coincidentally, a couple of days before I discovered I had won this prize, a producer had 
asked what mies I had and didn't sound very 
enthused by my answer. He should be much more 
impressed now.” 

Benjamin Young, who plans to try his new mic on 
a violin in an orchestra pit, commented on the great 
sound of the mic, saying “it’s fantastic”. 

Thanks again to Peluso Microphone Lab for 
donating the fabulous prizes. 
www.pelusomicrophonelab.com 

New for old 
Newmann tube mic 
boasts the best of 
both worlds 

After becoming frustrated at spending 
large sums of money and time 
purchasing and maintaining vintage 

microphones, musician and producer Steve 
Bull decided to design and build his own, 
using a combination of modern technology 
and vintage design to realise his goal. The 
result is the Newmann Retro, a microphone 
reminiscent of vintage ‘lollipop’ mies, which 
Steve claims has “tube warmth, clarity and 
character", but 
which costs £495: 
"less than the cost 
of a service for 
a vintage mic”. 

The Newmann 
Retro uses modern 
components and is 
assembled 
manually. Each mic 
is hand-tuned and 
supplied in 
a flightcase with 
a sturdy 
shockmount and 
a power supply. 
The mic has 
switches on the body to select the polar 
pattern (omni, figure-of-eight or cardioid), 
and also to engage a 1 OdB pad and 
a high-pass filter. An integral pop-shield adds 
a classy touch, but is also a very practical 
addition when the mic is used with vocalists. 
For further information, head over to 
Newmann's web site. 
Newmann +44 (0)1323 730226 

www.newmannretro.com 

MXL move to 24-bit Unsigned Heroes '08 gets under way 
MXL (www.mxlmics.com) have This year's AKG Unsigned Heroes competition, the annual battle of the bands contest organised by 
extended their range of USB microphones Harman Pro UK, has begun. This time, however, Harman have upped the ante, as the overall winners 
with the USB 009.24, a 24-biV96kHz will be competing for the chance to play live at Glastonbury in June, in association with Strummerville, 
version of the 008 created in response to 

customer demand. Like its older brother, 

it's a large-diaphragm condenser mic 

that's powered over USB, and it features 

a headphone output, allowing the user to 

monitor recorded audio while singing or 

which aims to promote new music in memory of Clash co-founder Joe Strummer. 

There are four heats in the competition, one each month from February to May, with three bands 

picked to play live in front of an industry panel each month, at the Comedy Café in London. The winner 

of each heat will progress to the 'vote-off' stage, where they'll face an additional four bands selected 

from on-line judging. Then the winner of the eight 'vote-off finalists will be selected, along with 

second- and third-place runners up, who will play at the Jersey Festival and the Zoothousand Festival in 

playing into the mic. MXL also have 

a new flagship tube mic, the Genesis. 

Voiced to provide a richer, more obviously 

Kent respectively. All three winning bands will receive an AKG Mic Pack and an endorsement deal, with 

the Glastonbury winners getting one of their tracks remixed by Unkle collaborator Aiden Lavelle, as 

well as four tickets to Kent’s Zoothousand festival. 

‘vintage’ tone than their existing models, 

it is expected to retail for around $600 in 

the US, but no UK price is yet available. 

To enter, you must be 18 or over, and there must be at least three people in your band. You need to 

register on the Unsigned Heroes web site, and submit an MP3 of an original composition. To sign up 

and find out more, head to www.unsignedheroes.co.uk 
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WHAT'S NEW 

Direct Install 
Expands Receptor potential 

At the NAMM show, Muse Research announced a new 
technology called Direct Install, which allows users to 
load virtual instruments directly into their Receptor 

hardware plug-in player, using the CD or DVD drive of 
a Mac or PC. The Direct Install-equipped Receptor 
recognises the drive on the computer (connected over 
a network) and reads the data contained in conventional 
EXE or Setup files on a normal software installer disc. 
According to the manufacturers, this "vastly expands the 
range of software that you can run on the platform”. 

The company have also announced that their Receptor 
with Komplete 5 Inside, a hardware plug-in player with the 
entire contents of Native Instruments’ Komplete 5 bundle 
installed and ready to play, is now available. Customers 
who purchase the product, which costs $2499, can use the 
plug-ins on the Receptor straight out of the box, as it’s 
installed and configured by Muse Research before shipping. 

The benefit of using a Receptor rather than a laptop 
computer for such applications, say the company, is that 
the Receptor has significantly lower latency, and increased 
stability, mainly due to its lack of superfluous 
non music-specific components. 

Muse are also are offering upgrades to customers with 
older Receptors. Different upgrades are available to owners 
of all versions of the Receptor. ‘Rev C owners will be able 
to upgrade their Receptor’s CPU and hard drive to bring it 
in line with the latest Pro Receptor, while customers with 
the older A and B revisions of the Receptor will be able to 
upgrade to Rev C spec, which will soon be able to 
accommodate SATA drives, following a forthcoming 
software update. For full details of all the upgrade paths, 
check out Muse Research's web site, and click on the link to 
the Plugorama upgrade shop. 
www.museresearch.com 

IMSTA make NAMM 
turn blue 
'Buy the software you use' 
campaign in the spotlight 

A‘T-shirt day’ set up by the International Music Software 
Trade Association (IMSTA) saw staff from software 
companies and supporting organisations wearing 

blue T-shirts (sponsored by Microsoft) emblazoned with the 
IMSTA logo, on the Saturday of the NAMM show. The stunt was 

designed to publicise the ‘Buy The Software You Use’ campaign, 
which aims to cut the piracy of software through education. 

IMSTA were set up in 2002 by Ray Williams, with the 
intention to support software manufacturers and encourage 
software users to acquire their software legitimately. They are 
a not-for-profit organisation, funded by subscriptions from 
member companies. One such company is Propellerhead, who 
posed for SOS before the start of the show on ‘T-shirt day’ (see 
above). For more information, and to support IMSTA, head to 
their web site. 
www.imsta.org 

product announcements Despite there being no new 

More gamelan! Rode Mies in web site frenzy! CAD announce 
stereo USB mic 
CAD (www.cadmics.com) 

were previewing their first 

stereo USB microphone at 
NAMM. The u220ST is an X/Y 

condenser that ships with a 

shockmount, table-top stand 

and Cubase LE recording 

software. It’s expected to cost 

around $200 in the USA 

(there’s no UK price yet), 

making it ideal for musicians 

on a budget. Given CAD's 

reputation, it'll probably be 

money well spent. 

If someone were to ask me which company were most 

likely to release a 24GB multisampled Balinese gamelan 

library, the words Sonic Couture would spring immediately 

to mind. In the past, they’ve released such titles as Ebow 

Guitars, Hangdrum and Kim, so the collection devoted to 

the range of Balinese instruments bolsters their slightly 

left-of-centre range accordingly. The library comprises 25 

different instruments (a traditional gamelan orchestra 

consists of pot-like and free-standing gongs, 

metallophones and drums), all sampled at 24-bit/96kHz 

with up to 20 velocity layers. In total, there are over 4000 

samples, and Kontakt patches with key-switches that 

provide multiple articulations. For full details of the 

sample library, which will retail for £299, head to 

www.soniccouture-gamelan.com 

from Rode at the NAMM show, the Australian mic 

manufacturers were pushing their latest venture, 

Rode University, an on-line education program. It aims 

to "explain the basics of microphone recording in a 

relaxed and exciting format", through on-line video 

tutorials and interactive tests. Upon completion of the 

course, students will get a graduation certificate, 

which Rode say will be a worthy addition to their 

"rock resume”. Check out www.rodeuniversity.com 

for more info. 

Staying on the Rode microphones and web site 

theme, the company have re-designed and 

re-launched their existing company web site. Check 

out www.rodemic.com to see what’s new. 
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DIGITAL MIXNG STUDIO 

>NEW HARDWARE FODND... 
When using Cubase there are lots of low cost FireWire-based options to get your preciáis audio in and out. There is 
however only one system that gives the highest-grade analogue mic preamps, a familiar and tactile analogue-style 
control surface, complete FireWire audio integration into Cubase AI4 and that sports the Cubase logo. 

The new n series Digital Mixing Studios are simply the best hardware plug-ins for anale gue-style DAW production -
the perfect combination of Yamaha hardware with Steinberg software. With unique Control Room functionality, twin 
headphone sockets and understandable workflow modes, n series are the perfect partner for your production 
computer. Simply connect via a single FireWire cable, launch the bundled Cubase AI4 and start. 

Ask your loca- Yamaha dealer for the only control surface & I/O with Cubase Advanced integration. 
You won't just hear the difference - you’ll feel it. 

www.yamahasynth.com 
Model shown is n1?- 12-channels w/8 mic preamps - RHP £899. 

Also available: 08 ■ 8-channels w/4 mic preamps ■ RRP £649. 

fAk) 
Integrator 



WHAT'S NEW 

Portable Forte 
Focusrite's ISA One 

KRK introduce room-correction system 

doubt appeal to project-studio owners and larger commercial 
facilities alike. 

For further details, visit Focusrite’s web site, and check out the 
news pages on the SOS web site for a video demonstration. 
Focusrite +44 (0)1494 462246 www.focusrite.com 

K hardware manufacturers Focusrite have 
expanded their ISA range with a new single-channel 
preamp, the ISA One. Based on technology from the 

ISAI10 module, originally fitted to the legendary Forte 
mixing console, the ISA One is a solid-state input stage 
with instrument, mic and line inputs. Its neat form — a compact 
chassis with a handle on the top — makes the ISA One convenient 
for users who want a good-quality, portable preamp. But its 
additional features, including a stereo cue input that feeds the on¬ 
board headphone amp, and optional A-D conversion, will no 

s the inexorable rise of 
the project studio 
continues, more and 

more monitor manufacturers
are acknowledging that their 
products are often used in less 
than ideal acoustic environments, 
and employing advanced computer 
technology to help out. The NAMM 

t their NAMM ‘press and technology conference’, 
Roland sent an open invitation to competing 
manufacturers to embrace the V-Link protocol, 

which enables audio and video equipment to 
communicate using the basis of the standard MIDI 
specification. Roland likened the potential power of 

the room and run the 
measurement utility on your Mac or 

PC. This builds up a three-dimensional 

Embrace V-Link! 
Roland encourage fellow 
manufacturers 

show saw KRK launch their Ergo digital 
room-correction system, which consists 
of a desktop DSP unit and 
a measurement mic. The DSP unit sits 
between your DAW and your monitor 
speakers, and can act as a basic monitor 
controller thanks to its large volume 
wheel and ability to switch between 
‘A’ and ‘B’ speaker outputs. It also acts 
as a Firewire audio interface, allowing 
measurements to be taken from the 
calibration mic. 

To set up Ergo, you locate the mic at 
a number of random positions within 

picture of the room's response, and 
allows it to calculate the freauencies at 
which problematic resonances reside. 
This information is then transferred to 
the Ergo unit’s hardware DSP, which can 
apply up to 1024 narrow EQ bands to 
fine tune the monitor response to the 
features of your room. For more 
information, should you need it, head to 
KRK’s special Ergo web site, 
www.krkergo.com. 
Focusrite +44 (0)1494 462246 

www.focusrite.com 

www.krksys.com 

V-Link to that of MIDI, and encouraged other 
manufacturers to consider the future of the industry. 

During the conference, they demonstrated various 
implementations of V-Link technology, with the new 
Fantom C8 (see page 6) and V-Synth CT generating 
and manipulating moving and still images, the SP555 
triggering video samples, and an Edirol vision mixer 
being used to control both video and audio, by 
communicating with the new Roland V-Mixing system. 

If Roland’s competitors embrace V-Link, we could 
be in for some interesting new product 
announcements in the coming years, so keep your 
eyes on the pages of SOS... 
Roland UK +44 (0)1792 702701 www.roland.co.uk 

Pro Tools control for Eventide processors 
Eventide have announced a new RTAS plug-in called E-control, which 

provides real-time control over the company's H8000, H7600 and Eclipse 

hardware processors. Parameters inside the plug-in can be automated 

using Pro Tools, so that settings and alterations can be quickly recalled, 

without having to make manual adjustments to the hardware. It will 

become available at the end of April, costing $199 (around £100), 

although it's free if you purchased your product after September 1st, 2007. 

Visit the newly designed www.eventide.com to download the plug-in 

If you're an Eclipse owner, you can also download a free update for your 

hardware, which accelerates the operating system and doubles the 

number of parameters that can be controlled at one time 

Arriving too late to be included in our Time Factor review (page 136) is 

news that owners of the Time Factor and Twin Delay stomp boxes can 

download new software to enable extra features in their pedals. One of 

these, Spill Over, provides smooth switching transitions between presets. 

EP add-on from Modartt 
French virtual instrument designers Modartt have announced a new 

update for Pianoteq (www.pianoteq.com), their physical-modelling 

software piano, which now includes an electric piano model. Modelled 

on the Yamaha C?80 (serial number 1982, in case you wondered), the 

new model in the Pianoteq line-up now gives the user a choice of 

acoustic and electro-acoustic pianos. 

Two different variants of the CP80 come in version 2.2.1 of Pianoteq: an 

'original', slightly beaten-up instrument, and a 'restored' version, which 

was modelled after the instrument was fitted with brand new strings. 

Also new in the update are additional settings for a 'flat 

temperament', which Modartt say should help Pianoteq "fit" better 

alongside most synthesizers, particularly those with mathematically 

perfect octave separation. 

Best of all, version 2.2.1 is free to all registered Pianoteq customers. 

Simply visit Modartt’s web site and download the update. 
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INTRODUCING KORE 2. Our most advanced instrument ever. Everything from 
synthesized sounds including deep bass tones, lush pads, and complex motion 

sequences to the most accurate real-world instruments are now at your fingertips. 

KORE 2 delivers more than 500 sounds, 3,000 variations and millions of combina¬ 

tions from our award-winning REAKTOR, ABSYNTH. FM8, KONTAKT. MASSIVE and 

GUITAR RIG. All navigated via an elegant 8-knob desktop console, and a refreshingly 

simple new interface. 

Expand KORE 2 with affordable Sound Packs or full versions of our various instruments. 

Or simply enjoy the new sounds you'll discover, right out of the box. 

Start your sonic exploration today at www.native-instruments.com. 

www.arbiter.co.uk 

D NATIVE INSTRUMENTS 

THE FUTURE OF SOUND 



WHAT'S NEW 

TC Electronic's big namm news 
The really big news from TC Electronic at 

NAMM was that the Danish company 
were in the advanced stage of talks to 

merge with guitar giants Gibson, with 
a completion date due sometime in February 
2008. It’s too early to say how this will affect 
the product line or TC’s independence at this 
stage, so we won’t speculate further! 

On the product front, TC launched two 
new guitar pedals, the Nova Modulator and 
Nova Dynamics. Nova Modulator combines 
all existing TC modulation effects with two 

brand-new effects to offer chorus, a new 
tri-chorus, flanger, a new through-zero 
flanger, phaser, tremolo, and an upgraded 
vibrato. Its dual-engine design allows 
combination effects to be configured. 

Nova Dynamics features studio and stomp 
compression modes (the latter of which is 
more aggressive), as well as a noise gate. 
A dry blend feature enables the user to mix 
in the dry signal along with the compressed 
signal for parallel compression effects. 

Falling somewhere between the pedals 
and the high-end G-System, TC’s new Nova 
System floor-based unit comes with 

programmable analogue distortion and 
overdrive, augmented by TC’s usual 
array of high-quality digital effects. 
Nova System incorporates six 
effects blocks taken from the 
C-System: compression, EQ, 
noise gate, modulation, 
pitch, delay and reverb, 
all programmable and 
storable in 60 user 
presets alongside the 30 
factory presets. 

The Konnekt 6 joins TC Electronic’s 
existing Firewire audio interfaces and 
includes a zero-latency monitoring control 
section, a tracking reverb and a three-mode 
high-resolution meter. The unit handles two 
simultaneous analogue inputs, one of which information 
is an XLR input featuring TC’s IMPACT mic 
preamp. There are two quarter-inch 

according to the 
ITU-R BS1770 standard to show instant 

instrument-level inputs and two monitor 
outputs, as well as a stereo headphone out. 

Powercore fans might be interested to 
know that Powercore X8 is also now shipping 
and features eight DSP engines, doubling up 
on the processing power of the original 
Powercore Firewire. Powercore X8 ships with 
14 plug ins as well as Powercore 3.0 system 
software and a Î500 plug-in voucher that can 

loudness and loudness history. In the radar 
view, LM5 (below left) displays real-time 
loudness (LU or LFS) and true peak level. 
LM5D (below right) is an extended version of 
LM5 and includes two long-term universal 
descriptors: centre of gravity and 
consistency. 
TC Electronic UK +44 (0)800 917 8926 

www.tcelectronic.com 
be used as part 
payment for 
further effects. 

At the NAMM 
show TC also 
took the 
opportunity to 
announce their 
Loudness Radar 
Meter Plug-ins 
for Pro Tools HD. 
These plug-ins 
display 
statistical 

Roland acquire majority share in Cakewalk 
The Roland Corporation (www.roland.co.uk) have, since 2003, 

held a minority share in Cakewalk (www.cakewalk.com), 

developers of Sonar and numerous virtual instruments. But just 

before the NAMM show, it was announced that Roland have 

acquired a 60 percent share in the company. Cakewalk are clear 

that they, and their current product line, as well as the existing 

support infrastructure, will remain intact. The company also say 

that "a series of impressive software/hardware products" are to be 

jointly developed by the two companies, and in a Roland press 

conference, the words "Cakewalk by Roland" were uttered more 

than once. Cakewalk have told their customers that they are "not 

becoming a 'division' of Roland", and that they "remain 

committed to developing stand-alone software, as well as 

hardware/software products". So watch out for new, 

joint-developed products from the two companies. 

Swedish sample developers Power 

FX have unveiled World Loop Spice 

Rack, an interesting collection of 

ethnic percussive loops and samples. 

Instruments from Africa, China, 

Australia, India and the Middle East 

have been recorded at 

16-biV44.1kHz, and hand-played 

loops have been turned into 

Acidised WAVs. In total, there is 

almost 900MB of content from over 

50 instruments. Visit 

www.powerfx.com to purchase 

the sample library, and for further 

details. It costs £36. 

ATB24 price comparison 
In the Toft Audio ATB24 review in last 
month's issue of Sound On Sound, we 
referred to a competing product as the 
"Oram 8T-24", when the unit in 
question, whilst designed by John 
Oram, is manufactured and sold by 
Trident Audio Ltd as the Trident Series 
8T-24. We also stated that the Trident 
Series 8T-24 was "slightly more 
expensive" than the Toft Audio ATB24. 
In fact, the Trident Series 8T-24 retails 
for £3524 including VAT, compared to 
the ATB24's retail price of £3878 
including VAT. We apologise for any 
confusion that this may have caused. 
www.oram.co.uk 
www.toftaudlo.com 
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You know what your music looks like. 
Now find out what it sounds like. 

&Xo 

It's affordable, accurate audio monitoring that sits 
on- and under - your desk. 

So when you're ready to hear what your music 
sounds like, you're ready for EXO. 

The powerful new EXO studio monitoring system 
from Blue Sky delivers true, full range sound, so 
you’d hear every detail of your music. 

Thanks to a desktop 
remote hub, you can 4 
plug in your H 
computer, your mp3 I 
player and your ■ 
mixer, all at the 
same time - and all " 
without having to crawl 
around under your desk. 

E-XO 
Stereo Monitoring System 

SRP £ 299.95 inc VAT 

Purchase an EXO studio monitoring system before February 29th, 2008 and submit a copy of your receipt (proof of 
purchase) and your address details directly to beyerdynamic and we will send you a pair of 
DT 231 Galactic headphones absolutely FREE of charge (recommended selling price £39.95 inc VAT). 

Find out more at www.beyerdynamic.co.uk and ask one of our supporting dealers listed below for a demo today. 

tel. 0845 025 55 5 
www.absolutemusic.co.uk 

tel. 01708 771991 
www.dv247.com 

dolphin musk I 

tel. 01355 272 500 
www.mediaspec.co.uk 

tel. 0870 840 9060 
www.dolphinmusic.co.uk 

beyerdynamic)))) 
totalsystemssolutionproviders 

01444 258258 
www.beyerdynamic.co.uk 

sales@beyerdynamic.co.uk 



Surgin' USA 
Alesis storm the market 

Alesis presented an impressive range of 
new products at the NAMM show, 
including two new electronic drum kits. 

Both the DM5 Pro and the USB Pro are equipped 
with real drum heads (albeit foam-dampened), 
and what they’re calling Surge cymbals. These 
are essentially real metal cymbals with a plastic 
damping layer and touch pad on the underside 

new SRI 8, which improves on the 
still-current SRI 6 with a much larger 
sound set (32MB), an on-board bass 
synth, and built-in effects. It covers 
both traditional and modern drum 
sounds and can be run from batteries or 
a mains adaptor. The SRI 8 boasts 24-voice 
polyphony, an instrument input and a library of 

WHAT'S NEW L" 

which can be used for muting, or ‘catching’ the 
cymbals. 

The DM5 Pro kit has much improved 
hardware over earlier versions but still uses the 
old faithful DM5 module, which has 540 
sounds with 21 programmable drum kits, as 
the sound source. The kit comprises 
a dual-zone snare, bass drum pad, three tom 
pads with rim triggers, a 12-inch electronic 
hi-hat, a 13-inch crash cymbal, and a 16-inch 
dual-zone ride cymbal, all mounted on 
a rack-style stand. The DM5 can also function 
as a stand-alone trigger-to-MIDI converter, and 
features 12 trigger inputs. 

For the studio user, Alesis’ USB Pro kit offers 
similar hardware but with an Alesis Trigger IO 
instead of the DM5, and a bundled ‘light’ 
version of FXpansion’s BFD virtual drummer 
software. The hardware offers 10 TRS inputs 
for single or dual-zone triggers, 20 
programmable presets and a hi-hat pedal input 
for on/off or continuous control of the hi-hat 
sound. The hardware connects to a computer 
(both PCs and Macs are supported) using USB, 
and it also has a MIDI output. 

Those who prefer to program their drum 
parts might like to take a closer look at the 

175 presets, with space for 100 user patterns. 
Footswitch control is available for starting and 
stopping playback and recording, and for 
controlling the count-in and fill functions. 

Alesis were one of the first companies to 
produce gear designed to team up with Apple’s 
iPod, and their new Multiport turns your iPod 
into a stand-alone desktop stereo recorder that 
has USB connectivity for hooking up to 
a computer. It works with all docking iPod 
models when used through iTunes, and is able 
to play back one piece of audio while recording 
another. The unit offers both mic and line 
inputs, as well as level metering and 
decent-sized controls. 

Also new from Alesis is the iMultimix 16 
USB, which might suit you if you’re wanting to 
use your iPod to record gigs or provide backing 
tracks. It is based around a tabletop mixer with 
an integral iPod dock and features 100 digital 
effects, a built-in peak limiter, and transport 
controls. Four of the 16 inputs are mic/line 
preamps with 48V phantom power and there’s 
a three-band EQ on each channel. 

However, if you’d rather record to 
a computer than an iPod, Alesis also have the 
Multimix 8 and Multimix 16 USB mixers, which 

can stream multiple audio channels into your 
Mac or PC. The Multimix 8 USB 2.0 has 10 
direct outputs for recording and two return 
inputs for monitoring. For processing there are 
100 on board effects, including reverbs, 
delays, chorus, flanging, pitch and 
multi-effects, though if you need something 
a little larger, the Multimix 16 will give you 18 
direct outputs for recording and two return 
inputs for monitoring. Both models offer 
24-bit/96kHz operation and are compatible 
with Mac OS X and Windows XR 

The USB format must be contagious in the 
Alesis paddock, as even the diminutive Ml 
Active 320 USB monitors are able to plug 
directly into a computer. They operate as a USB 
audio interface and feature a headphone 
output, an eighth-inch stereo mini-jack input 
and magnetic shielding. Each one has 
a three-inch woofer and a one-inch silk-dome 
tweeter, covering frequencies from 58Hz to 
25kHz. Prices for the new gear were still 
unannounced at the time of writing. 
Numark +44 (0)1252 341400 

www.alesis.com 

Sonnox SuprEsser New addition to the Oxford Plug-ins family 

Plug-in manufacturer Sonnox (formerly part of the Sony 
Oxford group) have added to their range of RTAS, Audio 
Units and VST plug-ins. SuprEsser is primarily a de-esser, but 

can be used to eradicate other unwanted noises in an audio track, 
such as plosives or low-frequency rumbles. 

At its heart is a responsive 1024-tap FFT display, which 
provides a detailed overview of the audio spectrum, but can be 
‘zoomed’ to show a band of frequencies in more detail. 
Superimposed over the display is a red line that shows where the 
plug-in thinks the dominant frequency is between two selected 
frequencies, which are determined by the band boundary lines — 
also superimposed on the FFT display. Inside the band boundaries 
is an intuitive, upside-down, triangle-shaped gain-reduction meter, 
which gives real-time visual feedback on the status of the plug-in. 
In usual Sonnox style, there’s detailed metering for input and 
output levels. 

SuprEsser is due to ship in March, at a cost of £188 including 
VAT, and discounts are available when purchasing multiple 
Oxford-branded plug-ins. 
Source Distribution +44 (0)20 8962 5080 www.sourcedistribution.co.uk 

www.sonnoxplugins.com 
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Duende Mini! 
Portable DSP processor packs a punch 

In just under two years, SSL's Duende DSP platform has become one of the most respected on the market. But so far, there’s only been one 
way to embrace it: by purchasing the rackmountable Duende 

processor. Now, however, there’s a new, more affordable Duende that 
can be upgraded to pack the power of its bigger, older brother. The 
Duende Mini is a one-third rack-width desktop device that connects to 
a computer via Firewire. It can be bus-powered or plugged into the 
mains, and as standard it can power 16 channels of plug-ins. The 
Duende Mini ships with the SSL EQ and Dynamics plug-in, but can, like 
the Duende Standard (as it's now called), be upgraded with additional 

energy and 
power". Its 
gain-reduction curve has what the 
developers call a dual-symmetrical knee, 
which enables the user to shape the characteristic of 
the compressor to suit their sound, using an intuitive CUI. A built-in 
side-chain EQ can be configured intuitively using a logarithmic 
frequency plot, and a wealth of metering options give the user 
feedback on the activity of the plug in. There’s stereo input and output 
bargraph metering showing both peak and RMS levels simultaneously, 

n’ini 

an amplitude histogram that displays 
real-time pre- and post-compression signals, 
and a gain-reduction history. 

Another new plug in is X-EQ, also for the 
Duende platform. It’s a parametric EQ with 
10 bands, each of which has a variety of 
response curves and can operate from 20Hz 
to 20kHz. X-EQ has an FFT frequency 
analyser, an A/B comparison feature and 

SSL plug ins. Further details can be found at SSL's web site. 
The UK-based company have also released more plug-ins. The first, 

X-Comp, is a stereo compressor, and one that SSL claim is so versatile 
that it can be used for “everything from ‘invisible’ subtle dynamic 
control for mastering, to dramatic ‘brick wall’ effects that inject raw 

comprehensive metering sections, as with X-Comp. You can also 
control the parameters using MIDI. Both new plug-ins will be available 
in the first quarter of 2008. 
Sound Technology +44 (0)1462 480000 

www.soundtech.co.uk www.solid-state-logic.com 

New virtual instruments join the Big Fish Audio shoal 

Big Fish Audio had 
plenty to announce at 
NAMM, with the 

headlines going to three new 
Kontakt-based virtual 
instruments from Vir2. Elite 
Orchestral Percussion, 
which lists at S399 in the 
US, is a 19CB library stuffed 
to the gills with, well, 
orchestral percussion. Over 
250 instruments were 
sampled, from the obvious 
timpani and snare drums to 
handbells, wind chimes and 

a complete package for those 
seeking to recreate classic 
pop, rock and funk horn 
sections. It covers all the 
saxes, along with trumpets, 
trombones, flugelhorns and 
clarinets, and, once again, 
the range of articulations on 
offer looks to be exhaustive. 
Swells can be sync'ed to host 
tempo, and a single control 
allows you to alter the 
number of musicians in your 
virtual ensemble. Legato and 
vibrato are handled in 

woodblocks, and advanced scripting 
techniques have been used to make the 
results as playable and realistic as 
possible. Articulations such as rolls, flams 
and chokes can be programmed very 
easily in the instruments’ Performance 
view, and a range of EZRoom convolution 
impulses is available to treat the output. 

BASiS, meanwhile, is devoted to the 
lower reaches of the audio spectrum, 
collecting together 7CB worth of electric, 
upright and synth basses. All the electric 
basses were sampled both via a DI and an 

amp, and the two signals can be mixed to 
taste; likewise, acoustic basses were 
recorded using both a pickup and a mic. 
From slaps and slides to harmonics and 
fret noises, if the bass can make a sound, 
it’s included here. There’s a comprehensive 
range of bass-oriented effects, and 
a custom legato tool allows realistic 
‘finger-smooth’ playing. BASiS will cost 
$ 199 in the US, which should give UK and 
European readers an idea of local prices. 

Next off the block will be the Mojo 
instrument, which aims to provide 

a flexible and intuitive way, and if the 
audio demos we heard were anything to 
go by, this library will be one to look out 
for. Pricing for Mojo was unconfirmed at 
the time of writing. 

There’s no let-up in the company's 
programme of loop-based releases, either, 
with new products ranging from Latin 
Jazz, World Percussion and Found 
Percussion to urban titles such as Straight 
Outta NYC, Plush and Hip Hop Mood 
Swings. Fresh! 
www.bigfishaudio.com 
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EUROPE’S LOWEST PRICE GUARANTEE 
Visit Us 
114-116 Charing Cross Road, London 
For music makers in London & the South East there 
is simply no other destination. Our landmark store in 
London’s West End has all the latest and best equipment 
ready for you to try and our expert staff will help you find 
the best solution at the best price in Europe. 

Top brands for less... 
OOßOg ^Carillon OeleMrun 

ft .> COYAMAHA EDIROL =e-mu 

^Roland © TLA^l AKAI 5» 
KRK< KORG TASCAM MACKIE. P'-eSonus^ 

ONLY £349 

KORG 
MICRO KORG (BLACK KEYS) 

EXCLUSIVE 

ONLY £229 

130% i 
I OFF 1 

SSL 
SSL ALPHA CHANNEL 

SAVE WAS £999.99 

£300 £699 

t.c. electronic* 
ULTIMATE SOUND MACHINES 

SAVE WAS £2013 

£1014 £999 

NATIVE INSTRUMENTS 

ONLY £289.99 

Store Opening Hours 
Store: 
Mon-Sat 10:00am - 8:00pm 
Sunday 12:00pm - 5:00pm 

We are in the heart of Central London, on 
Charing Cross Road between Oxford Street 
and Shaftesbury Avenue. The nearest tube 
stations are Tottenham Court Road (Northern 

How To Find Us 

and Central lines) and Leicester Square 
(Piccadilly and Central lines). 

*Our guarantee is that we will beat any genuine quote on a like for like basis, on identical goods, from a UK or European dealer at the time of order. We must be able to substantiate the quote and the competitive dealer must have 
the goods in stock and available to sell. 



turnkey 
make music for less 

www.turnkey.co.uk 
0207 419 9999 

EUROPE’S LOWEST PRICE GUARANTEE 

Buy Online 
www.turnkey.co.uk 
We check prices across the board every day to make sure 
that we are always the cheapest in Europe. Our fast, efficient 
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Q What’s the best way 

to get audio into my 

portable recorder? 

I am looking for a more suitable solution for 
the stereo recording setup which I currently 
use to record classical music and jazz. I have 
a pair of Sennheiser MKH800 microphones, 
and I want to record to Compact Flash card. 
I currently use the mic preamps in my Yamaha 
i88x, but I have to use an unbalanced line 
signal from the insert point using a cheap 
jack-to-RCA adaptor, to plug it into my Tascam 
HDP2 stereo recorder. 

If I could utilise the S/PDIF from the ¡88x 
then I would have no problem here, but the 

down to 44.1 kHz is much simpler and 
therefore likely to be more accurate. I have 
proposed this to various industry contacts and 
had very mixed responses. What’s your take? 
Ian Simpson 

Technical Editor Hugh Robjohns replies: 

The first and simplest option, which I presume 
you have already considered and discounted, 
is to use the mic preamps in the Tascam 
machine itself. These aren't bad for a machine 
of this type, and they can provide phantom 
power for your Sennheiser mies. That would 
obviously be the lowest-cost solution, 
although not the absolute best quality route. 

After that, it really depends on how much 
of your budget you want to spend. There are 
numerous two-channel mic preamps around 

found that they are rarely required in practice. 
Regarding your desire to record at 88.2kHz 

rather than 96kHz, the DMA2 can operate at 
either sample rate, so you'll have no problem 
there, although in fact the 88.2kHz mode 
wasn’t included in the original design and was 
added later following user feedback (which 
explains the slightly odd sample-rate indicator 
arrangement!) 

The idea that integer sample-rate 
conversion is more accurate than non-integer 
sample-rate conversion — which is what you 
are assuming by suggesting that 88.2kHz is 
easier to convert to 44.1 kHz than 96kHz — 
is no longer true. The best of the modern 
sample-rate converter (SRC) systems perform 
astonishingly well regardless of the input and 
output sample rates, because they calculate 

The Audio & Design DMÄ2 (reviewed in SOS January 

2008) is a firm favourite among the currently available 

two-channel mic preamps. What's more, it's got an AES 

output, so it can be connected to Ian Simpson’s Tascam 

HDP2 stereo recorder. 

S/PDIF input and output on the i88x is mLAN 
exclusive, so you can’t get the direct mic 
preamp signal from there. You can only route 
it to the unbalanced insert point or the 
monitor output. 

I am after the best possible quality in 
terms of A-D conversion and mic preamps for 
around £1000.1 would also like to convert 
from analogue to digital as early in the signal 
chain as possible, so ideally I’m looking for 
a high-end, two-channel mic preamp with an 
S/PDIF output. Alternatively if there are any 
other rackmount Compact Flash products in 
the pipeline with AES input, then a mic pre 
with an AES output would be even better. 

I am also keen, despite scepticism from 
others, to record at 88.2kHz rather than the 
now almost standard 96kHz as I believe that, 
as the final destination is audio CD, then the 
algorithmic processing involved in bouncing 

with built-in A-D conversion. At the high end 
(but stretching your £1000 budget) you could 
look at the Neve IO73DPD, for example. But 
being a little more realistic, I would suggest 
the Audio & Design DMA2 (reviewed in SOS 
January 2008, and on-line at 
www.soundonsound.com/sos/jan08/articles 
/audioanddesigndma2.htm). This is an 
extremely neutral and accurate preamp, with 
resettable digital controls, excellent A-D 
converters, and a really well thought-out 
feature set. Best of all, it is astonishingly well 
priced and will meet your needs perfectly. 

The output meets, technically, the AES3 
standard, but you won't have any problems 
coupling it to the Tascam’s S/PDIF input 
provided you keep the cable reasonably short 
and wire the RCA connector between pins 2+3 
(use twin-core screened cable, but leave the 
screen connected to pin one at the XLR end, 
and isolated at the RCA end). If you want to be 
technically pedantic, you should use a ‘balun’ 
to convert between the AES3 output and the 
S/PDIF input — and appropriate in-line 
adaptors are available from suppliers like 
Canford Audio and Studiospares — but I have 

the precise sample amplitude required at the 
precise time it is needed. Older (and we are 
talking 15 years ago) oversampling-based 
systems did favour integer-related 
sample-conversion rates, but the technology 
has moved on a very long way since then. 
Indeed, the current crop of single-chip SRCs 
easily out perform the best D-A converters in 
terms of noise and distortion. 

QWhy don’t my synth 

basses sound good 

on a hi-fi? 

I’m mixing a project which has a number of 
synth parts that sound great in my studio, but 
I’ve just been listening to some rough mixes 
on my home hi-fi system and things are not 
good. Firstly, the sounds go very low and are 
quite bass-heavy, and they distort my normal 
hi-fi speakers despite coming over great on 
my studio monitors. Also, some of the 
instruments just do not sound like they do in 
the studio. I’d go so far to say that lumps of 
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The Fostex D160 (left), reviewed in SOS December 

1997, was a powerful machine in its time. These days, 

Fostex have the D2424LV (right) which, as you can see 

from these pictures, shares more than a striking 

resemblance to its older sibling. 

end, where 1 Hz can mean a noticeable 
difference in pitch. 

From memory, in your particular case 
I seem to remember that the kick part had two 
pitches to it, and I felt that both had low 

obviously need to have analogue inputs for 
my mixing desk as I do not want to replace 
anything else. 
Paul Hazel 

Features Editor Sam Inglis replies: 

I would imagine the most likely cause of your 
problem is a dead hard drive. It sounds as 
though the DI 60 itself is functioning, at least 
well enough to tell you that there’s no hard 
drive! It is fairly well-known that hard drives 
tend to fail if stored for long periods of time 
without being ‘spun up’ occasionally. The first 
thing I’d suggest would thus be to track down 
a suitable replacement and install it. You may 
need to consult Fostex as to what sort of hard 
drive should be used, and perhaps to get hold 
of a replacement — given that the machine is 
10 years old, it may not be compatible with all 
modern IDE drives. 

Fostex are distributed in the UK by SCV 
London (www.scvlondon.co.uk), who should 
hopefully be able to help you with your old 
machine. But if it's unsalvageable, they’ll also 
be able to suggest a modern Fostex machine 
to replace your DI 60. They may well suggest 
the D2424LV, a very well-equipped 24-track, 
rackmountable digital multitracker, or the 
MR16HD, a more budget-friendly desktop 
device. Of course, alternatives from other 
manufacturers (including Mackie, Tascam, 
Marantz and Zoom) are available, and it would 
be wise to shop around — and check out 

frequencies. In Mike’s write-up on our mix, he 
says "drum harmonics were dominating at the 
low end — cuts of 3-4dB at 47Hz, 59Hz, 96Hz 
and 174Hz were all that were needed”. How 
are these frequencies arrived at? Is it just a 
case of knowing the problem frequencies, is it 
with some sort of spectrum analyser, or it is 
trial and error? Also, how are the cuts done — 
is it just using a multi band EQ? 

I think this is the weakest part of my 
mixing side, and is probably the part I want 
to work on next, but I am not really sure 
where to start. 
Blink (Imprint) 

SOS contributor Mike Senior replies: 
Drum samples, such as the ones in use in 
your track, don’t usually change pitch, so you 
can use very narrow EQ cuts to home in on 
individual harmonics of the sound, and this is 
great for dealing with unwanted resonances in 
particular: a ringing sound at a particular 
frequency, for example. The problem with 
over-prominent individual harmonics is that 
they stop you fading up all the other 
harmonics of the sound far enough in the mix. 
By the time the sound as a whole is audible 
enough, those little resonant frequencies poke 
out too far. Very narrow EQ cuts make very 
little difference to the rest of the sound (the 
narrower the better really), so they’re one of 
my favourite tactics when I can get away with 

harmonics to them which were a little too 
prominent. This made them boom and hang 
on too long for my liking, especially as I knew 
that the effects and everything else would 
need space to move in. One of the pitches 
was more problematic than the other, hence 
the rough harmonic relations between some 
of the cuts. Still, the cuts weren’t particularly 
severe. I normally find myself cutting more 
severely when using this technique. Here 
these notches were effectively just ’pulling 
down the fader a bit’ for those individual kick 
harmonics without affecting the level of the 
kick as a whole. 

The way I found those particular 
frequencies is by using a fairly well-known 
trick. Take a peaking filter and ratchet up the 
resonance (or Q value) to maximum. If you 
then apply a big gain boost with that filter, it 
acts as a kind of audio magnifying glass, 
picking out very narrow frequency bands and 
even individual harmonics of a pitched sound. 
If you sweep it around the frequency range for 
a while you’ll soon get an idea of where the 
problem frequencies lie, at which point you 
can reverse the gain control setting to cut 
instead of boost. 

You do need to be careful with this 
approach, though, because it’s easy to be 
tricked into hearing problems that aren't 
actually there. What I do as a reality check is, 
once I’ve finished setting up the cut in 
question, I bypass it for a few seconds, and 

some SOS reviews — before taking the plunge 
and buying a new bit of gear. 

QHow do you know 
what to cut? 

Thanks for featuring my band Imprint in the 
Mix Rescue article of SOS January 2008; we 
were really happy with the results that Mike 
Senior achieved. But whenever I read such 
articles, there are always mentions of very 
specific EQ cuts or boosts at very specific 

them. They won’t work 
on melodic instruments, 
though, because the 
harmonics move around 
as the pitch changes. 

In terms of which EQ 
to use, it doesn't matter 
at all, as long as you 
have a Q/resonance/ 
bandwidth control and 
you can accurately enter 
frequencies — 
particularly at the low 
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► listen for the thing that I don't like. Only when 
I have it pinned down in my head do 
I re-engage the filter. That way I know for sure 
whether my EQ setting is doing the job 
I initially wanted it to. Funnily enough, I have 
a vague recollection that I tricked myself 
a couple of times with that very kick sound 
(maybe by initially setting the harmonic 
relations by eye rather than by ear), and I did 
come back to it and tweak it a couple of times 

as things progressed. The exact cuts at the 
two lowest frequencies in particular had to be 
quite finely judged — if you follow the fader 
analogy I made above, it makes sense that 
you'd need to adjust them as finely as you 
would any other fader. 

My bottom line with EQ is that if I can't 
find a main fader level that I’m happy with 
for a given instrument, it’s often because 
I actually need more than one fader for 

different frequency regions of that 
instrument. Using EQ makes a lot more 
sense if you think of it as just giving you 
these extra faders. In some senses, 
a graphic equaliser makes this easiest to 
visualise, but a parametric EQ will probably 
sound better, and it will offer more accurate 
control, especially for things such as killing 
pitched resonances. So I usually use 
a parametric. ES 

SoimdÄ^Mce Recording brass 
in the home 
studio 

The crack team of Paul White and Hugh Robjohns have travelled the world solving readers' problems. Here, they down 
the Hob Nobs and answer some of your recording queries in our Q&A mini-series, Sound Advice. 

Paul: The most common brass instruments you'll 
find recorded in home studios are trumpets, 
trombones and saxophones (the sax is technically 
a woodwind instrument, as it has a reed, but is so 
commonly found in brass' or horn' sections). 
Recording brass is something I do relatively 
infrequently but it has never really presented any 
serious problems. As long as you make some 
effort to get the mic where it sounds best, and 
make the player aware that if they move around, 
the timbre of the sound will change dramatically 
due to the extreme directionality of brass 
instruments, the rest is pretty easy! 

Hugh: In the case of trumpets and trombones, the 
majority of sound comes from and projects in the 
direction of the instrument's bell. The polar pattern’ 
of the instrument becomes increasingly directional 
with rising frequency. If you stand behind a trumpet 
you'll hear very little direct sound and no HF 
components at all. If you move to the side you'll 
pick up the lowest frequency components, but it is 

you're concerned about room reflections, then 
some suspended duvets behind and to either side 
of tine player will help damp things down. As is 
often the case, if the room doesn't flatter the 
instrument, then it is better to damp out as much 
of the room as you can and then replace it with 
a more sympathetic reverb when you come to mix. 

Hugh: You need to bear in mind that brass 
instruments are designed to be loud. Trumpets 
have been measured at four metres to produce 
over 96dB SPL, and around 130dB SPL just 0.5m 
from the bell. A trombone is roughly 5dB louder 
still. So microphone choice means finding a 
microphone that can accommodate huge peak 
levels without excessive distortion. 

Paul: But every cloud has a silver lining, so they say, 
and the high SPLs of brass instruments mean that 
even loisy computers in the same room are so far 
below the levels of a typical brass instrument, to 
the extent that, unless you have the mic set up 

fine provided they can cope with the peak SPLs. 
Failing that, dynamic mies are always a reliable 
choice that will cope with the SPLs without trouble. 
Ribbons are also popular, both for pop and 
classical brass recordings. The Coles 4038 and 
AEA R44 are favourites, but you need to place 
them no closer than a metre and use a pop screen 
to prevent wind blasts popping the diaphragm. 

Paul: Unless you have headphones with very good 
isolation, you may not be able to hear the effect of 
mic movement when working 'live', so recording 
a test section while moving the mic and describing 
the mic positions into the mic as you do it may 
work better. Further to what Hugh suggested about 
choosing a mic that can handle high SPLs. 
I suggest that you leave adequate headroom at 
your mic preamp and DAW input, as the quirky 
waveforms produced by some wind instruments 
can produce misleading meter readings on some 
less-sophisticated metering systems. 

right next to the 
computer, noise isn't 
going to be a problem. 
Again, some acoustic 
treatment may be 
necessary, though, 
because while you can 
drown out background 
noise, you can't drown 
out sound reflections 
— they get louder as 
the instrument does! 

Hugh: When it comes 
to mic choice, a typical 
studio approach for

pop music would be to use 
classic large-diaphragm 
condensers such as the 
Neumann U87 or AKG C414, 
operating with pads switched in 
and placed within half a metre of 
the bell. In practice, most 
large-diaphragm mies will work 

only directly in front that you'll hear the 
higher frequency components and 
harmonics (above about 4kHz). 

Paul: So for the sharpest, crispest sound 
you'll need to place a mic directly in front 
of the bell - either on a fixed stand or 
clipped directly to the instrument itself. If 

Hugh: The saxophone needs to be treated a little 
differently, because it generates sound in the same 
way as that conventional woodwind instruments do: 
along the full length of its body. This means that 
a different miking technique is appropriate: the mic 
should be placed to 'hear' the whole body of the 
instrument. However, in pop music, it has long 
been fashionable to mic tenor and baritone saxes 
very close to their upturned bells (as in the picture), 
and this captures a very specific kind of sound. It's 
not the natural sound of the instrument as heard in 
the room at a distance, but a bright, raspy sound 
that everyone recognises and now expects. 

Paul: Some final advice: when recording, pay 
attention to the sound quality. It changes as the 
instrument (and player) warm up, and as the 
instrument inevitably fills with spit! It pays to give 
the player plenty of opportunity to clear the 
instrument and rest the lips, particularly if the 
playing involves a lot of stabs and high notes. 
Brass players can tire quickly — these aren't easy 
instruments to play — so be realistic in how much 
recording and overdubbing you can do. 
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Focusrite Liquid 4 Pre 
Four-channel Convolution Preamp 

Hugh Robjohns 

First, lets clear up what the Liquid 4 Pre 
isn’t. It is not four Liquid Channels in the 
same box — there are no dynamics or 
equalisation facilities here. What is on offer 
is four mi: preamps, plain and simple, with 
the bonus that the preamps can be 
individual y configured to behave like pretty 

much any classic or vintage preamp you 
care to think of, thanks to the Liquid 
Channel’s core technology. 

The original Liquid Channel's preamp 
stage was the first of its kind and 
extraordinarily complex. It involved a lot of 
sophisticated switching of inductors, 
capacitors, resistors and even a transformer, 
to radically alter the impedance and other 
electrical characteristics of the input stage. 
The aim was to change the input stage so 
that, from the microphone’s point of view, 
the input circuitry appeared to be exactly 
the same as the actual preamp being 
emulated. The reason is that the 
performance of most microphones is 
affected in significant ways by the 
characteristics of the input it is feeding, and 
this interaction is a vital part of any 
preamp’s sound character. Furthermore, this 
interaction cannot be emulated easily using 
convolution — it has to be at electronic 

The manufacturers proudly claim that this is "the most flexible four-channel preamp 
in history." And it's no idle marketing boast... 

Focusrite introduced the original Liquid 
Channel — a channel strip comprising 
a convolution based preamp and 

dynamics section, and a digital equaliser — 
back in 2004. It was a revolutionary-
product, combining the powers of Sintefex’s 
dynamic convolution technology with 
Focusrite's ability to design fabulously 
transparent and versatile analogue preamp 
circuitry. You can read my thoughts on that 
product in SOS December 2003 (preview) 
and July 2004 (review): both are available 
from the Sound On Sound web site at 
www.soundonsound.com. 

Following on from that groundbreaking 
product, Focusrite launched the Liquid Mix 
32-channel equaliser and dynamics 
processor — again based on the dynamic 
convolution idea. The latest in the line, the 

Liquid 4 Pre, was introduced at AES New 
York at the end of 2007, and it revisits the 
Liquid Channel's core technology to deliver 
not one, but four channels of 
convolution-based preamplification in 
a single box. It is a kind of cross-fertilisation 
between the classic ISA428 four-channel 
preamp and the Liquid Channel — in fact, it 
is even styled to resemble the 428 in some 
ways. Focusrite claim that this new preamp 
is “the most flexible four-channel preamp in 
history," and although I don’t go much for 
the hyperbole they could have a point! 

Overview 
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component level in the analogue front end! 
One problem when designing 

a multi channel vetsion is that this preamp 
circuit s complexity meant it took up a lot 
of space — almost half the available floor 
area of the Liquid Channel's rack-mounting 
case. So getting four oil these analogue 
sections into a 2U case would have been 
very difficult, not to mention extremely 
expensive. Fortunately technology moves 
on, and the Focusrite boffins have spent 
the last three vea’s locked away in 
darkened rooms trying to find a way of 
reduc ig the size and complexity of the 
preamp circuitry without changing the 
fundamental way in which it works, its 
flexibility or, most importantly, 
its performance. 

The launch cf the Liquid 4 Pre is tne 
evidence that they have achieved their 
goal, .and a scuint inside the box reveals 
a far more compact (but still very busy and 
complex) pair of circu t boards, one 
mounted above the other. The most 
obvious circuit cnange is that the large 
transformer used in the Liquid Channel has 
been omitted from the Liquid 4 Pre's input 
stages compllete v. However, its influence 
on the circuit cnaracteristics is still 
prov ded by smaller, cheaper components, 
including bespoke inductors. 

Apart from the revised input circuitry, 
the Liquid 4 ’re is essentially the same as 
the original Liquid Channel, with the same 
dynamic convolution engine running the 

dynamic convolution, which lies at the heart 
of the Liquid Channel and the Liquid 4 Pre, 
works by using impulse response 
measurements taken from real preamps at 
a series of different amplitudes (all the way 
from the clipping point down to the noise 
floor), which together create an accurate 
acoustic image or ‘sample’ of the 
characteristics of the preamp. These 
characteristics are then imposed on the 
input signal via a process of convolution. 
This is a very intensive number-crunching 
exercise, requiring a very powerful DSP — 
and with all four channels running at 
192kHz, the Liquid 4 Pre DSP is processing 
256 million samples per second! 

Since the Liquid 4 Pre uses the same 
convolution engine as the Liquid Channel, it 
has been launched with the identical default 
factory set of 40 vintage and classic 
microphone preamplifier emulations. It can 
also be expanded to use any of the Liquid 
Channel’s additional preamp emulations (25 
new emulations were introduced in 2005, 
and 12 more in 2006). 

Given the multi-channel nature of the 
Liquid 4 Pre, the other major difference from 
the Liquid Channel is in its interfacing 
facilities. The rear panel accepts mic and 
line inputs for each of the four channels, all 
on XLRs, as you would expect. The preamp 
outputs are provided as both analogue line 
level on four more XLRs, and as two pairs of 
AES3 digital on two more XLRs. There is also 
a single AES3 (stereo) input, on yet another 

Focusrite Liquid 4 Pre 

pros 
• Four independent channels. 

• Memory recall of channel parameters, singly or 

en masse. 

• Versatile and comprehensive analogue and 

digital I/O. 

• Very clean and transparent native 

preamp character. 

• Unrivalled preamp emulations. 

• Excellent A-D and D-A conversion. 

• Master-slave mode and remote control options. 

• Multiple gain-ganging modes. 

cons 
• Boot-up lightshow! 

• LCD screens can be annoyingly bright in 

a dim room. 

• Menu operation not as intuitive as the 

front-panel controls. 

• Quality sound still costs. 

summary 
The Liquid 4 Pre takes the core technology of the 

original Liquid Channel and redevelops it to form 

a more versatile, and in many ways more useful 

four-channel preamp. 

Alternatives 

The Liquid 4 Pre is unique — ther* is nothing else on 

the market with comparable tonal versatility (other 

than its single-channel sibling, the Liquid Channel). 

However, there are many traditional high-quality mic 

preamps around the same budget level that would 

warrant consideration. A personal favourite is the 

Benchmark PRE420, which provides four very 

high-quality mic preamps with an integral stereo 

mixer and monitor section. The API 3124+ 

four-channel preamp costs roughly the same and has 

a well-deserved high-end reputation, as do the 

Universal Audio 4110 and the Focusrite Red 1 — all 

three of which are included in the Liquid 4 Pre 

emulation library. Priced slightly higher than the 

Focusrite box, the GML 8304 is a fantastic preamp (it 

is my own high-end reference), as is the Maselec 

MM A4 and the Neve 4081 (four classic 1081 preamps 

in a box — another inclusion in the emulation library). 

So the Liquid 4 Pre sits amongst some venerable 

competition, but certainly isn’t shamed by any of it. 

Furthermore, for the price of anyone of these units, 

the Liquid 4 Pre provides almost all of them at the 

flick of a switch. Food for thought... 

XLR. This input can be accessed by any or all 
of the preamps, if required. 

There are also three ADAT lightpipe 
ports, labelled as Main and Aux outputs plus 
a ‘Slave’ input. As usual, elevated sample 
rates reduce the number of channels 
available in the ADAT interface, but this will 
only be a practical issue for rates above 
96kHz, when you lose two channels from 
the interface. The Slave ADAT input is 
provided to allow the outputs of a second 
Liquid 4 Pre to be routed through the first, 
so that the combination of channels can 
form a full eight-channel ADAT stream 
(assuming the unit is operating at 44.1kHz 
or 48kHz sample rates). 

Even more interesting is a blanking panel 
over an interface slot for future alternative 
interface cards. Already listed, but not 
available for the review, is an (eight-channel) 
Ethersound card, which will appeal to the 
live sound fraternity in particular. If the 
Slave ADAT input is being used, the 
eight-channel combination can also be 
routed out via the optional Ethersound card. 

A little more humdrum in comparison is 
the pair of BNC connectors for word clock in 
and out, and an RJ45 socket for Ethernet 
(lOObaseT) connection to a computer, for 
software updates and remote control 
applications. This interface was chosen 
instead of USB since it can be used over 
greater distances and allows simultaneous 
control of more units — up to 32 devices 
(providing 128 channels) can be operated 
using the supplied Liquid 
4 Control software. 

For the sake of completeness, I should 
also mention the IEC mains inlet with 
a four-way mains voltage selector (although 
I was slightly concerned that the labels on 
the selector didn’t match the options listed 
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Each channel has a decent-sized screen with clear metering and other channel information. 

response of some dynamic mies. We are 
talking about a subtle creative tonal shaping 
option here — but a useful one nonetheless. 

The bottom left button allocates the 
encoder knob to adjust the Harmonics 
function, which introduces progressive 
distortion. On a technical level, this provides 
the means to replicate the kind of variability 
that afflicts ageing vintage preamps, and on 
a creative level it allows a degree of 
thickening or dirt to be introduced to beef 
up the sound character. The amount of 
harmonic distortion is scaled simply from 0 
to 15, and the character varies with the 
current preamp emulation. However, at the 
top end of the range the harmonics function 
adds as much as 10 percent second 
harmonic, 20 percent third harmonic, and 
10 percent of fifth-order distortion (for near 
peak-level signals). The first half of the scale 
(below about 8) generally only adds 
second-order harmonics, while the top half 

► on the back of the unit itself — but then the 
review model was an early production unit). 

The Liquid 4 Pre occupies 2U of rack 
space, extending 270mm behind its highly 
polished rack ears. The unit is quite heavy, 
weighing in at 5.3kg, and although the 
left hand side gets noticeably warm around 
the power supply there are unlikely to be 
any cooling issues. 

Controls 

The front panel mimics, to a degree, the 
Focusrite ISA428 preamp, thanks mainly to 
the use of four LCD panels that act as 
meters (and configuration screens), each 
with a rotary encoder below. 

The panel is divided into four identical 
preamp sections, plus a configuration 
section at the left hand side. Neat, 
illuminated push-buttons are used 
throughout the panel, along with the four 
rotary encoders and distinctive grey 
columns with a trio of LEDs to indicate 
various modes. 

The leftmost section includes a power 
button which illuminates blue, along with 
the ‘ff logo above — very stylish! Two LED 
columns show which of the six available 
sample rates (44.1 to 192kHz) is in use. 
A button below (green) selects the external 
word clock option, and another green LED 
indicates whether the external clock is valid 
(steady) or not (flashing). A third button 
(that flashes green) accesses the Setup 
menu, which is displayed on the first 
channel’s LCD screen. 

Each preamp section has a column of five 
illuminated buttons to the left of the display, 
and four more at the bottom, to the right of 
the encoder knob. The top three buttons in 
the column switch on phantom power (red), 
polarity inversion (green), and the high-pass 

filter (green). The latter has a 12dB/octave 
slope and turns over at 75Hz (-6dB point). 

The next button isn’t illuminated, but 
cycles around the available inputs of mic, 
line or a digital input, this last option being 
pre-selected via the preamp’s setup menu. 
The options are AES (left or right), ADAT 
(channels 1-8) or option card inputs (1-8). At 
elevated sample rates the ADAT and option 
card inputs will only provide four (88.2 and 
96 kHz) or two (176.4 and 192 kHz) 
channels. The selected input is indicated by 
another trio column of small green LEDs. 
The bottom button (yellow) activates the 

Session Saver function, which is carried over 
from the Liquid Channel. If activated, this 
essentially resets the preamp’s gain setting 
to a lower value automatically if the input 
signal reaches OdBFS. An associated LED 
illuminates if the Session Saver has 
been triggered. 

To the right of the encoder knob is the 
array of four buttons mentioned earlier. The 
top-right one (green) forces the input stage 
to provide the highest available impedance 
(usually 1 OkQ), regardless of the correct 
impedance for the selected preamp 
emulation. High-impedance mic inputs are 
quite fashionable at the moment, and 
generally result in a brighter, and often 
slightly stronger, signal. They can also have 
the effect of reducing resonant peaks in the 

applies much more in the way of odd 
harmonics — which, intuitively, is what you 
would expect. The button flashes green 
when pressed, to remind the user that the 
encoder is configured to adjust the level of 
harmonics, and the LED ring around the 
knob shows the current setting (along with 
a numerical value in the display). 

The top-left button configures the 
encoder knob to scroll through the available 
preamp emulations, and pressing the knob 
selects and activates the one currently 
displayed in the channel’s LCD screen. Again, 
the button flashes green while in this mode. 

Finally, the bottom-right button accesses 
the channel's setup menu, which is revealed 
on the LCD, and the button flashes green 
once again while this mode is active. I'll 
come back to this menu in a moment. 

The encoder knob, when not being used 
to adjust harmonics or select preamp 
emulations, adjusts the preamp’s gain in 
IdB steps, in the usual way. The available 
gain varies with the selected source, ranging 
from +14 to +80dB for the mic input, and 
■10 to +32dB for the line and digital inputs. 
Once again, the LED ring around the knob 
indicates the approximate gain setting, 
while the LCD reveals the precise 
numeric value. 

The four display screens are very bright 
blue-on-white affairs, but they are easy to 

“If you want squeaky-clean and accurate, it can do that. If 

you want characterful it can do that. If you want dirt and 

attitude, it can do that too. And if you want to rework 

something at line level, it can even do that.” 
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The ultimate box set. 
Introducing Logic Studio. Everything you need to create, perform and record your music. 

B
 Logic Pro 8 

Logic Pro 8 is the centre of Logic 

Studio, featuring a redesigned interface 

that makes it easier than ever to write, 

record, edit, and mix your music. 

a Main Stage 

y Introducing your new live rig 

■■à with a revolutionary interface designed 

to let you bring software instruments 

and effects to the stage. 

Sound Track Pro 2 

Create cinematic sound with powerful 

editing tools, surround mixing and a 

streamlined design - lets you fly through 

audio post-production for picture. 

Studio Instruments 

Produce and play nearly any sound 

imaginable with the largest set of 

instrument plug-ins available in a 

single box. 

Studio Effects 

From vintage compressors to amp 

models, 80 effect plug-ins give you a 

wide variety of ways to craft distinctive 

sound. 

Studio Sound Library 

18,000 Apple Loops, 2400 channel 

strip settings, and 1300 sampled 

instruments provide infinite 

possibilities for making your music. 

Solution Expert 

Feb 28th & 29th in Clapham 

O Apple Solution Expert Event! 

Digital Village presents... 

Logic Studio at DV Expo 2008 
Training Classroom 

Get hands on with Logic Studio in the 

Training Classroom with free training 

sessions by Apple Authorized Training 

Centre Gateway School of Recording. 

- Logic Pro 8-101 

- Logic Pro 8 - Beyond the Basics 

Presentation Theatre 

See Logic Pro 8 in action with special presentations 

by industry professionals. 

- Special guest presentation with Sound on Sound's Paul White 

- Introduction to Logic Pro 8 with Joe Moretti * 

- Remixing Master-class with Paul Dakneye 

- Using the Euphonix Artist Series controllers with Logic Pro 8 

For a session schedule and directions please visit: www.dv247.com/logic 
WIN! 
An iPod nano at each presentation!* 

* Terms & Conditions Appiy 
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► read at a distance, thanks to their 
uncluttered layouts. In normal operation the 
screen is divided into five information areas, 
with the top line providing the preamp 
number, a user-defined name, and the 
current preset memory number (if in use). 
Below this is a meter display, which is 
configured globally (from the System Setup 
menu) either as a peak-reading horizontal 
bargraph or a VU-style meter — the latter 
with user-defined calibration for the OVU 
mark between 0 and -24dBFS. Supplementing 
the meter display is a bright red LED above 
the phantom power button, and this 
illuminates when digital clipping occurs. 

The next display line shows the current 
preamp emulation name and the harmonics 
level, and below that to the right is 
a double-height display of the preamp's gain 
setting. To the left, the two bottom display 
lines show the selected input source and its 
status. These really come into their own 
when the digital input is selected, since the 
display reveals which of the digital options 
has been preselected and whether the 
clocking is correct. It also indicates how 
much attenuation has been introduced by 
the Session Saver function (if activated). 

While this may all sound rather more 
complicated than your average mic preamp, 
the basic configuration and operation is 
actually entirely logical and intuitive. It is 
not so much complex as extremely flexible 
and versatile — but easy to use all the same. 

Menus 

The only slightly confusing and 
less-than-intuitive parts of the design 
are the Channel Setup and main 
System Setup menus — but, to be fair, 
the logic of these becomes clear 
enough after ten minutes of messing 
around with the unit. 

Liquid 4 Control 
The supplied software provides very 
comprehensive control of all the 
preamp's functions and preset 
memories via an Ethernet link. As 
mentioned earlier, up to 32 Liquid 
4 Pre units can be controlled 
simultaneously, and the software has 
been designed to work within your 
DAW environment. A Pro Tools 
TDM/RTAS plug-in version also 
allows integrated remote control via 
Pro Tools hardware and software, 
including Icon and Venue systems. 

Up to 32 Liquid 4 Pre units can be controlled 

simultaneously using the 

remote-control software. 

The basic functionality is to scroll 
through the available options listed on the 
screen, with the encoder knob. Pushing the 
knob accesses the current function, allowing 
its value to be changed by turning the knob 
again. A second press of the knob exits the 
parameter adjustment mode and allows list 
scrolling again. 

The size of the LCD screen means that 
a maximum of four options can be shown at 
a time, and most screens only show three 
parameters, so the majority of screens 
include a ‘More’ option, which enables you 
to access the next page. Some also have 
a small open box included in the scroll list 
for each page, in the bottom right hand 
corner. Clicking in this box either moves 
back up to the previous menu page, or exits 
the menu altogether. Pressing the Setup 
button on the front panel of the Liquid 4 Pre 
always exits the menu, regardless of the 
current page. 

The Channel System menu comprises 
just two pages, and starts by allowing the 
channel preamp to be named (up to 12 
characters in upper or lower case, numbers 
and symbols, such as question marks and 
exclamation marks), and channel-setting 
memory presets loaded or saved (99 are 
available, and can be named). Current 
preamp settings are stored internally every 
10 seconds anyway, so that the unit will 
power up with the last-used configuration. 

The second menu page allows the digital 
input to be pre selected and a linking bus 
established. There are four link options (as 
well as the option to switch off linking), the 

first two ganging gain-settings directly, and 
the second two ganging them while 
maintaining any current level offsets. The 
first mode is essential for normal stereo mic 
arrays, for example, while the second is 
handy for MS pairs and some kinds of 
surround array. 

The main System Setup menu is a little 
more involved, with three pages. The first 
provides options to set the sample rate and 
clock source (internal, word clock, ADAT, 
AES, Ethernet or word clock with a 750 
termination), and to load or save preset unit 
memories. There are 99 of these as well, 
which can store the entire configuration of 
the machine — all four preamp channel 
parameters, sample rate and clocking, and 
so on. As with the channel memories, they 
can be named, but (strangely) the Load and 
Save menu functions operate slightly 
differently from the Channel menu, using an 
additional screen for naming and selecting 
them. Usefully, there is also a System menu 
option to reset the entire machine to 
a default start-up condition. 

The second menu page provides 
functions to disable all front-panel controls 
(apart from the System Setup and mains 
power buttons), to configure the unit as 
a master or slave (in terms of the ADAT 
channel amalgamation and setting the 
necessary clocking), and to name the unit 
for remote-control recognition. The third 
page allows the LCD meter-type to be 
determined (digital peak-reading bargraph 
or VU, as mentioned earlier), the OVU 
reference point to be set, and the Ethernet 
access parameters to be configured (Auto 
DHCP, or manual with options for IP 
address, mask and gateway). 

Impressions 

The Liquid 4 Pre very clearly builds upon the 
original Liquid Channel — and that unit 
impressed me enormously, for a number of 
reasons. The Liquid Channel's analogue 
preamp stage is quite exceptionally 
transparent in its 'natural' state, the digital 
converters are extremely clean and accurate, 
and the preamp emulations provide 
phenomenal tonal and creative variations at 
the touch of a few buttons. In some ways, it 
is almost irrelevant whether the emulations 
are truly accurate or not — the fact is that 
they provide a wealth of creative options to 
colour and shape the sound in ways that 
simply aren't available in any other device. 
But when I was able to make direct A/B 
comparisons with some of the very units 
that Focusrite had sampled for the original 
emulations, I found the Liquid Channel to be 
astonishingly accurate — and all but 
indistinguishable when working at the 
higher sample rates. 
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Sleek, Stylish, and in Control 

The new 24-channel Digidesign® C|24® control surface 

provides sophisticated hands-on control of Pro Tools 

LE® or Pro ToolslHD® and an incredibly rich feature set 

that’s affordably priced. 

With 16 high-quality, low-noise mic/line/DI preamps, the 

CI24 features 24 channels, each with a touch-sensitive, 

motorised fader, high-quality encoder and LED ring, 

and plenty of dedicated switches. Take advantage of a 

professional 5.1 surround monitor section with built-in 

talkback features to integrate with your Pro Tools I/O. 

C|24 demonstrations at the following locations: 

Absolute Music Solutions 
Poole 

0845 0255555 
www.absolutemusic.co.uk 

Big Bear Sound 
Dublin 

01 410 0212 
www.bigbearsound.com 

Digital Village - Clapham 
Store 
London 

020 7819 3900 
www.dv247.com 

FX Rentals 
London 

020 8746 2121 
www.fxgroup.net 

Jigsaw 
Nottingham 

0870 730 6868 
www.jigsaw24.com 

KMR Audio 
London 

020 8445 2446 
www.kmraudio.com 

Mediaspec 
Glasgow 

01355 272500 
www.mediaspec.co.uk 

Studiocare Professional Audio 
Liverpool 

0151 236 7800 
www.studiocare.com 

Powered by PRO TOOLS 

For more information visit our 
website at www.digidesign.com/c24 

HHB Communications 
London 

020 8962 5000 
www.hhb.co.uk 
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Frontier Design 
Alphatrack 
If you want hands-on 
control over your DAW, 
without the expense or 
inconvenient size of 
a multi-channel controller, 
the Frontier Design 
Alphatrack could be just 
what you're looking for... 

Paul White 
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► 

Having used a desk full of Logic Control 
surfaces and expanders for the past 
three or four years, I have come to 

realise that some things are still done faster 
by mouse, and most of the time I use only 
the transport controls and the faders. When 
it comes to accessing and adjusting plug-ins 
or tweaking EQ, I still gravitate towards the 
mouse. If you have the same kind of 
relationship with control surfaces, you 
may well be interested in Frontier Design 
Croup’s Alphatrack, which measures 
a compact 8.5 x 6 x 3 inches (or 22x15 
X 7.5cm) yet provides all the key DAW 
control functions in a very friendly and 
stylish format. Most common DAW 
software is supported, including Pro 
Tools, with new applications being 
added whenever possible. 

One-track Mind 

The Alphatrack connects to your PC 
or Mac, and also draws its power, via 
USB, making it ideal for mobile use with 
laptops, as well as for desktop systems. 

The unit is equipped with a single 
motorised, long-throw, 100mm fader, three 
rotary encoder knobs with integral 
push-switches, 22 buttons (with 21 status 
LEDs) and a horizontal, 
ribbon-controller-style pad for shuttling the 



First Choice 

Ear Candy from a High End Tube Mies 

AnaMod 

Mercury Recording V72s Shadow Hills Industries Equino: 

Purple Audio MC-77 Vintage Design CL1- Mk2 

Modules for the api-500 rack format 

Wunder 
Audio 

Check out the 1608 Recording Console and other api products in the 
Golden Age booth at the Musikmesse in Frankfurt, Hall 5.1, Booth D96A. 

'THINK WITH 
YOUR EARS" 

Korby 
Audio 

True Systems 
P-Solo 

The European 

Alternative 
AM660 NEW!! 

Recreating the classic 

Fairchild 660 limiter 

Classic Variable-Mu 

compression profile and 

vintage tone. 

A great Preamp and 
Direct Box. 

The ADK A6 and S7 was reviewed in Recording Magazine, 
September 2007: 
"Okay, I'm impressed. I honestly didn't expect such a mature 
sound from a microphone in this price range. 

Both theA-6 and S-7 are very worthwhile additions to a studio, 
earning great marks in the "value for dollar"category." 

Made in Sweden from the very best 
materials for acoustical treatment. 
Completely modular, every panel 
you need to control your space. 
Performance beyond your imagination. 
At a price you won't believe! 

MICROPHONES ▼ 
After having distributed ADK in Scandinavia for 10 years, selling tens of 

thousands of ADK mies, Golden Age Music is now the European Distributor. 

We welcome new dealers! 

Check out the redesigned ADK range, it offers wonderful 
tone and impeccable quality, at very affordable prices. 

AnaMod ATS-1 Analog Tape Simulator NOW SHIPPING!! 
The ATS-Analog Tape Simulator is the first product that uses the AnaMod process for 

modeling complex analog circuitry entirely in the analog domain. 

"Golden Age's tweaked versions of 

generic Chinese microphones are really 

exceptional value." 

"The GA RI Mk2 and RI Active Mk2 par¬ 
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allrounders..." 
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Musikmesse, Hall 5.1 D96A 
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Ice Cool Discrete Class A and Tube 

o 
1 

A3 
CLASS A + TUBE 

MONO 
PROCESSOR 

POWER 

ebony 
series^ 

The new Ebony Series is a sleek looking range of discrete Class A processors 
designed to heighten your audio experience. The A1, A2 and A3 also feature 
tube stages with variable drive in addition to the discrete Class A circuitry 
putting you in total control of how 'creamy' or how 'cool' you want the sound. 

And being designed by TL Audio and hand assembled in England you get all the features 
one would expect from thoroughly professional units: balanced I/O, multi input options, 
analogue VU metering, intuitive, precise controls, optional SP-DIF digital interfaces and more. 

Supreme quality, unrivalled sound and stylish aesthetics, Ebony simply offers 
superior analogue processing to accompany your digital world. From £499 ex vat. 

Find out more from Sound Technology plc on 01462 480000 
or visit www.soundtech.co.uk/tlaudio TLA^i 



the feeling interview 

Feeling Good 
The Feeling: Recording Join With Us 
Mike Senior The Feeling stormed the charts with a debut album 

recorded in a shed. For their follow-up, they relocated 

There can’t be many people sneaking 
elements of Supertramp, Jellyfish and 
ELO into the charts, and certainly not 

to a country mansion, but elected to stick with the DIY 
approach. 

with as much pop savvy as the Feeling. What 
makes this feat all the more surprising is 
that the band recorded much of their debut 
album Twelve Stops And Home in their own 
homes, using project studio gear that will be 
very familiar to SOS readers. 

Despite their subsequent success, the 
group stuck to this self-op ethos for the 
recording of their new album Join With Us, 
albeit within the salubrious surroundings 
of Bradley House, home of the Duke of 
Somerset, and with the help of a few more 
studio toys. I joined Dan Gillespie Sells 
(vocals/guitar), Kevin Jeremiah (guitars/ 
vocals), Ciaran Jeremiah (keyboards/vocals), 
Richard Jones (bass/vocals) and Paul Stewart 

making the last record. We're doing the 
same thing again, really—just us in the 
countryside — but back then we were 
effectively in a large shed and now we’re 
in this place! We also never really had 
a direction for the last record — we just 
followed our noses. We didn’t think we’d be 
making a commercial record, just the music 
we wanted to make, so we thought we might 
as well do the same this time.” 

“We had the ‘go and work with this guy 
or that guy’ and ‘go to LA and make and 
album',” adds Richard. "All that kind of stuff 
came up, but we felt that the best thing 
to do was what we did last time. We have 

developed by the band as a whole: “We’ve 
got two techniques for how we tend to 
record. For some of the stuff, Dan would 
have been beavering away working on 
a demo, forming a good starting point, and 
then we’d take this and start laying things on 
top, adding parts, replacing parts. 

“In other cases it would be more of just 
a straight song idea, and then we’d just 
sit down together and start putting things 
down. We’ve got this V-Drums technique we 
use, where we get the arrangement roughly, 
and then record a take together using the 
V-Drums so that you don’t have the drums 
on the other tracks. Paul records real drums 

(drums) several weeks into the sessions, to 
see how things were progressing with the 

enough ideas between the five of us at this 
stage — it’s only our second record!" 

along to those parts, so it’s almost like you're 
playing together, and then we’ll start laying 

new songs and to find out more about how During the two-year period of touring 

The Feeling outside Bradley House, their ‘home 

studio’ for the summer. From left: drummer Paul 

Stewart, keyboard player Ciaran Jeremiah, singer 

Dan Gillespie Sells, bass player Richard Jones and 

guitarist Kevin Jeremiah. 

they had produced Twelve Stops And Home. 

Us & Us Only 

Paul: "For this record, it was a case of 
expanding on the bits we enjoyed about 

Twelve Stops And Home, Dan had been 
busy writing material, which meant that 
most of his new songs were already written 
before the recording sessions began. Richard 
explains the different ways Dan's ideas were 



The Feeling’s unusual tracking 
approach involves laying down 
basic takes as a band, but with 
Paul Stewart playing V-Drums 
to avoid spill. These are later 
replaced by real drums. 

on all the other parts from 
there. That way we can focus 
on getting the drums right, 
because we don't have to all 
sit there and play at the same 
time. Besides, we definitely 
prefer the layering approach 
— it suits our music more — 
rather than doing three takes 
all together and choosing 
one of them.” 

Paul: “We used the 
V-Drums on the previous 
record too. One of the main 
reasons was that we didn’t 
have as many mies then, 
and it wasn’t easy to pull 
in lots of mies when we 
were borrowing them from 
friends. The V-Drums were 
also good from a noise perspective when 
doing demos — we’d use V-Drums for kick, 
snare and toms, and then have some nice 
cymbals so we only had to use three mies.” 

Richard laughs. “It never sounded that 
good though! We started off initially doing 
our demos with our Delta 1010 and some 
crap mies we’d borrowed, and ended up 
with a pretty badly recorded kit. To try to 
make it more convenient we started using 
the V-Drums, but they actually sounded not 
as good as the crap recording of the live kit, 
funnily enough!" 

“As good as V-Drums are," adds Pau!, 
“and they are brilliant, it’s very difficult to 
get the kind of sound we’re after with them. 
Certainly cymbals-wise, there's absolutely 
no substitute for the real thing." In the end, 
a lot of the first album’s drum parts ended up 
being replaced during overdubbing sessions 
at Olympic studios. “The drum recordings 
we did in the shed were awful,” emphasises 
Richard, “but if the performance was really 
special, then we'd find a way to keep it 
— Spike Stent [mix engineer for several 
songs on the album] did all kinds of stuff 
at the mix, like miking up a speaker in his 
bathroom and playing the kit througn that." 

Everyone’s An Engineer 

Although engineering their own recordings 
has involved developing a few unorthodox 
strategies (like their V-Drums technique), tne 
band were keen to stick with this approach 
even as their career took off and budgets 
expanded. Richard: “We’re still engineering 
most of the recordings for ourselves, 

although we do have Owen, our technical 
handyman, who’s around to stop us going 
mad setting everything up and plugging 
everything in But all the mic placements 
and so on we deal with ourselves, and for 
comping or editing it’s actually a lot quicker 
to do it ourselves half the time. You don’t 
have to explain things and point at the 
screen, and someone else doesn’t have to try 
to interpret what you’re saying.” 

“We've known Owen since childhood,” 
says Paul. “He’s an old school friend, so it 
doesn’t change the dynamic of the session. 
Having someone who’s just being paid to 
be there feels a bit too much like being 

in a studio to us. The whole reason for 
recording the way we do is that we get 
left alone." 

Richard: “We’ve always just picked stuff 
up and learnt things as we went along, ever 
since recording on four-tracks when we 
were I 5 years old. We also learnt a lot about 
angles of mies and their placement from 
a great engineer called Cenzo Townsend, 
who recorded a lot of the overdubs on the 
last album.” Paul nods his agreement: “First 
time around we didn’t really know what we 
were doing, but we’ve learnt a lot, and now 
we think we know what we're doing!" 

Perhaps surprisingly, every member of 

Vocal Recording: Then & Now 
“The vocal mic we're now using is a Neumann 
valve mic, the M149." Richard reveals. “We used 
a Neumann TLM103 for the vocals on the last 
record — Kev. Dan and I have all got one, and we 
used them previously for drum overheads as well. 
The TLM103 became part of our vocal sound, and 
we thought we'd end up using it again, but the 
M149 is a very rich-sounding mic. 

“That goes into the Avalon preamp, which is 
great. There's a history with that. I did a tour with 
a front-of-house guy who swore by Avalon stuff 
for vocals, back when Avalon weren’t that well 
known. I heard one of those Neumann handheld 
vocal mies through one and thought it was 
brilliant, so I eventually got one for the studio. You 
get the warmth of the valve, that tiny bit of drive, 
and you can give it a bit of an EQ on the input — 
nothing too extreme.” 

The band are advocates of Avalon preamps for vocals. 
These feed Digidesign recording hardware, on a Mac 
running Logic. 
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► the band is happy to take on the role of 
engineer as required. “We call it ‘Fatsing’ — 
being the Fat Controller — and you normally 
have to wear the hat,” laughs Dan, indicating 
the dapper bowler perched on his head. 
"We quite often end up Fatsing ourselves 
as well.” 

When it comes to making production 
decisions, all members of the band play 
an important part, as Richard explains: “It’s 
a very natural process. We’ve got a good 
symbiotic relationship in the band, and 
various roles that everyone has. Everyone's 
got a good set of ears, but slightly different 
tastes, so when something sounds good, and 
we all agree on it, then you know it’s right. 
But if something’s not quite right, then one 

Logical Songwriters 
For the new record. The Feeling invested In the 
latest rocket-powered Intel Mac and racks of 
M0TU and Digidesign interfaces, but it's a far cry 
from where they started out. Richard reminisces: 
“I remember the moment when I got Logic on my 
first computer and I was thinking Wow! This is 
amazing! I can’t believe I can do all this on a PC 
with a little 30-quld Soundblaster!' We used to 
run built in the shed' 800MHz PCs — you'd put 
on three plug-Ins and they would crash. The worst 
thing, though, was when you'd get some random 
crackle or click on the audio takes for no reason. 
We never got away from that — It was a curse. 
You'd do a great take and there'd be clicks on It. 
Plus most of the first record was done through 
an M-Audio Delta 1010, which meant that eight 

of us will normally point it out. It’s a good 
filter, a five-man filter.” 

Despite this even-handed approach, 
there's still space for each person to play to 
their strengths. “For example,” says Richard, 

“Dan, as chief songwriter, is the primary 
Musical Director, while Kev is the best 
engineer and is getting really good at mixing 
— he mixed most of our demos and some 
of the ‘B’ sides on the first album. I tend 
to be in the producer’s seat, the man with 
the clipboard! Anything from booking other 
musicians, like string quartets, to steering 
the recordings in a certain direction, giving 
them colour and shape, so to speak. All 
these roles cross over, of course, but I think 
the fact that we have different strengths 

inputs was the maximum. We'd have to do one 
thing and then the next, which made the process 
much more long-winded." 

Despite the Digidesign hardware, the band 
are still committed to Apple's Logic as their 
sequencer of choice. Richard: "We like the 
concept of working in Pro Tools, but we've 
spent so long in Logic that we don't want to be 
slowed down by changing software. What we find 
with Logic is that it's very easy to be creative 
with the effects and software instruments. It's 
really quick. The Tape Delay plug-in in Logic Is 
also incredible. I've played with the plug-Ins in 
Pro Tools, and they're not as easy to get the 
sound you want. I think that would hold us back 
creatively." 

individually is what makes the process work 
so well when we are all together." 

Stately Home Studio 

The recording setup at Bradley House 
revolved around three main rooms, two set 
up for recording, and the other one between 
them acting as a control room. The larger 
live room was used for the drums, guitars, 
bass, and most of the keyboards. "That 
room has great acoustics," comments Paul, 
“because of the combination of all the wood 
and tapestries. It’s a really lovely live room." 

This live room was only separated from 
the control room by a small entrance hall, 
which had some practical advantages, as 
Richard made clear: “We set up all the amps 
in the live room so that we could all sit in 
a circle and jam, but with guitar overdubs 
we’d just run a lead into the control room. 
We wanted the best of both worlds, really." 

The smaller carpeted room to the 
other side of the control room was used 
for a variety of overdubbed instruments. 
Kevin: "There’s a honky-tonk piano that Dan 
brought down, an accordion, a harmonium, 
and we also do vocals in there. It’s a deader 
room, a bit more like a living room — we 
were used to singing in a living room from 
before...” The room was also used to capture 
acoustic guitar and mandolin parts. 

Taking pride of place in the control room 
was a 48-channel Mackie Onyx console, 
a straightforward choice for the band. “I’ve 
got the 16-channel Mackie Onyx mixer at 
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home," mentions Richard, "which we used 
a lot on the first record for the vocals 
and things, so the new desk has been 
a natural step up. We know how to work 
with it — it’s just been an extension of 
what we were already using. We don't 
really need that many channels, only it 
saves time because everything’s always 
plugged in. If we want to do guitars, we 
can just get going, rather than spending 
20 minutes moving mies and cables." 

“The mixer’s great," agrees Kevin. 
"We got it because basically we needed 
preamps, and for the money you get so 
many really clean, really nice preamps. 
We can’t afford to buy a vintage EMI desk, 
and we know that if Spike mixes for us 
he's going to run things through all his 
vintage stuff anyway, so we might as well 
just record it clean. We also needed a desk 
with enough sends for the monitoring.’’ 

Mies & Drum Setup 

The band’s preferences in terms of 
microphones are constantly evolving. 
“We've been begging, stealing and 
borrowing mies for a long time," remarks 
Paul. “Plus we've been taking note of 
what was used when we've been in places 
like Olympic, and our front-of-house guy 
has also been helping us out with our 
selection.” 

“But the main thing that happened 
for this record," continues Richard, "was 
that we developed a relationship with 
Sennheiser through touring, and they also 
look after the Neumann brand. So we put 
together a master wish-list, and although 

we did wonder what the hell we were 
doing, it was actually worth it.” Kevin 
chuckles: "The only thing we didn't get 
was the dummy head! We considered it..." 

When it came to miking up the drums, 
Neumann U87s were used for overheads 
and for the ride cymbal, while Sennheiser 
MD421 close mies were deployed on the 
snare and each of the toms. A Sennheiser 
e602 was placed just in the hole in the 
kick’s front head, and was supplemented 
by a Yamaha Sub Kick. Richard: “We don't 
really monitor the Sub Kick while we’re 
working, but when you give it to the mix 
engineer they've got something at the 
low end to work with, so we can try to 
avoid having to use samples.” 

Equally crucial to the sound, though, 
has been Paul's careful selection of key 
elements of the kit: “I've had this kit for 
a while now, but I recently managed to 
pick up a separate Ludwig 400 snare on 
eBay for £ 100. It looks like an old heap 
of crap, but that obviously doesn’t affect 
the sound, because it's the best drum 
I’ve ever had! There are two more snares 
I’ve got over there, and probably another 
five outside, and for the first period of 
recording here I lined them all up and 
tried then all out on different tunes, but 
I’ve always ended up coming back to 
this. It’s brilliant — I'd swear by it! Certain 
cymbals also just don’t record as well as 
others, and I find yourself coming back to 
the same set of hats and the same ride.” 

Casting a second glance over the kit, 
I noticed another Neumann U87 in an 
unusual position at the side of the snare 

Paul Stewart's acoustic drum kit is extensively dose-miked, with a Yamaha Sub Kick adding extra substance to 

the kick sound. 
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RECORDING JOIN WITH US 

spread them," says Richard “even if we’re 
using three to four mies on each guitar 
sound. So we’ll do two takes of each guitar 
sound, to give it a thickness, and even 
down-tune and do another take." 

For recording his bass, Richard has 
a tried and trusted approach based on his 
experiences making the last record: “I’ve 
got an all-valve Ampeg SVT2 re issue, 
which is really warm, and it's miked with 
a Sennheiser e602 on the 8x12 cab. I always 
DI and have another channel with a Tech 21 
Sansamp, which is a trick I learnt from Spike 
Stent, who mixed some of the last album. 
Our first single was essentially our demo 
with a couple of extra parts, and he got an 
awesome bass sound. I said ‘What have you 
done to the bass? It sounds incredible!’ He 
just pointed at that box. He apparently uses 
it for every bass that comes through his 
studio, so I bought two straight away! I use 
it live as well now. It’s brilliant! The DI gives 
you the pure sound of the bass, the amp 
gives you the bottom end, the air moving, 
and the Sansamp just gives you some grit — 
but it’s good grit, not really distorted." 

Three Upright Pianos 
► drum, and asked Paul how it was being 

used: “We’ve only started doing that since 
we’ve been in here. It sounds great with that 
shell, because there’s no nasty ring off it like 
there would be off a brass shell or anything 
like that. Whenever you get really close to 
a drum head you get all sorts of strange 
frequencies you don’t hear from a distance, 
so it sounds really odd. The side mic gets 
a much more overall view, and captures the 

Stewart’s favourite Ludwig snare, with U87 positioned to 

capture the‘beef’. 

top and bottom sounds together, but without 
the real upfront sound." 

"It’s been much more useful having that 
side mic than even a bottom mic a lot of the 
time," adds Richard. "What you get out of it 
is 'beef — it's the thing we’ve always been 
looking for. You get the ‘crack’ from the top 
mic, fizziness from the bottom mic, and then 
this side mic seems to find that ’beef’ area. 
It’s the side of beef!” 

In addition to the close microphones, 
three other mies were used to capture stereo 
ambience: a Neumann USM69i stereo mic, 
and a pair of boundary microphones. These 
ambient mies were also used for pianos, 
guitars, and other instruments, but were 
always recorded to separate tracks to keep 
the mixing options open. 

Recording Guitars & Bass 

Although Richard talked of the band 
using a wide varety of different amp and 
microphone combinations for electric guitar 
recording, there were no real general rules 
he could pass on. because the mic setup was 
adjusted to suit each different sound. “It's 
good to have all the options, but we laugh 
about the fact that sometimes all we're using 
is an SM57 on the 4x12. The mic we’ve got 
on the Vox AC30 just now is the Sennheiser 
e606, which gives a good sort of gritty rasp 
to the amp.” 

Despite changing mic setups, a trick to 
which the band frequently return is layering 
takes for a meatier sound. “Quite often we’ll 
do two takes of everything so that we can 

Keyboards are of course vital to The Feeling’s 
sound, so it’s no surprise that the band 
have been using a lot of them for the latest 
sessions, not least three different upright 
pianos. Richard: “The Kawai is the one 
that we mainly use. It’s brighter, a better 
recording piano. In tracks where it’s just 
piano and vocal, the Bechstein gives better 
tone — it’s more vintage-sounding — but 
once the band’s in you need a brighter 
sound. There’s also the honky-tonk in the 
other room — we spent a couple of hours 
putting drawing pins into the hammers to 
get that sound!” 

Dan goes into a bit more detail: 
"Bechstein pianos are great, but this one 
was knackered, so I had to have the whole 
lot restored: restrung, new pins, new 
mechanism. I wanted to have a piano with 
ivory keys, woody and old-fashioned. It's 
a bit out of tune at the moment, which 
I quite like as well — it's a textural thing. 
This piano’s got loads of character to it, 
it's warm. You’d never get the same sound 
out of a modern piano, especially in the 
mid-range. It’s kind of honky and it reminds 
me of old records. The way they make 
modern pianos is just so different. 

“But a modern piano is lovely for 
recording, because it’s bright and dynamic 
and it cuts through the band, and that's what 
the Kawai’s for. This Kawai's slightly warmer 
than most of them and it was slightly out of 
tune when we used it to record all the piano 
parts on Twelve Stops And Home — it was in 
my living room at the time. I always pull all 
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the panels off the piano while recording. It 
just lets the sound get out a bit more.” 

When it came to miking the uprights, 
Dan had a pair of U87s set up about 18 
inches from the strings, over the keyboard 
on either side of his head and pointing at 
the hammers. "Miking the back of the piano 
and the underneath of it and all that stuff is 
a complete waste of time for us. I want to 
hear the click of the hammers, so I have the 
mies near my ears, over the keys. Otherwise 
you just have to EQ the hell out of a piano 
when you're recording because it's not bright 
enough. You get sniffles and funny little bits 
of noise from when you're playing, but I like 
that. We have all sorts of background noise 
over the recordings, but you only really 
notice if you solo them. As long as it's not 
car horns, you’re alright. There was quite 
a lot of traffic noise over the stuff we did 
for the first album back at Richard’s place. It 
helps having the room mic as well — if you 
get it the right distance away you get the 
brightness of the piano and the room. We 
normally have it about six foot away.” 

Keyboard Playground 

Other favourite keyboards include the Roland 
Juno 106 (Dan: “The best keyboard in the 
world — all over the last record."), Wurlitzer, 
Rhodes, Hohner Clavinet and Moog Voyager. 
“We use the Moog a lot, and we used it on 
the first album as well,” recalls Richard. 
"It's actually my wife’s, and it’s one of those 
things that if you have it lying around it just 
finds itself on tracks because it's got such 
cool sounds. It kind of suits the way we’ve 
always worked. You surround yourselves 
with instruments, and then you pick up 
what’s around and it starts to colour the 
production of the track you’re working on. 
The more interesting instruments you have, 
the more they take you in different directions 
stylistically." 

And no other keyboard in The Feeling's 

collection was provoking as much interest 
during my visit as the recent'y acquired 
Cordovox CDX-0632, dubbed the ‘Astro 
Sound’ by the guys on account of its 
front-panel legending. Richard explains 
how they came to own it: “When we were 
on tour in Cleveland there was a shop 
next to this quite famous venue, and all 
the bands go there so prices are a little bit 
higher than they would be, but they’ve got 
about five floors of stuff. I bought a Gibson 
Hummingbird acoustic there, which we’ve 
used on loads of stuff. They had a keyboard 
room with Wurlis and everything, and the 
Astro Sound was sitting in the corner. It was 
$ 1000, and the guy in the shop said that 
every band that had gone in there for two 
years had said ‘That’s amazing!' and then 
walked out without buying it. So we got it, 
and we’ve already used it on about half the 
songs on the album! 

“It's got a very unusual distinct sound to 
it. The only other person t think has one is 
Beck’s keyboard player, but he only has the 
shell, and he's put a controller inside it to use 

Pride of place among the band’s many keyboards goes to the vintage Cordovox. 

I 

live. I've been looking on eBay for another 
one as a spare, but I can't find one — if it 
breaks we’re screwed! The Repeat function is 
really cool — it’s a sort of du du-du du sound 
which you can speed up and slow down. The 
Phase Shifter on it gives a real rotary-speaker 
feel, because you can really hear it speeding 
up and slowing down as you switch it on and 
off. I hope we can find another one of those, 
because we love it so much. It's the way you 
can dynamically change the sound as you’re 
playing that makes it great." 

Finishing The Job 

With most of the rhythm tracks completed at 
Bradley House, the band plan to head back 
to London to press on with overdubbing. 
Although Olympic was used for the last 
record, they’re planning to go it alone this 
time. Richard: “We’re looking to get a room in 
London — we’ve got all this gear, so we could 
just move it straight in — but it's quite hard 
to find actually. We want something treated, 
ideally with a live room and control room, 
but with nothing in it. They exist, but they’re 
normally on leases that producers have. 

“We’ll do a lot of stuff at home as 
well: keyboards and a lot of vocals. Dan 
particularly enjoys working on his own on 
his lead vocals, because he can have his own 
space, and when his voice feels right he can 
just go. For BVs we just all get together for 
an afternoon to do them." 

Plans are also already forming for the 
next stage once tracking is compJete. 
“There's a couple of mix engineers in the 
frame at the moment,” says Richard. “When 
the tracks are at the point where we feel 
they’re ready to mix we’re going to get them 
to a couple of guys and hopefully go in with 
Spike and do something with him. A lot of 
the time it’s the mix which really shows you 
whether you’ve got everything you need 
or not." ES 
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IK Multimedia ARC 
Could this be the holy 

grail of studio acoustics — 
a room correction system 
that actually works? 

Hugh Robjohns 

Room acoustics, especially the acoustics 
of the monitoring environment, are the 
bane of every audio engineer’s life. Every 

room suffers from low-frequency (LF) modes, 
the low-frequency peaks and dips that are 
caused by sound waves bouncing around 
inside the room producing interference 
patterns. Traditionally, since the LF room 
modes are caused by physical reflections, 
a physical solution is normally employed — 
specifically, bass trapping and broadband 
absorbers. These soak up the sound wave’s 
energy as it approaches the walls, so there is 
nothing to reflect, and thus nothing to cause 
interference peaks and dips in the room. This 
is an extremely effective (and relatively cheap) 
solution, but it can take up a lot of space. 

Consequently, quicker, easier, electronic 
fixes for room modes have been sought for as 
long as the problem has been recognised. The 
earliest version was simple equalisation — 

Room Correction System 
measuring the room's response at the 
'listening position’ and applying an inverse 
response to the monitor speaker’s amplifier 
chain using an equaliser. The end result 
should be a near-perfect flat response... but 
the idea is fundamentally flawed and 
generally does way more damage than good. 

For a start, the room's response varies 
enormously throughout its area, because 
different reflected frequencies interact with 
each other in different places. So moving the 
measuring microphone a small distance one 
way or the other typically produces very 
different corrective response plots. The 
perfect equalisation for the measured position 
may well end up making the situation far 
worse at other positions in the room. 

Another problem is that response 
irregularities caused by cancellation nulls 
(where reflected sounds arrive in opposite 
polarities and cancel each other out) can 
produce very deep response notches — often 
3OdB or more. Equalisation can't easily 
address this, partly because the amplifiers and 
speakers are unlikely to be able to generate 
sufficient energy to fill those dips, but also 
because if a dip is caused by reflected waves 
cancelling each other out, more energy won’t 

resolve the problem, as the cancellations will 
still occur. 

More significantly, room modes aren’t just 
about frequency response. We're dealing with 
resonances here, which means stored energy 
and time-domain responses, often referred to 
as modal ringing, which normal equalisation 
can’t address. 

IK Multimedia ARC £469 

pros 
• Easy to operate and use. 

• Good support for multiple platforms. 

• Supplied with a measuring microphone. 

• Effective, but not an excuse to avoid all 

room treatment! 

cons 
• Accurate only with its own microphone. 

• Shifts the emphasis from proper room 

treatment. 

• Expensive. 

summary 
A sophisticated software room-correction tool 

that works better than most. 

_J 
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For all these reasons, simple monitor EQ is 
rarely effective for correcting a room’s 
inherent acoustic issues, but it can be useful 
in fine-tuning a room which has already been 
properly treated to resolve the major room 
mode and reflection issues. The more 
sophisticated the approach, the better the 
results are likely to be. Digital equalisation 
can provide incredibly narrow response peaks 
and notches, along with precise phase 
correction and, to some extent, simple 
echo cancellation, so the ideas of electronic 
room correction are becoming popular again 
(many monitor systems now include some 
kind of digital room mode correction facility). 

Overview 

microphone (with foam windshield and stand 
adaptor) which requires phantom power. 

The user obviously needs an interface of 
some kind to get the microphone’s signal into 
the computer, and the corrected monitoring 
signals back out from the DAW. Of course, the 
frequency and phase response of the 
hardware interface (its preamps and 
converters), is included within the acoustic 
measurement loop, so the more neutral and 
accurate the interface’s sound quality, the 
better. Any strong tonal character or 
coloration will tend to get ironed out! 

Interestingly, the measuring microphone's 
grille looks very Bruel & Kjaer-ish, although 
I suspect this is a less expensive Far Eastern 
alternative. The mic has a stated tolerance of 

±1.5dB between 20Hz and 16kHz, and the 
software compensates for its falling HF 
response above that (which means you’re 
likely to get false results if you use a different 
mic — even one with a flatter, wider response. 

The software will operate on PCs (XP or 
Vista with a minimum ICHz Pentium or 
1.33GHz Athlon XP processor and 512MB of 
RAM), Power PC and Intel Macs (minimum 
866MHz G4 Power PC) running OS 10.4 or 
later with 512MB of RAM, or 1,5GHz Intel 
Macs with 512MB of RAM, running OS 10.4.4 
or later. 

Installation 

I found installation remarkably fast and 
trouble free, and as the ARC licence allows 

IK Multimedia’s ARC 'advanced room 
correction system' works as 
a software plug-in for DAW-based 
studio environments. The room is 
measured using the supplied mic and 
analysis software, which calculates 
the necessary corrective equalisation. 
The DAW plug-in (which comes in 
VST, RTAS and AU formats) uses the 
calculated response to correct the 
output from the monitoring system. 

The room-correction processing is 
derived from a technology produced 
by Audyssey Laboratories 
(www.audyssey.com) that has been 
implemented mainly in sophisticated 
hi-fi products from Denon, Marantz, 
NAD and others. The system is called 
the ‘Audyssey MultEQ,’ and in these 
hi-fi applications is able to correct 
surround sound installations as well 
as stereo setups, so presumably 
a surround sound version of ARC may 
become available in the future. 

It is claimed that the MultEQ 
system analyses patterns in the 
frequency- and time-domain 
responses, measured at multiple 
points around the listening area, and 
then generates correction responses 
for each channel, so as to optimise 
overall accuracy across as wide an 
area as possible. Pattern-recognition 
and ‘fuzzy logic' algorithms are 
involved — Audyssey don't give much 
away in their explanations, but they 
do explain that the MultEQ process 
uses time-domain based FIR (Finite 
Impulse Response) filters, with the 
emphasis on resolving low-frequency 
irregularities. 

ARC Package 

The software application comes on 
a CD-ROM, and there's also a manual 
and a tough plastic case containing 
a small-diaphragm electret measuring 

EXORCISE YOUR ROOM 
Almost all the acoustic problems in your studio are caused by reflections off the walls.ceiling and floor. 

You will be astounded by the difference that it will make and how easy and inexpensive it is 

The Ghost range includes 
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The Ghost Acoustics range has been dec gned to address the acoustic needs of project studios, 
rehearsal rooms.and pro studios with its innovative s mple ar d highly effective solutions 

So if you are having trouble with your mix.maybe the bass end is sounding murky or muddy or you re 
getting random ringing in the mids or you re struggling to hear and control the amount of reverb EQ or 
delay you're adding to the mix then it's time to sort out your room acoustics 

The Block' (2‘ x 2 Trap! 
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The Big Block' t4‘ x 2‘ Trap) 
LED Block' (2' x 2' Trap • LEDs) 
The Wedge (2 x 2 Wedge Trap) 
Corner Traps 
Gobo Stands 
Ceiling Clouds 

Frequency 
Full range absorption for all panels down to 100Hz -

much more efficient than foam tiles 

Flexible 
Ghost products do not require permanent fixing with 

glue like foam based products 

As such they are portable and have multiple applications 

Finish 
Ghost panels are very durable and look great (foam products 

fade and oxidise over time and have to be replaced as they 

begin to crumble and form dust] 

Fire retardant 
All Ghost products are manufactured using only 

Class A Fire retardant materials (Steel, Aluminium, 

Glass fibre and fire retardant Polyester fabric I. 
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software on test 

IK MULTIMEDIA ARC 

► installation on up to three computers 
(provided only one instance is used at 
a time), I installed the software on 
both desktop and laptop PCs. There is 
a 10-day grace period to register (after 
which the software reverts to demo 

Alternatives 

Some monitors now include DSP room correction, 

but I can’t think of anything else on the market 

that is directly comparable with the ARC system. 

mode), but on-line registration was quick 
and easy. Having registered, I was invited 
to download the latest update (VI .0.1 ), 
which corrects a problem with '“slight 
phase inaccuracies in low frequencies in 
certain speakers/room configurations." 

My preferred DAW is SADiE, along with 
Wavelab 6 and Adobe Audition, and I was 
able to operate the ARC system in all these 
without difficulty. I have a Roland M1000 
digital mixer which incorporates a USB 

Your audio card needs to be set to a 48kHz 

sample rate when measuring the room 

response. A prompt to change this appears if 

it can’t be done automatically, as was the 

case with the interfaces used in the review. 

interface, so I fired that up for testing with 
the ARC software, too. Whatever interface 
you use, it must be ASIO compliant for use 
in Windows XP and Vista, or Core Audio 
compliant for use on Mac OS X. 

Room Measurement 

I tested the ARC system in two very 
different monitoring environments. One 
was my domestic listening setup, currently 
using a pair of PMC IB I three-way 
monitors. The room has corner 
bass-trapping, along with four Realtraps 
broadband absorber panels to tame the 
acoustics, and I’d suggest that the overall 
quality is very good. The second wasn’t 
really a monitoring environment at all: it 
was my office, with a pair of tired old 
two-way speakers (I’ll not name them to 
avoid embarrassment...) sitting either side 
of the desk (one in a corner formed with 
a bookshelf), and used purely for 
background music while I'm typing. This 
setup is quite obviously bass heavy and 
lopsided, with lots of early reflections 
thrown in for good measure. 

Neither of my interfaces have mic 
inputs, so I used a Sound Devices MP2 

location preamp to handle the test mic’s 
output and provide phantom power. The 
mic was mounted on a stand and arranged 
to point straight up towards the ceiling at 
approximately ear height, as per the 
instructions: like most test microphones, it 
is balanced to work in the diffuse field, 
and so it is important that it doesn’t face 
the monitor speakers directly. 

With everything plugged up and ready 
to go, I fired up the measurement 

software. The first step is to 
select the required interface 
hardware and configure the 
appropriate microphone input 
and monitoring outputs from 
drop-down lists. A minor 
stumbling block here is that 
the measurement has to be 
performed at the 48kHz 
sampling rate. Your interface 
should switch to operate at 
48kHz automatically, but 
some (including mine) can’t 
be remotely controlled, in 

which case a warning dialogue box 
prompts you to change the sample 
rate manually. 

Once this is all configured properly, the 
correct replay and record levels must be 
established. A button allows the test signal 
to be generated continually, while 
a bar-graph meter shows the level coming 
back from the microphone. The idea is to 
adjust the replay level so that the 'chirp' 
(a fast frequency sweep) is reproduced at 
a representative listening level, and then 
to set the mic gain so that the signal peaks 
within the 'OK' region of the meter. 

Next comes the room measurement 
process, which takes about ten minutes. 
For each test position, 10 separate chirps 
are replayed from the left monitor, 
followed by 10 more from the right. 
A minimum of 12 different locations are 
needed, although up to 32 measurements 
can be made for even better results. The 
manual provides several examples of how 
to select the appropriate measurement 
positions, but in essence, the sequence 
starts at a central reference listening 
position, followed by a variety of positions 
around the entire listening area in 
symmetrical left-right pairs, finishing with 
a second centre-line position. 

In the office, I started where I normally 
sit, and then sampled pairs either side, 
slightly forward and back, slightly closer ► 

6.5" LF driver / 3/4" tweeter / 48Hz-20kHz 

8050A 
8" LF driver /1” tweeter / 38Hz-20kHz 

7000 Series 
Full range of subwoofers available 
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A better mix starts with better monitors. 
To find out why, visit your nearest Genelec dealer. 

More world-class studios rely on Genelec than any other active 
monitors. Now you too can benefit from industry-standard, Genelec 
precision reference monitoring with the revolutionary 8000 series. 

• Extended frequency response 

• High SPL capacity 

• Superior resolution 

• Reduced listening fatigue 

• Ultra-low distortion 

• Bullet proof build quality 

• Sophisticated protection circuitry 

Every industry 
has its standards. 

genelec 

Ma @

©E GENELEC 
www.genelec.com 

soüirc« UK distribution by Source • Find a dealer at www.sourcedistribution.co.uk/genelec • T: 020 8962 5080 



software on test 

IK MULTIMEDIA ARC 

and wider, until I had built up a good 
cross-section of my listening locale. In the 
listening room I covered a rather wider 
listening sweet-spot, since several people 
often listen together in different chairs 
and sofas. 

Once all 12 (or more) positions have been 
measured, the software automatically 
calculates the appropriate 
equalisation and phase 
corrections, which will 
subsequently be implemented 
by the DAW plug-in. Filter 
parameters are calculated for 
all standard sampling rates 
from 32kHz to 96kHz, along 
with four 'target curves.’ These 
provide the default flat 
response, an HF roll off, 
a mid-range dip, and 
a mid-range dip with HF 
roll-off. The HF roll-off is 
intended to compensate for 
stronger reflected HF in 
smaller rooms, and the 
mid-range dip is to correct potential 
crossover anomalies. 

The calculated filter parameters can then 
be saved as a user preset and named, which is 
handy if you need to correct for different 
speakers in different environments used at 
different times. The software includes graphic 
representations of a variety of popular 
monitor speakers, which can be selected and 
saved within the preset as an aide mémoire. 
Amusingly, the PMC IB 1 was amongst the 
options — along with familiar looking 
Cenelecs, ADAMs, JBLs, Tannoys and many 
other popular monitors. Sadly, there was 
nothing that came close to resembling my 
tired old office speakers. Oh the shame... 

Once the parameters have been saved, the 
measurement program can be closed and you 
can launch the DAW application. The 
appropriate form of ARC plug-in is then 
loaded into the monitoring or main output 
bus. If the main output is being used, then the 
plug in will need to be bypassed when you 
output your final mix, otherwise the mix will 
incorporate all the speaker EQ tweakery, 
which wouldn’t be a good idea! 

Opening the plug-in window allows it to be 
configured, which is simply a case of selecting 
the appropriate measurement parameters file 
from a drop-down box, and then selecting the 
required target response curve from another 
drop-down. A pair of frequency-response 
charts is displayed, with three traces on each. 
An orange line represents the original 
measured monitoring-system response, 
a green line shows the intended target 
response, and a white line shows how closely 
the system claims to have come to that target. 

Interestingly, the manual states that the 

software works out the LF response of the 
monitors for itself and doesn’t attempt to 
drive the speakers beyond their natural bass 
extension limits. This became very clear when 
I compared the plots. The little office speakers 
were shown to roll off from about 70Hz, 
whereas the big IB 1 s went right down to 
about 30Hz. 

A bar-graph meter indicates the signal 
level through the plug-in, and a large 
‘Correction On’ button to the right allows the 
processing to be switched in and out for 
comparison. Usefully, there is also a level trim 
control to help balance the bypass and 
processed signal levels. 

Impressions 

I approached the ARC system with a large 
dose of scepticism. I've experienced the 
failings of simple analogue and digital 
monitor-equalisation countless times before, 
and while this is a much more sophisticated 
approach than many, you still cannae change 
the laws of physics, Captain! So, starting with 
the listening room setup, what did I hear? 

Well, I could hear an improvement, 
although it wasn’t anything like as dramatic as 
the plots suggested. My perception was 
mainly of a (worthwhile) reduction of 
a slightly boomy and ringy frequency range 
between 50Hz and 70Hz. Low bass 
instruments and kick drums sounded a little 
tighter and more controlled and, as a direct 
result, the mid range sounded a little more 
open and transparent. I also noticed a slightly 
wider stereo image across the higher 
frequency range, which I think was probably 
down to some correction for HF reflections 
from a stone fireplace. I’m sure that similar or 
better LF correction could be achieved by 
installing more traps and absorbers, but I’ve 
already reached my ‘domestically acceptable' 
limit there! So I'd say the ARC correction was 
making a subtle but worthwhile improvement 
to the overall balance. 

Moving to the office — which is 
a completely untreated acoustic environment 

with poor speaker placement and more 
reflective surfaces than a mirror ball — the 
results were rather more dramatic. As 
I mentioned earlier, this setup has a tendency 
to be bass heavy and noticeably lopsided 
because of the bookshelf at the side of the 
desk forming a corner, and the imaging isn’t 
too hot because of all the reflections. 

After running the 
measurement software, the 
plots revealed the peaks I was 
hearing, with a much larger 
peak on the right-hand channel, 
just as I’d expected. There was 
also clear evidence of desktop 
reflections causing response 
dips in the mid-range, and 
although the displays are heavily 
smoothed and not very precise, 
they certainly hinted at the 
problems I knew to be present. 

The ‘After’ curve looked 
impressively flat by comparison, 
and listening to the results 
I have to say I was astonished at 

what I heard. The boominess had virtually 
gone, as had the lopsidedness. The mid range 
sang with improved clarity and the stereo 
imaging was noticeably better too. The ARC 
software hadn’t turned these cheap and tired 
stereo speakers into state-of-the-art mastering 
monitors, but the results were far beyond 
what I would have thought possible for those 
speakers in those positions! It was as if the 
rear and side walls and table top had been 
removed (or covered in foam!). To check that 
this wasn’t a fluke, I measured the room 
again, using different pairs of test positions 
over a wider listening area. The response 
charts came out virtually indistinguishable 
from the first test, and the improvements in 
monitoring quality were the same. 

Acoustic Alchemy? 

All in all, the ARC software does seem able to 
bestow some improvements upon less than 
perfect monitoring systems and rooms — 
although I think it fair to say that the better 
the room to start with, the better the end 
results will be. ARC is no substitute for proper 
acoustic treatment, but it can maximise 
performance and reduce minor response 
irregularities very well, and with negligible 
quality degradation. But then, you can buy an 
awful lot of acoustic treatment for the price of 
the ARC software! ES 

information 
□ £469 including VAT (£337 cross-grade for 

existing IK Multimedia customers). 
D +44 (0)1223 234414. 
n uk.sales@ikmultimedia.com 
□ www.ikmultimedia.com 

^ARC 

Several measurements are required by the ARC system in order to build a good picture 

of the room response. By taking a measurement at the listening position and then 

further ones each side, you create a better cross-section of the range of normal listening 

positions that are likely to be used. 
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JUST ADD TALENT... 
\\ het her you’re rutting tracks for fun or producing a groundbreaking record. Unity Audio has the best front end analogue and plug¬ 
in tools for the job. Professional producers, studios and artists choose our products, as they're most favourite and indispensable 
tools for their daily work. Such as producer/engineer Cenzo Townsend (Kaiser Chiefs, The Zutons, The Feeling, Razor Light), Steve 
‘Dub' Jones (The Chemical Brothers, Primal Scream, Audio Bullies), Steve Osborne (Kt Tunstall), Ben Hillier (Depeche Mode, 
Doves, Elbow), Mark ‘Spike’ Stent (Madonna, Oasis, No Doubt, Gwen Stefani), Groove Armada, The Prodigy. Chemical Brothers. 

Echo Verb Tape Echo/Reverb 
The sound and feel of tape eco/reverb is 

back! Six heads with guitar level inputs and 
transformer balanced XLR’s 

Audioease Altiverb 6 
The masters of plug-in convolution based 

reverbs have raised the bar again. 
Simply the best sounding, feature parked 
reverb available, with the largest preset 

library on the planet 

Tonelux 18 Roadster Rack 
8 way portable rack. Accepts any of the 
Tonelux modules. Load it with Pre's, 
EQ's, Comps, mono or stereo inputs 

— the choice is yours 

Telefunken USA AK47 
Multi-pattern valve microphone featuring 
new old stock Telefunken EF732 valve and 

custom uound hand made BV 47 transformer. 
The mic bargin of the century. £815.00 
ex VAT. Try one out on our 7 day no 

quibble sale or return 

URS Classic Console Strip Pro 
The ultimate, multi console in the box 

channel strip solution. Create your dream 
console choosing your favorite algorithms 

from the Input Stage, Compressor 
and EO selections 

Sonndloys Native FX Rundle 
This is the effects rack you’ve have been 

waiting for. SoundToys Native Effects gives 
your mixes that pro quality, fat analog sound 
without the fat kick in tin* wallet. Includes 

Speed. Phase Mistress. FillerFreak, Echoboy, 
Tremolator, Crystallizer 

Chandler Limited 
Germanium Compressor 

FET based gain reduction element using 
the same class A amp found in the 

GERM Pre and Tone Control. Features 
include WET/DRY mix. COMP CURVE, 

CLEAN/DIRTY COMP and 
SIDECHAIN FILTER 

Little Labs Multi Z PIP 
Pro instrument multi-impedance pre-amp, 

Re-amp. DI, splitter 

Thermionic Culture Earlybird 1.2 
XII valve dual mono no compromise, 

no frills pre-amp. LUtra low distortion, 
noise and phase shift 

GREA T TALENT DESERVES GREAT TOOLS 

4 V I) I O L 7 I) 

the pro-audio specialists 
tel: 01440 785843 fax: 01440 785845 web: www.unityaudio.co.uk email: sales@unityaudio.co.uk 
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www.thomann.de | International Hotline: +49 9546 9223-55 | Fax: +49 9546 9223-24 

All prices include I7.SX ukvn and Tax paid is 
clearly shown or all invoices. For VAT registered 
companies this can be deducted at source. Pl.,se 
note that all our invoices will be in euros 

+49 9546. 6774 a

4flternational@chomann.de 
www.thomann.de 

/ MusiXhzus Thomann 

All transactions are carried out in euros and as 
suefrthe GBP price can vary dependent on the 
current day's rate of exchange Thomann are not 
liable for any surcharges added by your bank or 
card issuer. 

Tl% priceMMow are based on the 
published rate of exhange: 
I EU^ 0^5 GBP. I GBP = 1.342 EUR 

th maim j 
MUSIC IS OUR PASSION M  Z « 

" +49 9546. 92^3-(^ 

X %» 1All offers are suöfect œ availability^Ve do 
not tàW any resoonsibil t^ for any misprints 
or misinterpreted inforrÃion! 

‘Z1M 1M9-
order code 161112 £ I UUL. 5333 £ 3973-

".66 

pewer. ideal recoroing 
I mixer 

Soundcraft 
Compact 4 
Recording mixer 
2 me channels. 2 stereo channels. 3 band EQ. msert». 

separate outputs for artist and engineer. 2 
_ headphone outputs. 48V phantom 

d358 mi2 -
order code 198944 £ I U I U. 

Zoom H4 Bundle 
Digital recorder 

Poled for interviews, podcists. meetings and Ive 
recording. 24b<t / 9S<Hz. MF3 up to 320 t-ijps 

J txtrate, two eleMret condensa microphores 
for true recording needs 24V a 43V 

> pnantom power, USB port, including 
yr power por and Cubase LE Bundle 
> a including 2GB Thomann SO Card 

Vs J and the t.bone HD660 stereo 
headphones 

Marantz PMD 660 Set 

478 £357 

Portable CF cam recorder 
Data format wav cr mp3, sample rate 44.l/48kkiz. 
USB pert for direct data trans’er balanced mic inputs 
with »48V phantom power, unbalanced analog I/O 

(3 5mm stereo mmi jack). built-in stereo mic 
•• speaker, optonal RC600 remote 
control (REC. REC Pause. Mark) 

iilabk- ti.irt»-r<4. AA x 
operated, dim 11 x 5 x 18cm, 

weight 700g Bundle including 1GB 
Compact Flash card 

875 £ 726-

Behringer 
UB2442FX-Pro 

5.9kg 

255 £190 

24-channel mixer 
4 bus design. 2 stereo channels. 10 mic ns with 
lew cut. ‘48V peak LED. dinct cut. insert 3-band 
mid sweep EQ. 4 auxes (pre/post. mute. 2-track I/O. 
Ctrl room out. XLR+jack ouoouts sub outs master 
— insert, tuiltm FX processor (99 

19* raen mount kit. weight 

Yamaha 0IV96 V2 
Digital mixing console 
24bit 196kHz, 24 analog inputs, 12 Me inputs 40 
channels expandable included ADAT interface. 4 

eftec' proi:essors. 
parametric EQ. nd 

♦A.. ./ V 

Zoom H2 Bundle 
Mobile MP3/WAV recorder 
1 point stereo mic design. MS s^reo teenmoje 
record 360" sound as 2ch or 4ch.data. built n 
USB interlace with audio ntertae fundicn WAV 

, 96/48/44 1kHz and MP3 dp to 320kbps VBR. 
headphone out. time stamp funetton. i.ses 

— SO cards (up to 4GB). penect for mteviews 
podcasts meetings and live recordings 
USB cable stand, mic-stand adapter 

MT power supply and 5 12ME SO raid included 
Bundle including the t.bone EP 2 in-ear 

■ '"-'“'i»™»-- tms i/m . 
I order code 137629 £ I r I . 

Boss Micro BR Set 

HD660 stereo headphones 
.•nd the t.bone ST 10 stereo 
microphone 

'M45. 

BZ— 4-track compact studio 
: crtable 32 V-tracks. loarfc and 

Ml ib •! j m. Time-Street! and 
■ Center Da-eel features. 293 fiyttim 

patterns built m tuner and me. USB por. 
) Card slct 128MB 

care intruded. incl. the t.bone 

Boss BR-600 Set Marantz PMD 620 

333 E 248 

Portable SO/SDHC card recorder 
Selectable stereo / mon»- I KM I MP3 reo «ling. 
—sample rate 44.1 /48 kHz. MP3 b.t 

rates fron 192 kbps to 32 kbps. USB 
20 connectivity to PC for drag and 
drop file eenange integrated stereo 

■J condenser m crophone array, me and 
k A line level external inputs, phantom power 
" 6V 1 mA) 512MB SD card needed. 

b ® dimensiors WHO 10.2 x 6.2 x 235cm. 
' • weight. 110g 

v (728 CIO 
order code 111909 £ . 

Yamaha n12 
8 mono ms. (1144 gCO 
order code 111118 £ "UL, 

Allen & Heath 
WZ’ 16:2 DX 
16-channel mixer 
16 mono ms with msert/direci out. PAD. 100Hz 
HP and 4 Bind EQ with para.mids. 48V phantom 
switchable. 6 Aux. Aux 5-6 internal effect, 2 sters) 

Aux returns, PFL. mue. phones, maste* 
K insert, master out. mono out with 

separate fadet A3 out. 2 Digitecn 

M-Audio 
MicroTrack II 

Mobile 24brt/96kHz recorder 
Records WAV. BWF and MP3 to Compact 
Flash cares or MicroOrives. optimized 
gam adjustment 48V phantom power, 
analog lwr«ter, USB 1 1 and high speed 
20 connection, balanced Ime ms. bmtt-
In high-txtekty microphone preamps. 
SPDIF inpat. lithium-ion battery (reciiarge 
via USB) 

(285 £212 

Edirol R-09 Bundle 
MP3/WAV recorder 
24-brt/48kfte (or 44 1kHz) uncompressed 
recording. 14 to 320kbps MP3 playback 
and recording, records to SO Card, high¬ 
grade stereo condenser microphone 
built m. mic and line audio inputs. USB 
l/D. easy opeaton, user friendly graphic 
display, ultra portable, long battery life 
Bundle including Edirol OP-R09P carry 
pouch with tiett clip and 1GB SO card 

Yamaha 
AW 1600 Bundle 
16-track HD recorder with 40GB harddisk 
8 XLR/jack ms with switchable phantom. USB 2.0, 
Pitch Fix function. 4-band EQ ♦ dynamics fa each h. 
8 track simultaneous recording CD-RW burner MCI 

remote, uncompressed data format, amp 
simulation/guitar effects, digital 
IC Bundle incl. the t.bone 
EL* 800 condenser mic and 
6m cable 

tM9 £B33. order code 106375 

Yamaha MC I 24c 
12-channel mixer 
4 mono mic/line ins (XLR/ TRS). 2 stereo mic/lme ins, 

2 stereo line TRS ms. integrated compressor 
fa each me channel. 2 stereo aux 

phantom, weight: 3kg 

^£171 

z"e223 

Tascam HD-P2 
Portable CompactFlash recorder 
Writes broadcast wave format on CF cards up to 
8GB, pre record cache. FreWxe connection. SMPTE 
and LTC nput. Videosync ENC. 2 X_R and Line 
inputs. ‘48V phantom power, inpu* ïmBer HP filter 
-20dB Pad. PDIF I/O. headphone out large display. 

dimensions WHO. 24,5 x 18.8 x 6cm, 
weight 1.2kg Including 

- ^9 shu'-1,der s,raP 
supply1

Fostex FR-2LE 
Mobile recorder 
24 B1L96 kHz. record m stereo a mono on a Compact 
Flash card a MicroDrive in BWF format FAT32. MP3 
support, integrated USB connectxm. ae-recad buffer. 

>. 2 mic/lme inputs. 
mtom power, stereo 

mónita out RCA. 

ê428.-

Korg D3 200 
Digital multitrack recorder 
16-track recording simultaneously 32-track playback 
@ 48kHz/44 1 kHz (160t). 12/16 with 24brt. max. 272 
tracks (incl all virtual tracks), format 16/24 bits. MMC, 
MTC and MO CLOCK, session drums drum computa, 
tempo map. sync track, mtemal CD recorda. USB 2 0 

port, internal signal accessing 64brt (max 
M  69brt). 8 me aeamps and 12 

(¿y J?.. f 1 4 ÎRS plugs, 1 Hi-Z input 
SPOF I/O (optical) 

Alesis MultiMix 12 
FireWire 
12ch analog mixer with FireWire interface 
4 mic/lme ms, 4 bal staeo line ms. 3 band EQ 

fa each channel. 2 aux send/retums. 100 
28bit FX programs headphone out. 

18in/2out FireWire interface. 
flHb - V, ASIO/WDM aivas 

fa Win XP SP2. Cae Audio 
drivers fa Mac OS X. incl 
Stanbag Cubase LE 

(333 £ 248.. 

Tascam 
DM-4800 Bundle 
Digital mixer 
64 channels. 4-band parametric EQ. dynamics. 2 
FX aocesscrs. built-in TC Revert, talkback mic, 24 
bilanced mc/line ms phantom, meterbndge and 
soround rronitamg optional. Compact Flash card 
sM. USB interface fa data transfer, md. Tascam 
Mixa Compinion software (Windows XP and MacOS 
- - • 1 > Bundle incl. Tascam IF-FW/DM 
SEMBl Mkll FireWire Card 

8-track recorder (up to 2 simultaneously) 
64 virtual tracks built « effed md pitch oxra ton 
and COSM modelling, built-m Bos. drum maenne. 
dynamic pads, built-in staeo me. tattav-operited. 
USB fa data dumps. Compact Fla:-*i card slot «max 
1GB), 128MB card included, only TRO g and Z. mm 
high, ncl carrying bag and >LR tenate to jack mic 

adapta cable Bundle incl die tbone MB85 
Beta dynamic mic. incl. holdei. 

• plastic box and 6m mic cabh XLR 
female to jack 

tia o/in. 
order code I95T19 £ t^U. 

Zoom HDI6CD 
Harddisc recording studio 
1 -track playback. 8-track simultane» >s recadmg. 
160 V-takes. 8 balanced combo ns with phantan 
2 Hi-Z ms. 16bit/44 1kHz recccOng r WAV tomK 
mae than 100 effects, drum/bass machine pads 
built n CD-R/RW drive and 80GB HCM. control 

surlacemode fa DAW 
f softwar■ US82 0. ird 

Cibaseli 

Tascam 2488 MKII 
24-track harddisk recorder 
24M/44,1 kHz digital Port.istudn. 8 mc/lne «puts 4 
XLR with phantom power, internal effects pra^sso; 
16x CD-RW drive to recall Rec Book CDs. import/ 

expat WAV files and backup hard drive. High-
speed USB 2 0 jack conn cts 

to °C a Mac * fa data 

. . / included 

t777 £579. 

Behringer UBI002FX 

powasuaiiy 

(7r £54 order code 182406 

10-channel mixer 
2 mic ins with Io cut and 3 band EQ. +48V 

phantom powa. peak LED. 4 stereo ns 
' 1 aux (for internal eflös), 2 track 

I/O, Ctrl room out. ii.ilt-inertects 
aocessa 99 a '-z" - Hemal 

Behringer UB1002 
10-channel mixa, 4 staeo ins 
with 1 aux. 2 me ins 
order code 157290 5M3. 

Yamaha n8 

7M £595 order code 111117 

24bit/96kHz digital mixing studio 
EEE 1394 (FireWire) port, seamless mtHqration nto 

Cubase 4.4 moni xis XIR mc/TRS 
■ :

11kq 

order code 132316 t,,81 £893-

^£ Z87.. 

MG 124CX 
16 digital effects 
order code 109573 285 £212-

Mackie Onyx 1640 
FireWire Bundle 
Compact mixer 
16 mic/line ins. insert pa channel, bal direct out pa 
channel. 4-band EQ. 2x paran etnc 6x Aux ae/post 
switchable, phantom powa switchable pa channel. 
4 subgroups. Control-Room oct. internal talkback 

microphcne. Rotopod Bundle 

Card fa direct connection to 
PC a Mac 

Tascam DP-O2CF Set 
Digital 8-channel multitrack recorder 
8-tTEck recadmg. uses CF card. LC display. 2 mic/lme 
ins (1/4* TRS). 1 switchable to guitar m. 2 XLR me ms 
with phantom, effect sena and staeo return, staeo 
line cut (RCA). SPDIF digital out (optical) headphone 
out. MOI out fa MIDI timecode a dock. USB2.0 
port int. multieffect aocessa and reverb processa 

Bundle including 2GB 
Thomann 
Flash Card 

3,, £232. 

i,,25 £838-



The Thomann services 

‘"Ml 25S e190 

M-Audio Oxygen 49 
USB MIDI keyboard 
¿9 dynamic full-size keys, integrated USB MIDI 
interface. 8 controiler knobs, 9 MIDI sliders, 15 
tuttons. including 6 transport Duttons, for Windows 
XPand MAC OSX. 

L. II Hl II III II III II III 

M-Audio Axiom 49 
USB MIDI controller keyboard 
49 velocity-sensitive semi-weighted action kevs with 
aftertouch. 8 MIDI assignable trigger pads and 8 
rotary encoder knobs, 6 transport Duttons, prcet/ 
program change, MIDI channel +/■ buttons, tockJit 
LCD screen, sustam and expression pedal jacks, built 

— il i USB MIDI interlace 

'M18 
Oxygen 61 
61 dynamic keys 
order code 190172 

Axiom 61 
61 semi-weighted keys <299 99Q 
order code 190175 £LLu. 

Roland FP-7 
Kompaktes Stage Piano 
Internal speakers. 88 PHA II keys. 128 voices. 333 
tones, 6 tone wheel organs and 9 drum sets, sesiton 
partner and 3-track recorder, WAV/SMF playback. 2 
headphone outs. USB (MIDI) and USB Host Connuctor, 
MIDI I/O. 3 pedal jacks, DC m. DC 12V (AC adaptor). 
dimensions WDH 134.6 x 37,5 x 13.7cm. weight 

23 9kg 

Korg microKORG 
Black Limited 
Analog modeling synthesizer 
Limited edition with black keys, 4 voces. 2 oscillators 
noise generator, vocoder (8 bands), modularen (3 
types), delay (3 types). EQ. arpeggiata (6 types). 37 

velocity sensitive mero keys, audio c. stereo 
out. MIDI m/out/thru. md power su- ply and 
gooseneck microphone, weight 2.2kg 

'375 e279 order code 137215 
<1288 QOO . 

order code 109867 £uOD< 

”’e141 

M-Audio 
Fast Track Pro 
USB audio interlace 
4x4 24brt/44.1 kHz. m stereo up to 24brt/96kHz. USB 
powered. 2 mic/instrument preamps with switchable 
phantom power. 2 inserts. 2 balanced line outs. 4 
additional RCA outs. SÆDIF coaxial I/O. S.PDIF out 

even tor AC-3/DTS surround 
sound MIDM 0. 

IB MacwdPC 

MindPrint TRIO 
S/PDIF Bundle 
Total recording solution 
Channel strip, mini mixer, monitor controller and 
24bit/96kHz AD/DA converter in or* unit HiZ in, Class 
A me m with 48V, analog EQ, comp; essor with tube 

h sound, insert send/retum, seper.ite stereo in with 
2-band EQ. additional aux in. ■* iAW I/O analog 

and digital, latency free direct monitoring 
* » connectors for 3 monitor pairs Incl. 

’ % . J the t.bone SC450 studio me and 
6m XLR cable 

«1» 1AC. 
order code 117887 £ I IV. 

.385 e287 order code 202856 

Tascam US-1641 
USB 2.0 audio interface 
24brt/96kHz. 8 mc/line ins with pnantom and level 
meters on the front. 2 balanced li; e/instrument ms 
on the front and 4 balanced line its on the rear. 4 line 
outs, monitor out. S/PDIF I/O (switchable to AES/EBU). 
MIDI I/O. 19-/1 RU. fa Wm XP. VSa 32 and Mac OS X 
(10.4 a higher), including Stembag Cubase LE 4 

Digidesign Mbox 2 
Mini Drum Bundle 
Bundle containing: 
Digidesign Mbox 2 Mini USB MIDI audio interface 
XLR mic in with phantom. 2 analog 1RS ins. line/ 
instrument in. 2 analog monitor outs, latency-free 
monitoring USB powered incl Pro Tools LE. Pro 
Tools Ignition Pack. 37 Digflack and 7 3omb Factory 

Dugins Akai MPD 16 USB pad controller 
with 16 velocity and presure sensitive 

' ’HOO* Pads. incl software fa PC 
and Mac 

(389 oqn 
order code 138750 £ LuU 

H\409 

MOTU Ultralite 
FireWire audio interface 
24b<t/96kHz. 10 ms and 14 outs. 2 me preamps with 
48V phantom power, bus powered, md power supply 
ta stand alone operation. CueMix DSP. S/PDIF VO. 
headphone out. MIDI I/O. 6 24biv96kriz analog ms 
and 8 outs on bal /unbal 1/4' TRS jack. main out. 
SMPTE sync, fa PC and Mac ASIO. W Wave 

GSIF Cae Audio and Cae 
. " ?' .UPIXX1 '• nt 

Focusrite 
Saffire Pro 2« I/O 
26-channel FireWire interface 
8 Focusnte high spec pre amp:;. 2 x ADAT I/O. Saffire 
VST/AU plug ins (compressa. fO. reverb, amp-sun) 
MIDI I/O. Wad Clock VO. analog I/O, 8 mic ms (48V 
phantom) on the backside a »balanced line inputs 
on the front. 8 balanced line outs, digital I/O, 1971RU. 
__up Io 3 units can be 

. cascaded 

<875 eno 
order code 191915 £ UUU. 

Akai MPC2500 
MIDI production workstation 
32-voice polyphone. 16MB internal memory. 64 MOI 
channels. 16 pads. 4 pad banks. 2 built-in effects 
processors. 1 main out effects processa 2 freely 
programmable O-Link faders and knobs. 10 analog 

outputs. S/PDIF coaxial VO. Compai t Flash card 
slot (up to 2GB). dimensions 42 x 9 

nest 
/ V 

to rock drums! 

order code 187112 £ U^U. 868 eB47 order code 190278 

Akai MPC I 000 
MIDI production workstation 
Sampler/sequencer/ drum machine with legem 'ary 
Roger Lmn groove. 32 voice polyphony. 16MB -max 
128MB). 64-track sequencer. 32 MIDI channel. 

Flash memory fa sounds. Compai 1 Flash 
slot (up to 2G8). USB.md. 

HDM 10 hare disc 
mounting kit, colour 
black 

^ £4ß1 “‘rase 

order code 111125 

"M4.10 a £21 

135 £ 101 order code 195943 

444 E 331 order code 114106 

■WIRH 
h:s e849 

Swissonic 
MIDI-USB 

Finish: silva 
order code 202243 
Finish black 
order code 202239 

USB MIDI interface 
1 input and ' output 
with male connectas. 
MIDI Thru function. 
Plug&Play (a 
Windows XP and 
Mac OS X. 

XS (61 keys 
order code 111123 
XS7 76keys 
order code 111124 

RME Fireface 800 
FireWire audio interface 
Analog technology of the ADI 8 ennvotas. mic 
technology of QuadMc and OctaAbc 4 mic ins (XLR 
& jack). 8 analog ins & outs. heal,-hone out 2x ADAT 
VO. SPDIF VO. Wadclock VO. MC VO. sepaate 
instrument m. 2 FireWire 800 pk¿ 1 FreWre 400 
connecta, incl TotalMix mixing EJtware 

Digidesign 
Mbox 2 Bundle 
USB MIDI audio interface 
2 ana-og ins with with phantom powe- (XLR/jack). 2 
analog outs (jack). SPDIF VO. MO VC. latency-free 
• monitoring. USB powered, incl Pro Tools LE 
K software (Win XP and Mac OSX). 37 Digflack 
tr & 7 Bomb Factory plug-ms, Pro Tools 

Ignition Pack Bundle ind. 
the t.bone SC450 studio 
mic and 6m XLR mic cable 

Behringer B-Control 
Nano BCN44 
Universal MIDI controller 
MOI VO. mage function fa cascading several 
controllers. 99 usa memories, learn moda 4 freely 

assignable encoders with push Unction 
& status led and 4 buttons with 

► double function, car. be also 
j < ] operated with batteries. 

■// 

RME Fireface 400 
FireWire audio interface 
24 bit/192 kHz high performance FreWire audio 
mterlace. analog technology of ADl-8 converta, me 
pre-amp technolgy of Quad and OctaMic (2 me pre¬ 
amps) TotalMix technology of Hammerlall DSP senes, 
very reliable drivers 

Tascam US-1 22 L 
24bit USB 2.0 audio MIDI interface 
2 XLR meins with phantom powa, 2 analog line ms 
(1 switchable to high impedance fa use with guitars). 

1 MIDI VO. up to 96kHz/24brt. zero latency 
■ _ -. hardware morutaing bus powered 

fa use with PC a Mac, including 
& laptops, includes Cubase LE 
• 48 track professional recading 

* JT software and GigaStudio 3 LE 
64 voce software sampter 

Korg SP-2S0 
Stage piano 
60 notes polyphony, amplifia 2x 11W, 30 soun*., 
reverb and chorus effects, laya function with 

individual volume contrai. 2 
headphone outs, damper. 

_ MOI in/out, keyboard stand 

I A dimensions WDH129.5 x 
A. 

Roland V-Synth GT 
Synthesizer with dual core sound engine 
61 keys (with velocity and channel aftertouch), 
dual cae sound engine, new AP (Artculative 
Phrase) syntheas technology, includes Roland s 
proprietary ela. tic audio synthesis engine plus vocal 
designa, colour touch-screen display. Twin D beam, 
programmable arpeggiata US8 port. MIDI m/aut/thru, 

-5,6160 line 00,5 s,6f6° 
mic/lme in and S/PDIF digital 
0. weight 14.1kg 

Yamaha Motif XS 8 
88 keys workstation 
355MB Wave ROM. 128 voces, presets 103d 
normal voces * 64 drum kits, colour display 4-pot 

arpeggiata. 4 layers a spi ts m 
performance mode, sequeica. 
internal sampia. USB. Ethernet 

M-Audio 
FireWire 410 
Audio interface 
2 inputs. 8 outputs 48V phantom powa S/POF VO 
(coax and optical). MIDI m/out/thru. hsElphone output, 

analog outputs can bsxised fa 71 
surround systems 

I Yamaha P8S 
I Stage piano 

Graded Hammer ction with 88 keys 2x6W 
...U-y .. !ke,. . .. -nJ 
-vMin-h 'in.il Iiertormaice 
” "i- ' M" : 1 !.-■ . ' i .r . 
'• . 'i1'.. • i • ; i1 Í ' • 

——- - and powa supply 

IIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIIII 

<2488 1 QÍJ9 
order code 110050 £ I OUC 

3P90 e2302 
^e17IB 

^e18G2 

Digidesign 
MBox 2 Micro 
Mobile Pro Tools LE system 
About the size of a typical USB flash dove high-
quality ound, staeo out fa headphone a speaker 
monitoimg (no audio ins), comes with award-winning 
n Pm Tools LE software. Bomb Factory* and 
■ D«)iRdCk'M plug-ins, and Digidesign s Xpand' -W 
■ sample playback, synthesis workstation enabling 
H yen to work with Pro Tools sessions and compose 
fl whaeva inspiraban takes you USB-( 1.1 j bus 
I p-Yvaed WIN XP/Mac OSX 
8 <238 ITO . I a der code 139283 £ I J U. 

Mackie Onyx Satellite 
2-in/2-out FireWire audio interface 
248it/96kHz. 2 Onyx me preamps satélite & dock ng 
station, sepaate line inputs (docking stahnni insert 
pa channel (docking station), 2 headphone outs. 

4 Ime outs (docking station i. talkba * mic (to 
phones, to DAW. docking setion), 

4i?x 

Trackbon 2 

<|48 111 
order code 108274 £ I I I. 

<285 919 
order code 160765 £ L I L. 

<822 019 
order code 193883 £ U I L< 

Apogee Duet 
FireWire audio interface 
24brt/96kHz, 2 channels. Firewire 40 VO. breakout 
cable with 2 XLR me ns. 2 1/4' jack instrument ns. 
2 1/4' jack mónita outs, multi segment LED display 

input and output levels, multi tonction controltei 
knob, headphone out. Ma. otro software 

fa advanced control and low latexy 
mixing, conpatible with any Cae 

Aixko compliant audo apokcatai. 
compatible with Mac OS X 
Core Audio 

v (48Î qni _ 
order code 122312 £ UU I . 

1 MB 

in 11111 miiHiniiiiiiim 1 

(75 e5B 

<85 e7i 
order code 156896 

,33 e99 

385 e287 

hardware monitoring), 24-Bit 
S/PDIF I/O MO VO. USB 
powaed. .nd, Steinberg 
Cubase Li 

MOTU 8pre 
FireWire audio interface 
8 mic preamps with ptentor oowa |XLF"RS 
combo) ADAT irVout (up to 96 kHz). MO m/out. 2 
analogue outs (1/4‘ TRS). headphones out. also works 
as a standalone 8-channel ADAT convert'» up to 4 
units can be connected, fa MAC OS X 1M 3 a higher. 
Windows XP. 

PSU(9V DC. 250 300mA. 
inside) powered 

Presonus Firepod 
24-bit/96K FireWire recording studio 
8 mic/line inputs. XLR/jack combo sockets. 4 W 
phantom powa 2 instrument irputs. 8 analog jack 
outputs. S/PDIF VO. MOW. tv adphone odput. 2x 
FireWire, md Cubase LE 

Akai MPD 16 
USB pad controller 
16 dynamic MPC quality pads. C58 anj MIDI. 

included PC and Mac soilware fa 
adjusting oote map. MO 

channel, ontrolla 
numteretc powe-'-d 

by JSB a optxzwl 
*s/ powa supply 

M-Audio 
Keystation 49E 
USS-MIDI Keyboard 

49 dynamic keys, volume controla pith bend 
and modulation whee s. USE a optional 

Alesis IO I 2 
USB audio interface 
24 Bit 48kHz 2 XLR mic inputs with 43V phantom 
powa, 2 balanced jack ms balanced j-ek outs, 
inserts, headphone output with volume control. 
4-segment signaVclip LED fa each channel, low-

latency ASK) 2 0 driva (zero-latency 

Kawai MPS 
Stage piano 
A -vanced hamma actions keyboard AHA4,192 
voces polyphony. 256 sounds, mtqratec effects, 
256 setups, dimensions WDH 136 x 34 x17cm. 
weight 21kg 

Lexicon 
Omega Studio 

USB audio interface 
’ I inputs lie to 4 simultaneous y). 

' onvola 48V 
• phantom powa S’ DIF. MIDlr., 
• ’ neadpnone mt ' x j< 
I Í J 

- *.-1 -ilñ ) 4.tr,-„ilr n c 
1 "Ul' i-mftvx I. Reverti Pl'.gill 

support 

<85e71 

ESI U46 SE 
Portable USB audio interface 
4 RCA hne ms. y«" jack me m with switchab'e 48V. 
VC jack instrument m. 6 RCA hne outs (51 surround 
capable), staeo RCA ma out tor drect monitoring. 
ye staeo jack headphone out. 4-m/6-out a: 44 1kHz. 
4-m/4-out at 48kHz, md Ultimate Aude Tools 
software pack, compatible with Windows Vista/XP 
(SP2 strongly recommended) and Mac OSX WDM. 
— ~ MME. CaeAudc. 

M-Audio Delta 
Audiophile 2496 

PCI audio system 
Xjfcifa. 2 analog RCA ms & outs. 

24bH96khz SPDIF VC 
rer art & »nharze 

, recaps arv; jnak-j 
a  taps, now with exlencol 
BA software package, md. 
HKk breakout adaptor tor WM 

V andSWIF. 

€1250 QQ1 
order code 113711 £ UU I 

Keystation 61 ES 
61 dynamic keys (159 t 1 Q 
order code 170806 £ I I 0. 

(158 11R 
order code 166596 £ I IÜ. 

(535 QQQ 
order code 198490 £ UUU 

www.thomann.de 

Telephone Hotline: +49 9546 9223-55 

Fax: +49 9546 9223-24 

• 30-day money back guarantee 

• free shipping to the UK and Ireland on 

orders above £135 

L. 

. . . 



(109 

€155 

€115 

<175 without pop shield 
order code 180703 order code 197603 

the t.bone SC I 100 

<215 
order code 203198 

<155 <125 

Yamaha HSS0M 

<149 
order code 186461 

<179 <115 
order code 160180 order code 182187 

Alesis Ml MKII KRK RP8 

Finish: black 

Finish white 

(478 

120Wbi-amping.87r, 
42Hz - 20kHz. unit pnce. 

Bundle including 6m XLR mmicrophone cable, 
microphone holder and Millenium MS-2005 
microphone stand no . A A 

Firish grey 
order code 137976 

Active 2-way monitor 
70W b<-amping bas reflex system. 5* 
woofer. 3/4' tweeter. 55Hz 20kHz. XLR 
and 1RS ms. ad|ust:ible input level, mid 
EQ. room control, h.gh trim, switchable 
low cut. full magnetc shielding Unit pnce1

Behringer MS40 
Active 2-way multimedia monitors 
Studio monitors for computer studios multimedia 
and keyboard monitoring. 2x 20W 24brt/192kHz 
D/A. optical and coaxials digital input. 2 analog inputs 

. (3.5mm stereo jack and 

k ■ I 
° *1 ^A^l A 

< A 

SC180 
Single condenser microphone £ 77. 

polar patterns cardioid, figure-8 4 omni, low cut 
switch and - lOdB pad. frequency range 20Hz 

k to 20kHz. incl aluminium case and 
Bk Z shockmount Professional solution for 
U0A your studio m a new pnce range! 

XLR female - XLR male 10m, 
colour black 

SCT800 Stereo-Set, itched stereo pair without 
popshield (411- 9HC 

ESI nEarOS 
experience 

Rokrt senes. 140W RMS bt-amping. 
8' woofer. 1 ' tweeter. 24dB octave 
filter, frequency response 45Hz to 
20kHz. magnetically shielded, inputs 
XLR and RCA. dimensions WDH 
24.5 X 30.48 X 38.1cm. weight 
15kg Unit price! 

Samson Resolv 40a 
Micro studio monitors 
4" butyl surround woofers. 50W amplifier. 25W 
per side. 1 ' silk dome tweeter, passive crossover, 
bass reflex. RCA ms. volume control on front side, 
dimensions 16.8 X 24.5 x 19cm, perfect tor desktop 

or mixing where 
Ai 

■HOI 
1 /¿K 1 I 

6.5' Rohaceli / keviar sandwich woofer. ART tweeter, 
frequency range 46Hz to 35kHz. 

H r 

the t.bone SCT2000 
Studio large diaphragm tube microphone 
Truly warm sound, frequency range 20Hz to 20kHz. 

k polar patterns omni, cardad and figure-8 plus 6 
intermediate stages, up to 130db SPL. 
nd case, shockmount and power 

supply In addition to offering 
all the features you need the 

SCT2000 makes your studio 
look perfect' 

Sennheiser 
MD42IU-2 Set 
Dynamic microphone bundle 
For multiple use (speech, guitar amps brass 

< toms as well as live or studio), still one ol the 
best dynamic microphones, cardioid pattern. 

A| frequency range 30Hz to 17kHz. 5-step 
■ bass fitter incl holder Bundle including 
Bl Millenium MS-2003 microphone stand 

Finish: silver 
order code 153692 
Fimsti Mack <1050 
order code 158648 

the t.bone 
SC 180 Stereo-Set 
2 matched condenser microphones 
cardioid polar pattern, needs +48V phantom 

power, with low cut and pad 
switch, mel shockmount ano 

Magnetically shielded. LF 40W. HF 30W. 5' Kevlar 
curved cone. 1 * magnetically shield natural silk dome, 

frequency response 60Hz to 
^MR^M^A 22kHz. bal XLR in. 6.3mm 
I • MF -' 
lwaÍi 

Neumann KM 184 
Stereo-Set 
Small diaphragm condenser mic bundle 
2 Condenser Microphones KM 184 (with sequential 
serial numbers! polar pattern cardioid, frequency 
wr- range 20Hz to 20kHz, md 2xWNS100 
■3 windshield and 2x SG 21/17 stand adapter. 

Sennheiser 
E 83S S Bundle 
Dynamic vocal microphone 

k Polar pattern cardoid. orVoff switch, including 
X. microphone ciamp and carrying bag. «Sal 

X tor voice and percussion 
KJ Bundle including Millenium 

MS-2005 microphone stand and 6m 
R microphone cable 

the t.bone 
SC440 USB 
USB condenser studio microphone 

USB connection tor 
,/ i dre ci access to Mac and 

BR , PC tdoesn t work with 
i ( Windows Vista'). cardad 
V polar pattern, frequency 

range 20Hz to 18kHz. incl 
plastic case 

EV RE2O 
Dynamic large diaphragm microphone 
RE senes, polar pattern cardad, switchable HP. 
variable D design, 150 Ohms, frequency range. 45Hz 

to 18kHz, incl ciamp aud box. weight 737g. 
length 217mm. diameter 54mm. ideal 

for voce's, brass and bass 

the t.bone 
SCT700 Set 
Studio tube microphone 
Nice and warm tube sound. 1.07' gold diaphragm 

¡nd transport case, wind shield. 
|k a £ J cabk shockmount and external 

i^aI ' jRLr ' ' Bundle incl. the 
V t boue MS180 pop shield 

the t.bone 
SC4S0 USB 
USB studio large diaphragm microphone 
USB tor direct connection to computer, for Windows 

k XP and Mac OS X, no special drivers needed. 
phantom powered via USB. polar pattern. 

A^^ cardioid, frequency range 30Hz 
20kHz. external low cut and-10dB 

APtVCVr ISB 
cable and plastic case 

Rode NTS 
Condenser microphone stereo bundle 
2 matched small diaphragm condenser microphones. 

0.5" gold sputtered capsule polar 
:>anefn caidl0,(1 response 
20Hz to 20kHz excetent tor dnm 

and wind screens. 

Neumann TLM 103 
Studio Set 
Studio microphone 
Large diaphragm cardioid microphone, pressure 
gradient transducer with with one diaphragm capsule, 

transformerless circuitry, extremely low 
noise 7dBA. high-quality professional 

equipment for limited budgets. 
BwH finish silver, nd. shockmount. 

ESI nEarOS 
Active 5" studio monitors 
Magnetically shielded. 33Hz - 22kHz. bi-amped. bass 

42W. treble 33W. 
■ARB . AHM 

6.3mm jack input, 
dimensions 25 x 16.6 

^I^rbrr^A 

the t.bone SC400 Set 
Studio large diaphragm microphone 

1 ‘ gold diaphragm, frequency 
10Hz to 20kHz. 

^Af / 
«AljSy 48V phantom power, nd 

shockmount and bag. finish • I ' Bundle including the 
' t.boneMS180 pop shield 

Samson G-Track 
Large diaphragm USB condenser microphone 
RBuitt-m audio nterlace and mixer, mic and 

instrument/lne gan control with clip LED. 
stereo input lacks for instrument or Ine level 
signa), stereo headphone out for no-latency 
monitoring with level control. 3-position 

i headphone switch. USB bus powered and 
compliant, nd desktop microphone stand. 

J —"3 audio I/O cables. USB cable and Cakewalk 
) — ' Sonar LE software, optional shockmount 

the t.bone SC4S0 Set 
Studio large diaphragm microphone 

Cardo-', external low cut arid lOdB 
pad switch, impedance 200 Ohms, 

kk require 48V phantom power 
frequency range 30Hz to 20kHz. 

¡0 5 X 190mm. nd shockmount 
and PVC c®' Bundle incl the t bone 
MS 180 pop shield 

Rode NT2A 
Large diaphragm microphone 
Polar pattern switchable between omni, figure 

eight and cardioid. 1 • diaphragm, frequency 
range 20Hz to 20kHz. max 
SPL 147dB. including 

1^^ shockmount SM2 

Rode M3 
Condenser microphone 
Cardoid pattern, ideal for recording stnngs 
choir and acoustic guitars frequency range 
40Hz to 20kHz. 130dBSPt 15d8A rase 
background, impedance 200 Ohms. 48V 
phantom power or battery 9V. status LED. 
high pass filter windshield and stand mount 
included, dimensions 225mm lenght. 33mm 
diameter, weight 360g 

Rode NTI A 
Large diaphragm microphone 
Frequency range 20Hz to 20kHz. polar pattern 
cardad impedance 100 Ohms, dynamic range 

132dB. max 
SPL:137dB. 
ind me holder. 

* 1 

Event TR8 
Active studio nearfield monitors 
30W treble. 70W bass balanced XLR input. 

_ unbalanced TRS 

input ' trequencV 

20kHz Pair pnce' 

the t.bone SCT2OO 
Small diaphragm tube microphone 

Polar pattern cardad, frequency response: 
k 20Hz to TOKHz. sensitivity 12mV/Pa 

0R-40t1.5dB(0dB=1V/Pa 1000Hz). 
impede, ice 200 ohms, equivalent 

’ noise level l8dB (A weighted), max 
«Y »or 0.5% THD01000Hz 

> 130dB external power supply 
•eluded dimensions 25 5mm 

. aameter x 175mm length 

Shure SM57 Bundle 
Bundle containing: 
Shure SM57 LC. amamic me for snare, toms 

or electric guitar an allrounder with a good 
frequency response tor clean instrumental 

reproduction cardad pickup pattern 
incl fxXder t.> ; the 

6.5’ mid/bass driver (75W). 1 * tweeter (25W), 
magnetically shielded, very 

I flat response, frequency 

* • • 
* • • • 

Tá. I 
R 24.8cm. waght 9kg each 

Pair price' 

StudioProjects BI 
Large diaphragm condenser microphone 
1 ’ Capsule, transformerless circuit, needs *48V 

phantom power, polar pattern cardad, 
frequency response 20Hz - 20kHz. 

X Sensitivity 34dB (OdB= 1V7 
Pa), output impedance 

AJiI <20°O»1™ maximum 
SPL 132dB. rose 12dB-A 

(1EC651 ). viel toam wind 
screen, zippered bag and 

shockmount 

<115. Qß. 

Sennheiser E 822 S 
Dynamic vocal microphone 
With oiVoft switch polar pattern cardad 

■ r.tNltkKk metal txxfy near', no'uniihiKj-'OO-
V dp not included Made m Germany' 

Genelec I029APM 
■A Active studio nearfield monitor 

very good bass, mid and high frequency m .'-r ,i i ! n“Hl .i.-.t : C 
>1 niMnq, 'or .mprir.n) Stefee plJ',1*K - Ai R 
and jack inputs ¡«.imtilitwiJ ( omp,). r sh.ipe 
weight 5.7kg. unit pnce 

Neumann U87 Ai Set 
The studio microphone classic 
Variable large (kaphragm microphone. 

L^B pressure-gradient transducer with 
HA dout*1 membrane aix-uk' ■ directional 

characteristics (omni, cardad and figure-8). 
■A \ switchable low frequency roll-off. 
HTI \ switchable 10 dB pre-attenuation. 
R^MU frequency range 20Hz 20kHz, 
■JU..' impedance 200 Ohm. finish nickel 

Bundle including shockmount EA 87 

Shure SM58 Bundle 
Bundle containing: 

kjRR^ Shure SM58 LC dynamic vocal 

T microphone, polar pattem cardad, frequency response 50Hz to 15kHz. 
including holder and bag the 
sssnake SM68K microphone cable, 
XLR female - XLR male, 6m, colour: 
black Millenium MS-2005 mic 
boom stand, colour black 

the t.bone 
SCT800 Set 

Studio tube microphone 
12AT7 tube, frequency range 20Hz 
to 20kHz. 32mV/Pa. impedance 
200ÍZ ind deluxe case, shockmount 

and external power supply, finish blue/ 
^^Al 0°k» Bundle incl. the t bone MS180 

<289 
order code 154595 

' * <298 
order code 152308 

(175 
order code 159065 

The Thomann services 

www.thomann.de 

Telephone Hotline: +49 9S46 9223-55 

Fax:+49 9546 9223-24 

30-day money back guarantee 

free shipping to the UK and Ireland on 

orders above £135 



The Thomann services 

Vestax VCI-lOO 

<429 

on, CD text, 50mm 

<875 

<2390 
<133 

<133 
order code 161377 

<115 

<119 <144 

<1189 

Behringer ADA8000 

<138 

<185 <315 

large diaphragm 
mcrophonevtti 
potar pattern 

sec ibockproof CD-R/RW 
jog wheels, loop, hotstart, s 

8 me preamps with phantom power. 24brt AD/DA. 
44.1 & 48kHz. Wordclock or ADAT-m sync. ADAT1/0. 
ADAT in can be routed to line outs, me and hne inouts 
are routed to ADAT out. excellent etpansion for DOX 
3216 or any interlace or mixer with ADAT I/O. 

2-channel compressor/ li niter/gate. stereo or dual 
mono, OverEasy or hard loiee mode. PeakStop hmi 
ting.balancedXLR/jackL (J19- 1 BQ 

0N-04500 headphone bundle 
incl Itiet bone TDJ-1000 (675 
order code 106162 

dynamic, semi-open 5511.20Hz to 20kHz. weight 
225g. plug-in cable (85 BQ 
order code 153244 £ DÚ 

control ±100%. PC 
keyboard connectai. 
2 RCA outs. 1 RCA 
recording in 

90 parameters assignable via USB transmitted MIDI 
signals, touch sensor and acrylic platter mechanism 
every crosstader motion is digitally converted *nd sent 
7■■“ZT io the software curve settings are 

generated with the built in ZPU. 
JmmggHn USB bus-power or optxxialpower 

; ply. mcl Nl Traktor LE. plug 
I 4 play with Apple and Winnows 
// * < computers 

StudioProjects VTB I 
Tube preamp 
Incorporating true class AB switching, the \TB1 is a 
totally discrete circuit, the tube drive is a variable dove 
to a 12AX7. that allows the user to blend as ittte, or 
as much of the tube drive they want. 48V phantom 

power, balanced outputs on XLR and 1'4". TRS 
tagrt, phase reverse, hgh pass 

> $ 

Behringer B-Control 
Deejay BCD-3000 
4-channel USB audio interface 
24txt converter, dual player, mixer, effects. 2 phono 
preamps plus monitor section, 2 jog wheels, pitch 
bending and cue searching. 3-band Ml EQ. loop 

buttons pitch and level farters pe* channel 
plus cross-farter 2 phono 
preamps, raie preamp, md 

LE DJ software 

Sennheiser HD 212 pro 
3211.12Hz - 19kHz, 112dß 
order code 161045 

Headphone extension cable 
Length. 5m ( 1050 

Lexicon MX400 
Quad multi effects processor 
17 legendary Lexicon reverb algorithms. Lexicon 
delay 4 modulation effects, dbx dynamics. VST plug¬ 
in control via USB. 7 routing configurations. 2 S/ 
PDIF 1/0’s, 4 analog ins and outs. 99 preset and 99 
user programs for stereo and dual stereo. 25 preset 
and 24 user programs tor surround, graphic display, 
impact, dust and humidity resistant MIDI V0.19' 

J. weight 

SM Pro Audio TB2O2 
Dual miciophone preamp 
2 hand-seeded 12AX7 tubes. Class A transformless 
high voltaœ signal path switchable phantom power 
switchable phase reversal, opteal compressor. EQ 
circuitry, «put gain control. 20dB pad. 110V - 220V 
external pnwa supply, dimensions 1971RU 

Beyerdynamic DTI00 
Dynamic studio headphones 
closed impedance 40041 94dB/ 
iEC. frequency response 30Hz to 

a B 

RME OctaMic II 
8-channel microphone preamp 
192kHz/24bit AD conversion with 8 mic/lme channels, 
balanced TRS ns can be operated as real me ins. 
max input level -»21 dBu with gam range fiDni6dB up 
to 60dB. signal to noise ratio (SNR) ADC 1i 7 5dB 8 
balanced line outs. 2 ADAT outs ISWX, uo to 96kHz), 
4 AES/EBU outs (D-sub. up to 192kHz). 1 ÓES/SPDIF 
sync m. phase, low cut and phantom per channel, 

ART Tube MP 
Tube microphone preamp 
Hand selected 12AX7A tube, limiter. +48V phantom 

power, phase reverse. XLR and iick 
1/0. peded fa hard 

SPL Channel One 
Mic Bundle 
Tube mic/line preamp 
De esset, compressa/limite with ARC nose gift. 
EQ and headphone mónita. 48V plantan power, 

pad. phase reverse, separate distortion contr<4. 
Bundle including the t.bone SC450 stcX 

AKG K 240 
Studio stereo headphones 
half o;<en, 55 Ohms. 88dB/mW, 15Hz to 
20kH, ear-enclosing, cable connectai, 
distonon tree playback (new XXL capj, 
involving sound from new Vanmoton 
systan, ideal (a Walkman and sound cards. 
weight 240g 

American Audio 
MCD I 10 
Single CD player 
Works with MP3. CD and CD R discs, electronic anti-
shock (20sec). Jog-Wheel control. Fader 'O’ start. Flip 
Flop (Relay playback), pitch range ±4/8/16?., pitch 
bend, coaxial S/PDIF output, easy-to-read d-spiay, 

dvnensious 25,4 
Kt 

Denon DN-SI000 
Single scratch CD player 
Plays MP3 discs CD text. ± 4/10/24/100% pilch 
range on CD. ± 4/10/16% pitch range on MP3, sound 

effect.: echo. loop, fitter mode tor bw/mxV 
high, 20 seconds anti-shoX 

_ -- fada start fundion, ha 
ï * J ya3Ífe¡ start, digital out (SP 

Df). dimensions WHO 
21.5 X 9.2 X 22.6cm 

SM Pro Audio PR 8 E 
8-channel microphone preamp 
Individual gam control pa channel, peak light 
indicator pa channel, phantom powa aVofl pa 
channel, phantom powa light mdicata pa channel. 
8 balanced XLR/TRS inputs 8 TRS balanced/ 
unbalanced outputs @+4d8, dislalia < .05% 20Hz 
20kHz, external powa supply 

50mm cobalt dnva, 2ÛHz- 30kHz. 105dB.32 0hrr. 
3.576.3mm adaptor J44Q 4 A -Ji] 

order code 164560 £ I U. / U 

Millenium HA4 
4-channel stereo headphone amplifier 
Very compart design, output level control fa each 
channel, input 1/4' TRS staeo connecta output 
4x 1 /4‘ TR:. staeo connectas. DC 12V powa r supply included, dimensions WHO: 12.9 x 3 x 8,3cm 

Numark D2 Director 
Digital mixing controller 
Plays audio Iran -Pods. Memory Stick and extanal 
USB drives backlit t C display with revolutionary 
usa interface. 19 /3RU rack module, scratching 
and search function ova two large jog wheels, 
beat keepa techeoiogy with TAP override functor, 
realtime visualtsatxxi with track profiles, pitch 

Rupert Neve Designs 
Portico SO 12 
2ch Class A microphone preamp 
Rupert feve input and output transforma, switchable 
phase, mute 48V phantom powa fully sveepable 
high pas titta (20Hz to 250Hz) SILK circuit adjusts 
the freq-iency spedrum. 9.571 RU. 

Thon headphone holder 
Fa mounting on 19‘ rack. ( 477 

Denon DN-D4S00 
Twin CD player with MP3 
permanent memory fa up to 10 MP3-CDS, 2x 10 

Avalon VT-737SP Set 
Bundle containing: 
Avalon VT-737SP mic preamp tube direct signal 
path, mono mic pre/opto compressa. 4 band EQ, 
4 tubes + Class A discrete electronics, mic/lme 

Lexicon MX200 
Stere», effekt processor 
2 indaendent processors. 24bit convola. VST plug-
«1 architecture with USB interface. MIDI interface, tap 
delay tottom. legendary Lexicon algorythm like hate, 
chambers, plates, delays, chorus, ttanga, tremolo, 
rotary, etc.. dbx dynamic algorythm. 2 simultaneous 
useatíe effects, analog and digital ms and outs. 
intern J powa supply. 1971U. 

Vic Firth SIH-I 
Isolation headphone for drummers 
Reduces overall nose levels by 24 decibel. sound 
pressure level: 1 lOdB ± 3dB. impedance: 25011 ± 
15%. frequency response: 20Hz to 20kHz. 12.5 ft 
cal cad with a 3.5mm staeo plug (1/4* and 1/8* 

plugs included), weight. 376g. Can x used 
as a special headpone fa 

Pioneer DJM-700 
Professional 4-channel DJ club mixer 

^^■^^^^Cross fatter assignment, fatter 
start. 3-band EQ 

x 10 8cm. wen1 • 

Numark X2 
Total DJ solution toy vinyl, CDs and MP3 CDs 
Ultra high torque (4 5kg/cm) dxed drive. ±6,12,25 
and 100% pitch control (vinyl limited to ±80% Mi'3 
limited to *50%), 33 and 45 RPM. forward/reveræ 
toggle with bleep, fatter/remote start and relay pía?, 
play CD and turntable at the same time. 3 staeo nuts, 

full MP3 capability, seamless 
looping. 2 hot stutta starts, 
built-in Beatkeepa '. 3,'O0 
cue-pant memory, anti-

Universal Audio 
LA-610 
High-end vintage preamp 
Combination of the classic all tube designed preamp 
610 and the opto compressa T4, (the heart of the 
Teletronix LA-2A). 48V phantom powa. switchable 
impedance (500/2k0hm), bass and :reble EQ. DI 
input, dimensions 1972RU, weight: 12t>s/5.5kg 

AKG K27I Studio 
Dynamic studio headphones 
Closed, impedance 5 ill. 91 dB SPL/ 
mW, frequency response 16Hz to 28kHz. 
ear enclosxig automate shut-off. weight: 
240g. including 3m cable with 3.5mm 
jack plug, screw-on adapta fa 6 3mm 
included 

the t.bone HD880 
Neodymium headphones 

Neodymium magnet. 64 ohms. ' W. 
'•'•quency range 20Hz • 20kHz 

A 104dB. 3m cable, weight 285g incl 
3.5mm adapta to 6.3mm. exeätent 
fa computa recording, elect re 
pianos and keyboard 

SPL GoldMike 9844 
2-channel tube preamp 
Discrete Class A said stage 48V phantom powa. 
phase revase, pad function flair presence 
«nhancement. very clear and warm sound, 19‘ rack 
format with 2RU 

dbx 266 XL 
Stereo compressor/limiter/gate 
Patented OverEasy technobgy (attock & retese 
toies), XLR I/O, -10/+4db switch, staeo Ink. [«BX 

sound. 

<1536 1 1 /17 
order code 191000 £ I . 

dbx 23 I 
2x31-band graphic equalizer 
1 /3-octave constant Q frequency bands, switchable 
boost/cut ranges of ±6a±12dB, 12dB pa octave 
40Hz low-cut titta. front panel bypass swteh. 
± 12dB input gain range. 4-segment LED ladders fa 
monitoring output levels. XLR and 1RS ins and outs, 
internai taodal transforma, frequency response 10Hz 

to 50kHz. dynamic 
range of greata than 

WMMMMBM l08dB 

7098 IKD/l 
order code 197808 £ I UUT. 

American Audio 
TTD 2400 
Direct drive DJ turntable 
Pitch ±10% pitch. 33 / 45 RPM. ind headshell 

without dust cova. 0% atch quartz lock. 

WCH 45 x 35 X 

<1444 
order code 175878 

Behringer HA4700 
Powerplay Pro-XL 
4-channel headphone amp 
2 band EQ pa channel. 19'/ 1U. staeo main >1 
With leva contra, staeo aux. mix/aux mix caitra. 
Mt/right mute, mono switch, up to 3 headphones 

possible, matrix mode, 
■■■■MB jack output 

' <109 01 

and DI ins. balanced I/O large VU metas 
Studio Projects C3 large condensa dual 
diaphragm, cardiod/omni-directional/ 

HA8OOO Powerplay Pro-8 
toh headphone amp ( 144 
order code 165662 

Finish black 
order-code 118996 
Finish sta <1159. 
order code 119965 

Sennheiser HD2S II 

S Dynamic DJ headphones Impedance 70 Ohms. 120dB. frequency 
response 16Hz to 22kHz (-3dB), close* 
system, weight 140g. comes with 200cm 
cable including velour earpads, carrying 
bag and Native Instruments Traktor LE 
Software 

the t.bone HD660 
Stereo headphones 
40mm dnva, frequency response 

Tk 20Hz to 20kHz, max SPL 105dB, 
JI impedance 3211,1,6m cable, ind. 

3.5mm / 6.3mm jack adapta 

< 1899 1 /Iin 
order code 107466 £ I I. I U 

Korg Kaoss Pad 3 
X/Y DJ effects pad 
128 effect programs (Pitch Shift. Distortion. Fitta, 
Wah, Tremolo. Flange Pan. Gale. Phasa, Rmg 
Modulator), X/Y touchpad controla with LED lights, 
USB Port. 4 sample banks with 4 presets each, SD 

card skit, auto BPM detection and 

mmmBM 

SDcard 

Beyerdynamic 
DT 880 Pro 
Dynamic hi-end headphone 
Semi open, orcum aural, 5Hz - 35kHz, 
25011,pressure level96dB, mealed 
cable, weight without cable 35 g, gold-
plated mxii staeo jack & adata (l/4‘). 

<«1- 157 

turnlibte hold ova jog wheel, turntable brake 
permanent memory tor up to 30C 
rkspei lev pd-r aitra -11-% 

2xSÆTHF 
«ses /inn 

order code 183504 £ “ Ü U. 

™■■■ i 368 
order code 110364 

€375 
order code 173265 

(144 
order code 174864 

(199 
order code 116476 

<189 
order code 192647 

AKG K 701 
open bock. 6211,105dB, 10H7 to 39 Bkril. 200O1W, 
»eight: 235g. <255 1 Qf| 
order code 195476 £ I MU. 

<395 
order code 123370 

www.thomann.de 

Telephone Hotline:+49 9546 9223-55 

Fax: +49 9546 9223-24 

• 30-day money back guarantee 

• free shipping to the UK and Ireland on 

orders above £ 135 



technique mix rescue 

Mix Rescue 
This month we explore a mix in which distortion, 

reverb and modulation effects provide powerful 

alternatives to EQ. 

Mike Senior 

Steven Separovich records under the 
artist name column:inches, and sent in 
his track ‘Aftershow’ because he felt 

that it was too one-dimensional and wanted 
to see if we could achieve more space and 
depth within the mix. Many aspects of his 
original mix were already pretty good, with 
a sensible arrangement and most of the 
tracks balanced well, but I agreed with his 
concerns and felt that the sounds seemed to 
be coming across as a bit anaemic and 
lacking in character. On a more practical 
note, the lead vocal line (provided by Tina 
Norden) was vocoded in such a way that the 
lyrics were getting lost, and this also 
needed attention. 

in SOS September 2007, and 
the result is that the tonality 
of the composite sound shifts 
in a complex way from beat 
to beat. There was the 
additional problem here that 
the gap between the two 
samples was occasionally 
wide enough to give a kind of 
flamming sound, which made 
the mixes sound less punchy 
and also affected the 
rhythmic feel of the track. 
Being reluctant to embark on 
the rather tedious task of 
lining up all the kick-drum 
hits, I initially tried to make 
the best of things with 
processing, but the sound 

The low-end punch of one of the two kick-drum samples was improved with 

a low-pass-filtered Digital Fishphones Dominion send effect. 

Attacking The Kick 

The most important element of the track 
seemed to me to be the drums, and the kick 
in particular. The drum tracks comprised 
two kick-drum samples (which played the 
same part most of the time, giving a layered 
sound), snare and clap samples (again 
playing the same parts), and a hi-hat sample. 
Listening to the two kick-drums playing on 
their own, it was apparent that they weren’t 
always playing at the same time, but were 
drifting in and out of phase. I had this 
problem with Richard Campbell’s mix back 

simply wouldn’t shift into focus and in the 
end I was forced to admit that 
phase-matching the hits manually would be 
the only remedy. 

The mix of the two sounds didn’t seem to 
have quite enough low-end attack, so 
I turned to a technique of Jack Joseph Puig’s 
that I'd read about in SOS's November 2007 
feature on Fergie’s ‘Big Girls Don’t Cry’. He 
split a track to two channels and used the 
Waves TransX Wide plug-in to isolate specific 
frequencies of the attack portion on one of 
them, mixing it with the unprocessed track. 
I used to do a similar parallel-processing 

Here you can see 

the original 

waveforms of the 

two different 

kick-drum 

samples. It's clear 

that they are 

drifting in and out 

of phase with each 

other. The 

resulting phase 

cancellation made 

it impossible to 

arrive at 

a consistent 

sound,so Mike 

had to edit them 

back into phase 

before processing. 

trick in the analogue domain with SPL's 
Transient Designer, but hadn't yet got round 
to implementing the idea in my sequencer, 
so I was keen to see if it might help. 

Of course, not everyone has the Waves 
plug-ins, and I turned instead to Digital 
Fishphones’ freeware Dominion plug-in to 
provide the Transient Designer-style 
processing — so if you like the way it 
sounds in the audio files, you can easily try 
out the technique. One thing to bear in 
mind, though, is the issue of latency 
compensation. Some sequencers, such as 
Pro Tools LE, don’t automatically 
compensate for plug-in latency. Most others 
now do, but even then you can face 
problems with some plug-ins; your 
sequencer may not be able to compensate 
for the latency of Digital Fishphones’ 
freeware plug-ins, for example, as they don’t 
seem to declare their latency to the host 
application, and this can result in phasing 
problems. Cubase SX2 has automatic delay 
compensation but wasn’t able to solve this 
issue — although, fortunately, I was able to 
find a workaround. 

One of the two kicks (I called it Kick 1 ) 
seemed to have a more solid attack than the 
other, so I set up the parallel Dominion 
processing on that one, boosting the attack 
level and cutting the release level to make 
a punchier sound. Because I was after more 
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low-frequency punch, I set the attack length 
to its 100ms maximum (shorter lengths don’t 
let as much of the low end through) and then 
low-pass-filtered the track, nominally at 
7kHz, but with such a gentle slope that it was 
already rolling off at 500Hz. Mixing the 
processed and unprocessed tracks together, 
I cut another 3dB on the processed track 
using a narrow peaking filter at 125Hz, just 
to match the tonality of the attack sound 
a little more to what I wanted. 

I turned to the other kick sound (Kick 2) 
to add weight overall, boosting over 
a one-octave range with a peak of 6dB at 
30Hz, but combined with a high-pass filter 
at 20Hz to avoid any useless subsonic 
peaks. The combination of the two kick 
drums now worked better for me, but I still 
felt that Kick 2 didn't sound quite powerful 
enough: it sounded a bit too ‘digital’, with 
too much click and not enough body. Some 
soft clipping from CVST’s CClip plug-in 
improved this, though, after which I moved 
on to the rest of the drum parts. 

Snare, Claps & Hi-hat 

The snare benefited from the same parallel 
processing technique, although I also 

EQ and a very short SIR reverb were used to adjust the hi-hat sample's tonality, while two send effects widened the 

stereo picture, the first a chain of MDA’s Detune and Cubase’s internal Double Delay, and the second a chain of 

Cubase's Mod Delay and GVST’s GStereo. 

hard-dipped the output of the Dominion 
track in this case (as I used to with the SPL 
Transient Designer —and as it appeared 
Jack Joseph Puig was also doing on the 
Fergie track) to contain the scope and adjust 
the tonality of the added attack spike. No EQ 
was then required for the snare, so I faded 
up the claps. These lacked edge, and were 

also very narrow-sounding, so I applied 
a very small amount of heavily-driven Storm 
Studio Exciter to give them a bit more 
attitude and then applied my usual 
stereo-widening send effect — 12ms and 
15ms delays in the left and right channels 
respectively, combined with opposite 
five-cent pitch-shifts. 

Released 18.02.2008 

SONICCOUTURE 

Only Available From 
www.soniccouture.com 
www.soniccouture-gamelan.com 

Full Gamelan Orchestra -25 Individual Instruments 
24 Bit 96khz Stereo Sampling 
24 GB Library 
Kontakt Format 



mix rescue technique 

The hi-hat track needed a little more 
work, because the raw track sounded very 
hollow and hissy, which meant that it didn't 
really help fill out the track very well. This 
was partly an EQ problem, but partly that 
the whole character of the sound needed 
more complexity, so I decided to bring in 
a technique I’d recently read about in Alex 
Case's Sound FX book: applying a very short 
reverb effect without pre-delay, not to add 
ambience but to change the tone colour of 
the sound. 

mix during the majority of the song. The 
less overdriven of the two sounds didn’t 
really sound meaty enough to me, and 
neither did it have enough bite, despite 
having been passed through a Tech21 
Sansamp distortion. My solution to the first 
problem was to set up a send to Jeroen 
Breebaart's Ferox tape-emulation plug-in, 
turning the high cutoff control down to 
100Hz to isolate only the low end and then 
pushing the Saturation up to 100 percent. 
The extra hardness in the sound came 

I opened the SIR convolution plug-in and, 
as I was after something with raw 
personality and lots of presence, headed 
straight for my collection of spring reverb 
impulse responses. A little searching turned 
up one which filled things out really well, 
particularly in the mid-range, even though 
I'd reduced the impulse file's length from its 
original 3s to 0.22s in order to avoid any 
hint of a reverb-like effect. Some careful EQ 
was still needed to de-emphasise the 
hissiness from 2.7kHz upwards, but a few 
decibels of cut with two fairly narrow peaks 
and a high shelf made a fair job of it. Some 
of the previous stereo widener and an 
additional quarter-note stereo delay 
completed the picture, the latter widened 
a little using CVST’s GStereo multi-band MS 
matrix plug-in. 

Layered Basses 

The main bass guitar part comprised two 
layers, both overdriven versions of the same 
performance, and this part underpinned the 

courtesy of another send, this time to MDA's 
little Combo distortion plug-in, operating in 
its Radio mode: the small-speaker simulation 
added in just the kind of high-mid emphasis 
I wanted. 

The other layer was completely mashed 
with a hard fuzz effect, and as such was 
very harsh-sounding. While I figured that 
Steven wanted a fuzz-style sound, it also 
needed to be kept under control, to avoid it 
trampling over the other parts to come, so 
I bracketed the track using high-pass and 
low-pass filters to leave a region centred on 
2kHz, adding it in judiciously with the other 
bass sound, which was now providing the 
guts of the combined sound. 

The main bass guitar sound is replaced 
by a different mixed bass sound, made up of 
three separate synth layers, for a short 
section in the middle of the song, but this 
needed very little work. I compressed two of 
the layers to try to keep the mix of the 
sound consistent in the face of filter 
modulation on these parts, and also 

high-pass filtered two of them to 
keep the low-end region solid 
and free of phase cancellations. 
Feeling that the combined sound 
lacked a little warmth compared 
with the main bass part, I also set 
up a send to the bass-guitar’s 
Ferox plug-in from one of the 
parts and low-pass-filtered 
another at 2kHz. All very simple 
stuff, really, but you often don’t 
need much processing when you 
have control over the balance of 
the different layers of a sound 
like this: it is when several layers 
are already mixed to a single 
track that you tend to encounter 
more problems. 

I chose to go slightly easier on 
the high-pass filtering with the 

A combination of two send effects was used 

to process the main bass-guitar sound: an 

instance of Jeroen Breebaart’s Ferox 

tape-emulation plug-in, saturating only low 

frequencies below looHz, and an MDA 

Combo amp-simulation plug-in, set to its 

Radio mode to add upper-mids. 

Rescued This Month 
Steven Separovich and Tina Norden make up 
column:inches. Their track was put together 
using Apple Logic Pro 7.2.3 and Native 
Instruments' Vokator, layering EVOC20 and 
Vokator together to achieve a layered 
vocoder sound. Although Steven used live 

vocals and instruments as well as synths, he 
deliberately tried to blur the boundaries 
between them on 'Aftershow' by making the 
guitars and vocals sound more like synths, 
and synths sound more like guitars. You can 
contact the band at 
houseofsandn@btlnternet.com. 

Steven Separovich. 

bass sound that opens the track (and recurs 
for various drops in the arrangement later, 
too) than Steven had chosen to do, putting 
the cut-off of Cubase SX2's Tonic plug in at 
460Hz, albeit with fairly high resonance and 
drive settings. I figured, however, that it 
made sense to narrow what was originally 
a stereo track into mono to enhance the 
arrangement contrast. 

Fattening Up The Synths 

With the drums and bass now working 
together, I began adding in the rest of the 
arrangement parts. There were four synth 
parts to mix in, and these all seemed a little 
lifeless to me, so more processing was 
required to resuscitate them. The rhythmic 
synth that you can hear most clearly at 
0:53-1:07 probably took the most work, 
because I wanted to give it much more 
sustain — it was pretty much inaudible in 
the original mix because of masking by the 
kick drum. Limiting it helped a little, but 
a good dose of distortion from Craig 
Anderton’s Quadrafuzz and from CVST’s 
CClip were still needed to give more 
thickness to the sound. Being able to adjust 
the drive in different frequency bands, as 
you can in Quadrafuzz, is really useful for 
concentrating added harmonics into those 
parts of a sound where you need them most. 
That said, I did need to slice out a good 
chunk at 220Hz with EQ to get the tonality 
right in the mix. Another trick I used to 
make this part more audible was panning 
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technique mix rescue 

Hear The Differences For Yourself! the track to the right and then using 
a quarter-note delay panned to the left, 
doubling the note rate and thereby getting 
at least every second note out of the way of 
the kick-drum hits. 

My first step with the lead synth that 
arrives at 0:37 was immediately to high-pass 
filter at 215Hz, getting rid of a lot of 
redundant low end that was simply clouding 
the mix. An instance of Silverspike’s Ruby 
Tube put some hairs on the sound, and 
another short reverb impulse response (only 
0.05s) added complexity, giving a much 
more satisfying result. To enhance the 
stereo movement inherent in the sound, 
I sent to two further effects: a Kjaerhus 
Audio Classic Phaser plug in and an instance 
of Cubase SX's rotary-speaker simulator, the 
latter set up via its virtual Leslie miking 
positions to maximise the width of the 
stereo image. 

The rhythmic synth at 1:25 sounded a bit 
lazy to me, so I made it spikier with another 
instance of Dominion, feeding it on to 
CVST’s CClip to keep the peaks under 
control. Another MDA distortion send, again 
on the Radio setting, improved the presence 
and bulked out the sound’s spectrum in 
a pleasing manner, after which the existing 

Find out exactly what difference Mike made to 
Steven's mix by listening to the before and after 
audio files, available for download as WAV or MP3 

from the SOS web site, at 

enough to do the job without giving an 
obvious ‘effect’. The Kjaerhus phaser and 
flanger also came in handy here, to widen 
things a little. 

Guitars & Vocals 

The guitar tracks provided two processed 
layers based on the same performance, but 
no matter how I combined them they 
sounded rather uninspiring. So I threw 
caution to the wind, bussed them to a single 
channel and selected something mad-looking 
from my plug-in collection: Betabugs Flo Fi. 
Who knows what it really does (it sounds like 
a cross between a ring modulator and The 
Wicked Witch Of The West), but within a few 
minutes of twisting controls I had something 
more engaging that also sounded more 
synthetic, in line with Steven’s artistic vision 
for the track. Another curtailed reverb 
impulse from SIR (the inside of a coffin this 
time, apparently), in tandem with some tape 

www.soundonsound.com/sos/marO8/artlcles/ 

mixrescueaudio.htm. As well as the full mix, 
there are files that show the changes made to the 
Individual sounds within the mix. 

saturation effect from Ferox, smoothed a few 
of the rougher edges left by Flo Fi. The 
overall sound now had real character, but it 
was also way too bassy for its place in the 
mix, which meant that I had to 
high-pass-filter at 400Hz and cut a further 
6dB at 500Hz with a peaking filter before it fit 
around everything else going on, particularly 
when the texture reached its fullest at 2:08. 

Bar a few little reverse cymbals and 
a similar white-noise-based sound, which 
I just widened with some sprinkles of 
flanger, phaser and reverb, that left just the 
vocals to attend to. I'd normally attend to 
the vocals earlier than this in the mix 
process, but I left them until the end on this 
occasion. I didn’t feel that the part was 
musically more important than any of the 
other synth or guitar parts, so didn't need 
any more space left for it, whereas I knew 
that making the lyrics intelligible was going 
to be the real challenge and it would only be 

phaser and a further Kjaerhus Classic 
Flanger pulled the sound more towards the 
edges of the stereo spread and 
complemented the metallic timbre. 

Synth hits like the pitch-dive that first 
appears at 1:47 can be difficult to mix — 
even when they’re balanced correctly they 
will often sound rather small and 
unimpressive. The way around this is to give 
them a sense of real space, which I did in 
this case using Silverspike’s room-ambience 
simulator Room Machine, mixing in just 

Silverspike’s Ruby Tube 

and Christian 

Knufinke’s SIR added 

complexity to the main 

lead synth part’s 

frequency spectrum, 

while Kjaerhus Audio’s 

Classic Phaserand 

Cubase SX’s in-built 

Rotary plug-in provided 

extra stereo interest. 
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technique mix rescue 

Vocalist, and one halfofcolumndnches, Tina Norden 

during a recording session. 

► possible to judge this with the whole 
arrangement to compete against. 

As I'd suspected the first time I heard 
Steven’s original mix, there simply wasn't 
enough information in the vocoder tracks to 
allow the words to cut through — the high 
frequencies in the vocoder’s carrier signal 
couldn't sufficiently support the vocal 
formants and enunciation. Anticipating this, 
I’d asked Steven to include the original 
unprocessed vocal that he’d used to drive 
the vocoder, and resolved to mix this in with 
the vocoded signal, to get the lyrics coming 
through more clearly. In this context, all the 
vocoder tracks needed was some level 
control (courtesy of MDA’s little Limiter 
plug-in) and a send to another tiny reverb 
impulse response to give them more of 
a stereo feel — and I also took some high 
end out of the reverb return to darken the 
tonality a touch. 

The dry vocal parts were high-pass 
filtered to isolate the region from about 
1 kHz upwards — where the formants really 

Remix Reactions 
Steven: "One of the key things I'd like to have 
achieved with my mix is more 
three-dimensionality'. Partly. I feel that my current 
studio setup didn't help the mix. I'm limited to 
Logic's plug-ins at the moment, and would have 
ideally liked to mix my track on a range of high-end 
hardware and software instruments. I also have 
very small monitors, which don't really provide the 
best picture of the track. I do, however, realise 
that equipment is not necessarily the key to 
a good mix. and that an understanding of the 
mixing process Is important. 

“On the whole. I was blown away by Mike's mix 
— his interpretation of the track was spot on. and 
he definitely headed in the right direction. Initially. 
I was most impressed by the bigness' of the sound 
Mike created. The track has more width and depth, 
and the individual sounds appear richer, fuller and 
more clearly defined and separated in the mix. 
I was also Impressed that Mike managed to make 
the vocals more intelligible (through a careful mix 
of wet and dry sounds) and also address the timing 
issues associated with the vocals. I can't wait to 
read how he achieved his results!” 

start to get going — and then heavily limited 
to bring up all the details in the 
performance. Because the vocals sounded 
a bit ‘stuck on’ to start with, I also treated 
them to some of Cubase’s Metalizer process, 
as well as a shovelful of stereo widener, and 
this lent them a diffuse, synthetic flavour, 
which blended better with the sound of the 
vocoded tracks. Another thing that was 
making the dry vocal difficult to blend was 
that, although the part was basically spoken, 
it still had enough pitch in it to clash with 
the track’s key at a number of points. Setting 
about the vocals with some ridiculously fast 
and abusive pitch-correction, courtesy of 
CVST's CSnap, I managed to nail it to 
a consonant pitch most of the time, 
dragging the body of the vocal sound further 
back into the mix compared to the elements 
responsible for intelligibility. Result: I could 
fade the intelligibility up higher without the 
other aspects of the vocal performance 
taking up too much space in the track. 

Once the vocals were in place, I bounced 
down the mix as a 24-bit WAV and 
re-imported it into a new Cubase Project, so 
that I could bring up the detail a little more 

using a bit of multi band compression from 
Cubase's internal Multiband Compressor 
plug-in. I set up the plug-in as a parallel 
process, a configuration which lets you add 
a lot more background detail without 
reducing the punch of the drums. A few 
decibels of extra loudness were gleaned from 
Buzzroom’s Buzz Maxi, without too many 
side-effects, and I also let the tops of the 
drums clip a little, as (judging by his original 
mix) Steven wasn't averse to this tactic. 
Referencing the mix against a few well-known 
tracks made me pine for more low end, so 
I also added in a couple of decibels of 
shelving boost at 50Hz for this, before 
sending off a draft to Steven to get his views. 
Although he was pleased with the new sound, 
he had some concerns about the timing of the 
vocal parts, now that the dry vocals were 
more prominent, so I went back into the 
original mix project and spent a while editing 
syllables around to tighten that up for him 
before creating a final version. 

When EQ Isn’t The Answer 

One of the things that Steven professed 
himself most keen to learn more about was 

Tina Norden’s original vocal recordings were mixed in with the vocoder parts to improve intelligibility, but not before they were 

high-pass filtered and limited to emphasise the vowel formant and consonant details. Cubase’s Metalizer matched the timbre of 

these vocals better with the vocoded tracks, while some extreme pitch-correction from GVST’s GSnap made some of the pitched 

elements more in tune with the track, thereby pulling them more into the background. 

EQ, but it was pretty clear to me from 
the outset that EQ wasn't really the 
key to improving on Steven's original 
mix, because EQ mainly just adjusts 
the frequency balance of a sound — 
if the character you want from 
a sound isn’t there in the first place, 
no amount of cutting or boosting 
frequencies can reveal it! In an 
arrangement that’s quite sparse like 
this, each sound needs to have a lot 
of body to fill out the overall 
production, and I hope I’ve been able 
to demonstrate how distortion, 
modulation, and super-short reverb 
effects can be more effective 
alternatives; they meant that I used 
comparatively little EQ for this mix, 
in fact. I was also pleased to 
rediscover the usefulness of 
Transient Designer-style parallel 
processing, and will certainly be 
returning to that in future... ES 
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TOm Flint Novation's Nio offers a slightly unusual perspective and 

There are, it seems, countless small 
Firewire and USB audio interfaces on the 
market at the moment, so manufacturers 

are being forced to work very hard to come 
up with designs and features that will set their 
product apart from the rest. At first glance, 
the Nio appears to be a fairly standard two-in, 
four-out audio and MIDI interface, connecting 
to both Apple Macs and PCs via USB, but there 
is more to it than that. 

Most significantly, the Nio is bundled with 
a carefully selected bank of 20 software 
effects, which are linked to the hardware 
using Novation’s Direct FX technology. All the 
effects function from within a stand-alone 
program called the Nio FX Rack installed on 
the host computer, which helps the effects 
operate at fairly low-latency settings. The 
hardware itself offers some FX Rack-related 
monitoring controls so that, to a certain 
extent, the effects feel as if they are part of 
the hardware rather than remotely operated 

a generous collection of effects and processors, but 
does it have what it takes to stand out from the audio 

interface crowd? 

plug-ins. In keeping with the idea, Novation 
have modelled the Nio to look like a guitar 
effects pedal, right down to the pair of rubber 
gripper pads glued to the underneath — just 
as you find on the majority of stomp boxes. 
Even its size is comparable to a typical 
dual-switch pedall 

As a whole, the effects — a number of 
which are derived from Novation’s own 
Supernova II synthesizer — form 
a comprehensive set of processing tools. 
Focusrite’s current ownership of the Novation 
brand has resulted in the FX Rack menu 
including several of the parent company’s 

Alternatives 

The Nio faces same strong competition frwm a range of 

products, many of which are already quite wel! 

established and have unique selling points of their own. 

The long list of current USB alternatives in a similar price 

range includes the Lexicon Lambda and Omega, Line 6 

TonePort UXi and UX2, Alesis IO2, Tapco Link USB, 

M-Audio Mobile Pre and Fast Track Pro, Emu 0404 and 

0202, Tascam US144 and US122L, and Edirol UA25. Most, 

if not all, of the above demonstrate good signal-to-noise 

figures and key features of their own. The 0404, for 

example, offers soft limiting, S/PDIF I/O and up to 192kHz 

operation. Of all the above, the Line 6 products are 

probably most comparable, in that they offer similar 

guitar-related amp and effect modelling. Then, of course, 

there are numerous Firewire equivalents that are also 

quite comparable! 
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own well-respected signal processors and 
effects, and these are joined by a collection of 
physically modelled amplifier emulations and 
distortion pedal recreations programmed by 
Italian software specialists Overloud. 

The DAW software Novation have chosen 
to bundle with the Nio is Ableton Live Lite 6, 
perhaps as a nod to the product's suitability 

Ergonomics & Build Quality 
The black parts of the Nio. formed from tough 
plastic moulds, and thick sheet-metal silver 
panels have been bonded neatly to create 
a very rigid casing. The various knobs and 
switches also feel very solid, adding to the 
impression that the device has been well 
engineered. 

Despite the remarkably small size of the 
box. absolutely none of the controls are 
cramped together, as is usually the case 
when only the front and rear faces are used in 
rack-compatible layouts — few people 
outside of a studio are likely to want to rack 
up their small interface anyway. The eight 
knobs, for example, are spaced so widely 
that even the most sausage-fingered operator 
can turn each one without nudging its 
neighbour. 

for live performance. Live ships on the Xcite+ 
Pack DVD-ROM, along with more than 
a gigabyte of royalty-free Loopmaster samples 
and a number of attractive goodies including 
Waldorf plug-ins, a virtual version of 
Novation’s own Bass Station synth and 
Arturia's Analogue Factory. 

Operating systems supported include Mac 
OSX 10.3.9 or higher, Windows XP with 
Service Pack 2 and Vista 32/64. Only 256MB 
of RAM is required for both Mac and PC, so 
even fairly aged models should cope. 

Hardware Overview 

Although the Nio only handles a maximum of 
two input signals simultaneously, it is able to 
deal with guitar, line and microphone levels. 
On the rear, a pair of RCA phono connectors 
are provided for stereo sources such as CD 
players or sound modules, and there is also 
an XLR input with the option of 48V phantom 
power, obviously for use with microphones. In 
addition to this, the front face is home to 
a quarter-inch jack socket labelled Input 2, 
intended for guitar DI signals. This latter input 
has a three-position switch to adjust the 
impedance from something suitable for guitar 
to something more appropriate for the line 

and microphone inputs. Similarly, the XLR 
input has its own line/mic switch, but doesn’t 
offer the high-impedance guitar setting. 

Control over the input gain is provided by 
two rotary knobs that hardly require 
explanation. However, the rest of the controls 
are a little more complex, as they deal out ► 

Novation Nio £149 

pros 
• Compact size. 
• Great effects and processors. 
• Spacious front panel layout and solid hardware 
design. 

• Flexible signal bussing and facilities for dual 
headphone monitoring. 

cons 
• The second pair of outputs is commandeered by 
the FX Rack return monitor path when the 
effects are in use. 

summary 
A compact two-in, four-out audio interface with 
good monitoring options, offering a very 
high-quality selection of effects and processing, 
predominantly aimed at the guitarist. 
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NOVATION NIO 

on test 
computer 
recording system 

The Nio's rear panel, sporting most of the unit’s I/O. Input 2 and the two headphone sockets can be found on the front 

and three switches on the right-hand side set input impedance level and turn Input i’s phantom power on or off. 

► a range of monitoring options designed to 
work together with the FX Rack software. 
It should be made clear, at this point, that the 
Nio's internal routing is not done via 
a software mixer/control panel, as is the case 
with some similar interfaces, but by the 
setting of switches on the unit itself. 

Audio output is provided on four RCA 
phono sockets and a pair of quarter-inch 
headphone sockets. The four RCA phono 
outputs are best thought of as the stereo outs 
from two independent busses, as that is how 
they are configured. The monitoring is set up 
in such a way that the two busses can be 
auditioned — via the two headphone outputs 
— individually or together in a submix, the 
percentage you hear of each being 
determined by the position of the Mix knob 
found on the front panel. This is handy for DJs 
who want to monitor one song or loop while 
introducing another on the second bus. 
A further control makes it possible to fade 
from the aforementioned mix balance, 
whatever it may be, to a state where only the 
input signal is being heard. This dial is useful 
for overdubbing situations in which you want 
to hear the playback from the DAW recorded 
tracks and the input of the instrument part 
being performed at that moment. 

Further complicating the routing options, 
however, are two switches which enable 
different signals to be routed to the RCA outs. 
For example, 1 and 2 can output either the 
identically numbered outs from the sequencer 
or the monitor mix established by the status 
of the Monitor section's hardware controls. 
Outputs 3 and 4 are more complicated still, 
providing exactly the same options as are 
available to Outputs 1 and 2, but adding a 
third choice in which the routed signal can be 
a separate bus from the DAW. 

Such variables may sound a little 
convoluted on paper, but, simply put, they 
represent an equivalent setup to the aux bus 
arrangement found on the majority of small 
mixers, where one mix can be sent to the 

In The Nio’s FX Rack 
Below is a list of the modules in the FX Rack. 

Overloud distortion and amp models 
(the products they are modelled on 
are listed In brackets): 
• Green Overdrive (Ibanez Tube 
Screamer) 

• Fat Pie (Electro Harmonix Bug 
Muff) 

* Distorter (Boss DS1 Distortion 
Pedal) 

• 70s Fuzz (Dunlop Fuzz Face) 
• V-AC (Vox AC30) 
• Tweed Twin (Fender Twin) 
• Brit Rock (Marshall JCM900) 
* US Valve Modern (MESA Boogie) 
• Tweed Bass (Fender Bassman) 

engineer's control room monitors and another 
to the mixer's master output. 

The two headphone outputs are placed on 
the front edge of the Nio, each with its own 
top-panel level control. Both outputs always 
monitor the same signal bus as one another, 
but can be set to listen to outs 1 /2, 3/4 or the 
monitor mix. 

Metering is provided by two banks of 
seven LEDs, the upper ones glowing red to 
warn ofclipping. A two-position switch 
determines whether the meters are 
representing Inputs 1 and 2 or Outputs 1 and 
2, but strangely there is no option to meter 
Outputs 3 and 4. 

The only other important hardware 
features left to mention are the MIDI In and 
Out sockets and the all-important USB port, all 
of which are located on the rear panel. 

Setting Up 

Installing drivers and getting interfaces up 
and running is often far from straightforward 
but, on my computer at least, Novation's 
procedure proved to be very fast and trouble 
free. By the end, the host computer is 
equipped with 
the FX Rack 
program, 
accessed from its 
own desktop 

icon, and the simplest of control panel 
software, featuring alternative settings for bit 
depth and sample rates ( 16-bit to 24-bit and 
44.1 to 48 kHz respectively), and a single 
l-20ms buffer slider, simultaneously affecting 
both the input and output latency. 

Music technology novices will be 
reassured to know that the manual 
documentation is thorough and well 
presented, although, annoyingly, it comes as 
a PDF only. There is, however, a printed 
Getting Started guide which concisely covers 
the basics of setup. 

FX Rack 

When the Nio is hooked up to the computer 
a magenta version of Novation's logo 
illuminates on the top to indicate that all is 
well. Pull out the USB lead and the light goes 
out — simple! Similarly, opening the FX Rack 
program immediately causes the monitoring 
section’s FX LED to glow red, reminding users 
that effects are potentially in circuit. 

The FX Rack itself has a very simple, 
single-page interface with its own meters and 
level controls at both the input and output 

Plug-ins derived from Novation 

Supernova II: 
• Alter 
• Chorus 
• Phaser 
* Delay 
• Tremolo 
Focusrite plug-ins: 

• EQ 
• Compression 
* Gating 
• Reverb 
NIO's bespoke plug-ins: 
* Hot Tuna guitar tuner 
* Smart Hum Killer 
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stages. By default, the rack is empty, but it 
can be filled up quickly by selecting a preset 
patch from a drop-down list. Alternatively, 
you can load up whatever processors and 
effects are required via the ‘add FX modules 
button’. It doesn’t seem possible to drag 
modules up and down in the rack, but they 
are easily muted or deleted, and obviously 
their parameters are all editable. It’s also 
perfectly possible to have multiple instances 
of the same processor positioned anywhere in 
the series. Finally, it's possible to save the 
entire patch setup as a preset. 

The FX Rack effect interfaces are all 
designed to look like their hardware 
forefathers, so the user is in no doubt about 
what they are supposed to be getting. Usually 
patch presets are over the top and 
only useable when severely edited, 
but that's not the case here. Novation 
have assembled a collection of presets 
that are immediately useable, 
although they do have a general bias 
towards rock. 

Presets aside, the physically 
modelled effects are of high quality 
and should please almost every 
guitarist. Even the best virtual amps 
tend to sound less dynamic than the 
real thing — and the ones here do 
display that characteristic — but that’s 
not always bad when recording. As 
for the Supernova and Focusrite 
reverbs and other modulation effects, 
they all sound very nice. Auditioning 
amps, processors and effects in 
various combinations is great fun 
when it’s this easy and the 
components are this good! 

This review isn’t the place to 
discuss the merits of the Xcite+ Pack 
software in detail, other than to say 
that it is all great stuff to have, and 
makes a pretty decent dance and 
electronic music production system 
when combined with everything else 
on offer. 

In terms of its routing, the Nio 
works very nicely indeed, and the 
rather complicated-sounding 
switching and bussing options make 
perfect sense in use, and provide a lot 
of monitoring flexibility. Perhaps the 
main drawback is that the second 
stereo bus is hijacked by the 
monitoring system when the FX Rack 
is in use, meaning that it cannot be 
used as an output, but as the effects 
are only really intended to be used 
during recording, rather than during 
mixing, this isn't a tragedy. 

Unlike some other budget 
interfaces I’ve tested, the headphone 
amps demonstrate a pleasing lack of 

whine and are fairly noise-free. The mic 
preamp hasn’t quite the punchy, accurate 
sheen of more expensive products of this 
type, but it handles vocals reasonably well all 
the same, and demonstrates a little more class 
than cheaper interfaces. 

Conclusion 

The Nio may qualify as a low-cost interface, 
but it offers a lot for the money, and the build 
quality is reassuringly good. The effects and 
processors will tempt many guitarists away 
from more straightforward product packages, 
I’m sure, as they’re high quality and are 
organised in a program that’s easy to use. 

There's not much here to complain about. 
Perhaps the biggest compromise is the loss of 

the second bus when using the FX Rack, but 
this is still not really a huge problem. Some 
potential customers may wish for 96kHz 
operation, as having the option is sometimes 
useful, but at this level I don’t think it’s 
absolutely necessary. 

Potentially of interest to guitarists as well 
as DJs, who can exploit the bus mixing output 
monitoring system, the Nio is undoubtedly 
a success. E2 

information^ 
□ £149.95 including VAT. 
H Novation +44 (0)1494 462246. 
Q sales@novationmusic.com 
O www.novationmusic.com 

¡GTR wherever you are. 

¡GTR Personal Guitar Processor is pocket-sized and power-packed, delivering the real sound of 
guitar amps and effects, wherever, whenever. Strap it on, plug in your axe, and you're ready to rock. 
Or hook up an mp3 player and jam along with your favorite tunes. 

¡GTR from Waves, the world leader in sound modeling. 

WAVES 

www.5onic-distributiQn.CDm 
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on test software 

EWQL FAB FOUR & MINISTRY OF ROCK 

► Lennon’s 'Because', and, best of all, 
a Clavioline, the charismatic, buzzy little 
monophonic organ used on ‘Telstar’. For 
some reason the Clavioline samples aren't 
looped, so its ‘long’ notes are rather short. 

The library’s vintage Ludwig Downbeat 
drum kit exactly matches the one Ringo 
Starr played with the Fabsters. EWQL 
sampled it in a variety of styles and created 
nine kits which correspond to specific 
Beatles tracks: one of them is ‘A Day In The 
Life’, featuring a John Bonham-esque 
booming bass drum and stentorian, 
timpani-like ringing toms. Adopting the 
opposite approach, the manual proudly 
states that the ‘Come To Drums' kit was 
recorded with 'tea towel on all drums’, the 
advanced recording technique responsible 
for the dull, lifeless drum sound that marred 
many 70s rock records. Given this 
collection’s fanatical attention to detail, we 
can assume that this it's the same type of 
tea towel that was originally laid on Mr 
Starkey's drum heads, and that the stain on 
it came from the same brand of tea the 
Beatles used to drink. 

The icing on the cake (or the mango 
chutney on the poppadum) is the selection 
of Indian instruments the boys helped to 
popularise back in the day — sitar, some 
fine tabla drums hits and the surmandai 
zither used to great psychedelic effect on 
'Strawberry Fields’. Unfortunately, the 
hypnotic bass drone of the tambura (used 
on several Beatles songs) is absent, but you 
can get a similar effect by slowing the sitar's 
attack and repeatedly playing a bass note 
with the sustain pedal held down. 

For many people (myself included), the 
Beatles are musical gods, and even after 40 
years their spontaneous, sparky, imaginative 
and groundbreaking recordings still sound 
like a breath of fresh air. Although these 
samples won’t enable you to write like 
Lennon and McCartney, they should provide 
compositional inspiration to anyone with an 
ear for iconic '60s sounds. 

Ministry Of Rock 

Fast forward several decades. The Beatles’ 
reign is over, but by a strange quirk in 
musical evolution, dinosaurs once again rule 
the earth. Yes folks, we've entered the era of 
heavy rock, which first reared its shaggy 
head in the 70s and has refused to die ever 
since. It’s interesting to compare the guitars, 
basses and drums on QL Ministry Of Rock 
with their equivalents on Fab Four — the 
sound has a more distilled and manic 
aggression, and the recording techniques 
are aimed at focusing that sonic fury. 

MOR opens with a Ibanez seven-string 
instrument known as 'the ultimate 
death-metal guitar’. I made the mistake of 

California Dreaming: Recording Fab Four 
If you're planning a sample library dedicated to 
recreating the heady sounds of the '60s. where 
better to record it than the studio in which Brian 
Wilson created the legendary Pet Sounds'? 
Founded by Bill Putnam in 1961, United Western 
Recorders at 6000 Hollywood Boulevard played 
host to America's biggest stars over the years, 
boasting a client list that included Frank Sinatra. 
Ray Charles. Elvis Presley. Phil Spector, the 
Mamas & the Papas. Tom Petty. Whitney 
Houston, REM. Madonna, the Rolling Stones and 
Elton John. In its heyday the studio was seen as 
America's Abbey Road. Being a huge Beatles fan, 
Eastwest's Doug Rogers jumped at the chance to 
buy the studio complex when It came up for sale 
In 2006. Its acquisition spurred the decision to 
record the Fab Four sample library, a project 
Rogers had dreamed about for years. But 
accurately recreating the sounds was by no 
means easy, as Doug Rogers explains: “I did not 
want to start this project without having the right 
tools available... I knew I had to start by getting 
the original recording equipment, instruments and 
amps together.” 

The quest became obsessive. Rogers ended up 

scouring the world's second-hand markets for the 
ultra-rare EMI REDD and EMI TG12345 mixing 
consoles used on some Beatles recordings. 
Against all the odds, he also managed to locate 
a pair of valve Studer J37 four-track tape 
recorders, the type of machine used to record 
Sergeant Pepper. By the start of the sampling 
sessions, the producer had assembled "well over 
a million dollars worth" of rare period 
instruments, amplifiers, microphones, recording 
desks, EMI REDD 47 pre-amps, outboard 
equipment. Fairchild limiters. EMI RS124 
modified Altec compressors and tape recorders. 

The complex has now been re-named Eastwest 

Studios. Its proud owner says of his new sound 
library, "These are just great sounds. The vintage 
tube equipment, developed with the finest audio 
components, provides a character that cannot be 
reproduced with today's digital equipment." What 
does he expect from Fab Four's users? “I don't 
imagine people are going to use this virtual 
instrument to make Beatles music: that wasn't my 
objective. I'm hoping they're going to use It to 
make new music." You can be sure the Beatles 
would have agreed with that sentiment! 

Doug Rogers and Ken Scott at the vintage EMI TG12345 desk in EastWest Studios. Behind them you can see an 

EMI REDD 37 desk and a Studer J37 four-track tape recorder. And what's Doug reading? Could it be Kevin Ryan 

and Brian Kehew’s Recording The Beatles book? 

playing it through headphones without first 
checking the headphone-amp volume level, 
and the blood pouring from my ears 
confirmed that the description is accurate. 
Be that as it may, the sound is so exciting 
that I found myself jamming enthusiastically 
on the instrument for several minutes before 
my body's defences kicked in and warned 
me to turn the volume down! Played through 
a Krank amp (a name which suggests 
terrifying loudness levels), the Ibanez 
sounds unbelievably heavy, especially down 
on its low 'B' string. A separate power 
chords program contains chugs and 
smashes of tremendous potency. 

At the quieter end of the decibel range 
(assuming you haven't already gone deaf) 
you'll find a beautifully-recorded Gibson 
JI 60 acoustic guitar delivering a chromatic 
set of strummed chords. You can keyswitch 
between various chord types, including the 
sus 4ths and add 2nds often used in 
contemporary rock. There’s a choice of long 
and staccato strums played with up- and 
down-strokes, and strummed deliveries 
played in a slightly more 'broken' style can 
be accessed by pushing up the mod wheel. 
When combined, these musical options will 
produce very realistic rhythm guitar tracks. 
Back in Loudsville, the classic 1970s ► 
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software on test 

EWQL FAB FOUR & MINISTRY OF ROCK 

► distorted sound of a Les Paul 
Deluxe sounds mighty strong 
when layered up into a Brian 
May-style ‘guitar choir’, and also 
works reasonably well for 
Holdsworthian faster-than-light 
solo lead lines. Play's ‘auto-detect 
legato’ mode helps smooth the 
transition between notes for that 
sort of quicksilver delivery. 
However, although it's a big 
improvement on the clunky sound 
of a series of disconnected initial 
notes played in quick succession, 
the resulting legato effect is not 
altogether convincing. 

The guitar highlights go on and 
on — PRS and Fender Stratocaster 
guitars contribute some mad 
thrash rhythm samples, the 
Telecaster plays terrific 1950s 
palm-muted pizzicatos à la 
‘Shaking All Over’ and there are 
oodles of iconoclastic heavy metal 
noises — plectrum scrapes, 
whammy-bar howls, ZZ Top 
squealing harmonics and so on. 
Without wishing to sound like an 
ad copywriter, even the most pusillanimous, 
knock-kneed, six-stone weakling can sound 
like a rock god with these guitar samples! 

Metal Drum & Bass 

Moving down the scale, MOR's basses 
provide suitably muscular support to the 
guitar front-line. Sampled bass guitars often 
sound too clean and polite, but that’s not 

the case here — the emphasis is definitely 
on attitude, and if that means that some 
notes aren’t played totally cleanly, that only 
reflects how rock bassists play in real life. 
Played fingerstyle and with a pick, a Kubicki 
bass combines a big, booming tone with 
a hint of edgy distortion. A Musicman bass 
borrowed from the Quantum Leap Hardcore 
Bass library also packs plenty of welly and 

from firearms), while the trusty Fender Jazz 
and Precision basses will work with virtually 
any style of electric music. 

MOR contains four drum kits: the Ayotte 
kit is the cleanest, while the Cretsch ‘Black’ 
kit (named after Metallica's album) has 
a more 70s sound, mainly due to its rather 
low-pitched snare. I enjoyed the Octaplus 
kit’s open, ringing sound and liked the 

Fab Four & Ministry Of Rock Instrumentation 
Fab Four (13GB) 
Guitars: 
• 1956 Epiphone Casino 
• 1957 Les Paul Goldtop 
• 1956 Fender Stratocaster 
• 1951 Fender Telecaster 
• 1959 Gretsch Country 
Gentleman 

• 1960 Gibson SG 
• 1965 Rickenbacker 36012 
12-string 

• 1966 Gibson J200 acoustic 
• 1966 Martin D28 acoustic 
Basses: 
• 1963 Hofner 500 
• 1964 Rickenbacker 4001S 
Drum Kit: 
• 1960 Ludwig Downbeat 
Keyboards 
• Steinway B piano 
• Hammond B3 organ 
• Lowrey Heritage Deluxe organ 
• Baldwin electric harpsichord 
• Harmonium 
• Clavioline 
• Mellotron flutes 

Miscellaneous: 
• Sitar 
• Surmandai (Indian zither) 
• Tabla drums 
• Cowbell, claps, tambourine 
• Screaming girls 

Ministry Of Rock (20GB) 
Guitars: 
• Ibanez 7-string 
• Les Paul Standard 
• Les Paul Deluxe 
• Fender Telecaster 
• Fender Stratocaster 

• Paul Reed Smith 
• Gibson J160 acoustic 
Basses: 
• Fender Jazz 5-string 
• Fender Precision 
• Kubicki 
• Musicman 
• Specter 
Drum Kits: 
• Ayotte 
• Gretsch 
• Octaplus 
• Ludwig Vintage 

wouldn’t sound out of 
place in a Quentin 
Tarantino film 
soundtrack. You might 
prefer the Specter 
model for rock ballads 
(although it’s advisable 
to keep it well away 

natural room ambience surrounding the 
Ludwig set, but felt all the drums could use 
some extra processing to help them compete 
with the death-dealing decibels of the 
guitars. You can mix and match the kit 
elements, which is very useful. Volume levels 
are controlled by a little bar to the right of 
each element’s name — but unfortunately 

Whatdo you need to get that Beatles guitar sound? Vox amps, Neumann mies and, of course, 
an authentic, '6os-style linoleum floor. 
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System Requirements 
• Mac: G4 IGHz or faster. 1GB RAM. Mac OS 
10.4 or higher, DVD drive. 

• PC: P4 2.5GHz or faster. 1GB RAM. 
Windows XP SP2 or Vista, DVD drive. 

Both platforms require an ILok key (not 

included). 

this doesn't have a numerical readout, which 
makes level-matching a little unpredictable. 

Don't be fooled by the acronym: MOR is 
definitely NOT middle of the road. It’s 
a screeching, howling, booming, clanging, 
clattering, bashing noise-fest that will fool 
your neighbours into thinking you have 
a tame death-metal band lurking in your 
studio. It’s hard to imagine any rock library 
getting much more powerful than this, and 
bearing in mind the enduring popularity of 
the genre, I have a feeling it will be one of 
Quantum Leap's biggest sellers. 

Graphic Novel 

I don't usually give much thought to the 
visual appearance of virtual instruments, but 
I have to say that the Play user interface 
graphics are extremely attractive. The player 

changes its colours like a chameleon 
according to which library you’re using, so if 
you open Fab Four and then load a Ministry 
Of Rock instrument, the UI obligingly 
performs a costume change from a dark 
grey Vox AC30 look to a more contemporary 
yellow-ochre and brown. The Play engine 
has a very usable selection of built-in 
effects: both libraries offer built-in mono 
delay, ADT (‘automatic double-tracking', the 
fast tape-delay effect John Lennon loved 
hearing on his vocals), a good-quality 
(though CPU-hungry) convolution reverb and 
a five-stage amplitude envelope. MOR also 
has a low-pass filter, very handy for extreme 
timbrai manipulation and synth-like effects. 
One slight design glitch is that the ADT and 
delay effects currently ignore the filter 
setting, which sounds rather weird! I hope 
EWQL will remedy this. 

As the name suggests, the new Play 
libraries are designed for maximum 
playability and minimum technical fuss. The 
downside for inveterate tweakers like myself 
is that it’s frustrating not to be able to (say) 
extend the bottom note of an instrument 
down by a semitone or two. The inability to 
alter the player’s pitch-bend range is a more 

serious problem: a full bend up gives a pitch 
rise of just under three semitones, while 
a full bend down detunes notes by 
something less than a full tone. This 
inaccurate calibration means that if you layer 
a Play instrument with another 
manufacturer's instrument and perform 
a pitch-bend in either direction, the two 
instruments will go out of tune with each 
other. EWQL should address this. 

But enough of such quibbles; overall, 
Play is a triumph, and I can unreservedly 
recommend both of the new libraries. Users 
will have a lot of fun with these instruments 
and the colourful iconic sounds on Fab Four 
will be an asset for composers who work on 
film soundtracks and TV ads. I look forward 
to more sonic mayhem from Quantum Leap, 
and live in hope that Doug Rogers' next 
project will bring us the sounds of Brian 
Wilson and the Beach Boys! EC 

information 
Q Fab Four 284 Euros; Ministry Of Rock 357 

Euros. Prices include VAT. 
D Soundsonline Europe +31 20 404 1687. 
□ www.soundsonline-europe.com 
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The new vintage. 
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• O i Introducing the 

PULSAR II 
Small-Diaphragm Studio Condenser Microphone 

The USA design team that brought you the award winning Sputnik"' condenser delivers 

again with the new hand-assembled Pulsar™ II. Top Los Angeles session engineers are 

likening this small capsule condenser to the Neumann KM84 and KM 184 only with 

more open top end similar to Schoeps. 

I ■ professional small-capsule condenser microphone flexible applications 

3/4" 6-micron Mylar evaporated-gold diaphragm high sensitivity 
£ ■ 

Isolid brass backplate > natural, transparent soun< I 

transformerless Class-A FET electronics > low distortion 

■ switchable 10dB pad and 80Hz high pass filter adaptable 

■ frequency response: 20Hz-20kHz 

■ sensitivity: -37dB <a 1 kHz, OdB-1 V/Pa ( 13.8 mV/Pa) 

■ maxSPL: 134dBatO.5%THD, 144dB with 10dB pad 

■ equivalent noise: 16dBA 

Matched Pairs 
For great stereo imaging, Pulsar II is also available 

in pairs matched within a +/• 1 dB tolerance—at 

no additional premium (bracket included). 

> GET IVl-PGWEREG 



Award-Winning Technology with Classic Soul 

M-Audio fuses the best qualities of history's greatest microphones into a new generation of unique tools. 

Designed in the U.S.A, and hand-assembled in limited quantities, our award-winning mies merge 

vintage design principles with modern technology for sound that's both familiar and original. 

M-Audio microphones bring new creative resources to even the most robust collections. 

years 
M-AUDIO 

Luna" Sputnik“ 
Multi-Pattern 

Large-Diaphragm 
Condenser Microphone 

Multi-Pattern 
Large-Diaphragm Vacuum 

Tube Condenser Microphone 

Solaris 
Large-Diaphragm 

Condenser 
Microphone 

Each M-Audio microphone comes complete with mount, case and more. 
Visit m-audio.com for more iknformation and a comprehensive microphone application comparison chart. 

M-AUDIO 
www.maudioco.uk 



feature 
karl heinz 
stockhausen 

Karl Heinz Stockhausen 
Tim Whitelaw Pioneer Of Electronic Music 

As you glance over Peter Blake's iconic 
cover artwork for Sergeant Pepper's 
Lonely Hearts Club Band, take a closer 

look at the face fifth from the left on the top 
row. It is the face of Karl Heinz Stockhausen, 
the German composer of over 350 pieces of 
classical music, in his mid-30s in this 

Few individuals have influenced the development of 
electronic music as much as Karl Heinz Stockhausen, 

who died last December. We look back at his life and 
celebrate his many achievements. 

photo, who died on December 5th at 
the age of 79. 

For over 50 years, Stockhausen 
was a giant of the classical music 
world: iconoclastic, innovative, 
and often controversial. He was 
renowned for his refusal to accept 
conventional forms and boundaries, 
and his music was often conceived 
in outlandishly large terms — his 
seven-day long opera Licht, 26 years 
in the making, will finally receive 
its first performance in 2008. But 
his influence and admirers extend 
far beyond the frontiers of classical 
music, and artists as diverse as Björk, 
the Beatles, Kraftwerk, Pink Floyd, 
Brian Eno, Frank Zappa, David Bowie 
and Miles Davis have all noted or paid 
tribute to Stockhausen’s influence on 
their work. 

Post-African Repetitions 

At first, this might seem strange; after 
all, Stockhausen was a fastidious critic of 
popular music, complaining of its reliance 
on repetition and consequent predictability. 
In a memorable exchange published in 
The Wire in 1995, he recommended that 
Aphex Twin (aka Richard James) listen to 
more of his music “because he would then 
immediately stop with all these post-African 
repetitions". Richard James retorted that 
Stockhausen should listen to more Aphex 
Twin; "then he’d stop making abstract 
random patterns you can't dance to”. 

So how did Stockhausen, whose own 
music could ostensibly not be further from 
most popular music in its sensibility and 
scope, end up being admired by popular 
musicians around the globe — not to 
mention having a spot on the Sergeant 
Pepper album cover alongside such pop 
culture icons as Marilyn Monroe, Marlon 
Brando and Bob Dylan? 

The answer lies in his prodigious 
output of electronic music. Throughout the 

course of his 50-year composing career, 
Stockhausen produced over 140 works 
employing electronics in some capacity, and 
many of those works (particularly those 
from the '50s and ’60s) played a pivotal 
role in anticipating and helping to form 
what might be described as the grammar 
of electronic music. He was among 
the first to employ techniques such as 
sampling, directional sound, the blending 
of live and electronic performance, the 
complex analysis of acoustic sounds and 
the mimicking of their characteristics in 
electronic music, and much else besides. In 
the days when electronic music was largely 
uncharted territory, Stockhausen was one of 
its boldest and most influential pioneers. 

The Art Of The State 

To understand his impact, a little context 
might be helpful. Although popular music 
has largely led the way in producing 
innovative electronic music techniques and 
developments over the last 30 years or so, 
it wasn't always this way. Before the advent 
of commercial synthesizers, the expense 
of the equipment required for creating 

electronic music (not to mention the 
space needed to accommodate it) was 
so prohibitive that it largely confined 
experimentation to universities and 
state broadcasters — institutions 
which tended to patronise classical 
composers. At that stage, the union of 
electronic music, then based on tape 
recording techniques, and popular 
music, then based very much around 
live performance, seemed to be 
a far-fetched idea. 

Therefore, in the postwar period, 
Europe’s most technically advanced 
facilities were often run by state 
broadcasters: the WDR Electronic 
Studio in Germany, built in 1951, 
hosted many of Europe's electronic 
composers in the '50s and '60s. Later, 
the BBC's Radiophonie Workshop, 

established in London in 1958, would 
lead the way in British electronic music. 
In the US, meanwhile, the world's first 
programmable electronic music synthesizer 
— the room-sized RCA Mark II — was built 
at Columbia University in New York in 
1957, funded by a massive grant from the 
Rockefeller Foundation. Suffice to say, in 
its infancy, electronic music creation was 
a serious and expensive business, beyond 
the reach, and probably the interest, of 
most pop musicians. 

It was onto this landscape that 
Stockhausen emerged as a young classical 
composer in the '50s. Born in the village 
of Moedrath, near Cologne, in 1928, he 
became a student of musicology, philosophy 
and German literature at the University of 
Cologne in his late teens. Following the 
completion of his degree, he studied in Paris 
for a short time, before taking up a position 
at the then newly established WDR music 
studio in Cologne. He dabbled, as did 
most electronic composers at that time, 
in musique concrète — the art of creating 
musical pieces from recorded sounds and 
manipulating them via tape techniques. 
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But the limitations of this approach soon 
became apparent to Stockhausen, and 
he began to seek to expand the creative 
horizons of electronic music. 

His first important electronic pieces 
— Studie /and //of 1952 and 1953 
respectively — are sonic explorations using 
pure sine waves, sometimes reverberated, 
cut off or reversed. Although the pieces 
are fascinating artifacts of early electronic 
music, Stockhausen later admitted that they 
were constrained by both his command of 
the technology and the limitations of the 
technology itself. But they are undoubtedly 
milestones of a sort, in that they are among 
the first pieces composed by a musician 
using electronic sounds created from raw 
waveforms. The task of creating music in 
this way was complex enough that up to 
that time few musicians had attempted 
it, musique concréte being the preferred 
medium. 

Making Contact 

Stockhausen’s first electronic masterpiece 
arrived in 1956 with Gesang der Jünglinge 
(Song of the Youths) — apparently, Paul 
McCartney's favourite piece of his. Created 

Stockhausen at work on 

the electronic elements 

of Hymnen in the WDR 

Electronic Studio, 

Cologne, where much of 

his most important work 

was completed. 

electronic clicks) 
interacting with 
recordings of the 
voice of a boy 
singing (hence the 
title), producing 
some highly intricate 
and fresh-sounding 
musical effects. 
Significantly, it 
was the first piece 
that combined 
synthesized sounds 
with musique 
concrète, setting the 
purity and sterility 
of one against the 
familiarity of the 
other, a dramatic 
contrast then quite 

at the WDR studios, it is new in electronic 

war 

music. 
The piece also represented one of the 

first musical experiments with spatial 
effects: creating the piece for five-channel 
tape, with each channel played back 
through a different loudspeaker, allowed 
Stockhausen to begin exploring the 
directionality of sound in performance, 

adding another dimension to electronic 
music performance, which he would 
develop further in subsequent works. 

In 1960, Stockhausen completed 
Kontakte (Contacts), which would soon be ► 

Karl Heinz Stockhausen lectures on Kontakte, me of 

his most significant works, at the well-known summer 

school in Darmstadt, Germany, 1961. 

a 13-minute work of 
beguiling complexity. 
It is built around 
11 basic electronic 
elements (mainly 
sine waves, filtered 
and modulated in 
different ways, and 

/Oo 
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► regarded as a key work in the evolution of 
electronic music. It was among the first to 
combine electronics and live performance, 
employing a four-channel tape recording 
along with live percussion instruments 
and piano. 

The piece's innovations are numerous. 
For example, Stockhausen wanted to be 
able to imitate the live percussion with his 
electronic sounds. To do this, he engaged 
in an incredibly detailed spectral analysis of 
the acoustic sound sources — drums, bells 
and the like — using their characteristics 
to shape the electronic sounds. The result 
doesn’t attempt to mimic the sounds 
precisely, but uses their characteristics to 
come up with electronic doppelgangers 
for them. His distillation of the character 
of these timbres of metal, skin, and wood 
into electronic sounds remains incredibly 
impressive considering the means at his 
disposal, and anticipates the sound-shaping 
techniques that would help form much 
of the electronic sound palette before the 
advent of sampling. 

Kontakte also further explored the 
directionality of recorded sound, this 
time combined with live performers. 
A four-channel tape with four loudspeakers 
allowed Stockhausen to pass his sounds 
around and across the audience in an 
elaborate and dramatic use of acoustic 
space that might be seen as an early 
precursor to surround sound. 

Today, to hear Kontakte, even if only 
in its stereo reduction, is to marvel at its 
sonic complexity. The detail and intricacy 
of its sound world is stunning, even to ears 

accustomed to the limitless possibilities 
of modern sampling and synthesis. Try to 
imagine how the piece might have sounded 
to young musicians of the late '50s or early 
'60s, and you get some understanding of 
why Stockhausen began to attract attention 
from across the wider musical world. 

His 1967 work Hymnen (Anthems) was 
particularly significant in this respect. 
A nearly two hour-long work for tape, 
Hymnen begins with scattered fragments 
of short-wave radio public broadcasts, 
which are gradually joined by recordings 
of various national anthems from around 
the world, as well as synthesized electronic 
sounds. The piece slowly evolves in to 
a sort of hallucinatory collage, with the 
radio broadcasts, national anthems and 
electronic sounds weaving in and out of 
one another. With its trance-like sound 
world and leftish political overtones, 
Hymnen cast its spell far outside classical 
music circles — in fact, of all Stockhausen's 
electronic works, it seemed to become the 
one pop musicians became most often 
enamoured of. Indeed, by the mid-’60s, 
many of the innovative popular musicians 
of the era were beginning to take note of 
the possibilities that Stockhausen’s work 
seemed to unveil. And among his admirers 
were the most popular pop musicians of all: 
Paul McCartney and John Lennon. 

A Crowing Influence 

It was perhaps fitting that the Beatles 
chose Stockhausen as one of the few 
musical figures to make the cover of 
Sergeant Peppers’ Lonely Hearts Club 

Íohoúd o 

TheWDR Electronic 

Studio also housed 

an EMS Synthi wo 

modular synthesizer; 

this photo shows 

the composer during 

the production of his 

piece Sirius. 

Band 'm 1967, since it was the album that 
decisively shifted the artistic emphasis 
for bands out of the concert stadium and 
into the recording studio. ‘Strawberry 
Fields Forever’, with its abundance of 
overdubbing, tape delays and Mellotron 
flutes, is often quoted as showing 
Stockhausen’s influence, and Stockhausen 
has said that John Lennon and he spoke 
often on the phone during that period. 
Despite the composer’s oft-stated antipathy 
for popular music, he would go on to 
describe Lennon as “the most important 
mediator between popular and serious 
music of this century". 

In Germany, meanwhile, so-called 
‘Krautrock’ was beginning to make an 
appearance, typified by bands such as 
Kraftwerk and Tangerine Dream. Their 
music was formed from an eclectic fusion 
of British/US rock music and the influence 
of works by electronic music pioneers, 
principally Stockhausen himself. Indeed, 
Irmin Schmidt and Holger Czukay of the 
Krautrock group Can were in fact students 
of Stockhausen at university in the mid-’60s. 

His influence was also felt in the world 
of progressive jazz. Miles Davis, whose 
later albums make extensive use of studio 
techniques, paid homage to Stockhausen’s 
influence in his works. In his autobiography, 
he wrote that “I had always written in 
a circular way and through Stockhausen 
I could see that I didn’t want to ever play 
again from eight bars to eight bars, because 
I never end songs: they just keep going on. 
Through Stockhausen I understood music 
as a process of elimination and addition." 
The collage-like quality of music from the 
‘Electric Miles' period was said to stem 
directly from his reaction to Hymnen and 
several of Stockhausen's non electronic 
pieces. 

Throughout the '70s, a string of artists 
including Brian Eno, Pink Floyd and Frank 
Zappa would acknowledge Stockhausen's 
influence on their increasingly innovative 
work. By this time, of course, the 
liberation of electronic music was well 
under way; the increasing availability of 
commercial synthesizers and advanced 
recording equipment helped to deliver 
electronic musical creativity to a much 
wider constituency — who wasted no 
time in taking it in more readily accessible 
directions. 

More Helicopter! 

Stockhausen continued composing with 
electronics throughout his life, and in his 
later years he could often be found at 
electronic music festivals across Europe, 
attending performances of his own pieces 
or overseeing new works. His passion for 
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Further Investigation 
If you want to find out more about the life, 
work and opinions of Karl Heinz Stockhausen, 
a good starting point would be a visit to his 
web site (www.stockhausen.org). This offers 
a range of resources, including an on-line 
shop selling CDs. scores, books and videos. 

pushing the envelope never seemed to 
dim; perhaps the most striking work of his 
later years is the Helicopter String Quartet 
of the mid-’90s, a piece which called for 
four helicopters, a string quartet, and 
swathes of loudspeakers, televisions and 
audio processing equipment. Electronically 
blending the music of the string quartet with 
the rotor noise of the helicopters, the piece 
seemed conceived to prove Stockhausen's 
theory that “any sound can become music if 
it is related to other sounds". 

It's unlikely, of course, that the 
sampled beats of hip-hop or the studio 
experiments of rock musicians, or indeed 
the “post-African repetitions” of Aphex Twin, 
were what he had in mind in saying this. But 
whether he intended it or not, his was the 
path that helped lead the way. ES 
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The SOSGuide To Copyright Law On Sampling 
Using someone else's recording in your music without 
permission can lead to disaster. We explain the ins 

and outs of copyright law, and guide you through the 

process of clearing your samples. 

Richard Salmon 

To sample or not to sample?This is 
the question many a DJ, producer, 
and songwriter must grapple with 

on an almost daily basis. Sampling is fun, 
and in the era of the ubiquitous digital 
audio workstation, very easy to do. But is 
it always a clever move from a legal and 
business perspective? In this article we’ll 
consider how to go about sampling within 
the law, how to avoid getting sued, and 
consider some of the pitfalls of falling foul 
of copyright law. 

What’s The Problem? 
Sampling involves the incorporation of 
another sound recording into your own 
new record. A producer may sample an 
underlying element in a record — for 
instance a string or bass line, perhaps 
borrow a drum loop, or even lift several 
bars wholesale from a classic soul record 
— and write a chart-friendly melody over 
the top. 

The creative act of sampling is nothing 
new. Much of the Beatles’ late-’60s output 
owes a great debt to the sound-collage 
and tape-splicing artistry of production 
legend George Martin. Nor should sampling 
be a worry, when the primary source of 
the sample is self-created. Be it a vocal 
drone, birdsong recorded and cut up into 
your dance tune, or as in the case of the 
Nile Rogers' inspired vocal stutter, ‘No... 
No... Notorious'. Rodgers had sampled 
Duran Duran’s vocals and edited them 
into an immediate radiotastic hook, as 
he’d already done on 1984’s pitch-shift 
sampled intro to 'The Reflex’. Modern-day 
producers such as Timbaland and Pharrell 

Williams aren't averse to incorporating their 
own homegrown beat-box elements into 
major airplay hits. The Williams-produced 
‘Rock Your Body’, for instance, is liberally 
peppered with Justin Timberlake’s own 
down-the-mic percussive elements. 

The legal headache, as far as the 
producer, artist or songwriter is concerned, 
stems from using another person's 
original sound recording without prior 
permission, since this constitutes copyright 
infringement. The act of sampling without 
permission infringes copyright in three 
distinct ways. Firstly, it is a breach of 
copyright in the original sound recording. 
Secondly, it is a breach of copyright in the 
underlying music and lyrics, and thirdly, it 
constitutes an unauthorised use of one or 
more of the performances in the original 
work, such as a guitar riff, vocal hook, or 
drum part. In addition, the moral rights 
of the original artist may be infringed, 
if sampling is undertaken in a way that 
the artist objects to, or if the artist isn't 
credited. 

Sense & Substantiality 

In UK law, under the Copyright Designs and 
Patents Act 1988, in order for infringement 
to take place a ‘substantial part’ of 
a copyright work must have been used. 
Substantiality in UK law differs somewhat 
from its US counterpart, the doctrine 
of‘substantial similarity'. Moreover, US 

copyright law permits the defence of ‘fair 
use’, which has been invoked in a number 
of recent cases, although not always 
successfully (see ‘Case Dismissed’ box). 

Regarding the question of whether 
a ‘substantial part’ has been copied, the 
UK case of Produce Records Ltd vs BMC 
Entertainment Ltd (1999) established that 
a 7.5-second sample of ‘Higher And Higher', 
a track originally recorded by the Farm and 
owned by Produce Records, constituted 
infringement when appropriated by veteran 
Latino duo Los Del Rio, for their summer 
hit ‘Macarena’. BMG settled the case out of 
court, thus avoiding trial, with the major 
label appearing to concede that Produce had 
an arguable case. 

In Ludlow Music Inc vs Williams (2000), 
a two-line lyrical ‘sample’ of the song Tm 
The Way’, written by Loudon Wainwright III 
and published by Ludlow Music, formed the 
basis of a copyright dispute, when Robbie 
Williams used very similar lyrics in his own 
song 'Jesus In A Camper Van’ — there was 
no use of the original recording, so the 
dispute only concerned copyright in the 
song itself. At considerable expense to the 
record label, the judge ruled that the Robbie 
song be removed from all future pressings 
of his album /’ve Been Expecting You. 
Robbie also lost out on 25 percent of the 
publishing income on ‘Jesus In A Camper 
Van’ to Ludlow Music, a figure said to be 
somewhere in the region of £50,000. 
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Despite the fact that the judge 
actually described Loudon Wainwright’s 
own song as a pa'ody of an earlier 
Woody Guthrie song, he was of the 
view that the extent of the copying was 
substantial, “although not by much". 
Compare the following lyrics and decide 
for yourself! Loudon Wainright’s lyric 
goes: 

Every Son of Cod gets a little hard 
luck sometimes, especially when he goes 
round saying he is the way. 

The Robbie lyric went: 
I suppose even the Son of Cod gets 

it hard sometimes, especially when he 
goes round saying I am the way. 

Over the pond, the recent US decision 
by the Sixth Circuit in Bridgeport Music 
vs Justin Combs Publishing (2007), 
confirmed copyright infringement 
liability against Sean 'Diddy' Combs 
and his Bad Boy record label. This case 
concerned the title track from The 
Notorious BIG's 1994 album Ready To 
Die, which sampled the song 'Singing 
In The Morning' by '70s funk outfit the 
Ohio Players. The Biggie record sampled 
just five seconds of horns from 'Singin’ 
In The Morning’, but very bad boy Diddy 
had failed to obtain a licence for its use. 

The song’s copyright owners 
Bridgeport Music and Westbound 
Records sued for infringement, with a US 
jury awarding $733,878 in damages to 
Bridgeport, and punitive damages of 
$3.5 million to Westbound. Allowing 
common sense to prevail, the trial judge 
overturned the award, ruling instead 
that Bridgeport should receive $150,000 
in statutory damages, with Westbound 
receiving $366,939 in actual damages. 
Still, that works out at over $ 100,000 
per second of music — a brief yet very 

Robbie Williams blends into 

the crowd at a Stoke City 

home match. 

costly mistake! 
Dr Dre, another 

big name from the 
US urban scene, 
has also spent his 
fair share of time in 
the legal spotlight. 
In 2003, Indian 
composer Bappi Lahiri 
and Saregama India 
Limited sued Dre and 
Universal Music for 
$500 million, over the 
use of an unlicensed 

sample on ‘Addictive’, the debut single 
from Truth Hurts' album Truthfully 
Speaking. Dre was also slapped with an 
injunction preventing the continued sale 
of the record, which by then had already 
shifted over 200,000 copies. 

Dre and his producer DJ Quik had 
used a sample of an old Hindi song, 
‘Thoda Resham Lagta Hai', without 
permission from the Indian copyright 
holder Saregama. The plaintiffs alleged 
that in addition to ‘borrowing’ the 
distinctive vocals, Dre and Quik had 
helped themselves to the hook, the 
melody and the rhythm. 

Dre has also recently incurred the 
wrath of one Madge Ciccone. Madonna's 
publishing company are up in arms 
over Dre's alleged copying of her 1983 
hit ‘Holiday’ on the single ‘Not Today', 
featured in the film Barbershop 2. They 
are demanding a refund of £7m from Dr 
Dre and his collaborators, artists Mary 
J Blige and rapper Eve. The publishers 
allege that parts of ‘Not Today’ 
include “several obvious instances of 
reproduction". 

Know Your Rights 

Not all court cases go in favour of the 
copyright holder (see ‘Case Dismissed' 
box), but it's always advisable to 
obtain a licence and permission from 
the copyright holder before sampling 
another’s work. Moreover, what may be 
acceptable in one country may constitute 
an outright infringement of copyright in 
another, and defences such as ‘fair use’ 
are not universally available everywhere. 
This needs to be borne in mind when 
releasing records internationally. So 
which rights should you be concerned 
with when sampling? 

Even if you believe you can process, 
edit, or otherwise disguise a sample 
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Case Dismissed 
Not all copyright disputes over uncleared samples 
are resolved In favour of the sample's copyright 
holders. One example is the US case of Newton 
V Diamond (2003). In this case the Beastie 
Boys had actually obtained permission from 
ECM Records to sample a six-second, three-note 
sequence from James Newton's flute recording 
Choir. The Beasties then incorporated the 
sample as a loop into their song Pass The Mic'. 

which featured on the album Check Your Head. 
Unfortunately, the composer of the tune. James 
Newton, sued, as he hadn't given his permission 
for use of the underlying composition. 

On appeal, the court confirmed an earlier ruling 
that no infringement had taken place. The court 
was of the opinion that the use of the sample was 
minimal, the two records weren't substantially 
similar, and also that the public wouldn't recognise 
any appropriation of Newton's composition. 
(Though it should be stressed that recognition 

alone is no legal barometer 
of whether another work has 
indeed been copied.) 

Other defendants on the 
receiving end of sample 
infringement claims in the US 
have been able to rely on the 
defence of 'fair use'. Fair use 
is a doctrine not recognised 
in UK. which permits copying 
for the purposes of criticism, 
reporting and review. The 
aim of the US legislators 
who enshrined this in law in 
1976 was to allow authors 
to build upon, and transform 
existing works, but without the 
requirement of buying a licence 
to do so. The rights accorded 
to the copyright holder needed 
to be balanced with the 
broader cultural benefits of 
allowing artists to borrow from. 

nun 

2 Live Crew making a statement with their bodies. 

re-work, and comment upon existing works of art. I» 
Andy Warhol could re-work the images of Campbell's 
soup or Marilyn Monroe, then a fair use defence 
would argue that today's gangsta rappers should be 
free to sample their source of musical inspiration to 
produce new and original work. 

The scope of the fair use defence was 
explored by the US Supreme Court in Campbell 
vs Acuff-Rose Music (1994), which concerned 
2 Live Crew's infamous parody of the Roy Orbison 
classic 'Oh Pretty Woman'. Rather than dismissing 
2 Live Crew's claim on the basis that they'd used 
Orbison's music for commercial gain, the court 
looked at the factors of acceptable fair use. ruling 
that parody constituted a fair use. despite the fact 

2 Live Crew had benefited financially. 
Gulde'ines that the court considered in 

evaluating fairness of the use included the 
purpose of the use and its commercial potential, 
the nature of the copyrighted work, the size of the 
sample taken in relation to the copyrighted work 
as a whole, and the effect of the sampling upon 
the market value of the original work. In general, 
cases of sampling will be more deserving of fair 
use protection where they represent true creative 
effort on the part of the producer, and don't 
threaten the market of the original record. In this 
case. 2 Live Crew's buying public were considered 
to be of a sufficiently distinct demographic to Roy 
Orbison's older fanbase. 

► in the mix, you still need permission to 
sample. This means that the producer or 
artist must first gain sample clearance 
from the record label for use of the 
original sound recording and featured 
performances. Usually, you will also need 
permission from the publisher(s) for the use 
of the underlying composition (ie. the words 
and music). If copyright wasn't originally 
assigned to a record label or publisher, then 
you’ll need to track down the respective 
copyright owners — or their heirs, if 
deceased — and seek their permission 
instead. Where, for example, a song has 
a number of co writers or publishers, this is 
no easy task. 

Alternatively, you could employ 
a sound-alike company to recreate the 
sample you're after (see the ‘Recreation 
Grounds' box). In this case you wouldn't 
be infringing an original sound recording 
copyright, and would only require one set 
of permissions from the publisher of the 
music and lyric. 

It’s ironic that in an era of rampant piracy 
and the downloading of ‘free’ music, those 
making records still need to clear and pay 

for samples — whereas the end consumer 
can enjoy an entire album free of charge. 
Still, as a business-to-business activity, 
sampling is a lucrative business for those 
companies sitting on valuable copyrights, 
and in corporate-speak, can often give rise 
to valuable ‘synergies’. 

Witness the recent release of Sean 
Kingston's 'Beautiful Girls’. Not only did 
Sony/ATV-signed writer Jonathan Rotem 
help write and produce the track, but the 
song sampled the Sony/ATV-owned Ben E 
King classic ‘Stand By Me’. The fusion of old 
recordings and modern technology helps 
publishers to safeguard future revenue 
streams by creating such chart-friendly 
hybrid copyrights. Rapper Kanye West 
has also topped the charts with his latest 
album offering Graduation, but much of 
the album’s royalties will actually find their 
way into the pockets of 70s acts Steely Dan 
and Elton John, thanks to West’s bountiful 
sampling of these artists. 

Kanye West, like many hip-hop stars, has used sampling 

extensively in his work. 

Should you fail to clear the original 
sample before releasing your own record, 
you may be faced with a number of 
unwelcome legal consequences. You 
could be sued for damages for copyright 

86 www.soundonsound.com • march 2008 



infringement and face an injunction 
stopping you from continued sale of any 
infringing copies, as well as having to recall 
and destroy any CDs or DVDs incorporating 
uncleared samples. Your record label could 
even lumber you with the costs of this 
remedial work. 

Clear Conscience 

If you produce or remix records for other 
artists, it’s usually your responsibility to 
clear any samples introduced during the 
recording process. The artist or their label 
will probably make you contractually 
responsible for doing so as a pre-condition 
of accepting delivery of the final record. 
Where the record label asks or insists 
that you include a particular sample, you 
should request that they pay for the related 
clearance costs. In other cases, sampling 
will add to the overall recording cost, and 
may be deducted from your earnings unless 
agreed otherwise. 

If you already have a record deal, then 
you’ll need to address the issue of whether 
any sample clearance fee, royalty payment 
or advances paid to third-party copyright 
holders should be recoupable from your 
own royalty earnings, or whether the 
record company should split all or some 
of the expense. Some labels take the view 
that sampling costs are part of recoupable 
recording costs, whereas others take 
a softer line. However, it’s never advisable 
to ignore the issue and release a record 
carrying uncleared samples. Further down 
the line, the record company may invoke 
the artist’s warranty clause in the recording 
contract and set about recovering sums 

On-Line Sample Clearance Requests 

clearing uses of compositions 
controlled by EMI music publishing 

Thu « • brtW gu.M to h«ip you throuçf th« clmrc« proc««« conc«m<ng composition« in «Meh EMI Mu«.c PubtoNng Md own or control all or 
P4d of th« copyright Sampl«adaptation clearance roQuoet« »houtd only be «ent to EMI Musk Put*shing m the UK <t the new »ong at versKn 
ortgmeies in the UK Any deerance raquest« on»natmg outside the UK should be «ent m the Aral instance to the EMI M>«k PubHNng orte« 
in the applicable territory who will then liarse with us 

1 Determine who controls the copynghf « the composition whreh you wish to use One wey to do thr« >s by contacting the MCPS (Mechencal 
Copyright Protection Society) on 020 B780 4400 TeS them the title and the writer« of the work and they »houid be able to to« you who to 
approach for clearance 

2 Where EMI Musk Putn.eh.ng control« an or pert of the copyright in the work thet you wr«h to uee complete the attached Cleeranco Rogue«' 
Form in Kill and return it to u« together with two copre« of the new recording either on audo tape or CD-R To «peed the deerance proce«» it • 
helpful If the tap«CD4« centaine three track» in the following order 

0 > a recording of the composition that you wish to use. in its entirety 

(H) the sampled extract 

(Hi) a recording of the new competitor in Its entirety 

Additionally your request could be considered more quKkly if you provide us with a typed copy of the lyrics to the naw ompooition 

The completed Cleeranco Request Form, audio materials and tyncs may be sent to ue by poet or via this »its 

3 Whether you have samplod an existing recording, or fa-created (for example. re-»ung or re-played) all or part of a copyright work, publrshmg 
clearance should bo »ought 

4 Wo aro not a record company If you heve «ampiad an ex .«ting recording (rather then rxreoted ad or part of N) you muet Wo «««k 
deerance from the record company which own* that particular recording if you know the name of the artiet concerned vxJ the title of the record 
from «Meh the «ample wea taken. MCPS might be etna to suggest who you should approach for deerance al the soune recording 

6 FmeHy beer m mind thet a request to sample recreate or adapt a copyright work might be refused You should therdom not exploit the new 
work icjcxjax uhtu you have obtained deerance in writing from all copyright owners concerned m each case, and all deerance terms and 
conditions have been formally agreed To proceed without a* necessary clearances r place may wed raauit m action being taken ageist you 
for breach of copyright 

Major music publishers such as EMI are used to dealing with requests for sample clearance and have procedures 

in place to streamline the process. 

direct from the artist, should the label be 
sued for copyright infringement. 

During recording sessions, producers 
and artists should keep detailed notes of 
samples used, along with their source, and 
their timings on the record. This can be 
used for notification purposes on delivery 
of your final mix. 

It's also sensible for producers and 
writers to hire out their services through 
a limited company, then through an 
employment agreement with this new 
company, assign copyright in the songs 

that they produce. Should they be sued for 
millions in a copyright infringement claim, 
they'll then be protected from personal 
bankruptcy! 

In more general terms, in order 
to clear samples you can either use 
a sample-clearing company to assist you, 
or do the job of gaining permissions 
yourself. Sample-clearance companies such 
as Sample Clearance Services Ltd (www. 
sampleclearance.com) can often negotiate 
better rates than individual producers or 
DJs. Such companies can sometimes assist 
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► in providing legal advice and expertise in 
dealing with overseas labels and publishers, 
and may also be able to clear all future 
uses of the sample. Where, for example, 
your club tune crosses over, and you find 
you have a hit on your hands, you would 
then be free to license the record for film, 
TV, Internet or advertising usage, without 
seeking further licences. 

Sample-clearance companies usually 
charge a flat rate: for example, Sample 
Clearance Services’ web site states that their 
“standard fees for sample clearance are 
£275-£300 per clearance”. Bear in mind that 
one sample may require two clearances: 
one for the sound recording and another for 
the publishing. 

Two Steps Forward 

Whether you use a clearance company or 
the DIY route, these steps should be taken: 

• The publisher of the original work must 
be contacted. You’ll need to find out 
who the original writers of the work are, 
and which publisher(s), if any, represent 
their interest or share of copyright in 
the song. In the UK, the MCPS/PRS can 
help you with this. They operate a vast 
database of registered works, and also 
have a sample-clearance team to assist 
you. Once you know the publisher and 
authors, you provide them with a copy of 
your new record, a copy of the original 
sampled record, and an isolated copy 
of the sample in question. Providing 
extra details, including the release label 
and size of the release, will help them 
evaluate your proposed use and speed 
up the process. The publisher is then 
in a position to consider price, contact 
the original composer for permissions 
concerning moral rights, and start 

negotiations over copyright ownership 
and royalty splits on the new record. 

■ The record company must be asked for 
permission to use the original sound 
recording. Master rights have their own 
price tag, and sometimes artists or 
labels will simply refuse to give their 
permission to use a sample — and they 
needn’t give reasons. If no permission is 
given, or the price tag is too high, you 
needn’t abandon your project altogether: 
as long as you can license the publishing 
rights, sample recreation companies 
should be able to construct an 
authentic-sounding reproduction of the 
recording. See the ‘Recreation Grounds’ 
box for more details. 

How Much?! 

In the normal course of events, when 
permission to sample is given there will 

replay 

rinse PRODUCTIONS 

Sample Re-Creation 

What is sample re-creation? 

We also recreate using talented singers and 
’soundahkes', this is espeaaly useful for our european clients. 

A specific quote can be given after hearing the sample you need to be re-created. 

Recreation Grounds 

If required, specific samples can be re-created in the studio using 
live instruments/musiaans. Arrangements and orchestrations from 
original recordings may also be used to keep authenticity. 

If you are expenenang any sample dearance difficulties, you have 
the option of re-creating the sample from scratch, bypassing 
obvious problems such as cost or delay. 

RINSE specialise in sample re-creation and have re-created a variety of samples for 
vanous artists and projects. 

Rinse re-create the sample to emulate the onginal recording exactly. All samples are re¬ 
created from a massive sample libary which has been compiled and accumulated over a 
number of years and is exdusive to Rinse. 

If the owners of a sound recording flat out refuse 
to license your sample, or insist on a ridiculously 
high fee. you could employ the services of 
a sample-recreation company to work around 
the problem. Companies like Rinse Productions 
(www.rinseproductions.co.uk, or as interviewed 
in SOS September 2003 at www.soundonsound. 
com/sos/sep03/articles/rinse.htm) and Replay 
Heaven (www.replayheaven.com) offer to re-record 
the chosen sample, and can do so to such a high 
standard that the original version and the new one 
are practically indistinguishable. These musical 
skills have helped secure a string of dance hits 
for labels like Ministry of Sound, who recently 
benefitted from Replay Heaven's recreation of 
sections of Steve Winwood's ‘Valerie' on Eric 
Prydz's million-selling dance tune ‘Call On Me'. 

High-quality re-recordings have the all the 
hallmarks of the original, but are quicker and 
easier to clear as there's only the publisher to 
consider, and no prospect of stalemate over 
competing interests with the record label. One 
such example was the recreation of the Human 
League's Don't You Want Me', featured in a Fiat 
Puto ad depicting a lovers' tiff played out in 
a Midlands garage forecourt. 

Talking of re-recordings, there's been much 
rumour of late in the press that Wu-Tang Clan 
have achieved the impossible, and obtained rights 
to sample the Beatles' ‘While My Guitar Gently 
Weeps', for inclusion on the WTC release The 
Heart Gently Weeps'. This story has garnered 
welcomed publicity for the group, but the reality 
is somewhat different. WTC's new track in fact 
includes re-created or interpolated elements of 
the Beatles' original. Wu-Tang weren't able to 
secure rights to the original master recording 
from EMI records or Apple Corps, and in fact their 
agreement sees them giving up 100 percent of 
all songwriting royalties, simply to re-record the 
Beatles composition. All publishing royalties will 
go to the estates of George Harrison and John 
Lennon, Northern Song owners Sony/ATV, as well 

Home 

Vocal Services 
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as to Paul McCartney and the publishers of his 
share. 

Sample-recreation specialists can help in situations where the owner of a recording can’t be found, or refuses to 

license it. 
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be a fee for the privilege. The value 
of a sample, as well as the method of 
payment, will be determined by a range 
of factors, including: 

• The notoriety of the original record 
and prominence of the sampled 
work in the new record. Puff Daddy's 
ode to Biggie Smalls, TH Be Missing 
You', sampled the worldwide Police 
smash ‘Every Breath You Take’, thus 
sacrificing £500,000 in publishing 
royalties to its author, Sting. 

• The likelihood of your success with 
your record. The territory, format of 
distribution, status of the artist and 
marketing spend all affect how your 
new version will be perceived, and 
therefore how much you’ll be charged 
for the sample. 

• Contrary to popular myth, samples 
aren't billed on a per-second basis 
like some phone calls — nor are they 
free when under three seconds long. 
The overall impact of the sample, 
together with all relevant commercial 
factors, means that each sample is 
evaluated on a case by-case basis. 

For the dance producer looking to 
issue a limited self-release, it’s best 
to obtain a buy-out of all rights in the 
sample for a one-off flat fee. This would 
allow the producer to release the record 
and not incur further expense were the 
track to be picked up by a major label or 
licensed on compilations worldwide. 

A major artist will be able to charge 
top dollar for the right to sample 
their work. They’ll probably expect 
an advance payment running into 
thousands of pounds, as well as future 
royalties of approximately 1-5 percent 
on every record sold. These additional 
costs should be factored into your 
budget for the release. 

Similarly, a stubborn or opportunistic 
publisher may demand 50-100 percent 
of the publishing income for the 
privilege of using their words or music. 
Rock band the Verve learned this lesson 
the hard way, when following the release 
of Urban Hymns in 1997 they were 
obliged to give up 100 percent of the 
royalties on album opener ‘Bittersweet 
Symphony’ to Abkco Records. The 
Verve had sampled The Last Time, 
a Rolling Stones / Andrew Oldham 
Orchestra record from 1965. In the court 
settlement, entire copyright ownership 
of the the Verve's song went to Abkco, 
with full songwriting credit going to 
Mick Jagger and Keith Richards. 

Most publishers are more reasonable 

when approached with sample clearance 
requests. But bear in mind that it can be 
a time-consuming process, especially 
if rights holders are based overseas, 
or where the track sampled has itself 
sampled another work. It won’t be 
sufficient to gain permission for the 
second-generation sampled work — 
you’ll also need to clear all original 
samples. And, of course, where you 
sample too extensively, it could end up 
eroding all profits in your track anyway. 

Should you fail to clear a sample, 
or not even bother trying, you could 
still release your record and hope it 
goes unnoticed — although you'd be in 
breach of copyright. But what happens 
when an underground release becomes 
an unexpected hit? At this point the 
original copyright holder will crawl out 
of the woodwork and demand that you 
recall the record from the shops and pay 
damages, and if you're very lucky you’ll 
be able to re-release the record, only 
with the offending sample removed. 
Quite apart from the legal nightmare of 
injunctions, lost profit, and damages 
claims, the delay alone could cost you 
sales and your chart position — a fate 
suffered by Rui Da Silva, who was sued 
by BMC records and obliged to remove 
an uncleared sample of Spandau Ballet’s 
‘Chant No. 1’, from his dance hit ‘Touch 
Me’ featuring Cassandra. 

Don’t let these cautionary tales put 
you off sampling, though. Most labels, 
publishers and artists are only too 
happy to give their permission to artists 
looking to re work their music — for 
a fee. Moreover, not all unauthorised 
sampling ends in tears. ‘Tom’s Diner', 
an a cappella song written by Suzanne 
Vega, was known only to fans who 
bought her 1987 album Solitude 
Standing. Then, in 1990, DNA sampled 
Vega’s voice over a sparse beat-laden 
track. The results were so popular that 
Vega and her label decided to issue it as 
an official remix, achieving worldwide 
acclaim and a top five single. ES 
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GUITAR TECHNOLOGY 

Blackstar HT-series 
Tube Guitar Pedals 

Blackstar Amplification are a UK company 
set up by a number of ex Marshall 
designers. Their first products, reviewed 

here, are pedals — but the company name 
provides clues as to their future plans. 

I looked at five of their HT range of 
pedals. Unlike many other stomp boxes that 
incorporate tubes, these all use the full 300V 
HT supply, which ensures that the tubes run 
correctly: they’re not just there to provide an 
orange marketing glow! The main signal path 
is all-tube, though additional buffering and 
switching components are used to ensure 
noise-free switching, and to provide 
a high-quality buffered bypass mode that 
enables the pedal to drive long cables. 

All the pedals are suitable for use on 
stage and in the studio, and power comes 
from an included 16V AC adaptor. Internal 
circuitry converts this to the necessary 
voltages to run the tubes and other 
components. 

Despite the high spec, the most 
expensive of these pedals is a modest £ 129 
in the UK, the cheapest being £89 — prices 
that are made possible by designing in the 
UK but manufacturing in Korea. 

Overview 
The simplest of the pedals is the HT Boost, 
which is designed to act like two extra 
cascaded preamp tube stages (from one 
dual-triode tube), boosting your signal and 
keeping the tube tone intact. It features 
Treble and Bass tone controls, a Boost 
control and a bypass footswitch. Like other 
pedals in the range, it is ruggedly built in 
a chunky but stylish cast-alloy case with 
knurled metal knobs and an input jack on 
the right hand side. This particular model 
has two outputs, designated High and Low, 
to suit both tube and solid-state amplifiers. 
An LED shows when the pedal is active, and 
a grille in the centre of the case that allows 
warm air to escape means you're able to see 
the tube. 

The HT Drive, which offers something 
a bit more extreme, also has dual, cascaded 
triode stages, and a tonal range from gentle 
boost to tube-saturation distortion. 
Blackstone’s A-Class tone control cuts out 
high end fizziness without dulling the part 
of the sound you want to keep, and for 
recording there’s also a speaker-emulated 
output jack, as well as the normal ‘to amp’ 
output. The controls will be familiar to 
anyone who has used a distortion pedal 
before, namely Cain (drive), Level and Tone. 
This pedal is actually very versatile, as it 
ranges from almost clean at one end of the 
scale to full-on rock overdrive at the other, 
while the tone control is nicely subtle and 

very usable (unlike the controls found on 
many other pedals). 

A little further up the scale is the HT Dist, 
which is an overdrive/distortion pedal with 
a novel tone-control network that sweeps 
between a US and UK rock guitar sound. 
Blackstar call this their Infinite Shape 
Feature, or ISF. Again, the overdrive is all 
tube (both stages of an ECC83 dual triode) 

The Black Star HT range comprises five pedals. Above 

from top are the HT Boost, HT Drive, HT Dist and Dist X. 

The HT Dual is pictured opposite. 

and there's a speaker output for recording or 
for feeding into a PA system. The idea is that 
the pedal responds like a tube amp, so you 
can control the amount of distortion by 
backing off your guitar’s volume control. This 
model breaks away from the ‘three knobs 
and a switch' tradition by also including 
a full bass/middle/treble passive EQ section 

along with the ISF tone knob. Cain and Level 
set the amount of distortion and adjust the 
output level respectively. You could think of 
it as similar in concept to an HT Drive but 
with the extra tone controls. 

If‘more’ isn’t enough, the ‘filth monster’ 
of the range is the HT DistX, which can go 
from mild overdrive to contemporary 
US-shred, and this again has an emulated 
speaker output. Its enhanced passive tone 
controls incorporate the same Infinite Shape 
Feature and its layout is essentially identical 
to that of the HT Dist, to which it is also 
tonally similar, except that there's more drive 
gain available. 

The HT Dual, as its name implies, is 
a dual-channel pedal designed to put more 
tonal options under foot. Channel one 
handles either Clean or Crunch modes, and 
so can be used for clean boost or for 
creating moderate overdrive. Channel two 
offers higher gain and goes beyond crunch 
up to modern high-gain lead. Its switching 
operation essentially gives you a choice of 
three tones (including your amp’s own clean 
sound). Again, there’s that ISF tone control to 
sweep you between US and European rock 
sounds, and you still get the speaker 
emulation. There’s both a three-band EQ and 
dual-concentric drive control and output 
level knobs (for the two channels). Cain 1 
also has an associated button switch to set 
the sound to clean or crunch. 

A slightly unusual switching system is 
employed, with separate footswitches for 
each channel rather than one switch for 
bypass and one for channel changing, but 
some clever logic-switching circuitry makes 
this very intuitive. If one channel is active 
and you hit the other, the channel switches 
to the one you just hit. If, on the other hand, 
a channel LED is on and you hit the same 
switch, the light goes out and the unit goes 
into bypass mode (and vice versa), so you 
can always get the choice you need with 
a single switch click. 

The Sound 
These pedals all sound very musical and 
have a great dynamic response, just like 
a real tube amp, which means you can turn 
down your guitar’s volume control to clean 
up the sound, even when you’re using quite 
heavy distortion. 

To work out what they sound like you 
really needn’t look much further than the HT 
Dual, which is capable of duplicating pretty 
much all the effects available from any of 
the other pedals. Channel one is much like 
the HT Boost in clean mode, and not unlike 
the more polite end of the HT Drive when 
you switch to Crunch mode — making it 
useful for blues or rock/indie rhythm. The 
main difference is that the HT Dual also has 
the full four-knob tone-control setup (the 
tone controls affect both channels, by the 
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way), so there’s more flexibility for tailoring 
your sounds. Channel two of this pedal even 
gets you into HT Dist and HT DistX territory. 
Let's have a look at the different sounds 
available from the rest of this range. 

The 'Boost' in HT Boost is exactly what its 
name implies: the signal gets louder, 
allowing you to overdrive the input stage of 
your own amp, so the distortion 
characteristic you hear depends very much 
on how your amp behaves. There’s a useful 
degree of tonal control on the HT Boost 
pedal (courtesy of the Treble and Bass knobs) 
but the HT Dual is rather more flexible. 

The more polite of the overdrive pedals, 
HT Dist, gets you into blues and classic rock 
overdrive in a very controllable and 
convincing way, and working your way up 
the distortion ladder eventually gets you to 

are 
handled. 

I was also 
pleasantly 

surprised by the low 

The top of this Blackstar range is the versatile 
HT Dual, which allows you to choose 
between two separate tube channels 
as well as the clean (bypassed) 
signal. As with other HT 
pedals, it usefully includes 
a speaker-emulated 
output. 

pedals on stage — 
but with one 
caveat: external 
PSUs are no 
problem when used with 
a pedalboard, but if the pedals 
are used separately, the PSU lead can 
get knocked or dragged out, and as the 
bypassed output is electrically buffered you 
lose all signal when the PSU is disconnected, 
even if you're in bypass. 

“The HT Dual is capable of duplicating pretty much all the 

effects available from the other pedals.” 

the HT DistX, which isn’t as savage as its 
name might lead you to believe. At lower 
settings it manages a well-behaved crunch, 
while at halfway up you find yourself in 
classic rock territory, and with full gain 
you're ready to shred — but the thing still 
doesn't run out of control. Those pedals that 
have three-band EQ behave much like the 
passive three-band EQ sections you'll find on 
many tube amps, but the ISF knob is 
interesting, as it interacts with the more 
conventional tone controls to change the 

That issue aside, the sound of these 
pedals is very natural, with excellent 
dynamic response, and tone controls that 
give you plenty of usable range without 
straying into dull or useless fizz territory. 
Though it may seem subtle at first, the ISF 
control is very useful for tuning the 
character of the sound, and the more you 
use the mid-range control, the more effect it 
seems to have. There’s enough range to go 
from UK scoop to US modern metal, but 
I like the way those in-between blues tones 

noise-floor, even at relative^ high-gain 
settings, and the emulated speaker output is 
a useful bonus for recording. Best of all, 
though, is the price —which is lower than 
that of many solid-state pedals — so be sure 
to check them out! Paul White 

SUMMARY 
This is o great, versatile series of pedals, ranging 
from the dean HT Boost up to the hugely flexible 
HT Dual. They have excellent dynamic control — 
so you can almost forget the bypass and just use 
your guitar's volume control to bring the distortion 
in and out. 
Blackstar Amplification +44 (0)1536 312520. 
www.blackstoramps.co.uk 

character of the sound in a way that seems 
to particularly affect the mid-range. With the 
ISF control fully clockwise you get that very 
focused, slightly edgy sound characteristic of 
US rock, while at the other extreme the 
sound has a 'spongier' low end and a warmer 
high end, with plenty of mid-range harmonic 
squeal. By experimenting with the EQ and 
the ISF knob, you can coax a lot of classic 
tones from the box, including some very 
Tube-Screamer-esque sounds. I tried both 
single-coil and humbucking guitars and the 
character of each still comes across nicely, 
even when you pile on the gain. 

The speaker-emulated output makes a fair 
stab at replicating the coloration of 
a speaker, and it takes the unwanted fizz out 
of the high end without making the sound 
appear dull or lacking in bite. Clearly, it isn't 
as sophisticated as some of the digital 
modelling solutions out there, but if you're 
recording with it there’s always the 
opportunity to add more processing later if 
you need it. It certainly stands up well in 
comparison with other stomp-sized speaker 
emulators and is a very welcome addition. 

Bright Star Or Black Mark? 
The whole range sounds really good and I’m 
looking forward to trying one or two of the 

Waves have expanded their hardware range 
for guitarists with the iCTR, a palm-sized 
guitar effects processor. It’s designed to be 
used anywhere and is powered by batteries, 
making it highly portable. 
Connectivity includes 
a quarter-inch jack input for 
connecting a guitar, and two 
mini-jack outputs for 
headphones, although Waves 
say that the second output can 
be used to send a feed to 
a recorder (or DAW), an 
amplifier, or a second pair of 
headphones. There’s also an Aux 
input, so you can plug in an MP3 
player and jam along to your 
favourite tracks. 

Knobs and switches on the 
front panel allow you to select 
and adjust reverb, delay, 
chorus, wah-wah, tremolo and 
phaser, as well as the tone of 
the amplifier-modelling circuit. 
The iCTR is available now, 

priced at £69 including VAT. 
Sonic Distribution +44 (0)1 582 470260 
www.sonic-distribution.com 
www.waves.com 
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3 Hardware Controller & Software 
l\UI C L- Host For Instruments & Effects 
The latest incarnation of Nl's Kore system introduces an 

updated controller, redesigned and streamlined 
software and a generous library of built-in sounds. 
So is Kore all you need to get the most out of your 
software instruments and effects? 

Simon Price 

Kore 2 is a combined software and 
hardware system for hosting and 
controlling plug-ins, and, as its name 

would suggest, is successor to Kore 1 
(reviewed in the July 2006 issue of Sound 
On Sound). The software runs stand-alone, 
or as a VST, AU or RTAS plug-in within your 

DAW of choice, and promises a range of 
benefits to studio producers, composers 
and live performers. 

Kore provides a workstation-like 
front-end for your sounds and effects, 
allowing you to pull patches from your 
plug-in collection into a centralised library 
of‘Koresounds’. You also gain hands-on 
control of key parameters from a single 
plug-in interface and hardware device. This 

lets you abstract yourself from the 
underlying sound sources, and deal with 
your sounds as a unified palette. 

The host shell provides a structure for 
layering and chaining multiple plug-ins into 
larger blocks that can then be used as 
single plug-in inserts. This brings exciting 
possibilities for sound design and for 
saving complex effects chains, or sound 
‘Multis’, in Kore-speak. Kore can also prove 
useful for musicians wishing to use virtual 
instruments on stage or in sessions. 

New In Version 2... 

Kore 2 is a major overhaul of the original 
Kore, with an updated hardware controller, 
This, thankfully, no longer needs to be 
attached to allow you to use the Kore 
software, which itself has been completely 
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Koresound Packs 

redesigned. The biggest change is the 
addition of built-in sounds; you can now 
make music just with Kore and a computer. 
Differences between the stand-alone 
application and the plug-in are gone, 
meaning you can use the live performance 
functionality within a host DAW. 

New innovations include Sound 
Variations, which allows you to store up to 
eight snapshots of the current patch and 
morph through them. MIDI effects, 
including a step sequencer, offer enhanced 
performance possibilities. And my personal 
favourite: routing of MIDI and audio 
between objects in the Kore rack turns the 
system into a versatile synth studio. 

New users get the new controller, while 
upgraoers can choose to keep their original 
hardware for a significant saving (see the 
‘Upgrades & Pricing’ box). The Kore 2 
controller looks very similar to its 
forerunner. The audio controls are gone 
(the controller no longer doubles as an 
audio interface), and the buttons around the 
scroll wheel have a new layout. The glossy 
plastic areas of the front panel have been 
replaced with a less attractive, but less 
fingerprint-prone, matte finish. 

In nearly all respects, the hardware 
problems I described in the Kore 1 review 
have been addressed. The menu buttons 
now have a light, clean action with 
a reassuring click — a massive 
improvement over the spongy and 
unreliable earlier ones. The eight controller 
buttons also click now, although they 

If Kore 2 is analogous to a workstation synth. Its 
expansion cards are Koresound Packs. 49 Euro 
downloads adding new sounds to the Kore library. 

Best Of Reaktor Is the cream of the crop, 
featuring great instruments from the Reaktor and 
Electronic Instruments libraries. I said in the Kore 
1 review that Kore could make Reaktor into 
a much more accessible Instrument, and this 
shows how. Decent use of control assignment Is 
made In most cases, although the Photone-based 
patches all seem to use the same mapping, so 
some patches have redundant knobs. 

Best Of Massive features 200 patches from 
Massive's library, which means that It's 
dominated by top-notch, distinctive synth leads, 
basses and pads. You might think the control 
mapping is a bit stingy, featuring just one page 
per patch. By contrast, the same patches on the 
full version of Massive have two patch-specific 
pages, and 16 general parameter pages. 
However, the controls sensibly follow the Macros 
from the original Massive patches, so are all 

directly relevant to the sounds. 

Synthetic Drums Reloaded adds 10 kits of 
electronic and processed drum sounds. The kits 
are large, packed in across the keys, with 
different sub-kits' in each octave Although you'll 
find some solid sounds here, this was the most 
uninspiring pack, for me. These sounds are 
feeling a little tired now, and the control 
assignments are mostly effects and seem to have 
been an afterthought. I'd stick with the factory 
kits, as the Drum Machine patch takes care of 
the TR808, TR909 and CR78, and the Electron 
and G-Shot kits are at least as good as anything 
in this extra pack. 

The '57 Drawbar Organ deserves special 
mention for its seriously impressive programming. 
This pack, a beautifully sampled 1957 Hammond 
C3, Is the only one which features material that Is 
not available in other products. This probably 
explains why there are a generous number of 

controls, allowing you much more access to the 
instrument inside. 

require more pressure to engage. 
The back panel, although devoid of 

audio connections, still sports useful MIDI 
In and Out ports for general interfacing 
duties and, of course, a USB 2.0 port for 
connecting to the host computer. Note, 
however, that the Kore 2 controller itself is 
not a MIDI control surface, and can still only 
be used to operate the Kore software and 
hosted plug-ins. Generous provision is 
made for foot controllers, with two inputs 
each for pedals and footswitches. 

Installation Issues 

I’m generally in favour of skipping any 
discussion of installation in a product 
review — except when it impinges on the 
user experience. I love Nl’s synths, and 
I couldn’t be without them, but they do 
demand a certain level of regular admin. 
This is especially true when Kore is present, 
as it needs to co-ordinate with the various 
plug-ins and sounds on your system. 

A fresh install of Kore 2, with no 
previous Nl products installed, shouldn’t 
cause you too many problems. A single 
DVD installs everything you need, including 
the Koresound library and the 5GB of 
sample content used by some of the built-in 
sounds. To register and unlock the software 
(with a serial number) and get the latest 
update, you need to run the Service Center 
utility which connects to Nl on-line. Despite 
being over 200MB, you should download 
the 2.0.1 update which adds functionality 
such as Performance Presets that didn't 
make it to the first release. 

In my case, installing onto a system with 
Kore 1 and a sprinkling of Nl instruments 
was far from straightforward. Inevitably, 
numerous plug-in and library updates were 

needed to make sure everything was happy. 
Even so, half of my sounds were not seen — 
a common issue, apparently, and eventually 
fixed after a trip to the user forum. I also 
had problems with Kore losing its 
authorisation and the path to its samples, 
which required a re-install. 

Kore 2 As A Workstation Synth 

The most straightforward use of Kore 2 is 
as a ‘workstation’ synth, browsing for 
sounds and tweaking them with the 
pre-defined controls. This doesn’t require 

Native Instruments Kore 2 £349 
pros 
• Much improved interface and more coherent 
concept. 

• Built-in sound engines. 
• Broad-ranging synth and sample-based library. 
• Improved hardware controller. 
• Sound Variations and morphing. 
• Step sequencer and internal MIDI routing. 
• Creating Assignments easier. 

cons 
• Set aside a day to get through the 
install/update/authorisation process. 

• Expensive hardware upgrade for Kore 1 users. 
• No built-in audio interface. 
• Performance Preset crossfading and sequencing 
has gone. 

• No bank/program select controls for hosted 
plug-ins. 

• Occasional instability. 

summary 
A great improvement. Despite some niggles, this is 
much closer to the product we hoped Kore would 
be. It makes using virtual instruments more fun, 
and has numerous creative and practical benefits 
for desktop musicians and producers. 
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on test controller & 
synth host 

NATIVE INSTRUMENTS KORE 2 

The default display, with new customisable Browser. 
Some attributes lists feature secondary columns to 
further narrow your search. 

► much understanding or exploration of the 
software’s internal environment, so the user 
interface has a strip of buttons for hiding 
everything that you don't need. 

The attractive, clean design of Kore 2 is 
a class above the first version. Coming from 
Kore 1,1 was initially disorientated by the 
layout and conceptual changes, and by the 
fact that everything is icon-based, with 
almost no text. Luckily, the Info Pane at the 
bottom of Kore 2’s window displays the 
name and function of every object you 
mouse over, and provides handy usage tips. 

By default, just the Global Controller and 
Browser panels are shown. The Global 
Controller mirrors the eight knobs and 
buttons on the hardware controller, labelled 
with their current functions. This is the only 
place where controls are displayed, unlike 
in Kore 1, where every device in the rack 
sported its own knobs and buttons. While 
the old way was potentially useful when 
using a mouse, it caused confusion about 

what the hardware was focussed on. 
Sharing the Global Controller area 

is the Sound Variation Matrix. Sound 
Variations are simply snapshots of all 
mapped parameters and mixer 
settings in the patch. Library patches 
have preset Variations, but you can 
store your own. As well as using the 
mouse, you can switch between 
Variations with the controller’s 
buttons, or morph between them with 
the knobs. Each knob represents one 
of the eight Variations, and turning 
a knob morphs the sound towards its 
corresponding Variation. This is an 
ingenious and effective design. 

The sound browser has been 
extensively reworked, and is much 
the better for it. A key concept in Kore 
is the classification and searching of 
sounds by their type and character, 
rather than by plug-ins (an idea that 
has been quickly adopted by other 
developers). As well as user-input 
word searches, you can select from 
lists of sound types, modes, timbres 

The View From The Stage 
Many keyboard players are replacing synth 
and sampler racks with virtual instruments 
and a laptop. Kore 2 is well suited to hosting 
plug-ins for live use. with all the necessary 
tools for setting up keyboard ranges. MIDI 
channels and routing, transposition and 
hardware control. The MIDI Player plug-in can 
be used for playback, similar to how the Akai 
S6000 is sometimes used. Kore 2 can now be 
used inside Ableton Live, without losing the 
Performance layer, as happened in Kore 1. 

Kore no longer has a Live View, instead 
having a Performance Presets view. 
Performance Presets are snapshots of the 
current configuration, including which mixer 
channels are enabled and disabled. Typically, 
you'd set up the instruments needed for a gig or 
session, and create Presets to enable the right 
channels for each song or section. Kore 1 had 
the same concept, although a preset stored 

everything (including audio routing). You can no 
longer store routing in a preset, which may or 
may not be a problem for you. On a more 
positive note, any controller page can now be 
'isolated' from the Performance Preset 
functionality. This would be useful If, say. you 
had a piano patch you wished to play manually 

and keep unaffected by PP changes. 
Kore 1 had a Performance Presets list you 

could use to create an automated sequence 
and set transition rules such as bar/beat 
quantisation and crossfades. This has gone, 
replaced by a display of 16 banks of eight 
Presets. Quantisation of changes is global, 
and you can't crossfade between Presets. Nl 
say that where crossfading is necessary you 
should set up Sound Variation snapshots 
instead, which are similar to Presets anyway. 
However, this means leaving more channels 
enabled, so CPU load may be higher. 
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Alternatives . ... _ 
Ableton Live’s Racks can be used to many of the same 

ends as Kore 2, as can Reason’s Combinator, although 

both offer less Macro controls and the latter within 

a closed environment. Logic’s library can store 

instruments and effects in chains. Apple’s Main Stage 

offers a similar solution for live/session work, and has 

access to Logic’s instruments. However, it can’t run in 

a host (or on a PC), and of course there’s no integrated 

hardware. A number of smaller developers have 

plug-ins for grouping other plug-ins; examples are ART 

Teknika’s Console, and Audiofile Engineering’s RAX. 

Another established software solution for live work is 

Brainspawn’s Forté. For those who prefer not to take 

a laptop on stage, Muse’s Receptor hosts plug-ins in 

a hardware rack unit. 

► and so on, producing an ever-diminishing 
list of sounds tagged with the attributes 
you require. 

The new Browser can be customised by 
choosing which attribute lists are displayed, 
or by dragging and dropping existing 
attributes into a new column to make your 
own list. 

Onboard Sounds 

The basic install includes a library of over 
900 Koresounds, split roughly into 
Instrument and Effect patches. Kore 2 is 
advertised as coming with ‘over 500 
production-ready sounds’. There are 
actually 439 Koresound Instrument patches, 
but I won’t quibble, as the Sound Variation 
snapshots in each patch put the number of 
actual preset sounds into the thousands. 

The library is rich and varied, thanks to 

the diverse onboard 

1 FS — 2 1— PEDAL—2 

low-level sound 
programming isn’t 
possible. 

This is fine for 
finding and 
tweaking sounds, 
but if you prefer to 
build your own 
sounds from 
scratch, you’ll be 
looking to buy the 
full versions of the plug-ins. You will then 
be able to open and fully edit the plug-ins 
used in the Koresound library. Nl’s 
instruments also come with extensive 
Koresound libraries, so your Kore database 
swells considerably as your instrument 
collection grows. 

Rack ’Em Up 

Kore 2 avoids much confusion by removing 
the difference between the stand-alone and 
plug-in versions of its software, and 
presenting all patches in a single page view. 
There is still a distinction made between a 
Performance (the top level of any instance 
of Kore) and the Koresounds and devices 
contained therein, but this is actually quite 
arbitrary. 

A Performance is basically a mixer, 
which can contain Input, Source, Croup and 
Master channels. Each channel has controls 
for routing both audio and MIDI, as well as 
aux sends, allowing for complex structures 
to be assembled. Channels have insert slots 

where you drop the sound sources and 
effects that make up your patch. The 
simplest patch would be a single instrument 
plug-in on a single source channel. Things 
get more interesting when you put a chain 
of devices on a channel; for example, an 
Arpeggiator (MIDI plug-in) followed by 
a synth (instrument plug-in) followed by 
a delay unit (internal or plug-in effect). 

Adding another channel creates 
a layered sound, or a split using the Sound 
Manager view’s Channel Mapping area — as 
in the screen below. By assigning different 
MIDI channels to the mixer channels, you 
can create a ‘Multi’, which could be played 
back by multiple DAW tracks. 

The most powerful aspect of Kore’s 
structure is that any slot in a channel can 
contain a Koresound instead of an 
individual plug-in. This Koresound may 
itself contain an internal structure, with 
MIDI effects, multiple plug-in instruments, 
and audio effects. 

Selecting a Koresound in any channel of 

‘sound engines'. Special 
versions of Massive, FM8, 
Reaktor, Kontakt, Cuitar 
Rig and Absynth are 
installed, and used like 
regular plug-ins within 
the Kore 2 patches. 
Unlike the full versions of 
these instruments, the 
sound engines don't 
show up in the plug-in 
list for use in your own 
patches, and you can't 
access their software 
interfaces. Instead, they 
are controlled only by 
whichever knobs and 
buttons have been 
assigned in each patch. 
The extended general 
control mappings that 
you get with the full 
plug ins are absent, so 

A large effects patch, with three 

parallel chains. The lower mixer 

shows the internal structure of 

the Koresound patch. 
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The rear panel of the Kore 2 controller - now without 

audio connections but with an extra pedal socket. 

a Performance now displays that sound’s 
internal structure below the main mixer 
level. This layer may contain other 
Koresounds, so a complex sound may have 
several layers of’nested’ mixers, 
which will be displayed one above 
the other. 

One of the most elegant 
functions in the new versions is the 
‘Save Performance as Sound’ 
command, which packs the entire 
current plug-in configuration into 
a Koresound, ready to be slotted 
into a channel later on. 

Hands On 

When browsing and loading 
Koresounds in individual instances 
of Kore 2, you’ll always get at least 
one top-level page of knobs and 
buttons that adjust significant 
parameters of the patch. However, 
once you grasp Kore’s internal 
structure, you can navigate through 
it with the hardware, accessing 
different control pages for each 
channel and device. The controller 
displays the structure as a grid and 
you use the cursor and menu 
buttons to focus different slots and 
move between layers. 

The touch-sensitive encoders are 
still one of the highlights of Kore, 
and now have a new trick. The 
brightness of the lights around the 
bottom of each knob now indicates 
the value of the currently mapped 
parameter. 

The plug in feels more 
integrated with the hardware, and 
it's much easier to tell where you 
are, partly because the plug-in 
window updates to show changes 
of focus from the hardware. You 
can also scroll through the 
Browser’s results list from the 
controller, and the on-screen list 
follows, allowing you to preview 
attributes. Each instance of Kore in 
a project has a button that focuses 
the hardware to that window. You 

can also switch between different instances 
from the hardware, although unless you 
rename each instance they are all called 
‘New Performance’. Couldn’t the name 
default to the first Koresound you load, 
unless you choose to change it? 

Browsing from the hardware is limited to 
the results list in the software, whereas in 
Kore 1 you could navigate a hierarchical list. 
It takes four steps to go from a control page 
to changing a patch and back again; it works 
fine, but it’s quicker to use the computer’s 

duet 
by APOGEE 

Professional Audio... Personalized 

I 4^ O n O 
^ing Play Listen Record 

Duet is a two -channel FireWire audio interface for the Mac featuring the sound quality 
and ease of use Apogee is famous for. With Duet s portability and direct integration into 
GarageBand LogicPro and Soundtrack Pro you can effortlessly make professional recordings 

anywhere your music takes you. 

Introducing Logic Studio 

A suite of powerful, easy-to-use music 
creation and production tools, Logic Studio 
gives musicians everything they need to 
write,record, edit, mix and perform. 
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Kor»2/2-Kore2 The built in Step Sequencer 
plug-in can act as a stand-alone 
sequencer, or be triggered and 
transposed from MIDI notes. 

fact, I had a lot of fun 
making tracks while 
restricting myself just to 
the built-in sounds, drum 
kits and effects. 
Sometimes it’s a relief to 
just get on with writing 
a tune instead of getting 
bogged down with 
programming. 

A powerful reason to 
look at Kore is for use as 
an effects hub. As well as 
being able to build 
complex serial and 
parallel chains for unique 
effects, you can set up 
your day-to-day EQ and 
dynamics chain as 
a patch, with a simple 
page or two of hardware 
controls. With over 30 
built-in effects, and many 
Reaktor and Guitar Rig 
effects in the library, 
Kore 2 is a cost-effective 
way to add a suite of 
processing options to 
your DAW. 

Kore 2 is probably the 
► cursor keys. On a somewhat related note, the 

Next/Prev buttons that used to be displayed 
on plug-in objects are now gone, meaning 
that you have to open the plug-in’s interface 
to switch patches at that level. However, 
many VST plug-ins don't have patch-selection 
controls, assuming that the host will. 

Third Party Plug ins 

All Nl plug-ins now work with Kore; 
controller pages have been set up and 
Koresounds created for all the presets. In 
fact, Koresound is now the native preset 
format for most of the Nl range. 

But what about other plug-ins? Firstly, 
the factory instruments and effects that 

Pricing & Upgrading 
If you’re upgrading from Kore 1, moving to 
the new hardware version costs the full price, 
but you can opt for a software-only upgrade. 
Although the build quality of the new 
hardware is definitely superior, the original 
controller offers full functionality with the 
Kore 2 software. In fact, if you are using Kore 
1's built-in audio interface, you may be better 
off staying put. 
• Kore 2 full upgrade: £349. 
• Software upgrade from Kore 1: £69. 

come with your DAW (Pro Tools, Logic, Live, 
etc) will not work because they can only be 
hosted by their own application. However, 
any VST- or AU-format plug-in should open 
in Kore 2. A growing list of third-party 
plug-ins have pre defined controller pages, 
so will work with the Kore hardware 
without needing you to map parameters. 

A notable advance is the ability to batch 
import sounds from any plug-in that uses 
the standard VST patch-bank scheme. If you 
first set up some controller mappings, these 
will be saved with all the imported patches 
too. This is a great feature, although it falls 
foul of Kore 2's lack of patch/bank controls 
for plug ins, meaning that you may only be 
able to grab the default bank. 

Summary 

Kore 1 showed much promise and was, 
indeed, useful for live work, but it was 
complicated and temperamental, and many 
users found they drifted back to using 
individual plug-ins in their DAW. Kore 2 is 
a marked improvement in most areas and 
I found it much more enjoyable to use. The 
integrated sound engines are Nl’s smartest 
move, as Kore 2 is now useful to anyone, 
not just those who already have plug-ins. In 

most powerful software-based solution for 
performing with virtual instruments. 
Although some Kore 1 functionality is lost, 
the ability to work with Performance 
presets inside an application like Live is an 
important step. MIDI effects, and the step 
sequencer, along with MIDI routing between 
objects in a patch, let you experiment with 
Kore as an analogue-style synth studio. 
And, of course, the Sound Variations give 
you another way to store sound presets and 
morph between them. 

Despite some false starts, Nl now seem to 
have found their direction with the Kore 
project If Nl synths are an essential part of 
your music making, as they are for me, Kore 
is of real benefit and opens new creative 
avenues. Kore 2, with a laptop and controller 
keyboard also represents a real and 
intriguing (if less straightforward) alternative 
to a hardware workstation. EE 

information 
□ £349 including VAT. 
■¿I Arbiter +44 (0)20 8207 7880. 
□ mtsales@arbitergroup.com 
□ www.arbiter.co.uk 
Q www.native-instruments.com 
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ALSO AVAILABLE 

nEarO8 experience 

£266 incVAT 

322mm 

Clever • Better • Innovative • Professional 

Distributed in the UK and Ireland By Time-f-Space. For a list of dealers visit: 

Telephone: 01837 55800 email: sales@timespace.com 

The nEarO8 experience studio near-field reference monitors have 
been ceveloped to generate a near perfect sonic reproduction in any 
studio enviroment With an extended low-end and high quality Kevlar 
8“ drivers, these monitors deliver unparalleled punch in the low-mid 
frequency. Also provided are frequency response adjustment 
controls which allow you to tune the sound specific to your needs. 
Optimized to provide oerfect output level and frequency response, 
ESI's cross over control technology exactly matches the drivers and 
cabinet design. The nEar08s are also magnetically shielded for 
desktop operation next to your other electronic equipment without 
causing interference. 

LF Driver: 8 inch Kevlar 
curved cone with high 
temperature voice coil and 
damped rubber surround 

HF Driver: 1 inch neodymiun 
soft dome tweeter with 
ferro fluid 

Frequency Response. 
40Hz - 24kHz 

LF Amplifier Power 70W 

HF Amplifier Power: 70W 

S/N Ratio: > 100dB below full 
output, 20kHz Bandwidth 

Net Weight: 100 kg/unit 

The nEarO8 experience monitors deliver great performance and 
features at a very affordable price, so try them out at your local 
ESI dealer today. 

I believe the nEar08s are 
an excellent speaker for 
monitoring especially in a 
recording situation" 

Tony Platt, 
production credits inc:ude AC/D£, Bob Marley and Iron Maiden. 

nEar 05 experience 

High Quality 5’ Studio Reference Monitors. 
Developed for high level home and special project studios 

ESU1808 

18-in / 18-out USB 2 0 
High Speed Externei Recording Interface. 

DuaFire 

2-ir / 4-o'jt 
Firewire Mobile Recording Interface 

358r»m 

255mm 

Level Controller 

1RS balanced/ 
unbalanced input 

XLR balanced input 
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audible by getting them to switch notes on 
beats when no-one else does, even if this is 
simply shifting to a different note-spacing of 
the same chord. It’s also worth looking for 
frequency ranges where nothing’s otherwise 
happening in the arrangement, and parking 
the strings there: more audibility, less 
mix-clutter. On a similar tack, the best 
arrangements don't have all the parts 
playing all the time, but rather use 
variations in the instrumentation to help 
support the structure of the song. 

• Give Low Instruments Enough Space 

You’ll usually get more satisfying string 
sounds if you leave bigger gaps between the 
low parts than between the high parts. In 
practice, it’s probably easiest to double the 
cellos at the octave with the double basses 
most of the time, unless you’re after 

* Beware Of Footballs 

Although there’s a lot to be said for keeping 
things simple, good string arrangements are 
rarely just made up of block chords, which 
bore string players to death and are 
disparagingly referred to as ‘football music' 
by some session players, on account of the 
rows of identical note values. To avoid this 
trap for the inner string parts (typically the 
second violins and violas — see ‘Ensemble 
Line-ups’ box, opposite), try giving them 
some kind of rhythmic figuration, even if 
this is just a case of them repeating notes, 
or swapping notes with each other in some 
kind of rhythm. If you can incorporate some 
kind of melodic fragment into this figuration 
at some point where the rest of the track 
thins out momentarily, there are serious 
bonus points to be had. You wouldn't have 
a musical drum part without fills, and it’s 
the same with string parts. For the outer 
parts (typically first violins and cellos), the 
best thing is to try to conceive them as 
melodies in their own right, however basic. 
If they sound singable, that musical 
phrasing will add momentum to your track. 

There was a time when lush-sounding 
string overdubs were one of the 
hallmarks of a big-budget production, 

and while there’s still nothing that quite 
matches the sound of a real string orchestra, 
these days you can get amazingly good 
results on a budget. Pulling off this feat 
involves a combination of arranging, 
programming, recording and mixing skills, 
but most software sequencers provide all 
the tools you need to have a stab at it, even 
if you’re not confident with traditional 
musical notation. This article will pass on 
some practical advice to help you create 
good-sounding string parts for your track as 
quickly as possible, whether you're using 
samples or live string players — or both! 

Quick Fixes For 
String Arrangements 
Irrespective of how you plan to 
K. realise the sound of your 
B arrangement, there are lots of 

quick fixes that can help 
transform rookie string 

W arrangements into something 
■ more musically effective, 

regardless of your facility with 
^B notation. 

i make the 
I strings more 

■ Aim For The Gaps 

Strings can be tricky to 
pick out in a busy mix, 

k so try to direct string 
k parts into gaps in the 
B arrangement, such as 

those between lead 
^B vocal phrases. If 
J^B the strings are 
<^B playing alongside 
iT^B other rhythmic 
i W parts, you can 

Whether you're recording real players or using samples, 
our in-depth guide is your key to polished and 
authentic-sounding strings. 

V V I ' 

technique 
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Parts On A Budget 
a special effect. It's also not bad practice to 
give the lower parts enough time for their 
longer, heavier strings to speak properly, 
leaving fast runs and figurations mostly to 
the upper strings. 

* Fatten Up Solo Lines In Busy Tracks 

In busy commercial string arrangements, 
what sounds like a single string line is often 
actually harmonised. You can't pick out the 
harmonies particularly well because they're 

While simple block chords can work well on occasion, there’s a lot to be gained in most situations by giving the outer 
parts a bit of melodic contour, which helps add musical momentum. Some simple rhythmic figuration in the inner 
parts can also be very effective for increasing energy levels, and you can develop these figurations into little 
counter-melody fills at the ends of sections as well. All these techniques can be seen in action in the lower screenshot 
here, which is based on exactly the same progression as the upper screenshot’s block chords. 

partially obscured by other instruments, but 
they nonetheless help give the top-line 
melody more body in the mix. The simplest 
way to harmonise a melody like this is to 
copy the whole melody line: paste it either 
three, four, eight, or nine semitones below 
(listening for the one that works best); and 
then adjust any notes that don't harmonise 
well to the nearest neighbouring notes that 
do. Doubling 12 semitones below isn't 
usually quite as effective on its own and any 
other interval you try is likely to sound 
pretty weird. 

■ String Players Aren’t Fingers! 

Keyboard players are particularly prone to 
the mistake of treating a string ensemble as 
if it's a keyboard patch. The individual 
players in an ensemble are much more 
independent than a keyboardist’s fingers 
are, and good arrangements reflect this. Try 
to push beyond what can physically be 
played by a single keyboardist, particularly 
in terms of combining different playing 
techniques at the same time — how about 
pizzicato cellos and double basses, col legno 
viola trills, and a con sordino second-violin 
melody doubled by tremolo first violins an 
octave above (if this sounds daunting, check 
out the Jargon Buster box elsewhere in this 
article). I’d also suggest that all the 
instruments playing the same rhythm 
should be very much the exception, rather 

Ensemble Line-ups 
A stereotypical string ensemble will be made 
up of five sections: two groups of violins (first 
and second) and one group each of violas, 
cellos and double basses. In terms of relative 
numbers, more of the higher-pitched 
instruments are usually used, with the first 
violins in small ensembles often outnumbering 
the cellos two to one. For example, a small 
line-up might have four first violins, three 
second violins, three violas, two cellos, and 
one or two double basses. While it has 
become fashionable to use a slightly more 
bottom-heavy group in film work, this can 
work against you if you're producing a string 
overdub for a rock track, where it may make 
sense to ditch the double basses and even 
the cellos entirely. Another thing to watch out 
for is any situation where just two of any 
given instrument are playing together, 
because tuning discrepancies are much more 
obvious between two players than they are for 
a soloist or for groups of three or more. 
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► than the rule. A final tip for keyboardists: 
avoid lots of fast runs of five notes in a row. 
These might be easy for you to play on 
a keyboard, but can be a nightmare for 
string players because they have to keep 
crossing strings — a reason why amateur 
string sections so often struggle with 
Tchaikovksy and Liszt. Croups of four are 
usually much easier for the upper strings 
in particular. 

• All Players Are Not Equal 

If you're arranging for real strings and have 
any prior knowledge of the calibre of the 
players, it makes sense to try to adapt the 
difficulty of the arrangement accordingly. 
One of the trickiest things on a stringed 
instrument is playing musically and with 
a good tone, so it makes sense to reserve 
your main themes for the strongest players 
if you have the choice. 

If you don’t know the quality of the 
players before the session, then bear in 
mind that there is a tendency for 
educational institutions, in particular, to 
assign their most capable players to the first 
violin parts, and the less able to the second 
violins, while persuading some of those who 
would otherwise be left out of the ensemble 
to play a bit of viola as a sideline. The result 
of this is that it's fairly common for these 
parts to be less well played (and with 
inferior instruments) by amateur ensembles. 
Remember that it is perfectly acceptable for 
the first violin to duck below the second 
violin in pitch, or indeed for the cello to hop 
over the viola, if you feel that this will 
achieve a more satisfactory musical result. 

Writing Parts For Samplers 
& Virtual Instruments 

If you're planning to realise your string 
arrangement entirely with samples, you're 
spoilt for choice in terms of the number of 
sample libraries and virtual instruments 
available. Most are capable of producing 
truly lifelike results, but usually only under 
certain conditions, so getting the best out of 
them involves adjusting your arrangement 
a little to play to their strengths. 

The first thing to realise is that 
large-ensemble sounds are easier to fake 
than small-ensemble or solo textures — 
even state-of-the-art instruments like 
Carritan's Stradivarius still reveal their 
computerised undergarments if they’re not 
used carefully. If you have important 
exposed lines in your arrangement, it will 

It's now possible to obtain some very convincing string 
sounds from virtual instruments and sample libraries, 
such as those from Garritan and Vienna Instruments, but 
it can still take a bit of work to recreate the sort of 
complexities and variations inherent in live performance. 

really repay the effort if you record at least 
one real player and mix them in alongside 
your samples. This is a tried-and-trusted 
technique for television and advertising 
music, and is surprisingly effective at 
disguising the shortcomings of even budget 
sampled string patches. I've doubled a real 
viola solo with a no-frills solo cello 
multisample from my hardware rackmount 
sampler (remember those?) without giving 
the game away, for example. 

Other things that really show up the 
deficiencies of sampled string instruments 
are fast runs and expressive melodic lines. 
Both suffer from the inability of most 
sampled instruments to simulate the effects 
of slurring — playing every note with 
a separate bow is pretty unnatural for string 
players, and even live string players have 
trouble playing musically unless they can 
slur some notes together. Good string 
players will also tend to slide between 
selected notes in legato lines, breathing 
more life into a phrase, and this is a feat 
that few virtual string instruments even 
attempt to replicate. Again, if you're relying 
on samples to create your string sound, try 
to avoid these traps in the arrangement 
unless you can supplement the sound with 
a live recorded line or two. 

Improving The Sound 
Of Sampled Strings 

The main problem with many sampled string 
patches is that the sampling process robs the 
overall sound of some of the complexity 
you'd get in a real live recording, so anything 
you can do to reinstate some of that 
complexity is likely to improve things. 
Layering several different string patches can 
help, particularly if you give each a slightly 
different vibrato depth and rate. You can 
sometimes get away with less-than-stellar 
individual patches if you pile up two or three 
together. What’s particularly important, 
though, is that you try to use fairly 
contrasted sounds, in order to avoid 
a phasey combination — many sound 
modules have a variety of different string 
patches based on the same raw samples, so 
try to avoid using those together. A low-level 
tremolo patch underneath your normal arco 
strings is another way of adding complexity 
without too many phasing problems. 

Layering in a few low-level double-bass 
pizzicato notes is a useful trick to give a bit 
of urgency to an otherwise arco 
arrangement, so I’d definitely recommend 
trying that. Top professional arranger 
Richard Niles shared another great layering 
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Tips For Recording Strings On A Budget 
For detailed information about recording string 
instruments and ensembles, you can check out 
Hugh Robjohns' article in the Further Reading' 
box. However, in addition to what Hugh has to say 
there, I thought it would be worth adding a few 
little pointers for making the best of the 
less-than-perfect players and recording situations 
you're likely to meet working on a budget. 

If you're recording a single instrument, the main 
thing to remember is not to mic too close, because 
string instruments put out a lot of mechanical 
noises which can dominate the sound unduly at 
mic positions closer than a couple of metres away. 
A bit of room sound isn't a bad thing either, so 
don't be afraid of using omni mies if your recording 
room doesn't sound too bad. 

For ensembles, the first thing to say is that it's 
easiest to try to capture the whole sound with 
a single stereo mic rig if at all possible, and then 
make up for any balance problems in the 
old-fashioned way — by routining and 
respositioning players. Unless you're confident 
about dealing with the phase relationships 

tip with us back in SOS June 2000: 
"Whenever I do string arrangements, I will 
always also use a harp, because harps are 
very good for that sort of pop ‘whoosh’ up to 
choruses." 

Unless the string part is very simple 
indeed, or completely buried in the mix, it’s 
much better to work with separate MIDI 
channels and sound sources for violin, viola, 
cello and double-bass parts, rather than just 
relying on pre-mixed ‘ensemble strings' 
patches. For a start, it lets you have different 
playing techniques on different parts where 
necessary, and opens up great textural 
possibilities, such as high cello melodies 
accompanied by low-register violins and 
violas. It also allows you to switch the 
individual parts into monophonic mode and 
then use MIDI portamento controls (typically 
MIDI Continuous Controller numbers five, 
65, and 84) in tandem with overlapping MIDI 
notes to simulate some of the expressive 
effects of slurring and finger slides. 

Irrespective of whether you split the 
ensemble into separate parts, there are some 
MIDI programming tweaks worth 
experimenting with. The first is using a MIDI 
Continuous Controller to adjust volume 
levels in real time — CC#7 and/or CC# 11 are 
usually assigned to this as standard in sound 
modules, but you might need to set it up for 
yourself in some cases. One of the things 
that distinguishes real string parts from 
keyboard string patches is that bows are 
better at dynamically adjusting playing levels 
than keyboard keys typically are, and swells 
are usually an important part of the appeal of 
real strings. To a lesser extent, using your 
keyboard’s mod wheel (which usually 
outputs CC#1) to adjust vibrato depth in real 
time, perhaps only on one of the patches if 

between lots of mies, multi-miking makes it 
trickier to get as good a sound, in my experience. 
Remember, as well, that you don't have to sit the 
players the way you would put them on stage, and 
moving them around a bit can help the balance. In 
particular, turning the viola section so that it's 
more on the angle of the second violins can help 
project their sound better out to the main mies. 

Despite my generally recommending sticking 
with a single stereo mic pair, if you're relying on 
the strings to supply low end to your mix you'll 
almost certainly want to put up an additional spot 
mic on the cellos and double basses as well. This 
is something Hugh did in the live string session 
which accompanied the SOS May 2006 article, and 
it's difficult to provide the kind of low end many 
people now expect in commercial non-classical 
productions without this extra mic. 

Everyone has their own preferred stereo miking 
methods, but I've found strings (especially violins) 
to be particularly unforgiving of less expensive 
cardioid mies, whereas cheaper omnis and 
figure-of-eights seem to cause fewer problems. For 

you’re layering, will also make the sound 
more organic in a way that many musicians 
are looking for. 

If you can get real-time control over the 
attack and release times of your string 
samples (often assigned by default to CC#73 
and CC#72 respectively), a bit of careful 
work with these will let you sneak the strings 
in and out of the texture slowly during your 
verses and pre-choruses, but then punch 
through confidently when the chorus riff 
comes along. In my experience, attack and 
release times are frequently the secret 
ingredient that transforms the phrasing of 
melodic lines into something more like 
real music. 

Live Strings: Getting Around 
The Notation Problem 

Nothing beats adding in a few live parts for 
improving the realism of a whole sampled 
string arrangement. Multitracking a single 
violinist playing along with the top line of 
the arrangement can make a terrific 
difference just on its own, and this approach 
can also pay dividends for exposed lines in 
other parts. However, many home studio 
owners fight shy of involving live string 
players because they don't feel confident 
with creating the notated parts required for 
all but the simplest of overdubs. Almost all 
sequencing software has built-in scoring 
facilities, but what they output by default is 
often, in reality, practically impossible to 
play from unless tweaked by someone in the 
know. Fortunately, for small-scale string 
recordings this needn't be an obstacle, 
because the string players themselves can 
bail you out. Here’s what to do... 

First, get the string arrangement working 
to your satisfaction with the sampled sounds 

this reason, XY or ORFT wouldn't be my first choice 
for a budget session. In fact, even with better 
mies, these setups can emphasise scratchiness 
amongst any less-experienced first violinists, 
because of the brighter on-axis response of the 
mies. I'd suggest using the M/S technique if you 
can, and if you're using switchable polar-pattern 
mies as well, changing the pattern of the middle 
mic gives you a lot of control over the amount of 
room sound — something that can be really useful 
in slightly dodgy-sounding venues. 

For monitoring purposes, string players usually 
prefer to wear only one side of their headphones, 
as this gives them immediate acoustic feedback 
from their instrument (particularly In an ensemble 
context) and makes it easier for them to control 
the sound they're making. Players with little 
experience of studio recording may not work this 
out for themselves, so It's worth discussing it with 
them. If the player is using only one headphone, try 
to kill the other side of the headphone feed to 
reduce spill onto the recording, especially if you're 
using any kind of click track. 

running from your sequencer. Any parts 
you’re planning on doubling with live 
instruments should be separated out onto 
separate MIDI tracks, and checked to make 
sure they’re in a suitable range. The very 
highest registers of each instrument are best 
reserved for special effects, and if you do 
use them, try to avoid fast runs, which can 
be very difficult to play without sounding 
scrappy. Despite what you might find on the 
Internet regarding the theoretical ranges of 
string instruments, unless your players are 
professionals I'd recommend restricting 
yourself to the following MIDI note ranges 
(based on middle ‘C being C3), as that will 
make it much easier for your players reliably 
to give you a full sound: 

• Violin: G2 to E5 
■ Viola: C2 to A5 
• Cello: Cl to A4 
• Double Bass: E0 to C2 (some double 
basses go down to CO, but it depends on 
the specific instrument.) 

Once you've checked the ranges, switch over 
to the scoring window of your sequencer so 
that it shows the first part, and make sure 
that it’s been given a suitable clef — usually 
there are built-in scoring templates which 
can be assigned to each part and which 
automatically select appropriate clefs, but if 
you have to select them manually, choose 
the treble clef for violins, an alto clef for 
violas, and a bass clef for the cellos and 
double-basses. Note that double-bass players 
play an octave below what they see written, 
so you might need to shift ail the notes of 
the double-bass parts up by 12 semitones if 
your sequencer’s templates don't do this for 
you in the score window automatically. 
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If you find notation a daunting prospect, don't worry: 

you can simply record or program parts as usual and 

use your sequencer’s score editor to communicate the 

basics to a string player. If you also give the player 

a paper stave and a pencil, you’ll probably find that 

they’re happy to write the part out more fully 

for themselves. 

Finally, quantising the string parts as much 
as you can get away with (while avoiding 
actually changing the basic rhythm of the 
part) is a good idea, as it'll make the printed 
part easier to read. 

And that’s all the score editing you should 
need to do, because although those parts 
may still be a bit rubbish to play from, you’re 
not actually going to ask the players to do 
that. Instead, get hold of some pencils and 
some A4 sheets of looseleaf manuscript 
paper and ask the string players to jot down 
a part, based on the raw printout, for 
themselves to play. 

This might seem like an unnecessary 
annoyance for the players, but there are 
several reasons why it can work really well. 
The first is that some string players have 
a tendency, when presented with printed 
parts, simply to play what is written, 
irrespective of whether it's going to sound 
any good. Putting together their own part 
based on your printed guide, however, 
makes it much more likely that they’ll be 
pro-active about discussing adjustments to 
the part which might improve the sound, 
either for involved technical reasons, or 
simply because they are most acquainted 
with what they can and can't make sound 
good on their instrument. That said, this way 
of generating parts works best when there 
are only one or two players per part — if 
you're doing any string session larger than 
that, you'd be best advised to get someone 
to help you with putting together parts 
beforehand, to avoid wasting session time. 

With pencils already in action, you can 
also pick the players’ brains about which 
bowings might work best. Faster figurations 
can often be made much more 

sweet-sounding when they are judiciously 
slurred, for example; stamping chords might 
work better with repeated down bows; and 
dramatic crescendo swells favour up bows. 
Expressive bowing is difficult to achieve with 
samples, so it’s one effect which you might 
as well take full advantage of if you’re going 
to go to all the trouble of setting up a live 
recording session. 

Speaking of crescendos, you’ll need to 
indicate to the players how loud or soft you 

want different sections to be played, and if 
there are any important build-ups. The 
players can then translate your instructions 
into their parts in the manner that is most 
useful to them. Furthermore, they'll be able 
to adjust their bowing to make sure they 
have enough bow to really let rip when you 
need them to. 

One final thing I always insist on is that 
everyone writes bar numbers into their parts 
(to match up with the bar numbers in your 
sequencer), as this makes rehearsing and 
recording takes a lot quicker and easier. 

Session Direction 

You've done the arrangement. You've 
organised your string session. You’ve got 
notation in front of each of the players. So it 
should all be downhill from here, right? Well, 
not quite... 

If you were working with top pros, you 
could pretty much sit back and relax, 
knowing that they'd be doing everything 
possible to make you (and them) sound 
good. However, most budget string-sessions 
rely on the services of amateur players who, 

as much as they're a whole lot better at 
playing their instruments than you are, can 
still often benefit from a little objective 
musical direction. So an important job you 
need to do during the recording session (in 
addition to handling your studio gear) is to 
listen critically to what is coming through 
the monitors, to be sure that it’s all 
sounding the way you want it to. 

There are lots of things to be on the 
look-out for, with less experienced players 
in particular. First of all, just as with guitar 
parts, check that the strings are in tune — 
this is especially important if there are any 
prominent open-string notes in the 
arrangement, as players are unable to 
adjust these by ear while playing, in the 
way they can with stopped notes. Don't be 
afraid to ask players to tune individually if 
necessary, as some amateur string-players 
won't concentrate enough on it otherwise. 
Even if the instruments are perfectly in tune, 
you still need to keep an ear out for dodgy 
tuning, much more than you might expect 
to with fretted stringed instruments such as 
guitars. In particular, listen out for any 
situations where pairs of instruments are 
doubling each other in octaves, as this can 
really expose tuning inaccuracies. Draw the 

players’ attentions to any such doublings, so 
that they’re primed to listen to each other 
carefully, and encourage the lower part to 
play a little more strongly than the upper 
part, as that tends to make small 
discrepancies less obvious. 

Something I always make a special point 
of listening for is violinists playing their open 
‘E’ strings. The 'E' string is actually of 
a different construction than the instrument’s 
other three strings, and as a result has 
a habit of zinging out rather too piercingly 
compared with either stopped notes or any 
of the other open strings — particularly on 
instruments which don't cost the same as 
a three-bed semi-detached! Keep a close ear 
out for these, and if they are becoming 
obtrusive then talk to the players about 
possibilities for avoiding them, by playing 
the note on the neighbouring ‘A’ string 
instead. There is almost always a way 
around playing open ‘E’ strings — in fact 
there are apocryphal tales of some 
professional orchestras fining violinists for 
playing any! Violas can also exhibit the same 
problem with their top 'A' string, although 

“It’s much better to work with separate MIDI channels and 

sound sources for violin, viola, cello and double-bass parts, 

rather than just relying on pre-mixed ‘ensemble 

strings’ patches.” 
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String players usually have a choice of strings upon which to play any 

given pitch, although this involves moving the left hand from its default 

position near the tuning pegs. These four pictures here show the same 

pitch (A#) being played on the four strings of a viola in this way. Although it 

takes a little more concentration to play with the left hand out of its default 

position, the other hand positions provide different (and often more 

suitable) tonalities that sample libraries rarely include. 

it’s usually offset a bit, in my experience, by the viola’s more 
mellow overall tone. 

Fingering Positions & Ensemble Timing 

Another important thing to bear in mind is that string players 
have a lot of choice as to which string they actually play 
any given note on. For example, the 'B' above middle ‘C could 
be played on any of the violin’s lower three strings, but on the 
lower strings the player has to move their left hand away from 
its default location, close to the tuning pegs (this is called ‘first 
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► position’, and is where playing is usually 
easiest) and further up towards their nose 
(into a higher fingering position, which 
demands a little more concentration from the 
player). Many string players, left to their own 
devices, will blithely play your whole chart in 
first position, because it's easier for them, 
despite the fact that higher positions often 

provide a warmer, more evocative tone. So if 
an important melodic line is sounding a bit 
thin and/or edgy, try asking the players to 
play the same notes on the string below, 
where the necessity of playing in a higher 
fingering position will frequently round out 
the timbre. 

Fingering positions can also really help to 

Jargon Buster 
• Arco: The normal string-playing technique using 
the bow. 

* wing String players can play with the bow by 
pushing their right hand either away from the 
instrument (a 'down bow') or towards it (an 'up 
bow ), and can also choose how many notes to 
play in a single bow stroke. The specific bowing 
that they use can dramatically affect the sound, 
so It is common practice for players to decorate 
their notated part with bowing indications for 
the sake of consistency. 

• Clef: The notation symbol which usually appears 
at the left-hand edge of each line of traditional 
musical notation. It is used to indicate which 
lines and spaces correspond to which pitches. 

• Col Legno: An unusual playing technique, where 
the wood of the bow touches the string, giving 
a thin, ghostly, glassy sound much loved by film 
composers for sci-fi and horror scenes. 

• Con Sordino These words in a printed part 
indicate to the players to attach a little mute to 
the bridge which gives the sound a more 
closed, reedy quality of which I'm a great fan. 
The mutes are detachable, though, and are 
easily lost, so if you plan on using mutes for 
a recording session, be sure to mention this to 
the players in advance. 

• Fingerboar The slightly curved black strip of 
wood running down the centre of the instrument 
where the player uses the fingers of their left 
hand to stop notes, effectively changing the 
length (and therefore the pitch) of the string. 

• Fingerin String players can choose which 
finger to use on which string to reproduce 
a given notated part, and because there are 
often several different fingering options for 
a given piece of notation, players will often 
write numbers and Roman numerals above the 
notes to clarify which to use as they read. 

• Legato Smooth playing, often using only a few 
bows for many notes. 

• Monophonic: Instruments are monophonic if 
they can play only one note at a time. Although 

string instruments are not strictly speaking 
monophonic, playing more than one note at 
a time (double-, triple-, or quadruple-stopping) is 
technically difficult to do and you'll almost 
certainly get nicer-sounding results on a budget 
session if you avoid it. 

• Open String: A note played without stopping the 
string using the fingers of the player's left hand. 
This gives a more strident sound which rings on 
for longer. 

• Portamento: When working with a MIDI 
instrument in monophonic mode, you can often 
set things up so that overlapping notes have an 
automatic expressive pitch-slide between them, 
called portamento (or sometimes glide ). If 
portamento is available, then there is usually 
some control over the rate of the pitch slide, via 
a parameter called Portamento Time. 

• Pizzicat Plucking the strings with the fingers 
of the right hand. 

• Semitone: The pitch interval between adjacent 
MIDI notes, for example C4 and C#4. 

• Slur: A curved line in traditional musical 
notation which indicates to the string player 
that several notes are to be played with 
a single stroke of the bow. giving smoother 
transitions between notes. 

• Staccat Detached, spiky playing style, 
contrasted to legato. 

• Tremolo A playing technique where the bow is 
moved backwards and forwards a small 
distance as fast as possible. In ensembles, this 
gives a shimmering effect, often used to 
indicate tension or suspense by film composers. 

• Tril Rapidly alternating between two 
closely-spaced notes, using the fingers of the 
left hand, while slurring them all together with 
the bow. 

• Vibrato: An expressive pitch modulation 
Introduced by wobbling the left hand back and 
forth during playing. String players learn to 
adjust the nature of their vibrato as each note 
progresses, for a variety of effects. 

The key consideration when mixing is your choice and use 
of reverb. A good convolution reverb, such as Altiverb 
(pictured) can make all the difference, and if you’re mixing 
and matching different sounds, sending some of the signal 
to the same reverb can help make things sound much more 
‘together’. 

add something special if there are melodic 
lines that include large upward leaps. The 
easiest way to play these leaps on a stringed 
instrument is by crossing over to a higher 
string. However, if you stay on the same 
string instead — and do the leap by moving 
the left hand into a higher fingering position 
(called ‘shifting position’) — you get 
a characteristic little pitch glide which can be 
very emotive. This is something that 
characterises good live string playing, and 
that samples simply can’t do for you. 

For recording ensembles, timing can be 
another common issue. Some less confident 
string players have a habit of waiting 
a fraction of a second at the starts of sections 
— until they’re sure their neighbour is playing! 
This can turn what should have been forceful 
entries into damp squibs. The easiest solution 
to this problem is breathing. Yes, I know that 
these aren’t wind instruments, but the simple 
act of everyone taking a breath together on 
the beat before the entry is usually enough to 
get all the players coming in firmly on cue. If 
the ensemble are shifting out of time with 
each other midway through a section, try to 
encourage them to move a little with the beat, 
because the extra visual cues this sets up 
between them will help here. 

Something people commonly want from 
string parts is intensity and passion, but some 
classically trained string players can be 
inclined towards a more measured delivery. 
A couple of quick ways I've found to 
encourage more gusto are asking the players 
to use more bow, or to use more vibrato. 
A side-effect of the latter request is that most 
string players will press slightly harder on the 
string with the fingers of their left hand, 
giving notes a greater sustain and a clearer 
sound-quality — great for nice fat 
pizzicato notes. 

Mixing Considerations 

The main consideration when it comes to 
mixing strings, whether sampled or real, is 
your use of reverb. Many sampled sounds are 
deliberately much drier than real recorded 
string sounds, so a good concert-hall reverb 
(something convolution-based would be ideal 
here) can enhance the impression 
tremendously. On the other hand, recorded 
live strings almost always have some reverb 
on them from the room they were recorded 
in, but when you're working on a budget 
they’ll still benefit from something to give 
them a bit more of a ‘big studio’ sound. You 
may find that using a reverb patch with fewer 
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Layering Takes To Create An Ensemble Sound 
It is very common for people to attempt to create 
the sound of a larger ensemble by layering together 
several takes with only a few players, but this 
usually gives a rather unrealistic kind of chorus 
effect instead. To avoid this, it's vital that you try 
to differentiate every take sonically. Many 

instrumentalists have more than one instrument, 
for example, so try layering takes of both — a pair 
of friendly violinists might even be happy to swap 
instruments between takes. Try getting the players 
to play some takes in different fingering positions, 
or con sordino. Change mies and mic positions to 

change the level and nature of the captured room 
sound, or, as an alternative with 
a one-person-per-part ensemble, set out chairs for 
a larger orchestral setup and then record 
subsequent takes with the players seated in 
the different chairs. 

When you’re short of players and you need to overdub, a good trick is to record the different takes in 

different positions. Keep the mic a fair distance away, so as to capture some room sound, which will 

help to make the tone different for different takes, thus creating the impression of different 

instruments and avoiding potential phase problems. 

early reflections and/or a longer pre-delay 
time will help to avoid it conflicting with the 
ambience within the recording itself. 

If you’re combining real string overdubs 
with a sampled backing, you should try to 
use at least one reverb which is common to 
both parts, to help them blend together, 
although I find that you usually need a little 
extra ambience on one of the parts as well, to 
sit it with the other. The big problem with 
adding reverb, though, is that it can quickly 
clutter up your mix, so be prepared to 
shorten reverb times, particularly when 
working with up-tempo tracks, and consider 
high-pass filtering the effect return — the low 
frequencies of concert-hall reverbs, in 
particular, can be problematic in 
commercial-style mixes. Other than reverb, 

a little chorusing can help to add complexity, 
and particularly stereo width, to strings, but 
if you overdo things you can end up with 
a sound like a string machine! 

The string tracks themselves can easily 
clutter up a busy mix, even without added 
effects, and you’d be surprised how severely 
you can high-pass filter them in many cases 
— you may just need a slightly higher level of 
lower instruments in the string mix to help 
maintain the subjective balance in the 
remaining frequency regions. The other 
problem is that strings are often required to 
switch roles a lot, from background pad to 
foreground hook, which can make a decent 
static mix balance impossible to achieve for 
many arrangements. The most powerful 
remedy to this is level automation, which lets 

you dip the levels when the strings are 
holding background chords, and then just 
nudge up any little chord changes, fills, or 
melodies as required. Automated EQ may 
also help here, to give a little extra brightness 
and definition against sections of the song 
with lots of HF-rich instruments such as 
cymbals and distorted guitars. 

Mantovani To Metallica 

Whatever style of music you’re working in, 
the desire for a nice, lush string sound 
seems to crop up once in a while. Hopefully 
this article has provided you with enough 
information to achieve reasonable results on 
those occasions, without having to shell out 
loads of cash or spend ages wrestling 
with notation. ES 

Further Reading 
• Wikipedia 
Wikipedia is a surprisingly good bet if you want to 
find out a bit more about the workings of the 
different string instruments. Although people 
sometimes question the reliability of some of the 
user-generated content on Wikipedia, the pages 
covering violin, viola, cello, and double bass seem 
to me (as a string player myself) to be pretty much 

on the money. 
□ www.wikipedia.org 

• Rimsky-Korsakov's Principles Of Orchestration — 
Garritan Interactive Version 

Here you can find a free on-line version of one of 
the classic orchestration texts, complete with 
interactive audio examples realised by Garritan's 
Personal Orchestra. If you can handle notation and 
want to hone your string-arranging skills, there's 
a lot to be picked up here. 
□ www.northernsounds.com/forum/ 

forumdisplay.php?f=77 

• Recording A String Section Theory & Practice 
Recording a very large string section is a task that 

is beyond the scope of the current article. 
Thankfully, though, this subject was covered in 
depth by Hugh Robjohns. back in SOS May 2006. 
As well as taking you through mic techniques, this 
article also includes some very useful comparative 
audio examples. 
□ www.soundonsound.com/sos/may06/articles/ 

recordingstrings.htm 
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control surface on test 
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Euphonix MC Pro 
Assignable DAW Control Surface 

Euphonix's EuCon control protocol first saw the light 
of day in their high-end digital mixers. Now it has the 

potential to revolutionise the world of the project studio. 

Hilgrove Kenrick 

Skywalker Sound, Todd-AO, Digital 
Factory, Pinewood and Shepperton, 
Park Road Post: the install list for 

the Euphonix System 5 console and its 
variants covers most of the big names in 
post-production. Synonymous with very 
high-quality engineering, and chill-inducing 
price tags, Euphonix are up there with Lawo, 

Harrison, AMS Neve and SSL in the realms of 
real pro audio. 

Now Euphonix have turned their hands 
to a pure control surface with no audio 
pathways, and in doing so, have attempted 
possibly the most ambitious surface ever 
devised: one with no ties to a specific 
platform or operating system, and a truly 
open-ended architecture. On its own, this 
controller is known as the MC Pro, but it can 
also be paired with fader banks and other 

extras to create the System 5 MC (see the 
‘Banking On The Future’ box). 

On most control surfaces, buttons, 
switches and, to a lesser extent, sliders and 
knobs have fixed purposes, or a limited set of 
alternatives. In general, functions are locked 
to certain buttons, be they for transport 
controls, track arming or whatever: so to 
operate the product, the user must conform 
to the designer’s idea of how to work. As 
mentioned before, they are also commonly 
locked to a limited number of platforms. 

With the MC Pro, Euphonix have torn up 
the rules for control-surface design, to create 
something completely flexible. To boil it 
down, if you want this particular control here, 
it'll let you put it there. If you want to manage 
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The trackball and shuttle wheel feature identical 

layouts of assignable controls. These use Euphonix's 

smart switches, which are at the core of the MC Pro’s 

power and flexibility. 

an operation this way, it'll let you — there 
are no dictates on how you should work. 
Although It arrives with a default template 
installed, the user is free to adapt it to his or 
her own way of working. 

Smart Switches 

At the core of the MC Pro’s capability are the 
so-called smart switches. These buttons have 
little embedded LCDs capable of displaying 
text and bitmap images, and of turning blue, 
orange, red or green (or from one to the other 

Euphonix MC Pro £10,281 

pros 
• Ultimate flexibility. 

• Works with virtually any software. 

• Simultaneous control of multiple workstations. 

• Did I mention flexibility? 

cons 
• No VST Instrument control in Nuendo yet 

• EuCon licence costs vary from platform to 

platform. 

• The prototype's ability to swap the positions of 

the jog wheel and trackball has been lost. 

summary 
If you want a control surface that will allow you 

to work the way you want to work, rather than 

the way the manufacturer thinks you ought to 

work, this could be the one for you. 

Going Soft 

Across from the master section is the Soft 
Knob section, which will be one of the most 

to denote on or off). They embody everything 
the MC stands for — they can display 
anything, just as they can control anything, 
and while each has a default command 
assigned to it, every individual smart switch 
can be set to do whatever you want. All the 
sections also have bank controls, a bank being 
a layer of set functions for the smart switches 
— change bank, and they all change to a 
different set of commands. As we go through 
the surface, I’ll describe the default functions 
of the controls, but keep in mind that any or 
all can be different if you so choose! 

Starting from the left on the lower half 
of the MC Pro, one finds the left-hand Edit 
Control, a wonderfully weighty and solid jog/ 
shuttle wheel with four bank buttons to select 
different control layers on the smart switches. 
The smart switches themselves are arranged 
in a blue column of six down the left, and 
default to zoom and nudging controls. In 
a row across the top are a further 10 orange 
buttons, which default to the likes of Trim L/R, 
move, snip, fades, clip gain and mute. 

The middle of the lower half houses 

utilised sections of the surface. Although it's 
laid out in a square, it’s easiest to think of 
these knobs as being a single channel-strip, as 
they perform control duties for EQ, dynamics, 
aux sends and plug-in controls. Each of 
the eight knobs has its own smart switch, 
automation read/write and on/off buttons, 
and the area is capped by configuration and 
banking buttons. In operation in, let’s say, EQ 
mode, the smart switches change to reflect 
the frequency or Q they are controlling, with 
the LED halo around each knob providing 
a quick-glance overview of its position. 
Change to Dynamics and they display 
threshold, release and so on instead. As we’ll 
see later, this area allows you to call up, insert 
and edit plug-ins. This section also features 
an Assignable knob — again, more on this in 
a minute. 

Next along is the largest collection of 
smart switches — 24, in four rows of six 

a standard QWERTY keyboard recessed into 
the surface. To the right of this is the second 
Edit Control. In terms of its visual layout, this 
is a mirror of the left hand one, but instead of 

— forming the Soft Keys section. Six bank 
switches across the top give access to a total 
of 144 commands. As a quick overview, 
bank number one covers the likes of (create) 

a jog/shuttle wheel it uses a trackball and cuff 
surrounded by four click buttons. The smart 

New, Save and Open, along with window 
commands to show or hide the mixer, video 

switches on this side default to green and red window and so on. On top of the six banks, 
transport controls across the top, and blue some individual commands are further 
marker and region selection buttons down 
the right. 

nested, such as the tool menus: select the 
file button and the switches change to reflect ► 

Moving to the upper half of the surface, 
the left-hand end houses the monitoring 
controls. This section interfaces with either 
the Control Room in Nuendo, or the supplied 
Studio Monitor Express software, giving you 
hardware control over monitoring levels for 
three sets of outputs — the top pair scroll 
through your different monitor feeds, the 
lower one is fixed to the control room. Each 
has its own knob and LCD scribble strip, and 
there are master dim, cut and speaker switch 
buttons. 

Also in the section are master buttons for 
clearing mutes or solos for the entire project, 
which usefully light up to 
denote if either status types 
are present. Below these 
is a big Talkback button 
for — yes, you’ve guessed 
it — talkback, either using the 
tiny internal mic on the top 
panel of the MC Pro, or a mic 
plugged into the rear. 

The Soft Knob and Soft Key 

sections are where much of the MC 

Pro’s power resides, as these can 

be assigned to control complex 

functions or sets of functions 

within your DAW. 
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control surface 

EUPHONIX MC PRO 

The touch-screen's 

default mode is 

a matrix display 

of all the tracks 

within your 

project. 

how they’d 
managed 
to make 
something 
without any! 
It is that 
quiet. Handy 
inclusions are 
a headphone 
input jack 
which passes 
through to an 
output on the 

Sonar 7.02 or Logic 7 and 8 users, nothing 
need be done, as EuCon is already built in to 
the software. If all you are planning on doing 
is controlling a HUI-capable application, then 
no licence is needed, and the basic OS applet 
itself can be installed on any machine purely 
for the purposes of keyboard and mouse 
control if needed. 

Flick the switch on the desktop PSU (why 
oh why won’t it reach the floor?), and the 
touchscreen displays a normal BIOS POST 
screen, followed by Windows XP loading. 
A minute or so later, the MC Pro CUI appears 
on the touchscreen, and a prod of the 
trackball moves the cursor on your DAW 
machine. At first, the MC Pro's buttons are 
largely blank, as we’re navigating around 
Windows XP, but on launching Nuendo 4, 
suddenly all springs to life, with all the 

► the commands available to you, just as if you 
had clicked the mouse on the file header on 
the toolbar. 

Tilted towards the user, the next item 
on the tour is the TFT touchscreen, which is 
central to the MC Pro's control capabilities. 
The main Tracks window gives you a matrix 
overview of all the tracks in your project, 
including their solo, mute or arming status, 
along with names and track numbers. There’s 
also a useful SMPTE and MBT (Measure, Beat, 
Tick) readout. Touching a track automatically 
highlights it and brings all of its respective 
controls to the surface. The touchscreen is 
also used to program the MC Pro, through 
simple menus to choose what commands 
are assigned to what controllers, and what 
colours, text or bitmap images the smart 
switches should display. Each separate section 
of the surface has its own Setup button, which 
brings up a menu on the touchscreen to edit 
the controls. 

Finally, to the right of the screen is either 
a bank of four 100mm faders or a pair 
of motorised joysticks. In the case of the 
faders, each has six-bar-plus-clip-LED input 
and output meters alongside, with buttons 
for arming, channel select, automation and 
the Euphonix Wave-key which brings that 
track into focus on the rest of the MC Pro. 
They’re topped off with master solo and 
channel on buttons. On the right-hand edge 
are nudge and bank controls for the faders, 
to switch their focus in banks of four or step 
along one by one. At the top are the four 
Workstation select switches, to chose which 
EuCon-connected workstation you want to 
control, more on that (again!) later. 

To conclude the tour, the rear panel houses 
the RJ45 Ethernet port and a screw-lock 
connector for the external power supply. This 
is a modified PC unit with a short cable for 
putting it on the desktop. Incidentally, the 
only fan throughout the MC Pro is in this PSU, 
and I only found out after asking Euphonix 

underside of the front, footswitch jacks for 
pedal activation of talkback and an XLR for 
outputting the internal talkback microphone. 
A PS/2 connector enables you to attach 
another keyboard, a VGA output allows you to 
connect a larger external screen, and a single 
USB socket is used for connecting a memory 
stick or the like to transfer data and updates. 

Networking 

Installation is fairly straightforward. The 
MC Pro connects via Ethernet, and ships 
with a four-port router which must be 
connected up to the surface and whichever 
workstation(s) it's going to be controlling. 
One point to note is that it must be on its 

previously mentioned control defaults lighting 
up across the surface, the track list of your 
current project filling the touchscreen, and the 
monitor control LCD telling you the current 
setting of the control room output. 

Smart Work 

Using the MC Pro on the default command 
settings, the logic of it immediately becomes 
clear. It’s an absolute joy to be able to edit 
fades and lengths, splitting and muting 
sections whilst zooming in and out where 
necessary, all without moving hand from the 
trackball or jog/shuttle. This is truly what 
control surfaces are for: to put the user back 
in control, and eliminate the need for endless 

own separate network to anything else 
you have going on — in my case I used my 
own network for MIDI-over-LAN and sample 
streaming — as the EuCon protocol it uses is 
both high-bandwidth and time-critical, and 
you don't want anything else getting in the 
way of the data packets. 

To get EuCon running on your DAW 
machine, an applet is installed into the 
operating system: Windows XP and Mac OS 
X are supported in 32-bit configurations only 
at present, with 64-bit support and Vista 

clicking, menus or tool-type changes just to 
carry out simple operations. 

More logical still are the soft knobs, 
especially considering the number of different 
things they can control. Touching an audio 
channel on the screen brings it up on the 
knobs and their associated smart switches, 
offering EQ, dynamics, auxiliaries, inserts 
and so on. As detailed earlier, pressing on the 
EQ switch activates your DAW’S channel EQ, 
with the requisite values appearing on the 
switches. This also opens the EQ window on 

compatibility to follow 
shortly. The final hurdle is 
the EuCon licence, which 
comes in several forms; 
in the case of Nuendo it's 
a separate licence which is 
installed on the Synchrosoft 
dongle alongside the other 
Steinberg licences. Pyramix 
users must have Merging’s 
own control protocol, 
OASIS, installed, as EuCon 
dovetails with that. For 

The MC Pro has just four 

motorised, touch-sensitive faders. 
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EuCon Developments & Support 
The Euphonix Control Network (see news item in 
last month's SOS) was originally developed for 
the company's System 5 consoles, but is now 
supported natively in several of the top DAWs. 
At the time of writing. Cakewalk's Sonar 7.0.2 
had just joined the list, along with Apple's Logic 
7.2.1 and 8. Steinberg's Nuendo 3.21 and 4.1, 
and Merging Technologies' Pyramix 5.0.12. 

A EuCon Client applet is installed on your 
computer, along with XML templates that create 
Applications Sets for programs. The EuCon Client 
also emulates Mackie's HUI protocol, so the MC's 
faders. buttons and knobs can be used to control 
applications that don't support EuCon directly. 

like Pro Tools. Unlike HUI. however. EuCon has 
inbuilt support for pointing devices and standard 
keyboards, as well as faders and other specialised 
controllers. This is what makes it possible to 
assign an MC Pro button to a whole series of key 
combinations, menu commands and macros, to 
create single-button shortcuts for complex actions. 

The down side is that some DAW producers 
charge for EuCon support, such as Steinberg 
(£611 including VAT) and Pyramix (£176.25 
including VAT), while others make it free (Apple 
and Cakewalk). The Steinberg fee seems rather 
excessive, particularly given the premium price 
already charged for Nuendo. 

the DAW, so you have two choices of where to 
look and see what you're doing. 

The MC Pro’s default Nuendo setup makes 
it easy to access and edit plug-ins entirely 
from the controller. When you hit the insert 
button, you first pick which of the eight 
slots into you want to place the plug-in, and 
then the smart switches change to reflect 
the plug-in hierarchy on the DAW. In my 
case, this means Nuendo's default listings of 
delay, distortion, dynamics and so on, but it 
also picked up my Powercore folder and all 

the other installed VST plug-ins. The paging 
buttons at the top are used to scroll through 
lists of more than eight plug-ins. 

Pressing the Dynamics button, for 
instance, changes the switches to list all 
the plug-ins that come under that heading. 
Choosing one results in the relevant plug-in 
window popping up on the screen, the 
plug-in appearing in the chosen insert point 
and, without further ado, all the relevant 
parameters appearing across the switches 
numerically, their values indicated by the LED 

halos around the knobs, ready to tweak away. 
To do so much without having to move hands 
around, or switch between keyboard, mouse 
and controller, speeds up working practices 
no end. The knobs are touch-sensitive, 
and capable of measuring acceleration and 
deceleration in both directions. 

The four faders, too, are customisable: 
you can bank around your project in batches 
of four, nudge them along one by one or 
permanently lock faders to specific tracks. 
In the last case, there's an extra parameter 
which, again, demonstrates the design 
ethos: lock to ‘attentioned’ track. When this is 
selected, that fader will always show values 
for whatever track is highlighted in the DAW, 
so there's no confusion of doing one thing 
with a mouse or knob and then finding you 
need to scroll around to find the right track — 
it's there in front of you at all times. The track 
metering, although small, is handy for quick 
reference, especially if your DAW window is 
busy looking elsewhere. 

Turning to Nuendo's Control Room feature, 
much used by those working entirely ‘in the 
box’, the MC Pro automatically picked up all 
my settings, giving me instant control over 
control room, studio and headphone feeds, 
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on test control surface 

EUPHONIX MC PRO 

► thus making an additional monitor controller 
entirely superfluous. 

Over and above even the clever little 
smart switches, there is one single control 
on the MC Pro that, for me, is the pinnacle 
of everything Euphonix have achieved with 
this surface: the assignable knob. Looking 
rather desolate and unwanted, with its 
single accompanying smart switch, this little 
controller languishes in no man’s land on the 
surface itself, and only warrants a few lines in 
the manual. However, it will control just about 
anything your mouse pointer hovers over, 
with the parameter name and value appearing 
on the smart switch alongside. Press down on 
the knob, and it locks to that value, so even if 
you move the cursor away it will still control 
it. This is particularly handy for things like 
snap values when editing audio fades or cuts 
— while hovering around various audio files 
in a project, I could change snap values with 
a quick twiddle. 

Chopping & Changing 

So we’ve seen that the surface controls an 
enormous amount, even with the default 
settings, but what about programming it? 
Much to my relief, programming is a slice of 
Victoria sponge, so even the most technically 
averse can manage it. You simply press the 
dedicated setup button for the area of the 
MC Pro you want to change, and then hit 
the smart switch you want to customise. 
The switch then flashes and the touchscreen 
brings up all the options for that key. These 
are divided into four categories: key, EuCon, 
bank and MC commands. This is where the 
real power of the beast lies, as between all 
of these one can do practically everything 
except make coffee, and one suspects they’re 
working on that! 

Without going into too much detail, EuCon 
commands are any commands available via 
direct communication with your DAW. In the 

case of Nuendo, this list is enormous, and 
is fortunately broken down into subsections 
such as track controls, file, export and so 
on, but suffice to say practically everything 
you could do with a key command or mouse 
click is on offer. Bank commands are for 
quick changes of banks of switches, and MC 
commands are for surface specific controls 
like full layout recalls. 

While the EuCon commands already offer 
a level of customisation and power that most 
other surfaces lack, Euphonix have topped off 
the list with the key commands. These can 
be either single commands, such as Ctrl-V to 
paste, for example, or strings of commands. 
It is thus possible to build up complex macro 
commands, so that a single button-press 
can set off a string of events which would 
otherwise take many. 

To try and get your head around all the 
available combinations would bring on a quick 
one-way trip to the funny farm. Stepping back 
from such calculations, it's simpler to look at 
it as truly open-ended architecture — if you 
want to do something, it’ll do it; if you want 
this command there, then put it there. 

What Makes The MC Special? 

In terms of bang for the buck, simple 
comparisons don’t always tell the whole story. 
For instance, the MC Pro has fewer faders 
even than the Mackie Control, and nothing 
like as many as the WK Audio ID surface, a 
Digidesign C24 or the more expensive Icon, 
but what it does have is those shiny little 
smart switches. The very fact that the MC Pro 
is littered with them, and that they’re almost 
infinitely programmable, makes for a very 
different approach to hands-on control. There 
are other controllers with jog wheels, QWERTY 
keyboards and assignable buttons built in, but 
rarely, if ever, have they all been so carefully 
integrated as a whole. 

Let’s give a real-world example. Suppose 
I have an audio take I want to edit and 
export in Nuendo. In normal operation 
I would have to do the following: grab 
mouse, select snap resolution, move 
to and select the clip, then right-click 
(or use the keyboard) to choose trim, 
slip, split, cut and so on. If I need to 
zoom in or out, I either have to grab 
the sliders in the corner of the project 
window or use keyboard shortcuts to 
do it bit by bit. Once all of that was 
nicely tweaked and ready, to export 
I’d have to go to the file menu, chose 
export, and then set name, format 
and bit rates. 

The MC Pro itself has no monitoring hardware 

apart from a headphone amp, but its monitoring 

section can be used to handle monitoring within 

a DAW such as Nuendo. 

Test Spec 
• PC with Intel Core 2 Q6850 CPU and 4GB RAM, 

running Windows XP Pro 32-bit, with RME HDSP 

MADI soundcard. 

• Tested with Steinberg Nuendo 4.1 and 3.2.1.1153. 

Doing the same operation on the MC Pro, 
I hardly have to move my hands at all — the 
smart switches over the top of the trackball 
default to the primary edit controls, so without 
moving my hand from that area I can do all 
my trims and fades, or move the clip entirely. 
To help with such operations I usually have 
the assignable knob set to snap resolution, 
so I can alter it on the fly as needed. For 
zooming, the smart switches down the side 
of the trackball default to zooming in vertical 
and horizontal planes, easily adjusted with the 
ring around the trackball. 

Finally, to export, I have a choice — I could 
either choose the file menu from the block 
of 24 smart switches and select Export 
from there, or I could just drop the Export 
command straight onto a smart switch by 
the trackball. To take it to the limit, it's even 
possible to trigger a Nuendo macro bringing 
up default title, path and format settings for 
the export, so hitting that key would just 
execute the export without needing any 
further intervention on my part. 

As with many such exercises, it takes 
longer to explain than do, but it does serve 
to show how much can be achieved with little 
hand movement, and all on the same surface, 
without having to change between surface, 
keyboard and mouse. Don't forget that even 
if you’re controlling a HUI application, not 
a EuCon enabled one, much of this is still 
possible, because you can still string together 
key commands or menu operations and 
assign the results to MC smart switches. 

Going Global 

Now let’s cap it all off with the MC Pro's ace 
in hand: the four Workstation Select buttons. 
Thanks to EuCon's network architecture, 
connecting the optional KVM (Keyboard, 
Video, Mouse) switcher lets the MC Pro 
control up to four different workstations 
simultaneously, even if they’re running 
totally different software! The advantage of 
connecting the KVM switcher is that your 
monitor changes too, so you can see precisely 
what is going on. This is a particularly 
attractive feature for the post community, 
as it’s not uncommon to have stems from 
ADR, foley, music and so on being edited on 
different platforms. Previously you would 
have had to do all sorts of exports, but now 
you can deal with them all from one surface, 
saving lots of time. You could even lock fader 
banks of a System 5 MC (see box opposite) 
to specific workstations, so no matter which 
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Banking On The Future: MC Pro Expandability 

The TFT displays on the System 5’s fader banks boast 

powerful metering features, including the ability to 

meter surround channels up to 5.1. 

The MC Pro is, as this review will make clear, 
a complete controller In its own right. However, 
it's also possible to use it as the heart of a much 
largei control surface by adding optional fader 
banks. When so equipped, the resulting surface 
is known as the System 5 MC. to bring it into line 
with its bigger stablemates. 

The eight-chamel CM408T fader banks are 

based on the surface design of the existing 

Euphonix System 
5 consoles, but 
with newer control 
knob design and a 
few other tweaks. 
(The new fader 
banks can also 
be retrofitted to 
•proper' 5-series 
consoles.) 
Each channel 
strip comprises 
a long-throw 
100mm fader with 
input metering 
and buttons for 
solo, mute, swap 
and channel 
arming. Above the 
fader is a pair of 

four-character LCDs naming 
the channel and its swap 
(the layer below). Next 
come the knob function and 
selection switches, above 
which are the like of eight 
touch-sensitive knobs, each with 
an LCD to denote current function 
or value, and switches for on/off and 

automation. Anally, the bank of eight 
channels is surmounted by a large TFT 
screen which handles metering (mono, 
stereo. LRCS or 5.1 per strip), and can also 

display EQ curves, plug-in parameters, and other 
channel data — far more comprehensive than just 
a strip of LEDs. 

It gets seriously clever when you're controlling 
several workstations for a final mix. Conceivably, 
you could have a Nuendo system for music, 
Pyramix for ADR and Pro Tools for effects, all in 
the same rig. Not only will the workstation buttons 
switch between these, allowing you direct control, 
but you can mix and match on the fader surface, 
locking specific channels from each workstation 
to specific faders. That way, no matter which 
machine you were switched to control, those 
faders remain locked to their sources. Very useful 
if you’re pre-mixing the effects and want to quickly 
pull down the dialogue to check something, as 
you just grab your allocated master fader for the 

Pyramix feed. 

The MC Pro can be transformed 

into the System 5 MC by 

adding fader banks. 

machine you were in direct control of, those 
faders remained constant. It’s worth noting 
that, as EuCon-enabled software includes the 
likes of Final Cut Pro, you couW use the same 
surface for film and audio editing duties. 

Flexible Friend 

I first saw the MC Pro at Euphonix UK HQ in 
the early summer of 2006, and despite being 
in a rather small room kept company by 
a 32-fader System 5 MC and 32-fader System 
5P Hybrid on the hottest day of the year, I was 
enthralled. I have long been an advocate of 
open systems, which allow you to work the 
way you want to work, not the way some 
manufacturer says you should. 

Will the MC Pro make you sound better, 
get you more work or change the way you 
work? Unlikely, on any charge. However, it 
will support you in the way you work, speed 
up processes and operations, and inveigle 
itself into your way of operating in such 
a transparent and seamless way that you will 
rapidly fall into that age-old cliche: how did 
I ever work without this! Moreover, it doesn’t 
seem to matter what platform you change 
to in the future, be it PC, Mac or the same 
hardware but a different DAW: the MC Pro will 
continue to do its job, rapidly justifying the 
investment. 

Granted, at first glance the Euphonix MC 

Pro can, and does, seem expensive for a 
control surface, especially when it is paired 
up with the optional fader modules, but when 
you consider the breadth of its capability 
with applications the comparisons begin to 
fail. A 32-fader System 5 MC would be on 
the same purchase option list as its obvious 
competitors, the Digidesign D-Command 
and D-Control, yet as well as boasting better 
metering and a larger number of controllers, 
it has obvious advantages for those who 
are working on multiple platforms. No 
other manufacturer has yet implemented 
multi-workstation support as thoroughly or as 
flexibly as Euphonix. 

One curiosity is that during the course of 
this year, Euphonix have slightly changed the 
design of the MC Pro. In the original design, 
both sides had identical wells for the trackball 
and wheel, which allowed you to choose 
which side to have the jog and which the ball, 
and swap them in seconds. As a southpaw, 
this had instant appeal to me, as I'm sick 
of right-handed designs. Sadly, the new jog 
wheel, while very nice to use, cannot be 
swapped over. Euphonix can supply the MC 
Pro with jog wheel and trackball on the sides 
of your choice, but it seems a shame to lose 
such a handy feature, especially for studios 
that need to cater for different engineers. 

My biggest complaint, as a composer 

rather than an engineer, is the lack of control 
for software instruments in Nuendo. After 
all, many of the plug-in windows I open are 
instruments rather than exclusively audio 
processors. I am reassured, however, that this 
facility is being dropped into a future update, 
so with a bit of luck it’ll be in there shortly. It 
seems that such things are down to the DAW 
manufacturer to integrate, not a failing in the 
EuCon protocol itself. 

With EuCon itself being recognised by 
the AES as a control protocol, I suspect we’ll 
be hearing more of it, and indeed as we go 
to press, rumours abound of EuCon support 
appearing in virtually every major DAW over 
the course of the next year. For those lacking 
enough children to sell into slavery, all is not 
lost, as Euphonix are also launching two much 
more affordable project studio controllers 
derived from the same technology, the MC Mix 
and MC Control, which will compete directly 
with products like Mackie Control — see last 
month's news pages for details. So is the 
future EuCon-flavoured? I would very much 
say so. ES 

information 
□ £10,281.25 including VAT. 
Q Euphonix +44 (0)20 8561 2566. 
□ www.euphonix.com 
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on test software 

Need to convert files 
en masse into different 
formats or sample rates, 
or apply the same plug-in 

settings to hundreds of 
files at once? Minnetonka 
have developed a utility 
that could take the 

legwork out of the job. 

Mike Thornton 

AudioTools Audio Workflow Engine 
(AWE) from Minnetonka Software is 
described as a batch conversion tool 

for audio files. However, it does a whole 
load more than simply converting files from 
one audio format into another: 
AWE can do editing, converting, 
transcoding, encoding, and 
applying plug ins. Users specify 
a set of input files, configure 
a chain of processors, set 
parameters for each processor 
and run the job. All files are 
automatically processed and 
placed in the specified output 
location. Minnetonka claim that 
"AWE is the industry’s first fully 
automated processing tool for 
audio assets", and that it has 
been rigorously tested by “the 
industry’s best and brightest". 
It’s currently Mac-only, but 
a Windows version is expected 

Minnetonka 
AudioTools AWE 
Batch Processing Utility For Mac OS X 

sometime in the middle of this year. 

Four Steps To Heaven 

The four basic steps outlined above 
each have their own tabs within the AWE 
interface. Step one is to select the sound 
files you want to process. You can select 
sound files by double clicking within, or 
dragging them out of, the browser on 
the left of the window; alternatively, drag 
them from Mac OS X Finder windows or the 

Alternatives 

The obvious alternative to AudioTools AWE is 

BarbaBatch from Audio Ease (www.audioease.com/ 

Pages/BarbaBatch4/BarbaBatch4.html), which 

is similarly priced, and likewise available only for 

Mac OS. However, the two applications do differ: 

BarbaBatch supports a much wider range of sample 

rates and file formats, including lots of obscure 

telephony formats, but doesn't allow you to apply 

plug-ins or surround encoders to the audio. 

desktop. It's easy to audition files using the 
Transport function in the bottom right-hand 
corner of the window. I suspect that this 
application has been written in Java, but 
it connects to Mac OS at Unix level, so to 
find connected drives you have to go to the 
bottom of the browser list and open the 
Volumes folder; it also displays all the files 
and folders that Mac OS keeps hidden away. 
I changed one of my drives while AWE was 
open and I found that the file browser didn’t 
automatically update. It was necessary 
to go into the View menu and select the 
Refresh option to get the file browser to 
acknowledge the changes. 

The Processing tab is where you select 
the operations that will be performed on 
the sound files. To do this, you select the 
desired processors from the list and drag 
them to the Processing Chain. The interface 
for each processor will appear when the 

Minnetonka AudioTools AWE 
£239 

pros 
• Good support for third-party plug-ins. 

• Powerful file re-naming options. 

• Excellent sample-rate conversion. 

cons 
• Incomplete support for interleaving and 

un-interleaving multi-channel files. 

• Limited file-format support. 

• Manual not keeping up with developments. 

summary 
AWE is a powerful batch conversion package 

with a full range of features, let down a little by 

the limited range of supported file formats and 

the handling of multi-channel files. 
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See It In Action 
If AWE sounds as though it might be useful to you, check out 
the excellent YouTube video showing the basics of how it works: 
www.youtube.com/watch7vsFanz77XXKYI. 

processor is selected, so you can adjust the processor 
parameters. I found that some, like Izotope’s Ozone 3, didn’t 
fit in the window, so I couldn't get to the section selector 
buttons, but when I dragged it slightly, AWE turned it into 
a floating window and I could then get at all the controls in 
the Ozone 3 window. 

AWE supports its own standard set of processors, any 
third-party VST plug ins that are installed on your system 
(though not Audio Units plug-ins), and optional Minnetonka 
processors such as their Dolby Digital Processor and Master 
Bundle. The latter consists of a number of Izotope plug-ins 
supplied under licence. 

If you click on the Output File Format button, another 
window opens, from which you can set the output file 
format. I was originally supplied with version 1.2, and was 
disappointed to find that there were only two output file 
formats available: WAV and AIFF. I would have expected at 
least MP3, as well as a range of other compressed formats. 
Since then, Minnetonka have released vl .3, which does 
include MP3 export options, along with the much-requested 
support for Sound Designer II files. However, although sample 
rates from 8kHz to 192kHz are supported, there are still no 
12- or 8-bit output options. The lowest bit depth on offer 
is 16-bit, an omission which means that AWE may not be 
a complete 'one-stop shop’ for batch file processing for some 
applications. 

Location, Location, Location 

The next step is to specify the output filenames and location. 
AWE can put all the output files into a single folder, or 
replicate the folder structure in which the original files were 
contained. The File Name Modifiers section is surprisingly 
powerful, allowing you to include date, time, job name and 
the text of your choice. You can also use search and replace 
to modify any text in the original filenames. The results are 
previewed in the Output Structure section of the window. The 
only modification I would make here is that I would prefer 
a cursor to appear when clicking in one of the text boxes, 

VST plug-ins can be used within AWE to process batches of files. 

For Anton Fig 
Less Is More 

Anton Fig Says; 

"Some of the best recordings in the world were made 
with one, two or three míes on the drums. Earthworks 
— now carrying on this tradition with the DK25 

DrumKit System”'. Earthworks mies have a 
went quality that absolutely captures the true 
I of the drums. You just need to experience it for 

ourself, check them out at www.unityaudio.co.uk" 
z

Inline KickPad“ 

To hear these mies 
in action, call for 
your FREE Earthworks 
DK25drum mic demo CD 

"With only three Earthworks 
mies on a drum set, you can 
get a monster drum sound!” 

Anton has played drums with Miles Davies, 
James Brown, Bruce Springsteen, Steve 
Winwood, Bonnie Raitt, Tony Bennet, 
Eric Clapton, Paul Simon, Mick Jagger, 
Bob Dylan and many more. 

t01440 78584J f01440 785845 
w www.unityaudio.co.uk 
e sales@unityaudio.co.uk 

LCartbu 



software n test 

MINNETONKA AUDIOTOOLS AWE 

Compared to rival products, AWE supports a rather 

limited range of file types and bit depths, but 

sports good-quality sample-rate conversion. 

► to let the user know that AWE is ready to 
accept text input. 

From this tab, you hit the Submit button. 
You are asked to give the job a name, and 
AWE then saves the details of the job in 
the chosen location and puts the job into 
the Queue to begin processing. The Job 
Progress and Job Status indicators keep you 
informed of the progress of your job as it is 
being processed. You can queue up as many 
jobs as you want, and AWE will process 
them in order, but you need to remember 
to hit New Job from the File menu. There 
are Job Queue control buttons to the left, 
and you can also review the Log for a job to 
verify that it has completed and processes 
all files without error. 

In Use 

I tried using AudioTools AWE on four 
different jobs. The first was to process 
a range of backing tracks using Ozone 3, 
before adding fades in and out. This AWE 
did well, although it seemed to be slower 
than I would have expected. 

Next, I tried to create an interleaved 
surround-format file from a set of individual 
mono files with suffixes such as ‘.L’, ‘.R’ and 
so on. It took me a little while to work out 
how to do this. There is an Auto-Load option 
in the Preferences, which is designed to load 
the rest of the multi-channel files when you 
drop an ‘.L’ file onto the Input Structure, but 
that on its own didn’t seem to do it. It was 
only after I’d studied the full manual further 

that I discovered the option to create a New 
Channel Croup. This puts up placeholders in 
the Input Structure window, and then when 
I dragged the ‘.L’ file, sure enough, it sensed 
and loaded the others. 

There is an Uninterleave feature which 
does the reverse, but for some reason it 
does not break the mono files out with 
their appropriate letter extensions (‘.L’, ‘.R’, 
‘.C and so on), using numbers instead. 
That isn't insoluble for the odd file here 
and there, but to have to go through and 
re-label the file names would be a major 
pain on a large project. 

Hot Folders 
An AWE job can be configured to process 
audio files as they appear in a Hot Folder, 
rather than the user having to add files to 
the job manually. To run a Hot Folder job. 
you configure the AWE processing chain 
and any output options as usual, and on the 
Input tab you select the Hot Folder button 
In the right-hand corner. This button enables 
you to select a folder AWE is to use as the 
Hot Folder. Once the job is submitted. AWE 
will process any file that appears in the Hot 
Folder. If no new files exist. AWE will wait 
until one shows up. 

You can choose whether all your processed files should end up in the same folder, or whether you’d rather preserve 

their original folder structure, and the File Name Modifiers section provides extensive control over naming. 

Next I tried the MP3 export. This worked 
as expected, with an excellent range 
of options, but again seemed slower to 
process than I would have expected. 

Finally, I tried the sample-rate conversion, 
using some solo piano recordings which 
would hopefully show up any weaknesses, 
and was very impressed with the results. 
The sales literature refers to AWE’s 
“high-resolution sample-rate conversion”, 
and my tests would bear this claim out, even 
on the lowest-quality ‘Faster’ setting. 

Overall, this is a versatile 
batch-conversion application that leaves 
very few stones unturned. The latest 
version 1.3 adds very welcome support for 
creating MP3 files, although the manual 
does not yet cover this feature, so you are 
left to work out the correct settings to use. 
The addition of SDII support is welcome, 
too, but competitors such as Audio Ease’s 

BarbaBatch support a much wider range of 
file formats, so the lack of this sort of broad 
format support dents Minnetonka’s claim to 
have created a universal solution. It is also 
unfortunate that the manual hasn’t kept 
pace with the developments. 

Other than that, though, AudioTools 
AWE is only let down by some issues to 
do with multi-channel support. With the 
ability to use third-party plug-ins and the 
comprehensive re-naming structure, it’s 
an excellent batch-processing tool for most 
purposes. E3 

information 
Q £239: Master Bundle £179. Prices include VAT. 
Q Et Cetera +44 (0)1706 285650. 
Q Minnetonka +49 2162 106 2622. 
□ www.etcetera.co.uk 
□ www.minnetonkaaudio.com 
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the perfect mix ... 

sfapbonix 
" artist 

MC Control 
The new Artist Series MC Control and MC Mix bring the unparalleled speed, resolution and 
DAW integration of Euphonix' high-end professional consoles to your studio in a revolu¬ 
tionary ergonomic, slim-line design. Effortlessly switch between multiple applications and 
even workstations at the touch of a button-the touch-sensitive knobs, motorized faders, 
and high-resolution touchscreen and OLED displays automatically set themselves to what¬ 
ever application is in the foreground. Most importantly, Euphonix has worked closely with 
the world's leading software developers like Apple, Steinberg, MOTU, Apogee and others 
to deeply integrate native support for Euphonix' EuCon control protocol into their DAWs to 
deliver an unmatched editing and mixing experience. 



competition wm 

EastWest are a formidable force in sample 
and software instrument development, 
with products ranging from hip-hop loops 

and Latin rhythm sound sets to electronica 
construction kits and orchestral libraries. 

This year marks EastWest's 20th 
anniversary, having been founded by 
producer Doug Rogers in March 1988. Back 
then, EastWest embraced the computer-based 
musician at an early stage, launching their 
on-line sales and distribution division Sounds 

Instruments EastWest ' 
Online (w w 
soundsonline.com) in 
the mid '90s. In 2004, | 
they purchased \-a»™ 
Quantum Leap, x

a production and sample 
library-creation enterprise that was founded 
by Nick Phoenix. Together, the pair continued 
to develop sample libraries and virtual 
instruments to suit all genres and formats. 

In 2006, EastWest bought Cello studios 
(formerly the Western part of the United 
Western Recorders complex on Sunset 
Boulevard, Hollywood), and renamed it 
EastWest studios. The complex is now 
EastWest's US headquarters and, following 

effects are tailored to the particular 
application. This means that, whether you're 
playing a viola patch or an accordion preset, 
you know the software will be optimised to 

Thanks to EastWest for supplying 
these fabulous prizes. 

D +31 20 404 1687. 
171 www.soundsonllneeurope.com 

a redesign of the 'non technical' aspects of the 
facility, will be in constant use for EastWest 
productions. 

Soon after the acquisition of Cello, the 
company announced their new range of 
sample-based instrument libraries, which are 
based on Play, their ‘advanced sample engine’. 
Play offers support for 64-bit operating 
systems, therefore allowing the software to 
address more RAM than 32-bit systems and 
process audio with greater internal headroom. 
The engine can run on a network of machines, 
meaning that multiple computers can be used 
to host the samples and, as each instrument is 
built from the ground up, unique controls and 

make the most of the sounds. 
This month, we've teamed up with 

EastWest to bring a swathe of great prizes to 
two lucky winners. Up for grabs are all six 
titles currently in the Play range, two of which 
are reviewed in this month’s issue of SOS 
(turn to page 72). Fab Four is a collection of 
Beatles-inspired samples; Gypsy has 
a multitude of unusual classical instruments 
to choose from; Voices of Passion is a highly 
acclaimed vocal sample instrument; Storm 
Drum 2 comprises a wealth of acoustic drums 
and percussion; Ministry of Rock contains 
drums, bass and guitar sounds; and Pianos 
has a collection of some of the finest piano 

sounds. In short, winners won't lacking 
inspiration! The winner in first place will be 
able to choose four of the prizes from the list, 
while the remaining two prizes will be 
awarded to the person in second place. 

If you would like to be in with a chance of 
winning these great prizes, simply fill out the 
entry form at the bottom of this page and 
post it to the address on the coupon, or enter 
electronically via the SOS web site. Please 
make sure you answer all the questions and 
complete the tie-breaker. We also require your 
full address, including postcode, and your 
daytime telephone number. The closing date 
for entries is March 31st, 2008. 

In what year were EastWest founded? 

a. 1999 

b. 2008 

c. 1988 

d.1895 

Which studios did EastWest purchase in 

2006? 

a. Viola 

b. Cello 

c. Contrabass 

d. Harp 

EastWest’s Fab Four sample-based 

instrument is inspired by which band? 

a. The Rolling Stones 

b. Take That 

c. The Beatles 

d.Abba 

□ □ □ □ 

Name . 

Address . 

If you would like 

to receive more 

information 

about EastWest 

products, please 

Daytime tel. no:... tick or cross this 

box.D 
Email:.. 

Post your completed entry to: EastWest Competitior March 2008. 

Sound On Sound, Media House. Trafalgar Way. Bar Hill. Cambridge CB23 8SQ. England. 

EastWest tie-breaker 
Many things happened in the '80s, including the birth of EastWest. What was your favourite 

event of that decade, and why? Answers in 30 words or fewer, please. 

the small print 
I. Only one entry per person 
is permitted. 2. Employees of 
SOS Publications Ltd. 
EastWest and their immediate 
families are ineligible for 
entry. 3. No cash alternative 
is available in lieu of the 
stated prize. 4. The 
competition organisers 
reserve the nght to change 
the specification of the prize 
offered. 5. The judges’ 
decision is final and legally 
binding, and no 
correspondence will be 
entered into. 6. No other 
correspondence is to be 
included with competition 
entries. 7. Please ensure that 
you give your DAYTIME 
telephone number on your 
entry form. 8. Prize winners 
must be prepared to make 
themselves available in the 
event that the competition 
organisers wish to make 
a personal presentation. 
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... of form and function. 

MC Mix £699 fuCon high-speed control protocol 
works with 

• LOGIC PRO • FINAL CUT PRO 
• SOUNDTRACK PRO • CUBASE 
• NUENDO • DIGITAL PERFORMER 
• PRO TOOLS • REASON • LIVE 
• ANY APPLICATION 

• simultaneous control over multiple applications and 
workstations via Ethernet 

• high-resolution, high-speed control over almost all 
DAW functions 

• 250X the speed and 8X the resolution of MIDI 
• support for HUI and Mackie Control protocols 
• universal control of any software application 

EUPHONIX.COM 

02008 Euphonix Inc. All Rights Reserved Euphonix and EuCon are trademarks of Euphonix, Inc Mac and Mac logo are trademarks of Apple Computer, Inc . registered in the US and other countries. All other trademarks are the property of their respective owners 
•Estimated street price (including VAT) 



processors on test 

UNIVERSAL AUDIO UAD XFANDER & PLUG-INS 

► individual tracks. 
Most of the 

controls will be 
familiar to anyone 
who has used 
a compressor 
before, 
encompassing, as 
they do, Threshold, 
Ratio (switchable 
2, 4 or 10:1), 
Attack and Release. 
The release 
control includes 
a multi-stage 
auto-release 
function designed 
to adapt to a 
wide variety of programme material. 
A variable high-pass filter in series with the 
side-chain input allows the user to reduce 
the sensitivity of the compression to lower 
frequencies if required, to stop basses and 
kick drums causing pumping. One unusual 
addition is an automatic Fade function that 
allows the user to set an automatic fade-in 
or fade-out of up to 60 seconds in duration. 
The master faders in many DAWs operate 
pre-insert, so this function allows you to 
create a post-compression fade that might 
not otherwise be possible. 

This plug-in turned out to be easy to 
use, and it works particularly well on rock 
music tracks for adding punch and blending 
the sounds together. The Mix function is 
particularly useful in this respect, as it 
allows low-level signals to be kept up at a 
sensible level without robbing the louder 
parts of their dynamics. There is a definite 
tonal similarity between this plug-in and 
the bus compressor found in SSL's Duende, 
but the UAD plug-in has rather more control 
flexibility. 

Maximum Precision 

UA’s Precision Maximizer is a dynamic 
processor designed to increase the apparent 
loudness of a source but without increasing 
its peak level or killing the impression 
of dynamic range, as simpler limiting 
algorithms tend to do. It can operate 

as a single-band or three-band 
processor and includes an element 
of harmonic manipulation as well 
as limiting. This seemingly applies 
a combination of tube saturation 
emulation and techniques used in 
other UA mastering processes. The 
aim is to increase subjective loudness 
while minimising the side-effects of 
the processing, but at the same time 
giving the final mix more punch and 
clarity, which is exactly what it does 
in practice. A Shape control appears 
to alter the non-linearity of the 
compression and soft saturation, and 
a Mix parameter allows the processed 
signal to be mixed with the dry input, 
creating parallel compression. 

This plug-in can bring about 
a significant increase in apparent 
loudness and density without 
smothering transient detail, so should 
prove popular even though what 
really goes on under the hood is a bit 
of a mystery! 

UA’s Precision De-Esser tackles 
the age-old problem of sibilance. 
A Threshold knob controls the amount 
of sibilance reduction, there are two 
switches governing the envelope 
attack and release rate of the detector, 
and a Frequency knob controls 
the range of frequencies reaching 
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PROFESSIONAL AUDIO 

Dealers 

•Absolute Music - Poole 
0845 025 5555 
•Andertons - Guildford 
01483 456777 
•ASAP - London 
0207 231 9661 
Audio Warehouse - Dublin 
00353 1831 2200 

• Digital Village - Birmingham 
0121 687 4777 

• Digital Village - Bristol 
01 17 946 7700 

• Digital Village - Cambridge 
01223 316091 
■ Digital Village - London North 
0208 440 3440 

• Digital Village - London East 
0208 510 1500 

■ Digital Village - London South 
0208 407 8444 

• Digital Village - London West 
0208 992 5592 

• Digital Village - Southampton 
02380 233444 
• Dolphin Music - Liverpool 
0870 8409060 
■ Funky Junk - London 
0207 609 5479 
• Guitar. Amp & Keyboard - Brighton 
01273 671971 
■Jigsaw - Notts 
01 15 942 2990 
• KMR - London 
0208 445 2446 
• Planet Audio - London 
08707 605365 
• Red Submarine - York 
0870 740 4787 
■ Sound Control - London 
0207 631 4200 
• Sound Control - Manchester 
0161 877 6464 
■ Sound Control - Bristol 
01179 349955.. 
• Sounds Live - Newcastle 
0870 757 2360 
■ Studio Care - Liverpool 
0151 236 7800 
• Studio Spares - London 
0208 208 9930 
• Studio Spec - London 
0870 6062303 
•Technical Earth - London 
0208 450 0303 
•Turnkey - London 
0207 419 9999 
■Yellow Technology - Saffron Walden 

01799 542105 
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A7 - The Best Tested 

Monitor Worldwide? 

EQ Magazine, 10/2006 

“It was the high end: [...] The Adam’s highs had a kind 
of ’this ¡st the instrument, not a reproduction of the 
instrument’ sound that appealed to me instantly. (...) 
Even in a crowded field where the bar is set high, the 
ADAM A7 sets the bar just that much higher.“ 

0 «DAM A? J 

BW'« 

ProAudio Review, 04/2007 

“Simply said, everything I heard during my A7 evalua¬ 
tions seemed to te the truth and nothing but the 
truth. [...] Therefore it is my opinion that constant 
seekers of acoustic truth who need a fairly affordable 
powered closefield monitor should give the A7 a try.“ 

Radio Magazine, 07/2007 
“Stereo imaging was tremendously accurate and 
yielded a wide sweet spot. As expected, the high fre¬ 
quencies were incredibly clean and well-defined. [...] 
astonishing reproduction accuracy throughout the 
audio frequency range [...] If you are looking for an 
affordable nearfie^d monitor with clarity, excellent 
imaging, uncanny high end and a tight low end then 
the A7 may be the product for you.” 

digital content producer, 03/2007 

“[...] the high end on the A7 is absolutely gorgeous, 
with none of the shrillness that makes mixing on some 
monitors extremely fatiguing. [...] the midfrequency 
response of the A7 is perhaps what impressed me 
most, [...] wonderful clarity on everything I listened to. 
(...) If you believe that first-class near-field monitors 
are a must, you owe it to yourself to check out ADAM 
Audio’s A7 monitors. (...) they are at the top of my list.“ 

Sound On Sound, 12/2006 
“ADAM have shaved the price but not the quality.“ 

MusicTech Magazine, 11/2006 

“Listening to the A7s for the first time is an inspiring 
experience. (...) the A7s performed admirably.“ 

Electronic Musician, 06/2007 

“If you’re looking for a great-sounding monitor that 
lets you dig deep into your mixes, give the A7 a listen.” 

Mix, 01/2008 

“[...] superaccurate, small speakers [...). I think the A7s 
represent the new NS-10Ms, yet the A7s do a better 
job [...]. With their precise and clear sound, the A7s 
are hard to beat as stereo or surround monitors for 
small rooms.“ 

Well over a dozen magazines all over the world have 
testet ADAM Audio's most famous nearfield monitor, 
the A7: a wealth of praise 

PARReeiewers Pick 01 m.i.p.a. Award 2007 MIX certified hit TEE nominee 2007 

I Tn Tel: 01440 785843 | Fax: 01440 785845 A U L) 1 U L 1 L) 1

sales@unityaudio.co.uk | www.unityaudio.co.uk 
UNITY 
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the detector. This filter can be switched 
between band pass and high-pass response 
and has a wide range — 2 to 16 kHz — 
which makes it useful not only for tackling 

applied only to the high part of the audio 
spectrum, but it can also operate as 
a full-range processor for more traditional 
de-essing, where the whole signal level 

give it lots of clicky 
attack or a more 
rounded, electronic 
sound, while 
lengthening the 
sustain brings up 
the natural decay 
of the drum and 
also emphasises 
any room reverb. 
The plug-in works 
well both on 
individual drum 
tracks and drum 
mixes, and has 

applications on other musical sounds, such 
as acoustic guitar. It’s also a great fix-up 
tool for drying up sounds with too much 
spill or reverb, where it is far more subtle 

vocal sibilance but also the frequencies 
of over-splashy cymbals or hi-hats. In 
band-pass mode the width can be varied 
from just two semitones to 20 semitones. 
Split mode enables gain reduction to be 

dips when a sibilant sound is detected. 
Personally, I’ve never liked full-range 
de-essers, as they tend to make vocals 
sound lispy', so Split mode is the one I'd 
use for normal vocal treatment. Again, this 
is a simple and very effective plug-in. 

Designer Slopes 

Among the well-regarded hardware gear UA 
have licensed for plug-in emulation is SPL’s 
Transient Designer. I've long been a fan of 
the original, as it allows the user to modify 
the attack and release characteristics of 
a percussive sound without having to worry 
about threshold levels, as you would with 
a conventional compressor. This is achieved 
using something SPL call Differential 
Envelope Technology, where just two 
controls allow transients to be sharpened 
or slowed down, and sustain lengthened 
or shortened. Attack transients can be 
amplified or attenuated by up to 15dB, 
while Sustain can be amplified or attenuated 
by up to 24dB. Other than that there’s only 
an output gain control, a bypass control and 
a stereo link switch. 

Using the SPL Transient Designer plug-in 
is simplicity itself, as you simply turn the 
two knobs until you hear the attack and 
release character you like. The Attack 
control can modify a bass-drum sound to 

than conventional gates or expanders. I've 
been wanting this great tool in a plug-in 
format for ages, so now I'm very happy, as 
it performs just as the hardware does. 

Lovely Stuff 

Universal Audio’s plug-in designers just go 
from strength to strength, and the latest 
crop are uniformly impressive. Some of the 
processes offered here can be handled more 
affordably by competing products without 
the user hearing a radically different 
outcome, but the Precision Maximiser is 
rather special and really works well. I also 
liked the simplicity and the sonic effect of 
the LA3A, and it’s great to have an authentic 
emulation of the Transient Designer. And, of 
course, many laptop users will be over the 
moon to learn that they can finally join in 
the fun! ES 

i information J 

Q Xpander Xpress £779: Xpander Xpert £1099: 
Xpander Xtreme £1699. Prices include VAT. 

Q Precision De-Esser $99: LA3A $149: SPL 
Transient Designer. Precision Maximizer and 
Buss Compressor $199 each: Neve 88RS $299. 

Q Source Distribution +44 (0)208 962 5080. 
□ sales@sourcecrtstribution.co.uk 
□ www.sourcedistribution.co.uk 
□ www.uaudio.com 
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Next Day Delivery on all 'in-stock' items. 
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Access Virus T1 Desktop 
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Yamaha MM6 
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synthesizer keyboard 

Mackie hrbz4 Mk2 
High-resolution active stud« 

Focusrite Saffire Pro 261/0 
8 award-winning pre-amps 

AU. THIS 

Ai® MORE 

Universal Audio 
DCS Remote Preamp 
Combines 2 console-grade mic-prs, 
specialized monitoring capabilities Tor 
artist & engineer, jnd easy remote-control 
/ DAW integration making an ideal upgrade 
to the basic features / sonics founo 
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STOCK 
NOW! , 

MAIL ORDER 
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Mackie 1202 viz Pro 
Pro CompactMixer 

LOW PRICE, 
Edirol UA25 
Professional USB audio and 
midi interface 

WSTOCK 
Roland Fantom X8 
88 Key Weighted Work station 
Progressive Hammer-Action Keyboard 

Apple Logic Studio 
Includes Logic Pro 8 -
comprehensive package1

effortlessly handle your most 

demanding production tasks. 

9 Months Interest 
FREECREDiï 
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free 
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ready-to-play sourds. 

In Stock Right Now! 

Alesis Fusion 6HD 
Integrated 61-Key Semi Weighted Keyboard Workstation! 
With the Fusion 6HD. Alesis has re-examined the concept of the professional music production 

workstation, making ease-of-use a top design priority. Featuring 4 types of synthesis; an 8-channel 

hard disk recorder; a built-in 24-bit sampler; an effects processor; USB 2.0 connectivity; and 

expandable memory; the ' 

Fusion 6HD is a professional 
workstation that can 

„„„ WHlLE 
STOCKS LAST! 
TO Electronic M3ooo 
Studio Reverb Processor Easy 

www .andertons .co .ok 
ONLINE STORE 

WHILE STOCKS 
LAST! 

MOTU Traveler 

Steinberg price! 
Cubase Studio 4 
Offers a brand newplug-in set K 
based on the new V5Î3 standard. H 
as well as two top-quality. 
outstandingly vers- tile software H 

of product info. 

Ultra-Secure shopping 
Backed by Secure Trading, you can 
shop and buy with confidence. 

In addition to loads of product info you'll also 
find f ee musicians message boards, links to 
local tutors, local venue info, the latest music 
news & events, plus much more' 

Find what you want in seconds 
Find .he products you’re looking for FAST. The 
site includes a great search engine. 

Packed with Product Info C J 

Alesis 720 SAVI 
PAIR - Pro Linear 720 eear-field 
Monitors. With custom DSP 
technology. Alesis were able to 
design a speaker with ound 
quality & accuracy for ■ low price. 
Clarity, imaging and transient 
response are truly out landing. 

While Stocks Last! 

Focusrite Saffire Pro 10 I/O 
Firewire audio interlace with 8-preamps. 8 balanced 
outputs. S/PDIF and bundled with Focusrite's 
Compression. Reverb. Amp Sim guitar amp modelling, 
and EQ VST/AU plug-ins for use in the mix. 

9 Months Interest BWWï 
FREECREDiï »¥4*1 

Steinberg 
Virtual Guitarist 2 
Gives computer-based ¡ roducers] 
and composers' invatuaole tools I 
for generating great ac-ustic and! 
electric rhythm guitar tracks 
from scratch, including all keys 
and difficult chords. 

In Stock Right low! 

NEW ONLINE 
STORE! 
The NEW Andertons web store is online. 
Clickandertons.co.uk for this and more!! 

MOTUBPre while stocks 
Audio Interface Turn your computer into a powerful 
digital audio workstation with eight mic inputs. Or 

’ add eight high-quality mic/in.trumenl inputs to your 
f current system 
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Digidesign MBox 2 
Firewire audio midi interface 

Novation XIOsynth 
Mono-timbral Novation synth 

engine with 10-voie e polypheny 

BEHRINGER 

Roland AKC
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Library Work * _ 
An Introduction To Production Music: Part 2 

Last month, we explained how the business of 
production music works. But if you want to get into it, 
you'll need to learn how to make stings, cut-downs and 
the other elements of a usable library track. 

Pete Thomas 

OK, so you have been briefed to write 
some production music, or you want 
to write something as a pitch to 

a production music company. "What makes 
good production music, then?’’, you ask 
yourself. The answer is almost anything, 
as long as it’s good. As I said last month, 
in addition to a good tune and very high 
production values, a spark of originality will 
often help. 

Usually I start out to write a track as if 
it is destined for a top-selling CD. At this 
stage I don’t worry about specific timings 
and usually write something about two 
and a half to three and a half minutes long. 
I often use a standard form, which introduces 
a theme, follows it up with variations or solos, 
then restates the theme, sometimes with 
a breakdown either after the first theme or 
before the last. 

Last month, we saw that it’s crucial to be 
able to offer versions of your tracks that clock 

in at exactly 10, 20 and 30 seconds, and most 
of the technical issues that are specific to 
production music stem from this requirement. 
However at the composition stage, I won’t 
worry about making the tempo suit specific 
length versions. I’d rather concentrate hard on 
making the music have the best feel. I have 
found that if you set a tempo purely to make 
the 30-second or 20-second version easy to 
edit, you can end up fighting to get the right 
groove. The mood I’m in when I first compose 
a piece plays a large role in determining the 
tempo, and I find this emotional rather than 
purely technical connection with the music 
can really pay off in the long run. 

I like to think of myself as owning several 
hats that I can put on as required; in fact, 
this approach is good for any kind of music 
production. So sometimes I have on my 
trained musician/composer/arranger hat 
and will be concerned with performance 
technique, intonation, orchestration. Before 
too long, however, I will put on my ‘bloke 
in the street’ hat and ignore all the rules 
about music I was taught at college, or all 

the production techniques I’ve gleaned from 
books (yes, even Paul White’s Recording And 
Production Techniques, which is never too 
far from reach). This hat comes in very handy 
for indie, pop or folk but it also can work 
well for jazzy stuff, especially, which benefits 
from unexpected or out-of-the-mainstream 
elements. I have arranged a few covers of 
classical tunes, and once again this approach 
can result in something a bit different to the 
vast stock of classical music that already 
exists in production music libraries. (There 
are some example tracks on my web site at 
www.petethomas.co.uk/production-music 

— the one called ‘Nutty Crackers' is a good 
illustration of this.) 

Some Musical & Technical 
Considerations 

It can be very useful if you write into the 
music plenty of good edit points for the film 
editor. These can include obvious hits, drum 
breaks and sudden silences (listen to the 
audio example called ‘Boomtown’, which has 
drum breaks every eight or even four bars). 
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Film trailers often require a unique format consisting of two 

30-second halves. 

Key changes and tempo changes are usually a bad idea, as these 

can make it very difficult to create sensible edits. 
As well as full-length versions and various edited cut-downs, 

there is another format geared specifically for film trailers. This 
requires a one-minute total length, but with a very definite edit 
at 30 seconds — in other words, a false ending — so that just 
the first half can be used. With this format the first 10 seconds 
can form an intro, with the main theme stated for the next 20 
seconds. The second half should be more exciting, building up to 

the end: think of the typical car chase or rescue. 
In addition, I always supply a ‘backing track’ mix without any 

lead instruments or vocals. This is useful for programme makers 

to use as an underscore. 
Use of effects on production music need not be different to 

any other kind of music. I might just have a touch more reverb 
on production music than I would for a CD, but only if its a style 
of music that can cope with it. If you are aiming for something 
big and brash that might get picked up for a game show or 
comedy theme it might be appropriate, but I'm always aware of 
how too much reverb can be disastrous and make the track end 
up sounding like a bad '80s demo recording. So, if in doubt, just 
assume you want the same style and quality of sound as if you 

were making an album track. 
If I know the mixes will be mastered, I will probably not put 

any compression on the final mix, apart from maybe a very 

PRO TOOLS HD 

On Permanent Demonstration 

4 X API 212 mic-pres. 

æKMR 
1375 High Road, Whetstone, London, N20 9LN 

api 

7800 

Stereo mix buss compressor with 

several sound shaping capabilities; 

soft, hard or medium knee. 

Stereo summing master module 
and monitor controller. 

The API channel strip. 212L pre, 550A 

EQ and 225L compressor. 

8 balanced line inputs with level, 

pan, mute, solo, insert with switch, 

direct out & 2 auxes. 

020 8445 2446 
www.kmraudio.com 

Get ready for a revolutionary new way to work with Pro Tools. Digide¬ 
sign Pro Tools HD 7.4 software features all-new music creation tools 
and support for more creative options, making it the most flexible Pro 

Tools software ever. 
Featuring the time-manipulating power of Elastic Time, Pro Tools HD 
7.4 software allows you to approach your projects in creative new 
ways, making working with tempo- and time-based sessions a whole 

lot easier, more efficient, and imaginative. 
Pro Tools 7.4 offers many other great new features, improvements, 

and enhancements. 
Pro Tools 7.4 now comes with Structure Free, Digidesign's powerful 
sample player, which allows you to easily add a wide range of sounds 
to your sessions (it comes with over 885 MB of high-quality samples). 
If you use ReWire applications , Pro Tools 7.4 accepts MIDI control¬ 
ler data directly from ReWire applications for recording to a Pro Tools 

MIDI or Instrument track. 
Upgrades available for HD and LE systems. 

soyrci UK distribution by Source • Find a dealer at www.sourcedistribution.co.uk/sonnoxplugins • T: 020 8962 5080 
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one that will make an easy 30- or 20-second 
version. For me, this means the music can 
really live and breathe as a track. The tricky 
bit is then editing it down to the right length! 

When I first started production composition 
I created a new Logic project for each shorter 
version. Wrong! If you 
subsequently need to do a 
remix or restructure, you 
have to open each version 
and apply the changes. So 
I developed an alternative 
method that works very well 
in Logic, and possibly better 
in other sequencers. As described below, I'm 
assuming that you are creating your cut-down 
by removing just one chunk from the middle, 
but it can easily be adapted to taking out two 
or more chunks. Note that it can be slightly 
more complex if tempo changes are involved 
— I always try to avoid them in production 
music, as the end user may need to do further 
edits and tempo changes will make this 

awkward. 

■ Create your basic arrangement. This 
should be the longest version — it's easier 
to edit stuff out than edit it in. 

• Select everything and copy to later in the 
arrange page, about eight bars after the 
original end. This is your first cut-down. 

• To check your timing, you need to use 
a SMPTE offset to make the first note 
or sound of this new version start at 
01:00:00:00. To do this in Logic, visit File 
Menu / Project Settings / Synchronisation, 

For most production music projects, you’ll need a 

number of different cut-downs. Note the use of Markers 

to indicate which is which! 

and set the bar to which you have copied 
the regions in the Bar Position box. You 
now need to see the SMPTE offset. In Logic 
8, Ctrl-dick on the transport display and 
choose ‘Use SMPTE view Offset’ from the 
shortcut menu; in pre-8 versions of Logic, 

you can access the SMPTE offset from the 
drop-down menu when you click on the 
small triangle at the right-hand end of the 
floating transport window. Now for a bit of 
good old trial and error... 
Move the playhead from the start, while 
watching the transport display, to work 
out approximately how long your shorter 
version needs to be. Allow a couple of bars 
for the final note and reverb tail. 
Work out how many bars you need to 
subtract from the full version and define 
a skip cycle of that length in the bar ruler. 
Move the skip cycle so that you get at 
least your opening theme before the skip 
area. The music before and after will be 
what’s left after the edit — you should be 
able to visualise roughly what you want 
to keep from the beginning and end of 
the arrangement. Listening with the skip 
cycle active tells you how the edit might 
work and you can move it around for the 
best results. Don’t worry too much about 
audible glitches — you can smooth those 
out later with crossfades or MIDI edits. 
At this point, save the file (as if you hadn’t 

Bar Rosillo« • lili- playsaSMPTE • 01:00:00:00 •' 

0 Enable Separate SMOTE View Offset 

Bar Position • 11 1 1 F* display at SMOTE • 01:00 :00:00 *) 

h 

With applications such as Logic, you can define a SMPTE offset such that your 

cut-down version starts at ‘zero’. 

Once you’re happy with the edit sketched out using 

the skip cycle, you can Cut Time to remove the 

skipped material and create a shorter arrangement. 

been doing that every five seconds). 
• Select everything again. In Logic, Cut Time 

& Move By Locators from the Region menu 
(Ctrl+Command+X). 
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At this stage you have a very approximate 
cut-down version. It might be just right, but 
the chances are you will need to make some 
changes. Play it from beginning to end and 
note how close you are to the target timing. 
I like to use Logic’s Ciant SMPTE Display option 
(again, found in the shortcut menu in the 
transport window). Unless your edit is exactly 
right — which is unlikely — use Undo to get 
back to the uncut version, and attempt some 
of the following adjustments: 

■ If necessary, add or subtract a bar from 
the skip cycle to get closer to the target 
length. Depending on the content, it may 
be possible to use fractions of bars, but at 
this stage, aim only for accuracy to within 
a second or two. 

■ Moving the cycle zone to different parts of 
the music, keep trying the cut until you get 
the best result. 

• Tidy the cut by checking individual tracks: 
you may need to adjust the start and end 
of regions if notes have been cut into. 

• If you need the length to be absolutely 
accurate, make further adjustments, 
such as adding or losing a ‘pickup’ drum 
beat, roll or sound effect before beat 

1, lengthening or shortening the final 
chord or reverb tail. 

• When you're happy with the 30-second 
version, repeat the whole procedure for 
a shorter cut-down, either by copying and 
pasting this cut-down as a starting point, 
or using the original full-length version 
again. And bear in mind the following tips: 

• Quantise MIDI before doing the cuts, then 
unquantise and merge sequences. If you 
don’t do this, you may find odd things 
happening with MIDI notes that are very 
close to the point at which you cut. 

• If you have used a MIDI sustain pedal, 
convert sustains to actual note lengths, or 
your edits may cause unwanted sustains 
which can be very confusing to rectify. 

• Try to avoid tempo changes, but if you 
absolutely must, remember to copy these 
as well as the regions. 

• Use markers to show which version is 
which, especially if you do alternative 
versions. 

The most important thing is to plan the 
process from the start — for instance, by 
making sure the important thematic material 

is stated at the beginning and the end of the 
full version. 

Always A Sting In The Tail 

As well as the shorter versions, you need to 
supply a ‘sting’, which is a very short fragment 
of the tune. Often, the final few notes are the 
most suitable, but it can also be the opening 
phrase, or any memorable short hook that 
serves to identify the tune. Stings can be very 
powerful. On TV you generally hear them just 
before and after a commercial break, or during 
the last few seconds of a commercial (the 
‘pack shot’). A good sting will lodge itself in 
the viewer’s mind and should summon up the 
entire theme. It will act as a musical logo and 
will be identified by the public along with the 
title graphics of a programme or brand logo of 
a product on an advertisement. 

A strong ending is also important. After 
years of pop production I had got used to the 
easy way out and relied heavily on fades to 
end a tune. With production music, you can't 
just end on a repeat chorus and fade it out. 
You can’t just end on a repeat chorus and fade 
it out. You can't just end on a repeat chorus 
and fade it out... 

You must have a good ending. E2 

MR-8 mkll rrp £199 

MR-8HD rrp £289. 
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J w Wr£S MÚLTJTRACKBRâ 
Exceptional Multitrackers at Exceptional Prices. 

MR-8H0/C0 rrp £369 

MR16HD rrp £359 

MR16HD/CD rrp £419 

Lots of knobs. Loads of buttons. Easy to use controls. - With a new Fostex MR digital multitracker you'll be creating your 

next hit within minutes of powering up and pluggin' in. But don't confuse ease of use with a lack of features as these 

machines offer stellar, un-compressed sound quality, phantom powered mic inputs and sparkling digital effects. 

Lovs that? - Then get this; guitar amp and microphone simulation plus crunching analog guitar distortion. 

Whether you go for the new MR16HD/CD with.16-track playback, CD mastering, 4 fully-featured inputs, AUX outs and 

'4-track simultaneous recording to hard drive, or opt for the convenience of the battery or mains powered MR-8mkll which 

records direct to CompactFlash, you'll have everything you need. 

Cool and totally irresistible, The Fostex MR-Series. 
Exclusivity distributed in the UK by SCY London 

Tel: 020 8418*470 . www.scvlondon.co.uk 
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You hear our plug-ins everyday! Every genre, every style. With countless award winning recordings, our 
users are the most intelligent producers, mixers, engineers and songwriters in the industry. They use our 
plug-ins in every mix. Read their stories and download a free 14 day demo at mcdsp.com 

MR8HD M RI 6 HD new! 

Emerald Pack HD 
Everything Bundle for 
Pro Tools HD 
List $2595 

Emerald Pack Native 
Everything Bundle for 
Pro Tools LE & M-Powered 
List $1395 

ML4000 
Mastering Limiter 
List $495 

M c DSP PROFESSIONAL AUDIO PLUG-INS 

DYNAMICS • EQUALIZATION • CONVOLUTION REVERB • MASTERING 

ANALOG SATURATION MODELING* MULTI-BAND DYNAMICS 
GUITAR AMP MODELING & EFFECTS • VIRTUAL SYNTHESIS 

www.mcdsp.com 

PRO TOOLS 7 
SOFTWARE 

PRO TOOLS LE 7 
SOFTWARE 
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on test 

EVENTIDE TIME FACTOR 

► a USB port, which allows you to load updates 
from Eventide’s web site via Mac or PC, and 
a power inlet for the included 9V DC PSU. 

Most of the rotary control and switch 
parameters are pretty intuitive, but it is worth 
noting that they control different parameters 
for each delay algorithm. The Depth and 
Speed controls, for example, control the Wow 
and Flutter parameters for the Tape Echo 
model, but for Mod Delay are used to edit the 
modulation depth and rate. The Xnob is used 
to change the setting of special parameters 
for each model, such as crossfade for Digital 
Delay, bit depth for Vintage Delay, and the 
tape hiss level for the Tape Echo model. 

Three bypass modes are available: true 
analogue bypass, which is great for simple 
guitar-to-amp configurations, plus a DSP 
bypass which routes the signal through the 
processor but applies no effects, and a third 
option called DSP+DLY, which applies no new 
effects to the input, but doesn’t cut off any 
ongoing effects tail when engaged. 

Modes 

There are two modes, Play and Bank, and you 
switch between them by holding down the 
right-hand footswitch (‘Tap’). In Play mode, 
the current effect name is displayed on the 
screen, and the footswitches are used to 
control the effect. The left switch acts as a 
bypass, the centre one switched the infinite 
repeat function on and off, and that on the 
right controls tap tempo, or selects tempo 
values if the Tempo function isn’t engaged. 

The Bank mode is used to save and access 
user patches, which are stored as ‘banks’ and 
‘presets’. There are 20 presets, organised in 
banks of two, and the current bank and preset 
numbers are displayed on the screen. Saving 
presets is easy: you hold down the rotary 
encoder until the bank and preset numbers 
are displayed, turn it to select the location, 
and press again to save. If 20 presets are 
limiting, you can back things up by MIDI 
SysEx, and if you don’t want to scroll through 
all of them, you can limit the number that are 
available — very useful in a gigging situation. 

Loop The Loop 

There are plenty of loopers around now (see 
the ‘Alternatives’ box below), and I found the 

Alternatives 

There are plenty of stereo delay pedal options out 

there at the moment that cover similar territory when 

it comes to delay effects - the Boss DD6, for example 

— and there are now plenty of very capable looping 

pedals out there, such as the Boss RC20. In fact, for 

the price of the Eventide you could get both these 

Boss pedals, though you’d still lack much of the Time 

Factor’s functionality, including the expression pedal 

control. Line 6’s DL4 is probably the closest 

competition, though it is less versatile, parti« ularly in 

terms of hands-on control. 

Eventide among the easier to use. You get up 
to a 12 seconds of loop memory in mono. 
Everything is done with the three buttons, 
with their functions indicated by small 
transport icons: round for record, triangle for 
phy and square for stop. Depending what 
you're doing at at the time, these buttons do 
different things. For example, pressing the 
record button while already recording ends 
the first loop and starts overdubbing another. 
You also get control over the wet (loop 
playback) and dry signals. Again, this is all 

and it would have been nice to see at least 
a basic one included in this design. 

Back in the studio after the recording 
sessions I tried the pedal out on a mix as an 
external send effect in Cubase, where it 
seemed to perform very well. The ducked 
delay was a particularly nice effect on both 
guitar and vocals. The switchable input and 
output levels mean that it is much better 
suited than your average guitar pedal for 
studio work. It was also very refreshing to 
have so many knobs and dials to twiddle on 

The Time Factor's inputs and outputs are switchable between line and instrument level, and the aux switch and 

expression pedal inputs add to the versatility. 

very clearly described in the manual, and in 
practice it is really easy to use, too. 

In Use 

I used the Time Factor on a guitar tracking 
session, substituting it for my Boss DD6, and 
was instantly impressed. In Play mode (the 
default mode) the basic controls were all very 
intuitive, and I was quickly able to dial up the 
basic delay settings that each track required. 
The rhythm section had been recorded 
without a click, and being able to dedicate 
a switch to tap tempo while leaving others to 
operate normally was refreshing (the lack of 
this facility on my other delay pedals has been 
a consistently source of frustration). Running 
straight into my amp, it gave out a healthy 
level and the sound of the digital delay was 
nice and clean. The same couldn’t be said of 
the Vintage Delay, of course, but I mean that 
in a good way! I was able to get a very 
convincing tape delay sound, complete with 
the effect of speeding up and slowing down 
the tape where I wanted it. 

Though for this session I stuck largely to 
the digital delay and the tape delay, I had 
opportunity to experiment with the various 
different models on guitar and other 
instruments. The modulation delay and 
reverse delay in particular appealed to me — 
particularly for live use, where the expression 
pedal input comes into its own — but 
I couldn't find fault with any of the others. 

I also tried tracking direct to the desk 
when recording a synth part, switching the 
output level accordingly, and again it worked 
very well. I wasn’t using an amp here, but 
found that I got better results using 
a dedicated amp and speaker emulation — 

a studio device — it is the kind of marriage of 
live versatility and studio quality that you 
dream of. One thing I’ve not mentioned is that 
you can use this pedal as a stereo, mono, or 
dual-mono effect. You’re not able to load two 
different effects models simultaneously, but 
you can still run two separate delay lines with 
different delay and feedback settings, which 
I found really useful when mixing. 

Max Factor? 
It sounds impressive, but should you buy it? If 
all you need is a guitar delay pedal or a 
looper, there are cheaper options. Also, for 
studio use, the lack of digital I/O may be 
a limitation for some people. The expression 
pedal and aux switch inputs, though, and the 
MIDI connectivity are a Godsend. There’s 
enough hidden depth here to keep you 
exploring for some time, but you can also get 
good results very quickly. I’m inclined to 
agree with the boast on the box that “nothing 
sounds like an Eventide": the Time Factor is 
a sophisticated creature with a distinctive 
personality, and nothing else I know does 
quite what this pedal does quite as well. It is 
among the best delay pedals I’ve used, and is 
capable of competing with more expensive 
rackmount effects. I’ve hung on to this pedal 
longer than I should have: I’ll be sad to see 
it go and can't wait to try the Mod Factor! ES 

i information 1
□ £299 including VAT. 
□ Source Distribution -»-44 (0)20 8962 5080. 
□ sales@sourcedistribution.co.uk 
Q www.sourcedistribution.co.uk 
□ www.eventide.com 
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Casio Privia PX-110 
Digital Piano £299.00 

Aka MPK49 Controller 
Keyboard £265.00 

Í3 0414 B-XLS 
Condenser 
Microphone 

£475.00 

Soundcraft EFX8 
Mixer with Lexicon 

FX £229.00 

Yamaha StagePas ' 
530 PA System j 
£499.99 ' 

Korg Kaossilator 
Mini ^tirase 

Synthesizer £99.99 

PA and Stage Lighting Studio Equipment 

Music Production DJ Gear 

Musical Instruments Recording and Performing 

Music Gear for Professionals, at prices for everyone 

www.gear4music.com 
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URS Classic Console 
Strip Pro Channel Strip Plug-in For Mac OS & Windows 
Unique Recording Software have modelled a vast array 
of vintage compressors and EQs and presented the 
results in a single plug-in. 

Sam Inglis 

Standalone hardware channel strips 
became big news in the '90s as 
engineers began to migrate to 

computer-based systems for recording and 
mixing. Ditching the big desks and racks of 
outboard effects in favour of PCs and plug-ins 
brought undeniable benefits: automation 
got more sophisticated, track counts grew, 
space was saved. Yet many engineers felt 
that something else went by the wayside in 
the process. Digital audio workstations might 
have allowed them to use hundreds of EQs 

of vintage analogue processors have become 
big business, and their quality has improved 
to the extent that companies such as Neve, 
API and SSL have allo wed their names to be 
attached to digital emulations of their classic 
hardware. And, perhaps inevitably, things 
have now come full circle, and you can buy 
plug-ins designed to emulate the hardware 
that was designed to mean you wouldn’t need 
to use plug-ins... 

Consoling Thoughts 

All of which brings us to the subject of this 
review, URS’s Classic Console Strip Pro. Like 

many other plug-ins, its raison d'être is the 
recreation of vintage analogue processing 
in a digital environment. However, Classic 
Console Strip Pro goes way beyond the 
idea of emulating any one vintage channel 
strip. Instead, it offers a modular design that 
makes it one of the most comprehensive and 
versatile processing plug ins on the market. 
Classic Console Strip Pro is available in TDM 
and all major native formats on Mac and PC, 
and is authorised to an ¡Lok key. Installation 
is straightforward, although it's slightly 
frustrating that you need to download and run 
separate installers for every version you want 
to install (VST, RTAS, TDM and so on). 

The Classic Console Strip Pro window is 
divided into a number of sections. Some of 
these can be re ordered using the Pre and Post 
switches, with the current order displayed 
in the Signal Flow section at the left. This 

and compressors on every 
track, but those EQs and 
compressors just didn’t sound 
as good as their analogue 
counterparts. 

The idea behind the 
channel strip was to put back 
that missing analogue magic, 
but in a format that lent itself 
to the new digital working 
practices. Thus, a typical 
rackmounting channel strip 
would include a high-quality 
mic preamp, compressor and 
equaliser, in some cases taken 
bodily from vintage mixer 
channel strips. Important 
signals such as lead vocals 
could then be processed on 
the way in to the computer, 
to give them the sheen and 
substance that plug-ins 
weren’t able to supply. 

Throughout this decade, 
plug-in manufacturers have 
been working hard to change 
the prevailing view of their 
products as cold, sterile or 
lifeless, with a good deal of 
success. Plug-in recreations 

also provides a handy way of 
bypassing individual sections, 
which can lighten CPU load. 
Presets saved at the host or 
plug-in level capture the entire 
status of the plug-in, but there 
are also drop-down menus in 
the individual sections. These 
allow you to change the model 
or algorithm that section is 
using, and in the case of the 
compressor section, bring 
up appropriate preset time 
constants and other settings 
for that model. 

The one fixed element 
in the signal path is the 
modelled input stage, which, 
as you’d expect, is always 
the first thing your signal 
encounters. A drop down 
menu provides access to 
a range of algorithms which 
model different combinations 
of transformer input stages, 
tape-head bumps, and tape 
machine or valve electronics. 
A gain control lets you 
choose how hard to drive this 
algorithm, and an Intensity 
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Alternatives 

Perhaps the most obvious alternative in terms of 

emulating a wide range of vintage compressors and 

equalisers would be Focusrite’s Liquid Mix system, 

although this, of course, runs on a separate DSP unit 

rather than as a native or TDM plug-in. You could 

also investigate McDSP’s extensive range of plug-ins, 

which likewise feature numerous presets dedicated to 

recreating old and new analogue gear. 

slider runs from zero to 200 percent — the 
halfway point being the most faithful to the 
original hardware. 

A World Of Dynamics 

There are three further sections: compressor, 
filter and EQ. These can be arranged in any 
order, or the filter section can be placed in 
the compressor side-chain rather than in the 
audio path. 

The filter section is the simplest, and 
the only one that does not provide a choice 
of algorithms. Instead, you get low- and 
high-pass filters with a fixed slope, both with 
cutoff fully variable from 20Hz to 20kHz. If 
you put it in the audio path, it does a good 
job of cleaning up low-end rumbles or high-
frequency noise, but unlike the full-blown 
EQ section, its sound is transparent rather 
than characterful. In use, it seemed to me 
most valuable switched into the compressor 
side-chain; a gentle high-pass helps stop 
the compressor pumping on low-frequency 
sounds like kick drums, while a more 
aggressive setting can be used to make the 
compressor act as a de-esser. 

The compressor section seems to be 
partially derived from URS’s existing 1970 
and 1980 Compressor plug-ins, but they have 
extended their remit to cover a huge range 
of vintage units. URS told me that they don’t 

URS Classic Console Strip Pro 
£670/£335 

pros 
• Sounds great. 

• Extremely versatile. 

• Includes details such as the input stage 

modelling that are rarely found on competing 

products. 

• The simpler Classic Console Strip plug-in 

bundled with it is very worthwhile, and 

efficient in terms of CPU or DSP resources. 

cons 
• A deep plug-in, with some interface quirks, 
which takes time to explore fully. 

• It would be nice to have a dedicated de-esser 

section. 

summary 
If you like the idea of a vintage channel strip in 

software, there are few rivals that offer as much 

depth and versatility as this. 

use convolution, and their plug-ins’ 
relatively low DSP or CPU loads bear this 
out; but whatever technique they are 
using seems to involve creating several 
different algorithms for each piece of 
hardware, at different ratio settings. 
So, for instance, there are four ‘Stress’ 
algorithms (based on the Empirical 
Labs Distressor?), which default to ratio 
settings of 3:1,6:1, 10; 1 and 20:1 
respectively, and other hardware units 
are similarly represented four or five 
times each. 

Many of the hardware units 
emulated here had fixed, stepped or 
otherwise restricted time constants, 
so choosing a compression algorithm 
from the drop-down list also sets these 
to appropriate values, along with 
the separate Knee dial. However, the 
plug-in’s interface is the same whatever 
model you select, and all the controls 
remain active over their full range; so 
even if, for instance, you select the 
‘Stress 3’ algorithm, there's nothing 
to stop you moving the Ratio dial to 
20:1 or even higher. Likewise, you can 
happily use super-fast attack times on 
models of legendarily slow compressors 
if you want to. This may displease some 
vintage obsessives, but as URS’s Bobby 
Nathan points out, the ‘original’ feature 
set is not sacred; it was common for 
studios to modify classic hardware to 
maximise its flexibility, and URS are 
merely extending the same principle 
here. 

One thing that initially confused 
me about Classic Console Strip Pro's 
compressor section is that calling 
up a new compressor algorithm also 
resets the Threshold and Cain Makeup 
controls. This means that if you use 
the Threshold control to manage the 
amount of gain reduction, it’s hard to 
perform A/B comparisons between 
different compressor algorithms. 
However, there is logic behind this 
approach; each compressor preset has 
been designed to deliver the same 
amount of gain reduction, so if you 
want to A/B them, the easiest way is 
to leave these controls at the default 
settings and turn up the plug-in's input 
gain control until you get the desired 
amount of compression. When you then 
switch to a new compressor preset, the 
output level should remain unchanged, 
even if that preset uses radically 
different ratio and time-constant 
settings. The idea, apparently, is that 
this provides a good way of learning 
the differences between the different 
compressor models; once the user is 

QUAD-CORE: 
By Popular Demand 

Core 2 Duo Systems from £469 
Quad Core Systems from £899 

ULTRA Compact Cube 

Whatever your requirements 
we can provide a custom built 
solution to meet your needs. 

For an informal chat call our 
friendly sales team on 

0870 199 9397 or email 
sales@inta-audio.com 

“ATmcm 
QW/iRlsiiÄ 
INTAaudio - specialist music PC 

builders since 2001 



on test software 

URS CLASSIC CONSOLE STRIP PRO 

► more familiar with them, he or she will be 
more confident about moving away from the 
presets and making free with the Threshold 
and other controls. It's an interesting 
approach, but it takes some getting used to. 

By default, an appropriate input stage 
model is selected automatically whenever 
you choose a compressor model, but during 
the course of this review URS released an 
updated version 1.1 of the plug-in that makes 
it possible to turn this linking off. This version 
also introduced authentic auto release settings 
for seven of the compressor models. 

Strike Up The Bands 

The right-hand half of the Classic Console 
Strip Pro window is devoted to the four-band 
EQ. Each band allows you to select one of 
five algorithms; these, again, mimic classic 
hardware, but have been given dates instead 
of names. (I'm not sure why URS have to be 
quite so coy about what they are emulating!) 
Few of the original hardware units being 
mimicked here had bandwidth controls, 
while most had only a few stepped frequency 
settings (and in the case of the ‘1951’ EQ, 
no boost circuitry at all), but as with the 
compression section, the plug-in controls 
remain freely variable regardless. The Q 
setting ranges from 3.0 to 0.25, cut and 
boost run to 15dB in either direction, and the 
frequency range covers 1,5kHz to 20kHz (HF 
band), 220Hz to 7kHz (the two mid-frequency 
bands) and 20 to 500 Hz at the bottom end. 
The two outer bands can be switched between 
shelving and peaking operation. 

Super Strip 

I’ve been a long-term user of URS's Classic 
Console Compressors bundle, and especially 
their A- and N-series EQ plug-ins. In terms 
of sound quality, the compression and EQ 
sections of the Classic Console Strip Pro 
plug-in easily match those earlier products, as 
you’d expect. In terms of versatility, moreover, 
they go way beyond URS’s previous efforts, 
although it’s mildly annoying that the two mid 
EQ bands can’t be set lower than 220Hz. The 
compressor algorithms augment the slightly 
generic ‘vintage’ feel of the Classic Console 
Compressors models with a huge range 
of distinctive and highly usable hardware 
emulations, including valve, optical, FET and 
VCA designs, as well as tape compression. 
I can’t think of any other plug-in that models 
so many different input stages, although 
Cranesong's Phoenix and Magix’s Analogue 
Modelling Suite offer good alternative takes on 
the idea. Now that a programme-dependent 
release option has been added, the only 
major functional improvement I’d like to see 
would be the addition of a separate, dedicated 
de-esser. You can turn the compressor into a 
competent sibilant remover easily enough by 

Stripped-down Strip 
Buying Classic Console Strip Pro gets you a free 
copy of the much more straightforward Classic 
Console Strip plug-in, which is also available as 
a separate product. When you haven’t the time or 
the inclination to delve into the complexities of the 
full Pro version, this could be very handy. It's also 
designed to have a very low CPU or DSP load (not 
that the full version is excessive), and to map easily 
onto hardware controllers for hands-on adjustment. 

The compressor section is based on the 1975 
VCA' model from the Pro version, including an 
emulated transformer input stage, and offers basic 
Threshold, Ratio and Gain Makeup controls, plus 

a choice of three preset time-constant settings. It 
can be switched pre- or post- the three-band EQ, 
which features an equally simple feature set. Low 
and high filters have switchable turnover points, and 
the sweepable mid can be set to Sharp or Wide Q. 

The three EQ bands are taken from different 
hardware models, but complement one another 
well, and the streamlined feature set is well 
suited to getting good vocal sounds in a hurry. 
If the full Pro version is beyond your means 
or seems over-complex for your purposes, it’s 
worth looking at this plug-in (native £97.53,TDM 
£190.35) as a product in its own right. 

filtering the side-chain, but of course doing so 
means you can’t also use it as a compressor. 
A dedicated de-essing section could also 
incorporate more advanced options such 
as split processing to compress only the 
offending frequencies. 

From a new user's point of view, the 
inevitable down side to all its flexibility 
is that Classic Console Strip Pro is not as 
immediate as URS’s individual plug-ins. Until 
you familiarise yourself with the quirks of 
the different compressor algorithms, the list 
is pretty daunting, and the unconventional 
design approach behind the compressor 
presets takes some getting used to. Likewise, 
the simplicity of something like the A-series 
EQ plug-in is a little lost when you start to 
introduce Q controls and freely variable 
frequency ranges. However, there’s a good 
selection of presets that can serve as starting 
points, and I imagine most users will quickly 
build up a library of their own. 

It’s the sound that matters most, though, 
and if the aim is to create a truly ‘one stop’ 
processing shop, Classic Console Strip Pro 
certainly has the sonic bases covered. Whether 
you’re after bright, in-your-face, screwed-down 
'80s rock vocals, warm 70s folksiness, 
characterful '60s colour, or whatever, you’ll 
find it here. It's equally at home on other 
sources, such as acoustic guitar or bass, and 
I liked it as a mix-bus processor too; the ‘Tape 
I Sips' preset, for instance, adds a subtle 

forwardness and bass boost that can really 
make a mix sound rounded and complete. 

In short, then, there's very little to 
dislike about Classic Console Strip Pro, but 
prospective buyers might need to think about 
how well its ‘one plug-in to rule them all’ 
philosophy chimes with them. One of the great 
benefits of mixing in the box is the ease with 
which you can combine different processors 
from different manufacturers, and personally, 
my instinct is often to reach for simpler, 
single-function EQ and dynamics plug-ins that 
I know inside out, even though they may not 
offer the same depth or versatility. What URS 
have set against that here is the potential to 
create your own custom ‘analogue’ console 
by inserting the same plug-in across multiple 
DAW tracks, and that will be a mouth-watering 
prospect to many. If you like the idea of a 
comprehensive channel processor within a 
single package, and you’re willing to put some 
time into getting to know it, you should run, 
not walk, to URS’s web site and download the 
demo of Classic Console Strip Pro. EE3 

information J 
□ TDM version £669.75; native version £334.88. 

Prices include VAT. 
□ Unity Audio +44 (0)1440 785843. 
□ +44 (0)1440 785845. 
□ sales@unityaudio.co.uk 
□ www.unityaudlo.co.uk 
□ www.ursplugins.com 
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NORD STAGE AWARDED "BEST STAGE PIANO 2007' M.I.P.A 2007 

Stunning acoustic grand samples, classic organs, electric pianos, clavinet, synthesizers, and every effect you're likely to want. A 

broad array of gorgeous dassic sounds and effects that make you glad you're a keyboard player. 

Featuring the best of Gavias award-winning technologies, the Nord Stage hosts three different instrument sections - Organ, 

Piano and Synth - plus an extensive effects section. You can use two sounds of each Section simultaneously - that's two Organ 

manuals, two Synths, and two Pianos. These can be combined in any split or layered configuration you need for your perfor¬ 

mance. 

NORD LEAD 2X RACK 
The first groundbreaking, earthshaking virtual analog synth 
now available with extra everything; extra voices^ extra sounds 
and extra crisp audio quality. 

MD IBS H EM NLY » tac W 

nord wove 
SYNTHESIZER 

NORDC1 COMBO ORGAN 
3 VINTAGE ORGANS IN ONE AMAZING PACKAGE 

Now Gavia br ngs you the very best of those classic setups in a 
single package. The dual manual Nord C ICombo Organ comprises 
three types oí vintage organs: a classical tonewheel, Vox* Conti 
nental and Farfisa* Compact Deluxe, all carefully modeled from 
their originals. Also featuring our famous tube style overdrive, 
rotating speaker simulation, delay, reverb and 3-band EQ effects, 
the Nord Cl will tailor sounds for your body, mind and soul. 

NORD ELECTRO 2 
XRDTHAT ALL OTHERS ASRIRE TOO 

Gavia's goalwhen developing the Nord Electro 2 was to create 
the best emulations of traditional electromechanical keyboard 
instruments on the market, and to make the instrument compact 
and lightweight. Nothing else. No brass banks, no orchestral 
sounds. No compromises. Just outstanding electromechanical 
keyboard sounds with true feel, from fast keyboard response to 
authentic sound. 

NORD STAGE COMPACT 
RELIABLE, EFFICIENT AND ROADWORTHY 

L I M 1 T ED TME 0 F F E ß 

NOU STAGE COMPACT £1495 
The Nord Stage comes in three different models, 88, 76 and 

Compact. The 88 and 76 both feature weighted hammee-action 

keyboards while the compact is eqjipped with a semi-weghted 

organ (waterfall profile) keyboard. Other than keyboard type and 

the number of accessories available, all three models share the 

CLOSING THE GAP BETWEEN ANALOG AND DIGITAL 

NEW PRODUCT LAUNCH 
Following a tradition or making virtual analog synthesizers of the highest sounding quality, the Nord Wave represents the next 

generation of Nord Lead synthesizers. It is a small, light-weighted instrument giving you access to the not only classical analog 

sounds, but using also fm, wavetable and complete user replaceable samples as an oscillator source. All in a well-known and easy 

to use analog synthesizer environment with effects like tube-style overdrive thrown in as well. It is not another sample player, but 

a fully interactive synthesizer that supports sampled waveforms! 

NORD MODULAR G2 
A SOFT SYNTH IN A HARD CASE 

G2 ENGINE NOW ONLY £499 INC VAT 

With the C2, Gavia introduces a truly innovative hardware platform 
with focus on live performance features. The G2 offers fully assign¬ 
able controllers to turn, bend and tweak. In fac, the ultra-flex tie user 
interface cf the G2 takes real - time editing to a higher level. 

-,9

Double your DSP-power with the Expan¬ 
sion Board for G2 and G2 Engine. 

HAND IN HAND DISTRIBUTION 
WWW.HANDINHAND.UK.NET - TEL: 01752 696633: INFO@HANDINHAND.UK.NET 
•Farfisa. Vox and Lesbe «e trademarks of the« respect«-owners and art not affiliated or associated with Ona. Farnsa and Vox mentioned only to descnbe the types of sounds reproduced by the Nord C1 Comeo O^an Leslie b only mentioned to desenbe a contact standard Clavia 



feature classic tracks 

Classic Tracks 
The Ramones 'Pet Sematary' 
Undisputed kings of the three-chord thrash and 
arguably responsible for punk rock, it took over 10 years 
and the theme song to a Stephen King film to secure 
serious US chart success for the Ramones... 

Artist: The Ramones 
Track: 'Pet Sematary' 

Label: Sire 
Released: 1989 

Producer: Jean Beauvoir 
Engineer: Fernando Kral 
Studios: Sigma Sound, 

The Hit Factory 

Richard Buskin 

Before them came the proto-punk New 
York Dolls. In their wake, on the other 
side of the Atlantic, the more 

aggressively nihilistic Sex Pistols. Yet, in 
America, the Ramones were the ultimate 
punk band, melding a requisite 
devil-may-care attitude and stripped-down, 
no-nonsense, four-chord rock & roll with 
catchy pop melodies and warped 
bubblegum-style lyrics that appeared to 
have taken a left turn out of the early 1960s 
— “DDT did a job on me/Now I’m a real 
sickie/Cuess I’ll have to break the 
news/That I got no mind to lose/AII the 
girls are in love with me/l’m a teenage 
lobotomy.” Sun and surf, girls and glue... 
The American Dream had been put through 
the blender. 

Hey Ho, Let’s Co! 

All nice middle-class boys from Queens, 
New York, Jeffrey Hyman (aka drummer 
Joey Ramone), John Cummings (guitarist 
Johnny Ramone) and Douglas Colvin 
(singer/bass player Dee Dee Ramone) got 
together in 1974, with Tom Ederlyi (Tommy 
Ramone) as their manager, and played their 
first gig on March 30th of that year at New 
York's Performance Studios. Within a couple 

of months, Joey had taken over on vocals, 
Tommy had filled his place on drums, and 
by the summer the band had secured 
a residency at CBCB’s on the Lower East 
Side, playing 20-minute sets of rapid-fire 
sub-two-minute songs. Energetic, 
unsophisticated and rife with tension, their 
shows encapsulated the burgeoning punk 
ethic, and in August 1975, having attracted 
a regular cult following, the Ramones 
signed a contract with Sire Records. 

The next year was a breakthrough one 
for the band. In the spring of 1976 their 
eponymous debut album, recorded for just 
over $6000, was released to critical acclaim 
and just failed to crack the Top 100 on the 
US Billboard chart. Then an appearance at 
London's Roundhouse on July 4th, 
second-billed to the Flamin' Croovies, 
served to kick start the British punk scene, 
before a repeat performance by both bands 
the following month, at the Roxy on Sunset 
Strip, had a similar effect in LA. A second 
album, Leave Home, was released towards 
the end of the year, climbed to number 48 
on the British chart in the spring of 1977 
and spawned the Top 40 UK hit, ‘Sheena Is 
A Punk Rocker’. Nevertheless, even this 
modest success continued to elude the 
group in the US, and this remained true 
through the next two classic Ramones 
albums, Rocket To Russia (1977) and the 

Photo Roberta Ba^ey/Redlems 

somewhat more ambitious and textured 
Road To Ruin, which saw Marc Bell (Marky 
Ramone) taking over on drums for Tommy, 
who stayed on in a production capacity. 

Punk’s Not Dead 

Although the 1978 demise of the Sex Pistols 
signalled an end to punk's halcyon period, 
the Ramones kept going, releasing a live 
double album of a 1977 performance at 
London’s Rainbow Theatre, and also 
appearing in — as well as on the soundtrack 
album of — the Roger Corman movie Rock 
& Roll High School, while embarking on 
what would turn out to be a traumatic, if 
somewhat triumphant, collaboration with 
production legend, Phil Spector. At one 
point during the sessions, Spector indulged 
his now-famous penchant for guns by 
pointing one at Dee Dee and ordering him 
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to play a specific bass riff over and over 
again. Not exactly conducive to 
open-minded improvisation. Yet, the 
resulting album, End Of The Century, 
although moving away from the Ramones' 
trademark thrash-pop sound, as previously 
captured by engineer Ed Stasium, towards 
the tighter one of their producer — and who 
could blame them for not arguing? — did at 
least make an impact on the US charts, 
peaking at 44, while also achieving Top 10 
single success in the UK with a cover of the 
Ronettes’ ‘Baby I Love You’. 

That was in 1980, and the decline in 
critical acclaim and die-hard following that 
commenced with End Of The Century 
continued throughout the rest of the decade 
and a succession of mostly slick-sounding 
albums, during which Marky quit and 
subsequently rejoined the group. The one 

exception, at least in commercial terms, 
was the theme song to Stephen King's 1989 
horror movie hit, Pet Sematary, wriiten by 
Dee Dee and sometime-Ramones producer 
Daniel Rey. Although dismissed by certain 
hardcore fans because of its relatively 
polished, film-oriented patina this still 
stands as a bona-fide Ramones classic, one 
that garnered plenty of US radio play while 
peaking at number four on Bi'lboard's 
'Modern Rock Tracks' chart. As such, it was 
arguably the band’s last hurrah. 

"I remember Howard Stern playing it on 
his radio show while I was driving one 
morning and I heard him call it his record of 
the year,” says Fernando Kral, who 
engineered the song at New York City’s 
Sigma Sound Studios alongside producer 
Jean Beauvoir. “Still, I have to admit I was 
surprised it did as well as it did. Sure, the 

production was good and so was the guys’ 
playing, but they weren’t giving the fans a 
traditional Ramones record. A case of‘This 
is a risky move, let’s see what happens.' 
The safety net was that it was for a film 
soundtrack, and when the film did well at 
the box office, the song did well, too." 

Bon Jovi, Whitney Houston 
& The Ramones 

Born in Colombia, raised in New York, 
high-schooled in Florida, Kral began his 
music business career at the age of 19 in 
1981 at an eight-track studio named White 
Rabbit in Sausalito, California, serving as a 
gofer, assistant and eventually full-fledged 
engineer. After a couple of years, on the 
advice of fellow engineer Tom Lubin, Kral 
then opted to really learn his craft by 
interviewing for jobs at the large, 
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RECORDING 'PET SEMATARY' 

Fernando Kral at the SSL E-series desk in the control 

room ot Sigma Sound Studios. 

► consistent at that time. I mean, we’re 
talking about the Ramones." 

To the left of the kit, facing the 
drummer, stood the Dl’d bass player, 
although in this case it wasn’t Dee Dee 
Ramone, who didn’t actually show up for 
the session. 

“He’d been at the rehearsal and the band 
had sounded tight," says Kral. “But. having 
written the song with Daniel Rey, he must 
have thought he’d done his job. So Jean 
played a guide bass part, which he later 
re did, and we also kept that guide part. We 
EQ’ed it for a lot of bottom and had it in 
there for low-frequency stuff.” 

Perhaps Dee Dee already had his mind 
on other things. Following the summer 
1989 release of the Brain Drain album, he’d 
quit the band to pursue a career as a rap 
artist named Dee Dee King... 

“Johnny’s guitar setup was to the right of 
the drums,” Kral continues, "with his 
Marshall stack in a little alcove, gobos all 
around for isolation, and recorded with a 57 
close to the cabinet and either a FET 47 or 
U87 about three feet back, for a bit of air." 

20, 20, 24 Hours To Go 

"The start time for most rock & roll sessions 
was around noon, and we began by setting 
up the drums, getting a drum sound, 
getting a bass sound and getting a guitar 

sound without anyone there. I don’t think 
the band showed up until four or five in the 
afternoon, at which point we started 
tracking. They were working from Dee Dee 
and Daniel’s demo, and they’d also recorded 
all of the rehearsals at SIR, so that’s what 
they referenced for tempo and key, and 
I don’t recall the tracking itself being 
a laborious process. By six in the evening, 
tape was rolling, and way before 11 at night 
we had a master take. No comp’ing, no 
edits, just a straight take. 

"It’s not like we were dumping things 
into Pro Tools and moving them around, 
and there also wasn't any punching-in on 
the basic track. Don't forget, Jean Beauvoir 
is a pretty darn good musician himself, he’s 
got some great music chops, and he knew 
what he wanted to get out of these guys. 
What’s more, having rehearsed with them 
beforehand, he also knew what they needed 
and expected, and whatever coaching 
needed to be done. In other words, he knew 
what the headphones needed to sound like 
for Johnny to play along, and what Marky 
needed in that regard. He was the fifth 
Ramone that day. 

“The only real problem occurred when 
the drum tech set up the kit and, because 
this was an important recording session, 
decided on his own to change all the drum 
heads. Everything went fine until he got to 
a couple of the toms and stripped the lugs. 
That became an issue. It was so late in the 
day when that happened that, instead of 
renting gear from SIR, it was decided that 
Marky would press ahead with what he had. 
Well, if you listen to the song, there are 
really no drum fills until the end, and we 
even punched in some of those fills. Due to 
the lugs being stripped, they weren’t 
holding their tuning, so after one pass 
around the kit it was over. That meant, after 
we had a solid take and he did the one live 
fill, we just punched in one or two fills. 

Conscientious, Professional & 
Just Plain Good To Know (!) 

“I was pleasantly surprised by the Ramones. 
I liked them, I was a fan of theirs, and on 
this occasion they were certainly 
disciplined, in that they came in and did the 
job that they needed to do. There wasn't 
any kind of fooling around. In fact, Johnny 
was a really serious character. When he 
came in, he was focused, he knew what he 
had to do and he was just spot-on. 
I remember single-tracking his rhythm part 
once the final take was established, then 
double-tracking that part. There was none 
of that changing his guitar for another 
sound — he just double-tracked it again 
that same night, and then boom, gone. With 
Marky it was the same thing. He was great, 
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This is how the track sheet for Pet Sematary' 
looked by the end of the tracking sessions. To the 
right is a lyric sheet with some of the slightly 
eccentrically spelled original words to the song. 

1. Hl-hat 
2. Kick drum 
3. Snare 
4&S. Stereo kit 
6 & 7. Room stereo — cymbals and room (near) 
8. Room (near and far) 
9. Guide Di d bass 
10. Live guitar 
11. Overdubbed bass 
12. Double-track of Johnny's guitar 
13. Daniel's overdubbed guitar 
14. Percussion overdub 
15-20. Lead vocals 
21. Comp ed vocal 
22. Backing vocals 
23. Synth 
24. Timecode 

really communicative, and once the drums 
were done, boom, gone. 

“It was then left to us to keep on 
working. The objective was to get a decent 
basic track, work on overdubs through the 
evening, have Joey come in at night to lay 
down a rough vocal and feel it out so that 
there could be more overdubs, and then 
return on Friday to do some punching-in. 
Everything went pretty much according to 
plan. He initially came in at one or two in 
the morning, and again, he was a sweet 
guy, a total pro. He listened to what we 
had, walked around doing his vocal 
exercises and getting loosened up, and I 
put up a U87 going to a Neve mic pre, with 
a Urei 11 76 compressor. We worked with 
Joey until about six or seven in the 
morning, using about six tracks for his 
vocals, and then comp'ed a good vocal 
which we gave him on cassette. After he 
left, we continued working until 10 or 11 
Friday morning, doing more overdubs, 
including backing vocals by Jean and Daniel 
[Rey]. Then we went home and came back 
at five in the afternoon for vocal overdubs. 

"The idea was that Joey had lived for 
several hours with the cassette we'd given 
him, and so now we could punch-in and do 
any fixes that he thought — or we thought 
— were needed. There was a very minimal 
amount of that, maybe just a couple of 
hours, and once that was done we 
continued overdubbing through Friday 
night, including synth pads doubling the 
guitar in a higher register, as well as some 
percussion, gated handclaps and Daniel’s 
single-note guitar solo, using a Fender Twin 
in Studio 5 with the spring reverb. That was 
the kind of flourish that changed the track 
from sounding like traditional Ramones, 

because Johnny could never have played 
that solo — as anyone who ever saw the 
band live would know, four chords and that 
was it! Still, in this case, what Daniel added, 
driven by Jean’s momentum, was being 
aimed at the film, whereas traditional 
Ramones would have meant Johnny’s 
rhythm parts being tripled or quadrupled." 

Cabba Gabba Hey! 

“We finished overdubbing at about five or 
six in the morning, went home, slept for 
a few hours, and were back at the studio 
before noon on that Saturday in order to set 
up the mix," Kral recalls. "It was one of the 
fastest mixes. For Jean and Daniel it was 
their second week working on it, so they 
knew the song inside and out, and since 
I had already been doing this for three days 
there was no guessing as to what was on 
the tape. We were therefore actually 
printing the final mixes before five that 
afternoon; the choice mix, which had more 
vocal level, slightly more background and 
a little bit more lead guitar; and the album 
mix, which had more of a controlled, live 
band sound. What we didn't do was 
a separate mix for the film. We just sent 
them a stereo mix and that’s what they 
used, because it only came in at the end of 
the movie." 

The following day these remixes were 
handed over to the record company and to 
the production company. A couple of 
months went by. Then came the call for 
a remix, which took place at the Hit Factory 
on February 16th, 1989. 

“In typical record company fashion, they 

said, ‘We love the mix, here are the 
changes,’" Fernando Kral recalls. “They 
wanted a louder lead vocal, more of the 
background vocals — they really wanted to 
hear those words ‘pet sematary’ — and 
while they liked the rhythm guitars they 
also wanted some more ringing lead parts. 
Nothing unexpected. Anyway, the session 
began at midnight, Jean and I were 
probably ready to start rem xing by about 
three or three-thirty in the morning, and we 
were trying to beat the clock because Jean 
had parked his car on 54th Street. As it 
turned out, the car got towed, but the remix 
sounded great. 

“Looking back, it was a terrific 
experience for me, doing that song. The 
band was just so good, even at the 
rehearsals, and they all seemed to be 
getting on and really into the whole thing. 
What's more, they booked one of the best 
studios in New York, Sigma Sound, which 
came loaded with top-quality equipment — 
when you booked that studio, you didn't 
just get the engineer and the room, you 
also had access to tons of gear, including 
three or four different amplifiers, some 
excellent pianos and some great outboard 
gear. So, it was a higher-end production for 
them, and I remember after it was all done 
and everybody was happy with the record, 
I heard the comment, ‘We ended up 
spending more than twice the cost of the 
first album on this one song.’ 

“Well, that’s what happens when you 
spend a week at SIR, three days at Sigma 
and another day at the Hit Factory!” ES 
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on test microphones 

SE Electronics Valve 
Microphones 

Gemini II &Z5600a II 

SE have updated their Gemini and multi-pattern Z5600a 
mies with extra facilities and better technical specs. Are 
they worthy contenders for space in your mic locker? 

Paul White 

E's original fixed-cardioid-pattern 
Gemini microphone (reviewed in SOS 
June 2004, www.soundonsound.com/

sos/jun04/articles/segemini.htm) broke 
with tradition by offering tube technology in 
a transformerless circuit, resulting in 
a microphone that combined the warmth of 
a tube mic with the airy top end of 

a solid-state, transformerless model. The 
vast majority of tube mies have 
transformer-coupled outputs, due to the 
need to match the high impedance of the 
tube circuitry to the lower impedance 

associated with microphone signals, but that 
design can soften the high end to 
a noticeable extent. Sometimes this is 
exactly what you want, but at other times it 
would be nice to retain a bit of‘air’. That’s 
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just what the Gemini aimed to do, and SE 
have now updated the concept with a new 
version, which I’m looking at here alongside 
another SE tube-mic update, the Z5600a II 
(first reviewed in SOS in May 2003; 
www.soundonsound.com/ 
sos/May03/artides/sez5600.asp). 

Gemini: The Return 

You may recall that the first Gemini mic 
used two dual-triode tubes, hence its 
impressive girth. Housed in a similarly 
chunky 80mm x 230mm body, the Gemini II 
again features dual tubes, this time a 12AX7 
for the input stage and a further 12AU7 in 
the output stage; the latter takes over the 
role of the more usual transformer. There 
are no transistors or FETs that I could see, 
so this appears to be a true all-tube design. 

A switchable I OdB pad has been added 
to the new mic, along with a switchable 
low-cut filter, and the included PSU is SE’s 
new updated design, with a chunky, 
brushed-aluminium case and improved 
electronics for lower noise. The current 
range of SE tube mic PSUs feature 
a controlled power-up LED, which blinks for 
around 30 seconds to give the tubes 
a chance to warm up, but (as with tube mies 
in general) it's best to allow the whole mic 
to warm up for half an hour or more before 
using it, not only to get the circuitry to 
operating temperature but also to help drive 
off any condensation from around the 
capsule. This particular PSU features no 
controls other than a power switch, and 
aside from the IEC mains inlet there’s just 
the eight-pin XLR to connect to the mic and 
a conventional three-pin balanced XLR 
output. A screw-locking (both ends) 
eight-pin cable is included with the kit, 
along with the shockmount and PSU. The 
mic itself has a foam-lined wooden case, and 
all the kit elements fit into a sturdy 
aluminium carry-case that weighs only 
slightly less than my guitar combo! 

As far as I can tell, this revision uses 
a similar 1.07-inch, gold-sputtered, 
centre-terminated, cardioid capsule to its 
predecessor, mounted inside a large, 
dual-layer mesh basket on 
a shock-absorbing support. The twin tubes 
are fitted in porcelain bases, while the rest 
of the circuitry is mounted on two 

Alternatives 
It’s unusual to find a transformerless tube mic such as 

the Gemini II, and the only other company I can think 

of that make one are CAD, whose less costly M9 

employs solid-state output components in place of 

the second tube the Gemini uses at the output stage. 

Turning to the Zsóooa II, If you’re in the market for 

one of these the Rode K2 is also worth a look. 

double-sided, glass-fibre circuit boards. All 
the components are discrete and appear to 
be of high quality, and the standard of 
workmanship is impressively high. As with 
the earlier version, there are no clips to 
hold the tubes in place but they don't seem 
in any way inclined to work loose. Both of 
the newly added switches (for pad and 
low-cut filter, as mentioned above) are 
sideways-mounted, miniature toggle 
switches with their functions labelled on the 
metalwork. 

The Gemini II is predictably weighty, so 
it would benefit from a substantial stand to 
avoid toppling. At the bottom of the mic is 
an eight-pin connector for the cable that 
links the mic to the PSU, and the shoulder 
of the protruding XLR housing is threaded 
so that it secures to the shockmount’s 
integral locking ring, allowing the mic to be 
operated at any angle, including fully 
inverted. The shockmount itself follows the 
familiar metal-cage construction, with 
fabric-covered elastic hoops supporting and 
isolating the inner section. I had some 
criticisms of the original Gemini’s stand 
mount, as it was prone to working loose 
under the weight of the microphone, but 
this new version has a toothed pivot 
assembly that locks into place very firmly. 
The mount also comes with a thread 
adaptor, so will fit both European-thread 
and US-thread mic stands. 

Tech Talk 

The Gemini II has a 20Hz-20kHz frequency 
range, but with a gentle hump up at around 
10kHz to add an airy presence to the sound. 
Its sensitivity is quoted as 12.6mV/Pa, and 
its noise spec, at EIN 12dB A-weighted, is 
a significant improvement over the 16dB 
A-weighted managed by the original version. 
Its maximum SPL for 0.5 percent 
THD<®1000Hz is 1 35dB, some 5dB better 
than the Gemini I, and the output impedance 
is the same nominal 200Q. 

Subjectively, this Mk II version sounds 
quite similar to the original Gemini, which is 
a good thing, as I know a lot of users really 
like the Gemini sound. As I mentioned 
above, the transformerless design would 
appear to combine the most recognisable 
attributes of tube and solid-state 
microphones, providing the expected tube 
warmth and low-end weight but without 
losing the high-end sizzle, as can happen 
with ‘tube plus transformer’ designs. 
Because the presence peak is right up at 
10kHz there’s no tendency to 
overemphasise the harsher upper-mid 
range, though singers wanting a slightly 
more rounded top end may want to try 
using the mic slightly off-axis to soften the 
tone. I did, however, notice that the basket 
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Like its predecessor, the Gemini II boasts twin 

valves, one for the input stage and one for the 

output stage, which can clearly be seen through 

the mic’s case. 

assembly of the mic resonates at quite a low 
frequency if tapped, resulting in a very 
audible rumble. Use of the included 
shockmount, as well as a separate pop 
shield, is highly recommended. 

Because of its high-end clarity, the 
Gemini II also makes a useful instrument 
microphone, its capabilities extending from 
acoustic guitars and other plucked 
instruments to percussion and wind. If you 
were thinking of buying a Gemini II as 
a main vocal mic for your own use, you'd 

SE Gemini II £899 

pros 
• Nicely engineered. 

• Distinctive tonality that is both warm and airy. 

• Comes with shockmount, cable and PSU in 

a sturdy case. 

cons 
• Basket assembly could have better damping. 

summary 
While the Gemini II isn’t a cheap mic, it isn’t 

overpriced by any means, given its performance 

and the fact that it is a tube microphone. Its 

transformerless tube circuitry gives it a distinctive 

'larger than life' sound that is similar to that of 

the original Gemini, but it has an improved spec 

and benefits from pad and LF roll-off switches. 
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microphones on test 

SE ELECTRONICS GEMINI II & Z5600A II 

► need to make sure it suited the character of 
your voice, as you would with any 
microphone, but for anyone who already has 
one or two conventional solid state and tube 
microphones the Gemini provides 
a distinctive tonal alternative and thus 
would be worth adding to a collection. 

The Gemini II isn't a budget microphone 
— indeed, it costs more than some of the 
big-name European models, which may give 
you a hint as to the direction SE are taking 
for the future. They have a wide range of 
affordable microphones, and that looks set 
to continue, but they also have some 
innovative design ideas that they can apply 
to more up-market products, and the Gemini 
II is clearly in that category. 

The Z5600a II 

Lighter on both the pocket and the wrist 
than the Gemini II, the Z5600a II is, again, 
an update of an earlier SE tube microphone, 
this time the ZS600a. The Z5600a II is 
packaged in a similar way to the Gemini II, 
complete with new-style PSU, locking 
eight-pin cable and shockmount. Unlike the 
Ceminis, however, the Z5600a II is 
a multi-pattern microphone offering nine 
pattern variations, going from omni, via 
cardioid, to figure-of-eight. The rotary 
pattern-control switch is located on the PSU 
alongside the eight-pin mic connector and 
the three-pin XLR balanced output feed. 

As the microphone offers multiple 
patterns, it is equipped with 
a dual-diaphragm capsule (back-to-back 
cardioids), again 1.07 inches in diameter 
and centre terminated. Like the Gemini II, 
-1 OdB pad and LF roll-off switches have been 
added since the last version. Conceptually, 
this mic is much more conventional than the 
Gemini II and features a dual-triode ECC83 
tube feeding into an output transformer, so 
it sounds rather more like you’d expect 
a tube mic to sound, with plenty of body 

SE Z5600a II 

• Characteristic warm, flattering tube-mic sound. 
• Well built. 
• Affordably priced. 
• Comes with shockmount, cable and PSU in 
a sturdy case. 

• Multiple polar patterns. 

• No obvious cons. 

The Z5600a II sits at the more affordable end of 
the multi-pattern tube-mic market but delivers on 
both sound and build quality. 

The Z$6ooa II kit includes shockmount, power supply, cable and separate wooden microphone box, all inside a larger 

carry-case. The Gemini II comes similarly packaged. 

and warmth and a slightly smoothed-out 
high end. However, the capsule has a broad 
presence peak rising towards 10kHz, so this 
isn't a dull-sounding tube mic. 

The Z5600a Il's frequency response is 
specified as 20Hz-20kHz, with a sensitivity 

of 14.lmV/Pa (OdB=lV/Pa 1000Hz). 
Improvements to the PSU and internal 
circuitry have lowered the self-noise to 
a creditable 12dB A-weighted, while the 
maximum SPL for 0.5 percent THD@1000Hz 
is now 135dB. In general, the physical 
construction of the basket and housing (and 
the shockmount, in this case) is similar to 
that employed in the Gemini II and other 
recent SE models, and comes across as very 
solid and sensibly engineered. The basket 
assembly rings slightly if you ‘ping’ it with 
your finger, but that doesn't seem to come 
across in the sound and it doesn't produce 
the low-end grumble, when handled, that 
the Gemini does. 

Sounds Tubular 

Tonally, this mic has much in common with 
its earlier incarnation, producing a full and 
generally smooth vocal sound with a bit of 
lower-mid ‘chest frequency’ support that 
may help those with thinner-sounding 
voices. It does sound a bit lacking in 
character in direct comparison with the 
Gemini II, but in reality that is probably 
because it is intrinsically less coloured. The 
high presence boost helps keep some ‘air’ 
around the top end, but the subjective result 
is still smooth. As I’d expected, the sound 

opens up more in omni mode, and although 
it s not as transparent as a 
single-diaphragm, dedicated omni model, 
the Z5600a II works well in omni mode for 
capturing room ambience or for 
dose-miking acoustic guitars and other 
instruments. In figure-of-eight mode, the 
sound is closer to what you'd expect from 
the cardioid pattern than the omni. In 
accordance with the laws of physics, both 
the cardioid and figure-of-eight modes 
exhibit a proximity effect that exaggerates 
the low end when used close up, which the 
omni mode does not. Nevertheless, the 
tonal consistency between the patterns is 
pretty close. 

At around half the cost of a Gemini II, the 
multi-pattern capability of the Z5600a II 
makes it rather more versatile, but it doesn’t 
have the unique Gemini II timbre. It does, 
however, have a classy sound, especially on 
vocals, and because it doesn’t stray too far 
from the expected tube mic tonality it may 
work with a wider range of voice types. It 
certainly offers good value, and even if you 
feel a cardioid-pattern mic is all you really 
need, those additional patterns may well 
come in useful from time to time. E22 

Q Gen-inl II £899 : Z5600a II £449. 
Prices include VAT. 

□ +44 (0)1582 470260. 
fl www.sonic-distribution.con 
□ http://seelectronics.com 
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Secrets Of The Mix Engineers: Rich Costey 
Iconic rockers The Foo Fighters had a worldwide smash 
with their record-breaking track 'The Pretender'. 
Rich Costey was the man behind the mix faders. 

Paul Tingen 

The Foo Fighters’ ‘The Pretender’ is one of 
the most successful alternative rock 
songs in the history of American music. 

It enjoyed the longest ever spell at number 
one in the Modern Rock Tracks chart (18 
weeks), it was the most played alternative 
rock song on US radio in 2007, and as this 
article went to press it had been nominated 
for three Grammy awards, for Record of the 
Year, Best Rock Song and Best Hard Rock 
Performance. The song didn't quite break the 
hegemony of the all-pervasive hip-hop/R&B 
genre, only reaching number 37 in the regular 
Billboard charts and number eight in the UK. 
However, it did help propel the album on 
which it features, Echoes, Silence, Patience & 
Grace (also boasting two Grammy 
nominations, for Album of the Year and Best 

Rock Album), to the top of hit parades around 
the planet. 

Clearly, the Foo Fighters hit a home run 
with ‘The Pretender'. Whether this is due to 
the in-your-face arrangements and 
performance, the exuberant chorus, the 
political subtext or the confrontational video 
is a moot point, though one imagines it was 
a bit of each. The success of the song is 
impressive by any standard, but neither mixer 
Rich Costey, nor the band, nor producer Gil 
Norton, saw it coming. Costey, who has 
become a highly in-demand producer and 
mixer in recent years, specialising in artists 
known for their musical integrity — such as 
Muse, Mars Volta, Fiona Apple, Franz 
Ferdinand and Interpol — mixed the whole of 
Echoes, Silence, Patience & Grace. 

"While we were mixing all the album’s 
songs through,” recounts^Costey, “we didn't 
really have a conversation as to what would 

be a single. I mixed ‘The Pretende'’ later on, 
and we knew it was a strong song, but for us 
it was just another mix.” 

The Power Of The Bees 

Costey was speaking from Avatar Studios in 
New York, where he had been on mixing 
duties for most of the winter. The mixer and 
producer is unusual in that he tends to mix 
entire albums, rather than just ind,vidual 
songs. “I think I was hired to mix the Foo 
Fighters’ album because they wanted 
a second, or perhaps rather a third or fourth, 
pair of ears on the project. There are two 
school of thought in mixing, one being that 
you give the mixer something raw that he 
cooks the hell out of, and adds loads of herbs 
and spices to make a dish out of it. I have 
done projects on which this was the case. 

“My work with The Foo Fighters fell into 
the second category. They had already done 
a lot of prep cooking and things were in very 
good condition. So I had to preserve what 
they had done to a fairly large degree, and 
this meant that my work mainly consisted of 
balancing and rides to get the dynamics to 
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happen. Obviously, a certain amount of 
processing was still necessary, but that was 
more to enhance what the band, Gil and 
engineer Adrian Bushby had already done. It’s 
sort of like the mixer’s Hippocratic oath — the 
first rule is Do Not Kill The Patient. I think 
there are all sorts of people out there who are 

Rich Costey, photographed in New York's Avatar Studios 

with some of his personal collection of outboard gear. The 

skull in the background is actually a binaural mid 

killing the patient. I try very hard not to add to 
that problem. 

“There were two main challenges in mixing 
'The Pretender’. The first was a general one 
concerning the Foo Fighters, namely their 
endless walls of guitar overdubs, almost like 
a swarm of bees. It is something the band 
goes back and forth about, because Taylor 
[Hawkins] always wants the drums to be 
louder, and Dave [Croh/] prefers the power of 
the bees. The guitars on ‘The Pretender’ are 
quite full on, with countermelodies and so 
forth, and they all tend to be in the same 
range, so it gets quite dense. The challenge of 
this type of mix is to retain the power of the 
track, yet define a space for everything. 
Handling the guitar balance was a slight 
chore, and in comparison the drums and 
vocals were quite easy. 

“The other difficulty with ‘The Pretender’ 
was in getting all the dynamics to work 
properly. The song starts out with a very 
stripped down intro —a small string section, 
guitar and vocals — then ramps up into the 
chorus, after which there’s another 
breakdown, then it ramps up again and there 
is a series of breakdowns in the middle eight, 
including a repeat of the intro, and finally the 
last chorus with octave guitars coming in, that 
you really want to be able to hear on top of 
the wall of everything else. The only way to 
do this type of mix is to simply do loads and 
loads of fader rides. I don’t think any amount 
of EQ can substitute for doing rides. 

“That’s not to say I’m shy on the EQ. I'm 
not sure where I developed this habit, but 
I don’t cut many frequencies when I mix. 

I used to cut a lot when 
I was younger, but 
eventually I almost 
entirely stopped doing it. 
It wasn’t a conscious 
decision; I guess I just 
don’t like the sound. I’ll 
cut a little bit on the 
drums sometimes, and 
with vocals I occasionally 
need to control problem 
areas, and I also may be 
quite brutal with 
synthesizers. But that’s 
about it. I know there are 
people who cut 
frequencies to try to 
layer a track, but look at 
it this way: if you are 
conducting an orchestra, 
can you filter the 
woodwinds so the oboe 
doesn’t stick out so 

much? What you do is have the oboist play 
a little bit more softly, so you can hear the 
rest of the reeds." 

The Importance Of The Intro 

“If you look at the ‘Pretender’ Edit window, 
you see that it's really neatly organised and 
ready to be mixed for someone who has 
never seen the Session before. That’s Adrian 
Bushby's doing. I'm a bit of a slob with my 
tracks; if you see a Session that I produce it 
will look like a mess, because I know where 
everything is. I have assistants that help me 
organise stuff, and they will also do this when 
a Session comes in for mixing. I'll then join 
them when it comes to laying things out on 
the console. Often I'll also have to sort 
through the Pro Tools Session anyway, before 
I get far into mixing, because frequently there 
are more music tracks than console inputs. I’ll 
spend a while familiarising myself with what’s 
there and developing track-sharing schemes. 

“I think on most of the album there’s 
a little bit of guitar track-sharing, as it was 
mixed at The Pass in Los Angeles on a Neve 
8078 console that had 40 full in-line channels 
with EQ and 32 monitor channels. ‘The 
Pretender’ had 70-odd tracks, so if I wanted 
the possibility of EQ on each track, some 
sharing of similar tracks was inevitable. I don’t 
mind doing that, but I rarely submix in Pro 
Tools. You might later fina that a viola in the 
string section is obscured by a baritone guitar 
and you want to be able to adjust for that. 

“After getting a sense of what works and 
what doesn’t work in the rough mix, and what 
the artist wants, I’ll start a mix by pushing all 
the faders up for the vocals and the rhythm 
section and so on, to see how different parts 
are interacting. The lyrics and vocal delivery 
greatly influence how the track will sound. 
The dynamics of the vocal absolutely shape 
everything. The vocal should be driving the 
band wherever possible. So while mixing it's 
pretty critical to have the vocals in there early 
on, otherwise you might find when you push 
the vocal up later that you have to start all 
over again. 

“I tend to start with getting the tones for 
the vocals and different instruments right, 
using various combinations of compression, 
EQ and distortion, and after that it’s just rides, 
rides, and panning. My strategy usually is to 
mix in sections. Once the sonic relationships 
between the instruments are more or less 
stable, I will start getting the intro to sound 
great. I try a few different approaches, 
because with any song, if the intro isn't great 
it doesn't matter what happens to the rest of 
the song. That's something I learned a long 
time ago: if the song is going to work, the 
intro has to grab you immediately. The 
importance of this cannot be overstated. 

"Once the intro makes sense, you also ► 
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► have a template for the way the rest of the 
song works. I’ll work on the verse, and then 
the chorus, and so on, and gradually build up 
the track. Then I start listening to everything 
from the beginning in context and make sure 
all the transitions are OK, and then I try to 
push it up to the next level. That's all just 
rides. While I'm working in sections, I listen to 
everything, not just to individual tracks." 

‘The Pretender’ 
VÄitistfThe.Foo Fighters 
Avritçc David Groht .. ; 
‘Jroijycecs:'Gil Norton and'the FooTighters 

Drums: Quad 8 310, Pultec EQP1, API 

550a, Neve 33609, API 2500, Lexicon 

960, Drei 1176, Smart C2, SPL Transient 

Designer, room mies 

“I had just gotten some Quad 8 310 EQs 
before I began the Foo Fighters project, and 
I found that cranking the shit out of the 
mid-range with the Quads helped the drums 
quite a lot. On most of the album the bass and 
snare drum went through the Quad 8s, with 
severe amounts of mid-range added. Quad 8 
grew out of Electrodyne and was very popular 
in the 1970s, particularly with film companies. 
I obtained some channels that came out of the 
Motown Sunrise console and they’re basically 
three bands of EQ and a mic pre and output 
level, and the Q gets tighter as you push it up. 
The Quad 8s are a little bit rounder and 
warmer-sounding than similar API modules. 

I also used the Pultec EQP1 and API 550a on 
the bass drum. 

“I had a bunch of different side-chain 
compressors on the drums that would change 
from song to song. On some songs it would 
be the Smart C2, medium ratio and fast 
recovery, on others the Neve 33609, the Drei 
1176, the API 2500 or the Empirical Labs 
Distressor, and the SPL Transient Designer on 
toms. You can use the SPL to lengthen the 

Very few plug-ins were used on the mix for ‘The 
Pretender’, but intro vocals were treated to Reel Tape 
Saturation and Pultec EQPiA, while a vocal overdub at the 
end of the track was processed with Sound Toys’ Echoboy. 

A bit of Lexicon 960 reverb was used on drums for the Pretender mix, but Rich Costey liked the sound of the 
natural reverb on the room mies so much that he tended to use those - including a compressed foldback mic, 
called ‘listen mic’ in this neatly arranged Edit screen. 

sound of the toms. I don't compress all the 
drums at the same time, I’ll compress 
individual parts and mix the compressed 
sound in with the natural sound of the drums. 
There was relatively little compression 
implemented on the drums in this song, 
because the band didn't care for it. They 
wanted the drums to sound more raw. 

“Throughout the album mix I might have 
used a bit of Lexicon 960 on the drums for 
reverb, but the room mies — amongst them 

a heavily compressed foldback microphone — 
were so good that I tended to use those. 
I tend to like room mies that are on the darker 
side. If they're too bright, you can’t turn them 
up very loud because you then also get all 
kinds of messy cymbal noises. One other 
thing to note is the drums that come in after 
the intro of the song. When the whole band is 
slamming accents like that, you want to make 
the drums sound very aggressive, and this 
meant pushing room mies, pushing 
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One of Rich Costey’s racks, containing 

an impressive array of classic and 

modern gear, including a Chandler EMI 

TGI2345 Curve Bender EQ; two Mercury 

EQ-Hi Program Equalizers; Thermionic 

Culture Vulture; an SPL Transient 

Designer that was used to lengthen the 

sound of the toms; an SPL De-esser 

that was applied to the vocal tracks; 

a Roger Mayer Model RM58, which 

compressed the background vocals; 

a pair of Universal Audio 1176 limiters, 

which Costey used to make Dave 

Grohl's guitars “more aggressive”; an 

EAR 822Q EQ; and a pair of EAR 660 

Limiting Amplifiers that came into play 

for bus compression. 

bright, but when you add the 
rest of the instruments you 
find that the top mid-range of 
the bass is usually missing. It's 
sometimes quite shocking to 
realise how much top end you 
need to add to a bass to make 
sure it cuts through a track. 
If you then hear the bass 
sound in isolation it may 
sound pretty uncomfortable, 
but in the midst of a swirling 
din of a dense track, that 
amount of top end usually 
works just fine." 

Guitars: Neve EQ, Urei 

1176, Neve 33609, Gates 

Sta-Level, API 350a 

“Dave’s guitar tone is a little bit 
more distorted, with more 
bottom end in comparison with 
Chris's. So there is method to 
their guitar madness, where 
they try to get everything to fit 
in with each other. I EQ'ed the 
guitar parts a little differently 
on the board to make them fit, 
and did rides when there were 

compression mies and so forth. As I said, 
there were a lot of rides." 

Bass: Neve 1073, Pultec EQP, 

Chandler TG1 

“The bass consisted of three tracks: one 
recorded through an Ampeg SVT amp, one 
through a 4x12 Marshall cabinet, and one put 
through a Sansamp. I usually push all three 
tracks up and adjust their balance if I want 
different colours. I'll also mix in some 
side-chain compression, which in this case 
was a 1073, Pultec EQP, and Chandler TC I. 
The side-chain will usually be bright as hell 
and rea’ly compressed. One of the interesting 
things regarding mixing bass is that you may 
think that the bass sound on its own is fairly 

melodies that needed to be featured. Another 
way of creating separation was through 
panning. I tend to pan the rhythm guitars hard 
and the melody guitars slightly inside them. 
Overall the guitar parts sounded great, though 
so they really didn't need a lot of processing. 
I tend not to compress distorted guitars very 
much when I’m mixing, because they’ve 
usually already been compressed. It’s strange, 
but to my ears, when you compress distorted 
electric guitars while you're mixing, the whole 
mix starts to sound overcooked. Of course, 
it depends on the song; I don’t have any rules. 

“In the case of 'The Pretender' I had 
a couple of Urei 1176 compressors on Dave’s 
guitar, to pump them up a bit and make them 
sound more aggressive whilst barely 

compressing. I had the Cates Sta-Level 
compressor on the clean guitar in the intro, 
with quite a lot of compression and a very 
slow recovery, plus a 33609 with a very short 
recovery time on Chris’ rhythm guitars, to 
beef them up a little bit. I worked hard to 
make the octave guitars in the last chorus 
stick out. I ended up EQ’ing them with the 
550a, in addition to the console, to make 
them cut through this formidable army of 
rhythm guitars. The rest was just rides. The 
stereo phase and flange guitars used in the 
track already had those effects on them.” 

Strings: room reverb, Neve BCM 10 

“There were five tracks of strings and two 
stereo room tracks for the strings. I know 
I said that I don’t do usually do submixes, but 
I actually did submix the strings through my 
Neve BCM 10 sidecar, and brought them up on 
a couple of faders on the main desk." 

Vocals: Mercury EQH, UA 1 75, Roger 

Mayer RM58, Waves DeEsser, Digidesign 

Reel Tape Saturation, Sound Toys 

Echoboy, Pultec EQP1A, SPL De-esser, 

Neve Portico 5042 

“If I recall correctly, the lead vocal is doubled 
throughout the song. I used a Waves DeEsser 
plug-in on it, which I’m quite a fan of, as I’ve 
not heard a hardware de-esser that is 
competitive with it. The main signal chain 
after that was a Mercury EQH tube EQ and 
then a couple of vintage UA 175s. I hit the 
background vocals with the Roger Mayer 
RM58.1 haven’t mentioned any plug-ins yet, 
apart from the Waves DeEsser, because 
I hardly used them on ‘The Dretender.' The 
only other ones I used were the Reel Tape 
Saturation and the Pultec EQP IA on the intro 
vocals, and the Sound Toys Echoboy on one 
of the end vocal overdubs. 

“I used board EQ on all the vocals. The 
Pultec EQPIA plug-in on the intro vocals was 
to help them cut through. The Reel 
Tape Saturation was a plug-in that I had just 
bought. I wanted to warm the vocals up 
a little bit with it and make them a little bit 
crisper. Nothing too distorted. The Echoboy 
plug-in was used on a vocal overdub at the 
end for a tight delay. I don't tend to use 
plug-ins that much; they’re really not that 
interesting, in my opinion Finally, I also 
used an SPL De-esser on some vocals, and 
the Neve Designs Portico 5042 for a bit of 
crispness. It has its own sound, and I used it 
a lot on the whole Foo Fighters album. 

“To complete the picture, I used an EMT 
plate and the room mies for general reverb, 
and my two EAR 660 limiters were my bus 
compressors, together with the Manley 
Massive Passive. We printed the mix to the 
ATR102, on half-inch analogue tape, from 
which it was mastered." ES 
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technique studio sos 

Studio SOS 
This month we tackle problems that were causing 
a bass-heavy mix and use coat-hangers to produce 
better vocal recordings! 

Paul White & Hugh Robjohns 

Howard Bragen seems to have no trouble 
coming up with good songs, but he 
called Sound On Sound because he was 

having problems with his mixes. He said 

the room, and a tall chest of drawers 
immediately to the right of the desk meant 
that correct speaker placement was 
not possible. 

We persuaded Howard that we should 
move the drawers to the left-hand-side wall 
between the windows, as this would give us 

space to set up the system more 
symmetrically — and with the speakers sited 
so that they would now be firing past the 
computer screens, and not into the back of 
them! We also felt that putting some 
acoustic foam on the expanse of bare wall 
directly behind the speakers would cut 

that they sounded fine in his room, but 
came over as very bass-heavy elsewhere. 
I suspected that his studio layout and 
general acoustics could use a bit of help, but 
when I asked him to describe his room and 
his equipment setup, he told me that he 
used a pair of Spirit Absolute Zero monitors. 
That’s a model that can be rather bass light, 
in a large, untreated room such as Howard’s, 
so I thought this might explain why he was 
mixing with too much bass end. As Howard 
was thinking of upgrading his monitors 
anyway, he went out and bought a set of 
KRK VXT8s (he chose these because his 
main musical collaborator also uses them), 
plus some substantial 1.14-metre stands 
from Studiospares, but he didn’t set them up 
before the day of our visit. 

Howard lives in a flat that is 

Right: Howard Bragen’s 

studio as we found it on 

arrival. His new KRK 

monitors hadn’t been set 

up and his existing Spirit 

Absolute Zeros were set 

up on very lightweght 

stands and partically 

obscured by the 

PC monitors. 

Below: We set up the 

KRKs on much sturdier 

speaker stands, as well 

as placing them on 

Auralex MoPads, which 

tilted the speakers 

towards the new 

monitoring position. 

part of a large, converted 
country house, with very high 
ceilings (approximately 3.5m). 
The room he uses as a studio 
also doubles as a living room 
and bedroom and is almost 
square, at roughly 4.75m x 
4.25m. Because of the way the 
furniture was arranged, the 
Absolute Zero speakers were 
set up on lightweight Samson 
stands behind the computer 
desk, which meant that the 
two computer screens sitting 
on the desk were partially 
obscuring them. This setup is 
undesirable because sound 
bounces off any solid object in 
its path, and in this case both 
the tonality and stereo 
imaging of playback were 
adversely affected. 
Furthermore, the computer 
desk was around half a metre 
to the left of the centre line of 
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down reflections and improve the stereo 
imaging. The side walls were quite 
distant, and because of the location of 
the windows it would have been 
impractical to add further acoustic 
treatment there, so we decided that we 
would try to find a solution that wouldn't 
involve treating them. Likewise, the 
ceiling was so high that it was 
impractical to treat that — and probably 
unnecessary too. 

Getting Started 

After an introductory coffee, we moved 
the drawers and decommissioned the 
Spirit monitors, before dragging the 
computer desk to a central position 
about 500mm from the wall. We 
assembled the new speaker stands 
(which would benefit from being filled 
with dry sand at a later date, in order to 
add mass and damping) and used a pair 
of Auralex MoPads, with their angle 
wedges in place to direct the new KRK 
speakers downwards towards the 
listening position. Normally some 
Blu-tak is all that’s needed between 
a speaker and a solid stand, but if we’d 
placed the monitors directly on these 
tall stands the tweeters would have 
been above head height, which isn’t 
ideal. While we were rewiring the 
monitors into the back of Howard’s 
music PC, Hugh rationalised the mains 
wiring to ensure that we had a ‘star’ 
system, with all the audio gear fanning 
out from a single power point: this is 
a good idea, as it minimises the risk of 
ground-loop hum. 

Howard wasn’t using a separate 
monitor controller, which meant that 
level control had to be done in software. 
When you're working at 24-bit resolution, 
the drop in resolution as you turn the 
level down isn't serious, as long as the 
monitor input-gain trims are set to 
somewhere near the maximum level 

Sending Out An SOS 
Howard Bragen uses his studio to 
produce CDs of his own songs based on 
a whole range of influences, from blues, 
country and jazz to latin. He plans to 
spend a month in the USA in March 
2008. working to place some of his 
material with publishers in order to get 
coverage from well-known artists. His 
latest album is near completion and will 
soon be at mixdown stage, ready for its 
release in 2008. Watch the news page at 
www.intermetmusic.com as well as 
Howard's MySpace page at 
www.myspace.com/howardbragen for 
release dates. 

you’re likely to monitor at, with the 
on-screen level fader most of the way up. 

Sticky Business 

As this was a rented flat, we didn't feel we 
could go sticking Auralex acoustic foam 
directly to the walls, as removing it can 
make a bit of a mess. Instead we tried 
Auralex Temp Tabs, which are essentially 
self-adhesive Velcro fastenings. However, 
as self-adhesive tape doesn’t stick to foam 
very well, Auralex also include some small 
plastic rectangles, the idea being that you 
glue these to the foam using their own 

adhesive, then stick the Velcro pads to 
these. We used the supplied Auralex 
caulking-gun adhesive rather than the 
usual spray, and though it was easy to 
apply, it took rather a long time to set. 
For the first hour or so it exhibited all the 
adhesive properties of Marmite on a warm 
day, so as time was of the essence we 
took a trip to the local DIY store and 
bought some Evo Stik contact adhesive. 
By the time we returned, the Auralex glue 
was starting to grab, but to make sure the 
panels stayed up, we added another 
plastic tab at the top centre of each sheet 
and fixed this in place with Evo Stik, 
which did the trick for us. With the Velcro 
pads stuck in place, and their mating 
halves clinging to them, we stuck four 
vertical panels to the wall behind the 
speakers, centred at roughly (seated) head 
height. This would cut down on sound 
being re-reflected from the hard wall 
behind the speakers, and we hoped that 
soft furnishings elsewhere in the room 
would reduce the amount of unwanted 
sound bouncing around the place. I’ve 
since tested the Auralex adhesive and 
found that although it can be slow to set 
compared with many instant-grab . 
adhesives (including the excellent Auralex 
spray adhesive), after a few hours it goes 
rock solid and is extremely strong. 

Testing The New Setup 

We weren't quite sure how the room 
would behave at the low end, as an open ► 

Fixing foam to walls in rented accommodation 

is something we're often asked about. By 

gluing plastic tabs such as Auralex Temp Tabs 

(pictured) to the foam, you’re able to use 

sticky-backed velcro strips to mount the tiles 

without causing cosmetic damage. 
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► archway coupled the room to the adjacent 
kitchen, which was about half as wide but 
just as high and long as the main room. We 
tested the system using a Steely Dan track 
that we all knew, and were pleased to 
discover that the bass end was pretty even 
and the stereo imaging acceptable — so we 
wouldn't need to treat the side walls. To get 
a subjectively correct balance of bass end, 
we had to set the speakers in their ‘full 
space’ mode, using the rear panel switches, 
as the half-space setting sounded a touch 
bass-light. Because the speakers weren’t 
close to the walls, we felt this was OK. 

Next, we put up one of Howard’s own 
mixes, which was indeed a bit heavy in the 
low bass region, and it also sounded slightly 
low-mid heavy. We set up a parametric 
equaliser to see if I could improve on the 
spectral balance, and I ended up cutting the 
low bass slightly, dipping the lower-mid at 
around 350 to 400 Hz to take out a residual 
hint of boxiness, and adding some 12kHz 
‘air’ by using a Q setting of around 0.5 and 
a gentle boost. 

Though subtle, this clarified the mix and 
brought it into focus, which Howard liked. 
Though he was using Cubase as his DAW, he 
was mixing the outputs via his Yamaha DSP 
Factory PCI card, which was controlled using 
XPI software, as he much preferred the XPI 
interface over the Yamaha original. We 
couldn't find any way to bypass the EQ other 
than a section at a time, so A/B testing 
wasn't as quick and precise as we'd have 
liked, but it was generally agreed that 
reducing the low bass and low mid helped 
achieve a better tonal balance for the mix. 
However, we stressed to Howard that now 
the new monitoring system is in place he 
shouldn't do any overall EQ or compression 
to his mixes if he plans to have them 
professionally mastered — which is 
something that he's seriously considering. It 

Howard usually sings close to his 
computer, so we improvised an 
acoustic shield to keep out unwanted 
room noise, using wooden 
coat-hangers and Auralex foam. 

can be almost impossible to 
undo the effects of EQ and 
compression, and as the 
mastering engineer is likely to 
have more sophisticated 
processors to do the job, as 
well as a far more accurate 
monitoring environment (not 
to mention years of 
experience!), it's best to leave 
everything to them. 

Vocal Recording 

Much of the time Howard 
records his own vocals while 
standing close to the computer 
keyboard, so that he is able to 
operate the system and sing at 
the same time. This meant that 
our usual ‘duvet across 
a corner' trick wouldn’t work, 
so we made up a couple of 
foam panels that Howard could 
hang up behind him when 
singing. These would reduce 
the room reflections bouncing 
back into the live side of his 
AKC C414 XLII microphone, 
which is normally set for 
cardioid pattern mode and 
feeds into the system via 
a digitally connected Focusrite 
Twin Trak preamp. The Twin Trak also 
provided latency-free input monitoring via its 
headphone output. I needed a simple way to 
hang up the two panels (a couple of two-foot 
squares left over from a previous job) from 
boom mic stands so they could be arranged 

in a V shape, and arrived at the simple 
solution of glueing a wooden coat-hanger to 
the top of each piece, and simply hooking 
them over the clip adaptors on the mic 
stands. We had the panels finished in a few 
minutes and the improvised hanging system 

Reader Reaction 
Howard: "Working with the new KRK VXT8 
speakers that Paul and Hugh set up for me has 
been a massive improvement. I bought them 
partly because of a review in SOS of KRK's 
previous model, and because I've used those in 
the studio in Cardigan owned by Jon Turner. The 
whole listening experience is less tiring and I feel 
I can now trust the sound of my mixes to a far 
greater extent. 

"The Auralex foam on the wall has killed 
some of the sonic "nasties', and the ingenious 
solution of hanging the foam pads on 
coat-hangers from mic stands has helped too, in 
that I've got fewer unwanted reflections from the 
room getting back into the mic whilst I'm 
recording vocals, and I can hear this in the 
results. I also really liked Paul's EQ settings for 
the song I played to them and I intend to try 
mixes using those same (or similar) settings, as 

well as taking a flat mix to a mastering suite 
and making comparisons. Thanks again to Paul 
and Hugh!" 

worked fine — so I’ll probably use that trick 
again! An SE Reflexion Filter or something 
similar placed behind the mic would improve 
the isolation from the room ambience even 
further, so we suggested that this would be a 
worthwhile and cost-effective upgrade. 

Howard was pleased that we'd been able 
to make a useful improvement to his 
monitoring environment without damaging 
the room or compromising his living 
environment, and he liked the idea of our 
hanging panels for vocal recording, as these 
could be stowed out of sight when not in 
use. He liked the sound of his new monitors, 
which seemed to have a well-balanced and 
reasonably extended low end, and he could 
see from the way I'd EQ’ed his earlier mixes 
that the combination of untreated room and 
the Absolute Zero monitors had been 
misleading him. ES 
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on test software 

Way Out Ware 
1/ 11/ A VVÛ Software Synthesizer 
l\ 11\ HÄÄC For Mac & PC 

Gordon Reid 

Way Out Ware are perhaps best known 
for their flagship TimewARP 2600, 
a soft synth based on the ARP 2600. 

Warmly received in the USA, this didn’t have 
as great an impact on this side of the pond, 
perhaps because Arturia had already beaten 

Way Out Ware have recreated the classic ARP Axxe in 
software, added a step sequencer and virtual drum 
machine and given it a ridiculously low price-tag. 

WOW and their distributor, M-Audio, to the approach, attacking the low cost end of the 
market with their 2600V. market with a product that is again 

Today, WOW are trying a slightly different distributed by M-Audio. Kik Axxe is marketed 
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primarily as an affordable soft synth modelled 
on the ARP Axxe, but it’s much more than 
that, with programmable percussion sounds 
and two 16-step sequencers (one for the 
synth and one for the drums). Nevertheless, 
let’s start, as one always should, at the 
beginning... 

Axxe Facts 

ARP introduced the Axxe monosynth in 1975 
as a low-cost alternative to the Odyssey and 
ARP 2600. Despite sporting a relatively limited 
architecture of a single oscillator, a single 
filter and a single contour generator, it was 
a fine-sounding performance instrument, and 
ideal for newcomers to synthesis. 
Consequently, it proved to be quite popular, 
and remained in production until the demise 
of ARP in 1981. 

The synthesizer part of Kik Axxe mimics 
the original Axxe almost perfectly. What's 
more, and unlike every other ’soft’ recreation 
of a monosynth that I have reviewed, it’s 
monophonic, which means that it will run on 
computers that are, by today’s standards, of 
modest power. 

For the purposes of the review, I placed 
my Mac next to my original ARP Axxe, and ran 
Kik Axxe as a stand-alone application, as a 
VSTi within Plogue Bidule and as an AU within 
Plogue Bidule. In each case it worked 
correctly, which I found surprising for a 
version 1.0 product. I directed the outputs 
from the Axxe and the Mac to adjacent 
channels on my mixer with all EQ and effects 
defeated, and then attempted to set up the 
same sounds on each. The results were not 
identical but, if I ignored the physical 

Way Out Ware Kik Axxe 

pros 
• Like its inspiration, it's a simple and useable 
synthesizer. 

• The drum sounds and sequencers are more 
useful than you might imagine. 

• The whole package is excellent value for money. 

cons 
• There's an error in the oscillator when mixing 
waveforms. 

• There are a couple of errors in the envelopes 
and triggering. 

• The on-screen manual is inadequate, and there's 
no paper manual. 

summary. 
Most soft synths concentrate on power, 
polyphony, additional modulation capabilities 
and effects. This means that there is room for at 
least one that acts as a true monosynth, and that 
is quick and simple in use. Kik Axxe fulfils this 
role well, and its integrated synthesizer and 
rhythm sequencing enhance its late '70s feel in an 
entirely complementary fashion. 

The Tape Delay Effect 
Unlike many soft synths, which add numerous 
effects to the original synth's specification, Kik 
Axxe adds just one: an emulation of an Echoplex 
delay unit, called Tape Delay. The mixer section 
allows you to send the outputs from the synth 
and drum sections independently to this, and a 
return control allows you to balance the delays 
with the original signal. 

I don't have an Echoplex with which to 
compare Tape Delay, but I would be surprised if 

the original device had the bandwidth of the Kik 
Axxe effect. Oh yes... and it certainly was 
nowhere near as noise-free as the Kik Axxe 
effect. Umm... and you can set the Kik Axxe 
effect to repeat ad infinitum, but the delayed 
sound remains undistorted and otherwise 
unmolested. Oh, OK — the Kik Axxe delay is 
nothing like an Echoplex (or, for that matter, any 
other tape delay) but it’s useful, so I'm not going 
to complain! 

positions of the faders (the calibrations of the 
controls are quite different), I was able to 
reproduce the sounds of the Axxe on Kik 
Axxe with reasonable accuracy. 

Oscillator Action 

In the quest to discover how alike Kik Axxe 
and the vintage ARP Axxe sound, I started 
with the oscillators. Analysis shows that, with 
the filter wide open, my Axxe’s and Kik 
Axxe’s square waves are quite similar to one 
another and, if you set the controls 
appropriately, they react similarly to PWM. 
Likewise, the sawtooth waves are similar at 
high frequencies. But, as you reduce the 
pitch, the Axxe’s wave becomes rounded 
while Kik Axxe continues to produce 
something that is close to an ideal sawtooth. 
Then, if you then drop deeper into the bass 
region, both traces become rounded. 
Despite the visible differences in the 
mid-range, the timbres of the two waves are 
similar and, unless you’re a real anorak, the 
discrepancy is (probably) not enough to 
worry about. 

Nonetheless, there’s an error in the 
oscillator that needs to be fixed. I created 
a sound using the sawtooth alone, played 
a note, and, while holding that note, increased 
the level of the square wave. With the square 
wave at 50 percent of maximum amplitude, 
the fundamental was eliminated and the pitch 
of the note went up by an octave. If 
I increased the square-wave amplitude to 
maximum, the fundamental reappeared. This 
suggests that the amplitude of the square 
wave is double that of the sawtooth, but with 
the phase inverted, which is not how the 
original Axxe behaved! 

The Filter & Envelope Generator 

Using a simple audio analyser, I found that the 
highest frequency of self-oscillation of my 
Axxe’s filter lies at 13.4kHz, whereas Kik 
Axxe’s goes all the way to 20.4kHz at 
a sample rate of 44.1 kHz. These figures do no 
more than demonstrate how misleading such 
figures can be, because I found that the Axxe 
sounded more ‘open’ for some sounds, while, 
for others Kik Axxe was the brighter. In the 
end, I stopped worrying about it; the 
responses of the two filters are slightly 

different, that’s all. If I introduced a second 
ARP Axxe into the equation, all three synths 
would be different. Nonetheless, there are 
some tangible differences in the 
implementation of the filters. In particular, Kik 
Axxe’s LFO sweeps the filter over a far greater 
range than on the Axxe (which is a good 
thing) and, of course, the ADSR can sweep the 
Kik Axxe filter further because of its higher 
maximum cutoff. 

All of which bring us to the envelope 
generator itself. This appears to be 
a conventional ADSR, but there is something 
strange about it. I set up a simple ‘square’ 
contour (Attack, Decay and Release to zero, 
and Sustain to maximum) and there was 
a massive glitch at the start of each note. 
A few moments investigation demonstrated 
that, to eliminate this, I had to set the Sustain 
level to a little under 90 percent of its full 
value. This means that the developers have 
programmed Kik Axxe in such a way that the 
Attack finishes well below the maximum 
Sustain level. This is wrong, but you can turn 
it to your advantage... If you set the Sustain 
level to be higher than the end of the Attack, 
the Decay acts like a second Attack stage, 
rising to the final level. This means that you 
can create ‘A(1)A(2)SR’ contours that are 
impossible to obtain using a conventional 
ADSR envelope generator. 

The maximum Attack time, at six seconds, 
is as it should be. Furthermore, despite the 
tool-tips stating that the maximum Decay and 
Release times are six seconds, they are 
actually in the region of 18 seconds, again as 
they should be. Unfortunately, there's 
a problem with the envelope triggering. The 
ARP Axxe was, like many synths of its era, 
low-note priority with multi-triggering, but Kik 
Axxe is last-note priority with single 
triggering. This can make a huge difference, 
whether you play the soft synth from 
a keyboard or sequence it, and I don’t know 
why WOW made such a basic mistake. 

Like the Axxe, Kik Axxe has an external 
signal input. Unlike the Axxe, however, the 
soft synth adds a level control, an Envelope 
Follower that applies the external signal 
amplitude to the filter cutoff frequency, and 
a ’Smooth’ control to reduce glitching in the 
follower. This is good stuff. 
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Pixelh8 
The Boy With The Digital 
Heart 

If you thought programming 
music on a Yamaha QY70 
or an old Akai MPC was 
time consuming, just think 
how fiddly it must be to do 
it on a Came Boy! But that’s 
what Matthew C Applegate, 
aka Pixelh8, has done on The 
Boy With The Digital Heart, an 
electro-pop album of real songs 
made up of bleeps and boinks. 
But, you may ask, why bother? 
What’s the point? I don’t want to 
enter into a debate about why 
people choose to create music 
on unconventional platforms, but 
the obvious retort is: why not? 

Musically, the tracks are very 
clever, and it’s not all Tetris; 
there’s drums, bass, harmonic 
and melodic sounds, and 
they've all been created using 
what is obviously fairly basic 
synthesis. All in all, it sounds 
like synth-pop should, just a bit 
more computer game-y. One 
reservation I have is that the 
songs are quite repetitious. Even 
though they’re mostly around 
the three-minute mark, they 
soon get a little tiresome. They 
are, of course, instrumental, but 
even so, they could have been 
more interesting, or just shorter. 

Of course, Pixelh8 could 
introduce some vocals, and this 
would certainly add interest to 

the songs (though it might lose 
him some credibility among 
Came Boy geeks). I can easily 
imagine a cutesy female singer 
like Kate Nash or Lily Allen 
(when she’s not whingeing) 
singing some fun little lyrics 
over the top. Chris Mayes-Wright 
Q www.myspace.com/plxelh8 

lUPMOM A 

Troy Banarzi 
Euphonika 

Euphonika might well have been 
CD of the Month, but for the 
fact that Troy Banarzi already 
has an Arts Council grant to 
fund its production. There's 
a lot of inverse snobbery and 
Philistinism around subsidised 
art, and a tendency to dismiss 
projects like Euphonika as 
pretentious or difficult. All I can 
say is that if you do so, you're 
missing a treat. 

The CD originated as the 
soundtrack to a "quasi theatrical 
sound and vision performance", 
yet, unlike much ‘soundtrack’ 
music, it feels perfectly complete 
even without the visual or 
dramatic elements. There's a folk 
influence and a fairy-tale quality 
to Banarzi's style of composition; 
often dark, yet always accessible, 
it expertly balances a string 
quartet against other instruments 
more associated with pop, such 
as the Hammond organ. Several 
of the pieces are overlaid with 
lengthy speech samples, and 
on the second track, ‘Mother 

Machine’, the results are truly 
spine-chilling, even if some of 
the others stray slightly too far 
into schlock-horror territory to be 
as effective. 

It’s also beautifully recorded. 
‘Toy’ instruments such as the 
melódica often come over as 
irritating novelties, but in this 
case they convey exactly the 
right blend of gaucheness 
and menace. I always like to 
hear string players who can 
bring out the potential of their 
instruments for brutality as well 
as sweetness and light, and 
the in-your-face sound suits 
the music perfectly. In a word: 
stunning. Sam Inglis 
□ www.banarzi.com 

mon Ouisch 
The Weary Sessions 

Mon Ouisch's four-track demo 
probably cost them about 
sixpence to put together, but 
with the help of a rubber stamp, 
a paper bag, nice handwriting 
and a bit of imagination, they’ve 
created something that stands 
out from the crowd. All that 
time spent in front of Blue Peter 
obviously hasn’t gone to waste. 

I was expecting their music 
to be as minimal and low-key as 

their packaging, but far from it. 
Like so many indie bands these 
days, mon Ouisch hark back 
to the golden age of punk and 
new wave. Instead of joining in 
the collective worship of Gang 
of Four or Joy Division, though, 
theirs is an impassioned and 
intelligent racket that recalls the 
righteous anger of the Adverts 
or Stiff Little Fingers. It’s still 
as retro as you can get without 
actually serving Spangles, but 
it's refreshing to hear a band set 
about their instruments with 
so much urgency and so little 
irony or self-conscious cool. 
Oh, and they have some decent 
songs, too, which is even better. 
Sam Inglis 
□ www.monoiusch.com 

Playback Is Sponsored By Breed Media 
Sound On Sound are proud to feature Breed Media as the sponsor of 
Playback. Each month. Breed Media will be giving away a run of 1000 CDs 
to the lucky winner. This amazing prize will be professionally pressed by 
Breed Media, and includes glass mastering, full colour print, cases and 
delivery — worth over £700! 

Specialists in CD. DVD and vinyl replication, 
Breed Media offer unique membership 
benefits to their customers. They are 
also environmentally focused: recycled 
products and investment in carbon 
offsetting mean they are truly a new 
breed of replicator. 

This month's winner is Pixelh8. 
□ +44 (0)114 255 2460 
□ info@breed-media.co.uk 
□ www.breed-media.co.uk 
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technique live 

Drum Racks In Ableton Live 

New in Live 7, Drum Racks takes the Instrument 
Rack concept in a percussive direction. Read on 
to see what it can do for you and your drums... 

Simon Price 

If you caught last month’s Live 7 review, you’ll already have a good idea of what 
Drum Racks are for, but we'll start with 

a quick recap. (There's also an excellent 
video at www.ableton.com that summarises 
the features of Drum Racks). A Drum Rack is 
a specialised form of Instrument Rack, with 

functionality focused on drums and 
percussion. Like other Rack types 
(Instrument and Effect), Drum Racks are 
shells for building devices from multiple 
plug ins. A Rack comprises one or more 
parallel Chains, each of which is a sound 
source and signal path. This concept is ideal 
for building drum machines, because each 
drum sound can have its own generator or 
playback device, with its own signal path, 

Pad Control 
Drum Racks have been designed to play nicely 
with MIDI pad controllers. The four by four grid 
has been adopted as a standard by all the main 
hardware units, such M-Audio’s Trigger Finger, 
Korg's Pad Kontrol, and Akai's MPD 16 and 24. 
I had my eye on Akai's MPK49 (reviewed last 
month), but its 3x4-pad grid is a deal-breaker 
since Live 7. 

The neatest feature, when using a pad 
controller, is that if you have one of the directly 
supported units (which includes the Trigger Finger 
and Pad Kontrol. as well as Korg's Kontrol 49 and 
Micro Kontrol), you can select which pads are being 

controlled from the software and the controller will 
follow. To the right of the main pad view there's an 
overview of all 128 pads, with an outline indicating 
the pads that are currently in view. Moving this 
square (by clicking or using the mouse's scroll 
wheel) brings different banks of pads into view. 
Supported controllers will automatically control the 
pads that are currently focused. For this to work, 
you usually need to select the first factory preset 
scene on your controller. 

We'll take an in-depth look at customising 
MIDI controllers to do this, and all kinds of other 
nifty stuff, in a future Live workshop. 

A simple drum machine, with individual channels 

displayed in the mixer. 

filters, effects and so on. All these 
components are hosted within a single 
device — the Drum Rack — so that you can 
treat it as one instrument on one MIDI track. 

Using Drum Racks 

The screen above shows a simple TR606 
drum machine patch made with a Drum 
Rack. The most obvious difference between 
Drum Racks and other Racks is the trigger 
pad section. In this example, each pad plays 
a single sample, and is triggered by a single 
MIDI note from a keyboard or pad controller. 

The individual channels of a Drum Rack 
can be controlled in the main Session View 
mixer. The screen shows how a Drum Rack 
track can expand to display all the separate 
Chains in the composite device. From here 
you can set relative levels and pans for 
individual drum sounds. Selecting any of the 
channels in the mixer immediately displays 
the devices in that chain at the bottom of 
the screen. 

Patterns can be recorded into Clips on the 
MIDI track containing the Drum Rack patch. 
However, at a later point you can decide to 
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Drum Rack pads don’t just have to be sample-based. In this screen, the Operator FM synth is being used for the snare sound. 

strip a sound out of the Drum Rack and treat 
it as an individual track. To extract a sound, 
simply click and drag its channel to an empty 
space in the mixer. A new MIDI track will be 
created containing the sound’s device chain. 
Any MIDI Clips that were on the Drum Rack 
track will be duplicated on the new track, 
with just the notes for that sound. 

Sound Sources 

An important point about Drum Racks is that 
they are not instruments in themselves. 
Each sound must be generated by one of 
Live's other instrument plug-ins (or 
a third-party plug in) hosted in the Rack. 
When you drop a sample onto a pad, an 
instance of Simpler (Live's basic sampler) is 
created on that pad’s Chain. However, any 
instrument plug-in can be used to generate 
sounds in a Drum Rack. In the screen above, 
another pad has been added, this time using 
Live’s optional FM synth, Operator. The 
Operator patch was simply dropped onto 
the pad from the Browser. 

When using synths as sound sources, 
you need to set which note is triggered by 
the sound's pad. If you look at the 
parameters in the Chain list, or in the 
expanded mixer view, you’ll see fields for 
Receive and Play. Receive is the MIDI note 
that plays the pad for that chain. Play is the 
note that gets sent to the instrument on the 
Chain. By default the Play note is always C3, 
which will play back any samples at their 
original pitch. For synths, you need to 
change this to get the correct note when the 
pad is triggered. 

By editing the Receive fields, you can 
create Pads with layered sounds. In the 
screen below, a second snare sound has 
been added. This was initially dropped onto 
a spare pad, but the Receive note was 

changed to DI, the same as the first snare. 
The DI pad now displays ‘Multi’ (this can be 
renamed), and the pad triggers both Chains 
at once. 

Building A Drum Rack Patch 

Unless you have the optional Drum 
Machines or Session Drums packages, you 
will only have two Drum Rack patches in 
your Live library. It's therefore essential to 
learn how to create your own kits to get the 
most out of Live 7. 

Start by opening the Browser view, 
selecting the Live Devices tab and opening 
the Instruments folder. Drag the master 
Drum Rack (not a patch from its sub folder) 
to an empty space in the Mixer. A new MIDI 
track will be created and the Drum Rack’s 
pads page will appear in the Device View. 

Next, add some samples to the pads by 
switching to one of the three file-browsing 
tabs and locating a sample you wish to add. 
In the picture on the opposite page, I’ve 
opened a folder of TR606 samples from my 
library, and dragged them to pads in the 
Rack. When you move the cursor over the 
pads, suggested sound types are displayed 
in the status bar, based on the General MIDI 
standard drum map. 

Essential Selections 

After you’ve dropped some samples onto 
pads and triggered a few, you'll notice two 
things: the level is a bit low, and sounds cut 
off when you release the note. In most cases 
you’ll want to remedy these issues by 
changing some settings in the Simpler 
instrument. You can display the Simpler for 
any Chain by double-clicking it. 

First we’ll sort the level. The output level 
of the Simpler defaults to -12dB. You could 
just push this up, but a more sophisticated 

approach is to adjust the Velocity response. 
In Simpler, adjusting the ‘Vel’ parameter 
changes the dynamic range of the sample 
playback both up and down from the basic 
Volume setting. At a Vel value of 50 percent, 
the sample should nearly peak when you hit 
the keys or pads hard. 

Next we’ll make sure the entire sample 
plays back, even from momentary triggers. 
This is achieved by pushing up the Release 
knob in the Volume Envelope section. A final 
adjustment that’s recommended for drum 
samples is to turn the number of voices 
assigned to the sampler down to one. This 
makes sure that you don’t get multiple 
soundings of the same sample at once, as 
you wouldn’t with real drums. All these 
settings can be seen in the screen at the 
start of the article. 

Making these settings each time you add 
a sample soon gets tedious, so check out 
the ‘Default Drum Drops' box for advanced 
tips on saving your own default Simpler 
settings. Once you've dropped a few 
samples onto your Drum Rack, you can 
switch quickly between different sounds, to 
make adjustments, by selecting their pad or 
by selecting their channel in the expanded 
mixer view. An even quicker method is to 
enable the small square 'A' button in the 
Rack’s view selector. This lets you display 
Chains simply by triggering them from your 
MIDI controller. 

Adding Effects 

Once you've got your sounds in place, you 
can add some effects. You can add separate 
effects to each sound, add global effects to 
the output of the Rack, and create Return 
channels within the Rack. To add an effect 
to a single sound, simply drag it from the 
Browser to a pad, or to a channel in the 

Pads can be set to trigger multiple Chains, to create layered sounds. 
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technique cubase 

Mix Management 
Crafting the perfect mix is a difficult In Cubase 
task, but often all you need is a bit of 

organisation to make things quicker, 
easier and more rewarding. 

John Walden 

I often hear people saying that mixing is a mixture of art and science, and it is 
true that a good mix demands both 

creative and technical skills. But you also 
need a good dose of organisation and 
administration to get the best out of your 
mix, so this month, I’ll look at how you can 
configure your Cubase projects to make the 
technical side of the mixing process more 
efficient and, as a result, make it easier to 
focus on the creative side of things. 

Perhaps one of the most basic difficulties 
in organising a mix arises because of the 
almost limitless track counts that most 
DAWs offer on a modern computer. With 
various sections of guitar, synth, vocal, bass, 

drums and other bits of ear candy each 
spread over multiple tracks, even the basic 
task of setting the relative volumes of each 
instrument within a mix can become 
cumbersome. Cubase offers all sorts of 
options for managing the mix of a complex 
project, but two things are probably key: 
being organised in the Project window, and 
making good use ofCroup channels. So, let’s 
consider what you can do to manage your 
mix more efficiently... 

Project Management 

Although it is always tempting to just go 
with the creative flow when tracking, taking 
a little extra time to organise your tracks 
within the Project window can make it much 

Group channels are 

a good means of 

regaining some 

control over 

unwieldy mixes. 

By default they’re 

placed together (as 

shown in the Mixer 

view here) but you 

can move them 

around like other 

tracks to form 

subgroups for 

multi-miked 

instruments or 

other complex 

setups. 

different 
approaches: an 
obvious tactic 
would be to 
create folder 
tracks to 
organise the 
audio and MIDI 
tracks, and an 
alternative might 
be to use folders 
for instrument 
groups — drums, 
bass, guitars, 
vocals, and so 
on. Whatever 
approach is 
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easier to pick your way through the various 
takes when it comes to mixing. Simple 
functions such as colour-coding tracks and 
using folders to keep related tracks together 
can make a big difference to project 
navigation. I find that this is particularly 
helpful when you find yourself having to 
come back to a project at a later date: the 
more clearly organised the materials are, the 
easier it is to recall exactly what stage the 
project had reached, and how different 
tracks are routed or related to one another. 

Different projects might call for slightly 

adopted, folders can provide a useful means 
of organising the various takes in a project. 

Folder tracks can be added to the project 
via the Project / Add Track menu option. 
Once created, other tracks (for example, 
audio or MIDI tracks) can simply be dragged 
and dropped into the folder from the Track 
List in the Project window. The folder can 
then be collapsed, allowing you to hide the 
tracks contained within them, reducing 
clutter in the Project window while you shift 
your focus to another of the elements in 
your project. 

Navigation through extensive track 
counts can also be made easier by 
colour-coding your tracks or parts. If you 
enable the Show Track Colour option (via the 
blue, green and red striped button located 
above the Track List), this adds a narrow 
Track Colour Selector bar to the right edge 
of each track within the Track List. Clicking 
and holding the mouse on this bar will bring 
up a palette of colours to select from. 
Colour-coding a folder track will apply that 
colour to all objects within the folder, and 
this can be useful if you have instrument 
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groups organised by folder (for example, all 
bass parts blue, drums red, guitars green...). 
You can also colour individual parts on 
a track, so you could colour, say, the chorus 
part of your guitar track differently from the 
verse part. It doesn't matter what colours 
you choose, although it does help if you are 
consistent across different projects. 

Count Down 

The mix can also be made easier by 
reducing the number of tracks you have to 
deal with — and this is where Croup 
channels come into play. For newcomers to 
multitrack recording, the purpose ofCroup 
channels can easily pass you by. In many 
ways, they are the equivalent of ‘subgroup’ 
channels found on many hardware mixers. 
The outputs from individual channels within 
the mixer (for example, from audio tracks) 
can be routed to a Croup channel and, in 
turn, the Croup channel is routed to the 

Stem The Flow 
One of the new audio routing possibilities added 
in the recent 4.1 update was the ability to 
identify Group channels (and FX channels for that 
matter) as the input sources for audio tracks. The 
most obvious application for this is the creation 
of mix stems'. A stem is a submix of a group of 
related instruments — bass, guitar, drums and 
vocals might be four such stems' that together 
form the full mix. Such mix stems are often used 
when composers supply music for film or TV 
projects, as they give the mix engineer greater 
flexibility when combining the musical, sound FX 
and dialogue elements into the final audio mix of 
the project. For example, with an orchestral 
score, separate stems might be provided for each 
of the major orchestral sections — strings, brass, 
woodwind and percussion. Mix stems are. 
however, also becoming something that some 
mastering engineers are requesting when working 

on straight musical projects, as they can provide 
them with greater flexibility to shape the overall 
sound at the mastering stage. 

Stems could be created in earlier versions of 
Cubase, but it involved soloing each Group 
channel in turn and performing an Audio Export 
for each stem required. In 4.1, the Input Routing 
box automatically offers any existing Group 
channels as a possible input source for an audio 
track. By configuring a series of stereo audio 
tracks to be fed from each of your Group channels 
and putting them all into Record mode, all the 
stems can be created in real time with a single 
pass through the project. 

Incidentally, stems' also provide a useful way 
of archiving a project. Each major instrument 
group can be preserved as a stereo audio file. If, 
at some point later in time, a remix is required, 
these audio files can be used rather than 
returning to the original Cubase project. Though 
this doesn't give as much flexibility as a full 
project, the stems can be used on any DAW 

platform, and the approach can be useful where 
plug-ins or even sequencers used for the original 
mix have become obsolete. 

main outputs of the mixer. 
Let’s take a simple (but quite typical) 

recording task involving drums, bass, two 
guitars and vocals. By the time you have 
used a multiple mic setup on the drum kit 
(for example, separate mies for kick, snare, 
hi-hat and overheads and a distant ‘room’ 
pair), two or three different mies on the 
guitar amps and perhaps even multiple 
amplifiers, everyone has overdubbed a few 
takes, and then you've added several tracks 
of backing vocals, the track count soon adds 
up and starts to feel unmanageable. 

While it is perfectly possible to mix 
a large number of tracks, it is easy to see 
how things can become a bit complicated. 
The best takes for each song section for 
a particular instrument might be scattered 

Audio tracks and VST Instruments can be routed to 

a Group channel, via the Mixer window (as shown here), 

the Project window Inspector, or a track’s Channel 

Settings window. 

across several tracks and, even with 
colour-coded folders, there will still be a lot 
of faders to look after when it comes to the 
job of mixing. 

Track and fader counts can be kept under 
control in a few ways. One is to use Cycle 
Recording (as discussed in the Cubase 
column in SOSJuly 2007) but this will be 
less practicable if the tracking for the 
project occurs over several sessions. 
Another is to use the ‘link and unlink faders' 
option that is accessible by right-clicking on 
the mixer channel having selected multiple 
tracks. But things generally get much easier 
if Croup channels are used. For example, 
imagine a guitar part requires a three-mic 
setup (for example, one on the grille, one at 

12 inches and a more ambient room mic) 
and is recorded to three mono audio tracks 
in Cubase. The three tracks can be routed to 
a Croup channel named ‘Cuitar 1’, and 
stored with the Croup track in a folder. The 
same could apply to a second guitar part. 

Prior to Cubase 4.1 there was a limitation 
with Croups, in that you could only route 
them to other Croups that were created later 
(see the Cubase column in SOS Dec 2006) — 
but thankfully, C4.1 removed this limitation. 
The two ‘Guitar’ Croup channels can be 
routed to a further ‘Master Cuitar' Croup 
channel, which can be used to control the 
overall level of the guitars relative to other 
elements of the mix, such as drums, bass, 
synths and vocals. 

Applying the same approach 
to each instrument allows 
a project extending over many 
tens of individual audio tracks 
to be focused down to a small 
number of Croup channels. The 
first screenshot in this article 
shows a mixer view where 
a single Croup channel has 
been created for each of the 
key elements: drums, bass, 
guitar, lead guitar, vocals and 
backing vocals — with six 
faders in all, making things 
much more manageable. Each 
of the individual audio tracks 
has been routed to the 

Where possible, it’s useful to apply 

effects plug-ins and EQ at the Group 

level. Not only will this reduce the strain 

on your computer, but it also makes tasks 

like automation much more convenient. 
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MIX MANAGEMENT 

The mixer’s Common 

Panel allows the 

display of particular 

track types to be 

toggled on or off to 

simply the display. 

Hovering the cursor 

over the grey/orange 

icons will tell you 

what each one does. 

► appropriate 
Croup channel 
via the Output 
dialogue (either 
from the 
Project window 
Inspector or via 
the Routing 
panel available 
within the 
mixer). While some balancing of levels using 
the individual tracks will still usually be 
required, once this is done, all the key 
elements of the mix can be balanced from 
this small number of faders. Inc identally, if 
you're using a hardware control surface such 
as a Mackie Control, placing the Croup 
channels together at the top of your track 
list will generally give you control of these 
channels without having to scroll through 
lots of banks of faders to get to them. 

As with audio tracks, you can assign the 
audio outputs of VSTis to Croup channels. 
If they are multitimb^al instruments and 
feature multiple audio outputs, specific 
instrument types can be routed first to 
a particular output from the VSTi and, from 
there, to the most appropriate Croup 
channel. For example, when combining 
sound sources from more than one 
orchestral library within a project, the 
various VSTi outputs could be used to send 
all the string sounds from the different 
libraries to a single Croup channel, from 
which the 'master' string level can then be 
controlled. Similar Croup channels could be 
configured to deal with each of the major 
orchestra sections. 

A Lighter Loac 

As well as reducing the number of faders 
you need to worry about, Croup channels 
bring a second form of efficiency. Where you 
have multiple tracks of the same source, 
such as several backing vocals sung by the 
same singer, you often find that you want to 
apply the same processing to all of them. 
Croup channels have tne same capacity for 
using insert and send return effects as do 
individual audio tracks, so it's more efficient 
to apply a single plug in at the level of the 
Croup channel than to use individual 

instances on every source track. 
The benefits of this approach can be 

seen very clearly from our earlier example of 
the four-piece band, where six Croup 
channels (drums, bass, guitar, lead guitar, 
vocals and backing vocals) were being fed 
by over 40 individual audio tracks. In this 
kind of situation, applying EQ and other 
processes at the Croup channel level makes 
a lot of sense, as only one chain of effects is 
required per Croup channel rather than per 
audio track. It’s much quicker to set up and 
change an EQ setting for a single Croup 
channel than for half-a-dozen audio tracks. 
However, this approach is not always 
appropriate for all plug-ins and all sources. 
For instance, you are unlikely to want to 
apply the same EQ settings to every 
individual mic in a multi-miked drum kit, 
while dynamics plug-ins may respond 
differently to grouped signals than to 
individual sources. 

A New View On Mixing 

As with other aspects of Cubase 4's user 
interface, the Cubase Mixer window can be 
customised in a variety of ways. This is 
useful when mixing, as the last thing you 
really want to deal with is a virtual mixer 
that requires repeated scrolling across tens 
of audio, MIDI and other channels (which 
can easily happen even on multiple-screen 
setups). If you have your project organised 
into a relatively small number of Croup 

You can create custom View Sets via the buttons at 

the base of the Common Panel. 

channels, then the lower portion of the 
Mixer’s Common Panel can be used to toggle 
off the display of all the other track types. 

As the Devices menu allows multiple 
instances of the Mixer window to be open, it 
is possible to configure one just to show the 
Croup channels while a second may show all 
channels. It is then easy to move between 
the two, depending upon whether you need 
to work with the major mix elements (for 
example, the overall balance between 
drums, guitars, bass and vocals) or the 
detailed balance between different tracks for 
a specific instrument (for example, the 
balance between the different mies of your 
multi-miked drum kit). 

Mono To Stereo 
Group channels can also be used to apply 
stereo effects to a mono audio track. If you 
have a mono track and use a stereo insert 
effect such as chorus, the spatial element of 
the effect is lost. However, if you route the 
mono track to a stereo Group channel and 
insert the effect within the Group channel, 
then the stereo effect can be heard in its 
full glory. 

However, perhaps a more flexible way of 
moving between different views of the 
mixer is via the Channel View Sets facility. 
When you’ve decided on a combination of 
channels to display, the current 
configuration can be saved as a View Set, via 
the buttons located at the very bottom of 
the Common Panel. Each View Set can be 
named and then instantly recalled, which is 
very useful for switching between different 
elements of the mixer to work on 
different tasks. If you're able to master the 
show/hide function, you can even store 
different mixer views for groups of 
instruments — for example, you can show 
only the multitrack drum audio channels. 

Templates 

It is well worth creating a template project 
that contains a number of Croup Channels 
pre-configured and ready to roll, along with 
other elements such as FX channels or VST 

Instruments that you find yourself using on 
a regular basis. If you frequently work on 
material that's based on similar instrument 
groups (for example, orchestral music or 
guitar bands), it is also well worth including 
a series of empty audio tracks all pre-routed 
to named Croup channels. The same might 
apply if you often process the individual 
outputs of an instrument like BFD in the 
same way. While any such template is likely 
to require modification and additions for 
each project, it will save a considerable 
amount of setup time, meaning that the 
creative urge is less likely to slip out the 
back door because it got bored of waiting! 

In many cases, the mix will still be an 
iterative process — involving moving back 
and forth between the (well-organised, 
folder-based) individual audio tracks and the 
Croup channels. You may be thinking that 
there's not anything that’s radically new or 
magically creative about folders, 
colour-coded tracks or Croup channels, and 
you'd be right. But I'm surprised by how 
little use some people make of these 
facilities. Getting your material organised 
and the mixing process down to a more 
manageable number of faders can make a 
big difference to the ease with which your 
initial mix can come together. E3 
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technique 

USING Z3TA+ FOR EFFECTS 

In this example, the modulation effect’s Speed control 

has been restricted to a small range, as shown by the 

blue line in the fader's ‘groove’. The pop-up menu 

shows that the Modulation Speed range has been 

restricted, but the Mod Wheel travels over its full 

range to cover this restricted range, thus providing 

a type of fine tuning. 

As you turn your MIDI controller's 
hardware knob or slider, the parameter will 
vary only within the minimum and 
maximum levels you specified. However, 
there is a limitation: the new range you've 
set is not spread across the hardware 
knob’s full range: restricting it doesn’t 
provide ‘fine-tuning’, but merely ensures 
that the value won't go beyond the 
specified minimum and maximum values. 
(As you’ve probably figured out, Reverse 
changes the 'sense' of the parameter. In 
other words, turning up a control when you 
have it set to Reverse actually reduces the 

the desired 
maximum value, 
right-click on the 
slider, and under 
the name of the 
parameter, click on 
Set Max. A blue 
line appears in the 
slider’s 'virtual 
groove' to show 
the range you've 
specified, and 
when you assign 
a controller it will 
vary the parameter 
value over the 

range you specified, but this will be spread 
over the full rotation or travel of the 
hardware control. 

If a parameter has multiple control 
sources, you can see the parameters for 
only one source at a time in the menu that 
pops up when you right-click on a 
parameter’s virtual slider. However, you can 
choose which parameter is shown simply by 
moving the hardware control before you 
right-click on the parameter’s slider. 

Real-time Effects 

You can also use z3ta+ for real-time 
processing of whatever input you’re feeding 
into Sonar. The basic procedure is, in an 
audio track, to first set the audio Input field 
to pick up the appropriate signal from your 
audio interface (mic, guitar or whatever). In 
the audio track's effects bin, insert the 
z3ta+ audio effects plug-in (or z3ta+ soft 

parameter value.) synth — and if you're using the soft synth, 

remember to click on Options and select 
Audio Input Thru). Now turn on Input Echo 
in the audio track (the button to the right of 
the Record button). 

You’ll now be able to monitor the effects 
as you play, sing or send in any real-time 
input. Of course, this works best with 
low-latency systems! 

A Cubase Screen Shot?! 

OK, this is a Sonar workshop, but after all 
z3ta+ is a stand alone Cakewalk product 
too, and it has a feature that, ironically, 
doesn't work in Sonar but does work in 
Cubase 4: the ability to send a track's audio 
not just through the effects section, but 
through the z3ta+ filters and VCAs as well. 
This is possible because Cubase can assign 
a MIDI track to a VST plug-in effect (it 
doesn't just do instruments), so you can 
trigger the envelope generators from 
a keyboard. 

When you install Sonar 7, it actually 
installs two versions of the z3ta+ effects 
section: z3ta+_fx and z3ta+_fx2. The one 
with the fx2 suffix is the one you want. 

In Cubase, insert z3ta+_fx2 into the 
insert of a VST audio channel (of course, 
you should also have audio on this track, so 
that there's something to process). Create a 
MIDI track and assign its output to 
z3ta+_fx2. Unless you want to play the 
synth section at the same time, go through 
each oscillator and turn each wave to ‘Off. 
Now your MIDI keyboard can trigger the 
envelopes; you can play with the filter 
parameters, drive parameters from LFOs, 
and so on. Fun stuff! £□ 

If you do want 
fine-tuning, you can 
achieve it by setting 
a ‘master range’ for the 
control. The method is 
very similar to the one 
just described. First, 
set the virtual slider (or 
other control) to the 
desired minimum 
value, then right-click 
on the slider and under 
the name of the 
parameter, this time 
(for example, 
Modulation Speed), 
click on Set Min. Now 
set the virtual slider to 

Z3ta+ inserted in Cubase 4, 

which can process audio through 

the filters and VCA, as well as 

the effects section. In Cubase, an 

accompanying MIDI track allows 

triggering of the z3ta+ envelope 

generators. 
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technique logic 

DRUM EDITING & REPLACEMENT 

recording at these new ‘guide’ Region 
boundaries. In this example, I’ve used the 
snare transients as the guide. First, you need 
to select all the tracks you want to manipulate 
and assign them to a Croup — but don’t add 
the track that you’ve just chopped into 
separate Regions. 

Select the track that contains the split 
Regions and use the Select next Region, Set 
Locators by Regions and Coto Left Locator key 
commands to move the Playhead (referred to 
as the SPL or Song Position Line before Logic 
8) to the start of each of the newly split 
Regions. If you then click on one of the 
Regions that are assigned to the Croup, that 
will select them all and you can use the Split 
Regions at Playhead key command to cut all 
the Regions in that Croup. Once all your 
tracks are sliced as required you can group 
them to make sure they stay together when 
you move or quantise them — but don’t forget 
to add the guide Regions to the Croup as well. 

Quantising Drum Tracks 

Once you have the tracks split at the 
transients, you can either move the Regions to 
where you want them to be on the timeline 
using the usual copy and paste 

Update: Logic Pro v8.o.i 
There seems to be a law of computing which 
states; ‘for every new feature and bug fixed in a 
software release there will be a corresponding 
new bug added and a useful feature removed'. 
Logic 8's first point' release is apparently no 
exception to this rule. The good news is that 
Apple are obviously listening to their users — 
although, at first glance, the 'point-oh-one' 
appended to the update might fool you into 
thinking it isn't particularly significant, it actually 
contains some important changes. The outcry 
following the implementation of the fixed 
Transport bar obviously hit home, as there's now 
a function in the View menu of the Arrange page 
to turn it off. However, that which the Lords at 
Cupertino giveth with one hand they taketh away 
with the other. In adding this feature, Apple have 
introduced a bug that freezes the Transport bar 
display — though it can be unfrozen by changing 
Screensets or jiggling about with the Inspector 
display View and Restore parameters. Also broken 
in the latest release is the floating-window Piano 
Roll link function: it no longer reflects any change 
of MIDI Region when you change Screensets. 

More usefully. Apple have reinstated the 
ability to cut and paste Audio configurations 
between Projects which was lost when they 
removed the old Audio configuration window — 

which, again, shows they are actually reading all 
those feedback emails. Frustratingly, though, 
they haven't also re-introduced the ability to cut 
and paste configurations between different audio 
drivers, so importing DAE sessions from Pro Tools 
is still not possible in Logic 8. It's hard to see 
why Apple have only gone halfway with this. 
Perhaps it's an indication that the removal of the 
Audio configuration window was a much more 
fundamental change to the program than we first 
thought. Apple have cunningly added some of the 
update information into the Logic 8 late-breaking 

news document ( ttp://manuals.Info.apple.com/ 
en/Logic_Pro_8.0_lbn_z.pdf) without actually 
renaming it! 

As far as performance is concerned, I haven't 
seen any changes on either of my systems. The 
G5 is still significantly more sluggish than the 
MacBook Pro. But others have reported both 
better and worse performance on seemingly 
similar systems. I think part of the problem is 
that we re still in a transitional period. People are 
using G4, G5 and Intel computers along with 
various revisions of Tiger and Leopard so it's hard 
to pinpoint where any real issues with Logic 8 lie. 
It's good that Apple seem to be paying attention 
to Logic users' issues — but it would be nice if 
the conversation wasn't always so one-sided! 

techniques, or you can quantise 
them by selecting them in the 
Arrange page and opening the 
Event editor from the main 
Window menu. Here, you can set 
the required value and then 
quantise the Regions as if they 
were MIDI data. Of course, 
quantising will only work if your 
recording has some kind of tempo 
map assigned to it. If it was played 
to a click you’ll only need to know 
the bpm values and any tempo 
changes — which can then be 
inserted using the Tempo list in 
the Tempo section of the Options 
menu or the Tempo Global track. 

If the recording was played 
‘free’, you can try to create 
a tempo map using the techniques 
described in the SOS May 2006 
article on tempo matching (on-line 
at www.soundonsound.com/sos/ 
may06/articles/ 

Logic is to generate 
a MIDI Region 
containing notes 

The Event List enables 

you to ‘quantise’ your 

audio regions, just as 

you can with MIDI. 

Providing you have cut 

your drum tracks so 

that there is no dead 

space before the first 

transient, this should 

lock your edited 

drums to the project’s 

tempo. 

Transient Designer 

To produce the best source material for 
turning your audio into MIDI data (which you 
can then use to trigger a drum instrument or 
sampler), you need to make the transients as 
clear as possible, while suppressing the 
sounds you don't want to hear. Audio quality 
isn't an issue; you’re not going to use these 
recordings in the final mix; they are purely 
being used to generate data for the Audio to 

you want. I tend to make a copy 
of the drum parts I want to work 
on and paste them past the end of 
the Song, or into a new Project 
entirely. I do this by using the 
Export As Audio Files feature, 
which is accessed by right- or 
Control-clicking on the Region in 
the Arrange page. By doing this 
you can be sure you don’t damage 

the original recordings, as it’s likely you may 
have to do some destructive processing on 
the audio. 

Iogictech_0506.htm). 

Drum Replacement 

Of course, once you have sliced your beats, 
individual drum hits can be replaced with 
samples, a common trick that many producers 
and remixers use these days. There are some 
third-party drum-replacement solutions 
available for Logic, such as Drumagog 
(www.drumagog.com), but there’s quite a lot 
you can do using the tools available within 
Logic itself. The aim with drum replacement in 

that mirror the desired transients in the 
recording. It's usually done with bass and 
snare drums, but I know a few brave souls 
who replace hi-hats too. To do this, we need 
to use Logic's Audio To Score feature, which is 
located in the Factory menu of the Sample 
editor. If you just open a recording and apply 
this process you’re likely to be pretty 
disappointed. Like most of these analysis 
procedures, the old tenet ‘garbage in, garbage 
out' applies, and you’ll need to do some 
pre-processing before you’ll get the results 

Score feature. For this example, I’m going to 
use a recording of a snare. As with most of 
my recordings, there's a lot of bleed from the 
other drums in the kit, so the first thing to do 
is use a noise gate. Logic’s basic noise gate is 
perfect for this, as not only does it have 
controls for setting the threshold, attack and 
release parameters, it also allows you to set 
the frequency range to which the gate will 
respond. I sometimes place a flat EQ with the 
Analyser switched on, or the Multimeter 
plug-in, before the gate, so I can see which are 
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DRUM EDITING & REPLACEMENT 

► the dominant frequencies of the transients I’m 
interested in, and then insert these values. 
You can usually home in pretty accurately on 
the drum you're trying to isolate. If the beats 
vary a lot in dynamic range, you can add 
Logic's Compressor and Limiter to bring them 
all up to the same level. When you're happy 
you’ve isolated your beats, you can then 
Export the processed recording as an Audio 
file, by right- or Control-clicking on the Region 
and then re importing the processed file back 
into the Project. 

Audio To Score 

Once the processed file is back on the Arrange 
page, double-click on the Region and open it 
in the Sample Editor. If you've been successful, 
the waveform should just show the transients 
you want, with near-silence between them. 
When Logic performs its MIDI note extraction 
it will place the Region generated on the 
currently selected track, which can cause a bit 
of head scratching if you’re not expecting it. 
I usually create an Instrument track beneath 
the one the processed file is on and insert the 
plug in that will play the replacement sound 
— in this example, I'm using Ultrabeat. 

When you open the Audio To Score 
window from the Sample Editor’s Factory 
menu you’ll see some presets in a pull down 
menu. These are a good place to start, but it’s 
likely you’ll need to try the process several 
times with different parameters to generate 
the results you want. The undo function, and 

Tricks Of The Trade 
No matter how well recorded a drum track is, you 
may still want to replace or add another sound in 
parallel using samples. How easy this is to do 
depends on the recording. If you are presented 
with recordings where the snare, bass drum and 
hi-hat are perfectly isolated, you're not going to 
have many problems. 

In fact, producers who know in advance that 
this kind of thing is going to be done often use 

tricks such as getting the drummer to 
raise the hi-hat well above the 

snare, to improve separation, 
or use an extremely 

directional 

microphone 

such as the shotgun type that's a staple in 
location film work, just to isolate the sound and 
generate a recording that will be used solely for 
replacement duties. In this case, the sound quality 
doesn't matter: only the transients are required. 

A colleague of mine uses contact microphones 
taped to the snare, bass drum and toms to 
generate a click whenever a drum is hit. He then 
uses these recordings if he needs to replace the 
drum sounds. As is so often the case, the more 
preparation you do beforehand, the easier it is to 
achieve the results you want later. 

However, most recordings 

will suffer from bleed of one 
kind or another, which makes 
the whole process more 
complicated. 

trial and error, are invaluable here. 
The Granulation parameter sets the time 

span of the louder parts and thus the 
transients. Start with values between 50 and 
200 ms and use a short attack time (between 
four and 40 ms) and short release time (zero 
to five percent). Leave the Velocity threshold 
at ‘1’ and set the Basis Quantise to the most 
sensible value for the material you're using — 
perhaps 1/4 for bass drum, for example. 

Now click on Process. Logic will show 
a ‘sample being processed’ display, and a MIDI 
Region containing the extracted notes will be 
generated. If you double-click on it to open it 
in the Piano roll (formerly Matrix) editor, you’ll 

see the individual notes. If the Audio To 
Score’s settings were good, you’ll just have 
notes that fall at the same position as the 
transients in the original recording. Of course, 
it's more likely that some spurious data will 
also have been generated, so you can either 
edit it out manually or click undo and try 
changing the parameters. 

You’ll probably have to drag all the hits to 
the correct note on which your replacement 
sample is assigned. To do this, use Select All 
from the Edit menu and drag the whole lot to 
the correct note. If you try playing the 
generated MIDI data and the processed audio 
together you’ll quickly hear and see if Logic 

Drum replacement: this screenshot shows the original audio file for the snare track (top), the file that was created to highlight only the 
transients (middle), and the MIDI region that was created after using Logic’s Audio to Score feature which, in this example, is being used to 
trigger Ultrabeat. The Piano Roll at the bottom of the image shows the MID! data in more detail. 

has added any notes you 
don’t need. Once you’re 
happy with the MIDI Region, 
you can copy it to the 
correct place in the timeline 
of the original Project. Have 
a listen to the unprocessed 
audio recording and the 
MIDI Region together to 
make sure they sound 
satisfactory. 

Conclusion 

Drum editing and 
replacement can either be 
used as creative tools or for 
improving a recording. The 
purists may complain, but 
the listening public are 
becoming less tolerant of 
timing errors in their 
recordings, and even 
acoustic music can benefit 
from a bit of editing. Saying 
this, I wouldn't like to be the 
person who performs drum 
replacement or editing on 
any upcoming remixes of 
classic Led Zeppelin 
tunes! ES 
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Listening In 
Input Monitoring in 
Digital Performer 
There's more useful stuff than you can shake a stick at 
this month, including advice on input monitoring, 
ways to get around latency issues, and news of 
CD-burning and audio networking applications to 
make your life easier. 

Robin Bigwood 

Over the last couple of months we’ve 
been looking at monitoring: what it is, 
and how to make it work for you in 

Digital Performer with a range of typical 
studio situations and hardware setups. In this 
final instalment of our monitoring 
extravaganza, DP5’s Input Monitor function 
and aux tracks come under the spotlight, and 
I offer suggestions for incorporating 
hardware effects units into your DP-based rig. 

Not Just For Recording 

You could be forgiven for thinking that 
monitoring is only relevant for recording — 
specifically, for supplying a headphone 
backing track mix to an artist recording 
a performance. But it encompasses more 
than this, especially in the modern studio 
integrating hardware and software synths 
and effects. 

To illustrate what I mean, imagine Reason 
and DP are running on the same Mac. The 
Rewire link between the two applications 
carries audio from Reason to DP, but in order 
to hear Reason at all some sort of ‘open 
input’ is needed in DP. An aux track is often 
perfect for this, bringing the Reason audio 
into DP’s Mixing Board, and allowing it to be 
mixed alongside other track types. What the 
aux track is really doing is monitoring the 

live signal from Reason, allowing the 
engineer to hear it while working on other 
aspects of the mix, just as a singer would 
hear a backing track as they recorded vocals. 

These ‘open inputs’ are useful for all 
sorts of things, not just Reason. You could 
use them to monitor the return from 
a hardware effects unit, the signal from 
a hardware synth, or a signal from another 
Mac arriving digitally via an ADAT 
connection or across a network. All these 

need to be monitored as you work on your 
track, until you choose to record them and 
capture their signals to an audio track. So 
what are the options available to you? 

Aux tracks: Aux tracks are a long-standing 
DP feature. You can’t record on them; 
instead they're a lot like mixing desk 
channels. They can be fed with inputs from 
your audio interface, DP’s internal busses, or 
the Rewire signal from other software — all 
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of which is useful from a monitoring point 
of view. What's great about them, too, is that 
their operation is not affected by DP5's 
Audio Patch Thru mode — you could have it 
set to Off and they'd still work. Also, if you 
have a MOTU audio interface and are using 
Direct Hardware Playthrough mode, they still 
allow you to monitor your input through any 
effects plug ins instantiated. 

Audio tracks: You've always been able to 
monitor input signals through audio tracks, 
courtesy of DP's Audio Patch Thru feature, 
by simply record-enabling them. But in 
recent versions of DP you have more 
flexibility, thanks to the Input Monitor 
function. This means that an audio track can 
be made to permanently ‘patch thru’ its 
input to its output, whether the track is 
record-enabled or not. Just click the track’s 
Input Monitor button in the Tracks Overview 
(the ‘Mon’ column), Sequence Editor 
(a loudspeaker icon in the track's info pane) 
or Mixing Board (the Input button next to 
Rec, Solo and Mute). An Input 
Monitor-enabled audio track is not quite the 
same as an aux track, though. First, it does 
respect DP5’s Audio Patch Thru mode, so if 
that’s set to Off the Input Monitor function is 
essentially disabled. Also, if you’re using 
Direct Hardware Playthrough mode with 
a compatible MOTU audio interface, Input 
Monitor will not run the signal through DP 
(or any effects plug-ins on the track), but 
instead set up a temporary CueMix 
zero-latency routing. 

Zero-latency hardware monitoring: 

There’s nothing to say we have to control all 
monitor signals from external hardware with 
DP. In many cases the best approach is to 
monitor external effects returns, and 
especially hardware synths, via a hardware 
mixer or an audio interface with 
zero-latency monitoring, as you might when 
setting up monitoring for a vocal take. The 
external hardware signals can be 
incorporated into your control room mix 
independently of DP, until you want to 
record them into your track. At this point 
you just record-enable some audio tracks in 
DP and route them in. 

A Real-world Example 

Here's a situation I’ve mocked up that 
incorporates all three types of input 
monitoring, using my own setup of a Power 
Mac C5 and MOTU Traveler (which has 
CueMix zero-latency monitoring). I'm 
running DP 5.13 and Reason 4, and also 
have some external hardware: a Korg Radias 
synth and a Yamaha REV500 reverb. This is 
how everything’s co ordinated (see screen at 
start of article): 

Input: Reason software 
Monitoring Method: Input Monitor-enabled 
audio track. 
Description: As it's providing some synth 
and percussion parts, I want to monitor 
Reason constantly as I work on my song. 
Using an audio track with Input Monitor 
allows me to do this, and when I'm nearing 
completion I'll record-enable it to record the 
signals as audio in DP 

Input: Radias synth 
Monitoring Method: CueMix 
Description: As I'm using the Radias to 
provide the basis of my arrangement, 
including bass and key rhythmic parts, 
I want to hear it completely free of latency. 
Hence I've set up hardware monitoring in 
the CueMix Console: the Radias signal is not 
coming into DP at all. But when 
I’ve finished my song, I’ll record 
the separate parts into DP on 
audio tracks for the final mix and 
any further treatment. 

Input: REV500 hardware reverb 
Monitoring Method: Aux track 
Description: The REV500 is 
patched into my setup so that it's 
fed by one of the Traveler’s outputs (with a 
corresponding Aux send in DP) and returns 
back into a couple of inputs. I’m bringing its 
signal into an Aux track so I can further treat 
it with a MAS plug in. I suffer some latency 
because of the round-trip out of DP and the 
Traveler and back into DP, but it's not 
a problem, as it simply becomes a bit of 
additional reverb pre-delay. If I need to 
record the REV500’s signal later, I could 
route the aux track via a bus pair to 
a record-enabled audio track. 

This all works great for me as I’m 
developing my song. For Audio Patch Thru 
I’m using the Blend mode, and I’ve set a 512 
buffer size. The mix of hardware and 
software monitoring presents no problems 
here. But it's not always so easy... 

Dealing With Latency 

As we've seen over the past few months, 
latency can be a problem with certain 
approaches to monitoring. Musicians 
generally hate it if the headphone monitor 
mix of their live performance is anything 
more than a few milliseconds late — which 
is why zero-latency solutions like 
suitably-equipped interfaces and hardware 
mixers are routinely used for monitoring. 
But what if you don’t have access to one of 
these, or if, for other reasons, you must 
monitor your external gear through DP and 
don't want latency? 

In the case of monitoring synths and 

samplers driven by MIDI, DP automatically 
sorts out latency issues for software synths 
it hosts, or those coming into an aux or 
audio track via Rewire. So even if you use 
a large buffer size, such as 1024, playback 
of DP-hosted or Rewire-connected synths 
will be perfectly in time. But you'll still need 
to use a small buffer size to get a crisp 
response when playing them live from your 
controller keyboard. The same goes for 
hardware synths monitored in DP, but once 
their MIDI tracks are in place you can 
compensate for the latency associated with 
switching back to a large buffer size by 
making the MIDI play early. Just put a Time 
Shift plug-in on each MIDI track and set the 
track to play early by an appropriate 
amount. You can start by defining it in 
samples, to match your buffer size, before 

fine tuning further. 
It seems such a nice idea, to have your 

favourite hardware compressor or reverb 
unit patched into your audio interface, ready 
to be addressed via an aux send on your 
audio tracks, and yet latency often spoils 
the party. In my earlier example, where I’m 
using my REV500 for some reverb, I can 
take a bit of latency on its signal because it 
comes out sounding like pre-delay on the 
reverb. But for a true processor treatment, 
like EQ or compression (or if I just don’t 
want any pre-delay on a reverb) any amount 
of latency is completely unacceptable. Even 
a few milliseconds could mess up the 
musical timing of the mix or produce nasty 
phasing in some circumstances. And a 
zero-latency monitoring scheme doesn’t fix 
it, because there’s latency inherent in the 
signal passing out of DP. What’s needed is 
some sort of latency compensation. 

Now, if you’re thinking DP5 has built-in 
latency compensation you're right, but it's 
only for hosted plug-ins, not external 
routing. However, a freeware Audio Unit 
plug-in does exist that does exactly what's 
needed for external routing latency 
compensation: it’s Latency Fixer, from 
www.collective.co.uk/expertsleepers and it's 
a nifty little thing. It works by first reporting 
a latency (which, using the controls, you set 
manually in terms of seconds or samples) to 
DP. DP then compensates for this latency by 
sending track audio to the plug-in ahead of 
time, but the plug-in actually applies no 
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The Time Shift plug-in can help to compensate for monitoring latency 

with synths driven from MIDI tracks. 
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INPUT MONITORING 

I incorporate my REV500 reverb unit into my DP 

mixes by having it patched into my Traveler 

interface. I can then route track signals to it via an 

aux send (as on the Vocals track here), and I also 

need an aux track to handle its signal coming back 

into DP. Using the Latency Fixer AU plug-in I can 

completely eradicate the latency that would 

otherwise occur in this arrangement. 

► delay at all to the audio passing through it. 
Consequently, if you place it on an aux track 
that’s being used to feed your audio tracks 
to an external effects unit, the latency 
accumulated in the trip out of DP and back 
in again can be precisely compensated for — 
after a bit of experimentation. The screens 
above show how I use it to route audio 

tracks to my external hardware compressor, 
the output of which comes right back into 
my DP Mixing Board. 

DP To CD? 

In the August and September 2007 
Performer workshops I looked at some ways 
in which DP can be used to prepare an 
album-length project for CD burning. DP's 
multitrack audio capabilities, flexible effects 
and automation make it very good for this 
task, even though it doesn’t have any 
features specifically designed for it. DP can’t 
do CD-burning, so you have to transfer the 
resulting audio files to another application, 
and it's here that you can have difficulties. 
For example, the applications that can work 
with DP’s native stereo audio format, Split 
Sound Designer II, are either discontinued 
(Roxio’s Jam), not available separately (Apple 
WaveBurner), don’t read region information 
(¡3 DSP Quattro) or are very expensive (Bias 
Peak Pro and Sonic Studio PreMaster CD). 
Wouldn't it be great to have an audio editor 
that could load any audio format, including 
SD2, correctly read region information, and 
offer heavyweight editing, dithering, export 
and burning options? Now, in the form of an 
updated Wave Editor by Audiofile 
Engineering, you can. 

Wave Editor 1.3 is 
a thoroughly 
up-to-date 
application, utilising 
OS X’s Core Audio 
features and 
presenting a slick, 
customisable user 
interface. Its really 

unique feature is a multi-layer (as opposed to 
multi-track) approach to editing, whereby 
you can assemble on a time-line different 
sections of audio at any sample rate and 
resolution, applying fades, crossfades and 
other processing on or between each layer. 
When the time comes for burning a CD or 
exporting your audio to another format, 
Wave Editor treats any layers at differing 
audio specs with IZotope’s highly-regarded 
SRC sample-rate conversion and MBIT+ 
dithering. For DP users (and others) this 
approach borders on the revelatory — you’ll 
almost never need to think about dithering 
your 24-bit projects for CD again, and if 
you're compiling mixes done at different 
sample rates you can let Wave Editor deal 
with that too. 

If you like to burn your CDs from 
multi-region audio prepared in DP (as 
described in the September 2007 column), 
Wave Editor (below) offers a straightforward 
workflow. After opening your multi-region 
SD2 files, make sure ‘Regions' is ticked in 
Wave Editor's Waveform menu. Then, in the 
Labels drawer, select all your audio's region 
labels and right-click (or control-dick). 
Choose Convert To / Tracks, and you 
instantly have a burn-ready document, with 
CD track boundaries where your DP region 
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It ain't all that pretty, but Wave Editor is an affordable audio editor and CD-burning application that complements DP beautifully, and includes heavyweight features like MBIT+ 

dithering and Disc Description Protocol (DDP) export. 
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Who’s Recommending Soundfly? 
Writing the monthly Performer workshop can 
occasionally feel like something out of a Dickens 
novel: long, dark evenings spent with just the 
plaintive chirps of my G5 Power Mac for company, 
and only a red-hot Macbook for warmth. So it's 
always nice to get some feedback from readers, 
and I was especially pleased to hear from Pete 
Townshend (of the Who fame) recently. He very 
helpfully drew my attention to a little freeware 
application I hadn't come across, which might be of 
interest if you're using (as Pete does) a studio 
network of Macs to offload various processing and 
virtual instrument duties. It's called Soundfly and 
comes from Abyssoft. the company that also makes 
the superb Teleport mouse and keyboard sharing 
across a network' software. Soundfly exists to send 
audio from one Mac to another, across an Ethernet, 
Airport or other network connection. It relies on 
Cycling 74's Soundflower inter-application audio 

boundaries were. What’s more, everything 
a mastering application should be able to 
edit — CD-TEXT metadata, ISRC and 
UPC/EAN codes, DDP annotation and PQ 
subcodes — can all be edited, either by 
clicking on individual tracks in the Labels 
drawer, or entering data in the Properties 
palette. You finally burn your CD by 

utility, so you need that installed first. It also 
utilises two of the Audio Units built into OS X — 
AUNetSend and AUNetReceive — though you never 
interact with these directly. 

In use, Soundfly is very straightforward. On the 
Mac from which you want to send audio — perhaps 
one running some stand-alone soft synths — you 
run Soundfly. On the Mac that needs to receive this 
audio you run Soundfly Receiver. Both applications 
are so simple that normally they don't even have 
a user interface. But you can force one to appear 
by holding down the Alt key as you launch each 
application, and I find it's useful to do. First off, 
you can configure the audio format used by 
Soundfly to broadcast across the network. A ‘full 
monty' uncompressed PCM format is selectable, 
but in case your network can't cope with that 
much data throughput various compressed 
formats, like the dependable AAC, can be chosen 

instead. Some experimentation may be needed to 
find what works best for your network. I also found 
I needed to configure Soundfly Receiver on my G5 
in order to manually make the connection with 
Soundfly running on the Macbook. This is 
straightforward: just select the audio stream from 
Soundfly in the directory list, and click Connect. 

Soundfly won't give you a multi-channel audio 
connection between your Macs, only a stereo one. 
Also, the Soundfly connection can’t be brought 
directly into DP's mixing environment on the 
receiving Mac. But it's still a useful little thing, 
and across a wired network that Isn't bogged down 
with other traffic it can operate with low latency 
and dependable audio quality. It can be 
downloaded free, with the option of making 
a donation, at www.abyssoft.com. Don't forget to 
install Soundflower, from www.cycling74.com/ 
products/soundflower, if you don't have It. 

choosing Burn Disc in the File menu. 
Wave Editor might not have the instant 

user-friendliness of consumer-level 
applications like Toast and Jam, and a read 
through its PDF manual is a must for the 
first-time user. But it's hard to imagine 
a more powerful, flexible and useful audio 
editor — certainly not one that dovetails so 

well with DP, and is so affordable. Wave 
Editor comes as a download from 
www.audiofile-engineering.com, and costs 
$250 (but only $200 until 31st March). If 
you’re eligible for educational pricing it’s 
only $100, and a $1 50 crossgrade is 
available for owners of most other major 
audio editors. ES 

Vintage, meet Modern. 

Introducing the All-New 
Studio Projects CS Series 
The highly-anticipated Studio Projects CS5 is the ultimate 
all-purpose large diaphragm studio condenser microphone 

Studio ̂©©g©©^©^ 
www.studioppojects.com 
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Small and affordable it 
may be, but Digidesign's 
Command 8 is also 
a surprisingly versatile 

and powerful tool for 
controlling Pro Tools. 

Conquering 
Command 

Mike Thornton 

I am sure most of those in need of a cost-effective, moving-fader 
control surface for Pro Tools would 

Getting The Best From 
Digidesign's Command 8 

immediately think of 
Digidesign's Command 
8 (around £900). This is 
certainly what I did: I have 
one beside me now, and most 
of the time the faders are what 
I use it for, either when I want 
to ‘feel’ a mix or when I need 
to move more than one fader 
at a time. It is an approved, 
supported control surface that 
won't break the bank. However, 
since I got it I’ve discovered 
that the Command 8 can do 
much more than merely control 
channel levels in Pro Tools, so 
this month we'll be looking 
at the additional functionality 
and features that this control 
surface implements. 

A Control Surface 
With A View 

To start with, there are three 
view modes that can be 
selected on your Command 
8. Home View is the default 
mode, and is what you will 
see once you have opened 
a Session in Pro Tools. In Home 
View, the track names are 
displayed on the bottom row 
of the display and the rotary 
encoders are set to the Pan 
settings, which is indicated by the ‘Pan L’ 
display on the top row. 

When you hit one of the Console View 
Selectors on the left hand side of the 
Command 8, the unit goes into Console 
View. This lets you see pan position, send 
assignments and plug-in assignments for all 
the channels the control surface has access 
to. When you adjust either the fader or 
the rotary encoder on a channel, the name 
is temporarily replaced in the display by 

the appropriate data value — for instance, 
the dB setting for the fader or the relative 
position of the pan controller. 

With Pan selected, all the rotary encoders 
will display and control the pan settings for 
all the tracks viewed on the Command 8; 
this is the default setting in Console View. 
For stereo tracks this mode will display 
Pan L, and if you want to access the Pan R 
setting you will need to press the Pan/Meter 
button, which is just under the Control 

monitor section. Note also that pressing 
a track's Select button in this mode will 
select the corresponding track in the Edit 
and Mix windows, making it easy to do 
multiple track selection. 

When you press the Send button, the 
Command 8's rotary encoders display the 
last send selected on each track. Using 
the Console View buttons A to E enables 
you to select and view the respective send 
assignments; to access sends F to J, you 
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Console View displays a single parameter, such as Send A, for each of the eight channels currently in focus. 

need to hold down the Shift button. Then 
by pressing button A you access send F, and 
so on. The top row of the display shows 
'Send X — All channels’ and the bottom row 
displays the send label. In this mode, the 
channel's Select button toggles the track's 

If you have the sends in Pro Tools' Mix window set 

up to display the level and pan sliders, pressing 

a Command 8 Send button in Console View will switch 

to the appropriate send in the Mix window. 

send between pre-fade and post-fade. Note 
also that if you have your Send View in 
the Mix window set to show the fader and 
routing for a particular send, as you press 
the Console View buttons, the Mix window 
will display the corresponding send view. 
However, this doesn’t work if your Mix 
window is showing Assignments. 

Pressing the Insert button sets the 
Console View A to E buttons to enable 

you to view the appropriate insert on the 
display. If a track has a plug-in on that 
insert, the name is shown on the bottom 
row of the display and the track’s Select 
button lights. When you press the Select 
button, the display shows the controls for 
that plug in; if there are more than eight 
controls, the Command 8 displays them in 
pages. I dislike rotary controls on plug-in 
windows, as they're hard to use with mice, 
so it’s great to have physical rotary controls 
to adjust the virtual ones. Also, as with the 
faders, you can control more than one thing 
at the same time. 

When you press the Display Mode 
button, all the text names on the Command 
8 screen are temporarily replaced by the 
settings values. This works for faders 
in Home View, send levels in Console 
View Sends mode, and control settings in 
Insert mode. There's also a Mon/’ button, 
which enables you to toggle globally 
between Auto Input and Input Only on 
record-enabled tracks. 

Channel View 

The third Command 8 View mode focuses 
all the unit’s display and controls on one 

single track, showing all the plug-in, pan, 
send and insert parameters horizontally 
across the display. To access the various 
sections of Channel View you use the eight 
buttons immediately under the display. 

When you press the EQ button, the 
Command 8 will identify any track with 
an EQ plug in (in other words, any plug in 
that ends up in the EQ section of the 
plug-in menu) by flashing the track title in 
the display and lighting up the respective 
track's Select button. If a track doesn't have 
an EQ plug-in assigned to it, the display 
is left blank and the Select button stays 
unlit. When you press a lit Select button, 
the controls for the first EQ plug in on 
that track will be assigned to the rotary 
encoders and shown in the display. The 
relevant Channel Select buttons control any 
switched functions, such as Master Bypass. 
Likewise, the Dynamics button prompts 
the Command 8 to show any tracks that 
have compressors, limiters, gates and so on 
inserted. 

Pressing the Inserts button will identify 
any track that has a plug-in or hardware 
insert assigned to it. Pressing a lit track 
Select button will show the names of all 
the inserts on that track. Now for each of 
the insert points containing plug-ins the 
appropriate Select button will light. Pressing 
one of those Select button will display the 
first page of that plug-in's settings and 
assign the rotary encoders accordingly. 
Remember that any hardware insert won't 
display settings, because it hasn’t got any! 

The Pan/Send/Pre button identifies any 
tracks that have sends assigned to them. 
When you press the desired Select button 
the first rotary encoder displays the pan 
control for that track. Encoder 2 is unused, 
for some reason. I assumed that on a stereo 
track it would be the right channel’s pan 
control, but annoyingly, this is not the case 
— you need to press the Pan/Meter button ► 

Troubleshooting & Testing 
I include this advice to help anyone with 
trouolesome moving faders. Most of it will apply 
to any moving-^ader control surface, not just the 
Command 8. If you are experiencing sticky' faders 
that fight you or don't react correctly to your 
touch, but respond to automation within Pro Tools, 
try working th ough the following. 

Touch-sensitive faders rely on the capacitance 
of the human body relative to ground. Human 
capacitance is different between individuals, and 
can be changed by our immediate environment. 
For example, a touch-sensitive fader may react 
differently to a person with dry hands than one 
with moist hands, since the moisture will conduct 
better during the process of attaching you to 
the circuit. Heavy carpets, socks and soft-soled 
shoes can further isolate the operator from earth. 

affecting the ability of the circuit to effectively 
sense your capacitance to ground. Try using the 
controller while standing, as a comfortable chair 
may also be isolating you from ground. 

Sometimes the metal paint coating under the 
fader cap which makes contact with the glide on 
the fader can peel, causing intermittent contact. 
Consider checking the underside of the fader cap 
for missing paint. You can get replacement caps 
from Digidesign dealers or via the DigiStore on-line. 

Dust can also affect the responsiveness of the 
faders; try blowing out the fader track with an 
aerosol canister of compressed air. 

The utility functions available by hitting Fl 
include various fader tests which may help to 
narrow down problems. Triangle, Sine, Step and 
Cycle tests will move the faders in the selected 

pattern up and down the fader throw, while the 
Group test allows you to move all faders together 
by only touching one. In these tests, the display 
will report which step-bit the fader is currently 
on. There are a total of 1024 steps (0-1023). as 
the faders have a 10-bit resolution. If you have 
faders that don’t seem to travel the entire throw, 
or seem as though their range is limited, you 
should recalibrate the faders by running the Fader 
Cal test. 

Getting back to fader caps, the Touch test will 
show you the current capacitance of the fader 
itself, when idle and when touched. Because the 
grounding in the environment and the capacitance 
of the operator vary, the absolute value displayed 
is not crucial: the thing to ’ook for is whether or 
not the touch' is registered. 
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GETTING THE BEST FROM COMMAND 8 

Most Pro Tools plug ins are set 

up to assign their eight most 

commonly used parameters to the 

first page of Command 8 controls. 

The eight parameters assigned 

automatically to the Command 8's 

first page won’t necessarily be the 

ones that appear first in a plug-in 

window, as you can see here. 

The light-blue squares denote 

assigned parameters. 

The Page left and right 
arrow buttons enable 
you to scroll through 
the plug-in parameters, 
using as many pages 
as required to cover all 
the parameters for that 
plug-in. As you scroll 
through the pages, the 
plug-in window shows 
which controls are 
assigned to the encoders; 

► to set encoder I to right instead of left. 
Why leave encoder 2 idle when they could 
have made it possible to adjust both pan 
controls on a stereo track simultaneously? 
Encoders 3 to 7, meanwhile, are assigned 
to Sends A to E; switching to the second 
page changes their focus to Sends F to J. In 
this mode the Select buttons again serve as 
pre/post switches. 

you will see that they don't always follow 
in their on-screen order. The first page is 
usually carefully selected to offer the most 
commonly used parameters. 

The Access Virus Indigo plug-in provides 
an excellent example of how well plug-in 
adjustment works from the Command 
8. When you load it up, you’re presented 
with 40 pages of parameters to go at, but 

Command 8 Display Conventions 
The Command 8 display is limited to six 
characters per channel, so Pro Tools makes an 
‘intelligent’ truncation of the track, send and 
insert names, but these can be confusing. For 
example, as I record a lot using an M+S pair. 
I often have a Waves SI Imager to decode the 
M+S pair. However, the Command 8 displays 
that as slim=2' which isn't the most obvious 
abbreviation! Others are clearer — Waves 
Renaissance Compressor comes out as 'rcmprs' 
— but the problem isn't limited to Waves 

plug-ins. Digidesign's Revibe comes out as 
'revb=2' and their Reverb One as 'rvro=2'. 

If you're puzzled by the '=2', It indicates that 
a plug-in is stereo — a 5.1 Revibe is displayed 
as revb=5'. Personally. I would rather Digi used 
those two characters to make the abbreviated 
name clearer. There also seems to be no logic to 
the use of upper and lower-case characters for 
the control and plug-in names: some plug-ins use 
only lower case, some only capitals and others 

some of both. 

the first page gives you the eight most 
commonly used from the plug-in's Easy 
page. In the screenshot opposite you can 
see that the controllers assigned to the 
Command 8 encoders are identified by 
the light-blue background in the text field. 
Now the great thing is that if you have 
the plug in window open as you navigate 
around the pages on the Command 8, 
the different pages of the plug-in window 
open and show which parameters are 
assigned; for example, page 12 of 40 on the 
Command 8 opens the Filter/Env page on 
the plug-in, and you can see the parameters 
that are currently assigned. If you then 
use the Command 8's Flip function, you 
bring the plug in parameters down onto 
the touch-sensitive faders, and once you 
have enabled automation on the plug-in 
(don’t forget the neat shortcut of holding 
down all three modifier keys and clicking 
on a parameter to automate that parameter, 
without having to open the plug-in’s 
automation window), you can now easily 
record the automation changes of any of 
your chosen parameters. 

The Master Bypass button will put the 
selected plug-in into bypass if you are 
viewing an individual plug-in. However, 
if you are displaying multiple plug ins, as 
you are when you have pressed Insert in 
Channel View, then using the Master Bypass 
button will put all that track’s plug ins 
into Bypass. That is a neat trick you can’t 
do from the QWERTY keyboard. Likewise, 
because you can open any plug-in from the 
Command 8, you can control a plug-in that 
isn’t targeted on screen — you don't even 
need to have its window open. Again, this is 
something you can’t do from the mouse and 
keyboard; you have to target the plug-in 
you want to adjust and then make the 
adjustments. 

What You See Is What You Get 

One of the neat features of the Command 
8 is the way you can control what appears 
on the Pro Tools screen. For example, the 
three buttons grouped together above the 
Transport section enable you to switch 
between the Edit, Mix and Plug-in windows. 
The Plug-in button is especially useful: 
for example, once you have selected 
a plug-in via Console or Channel View, 
pressing the Plug-in Window button will 
open the window for that plug-in on the 
screen, which is helpful as you navigate 
through the different parameters. The 
four multi function arrow buttons in the 
navigation section also help you get around 
the Pro Tools interface. When the Zoom 
button is enabled, the left and right arrows 
zoom the Edit window timeline in and out, 
and the up and down buttons increase and 
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Access's Virus Indigo plug-in: although there are 40 

pages of controls, it's still straightforward to navigate 

from the Command 8. 

decrease the track waveform height. In Bank 
and Nudge modes, by contrast, the up and 
down buttons mirror those on the keyboard, 
so they can be used to mark in and out 
points on the fly. 

Functional Stuff 

The five Function keys at the right hand 
side of the Navigation and Zoom section are 
oft-neglected, but can be useful. The first 
of them puts the Command 8 into Utility 
mode, where you have access to a range of 
information and test procedures. The first 
press displays the Command 8’s firmware 
version, which should read v02.01.12. If 
you suffer from over sensitive faders, or 
faders that sit there and move very slightly 
on their own, make sure you have this 
version of firmware installed. 

F2 lets you edit and name custom MIDI 
maps when using your Command 8 in 
‘stand-alone’ mode, F3 provides control over 
an attached Digidesign Pre mic preamp, 

Irai I I 0 I IMIça 1 | bypw | TDM * 
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and F4 temporarily stops the moving faders 
from moving. If you are workmg in an 
environment where the mechanical noise 
of the faders moving is a problem, this 
can be a life-saver. Finally, F5 is called the 

Focus button, and toggles the LCD display 
between the current plug-in view and the 
previous Command 8 Console or Channel 
View, which is very useful when moving 
around the ‘mixer’ on the Command 8. ES 
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As weeks go, the first couple in January 
were pretty good for new Mac hardware, 
with Apple introducing updated Mac 
Pros and Xserves, along with a new 
stunningly thin MacBook. We dissect the 

allows you to use gestures such 
as pinching and expanding two 
fingers to zoom in and out, and 
swiping three fingers across the 
trackpad to either move 
backwards or forwards. 

Although applications like 
iPhoto already support these 

motherboard and there are no 
slots for adding additional 
memory. This won’t be a big 
deal if you intend to use your 
MacBook Air for general 
computing tasks, but it’s 
certainly less than ideal if you 
like to run a large number of 

potential of Apple's new offerings with 
a musician-shaped scalpel. 

Mark Wherry 

January is often a good 
month for Mac users, with 
the annual MacWorld show 

taking place in San Francisco, 
and this January was no 
exception. As anticipated, the 
highlight of Steve Jobs’ opening 
keynote was the introduction of 
the MacBook Air, which, with 
a height of between 0.16 and 
0.76 inches (0.4 and 1.94cm), is 
being touted by Apple as “the 
world’s thinnest notebook." 

In addition to being 
incredibly thin, the MacBook Air 
is also the first Mac portable to 
feature innovations such as 
enhanced, iPhone-like 
multi-touch gestures on the 
built-in trackpad, and the option 
of using a solid-state drive 
instead of a hard disk. However, 
in order to create such 
ultra-mobile form factors, 

MacBook Pro. This chip was 
apparently custom-built for the 
MacBook Air, and Intel CEO Paul 
Otellini made another MacWorld 
appearance to present one of 
these processors, which, judging 
by the size of Jobs’ thumb and 
forefinger, is a remarkable 
exercise in miniaturisation. 

The MacBook Air also 
features a 13.3-inch display with 
1280 X 800 resolution, just like 
the MacBook, except that the 
screen on MacBook Air uses LED 
backlighting, and Jobs was keen 
to point out the environmental 
progress Apple has made in 
manufacturing the laptop. Unlike 
many competing ultra-mobile 
laptops, the MacBook Air offers 
a full-size keyboard that looks 
like the MacBook’s keyboard, but 
also features backlighting, 
similar to the MacBook Pro. 

As mentioned before, the 
Air’s trackpad implements 

gestures, because I haven’t been 
able to get my hands on 
a MacBook Air at the time of 
writing I wasn't able to see if an 
application needs to implement 
support directly for these new 
gestures, or if such operations 
are provided 'for free’ by the 
operating system. 

In addition to the thinness, 
the Air name also refers to the 
networking abilities of the 
notebook, which features the 
same Airport Extreme 802.1 In 
wireless networking as the 
MacBook and MacBook Pro, plus 
upgraded Bluetooth 2.1+EDR 
(Enhanced Data Rate) support. 

Take A Deep Breath 

While the MacBook Air 
undoubtedly has some great 
features, making a laptop as thin 
and as light as this — it weighs 
just three pounds (1,36kg) — 
inevitably involves some 
compromises. To begin with, 
although the MacBook Air ships 
with 2CB of 667MHz DDR2 

memory, it's actually 

software instruments. 
It’s also worth bearing in 

mind that although the 1.6GHz 
or 1,8GHz processor is 
impressive, the regular MacBook 
offers either a 2.0GHz or 2.2CHz 
Core 2 Duo processor, while the 
MacBook Pro has either a 2.2, 
2.4 or 2.6 GHz Core 2 Duo chip. 
And unlike the MacBook Pro (but 
like the MacBook), the MacBook 
Air uses Intel's CMA X3100 
graphics processor, that shares 
144MB of main memory. 

Moving on to storage, the 
MacBook Air is the first Mac 
portable in a number of years 
(since the Duo, if I remember 
correctly) that doesn't feature 
some kind of removable media, 
such as an optical drive. For me, 
this is perhaps the least 
significant limitation of the Air, 
since I rarely use the optical 
drive on my MacBook Pro, as it’s 
usually connected to some kind 
of network. This is clearly the 
type of working practice Apple 
hope will appeal to MacBook Air 
users, although when it comes 

hardwired to the 

All I Need Is The Air... 

Compared to the processors 
other laptop manufacturers have 
chosen for similar products, the 
MacBook Air’s processing 
abilities are quite impressive, 
featuring a choice of either a 1.6 
or 1.8 GHz Core 2 Duo 
processor from Intel, which 
offers a 4MB Level-2 cache and 
runs on an 800MHz system bus, 
just like the regular MacBook or 

manufacturers usually have 
to compromise on 
performance. And 
since performance 
is usually one of 
the most critical 
factors musicians 
and audio 
engineers take into account 
when purchasing a Mac, how 
suitable will this new MacBook 
be for demanding applications? 

support for 
additional multi-touch gestures, 
allowing you to perform actions 
with multiple fingers to carry out 
certain operations. For example, 
where previous MacBooks (and 
PowerBooks) allowed two-finger 
scrolling, the Air’s trackpad also 

The MacBook Air exudes Apple’s design 

elegance and has some incredible features 

for a computer that's almost impossibly 

thin. Unfortunately, with its lack of 

connectivity and limited storage option, 

along with the fact that you're reading 

Sound On Sound, this may 

not be the laptop for you. 

to watching DVDs, Apple also 
clearly hope that MacBook Air 
users will want to instead 
purchase or rent movies from 

the iTunes store. 
To compensate for the 

lack of a built-in optical 
drive, Apple do offer an optional 

external Superdrive for 
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New Mac Pros: More For Musicians 
Although not featured in Jobs' MacWorld keynote 
presentation. Apple unveiled an update to their 
line-up of Mac Pros, which now feature Intel's latest 
5400-series Harpertown' Xeon processors, and 
officially support SAS (Serial Attached SCSI) drives, 
which can be purchased as build-to-order options 
along with the required RAID card. These features 
were discussed in last month's Apple Notes 
column, along with performance benchmarks for 
running audio tracks on SAS drives via an Xserve 

(www.soundonsound.com/sos/feb08/articles/ 
applenotes_0208.htm). 

With the revision, the base price for a Mac Pro 
has now increased slightly, to £1749, and this 
2.8GHz model now features eight cores (using dual 
quad-core Xeon processors) as standard, although 
a single-processor 2.8GHz four-core model is also 
available for £320 less. If you want the ultimate 
performance, you can opt for either 3.0 or 3.2GHz 
Xeon processors as well, although this adds £500 
or £1000. respectively, to the price. 

Each processor offers 12MB of Level-2 cache, 
and the Mac Pro now has a 1600MHz system buss, 
along with the ability to accommodate up to 32GB 
of 800MHz DDR2 ECC fully buffered memory. For 
graphics, the base Mac Pro features an ATI Radeon 
HD 2600 XT graphics card with 256MB memory 

Apple’s new Mac Pro incorporates 

Intel’s latest 5400-series quad-core 

Xeons and now offers internal SAS 

drives. If you want the ultimate in 

performance, this could well be the 

Mac you’ve been waiting for. 

and support for two dual-link DVI 
connections, and you can also order 
your Mac Pro with multiple ATI 
cards, or either an Nvidia GeForce 
8800 GT with 512MB memory or an 
Nvidia Quadro FX 5600 with 
a staggering 1.5GB of memory. 

While the base model comes with 
a single 320GB 7200rpm SATA drive, 
you can also order 500GB. 750GB or 
1TB SATA drives as well; and for the 
ultimate in storage performance you 
can now order 300GB 15.000rpm 
SAS drives, which also require the 
optional RAID card. The Mac Pro accommodates up 
to four drives, as before, although they have to be 
either all SATA drives or all SAS drives, so you can't 
mix and match types. 

We ll look more closely at the new Mac Pro in 
a future Apple Notes, but this looks like a highly 

desirable Mac for those who demand the ultimate 
in performance. The only thing to bear in mind right 
now is that the new Mac Pros are currently 
unsupported by Digidesign, partly because they 
ship with Leopard, with which Pro Tools is currently 
incompatible, pre-installed. 

£65, and the MacBook Air also 
ships with Apple’s new Remote 
Disc software for either Mac OS 
X or Windows, which allows you 
to easily use the optical drive of 
another computer as if it was 
attached to your MacBook Air. 
While you can use Remote Disc 
to easily install software, there's 
no mention of whether disc 
burning is also supported. 
However, for backing up your 
files, Jobs also announced a new 
product called Time Capsule, 
which is basically an Airport 
Extreme base station with either 
a built-in 500CB or 1TB hard 
drive for £199 or £329 
respectively. It works with 
Leopard’s Time Machine feature, 
allowing you to wirelessly back 
up your files. 

Perhaps the biggest potential 
performance bottleneck, though, 
is the 1.8-inch 4200rpm 80CB 
parallel ATA drive supplied with 
the basic MacBook Air model, 
which includes a 1.6GHz Core 
2 Duo processor and retails for 
£1199. Having owned a laptop 
with such a drive in the past, 
I know that it really can slow 
a computer down, especially 
where virtual memory is 
concerned, and while it’s not 
really fair to judge the MacBook 

Air on this, since I haven't seen 
an Air yet, I would find it hard to 
imagine this drive being suitable 
for any kind of audio work. 

On the plus side, as 
mentioned earlier, one of the 
new features of the MacBook Air 
is the optional 64CB solid-state 
drive, which comes as standard 
with the higher-end model that 
has the 1.8CHz processor and 
costs £2028, or adds an 
additional £639 to the cost of 
the basic model. While this is 
expensive, the performance 
increase should be significant, 
and such a drive should also 
have a positive impact on the 
Air’s quoted five-hour battery 
life, as well as being more 
durable, with no moving parts. 

Musicians and audio 
engineers who order a MacBook 
Air with the solid-state drive will 
probably be frustrated by the 
laptop's physical connectivity. 
Unlike Apple’s other MacBooks, 
which offer an extensive range 
of inputs and outputs, the 
MacBook Air has just one USB 
2.0 port, one headphone output, 
and a video output port that 
supports either DVI or VGA 
(using the included adaptors), or 
composite or S-Video (using 
separately available adaptors). 

Thin Air? 

In many ways, the MacBook Air 
is something of an unexpected 
product for Apple. Although 
there has certainly been a gap in 
the company’s portable line up 
since the demise of the 12-inch 
PowerBook, that gap was 
arguably for a laptop with the 
performance of a MacBook Pro 
but with a smaller form factor. 
The MacBook Air has 
a stunningly small form factor, 
but is less powerful than a 
MacBook, while costing almost 
as much as a MacBook Pro, and 
possibly more if you opt for the 
solid-state drive. 

The MacBook Air clearly 
caters for an elite clientele but 
one which is not demanding in 
terms of performance, and with 
its technical excellence and 
aesthetic desirability it seems 
curiously reminiscent of the 
PowerMac G4 Cube — a brilliant 
and beautiful product that was 
also expensive and limited for 
the type of users who would 
normally afford such a Mac. 

In terms of power, the 
MacBook Air’s processor, 
combined with the solid-state 
drive, should provide reasonable 
performance, but, as with the 

MacBook, shared memory for the 
graphics processor is not ideal 
for demanding applications that 
make intensive use of OS X 
graphics frameworks. And, 
perhaps more importantly, the 
fact that there’s only one USB 
port means that your choice of 
audio and MIDI hardware is 
limited, especially if you need to 
connect via a hub to 
accommodate a USB-based 
copy protection device. 

It's a real shame that Apple 
weren't able to fit a Firewire 
port, since this would obviously 
have made a big difference to 
those connecting audio or video 
hardware, as well as external 
hard drives. And if not for 
musicians and audio engineers, 
what about all those highly-paid 
executives who might want to 
connect their equally expensive 
video camera to edit their family 
movies in iMovie? 

Hopefully I’ll get the chance to 
test out a MacBook Air soon, but 
my initial impression is that, from 
the music and audio perspective, 
you’d be wiser to spend the 
money on a MacBook Pro, unless 
you really, really need something 
incredibly thin, and really, really, 
don’t need the ultimate 
performance or connectivity. E2 
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notes) 
Are you stuck on the PC upgrade 
bandwagon? This month, PC Notes 
discusses whether it might be possible to 
step off it, as computer power finally 
starts to catch up with the needs and 
aspirations of musicians. 

Martin Walker 

When I first started writing 
for SOS, way back in 
1996, my PC featured an 

Intel 486DX33 (33MHz) processor, 
4MB RAM, a 250MB hard drive 
and a Sound Galaxy Basic 16 
(16-bit only) soundcard. It seems 
incredible just how far we’ve 
come with PCs and music over 
the last 12 years, and how 
increasing processing power has 
kept on moving the goalposts. 

Upgrade Bandwagon 

For me, the first revelation was 
the ‘plug-in’, which arrived in late 
1996 with Steinberg's Wavelab 1.5 
and Sonic Foundry’s Sound Forge 
4.0a (now part of the Sony 
Creative Software range). Being 
able to add further functions to 
an existing application was truly 
liberating, and for the first time 
musicians could treat an audio 
signal with effect algorithms in 
real time within their software. 

However, even a single 
metallic-sounding reverb plug-in 
of the time could easily consume 
100 percent of your available 

processing power, so I upgraded 
to a faster PC with a Cyrix Pl 66+ 
processor (clock speed 133MHz), 
16MB RAM and a ICB hard drive. 
I had just climbed onto the 
upgrade bandwagon, and during 
subsequent years I formulated 
two good rules of thumb, 
although one eventually proved 
less durable than the other: 

■ If you want your computer to 
be able to run the latest audio 
software, you will, on average, 
need a major computer upgrade 
every two years. 

■ When upgrading, you should 
ensure that your processing 
power increases by at least 50 
percent, so that the expense is 
justified by a significant 
improvement in performance. 

Sure enough, two years later 
I upgraded to a Pentium II 
300MHz processor, 64MB RAM 
and a 30CB hard drive, largely so 
that I could run some of the new 
real time soft synths, such as 
Native Instruments' Generator 
(later to evolve into Reaktor). This 
machine lasted me another 
couple of years until I was 

desperate for more processing 
power and switched to a Pentium 
III I GHz processor, 256MB of RAM 
and a couple of 30GB hard drives. 
Two years later, in late 2003, the 
next upgrade became essential to 
cope with all the latest software, 
and this time I bought a Pentium 
4 2.8GHz processor, 1 CB of RAM 
and a couple of 80CB hard drives. 

Divergence Of Demand 

However, at this point, while my 
second rule of thumb still held 
true, the first began to break 
down: I was happy with this 
machine for three years, and it 
would still be perfectly adequate 
had I not decided to abandon my 
MIDI hardware synths and move 
over to entirely ‘in the box’ song 
creation with soft synths and 
software samplers. 

So in December 2006 
I invested in an E6600 dual-core 
CPU with two cores running at 
2.4GHz, offering a colossal 300 
percent increase in processing 
power over my previous machine. 
Even a year later this might seem 
like small fry compared with 
today’s quad-core processors, yet 
the majority of my songs have yet 
to use more than 50 percent of 
this dual-core model. 

Over the last couple of years 
I’ve noted a growing number of 
musicians also getting off the PC 
upgrade bandwagon. While some 
are currently buying and building 
quad-core machines, others 
decided some time ago that they 
were perfectly happy with the 
hardware and software they were 

already running, especially if it 
was rock-solid and bug-free. 

Available computing power 
finally seems to be starting to 
outstrip the needs of musicians, 
and many of us no longer have to 
compromise when choosing 
plug-ins and soft synths. 
Moreover, MIDI + Audio 
sequencers now contain so many 
functions some of us never use 
that an increasing number of 
musicians are not bothering to 
upgrade them any further. Will 
I find myself desperate to trade 
up my PC again in late 2008? 
Somehow I very much doubt it. 

VST Library Storage 

VST Instruments are now the 
foundation of many a musician’s 
sonic arsenal, and are getting 
ever more sophisticated. To keep 
pushing at the boundaries, some 
rely on the latest physical or 
analogue modelling techniques, 
but with many designs it’s the 
associated sample library that 
provides the sophistication, and 
nowadays this generally means 
many megabytes and sometimes 
even gigabytes of sample data. 

All you need to do to install 
the majority of simpler VST 
plug-ins and Instruments so that 
they appear within your chosen 
VST host application is to place 
the DLL file (containing the synth 
code itself), plus any associated 
presets, in the default 'vstplugins' 
folder on the same C: partition as 
your Windows operating system. 
Most larger VST Instruments also 
store their DLL file in the VST 

PC Snippets 
• Screen Star: An interesting product launch for musicians from the CES 
(Consumer Electronics Show) in Las Vegas is Alienware's prototype curved 
screen, featuring a resolution of 2880 by 900 pixels (equivalent to two 
24-inch displays side by side). It uses DLP (Digital Light Processing) 
technology with rear projection and offers a much faster response time than 
a traditional LCD display, at 0.02 milliseconds. It will be available in the 
second half of 2008. and while it's primarily intended for geeky gamers I can 
see it really appealing to composers too! No price has yet been mentioned. 
□ www.alienware.co.uk 

• Penryn Proliferates: I first discussed the benefits of the larger 6MB cache 
and extra SSE4 instructions of Intel's new Penryn processor range back in PC 
Notes July 2007, but I'm pleased to report that they should finally be available 
by the time you read this. Intel have launched 16 new Penryn processors. 
covering desktop, laptop and server markets, in both dual-core and quad-core 
configurations. 
□ www.intel.com 

IF you fancy a single monitor-screen equivalent to two large monitors placed 

side by side, look no further than Alienware’s new curved display, with a resolution 

of 2880 X 900 pixels. 
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plug-ins folder, but provide the 
option to install the associated 
sample libraries on a different 
partition or drive. This is good 
news for those who want to keep 
their Windows partition as small 
as possible, so that backup files 
are quicker to create and smaller 
to store. However, just recently 
I’ve noticed musicians grumbling 
about various large VST 
Instruments that don’t offer such 
a storage option, such as 
Toontrack’s EZdrummer, with 
1.5CB of compressed files; 
Manytone Music's ManyStation, 
again with a 1.5CB library; and 
the Yellow Tools Independence 
instruments. VST Instruments 
created using Jeff McClintock’s 
SynthEdit engine also currently 
make you place associated files in 
the same folder as the main DLL 
file. You can end up with many 
gigabytes of data in your C: VST 
plug-ins folder that you'd prefer 
to house elsewhere, so here are 
a couple of ways to slim it down. 

VST Slimming: Part One 

The first method is to install the 
VST Instrument and library to 
your default VST plug-ins folder, 
but then manually drag all the 
larger sample-based files to 
a more convenient location (you 
could create a dedicated Samples 
partition on a different drive for 
all your libraries). Once they are in 
place in their new location, select 
all relevant files, then right-click 
on the lot and select the ‘Create 
Shortcut' option. A batch of tiny 
shortcut files will appear with 
identical names, and you then 
drag these files over to the 
original VST plug-ins folder, so 
that the synth’s DLL file will be 
able to link to the real files. 

This method will apparently 
work with some applications, 
such as Propellerheads’ Reason 
factory soundbanks, and is also 
used by some commercial VST 
Instruments, including 
Spectrasonics’ Atmosphere and 
Trilogy, to link to their data. 

VST Slimming: Part Two 

That first approach won’t work 
with SynthEdit-based creations, or 
various other large VST 
Instruments, so here's an 

Freeware Spotlight: Ferox Tape Simulator 
If you want to try adding some analogue tape saturation 
effects to digital sounds, you could do worse than 
visiting Jeroen Breebaart's web site 
(www.jeroenbreebaart.com). Jeroen has plenty of expert 
knowledge, having worked for seven years as a Senior 
Scientist with the DSP group at Philips Research, and 
has developed a very comprehensive VST tape-simulator 
plug-in in his spare time. Ferox looks good and sounds 
good, with separate controls to tweak Rec Level. Low 
gain (bass hump). High gain (HF peak), Saturation (odd 
harmonic level) and Hysteresis (non-linearity). It even 
offers variable Noise (although I'd personally leave that 
set to minimum), plus Tape speed and Feedback controls 
to simulate vintage tape-echo effects. The presets cover 
high-quality tape decks, cassette machines, worn-out 
tape and analogue overload, and Ferox is capable of a 
versatile range of quality effects, from gentle thickening 
to total mashing. As far as I'm concerned, this is the 
king of freeware tape emulations, and gives plenty of 
commercial ones a run for their money. 

With neat graphics and sophisticated sounds, Jeroen 

Breebaart’s freeware Ferox plug-in offers a full range of 

tape-modelling effects, including bass and HF ‘humps', 

odd-harmonic generation, saturation and hysteresis. 

alternative that's often easier to 
implement and should work with 
quite a few VST host applications. 
It works because many of them let 
you define multiple ‘vstplugins’ 
folders; indeed, some VST 
Instruments, such as Tascam’s 
CVI, rely on this fact; by default, 
CVI installs its own DLL file inside 
a separate Tascam Instruments 
folder and expects you to inform 
your sequencer of this additional 
VST plug-ins path. 

First, choose a destination for 
any larger VSTi installs without 
their own library destination 
options, and create a new VST 
plug-ins folder there. I placed 
mine on my S:\Samples partition, 
where I install my other sample 
libraries, but gave it the name 
‘-vstplugins' (starting with an 
underscore) so it appears at the 
top of the list of folders when 
alphabetically sorted. 

Some sequencers, including 
Ableton Live and Cubase LE, can 
only recognise one VST plug-ins 
folder, so this trick won't work for 
them, but others are 
more helpful. Here's 

Many sequencers 

(including Cubase 4, 

shown here) allow 

multiple plug-in paths to 

be defined, so by adding 

another path, such as 

S:\ vstplugins, to 

a convenient location, you 

can install large VSTi 

libraries anywhere 

you wish. 

how to add extra VST plug-ins 
folders to the list of recognised 
paths for a selection of popular 
hosts: 
■ Cakewalk Sonar: Use the Add 
button of the VST Configuration 
Wizard in the Tools menu. 

• Cockos Reaper: Launch the 
Preferences dialogue from the 
Options menu, navigate to the 
VST Plug ins area, then use the 
Add button adjacent to the ‘VST 
plug-in paths' read-out. 

■ Steinberg Cubase SX and 

Nuendo: Launch the Plug-in 
Information window from the 
Devices menu and use its Add 
button. 

* Steinberg Cubase 4: Launch 
the Plug-in Information window, 
click on 'VST 2.x Plug-in Paths', 
then click on the Add button on 
the new window that appears. 

■ Sony Acid Pro: Offers two VSTi 
Search Folder paths, which you 
can define from the VST 
Instruments tab in the 
Preferences dialogue. 

Once your VST host application 

has been informed of the extra 
VST plug-ins folder path, all you 
need to do is install the entire VST 
Instrument (DLL file, sample 
banks, preset files, and so on) in 
the new VST plug-ins folder and 
your sequencer will find it all 
automatically. If you already have 
bulky VST Instruments stored on 
your C: partition, you may be able 
to drag them across to the new 
destination, but some with serial 
number or challenge/response 
copy protection may need 
un-installing and re-installing in 
the new folder to register their 
new locations correctly. 

Even so, the migrations aren't 
likely to require much effort. I've 
installed VST Instrument libraries 
in my S:\Samples partition 
wherever possible, but I still had 
nearly 3CB of VST Instruments 
plus sample data that I couldn't 
do that with, which needed 
moving. I managed to transfer it 
into my new VST plug-ins folder 
in under an hour, reducing the 
size of my Windows music 
partition from 8CB to 5CB. The 
music partition image backup file 
now compresses to under 3CB, 
takes just four minutes to create 
and fits on a single DVD-R disk. 

After a major reshuffle and 
‘data shrink’ like this, it’s wise to 
defragment your partition to 
optimise performance, and you 
may also want to reduce the 
partition's size to allow future 
expansion for other partitions you 
might have on that drive. EE 
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for hire 

studios for rent 

44 - 020 - 7431 - 0212 UMM 
www.studiohire.net 

• KEYBOARDS, RECORDING. P.A.SYSÏ I- MS 

YOU NAME IT, WE’VE GOT IT! 

TEL: 02D-nG9n 444C 

WE PRICE MATCH 
ON NEW PRODUCT 
-CALL US : 

YAMAHA Motif XS7X DE MO £1529 
YAMAHA Motif ES7 NEW £999!! 
YAMAHA Motif ES6 NEW £899!! 
YAMAHA AW4416HDCD idem £599 
HAMMOND XM*1 * XMc-1 £399 
ROLAND JX6P VGC ♦ manual. £299 
ROLAND D50 VGC ♦ manual. £249 
BSS DPR-402 comp/de-e»»ef £499 
DBX 376 tube channel atrip £299 
DRAWMER DL241 comp. £299 
DRAWMER MX50 de-essar £149 
DRAWMER LX20 comp. £125 
DIGITECH Studio Quad v2 £149 
ROLAND SRV 3030 VGC. £149 
LEXICON MX300 NEW £269 
LEXICON MX200 NEW £169 
ELKA 144 organ pedals £249 

Earlybirds ■ contact tbe!ist(o tuneinn.co.uk & add your e-mail address to our monthly mailshot 

020 7281 2284 
07941 031153 
www manateeaudio co uk 

- Vocal Booths 
- Air Conditioning 
- Natural Light 
-CCTV 

YAMAHA n12 NEW £759!! 

YAMAHA MSP7sxdem £579 

KORG M1 VGC. £29$ 
ROLAND GW7 £229 

K0RGX5D £199 

LEXICON PCM80 £449 
TL AUDIO 5051 Ivory £229 

TL Audio Fat 1 comp. £149 

ROLAND JV2080 £29$ 
E-MUXK6synth £279 

E-MU Proteus 2XR £169 
YAMAHA MU100R £199 

KORG Kaoss Pad 2 £129 

FOCUSRITE PENTA £129 
PIONEER DJM600 £329 

PIONEER DJM500 £279 

■ 8 meg Broadband 
- Kitchen Facilities 
- Monitored Alarm System 
- From £400/month 

CASH WAITING FOR ALL UNWANTED 
MUSICAL & AUDIO EQUIPMENT 1! 

SS SPECIALISTS IN QUALITY 
NEW & USED EQUIPMENT SINCE 1979 

44 - 020 - 7431 - 0212 

STUDIOS FOR RENT 
6 rooms of vanous sizes available at recently 
developed North London studio complex 

Tune Inn 
music shop 

124*126 ST MILDRED S ROAD 
LEE. LONDON SE12 ORG 

We stock new Yamaha. Korg. Tascam. M-Audio. 
Lexicon. DBX. Mackie. E-Mu. Audio-Technica. 
Alesis. Akai. QSC. Peavey. Proel. Shure. 
Sennheiser, and more... 

ui ui ui.tuneinn.cn.uh 

r-

classifieds 
Classified Dept, Sound On Sound, Media House, 

Trafalgar Way, Bar Hill, Cambridge CB23 8SQ 

Luci Smith 
Telephone: +44 (0)1954 789888 

Fax: +44(0)1954 789895 
ISDN:+44 (0)1954 781023 

email: luci@soundonsound.com 

display box 
£40.00 + VAT 

per single column centimetre 
Discounts offered for series. 

situations vacant 
£45.00 + VAT 

per single column centimetre. 

lineage 
£1.50 per word including VAT 

(minimum 15 words). 

" B C- ES 
(3 column page). Rates include full colour + typesetting. Box Numbers available at an additional £50.00 per insert. 

Fbe attention of edrertnen n drawn to the Busmen Advertnementi (Dnclowre) Order of 1977, nrhirh require! by law that from the lit Unutry 197» all »dvertnemenn by persons who teehtoiell 
goods m the course of busmen must mate that /art dear From the above date, consumen, therfore. should inore whether an advertisement relates to a sale by a trader or a private individual 

Courses_D-l 
Duplication_ K-P 

Insurance 

Pro Cables_ 
Recording Studios 

Rentals 

B/Q 

B 

Services J 
Situations Vacant C 

Studio Acoustics P 

Studio Furniture P 

Studio For Rent A 

Tuition/Programming l/J 
Vocal Care A 

Wireless_ Q 

Supplying the Singing and 
Entertainment community 
with the highest quality 
natural voice care sprays, 
throat remedies and 
wellness products at low 
prices direct to your door. 
www.vocal-care.com 

The World’s First Web Store Dedicated 
to Professional Vocalist Healthcare 

for sale 

Atari ST & TT 
Keychange Music Services. 

OI925 823334 
Email barrie@keychange.co.uk 

h 11 p://www. key change. co . uk 

ROW AUDIO SALES 
We are open 7 days a weel untill Midnight!!! Buying or Selling 

Please visit the website for up to date info, and more bargains 

www.rowaudiosales.co.uk 

PHONE US WITH YOUR USED GEAR, WE PAY CASH, NORMALLY SAME DAY !! 

If no reply at office, phone the mobile , we will phone you straight back! 

\A/ A KITE n ALL USH)GEAR. COMPLETE HOME OR PRO STUDIOS. 
VVHI1 I EM SAME DAY COLLECTION. BEST PRICES PAID OPEN 7 DAYS 

TEL: 01629 630056 or 07909 920877 
E-mail doug@rowaudiosales.co.uk 

WANTED 
WE CAN OFFER BEST CASH PRICES FOR YOUR 
EQUIPMENT & SOFTWARE. PX WELCOME 

SELECTED BARGAINS, ALL GUARANTEED !! Visit our Website for lots more gear 

AKAI S2000 Sampler + 18MB. Excellent. £65 
BEHRINGER ULTRAGRAPH PRO GEQ3102, Mint . £55 
BEHRINGER COMPOSER PRO-XL MDX2600, Mint £45 
DBX 266XL Compressor, Excellent. £55 
EMU MK6 Mo’Phatt Keyboard, Boxed. Mint. £185 
HUGHES & KETTNER TUBE ROTOSPHERE, Mint.£150 
KORG ESX1 Electribe Sampler, Boxed. Mint £275 
KORG TRITON RACK, Boxed. Mint. £395 
NOVATION DRUMSTATION, Excellent  £135 
ROLAND JV1080 Sound Module. Boxed. Mint £175 
ROLAND VS2480CD Digital Workstation, Boxed, Mint £825 
TL AUDIO IVORY 5013 Valve EQ, Mint. £220 
YAMAHA AN200 Analog Modelling Synth, Excellent £165 
YAMAHA DX7 Classic FM Keyboard. Excellent £175 
YAMAHA NS1OM STUDIO Monitors. Mint. £295 

www.sound-generation.co.uk 
aale«Oiound-o«naratlon.co uk tai 01784 483944 

•Sebutron 

Solid State Logic LAVRY Neve LAVRY 
ENGINEERING ENGINEERING 

^has true bypass and stereo Ink switches^ 

www.soundtools.co.uk/ Tel: 0044 (0)208 879 1573 

The Wunder CM7 is an accurate replica 
of an original U47 tube microphone The 
CM7 is also the only copy in existence to 
use the larger style transformers found in 
¿he eartier and more sought after models^ 

signal conversion currently available on 
the market Users include many of the 
world's most famous audio engineers. 

The Lavry Gold Series are d 
produce the highest level of 

The Trident 8T is inspired by the original 
Series 80 mixing consoles and features 
the same 80B equaliser circuitry as the 
original Frame sizes are 16. 24. and 32 
^channels with or without meterbndge1

revision E Urei 1176 including the custom) 
made input attenuators. The MC7 

The Vintech Audio X73 & Model 273 are I 
designed as an affordable alternative to , 
the ongmal Neve 1073 modules with EQ i 
The X73 especially uses the same circuit i 
components as an onginal Neve 1073J 

Lavry Blue - Modular Signal Converter 
The Lavry Blue is a modular system that 
combines up to eight channels of high 
quality AD or DA signal conversion, or a 
combination. Lavry MicPre modules are 
.also available Please call for more info! , 

ined to 
& D/A 

The Sebatron VMP is a 'warm' Valve Mic 
Preamplifier and DI which features EQ & 
vanable pad settings Available m single, 
dual or quad channel configurations 
^Highly recomended and very affordable! 

SSL X-Logk ~ 
G Scries Compressor 
The G Series' is a Stereo 
compressor originally found in 
large SSL mixing consoles. This unit ha? 
gained 'Classic' status and can be found 
¿n every major studio all over the planet 

API 5500 - Dual Channel EÖ -7* 
The API 5500 is a two channel four band 
Equaliser with fully sweepable bands 
The API 5500 also has a range control' 
on each channel, which expands on this 
units versatility to mastering applications. 

Neve-8016 
The Neve 8816 combines 16 ’ • 
channels of solid state' analogue 
summing with total recall via a computer 
Special offer is available with Faderpack' 
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recording studios 

Recording/tracking/rraxing • 

Euphonies mixing console • Pro tools HD • 

Bechstein pano • Tc Elect-onic • Neumann 

Drei • AKG ‘Amazing live room 

stone 
recording studio 

Contact Suj: 
020 8749 8885 • 07956 694 473 
stoneroomstudio@hotmail.com 
www.stoneroomstudios.com 

Over 18 years experience, recorded & mixed many no.1 albums & singles 

studio to let 

STUDIOS TO LET 
At the famous Battery Studios Complex Willesden Green NW10. 

A/c, Video entry, Natural light, Private parking, 24 hr. access. 
Flexible terms available. 

Call 07754 470007 

Genesis recording studio 
Established 18yrs 

• Digital studio Protools HD TDM. 
• Analog studio 24 track 2' & 16 track 1/2’. 

• Video editing suite ■ music videos 
• Two live rooms • Mastering • Musicians Ä producers available 

Rates from £25.00 ph 

Coll 0208 514 5379 or check our website: 
www.genesisrecordingsftudio.com 

Qwóif Studios 
Quality Protools Mixing, Recording, Mastering. 
Pro Tools HD3. 24 Track Studer. ADAF, Amek Angela desk. 
Dynaudio & PMC monitors. Top FXs & microphones. 

Very Experienced engineers. £40 + Vat per hour. 
Album mastering packages from £200 + vat. 

Email: brethes@mac.com www.wolfstudios.co.uk 
Tel: 020 7733 8088 

RMS Studios 
Studio 1 is ideal for live band recording. It 

features 2 live rooms, a grand piano, 
Hammond C3, wonderful mies, Soundcraft 
1600 desk, AMS and Lexicon reverbs, TC 
Powercore FX, SADÍE5 64 track recording 

Only £28.20 per hour inc. VAT. See 
www.rms-studios.CQ.uk for details. 

Studio 2 is a fantastic ProTools and Logic 
studio with an HD2 Accel system, overdub 

room, many keyboards and modules, 
Soundcraft Ghost desk and SADiE 4 editor 

Only £25.00 per hour inc VAT. See 
www. red -1 prod □ étions . 

We also master and copy CDs with thermal 
or colour print, and laser printed inlays. 

To book, please speak to Alan or Andy on 
020 8653 4965 

or email rmsstudios@blueyonder.co.uk. 
Free parking, real coffee and a nice garden! 

rentals 
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situations vacant 

Anglia Ruskin 
University 

Cambridge & Chelmsford 

Based in Cambridge 

Music Technician 
£21,682 - £25,889 p.a. Ref: 5780 

With 26,000 students, Anglia Ruskin University is one of the largest, campus-based universities 
in the country, as well as one of the UK’s leading providers of campus-based, part-time higher 

education courses. We have ambitious plans for development across the range of our activities 
and for building an outstanding reputation for academic innovation and achievement. 

We are seeking a technician to maintain and develop the computing and technological facilities 

within the Department of Music and Performing Arts. You will also oversee the storage and 

maintenance of the department's other physical resources in liaison with academic colleagues 
and often students. 

With a minimum of a degree or equivalent in a relevant subject, you will have experience 

of Macintosh OSX. You will have an awareness of relevant current technology, in addition to 
effective interpersonal and communication skills. Knowledge of music specific software 
applications and computer hardware systems would be an advantage. 

An early appointment is preferred. 

Closing date 25 February 2008 (12 noon). 

CVs will only be accepted if accompanied by a completed University Application Form. 

We value diversity and welcome applications 
from all sections of the community. 

Internet: www.anglia.ac.uk/hr/jobs 
Email: jobs@anglia.ac.uk 

Answerphone: 0845 1964740 
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MB 

enquiries@acm.ac.uk I www.acm.ac.uk I 01483 500 800 

Showcase your work to industry professionals, record and 

produce ACM vocalists and musicians, submit tracks for industry 

opportunities, check out legendary masterclasses, get involved 

with live event sound engineering and meet top music industry 

execs at networking events. 

Unrivalled music industry connections. 

ACM is a fantastic facility for unearthing and developing 

new talent.” Rob Wells - Senior Vice President - Digital. 

Universal Music Group International 

WORLD LEADERS IN 
MUSIC INDUSTRY EDUCATION 

inspired z

Music Production: Learn up to the minute recording techniques 

from industry experts in awesome facilities. 
Accredited courses: Diploma, Higher Diploma and D agree. 

Creative Sound Design: New Degree Course! 

Learn latest sound design techniques for the fast growing new 

media market such as film, TV, web, games and animation. 

RECORDING 
IN PROGRESS 

THE ACADEMY OF CONTEMPORARY MUSIC 
THE RODBORO BUILDINGS 
BRIDGE STREET I GUILDFORD I SURREY GU1 4SB 

EAT. 
SLEEP. 
DRINK. 
LEARN. 



courses 

© Point Blank 
Voted 

“Best Music Production College” 6 years running! 
T-Scan Awards 2002-2007 

Huge discounts for waged 
and unemployed students 
Log on www.imw.co.uk 
or call 020 7253 3497 

for free brochure 
and booking details 

www.pointblanklondon.com 
Call us now on 020 7729 4884 

* Authorized Training Center (h Q •*’"* .’JÎ’tWi’S Q  Steinberg r.....,c.-.. 

nocn N*one< Open Coiege Network BTECbnrntátu»! 

• Our tutors have worked with Chemical Brothers, U2, Massive Attack... 

• Small classes 
A. 

• Unlimited studio time included 

• Courses: Music Production, Sound Engineering, Live Sound 

• New! BTEC awards and Online Courses available 

Diploma Courses in SSL G+, Protools HD and 

E www.soundonsound.com • march 2008 
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courses 

THE 
AUDIO ENGINEERING COURSE 

WITH A DIFFERENCE. 
OUR GRADUATES WORK. 

CERTIFICATE - DIPLOMA - DEGREE* 

IT’S YOUR CHOICE 

London 0207 609 2653 Liverpool 0151 255 1313 Glasgow 0141 429 1551 

50 Institues in: USA FRANCE GERMANY HOLLAND SWEDEN BELGIUM AUSTRIA SWITZERLAND SPAIN ITALY SLOVENIA GREECE 
KUWAIT JORDAN AUSTRALIA NEW ZEALAND UNITED ARAB EMIRATES INDIA MALAYSIA SINGAPORE Soon in: TURKEY and JAPAN 
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• Futureworks 
Creative Media Education 

Audio Film & TV Digital Arts Games 

THE FUTURE OF AUDIO EDUCATION IS HERE. 

Futureworks puts students at the centre of a professional recording and post production environment, using 
equipment supplied by the likes of Neve, SSL and Digidesign. As an audio engineering student you will work 
alongside film editors, games designers and digital artists, preparing you for a professional career in a range 
of creative and digital industries. 

A full range of courses is available - all designed in consultation with industry employers. 

Audio courses include: 
• Professional Series (a-year intensive course): Applied Audio Engineering & Production 
• Specialist Series (Short courses): Digidesign Authorised Pro Tools courses from beginner to expert level 

ENROL NOW FOR MARCH - OPEN DAYS 16th Feb & 1st March 

text‘FUTURE’to 60777 
0161237 7570 www.futureworks.co.uk 



• Diploma students receive more hands on individual practical studio 
time than at any other college. Our facilities are open and students 
are supported 24/7. 

• Alchemea’s facilities are equipped to the highest standard. 
6 studios, 3 live rooms including SSL, Euphonix analogue consoles 
and the only "training only" Digidesign ICON powered surround 
cinema dubbing theatre facility in Europe. 

• Class sizes are small and our industry experienced tutors help 
turn theoretical knowledge into real skills and confidence. 

• Weekend and evening certified short courses are available in 
mastering, mixing, composition, Pro Tools, Logic, Ableton Live 
and Reason. 

• 90% of our diploma students are working in the industry within 
6 months of graduating. 

Students from around the globe come to study at Alchemea in 
recognition of what they can achieve. With the continuing support 
of the industry itself, the reputation of the Alchemea approach 
continues to grow. 

college of audio engineering 

For more info contact 020 7359 3986 / infoiaalchemea.com 

Alchemea • The Windsor Centre • Windsor Street • London N1 8QG • www.alchemea.com 



courses 

www.cambridge-mt.com 

«t ““ 
+44 131 650 2427 
music@ed.ac.uk 
www.music.ed.ac.uk/sound 

Sound Technology: 
MSc Courses at 
The University of Edinburgh 

MSc Digital Composition and Performance 
MSc Sound Design 
MSc Acoustics and Music Technology 

Join SOS author Mike Senior to 
explore techniques from the 

World's most famous producer^ 
I live in the studio. 

We run FREE courses to help people into careers in the creative industries and related 
businesses. Our Multimedia, eCommerce, Music Production, Sound Engineering, Music 

Technology and New Deal for Musicians courses start at regular intervals throughout the year. 
We teach using Logic, Pro Tools, Reason, Photoshop, Dreamweaver, Final Cut, Flash etc. 

'ay courses now booking for 
March & April 2008: 

Cambridge Music 
Technology Workshops 

TIE »W 
Provides one of the most affordable comprehensive 
range of exclusive 2-'2 months part time day/ 
evening practical courses on al aspects of Sound 
Recording including Multi-tracking. Cubase, Sampling 
and Productions. 
Beginners welcome, concessionary rates available. 

Established since 1989, West London 
32 TRACK STUDIO AVAILABLE FOR HIRE 

FOR PROSPECTUS : 0ÖMO-98O-7452 
w e-mail: infoOtF «recordingworkshop 

CLASS the unique chance to learn and practice in Pink Floyd's original recording studio 

The Institute Of Music & Technology at Hurricane Studios 
www.imthurricane.org 020 8691 1900 

RIGHT TRACK STUDIOS 
Engineering midi and arranging courses in Malvern 

Beginners welcome. All courses one to one. 

Teaching since 1990 to students from around the UK and 
Europe. Also Atari and Kurzweil 1000 specialist. 

Contact David Etheridge on 

01684 576896 for details 

• Vocal Production • 
• Recording Pianos • 

• Recording Electric Guitars 
• Maximum Drums, Minimum Mies I 

• Mixing Secrets For The Small Studio 

london school of sound - practical training m music technology and aud*o engineering ONLY SIX STUDENTS 

New Logic 8 Certification from Apple 

* Authorized Training Center 

tuition/programming 

I wanted to express my thanks for 
a really superb course It was well 
organised, well facilitated, had a 
great environment, superb in pace, 
content and teaching style and 
generally the whole experience 
was exceptional. It absolutely hit 
the spot for me and I am delighted 
with my new found confidence in 
using Logic I will have no problem 
recommending both LSS and this 
particular course in the future 

london school of sound 
www.londonschoolofsound.co.uk 

three-day’s intensive course + exam 
or exam-only (for experienced users) 

call 020 7354 7337 
...and find out why we have certified more 

users than ary other training centre in the UK 

Musician + Programmer 

Logic Pro + Pío Tools 
industry Professional 

Firlmlm + 121 call : 
07976 235 999 

Or Visit... 

www.logictoolbox.com 

* Certified 
V Pro 

Training, Courses & Installation 

Apple Mac Specialist 
Dave Gale 

Lecturer in Music Technology 
Guildhall School of Music & Drama 

Approved by Sound Technology PLC/Emagic UK 

Tel : 01252 726463 (24Hrs) 
e-mail : dave.galei“ nineyardstraining.co.uk 

internet : www.nineyardstraining.co.uk 

LOGIC PRO TRAINING 
Peter Andrew Dudley 

logictraining@mac.com 
www.logictraining.co.uk 

+44 (0)7988 850441 
+44 (0)20 8123 4416 * Certified Trainer 

Helping you create 
Tuition, Advice and Troubleshooting 
Cubase, Logic, DP, Reason and more 

All aspects of System and Studio set-up 

Experienced Engineer and Tutor 

Steve 07986-522595 or 07962-185711 

www.swsounds.co.uk email:swsounds@tiscali.co.uk 

London and Sussex, Kent, Surrey borders 

www.musicstudiohelp.com 
Home & Project Studio Training/Advisory Service by experienced Recording Engineer 

(top 40 albums, singles, etc.) & Music Technology Tutor (Gateway, Kingston Uni, IMW. etc.) 

Specialist consultation, fundamentals to top pro 

techniques, Logic/ProTools/Cubase/Reason/etc., 

plus expert practical help ... to your specific needs! 

Bryan Evans 
Tel. 020 8575 3150 
07778 649929 (mobile) 

bryan&musicstuiHohelp.com 
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services 

AT. AUDIO 
'The Analogue Man' 

Repair and Alignment of all decent gear! 

30 years studio experience - Studer, Neve, EMT, SSL, Tascam 
Calrec, Cadac etc. 

Multitrack Lineup-Test tapes for most formats. 

On site service & installation. 07713 405 107 ■ Andrew.terry1@btinternet.com 
Nottingham Based. Countrywide Service! 

01954 231348 

Authorised Service Centre 
Keeping Music Live 

For repairs to all makes of: 

Amplification 
Effects 
Mixing Desks 
All Synthesisers & Keyboards 
Specialists in Valve Technology 
TC Electronic • LAB.Gruppen • TC Helicon 

Dynaudio Acoustics • Allen & Heath • Ampeg 
Bad Cat • Crate • Fender • General Music 
Mackie • Marshall • M Audio • Novation 
Roland • Roland • Studio Electronics 

TL Audio • Yamaha • Moog 

aspenmedia The Audio Service Centre 

Specialising in: 01296 681313 
• Yamaha Digital Mixers: WWW.aspen-media.COm 
01V, 01V96,02R, 02R96, DM1000, DM2000 service@aspen-media.com 

• Tascam DTRS: DA88, DA38, DA78HR, DA98. DA98HR 

• Alesis ADAT: XT, XT20, LX20 

Collection and delivery service available 

Established in 1983 

ADVANCED SOUNDS LTD 
(Service & Repairs) 

★ Keyboards ★ Backline ★ FX 
★ Analogue & Digital Recorders inc DATs/Adats 

Also Hire & Sales Division 01305 757088 
www.advancedsoundsco.uk 

pro cables 

Professional Cables and leads 

All your audio leads, wiring looms and Patchbay 
requirements manufactured to your specs. 

Call: 0203 0876614 • www.proleads.co.uk 

tuition/programming 

Logic Pro 
Logic Express 

Garageband 

CmiHultancy. programming. training tech Hiipport 

Geoff Woolley Tel: 07762 5H5685 

emai 1: i nfó@£eoffw<x>ll<*y.coL nk 
web: www.gmffwoolley.co.uk 

Pro Tools 
for Music Production 

Consultancy, one-to-one tuition, seminars & support 

Contact Mike Collins MSc. BSc 
For all music software, production techniques 

& studio equipment 

www.mikecollinsmusic.com 
020 8888 5318 
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CD Manufacture 
DMS °, 

APRS 

Tel 01424 444 141 
CDR Duplication & On-Body Print 

audio services 

duplication 
ESTABLISHED 23 YEARS 

ONLINE: 
Small runs welcome 

Duplication 

Blanks A Accessories 
o 

liquidbubble 

CD DVD VINYL REPLICATION 
INSTANT ONLINE LIVE QUOTES & PRICE MATCH GUARANTEE 

UK-manufactured for quality, speed, 

mih i cd. ? onbody colour^ a guarantee to match any price. All our discs are professionally glass 
C ellopharK- Wrapping 

DISTRIBUTORS, BROKERS 
Call us NOW for the lowest LABELS 

tailored pricing and volume discounts REAL Digipaks, no copies 

duplication 

SALES LIME FREEPHONE 0800 056 55 44 

HOFA-SHOP.COM 0800 3442 1111 

cd/dvd duplication 
CD Replication Package CD or DVD Duplication 

Web: www.downsoft.co.uk 

0845 686 0001 

£56.00 
£99.00 
£188.00 
£246.00 
£305.00 
£352.50 

£107.50 
£190.60 
£250.60 
£290.60 
£310.60 

500 units @ £460.00 
1000 units @ £611.00 

500 units @ £646.25 
1000 units @ £799.00 

500 CD Singles Complete only 
500 CD Albums Complete only 
1000 CD Singles Complete only 
1000 CD Albums Complete only 

£650.00 £763.75 incl VAT 

£740.00 £869.50 incl VAT 

£925.00 £1086.88 incl VAT 
£1000.00 £1179.00 incl VAT 

50 units @ 
100 units @ 
200 units @ 
300 units @ 
400 units @ 
500 units @ 

Prices Include 
Delivery, Proof of your 

finished Artwork, Film, Glass 
Mastering. Jewel Case with 
a 4 Page Booklet (4/1). 2 

Onbody Colours, Inlay (4/0), 
Cellophane Wrapping 

I 
I 

Full colour & black Everest II 
thermal pnnt also available 

Pnce includes ful colour onbody 
inkjet pnnt in PVC wallet, UK 
shipping and one hour setup 

You deliver premaster & artwork on disc (printable PDFs). 
Package includes glass mastering & cdr check, 2 colour onbody print, 4 pg booklet 4/1, inlay 4/0, std. case, incl. tax and shipping. 

Artwork Design & Layout 
Drum Scanning - Typesetting 
Fine Art - Imagesetting to 
Film - Photo Retouching 

100: 
200: 
300: 
400: 
500: 

Phone us on 050 8769 5224 
www. xpressduplication .co. uk 

mastered and pressed. With a capac ty of over a million discs per 
day. and a management team to see your job through, we offer 
complete assurance with regard to quality, reliability, accuracy and 
efficiency. Our online live quoting system is the only one of its kind 
in Europe and has completed over 20,000 instant quotes to date for 
our many and varied customers. 

Indudes: Glass Mastering. CD Replication with 

up to 5 colour On Body. Output of Film for On 

Body Printing. Printing of 4PP, Booklet and 

Inlay up to 4/4 from artwork supplied. Supply 

of Jewel case with Black or Clear tray. Packing 

of Disc, Booklet and Inlay into Jewel case. Over 

wrap of Jewel Case. 

Full CD & DVD duplication ser¬ 
vices including lithographic pnnt 
and free audio mastenng with 
orders of 300+ CDs 

mediasourcing.com 

CALL 0845 230 9821 
www liquidbubbledupllcatlon.com 

CASSETTE DUPLICATING 
V CUSTOM BLANK CASSETTES 
V CDR DUPLICATING 
CD MASTERING 

✓ EDI TING/DSP/REST ORATION 
J COMPACT DISC PACKAGES 
✓ FULL PRINT SERVICE 
✓ DAT/MD/CDR SUPPLIES 

TEL: 01252-794253 
FAX: 01252-792642 

Includes 
VAT&Delivery! 

£2164.11 
(£1841.80 ex VAT) 

3000 units 

Includes 
VAT & Delivery! 

£1140.93 
(£971.00 ex VAT) 
1000 units 

Includes 
M VAT & Delivery! 

£682.68 

Includes 
VAT&Delivery! 

£497.61 
(£423.50 ex VAT) 

500 units 

Digital/Post Mastering 
Sadie - Focusrite - GML - Neve 
Lexicon - TC Electronics -MD2 

20 Bit A to D - 32 Bit DSP 

NEW LOW PRICES! 
50cds: £62.50 

Professional Mastering 
CD & Cassette Manufacture 

5 Day Turnaround 
Stringent Quality Control 

Prices Include 
Delivery. Ptoof of your 

finished Artwork. Film, Glass 
Mastering 4 Page Digipak 

CD's, Dat's, A Labels etc. 

FREE ! Catalogue A Sample 
Downsoft Ltd 01372 272422 

THE UK'S LEADING 
SUPPLIER OF CD & DVD 
Replication I Duplication I Design & Print 

Tel: 01752 201275 
See our main advert on page K. 

EMAIL: sales@keynoteaudlo.co.uk 
www.keynoteaudlo.co.uk 

CD / DVD / VINYL DUPLICATION ARTWORK & DESIGN PACKAGING 

Indudes: Full Colour Thermal Print. Insertion 

into a PP Wallet. 

DVD Replication Package 

Indudes: Glass Mastering. DVD 5 Replication 

with up to S colour On Body. Output of Film 

for On Body Printing. Printing of 4/0 DVD Inlay 
from artwork supplied. Supply of Black or Clear 

DVD case. Packing of Disc and Inlay into DVD 

case. Over wrap of DVD Case. 

01756 797100 
www.the-digilal-audio.co.uk 

reliability+security. NO HIDDEN EXTRAS! 

mediasourdng m Thousands of customers agree our product 
has the highest industry accreditation, fastest turnaround times and 

Al prices Ind VAT. Terms & Conditions available on request 
We ateo offer Graphic Design ß Printing Service© E: infbOlquidtxjbble corn 

(£581.00 ex VAT) 
NO HIDDEN EXTRAS 1000 Units 
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CD & DVD Manufacturing new LOWER prices! 
1000 CD's now £590 +VAT (£693.25 inc.) price includes: glass mastering, jewe cases, 
4 page 4/1 booklet & inlay, full colour onbody print, cellophane wrap & UK Mainland delivery. 

■ CD Mastering • SADiE Series5/ Cedar de-noise from £40. hour ic<7 ^1 

I CD/ DVD & CD-ROM Manufacturing • Audio Cassettes Duplication 

I CD-ROM Business Cards • CDR/ DVDR Duplication & Litho Print 
Cyclone Music Productions . . ~ ~ . 

Artwork & Graphic Design • Complete Pactabge Deals Available 

Telephone: J16 34 7 1 4522 or »ul www.cyclonemusic.co.ulc • e-mait so Ie s^cy clonemusic.co.uk 

mastering 

www.tubemastering.com 

andy@tubemastering.com 

07734 422 490 

Affordable CD mastering 
with Pink Floyd's Grammy 

nominated engineer. 

NUT5 

HO HIŒN EXTRAS 

òreed Media 

1 Newsham Road Sheffield 38 9EA 

55 2460 
d-mediaco.uk 

secRetiSQUiRReMKnows 

UK MANUFACTURING 
LOWEST PRICES 

PROPER MEMBERSHIP STUFF 

OFFICIAL BPI ASSOCIATE 

10 inches? 
Call me x 

KO-POL ICY: CARBON 

He tends to leaue the CD, Uinyl and DUD replication to us 

OigipaK 
♦3 col CD, Strirr. 
& Delivery 
500 £940 
(£860 Exc. URT) 
1000 £1128 
(£960 Exc URT) 
5000 £3113.75 
'£2650 Exc UAT ' 

Uinyl 
♦4 col labels. 
Sleeve & Delivery 

T fron £415 
12" from £485 

Jewelcase 
♦3 col CO. bale 
Inlay, Cello 6 Delivery 
500 £470 
'£400 Exc UAT, 
1000 £63450 
' £540 Exc UAT ) 
5000 £205625 
(£1750 Exc UAT J 

0 

REPLICATION DUPLICATION 

All pi oduct types available - please call or visit our website for more info All product types available - please call or visit our website tor more Info 

CD & DVD MANUFACTURING DISC MANUFACTURING 

SERVICES LIMITED CD Mastering / DVD Authoring / Standard & Bespoke Packaging I Graphic Design & Print 

A market leading company with a proven track record of surpassing client expectations 

Call us for a free sample pack showcasing the outstanding quality of our products... 

Discs manufactured from glassmaster 

to the highest industry standards 

CDs on Spindles Available on orders of 50+ 

Includes: Proofs, discs printed with a full colour text/logo design, delivery and VAT 

DVDs in Cardwallets Available on orders of 100+ 

Includes: Proofs, discs printed with a full colour text/logo design, full colour cardwallets, 

delivery and VAT 

DVDs in Cases Available on orders of 300 to 100,000+ 

Includes: Glassmaster, proofs, films, discs printed up to full colour, full colour outer sleeve, cases, 
overwrap, delivery and VAT 

CDs in Digipacks Available on orders of 500 to 100000* 

Includes: Glassmaster, proofs, films, discs printed up to full colour, 4 panel full colour digipack, 
overwrap, delivery and VAT 

CDs in Album Cases Available on orders of 50+ 

Includes: Proofs, discs printed with a full colour text/logo design, 2 page full colour booklet 

and inlay, album cases, overwrap, delivery and VAT 

CDs in Album Cases Available on orders of 300 to 100.000+ 

Includes: Glassmaster, proofs, films, discs printed up to full colour, 4 page full colour booklet and 

inlay album cases (black or clear trayj, overwrap, delivery and VAT 

300 £450.00 500 - £495.00 1000 £675.00 2000 - £1125.00 

50-£135.00 100 £195.00 150 £275.00 200 £335.00 

100 £225.00 150-£280.00 200-£335.00 250-£395.00 

50 £75.00 100 £95.00 150 £130.00 200 -£165.00 

500 £825.00 1000 £975.00 2000 - £1 585.00 3000 - £1995.00 

Visit our website for full product range, pictures and prices 

www.discmanufacturingservices.com 

300 £575.00 500 - £625.00 1000 £795.00 2000 - £1450.00 

Great for smaller orders or when you 

need your disc?. yesterday! 

Call us on 

Lu.,.„0845 200 9828 / 01752 201275 

Don't see what your looking for? We produce all types of CD & DVD products... 
CD & DVD Cases, Double Cases, Single Cases, Slipcases, Digipacks, Digifiles, Cardwallets, Plastic Wallets, 

Business Card CDs, Shaped Discs and any type of custom designed packaging you can imagine! 

° DMS °. 
k LIMITBO 

ÍS5SSSI 
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CD & DVD Manufacturing 

In-House Design Service 

Mastering & Manufacturing Packages 

Flyers, Posters, Point Of Sale 

Call now for a quote or sample pack! 

F 020 8521 2424 Hiltongrove Multimedia, 3 Greenwich info@hiltongrove.com 
T: 0208691 3144 Quay, Clarence Road, London, SE83EY www.hiltongrove.com 

hiltongrove 
multimedia 

Here at Hiltongrove we offer a competitive manufacturing service 

together with an in house graphic design department and great 

deals on 'mastering + manufacturing' packages. 

With over ten years of experience, with a focus on quality of service, 

Hiltongrove Multimedia are able to offer invaluable advice, guide you 

through the whole manufacturing process and deliver a top quality 

product. We also offer a unique online project tracker where you can 

monitor your job status 24 hours a day. 

6 Grand Union Centre, West Row, Lone on WTO 5AS Tel 020 8960 7222 

duplication 

WWW 

com 

Est. over 
20 years 

1000 pressed CDs from £600 
Complete with booklet-Finlay 

Enhanced CD, CD-ROM, DVD 
Copy masters, editing, ISRCs 

Large and small runs 
Graphic design, colour print 

Excellent quality & presentation 

CDR/DVDR copies from 51 
CD & CD-ROM mastering 
Cassette duplication, too 
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Make it with us 
® Years of Excellence Market Leaded 

A 

Creative Services 

APRS 

Cambodge 
01480 461880 

• Compact Disc Audio 
• DVD 
• CD-ROM 
• Print & Packaging 

RECORDING 

• Studio and Location Facilities 
• Steinway Concert Grand Piano 
• Classical Music Production & Editing 
• Voice-Overs 

HIGH END AUDIO MASTERING 

• Six Studio Complex 
• High Resolution Technology 
• Sonic Solutions Restoration 
• All Analogue & Digital Formats 

POST PRODUCTION 

• DVD Encoding, Authoring & Design 
• Enhanced CD Authoring 
• Mixing (Dolby Digital 5.1 in all studios) 
• Broadcast Video Editing 

London 
020 8446 3218 

sound recording technology 

ternet.com • www.soundrecordingtechnology.com 

One Stop7Manufactunng 



duplication 

IÎAL.ïUUW 
CD & Cassette Manufacture 

Printing & Packaging 
jda@jethro.co.uk www.jethro.co.uk 

01566 783512 

JETHRO DIGI 
CD Mastering & Duplication 

Thermal and full colour inkjet printing. 
SADÍE5 editing with TC MD3 compression, 

Cedar DeNcise & Retouch. Fast, flexible service. 
02086534965 rmsstudios@blueyonder.co.uk 

<cd/dvd duplication 
I booklets, cases, overwrapping, 
full design service ace 100 Thermal CDRs • 94p each ind vat 

c o p/a 500 Colour Screen Printed CDs - 56p each ind vat 

0191 2755034 info<d>ac ecopydisc.co.uk 

www.acecopydisc.co.uk 

[woficiñcEwitiTíjáñcísEsúí^^ 

Sound Systems & 
Lighting for Bands 

Conferences, 
Corporate & 

Private Parties 
Recording, D.J. Equipment & Karaoke 

Allot Competitive Prices 

Tel. 020-8209-0025 

Atlantic 
PAHire 

THE 'ONE-OFF' CD SPECmi 
We transfer recordings from Cassette, 
DAT, MD, Vinyl, or existing CD on to 
mastered professional quality CD’s, 

complete with printed artwork. 

No minimum run policy - have one made or several copies! 
Sound enhancement, de-noising. PQ encoding. 

artwork design, all included in our reasonable prices. 
■Quality, not quantityl' • Mail order welcome. 

Call 01273 572090 or email infoOmexone.co.uk for our free brochure 

Ideal Mastering Ltd. 
CD Duplication CoburcrB/Waitodvprirt 

ProTesdonal Mastering £30 p/h Artwork 8 Pnntrg 

Cassette PipliMtcn Jt Vin/lfnCD 

Ardwrg W Prenfces in noIowar Rd 

Call for Great Prices 

020 7263 3346 
work' idcafmastering.com www.idcalmastcrmg.com 

500 CD PACKAGE £400* 
CD 4 colour onbody, 4pp booklet 4/4, 

inlay 4/0, black tray, Jewel case and overwrap 

1000 CD PACKAGE £550* 
CD 4 colour onbody, 4pp booklet 4/4, 

inlay 4/0, black tray, Jewel case and overwrap 

Compétitif 

Sfll* 
Optical Disc LK

Best price for vinyl manufacturing 

FOR A QUOTE 
WITH A PERSONAL TOUCH 
PLEASE CALL: +44 (0) 1707 274 444 

500 DVD PACKAGE £550* 
DVD5 5 colour onbody, inlay 4/0, 
Black DVD case and overwrap 

1000 DVD PACKAGE £750* 
DVD5 5 colour onbody, inlay 4/0, 
Black DVD case and overwrap 

7" Vinyl Package X 200 £300* 
10" or 12" Vinyl Package X 200 £490* 

2 Color Label, Plastic Inner Punched Only 

*AII prices are 
inclusive of VAT 

Terms & Conditions available upon request 

r SFH Optical Disc 
The 10 Centre, Hearle Way, 

Hatfield Business Park 

(0) 1707 274 444 Fax: -44 (0) 1707 274 443 

Email: info@sfhuk.net Web: www.sfhuk.net 

ion 

UD CD I 

Kav 
* manufacturing for music and media 

Replicators of DVD, CD & Vinyl 
DVD authoring, encoding and design 

Printing, specialist packaging and fulfilment 
16 years manufacturing for music & media 

wëb www.keyproduction.co.uk 
* email: mail@keyproduction.co.uk 

phone: 020 7284 8800 

case 
napping 

£1090 

Pressing & 
Duplication 

nted wrap & 
with P 7Q0

«se -

DS » Í 4+0 ,n'M-lok'et * —« 
ŝ7al incudes 

BlG posters. Check »“’ o_uW 

^.^s^ musicians. 

soundsgoo< tel: 0118 

Why? Because mastering is your last chance to get your tracks 

right before manufacturing your CD... because if you've never 

heard your music in an accurate listening environment, then 

you won't really know how it sounds... because we've got the 

gear and the ears, and chances are we can make your tracks 

sound better... and you can be there while we do it! 

SPECIAL PACKAGE DEAL - 3 hour session £135 (+VAT£158.63) 
No obligation trial - we’ll master a track for free -
just to show what we can do! Phone for details! 

930 1700 www.soundsgood.co.uk 

COS & , 

o.erwrW" 

CD MASTERING - YOU NEED THIS! 

- - c-P»u
1000 CVS 
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Studio Furniture (020) 7870 8836 

Full Equipment Dealership Facilities. (International clients please dial +44 1263 862999) 

Recording Studio Design & Build, 
Acoustic Consultancy, Training, 
Equipment Supply & Installation, 
Bespoke Technical Furniture, 
Self-build Consultancy Service, 

THE STUDIO WIZARD 
For a little advice ■ ora confíete studio -call us on: 

07092 123666 

V-series workstation by 

• ••••ARGOSY 
www.argosyconsole.com 

From a 2-sqm voice booth to multi-studio 
commercial facilities...we design AND build! 

OMNIBAX 

STUDIO FURNITURE 

Force 12 MP 

Synergy S6C24XL 

www.studiopeople.com 
01743-885244 or 07977-043763 

: jediashack.co.uk 
4 

iOOx Glass Mastered CD Albums £499 H vat 
000 X »ass Mastered CD Albums £599 be vat 

Ful1 dicing on our website ► ► ► ► ► 

studio furniture 

Call John on 01834 819024 or visit www.studioracks.co.uk 

istom built 19" 
racks for the project 
and professional studio. 

studio acoustics 

studio acoustics 

ReaíTraps® 
High-Performance Acoustic Treatment 

duplication 

P. O. Box 1792 Sausalito, CA 94966 
www.omnirax.com 

♦1 (415) 332 3392 (USA)_ 

Rave Reviews 
From Top Pros 

usa i direct i uk 

Please visit our web site for information on all our products. 

wwwREALTMPS corn Affonlabk'airshippingtoEurope1

The room is so mucn flatter and true, the 
peaks and nulls rem?rkably smoothed out, 
mixing there is now sonically accurate and 
a real pleasure. Rea.Traps eliminated the 

guess work in getting my mix room acoustically correct We are 
really happy about how well the room is now translating both to 
other top mix rooms in NYC and also mastering Ton) 
miner for Black Eyed Peas. John Legeno " . Dest'ny/ 
Child R Jeni *fer 10^7. Jessica Simpson. Tupac 9 
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recording studios 

The Advertisers Index 
Absolute Music Solutions ©08450255555 109 McDowell Signal Processing © 0016503180005 137 

Aliens Heath f 01326 372070 63 Musictrack © 01767 313447 IFC 
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Grab a bargain! 

Browse over £1 Million of 
second-user gear on-line! 

www.soundonsound.com/readersads 

Now in business for almost 30 years, Turnkey is 
by far the largest single store operation in the UK, 
and as such we are able to invest unrivalled time, 
money and energy into making it a unique shopping 
experience. 

SUBSCRIBE FOR 

Get the Turnkey Buyer’s Index and 
Soho Soundhouse Gear Guide 
delivered to your door FREE. 
Simply call us on 0207 7419 9999 or 
go to www.turnkey.co.uk/register 

Call us NOW 

0207 419 9999 
Visit us 
ww w. t u r n key. co. u k/reg i ster 

Visit us 
114-116 Charing Cross Road 
London WC2H OJR 



sounding off 

Surround? Who's even hearing stereo?! 

Mike Senior 

While the jury’s still out 
regarding the importance 
of surround to SOS 

readers, stereo is taken for 
granted. Certainly, most people 
I speak to mix entirely in stereo, 
with a handful switching to 
mono for a quick compatibility 
check on the off-chance that 
some weirdo is actually listening 
that way. Is mono at all relevant 
these days anyway? 

The traditional reason for 
checking mixes in mono revolves 
around the fact that some 
broadcasters still transmit in 
mono. However, this argument 
holds less and less water as more 
advanced transmission formats 
come on-line. I’m happy to let 
that debate rage on between the 
beards in the AES wine bar, 
because, to be honest, I think it’s 
pretty irrelevant. There are much 
more important reasons why the 
stereo information in our 
recordings rarely survives its 
passage to the listener. 

Even in the murky underworld 
of the hi-fi enthusiast, stereo 
imaging is a delicate little flower. 
You might get clear positioning 
while you’re perched 
precariously in the sweet spot, 
but shuffle across the room to 
peer more closely at the 
yellowing flyers for Elvaston 
steam rally and the stereo field 
scrunches up into whichever 
speaker you’ve moved closer to. 

And for those hi-fi buffs who 
aren’t bachelors, exactly how 
often do you reckon they actually 
listen in the sweet spot anyway? 
It’s not the most communal 
experience — unless you take 
the concept of ‘dose friends’ 
rather literally. And what of the 
much-quoted WAF (Woman 
Acceptance Factor)? Hands up 
how many of you have convinced 
her indoors of the need for 
acoustic foam treatment in the 
living room. Exactly. And how 
many have had their speakers 
banished to that corner under the 
side table, behind the plant? In 
which case you’ll be lucky to hear 
the lyrics, let alone any stereo. 

Normal domestic speaker 
systems fare even less well. The 
left speaker of your teenager's 
hi-fi mini-system is far too busy 
holding the wardrobe door open 
to worry about stereo imaging, 
even if it weren’t wired up out of 
phase. And it stands to reason 
that your web PC’s speakers have 
to huddle together at one side of 
the monitor to leave space for 
your latté. Furthermore, watching 
any TV from the sweet spot 
between its two built-in speakers 
guarantees eye-strain. Maybe you 
can save the proper stereo 
experience for the kitchen boom 
box, where its bespoke shoulder 
harness will keep you smack 
between the speakers whether 
you’re doing the dishes or 
whipping up a stir fry. Or not. 
(Are you even sure both speakers 
are working? Mine recently 

presented me with a rendition of 
‘Yesterday’ without the strings...) 

Move outside the home and 
the situation is no less dire. 
Consider the inventive speaker 
placements that proprietors of 
shops and eateries use to avoid 
any risk of a stereo image 
intruding on your listening 
experience. Car stereo? If my 
car’s anything to go by, you’d 
need ears on your ankles! But at 
least in these cases you have 
different speakers playing 
different things. What about 
systems that don't even make 
a token stab at stereo? Things 
like telephone hold music and 
the shopping centre and 
supermarket announcement 
systems that claim so many of 
what sinister market-research 
companies probably refer to as 
our ‘total listening hours quota’. 

Is there anywhere you can 
hear stereo? On headphones, 
assuming you’re not sharing your 
ear buds with the person next to 
you. Or in the cinema, if you're 
lucky enough to get the centre 
seats, and assuming you're not 
one of the estimated 4.4 million 
UK residents who, like Brian 
Wilson, suffer from unilateral 
hearing impairment. 

With all this in mind, ask 
yourself how many of your 
audience are going to benefit 
from improved intelligibility 
when you pan your electric 
guitars out of the way of your 
lead vocals. Or how many people 
will be treated to a 'creatively 

About The Author 
Mike Senior's recent SOS features 
include Recording Guitars', ‘Perfect 
Piano' and our ‘Strings' cover 
feature this issue. He also runs 
Cambridge Music Technology 
(www.cambridge-mt.com). offering 
intensive courses focusing on the 
techniques of the world's most 
famous producers. He has two ears, 
but likes to alternate them to reduce 
wear and tear. 

phase-cancelled remix’ of your 
latest track while they browse 
B&Q's bathroom fittings. 

So maybe next time you mix, 
you should try mono instead; 
just remember to switch to 
stereo for a quick compatibility 
check on the off-chance that 
some oddball is actually listening 
that way... E3 

If you would like to air your 
views In this column, please 
send your submissions to 
soundlngoff@soundonsound.com 
or to the postal address listed 
in the front of the magazine. 

Next Month in 
Sound On Sound... 

With its controversial lyrics and pioneering 
production, Frankie Goes To Hollywood's 'Relax' 
became one of the biggest-selling singles of all 
time, despite being banned from the airwaves. 
Engineer Steve Lipson and producer Trevor Horn 
(left) tell the story in April's Classic Tracks. 

April issue on sale Thursday 20th March. Available at WH Smith and all good newsagents. 

Never miss an issue: subscribe at www.soundonsound.com or phone 01954 789888. 

_ * . _ 



Introducing the first of a new Kurzweil generation - the SP2x Stage 
Piano. Building on Kurzweil's legendary keyboards, the SP2x features an 
all-new, exquisitely weighted and balanced keyboard action that genuinely 
responds to the player. The new engine is a palette of 64 core sounds 
for the live player, including remastered versions of Kurzweil's famed 
sumptuous acoustic and digital pianos, lush strings and biting organs. Add 
64-voice polyphony, USB interface, drum machine and an immensely powerful 
effectssectionwith realtime controlandyouhaveanincrediblenewinstrument 
that delivers not only the sound, but also the feel you've been searching for. 

For more information please contact Sound Technology plc on 
01462 480000 or visit www.soundtech.co.uk/kurzweil 

“Coupled with the wonderfully fluid action of the keyboard it felt like 
something approaching piano perfection." PERFORMING MUSICIAN Nov 2007 

SP2x Stage Piano 

KURZWEIL 



R3AL POWER. 
R3ADY TO PLAY. 

The new KORG R3 is a true powerhouse serving up some 
of the fattest analogue synth and vocoder sounds you’ve 
ever heard. And because it comes with a beautifully 
intuitive user interface, you can dive straight in and start 
creating great music. 

The huge range of warm, richly textured sounds is 
generated by the same Multiple Modelling Technology 
featured in the highly acclaimed KORG Radias which 
means even the most demanding analogue freaks are 
going to be totally blown away by the R3. It also comes 
with its own software and USB connectivity so you can 
use your computer to edit, create and store sounds. 

37 full-size, velocity sensing keys make live performance 
a pleasure - you can even tweak the R3’s sounds on the 
fly using proper knobs! And on top of all this there’s the 
incredibly powerful onboard formant-recording vocoder 
to expand the sonic possibilities even further. 

R3. PLAY IT. 
For more information visit www.korg.co.uk/r3 R3~ KORG 




