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Dial M For Avid

| was interested to read that the Avid group
has bought M Audio (News, SOS October
2004). | was suprised that you gave this
event such a glowing write-up (“...it can only
be good news for us”). My limited experience
of Avid is that they make good products, but
they do have a habit of being very
‘corporate’. By this | mean that you have to
use their hardware with their software, and
once you're locked into using their software,
they charge a significantly higher price for
their hardware.
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It's not as though Avid are the only
people in the world to do this, but I'd hate to
see this approach filter down to people like
me who are on a tighter budget at home. For
example, | wouldn't like to think that | had to
buy a Dell PC to unlock all the software
interface options on my soundcard.

Up to this point, M Audio haven't seemed
to have any serious difficulty turning out
innovative and competitively priced
equipment. | will be interested to see what
influence Avid has on them.

Keep up the good work though. | work in
video production and find the technical
writing in your magazine transferable and
very helpful.

Matt Saxey

News Editor David Greeves replies: 2004
was an unprecedented year for buy-outs,
mergers and ‘strategic alliances’, and Avid's
aquisition of M Audio was one of the biggest.
| often come across people complaining that
music-technology companies are too
corporate and commercially minded. It would
be nice to imagine a world where the
hardware and software that we use to make
music was all produced by small companies
who were in business more for the love of it
than for financial gain, and indeed most
companies did start that way. But if the
events of the last year have shown us
anything, it’s that there aren't many
companies like that left.

In terms of the amount of money spent on
home-recording products, the
music-technology market is bigger than ever
before, yet many companies are struggling.
Consider how much it would have cost 10, 15
or 20 years ago to equip your home studio
with the kind of facilities you now have.
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There are more customers now and more
manufacturers, yet profit margins are
arguably narrower. Additional issues like
software piracy squeeze them even further.
Customers want affordable products
which also offer professional features and
are accompanied by comprehensive
after-sales support, bundled software and so
on. Big companies are able to offer these
things, and big companies have a habit of
swallowing up little ones. You may not like
Avid/Digidesign’s approach of tying their
software to their hardware, or their prices,
but then (at least, | assume) those products
aren't really aimed at you. Home-studio users

might have the time to mix and match
software and hardware and tackle any
resulting problems when they arise, but
professional studios don't. They're willing,
and able, to pay for a system which they can
rely on — they can'’t afford not to. This is one
of the reasons you'll find a Pro Tools rig in so
many pro studios, even though their
hardware is far from the cheapest around.
But even Avid/Digidesign, with their many
pro users, offer lower-priced systems such as
M Box and Digi 002, and these can be mixed
and matched with other software packages,
so the company is hardly a stranger to the
more typical market for M Audio products.
Indeed, over the last couple of years,
Digidesign have told us that their more
affordable systems have accounted for a
large portion of their business.

As | said in the original news item, there
has been no suggestion that M Audio’s focus
or approach is set to change, and M Audio
product releases since the takeover seem to
bear that out. While I'm not privy to the
innermost workings of the Avid corporation,
I'm confident that my ‘glowing write-up’ won't
turn out to be wishful thinking.

e = . e
WEM Memories

Thanks for the Isle of White article [SOS
December 2004] — fascinating stuff on the
old WEM PAs. Of course it was nearly all WEM
in the late '60s and early '70s, except for the
odd US band with a JBL system. | have to say
that generally the vocal sound was pretty
good! We have an Audiomaster along with a
100 slave in our ‘museum’ in our warehouse.
Can | point out that, in your picture of the
Canegreen guys on page 98, the person on

Visit the SOS Forums via www.soundonsound.com

Email your queries, comments and tips to: sos.feedback@soundonsound.com
Or post to: Crosstalk, Sound On Sound, Media House, Trafalgar Way,

the left is actually the well-respected Yan
Style, the main man at Canegreen, and not
just one of the "crew'.

Paul Braddock

News Editor David Greeves replies:
Thanks for your kind words, Paul, and our
apologies to Yan!

Emu Easier On The Eye

PC music specialist Martin Walker
writes: Back in PC Notes October 2004, |
mentioned a replacement third-party font
available to Emu soundcard users which
makes some of the legending on the PatchMix
DSP mixer's GUI much easier to read. Its
developer Alex Korn has since asked me to
direct SOS readers to the Unofficial Emu
Forum to find the latest mods and skinning
options provided by various authors,
including himself. If you're not content with
making the font easier to read, you can
download several new skins for the version
1.6 drivers, complete with PowerFX support.
Surf to: www.productionforums.com/emy

e e e )
Roland’s Revolution

The
Japanese
market is
often
portrayed as
a cold,
corporate
and
impersonal
entity. And
yet when
reading your
excellent
history of
Roland (and
Korg a couple of years ago) one realises how,
there too, it's only the sheer determination
and creativity of one individual that has
changed the face (and sound) of music. Well
done for reminding us of this important fact.
lkutaro Kakehashi is up there with the Bob
Moogs of this world.

Daniel Biro

Managing Editor Matt Bell replies: /f
you're interested in finding out more about
Ikutaro Kakehashi’s life and work, |
recommend his autobiographical book |
Believe In Music (ISBN 0634037838). It’s not
strictly chronological and leaps about a fair
bit, but there are some fascinating nuggets
of information in there. E2



...did we mention
we are also the
UK’s No.1

Pro Tools dealer?
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We've been building studio systems around this software since the days
of Creator on the Atari ST in the 80's (in fact, our technical director
was the guy who was building it!), and with the wealth of experience
and knowledge we've gained in the process together with this stunning
new version, there's never been a better time to discuss the purchase
of your Logic based studio with Media Tools.
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Logic Pro 7 is quite possibly the most substantial single upgrade the product has ever undergone. There are
numerous updates to the look and feel of the product, with great touches like the ability to store and load
channel strip settings in the Track Mixer, multiple Autoload songs and a MIDI controller Learn feature. Some
of the new plug-ins are worth the price of the product alone - the highlights include Sculpture - a physical
modelling synth that emulates the vibrational modes of pipes and strings, Ultrabeat - a synth drum machine
featuring FM, analog and sample-playback synthesis, and Linear Phase EQ - surgical EQ with zero phase
distortion! Running on Apple's new powerhouse, the Dual 2.5GHz G5, this represents an incredibly powerful
solution in its own right.

But this has to be the coolest feature of all - CPU limitations can now be a thing of the past, even when
working at the highest bit and sample rates and a stack load of plug-ins! All that is required is the simple
installation of Logic 'Node' software on additional machines connected via Ethernet or Firewire and additional
processing power is yours. Apple's 1U X-Serve machines mean you could quintuple your processing power
in 4U of rack space! Alternatively, make a Powerbook your main machine on the move and add G5
processing back at the studio.

With 24/96 recording and today's track counts often running into three figures, top drive performance has
never been more important, but in the professional environment where costs stack up by the minute, absolute
reliability of the kind that used to come as standard with 2° tape is also essential. By combining both
‘striping’ for dramatically improved performance, and ‘mirroring’ for hot-swappable drive redundancy, Apple's
X-Raid array brings you the best of both worlds, in sizes up to 3.5 Terrabytes! It can also be connected to
multiple computers simultaneously making it perfect for multi-room facilities.

[ an

It used to be that mic 'self-noise’ was the last thing on peopies’ minds when they had all the noise that the
rest of their gear generated to worry about first. Modern ultra-clean recordings highlight the tiniest hiss
though, especially as the tracks build up. AKGs new C414 XLS and XLII (the XLI| has a slight presence peak
for vocals) are superb updates to a classic microphone - full of character and with one of the lowest self-noise
figures around. You still can't plug it straight into your computer though, which is where Focusrite's amazing
new Liquid Channel steps in as the perfect partner. Truly a breakthrough product, the Liquid Channel
combines premium grade analog electronics with convolution technology (think sampled modelling) to
produce breathtakingly realistic emulations of 40 classic mic pre-amps and compressors. Reviewers have
been amazed - and so wil! you!

sales e support e training

in the heart of soho
systems specialists for music & audio post production

020 7692 6611

P www.mediatools.co.uk
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and queries answered

Can | modify my
mixing console?

the signal level post-fader rather then just

a Soundcraft Ghost.
SOS Forum Post

that the channel meters display post-fade

of headroom, and in any case, | would
question why you would need to do this.

that you can check the signal level in a
channel whether or not the fader is open.
Post-fade levels are largely irrelevant,
because if you can hear the main stereo
output, your ears should be telling you
whether everything is OK.

In a desk with groups there are usually

of being overloaded. Normally, the only
post-fade meter is the main stereo output
one.

Soundcraft are usually pretty good about
supplying service manuals and circuit

to work out the feasibility of making the
modifications that you desire.
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The 24-channel Soundcraft Ghost mixing console,
complete with optional meterbridge.

Your technical questions

Is it possible to modify a console’s channels
so that the meters on the meterbridge show

after the insert point? The desk in question is

Technical Editor Hugh Robjohns replies:
It is of course possible to modify a console so

rather than pre-fade levels. However, there
may well be a 10dB internal level difference
to contend with because of the faders' 1048

Generally, channel meters are pre-fade so

pre-fade group meters as well, and these tell
you whether the group buss amps are at risk

As far as the Ghost console is concerned,

diagrams, and from them you should be able

et
|

For more hints, tips and problem-solving visit the
S$0S Discussion Forum via www.soundonsound.com

How do | make up for
poor mic technique?

I recently tracked a female vocalist with a large
dynamic range and horrible mic technique.
After trying lots of the usual compression and
limiting schemes, | have finally resorted to
going through each song and manually editing
the volume profile, to the point of editing
individual words. This is such a pain, and | am
convinced that there has to be a better way to
do this. This is an hourly-paying gig, but there
are limits on my patience, and her pocketbook!
SOS Forum Post

Technical Editor Hugh Robjohns replies:
With a combination of poor vocal and mic
technique you are really in the mire. Levelling
out the signal dynamics is only part of the
problem. When a singer moves around in front
of the mic, it not only varies the signal level,
but also the tonal quality (due to varying
amounts of bass-boosting proximity effect and
the shape of the mic's pickup pattern), and
possibly even the perspective of the signal (the
ratio of direct sound to room sound). Reducing
the excessive signal dynamics by whatever
technique may well simply exacerbate these
other problems.

However, getting back to the dynamics, a
compressor can only react fractionally after
the event, and the transition from the linear
working area to the compressed area will tend
to draw attention to the processsing itself, even
with a soft-knee compressor. I'm assuming we
are talking about rock vocals here, but you
might find you get better results if, rather than
using a 3:1 or 5:1 ratio with a fairly high
threshold, you use a low ratio (1.5:1 or maybe
even 2:1), with a very low threshold. The idea
here is that the entire vocal dynamic is being
compressed all the time, rather than just the
peaks. Using automatic, or
programme:-related, attack and release times if
your compressor has the option will also give
better results than a fixed release-time system.
However, it still won't be great.

Riding the gain manually can produce
better results than a compressor, largely
because you can predict the dynamics and
react in a smoother and more aesthetic
way. It's a skill that takes time and
practice to master, and often a
rehearsal or two to fine-tune. In your
case, as the recording has already
been made (and assuming the
entire dynamic range is clean),
you should be able to use your
DAW automation very
effectively. Play the vocal track
and ride the fader to try to balance the level as

best you can, recording the moves as
automation changes. You can then go back
and edit the automation data to tidy up your
moves, thereby saving a lot of practice time, to
produce the best practical result.

How can | stop audio
dropouts when using
my laptop live?

| have a problem that | am tearing my hair out
trying to fix. | have a 3.2GHz Pentium 4 laptop
with 1GB of RAM, an 80GB 7200rpm Fujitsu
hard drive, Cubase 5X 2.2 and an M Audio
Firewire 410 interface for live use. The basic
arrangement is a few synths, Kontakt and
some effects. | then have everything I'm not
able to play live running as audio files. | trigger
the samples and play the synths with a Roland
MIDI controller keyboard and use a Behringer
BCR2000 MIDI controller to control levels, EQ
and so on. All the audio files that are running
are 24-bit and there’s about 120 of them. The
Cubase song is about 45 minutes long, but
each audio file is generally no longer than
about 5 minutes.

What happens is that I'll be happily playing
a track and the CPU is rumbling along at about
30 percent then suddenly, often seemingly as
a direct result of MIDI input, it jumps up to 100
percent, cuts out the audio for a second and
then returns to normal. Now | have tried
absolutely everything to fix this, but the
problem is stili there. | am now wondering
whether | should re-render all these audio files
in 16-bit. Do you suppose this may be the
culprit?

Any help would be really gratefully
received, as | have a really important gig
coming up and am desperate to get it fixed
before then.

SOS Forum Post

PC music specialist Martin Walker replies:
You've got a capable hard drive there, so

| doubt that it's the cause of the occasional
glitch. However, although you say you have
about 120 24-bit audio files to play back
during this song, you don't tell us the sample
rate or maximum number of files playing back
simultaneously. This is more important, since
it determines the data transfer rate required
— running at a sample rate of 96kHz will
double the requirements compared with
48kHz.

A typical internal 7200rpm drive may be
able to play back up to about 48 24-bit/96kHz
tracks nowadays, although a laptop model
may not manage quite so many. | carried out
some measurements on various laptop,

>
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Why Carillon Recommends S E-MU
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EmulatorX

Legendary sampling
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E-mu’s ‘m’ series cards feature
the very same 24bit/192kHz
convertors as Digidesign’s
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HD systems, providing pristine
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dynamic range

Powerful on-bos I
cards in combination with E-MU
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/our sequencer with absolutely
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E-MU 1212m card & Emulator X
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Studio software
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Steinberg Cubase SL &
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P desktop, and external hard drives back in PC

Notes April 2004 if you're interested in seeing
some more figures (www soundonsound.com/
sos/apr04/articles/pcnotes.htm). However,
assuming you're running at 44.1kHz rather
than 96kHz you ought to be able to manage 48
simultaneous 24-bit/44.1kHz tracks with ease
on your setup.

So, somehow | doubt that the drive
capabilities are letting you down. The cause is
more likely to be a change in the middle of the
song where it suddenly accesses a huge
number of new files simultaneously. This
would place a sudden demand on your drive
that might push it over the edge. Make sure
your drive is defragmented so its read/write
heads are not being called on to jump about
more than is necessary. However, reducing the
bit-depth from 24-bit to 16-bit will instantly
drop the load on your drive by 33 percent, so
this is well worth doing for a live gig where the
difference in audio quality is unlikely to be
noticed.

Another tactic would be to mix down those

tracks that no longer require individual tweaks
during your live performance. If, for instance,
you've got a maximum of 20 or 30
simultaneous tracks playing, but only want to
drop up to half a dozen in or out or tweak their
filter settings in real time as part of your
performance alongside playing in live MIDI
lines, mix all of the others down to a single
stereo track. This will instantly drop your disk
access requirements by a considerable
amount, and at a live gig, reliability is more
important than flexibility. Make a backup of
the original multitrack version first, so you can
always return to it back in the studio for more
tweaks if necessary.

Also, make sure you have the very latest
drivers installed for your M Audio Firewire
410, and while you're checking this on
M Audio’s web site, have a read of their helpful
Knowledge Base (follow the Support link at
www.maudio.co.uk) to see if anything rings
any bells with your particular setup.

| spotted this item in particular: “M-Audio
Testing has been investigating a matter where
certain resource-intensive applications
requiring a heavier disk access can cause the
audio engine to suffer as a result. Whether

using on-board audio or ASIO with M Audio
Firewire interfaces, the results were the same.
If the CPU meter in the application peaked
above 75 percent at any time, the computer
would become unresponsive and audio would
distort causing the application to become
unstable.

“Please be advised that laptops most
commonly have hard drives that are slower
than desktop drives and are used as memory
caches when there is not enough physical RAM
to host the application's needs. A 7200rpm
drive is recommended for multi-channel
recording and playback.”

Now in your case you already have a
7200rpm drive and a healthy 1GB of RAM, and
your CPU mostly remains at 30 percent, but it
does suddenly jump to 100 percent when the
problem occurs, which ties in with this
description. The sudden jump might be caused
by a particular plug-in (read my PC Notes
column from October 2002 for a description of
the infamous P4 denormalisation problem,
which can cause occasional CPU spikes
— www.sowndonseund. com/sos/octld)
articles/penctes ) 002.asp) and you can test
this by temporarily moving the contents of
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your vstplugins folder somewhere safe and
running the song again — if the glitching has
gone, you can systematically move the plug-in
files back while testing playback until the
problem reappears. This may track down the
culprit.

Tweaking your settings for Kontakt may
also help, particularly since you can adjust the
proportion of the sample data being buffered
in RAM rather than streamed from the hard
drive. You're already streaming lots of files for
your audio tracks, so reducing the amount
required for software sampler streaming will
lessen the load on your drive — refer to
Kontakt’s manual for optimisation tips or just
increase its RAM setting a little at a time and
see if it helps.

If you're still having problems after these
various suggestions, try massaging the song
data slightly. Avoid hard quantising where
huge numbers of MIDI, software synth or
sampler notes start simultaneously — try
moving the starts of some of them back
slightly to spread the load on both your CPU
and hard drive. As long as you avoid doing this
with drum or bass parts this is rarely audible
if you're careful.

TIAS
| Valse Classics

2 |

‘t- 9. = @)
ol 8lc |®
022 - 3]

Parametric EQs, like TL Audio's dual-channel EQ2, provide frequency, bandwidth and cut/boost controls for each band.

However, | suspect moving from 24-bit to
16-bit files and pre-mixing some of the tracks
will cure your problem, as it will instantly drop
your hard drive overheads by a huge amount.
Good luck!

What’s the difference
between filtering
and EQ?

Is there any fundamental difference between
filtering and EQ? The filtering I'm particularly
interested in is linear-phase filtering. Could
you explain the theoretical difference between

the two?
$SOS Forum Post

Technical Editor Hugh Robjohns replies:
The difference is largely tied up in terminology.
In conventional terms, ‘EQ’ refers to tonal
equalisation and involves modest cuts or
boosts of amplitude across the frequency
spectrum to technically or subjectively
‘improve’ the signal's frequency response.
Equalisation generally consists of filter stages
that exhibit shelf or bell-shaped slopes,
normally of 6dB per octave and rarely
exceeding 12dB per octave. Simple EQ is
provided with just a cut/boost control for each
frequency band. More complex designs go on
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B to offer adjustable turnover frequencies and
possibly some adjustment of Q or bandwidth
as well. The most flexible form of EQ is
parametric EQ, which provides frequency,
bandwidth and cut/boost controls.

Passive equalisers place the equalisation
circuits either before or after a fixed-gain
amplifier — in which case the amp makes up
for the inherent loss in the EQ circuit,
effectively boosting the frequency range(s)
that haven't been cut. Active equalisers
incorporate the EQ circuitry in the feedback
loop around the amp, which makes its gain
frequency-dependent. This is the more
common approach in modern EQ designs, but
is often claimed to sound inferior.

Filters are generally described as cut-only
devices that are intended to remove some
portion of the frequency spectrum. They come
in three flavours: high-pass, low-pass and
band-pass. Most filters have slopes of 12dB
per octave or higher, with the steepest found
in audio systems generally being 24dB per
octave (although there are steeper versions

for specialist applications). The filter slope is
sometimes designed to incorporate a peak in
the amplitude response immediately prior to
the steep cutoff slope, and this tends to
emphasise the frequency region close to the
cutoff area with a kind of ‘resonance’. If
allowed to resonate excessively the filter will
self-oscillate — in other words, it will
generate a pure tone at a pitch related to the
cutoff frequency — and this is a common
facility found in many synthesizer VCF
sections.

Every filter and EQ has a phase response
which varies in some way relative to the
frequency, just as the amplitude response may
vary relative to frequency. The process of
filtering inherently imposes a small delay, and
this is what creates the phase shift. But the
important thing is how that delay (phase)
varies relative to the frequency. This is the
phase response.

Most analogue audio equalisers and filters
are ‘minimum phase’ designs — the well
known Butterworth filter designs, for example
— where some frequencies experience a
different amount of ‘processing’ delay to
others. The steeper the filter, the worse the

phase-response variations become, which
inherently distorts the waveform shape.

In contrast, a filter with a ‘linear phase’
response provides a constant time delay for all
frequencies. Linear-phase filters are difficult to
create in the analogue domain (the Bessel filter
is the closest, but cannot have a steep slope
between the pass and stop bands), but are
fairly straightforward to achieve in the digital
domain. The anti-aliasing and reconstruction
filters used in most digital converters tend to
employ linear-phase filters to minimise
waveform distortion.

Are my finished
tracks clipping?

| edit completed mixes in Wavelab on my PC
and then normalise them to 0dB and send
them via digital link to an HHB Burnit CD
writer. My problem is that the volume on the
finished CD-R is very quiet when compared
to commercial CDs.

The Burnit does allow you to increase the
digital record level and if you do this it sends
the record meter into the red, but not when
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Most digital recorders, including the HHB Burnit, will indicate overs cause by input gain boosts, but few have
meters sophisticated enough to work out whether a peak-level output sample represents a clipped waveform,

you play it back! I've found that you can
increase the record level by 10dB and this
does get the CD-R volume comparable with
commercial CDs.

I'm confused. Why don't the meters go
into the red on playback when they do on
record? | can't hear any audible distortion
— is any taking place? Is it a safe practice to
increase recordings by 10dB?

John Ablitt

Features Editor Sam Inglis replies: There
are two basic issues here. The first is that
the music on most modern CDs undergoes
heavy processing in order to make it as loud
as possible, usually through multi-band
compression and limiting — and often to the
detriment of the sound quality. If you want to

make your music that loud, the place to do it
is in your mastering program (Wavelab in
this case) using these kinds of tools.

The second, and the reason that the
Burnit will report overs on record but not on
playback, is that it's impossible for any of the
data values coming off a CD to exceed 04BFS,
since that is defined as the highest value that
can be represented in a digital medium such
as compact disc. A waveform that has been
clipped or overloaded on the way in (as
you're doing by raising the level 10d8B) will be
distorted on playback, but it can’t and won't
contain any individual samples higher than
0dBFS. A simple digital meter will just report
the output as peaking at 0dBFS, which is
perfectly ‘legal’. More sophisticated digital
meters can anaylse a signal and work out

where a series of 0dBFS peak samples is
likely to have been caused by waveform
clipping, but | suspect the output meter in
the CD burner is of the former kind.

What you're doing by raising the level
10d8B in the Burnit is, in effect, ‘chopping off
the top 10dB of the dynamic range in your
signal, in such a way that any peaks higher
than -10dBFS in the original signal will be
‘clipped’. How noticeable this is on playback
depends on how loud the music was to start
with, and also on the nature of those peaks
— brief transient peaks such as snare hits
can often be clipped without too much in the
way of obvious distortion. In fact clipping is

often used deliberately in hip-hop records to
create a really punchy drum sound, so it's
not necessarily a no-no.

If you want to raise the level of your
finished tracks, explore the mastering
options which are included in Wavelab or
offered by third-party plug-ins. Craig
Anderton’s recent article on mastering using
a computer, in SOS August 2004
(www.soundonsound.com/sos/aug04,
articles/computermastering.htm) is a good
starting point. E=
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Roland’s affordable new guitar synth incorporates
improved pitch tracking, and comes bundled with the
latest GK-series pickup as standard.

oland are one of the few music
R companies continuing to pursue the

guitar synthesizer as a mainstream
instrument category, which is commendable,
as many guitarists tend to be suspicious
both of the way guitar synths track their
playing and of synthesis itseif. To help woo
these players, the GR20 is Roland's most
affordable and easy-to-use guitar synthesizer
to date, yet it also contains a huge library of
categorised synthesizer sounds stored as
presets that can be adjusted using very few
controls and then stored as user patches if
required. A new all-digital pitch-tracking
system replaces the hybrid analogue
approach used on earlier instruments, and
there’s also a new, more up-to-date hex
pickup called the GK3 that comes bundled
with the GR20.

As ever, a split pickup is an essential part
of the system, as pitch-tracking can only
work on a monophonic source, so each
string has to be treated individually. This
pickup can be fitted to most steel-string
(six-string) guitars, where it must be
mounted as close to the bridge as possible
and spaced from the strings fairly precisely
as described in the setup instructions. Once
this is done, a simple adjustment of
sensitivity to allow for string gauge and
playing style is all that's needed. This
function is deemed so important that it now
has its own button. The string picking
intensity is shown on an LED level meter,
and you simply work through all six strings
adjusting the sensitivity so that the top LED
only comes on when you play hard.

A number of commercial instruments are
available with a GK3 pickup system built in,
and any of these may also be used with the
GR20. Furthermore, a new software revision
allows bass guitars fitted with a Roland GK
pickup system to be used — the special bass
mode is entered by holding down a key
combination while powering up. | didn’t get
a chance to try this myself, as no bass
pickup was supplied, but | saw it
demonstrated recently, and it seemed to
work extremely well with no apparent
tracking or glitching issues.

Compact Stomp-box Casing

The GR20 comes as a distinctively
Roland-styled stomp box with two
footswitches, a pedal, and just a small

handful of knobs and buttons. Depending on
the patch, the pedal is used to adjust volume
or some other variable function, such as
filter frequency. An 11-way rotary switch
selects one of ten categorised sound banks
(strings, brass, wind, synths, and so on) or
the user bank, and each bank typically offers
between 31 and 93 patches. In all there are
over 450 patches based on Roland’s latest
generation of sample-based synthesis, and
these can be further modified using simple
envelope and filter controls, transposition,
and onboard delay, reverb, and chorus
effects. Patch changes based on these few
controls can be saved into the user bank, or
you could utilise the user bank simply as

a means of organising your performance
patches in sequence.

The unit also has the capability to create
a MIDI patch map in order to link external
MIDI effects to specific GR20 patches. By
default, the two footswitches control the
Glide effect and the all-important Hold
function, but they can also be set to
increment or decrement patches if preferred.
However, the two buttons on the pickup
control unit can be used to step through
patches, as can the data knob on the GR20,
50 in most cases it makes sense to leave the
pedals set to Hold and Glide.

As with previous units, the guitar's own
output can be routed via the pickup control
box to save having two cables hanging from
the guitar, and the control box includes
a three-way switch to allow the user to select
guitar only, guitar and synth, or synth only
from the unit. The synth volume can be
adjusted from the pickup control unit.

One sign of cost-cutting is that, once
you've selected a sound bank, the patches
within that bank are displayed only by
number using a two-digit display to the left
of the main data-entry knob. However, the
unit does include a very accurate tuner that
uses the status LEDs above the knobs as
indicators. When the central green LED lights,
the string is in tune. Power comes from an
external PSU unit, and a special multi-pin
cable connects the GK3 pickup to the floor
unit, carrying both the pickup signals and
the guitar signal, provided that you plug the
guitar output into the special guitar input on
the GK3. The guitar signal emerges from
a separate Guitar Qut jack on the GR20,
though there’s also a mix input that can be
used as an effects return if you need to use
external effects. This input can be used to
add other sources, too, such as a backing

track, to your mix. As the unit is designed
for both studio and live performance, there
are two output settings that EQ the synth for
use with a guitar amp or a full-range
PA/recording system. One interesting touch
is that each of the patch category switch
positions ‘remembers’ which preset number
was selected last time you used it, which
could be useful in a performance situation,
though this information vanishes when the
machine is switched off.

Although a huge range of sounds is
included, the floor unit also has MIDI In and
Out connectors, allowing the MIDI data to be
recorded to a sequencer and enabling
sequencer data to control the GR20's internal
sounds. A Local Off mode is available for
sequencer work. It is important to note that
the pitch-bend range of the GR20 is set at 24
semitones to allow the system to cover
string bends and glides with maximum
resolution, so any external synth must also
be set to the same range unless you're only
playing chromatically {no bends).

Sound Editing

Once a patch has been loaded, it can be
edited in a fairly limited way, and unlike the
more costly GR33, you can't layer sounds.
Envelope modifications can be made via
Attack and Release knobs, where the
changes are generally applied to the original
envelope of the patch with both positive and
negative ranges of adjustment. A single
knob selects delay or reverb and enables the
amount to be adjusted, while the chorus
effect has a knob of its own. There's also

a separate knob for the patch level. Two
alternate rows of functions are printed
above the knobs, and each row has

a selector switch with status LED to show
which set of functions is currently being
controlled. Pressing the selector button
repeatedly steps the status LED along the
row to show which parameter will be

Roland GR20

« Affordable, and includes the pickup.
* Easy to operate,
* Good range of presets.

* Limited editing facilities
* No way to layer or velocity-switch sounds

Although technically an entry-level guitar synth,
the GR20 offers a great range of sounds, and
tracks as well as anything else I've tried. You have
to tidy up your playing a bit, but the results are
worth it.
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ROLAND GR20

P changed when the data wheel is turned. The

lower row allows Filter Brightness
(frequency), Resonance, Transpose Value,
and Play Feel to be controlled, while the
upper row accesses system setup functions
such as the output base MIDI channel
(channels run sequentially from the bottom
string, as each string sends on a different
MIDI channel), the switch modes, patch
linking, and choice of output type. Most of
these turn out to be pretty self-explanatory,
and it is a tribute to Roland that the manual
extends to only 33 pages before you hit the
patch lists and MIDI specifications.

Although sound-editing parameters are
important, the real key to getting the best
out of this kind of unit is to understand the
Play Feel and Hold parameters, both of which
are set individually per patch. On other GR
models, you're also able to select whether
the notes play in semitone steps or whether
you can bend notes, but here the choice is
made for you depending on the patch
selected. For example, a grand piano has no
pitch-bend unless you have a very large jack
and a solid floor, so the piano patches tend
to be chromatic!

Play Feel affects the way the sounds
respond to picking intensity, where settings
one to four give progressively less dynamic
range. The fifth setting, ‘ND’, means
everything plays at the same level, so there
are no dynamics, and this may be suitable
for organ patches or harpsichords, which
also have no natural dynamics. A sixth
setting denoted as ‘ST suppresses
low-velocity notes to help tidy up playing
when you're strumming, though fast
strumming is something that no guitar synth
responds to particularly well. Suitable
settings are chosen for the preset patches,
so if you wish to change one, you have to
re-save the modified patch into a user
memory.

Using The Hold Function

The Hold function is the key to effective
performance with a guitar synth, as you can
use it to sustain any chord while you
reposition your hands for the next one,
thereby avoiding gaps and glitches. There
are four Hold modes in all, each one
designed for a specific style of playing. The
first effectively holds any note you play untit
you play a new note on that string, after
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which the new note takes over. This mode is
fantastically effective for playing orchestral
string parts, and the results are more
realistic than anything I've been able to
achieve from a keyboard, as it's easy to
create moving melodies over static notes or
chords played on other strings.

The second Hold mode works more
conventionally, holding any notes that are
playing, while preventing further notes from
being played. This is good for playing clean
organ parts based on chord changes, or for
freezing chords while you noodle over the
top using the normal guitar sound. The third
mode holds the notes that are being played,
while allowing you to play notes on the
remaining strings without them being held.
This is again good for freezing chords and
then noodling over the top, this time playing
melodies on the free strings. The final hold
mode holds all the notes that were playing
when hit the pedal, and also holds
subsequent notes you may play on the
remaining strings.

You can also select which effect or
parameter will be controlled by the pedal,
the choices being volume, filter frequency,
effect level, or various degrees of pitch-bend.
My only concern is that the presets don't

GK3 Pickup System

Although it offers more or less the same features
as Roland's previous GK2 system, and the
pickup part is similar in size and shape, the
GK3's control box has undergone a major re-style
and comes with a bracket that allows it to be
fixed using the body strap peg on most guitars.
Alternatively, double-sided sticky pads work fine,
and plenty of fixing accessories are included.
The box part of the system has the same two
buttons, a three-way selector switch, and a
volume knob, but the layout is a little more
ergonomic than it was previously. The guitar can
be plugged in using the short jack lead supplied,
which has a quarter-inch jack at the pickup end
rather than the previous mini-jack. The mounting
kit for the pickup includes self-adhesive shims
and double-sided pads as well as screws, but
there's now also a little bracket that slots over
two-post bridge supports (Les Paul-style) to hold
the pickup in place without screws or adhesive.
The pickup then screws to this bracket via the
included rubber tube washers or springs that
compress to allow the pickup height adjustment
to be fine-tuned. Note that the pickup is a
humbucking design to help reduce interference

seem to provide visual information as to
which Hold or Play Feel mode is currently
active.

Playability

The synth’s sounds themselves are
reminiscent of Roland's JV/XV range of
instruments, and are arranged into Piano,
Organ/Keyboard, Bass/Guitar, Brass, Wind,
Strings/Qrchestral, Synth/Lead, Voice/Pad,
Ethnic, and Rhythm/Percussion categories.
Many old favourites are in evidence here,
though the patches have been selected with
guitar players in mind. The easiest way to
move through a bank is to use the up/down
buttons on the GK3 pickup control box, or
the data knob on the GR20. It is also worth
pointing out at this stage that the GR20
works equally well with the older CK2 pickup
system, which has the same arrangement of
switches.

The moody sax is particularly good, as
are many of the strings, and there's even
a Mellotron-like string pad in there
somewhere. In fact, the only sounds that
invariably disappoint are those based on
guitars, as they rarely sound anything like
the real thing due to the influence playing
style has on real guitar sounds. On the other
hand, the bass guitars are really good. There
are also some interesting splits, where the
low one or two strings play different sounds
to the others, and this is particularly
effective where a bass sound has been added
on the lower strings along with an octave of
downward transposition. Notably absent,
though, were many (or indeed any)
velocity-switched sounds, so no matter what

from computer monitors and other sources. That
said, in my experience sitting too close to glass
CRT monitors can still cause tracking problems,
even though the result of the interference is not
audible as hum or buzz.




External MIDI

My tests with external MIDI devices
confirmed that the internally generated
sounds respond rather more positively than
external MIDI sounds, mainly because MIDI is
bypassed when the internal sounds are being
used. Nevertheless, the GR20 does provide

a practical way for the guitarist to make
better use of MIDI sequencing, and you can
easily identify and strip out any rogue

you play you always seem to get the
same sound, just louder or quieter
depending on how hard you pick.

| found the playability to be very
similar to that of my GR33, which is to
say that tracking delay is no longer a
significant issue, and the quality of note
recognition is extremely good, even
when you accidentally hit a pinched
harmonic. Where it does fall down
slightly is that notes sometimes re-trigger
at a low velocity when you lift your
fingers from the strings, especially at
lower fret positions, and this is most
obvious with percussive sounds such as
piano. All Roland’s MIDI guitar synths
have suffered from this, so vulnerable
sounds have to be played with extra care,
and here the hold functions can help, as
can damping the strings with your hand
when lifting off from chords. It would be
rather nice if the tracking software
included some intelligent algorithms to
strip out low-velocity hammer-offs to
open strings, as these are almost always
the result of fingering noise.

The easiest sounds to manage are
things like strings that have a slower
attack time, though newcomers to guitar
synthesis sometimes complain that the
sounds can't keep up with them. This
isn't a fault of the synth, but simply the
way different instruments ‘speak’. If you
try to play a fast guitar run on a tuba, it
won't sound right because the natural
attack of a tuba (real or synthesized) is
too slow to permit it. You have to get the
characteristics of the instrument you're
using into your head and try to play
accordingly, and that often means
slowing down, and playing with more
thought. On the whole, fairly clean
players should have no trouble adapting
to the GR20, though more sloppy players
may be able to goad the system into
glitching occasionally.

The Score

With just a little practice, it is easy to get
great-sounding results from this simple
instrument, and because many sounds
respond to string bending, you can apply

low-velocity notes in your sequencer's event
editors. The best way to work is to control six
monophonic synths on six separate MIDI
channels, as this allows independent string
bending (provided that your synth can be set
to a bend range of 24 semitones), but you
can also work in the simpler Poly mode if you
only want to play chromatic parts or single
melody lines with string bending.

much more natural vibrato than would
ever be possible using a keyboard. Sax
and solo string parts can be made to
sound particularly realistic this way, but
| can't emphasise too strongly that
making good use of the hold function is
the real key to creating a convincing
performance where you need sustained
notes. Not every patch is staggeringly
realistic or expressive, but enough of
them are that many people will get by
perfectly well using just the internal
sounds.

While guitar synthesis isn't for
everybody, the GR20 is about as good as
this technology gets, and it is also very
affordable and easy to operate — you can
learn all you need to know in half an
hour. There's no need for guitar players to
worry about the intricacies of synthesis,
because there are so many great presets
ready to go and the tracking is both fast
and accurate provided that you play
reasonably cleanly and get your fingers
down before you pluck, rather than
slightly after. Claims that you don't need
to adapt your playing technique at all are
somewhat exaggerated, but playing
cleanly without ‘digging in’ will avoid
trouble most of the time.

At one time guitar synths were so
expensive that you had to be really
dedicated to want to own one, but now
that the UK price has dropped, and now
that the pickup comes as part of the
package, any guitar player can use the
guitar as an input device for a sequencer
as well using it in the obvious live
synthesis applications. If bad experiences
with earlier guitar synths have put you
off, put all that behind you and give the
GR20 a chance. | think you'll be
impressed. E=
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on test

hen it comes to selecting an audio
W interface for a computer-based

recording system, musicians now
have a bewildering choice. As outlined by
Martin Walker in his November 2004 article
on this very subject, there is something for
almost everyone, whatever the combination
of features required and cash available. For
those seeking multi-channel audio, digital
1/0 and MIDI I/0 in a single device, at the
upper end of the market, the current crop of
products is particularly tempting. For
example, in recent months SOS has looked
at several Firewire-based units including the
Digi 002 Rack, MOTU 828 MkII, RME Fireface
and Yamaha i88X, all of which are very
impressive.

Of course, not everyone can justify
spending £800-plus on an audio interface.
Fortunately, whether PCl, USB or Firewire-
based, there is also a range of mid-priced
products available that are snapping at the
heels of their more expensive peers. Echo
have always had a good reputation in this
particular area, and their Gina, Layla and Mia
devices have all received positive SOS
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Multi-channel PCl Audio &

MIDI Interface For Windows

And Mac 0S

Echo’s range of computer hardware has always been
popular with musicians, and the company have now
launched the ‘third generation’ of their Layla and Gina
multi-channel audio and MIDI interfaces.

reviews in the past. Echo are now shipping
the ‘3G’ (third-generation) versions of the
Gina and Layla, priced at £330 and £430
respectively. So how does the performance
of the Layla 3G, which on paper looks well
specified, compare to its more expensive
competitors?

Quick Tour

In essence, the Layla 3G is a PCl-based
interface with a neat 1U rackmounting
breakout box, offering an eight-in/eight-out
analogue configuration with additional
digital /O (a further eight channels of I/0

using the ADAT connectivity). The front
panel of the breakout box itself is rather
minimalist in appearance, with just a power
LED, two combi XLR/TRS inputs with input
controls and three-stage LED metering, a
phantom power switch and a headphone
output with volume control. The XLR/TRS
inputs are ‘smart’ and will automatically
adjust for a line, mic or high-impedance
input signal. Commendably, Echo provide
a decent 15-foot cable for connecting the
PCl card to the rack unit. This also supplies
power so, thankfully, there is no wall-wart
power supply to deal with.



The rear of the unit contains all the other
connectivity. This includes the other six
balanced analogue inputs, eight balanced
analogue outputs, stereo S/PDIF 1/0 (RCA or
optical) or eight-channel ADAT optical I/0,
word clock connectors and MIDI I/0. One
further interesting feature is the two insert
jacks, which function with the two
front-panel inputs and allow external effects
to be easily patched into these input
channels. The lack of dedicated inserts on
the majority of audio interfaces (and even
many digital mixers) can be frustrating for
those used to their availability on most

analogue desks. Audio interface
manufacturers now seem to be addressing
this — for example, Yamaha's i88X includes
inserts — and it is very welcome to see
them appearing in a mid-priced unit like the
tayla 3G.

As well as the PCl card, breakout box and
cable, Echo also supply a Quick Start Guide
and a single CD. The latter contains all the
drivers (both PC and Mac) and the full
manual as a PDF. Unlike many manuals
supplied with hi-tech computer equipment,
this one is actually helpful. It includes a
range of supplementary information on,
amongst other things, the principles of
digital audio, different driver types and
surround sound. For the less experienced
user, this would make interesting reading.
Also included within the package is Raw
Material Software’s Tracktion MIDI + Audio
sequencer. Now marketed by Mackie,
Tracktion was reviewed in SOS back in April
2003 so, aside from the summary in the
‘Extra Atracktion’ box, interested readers
could refer to the earlier review (available
on-line at

).

Installation of the Layla 3G proceeded
without a hitch. Once the drivers were
installed on the Windows XP test system, the
PCI card was simply slotted home, the
breakout box connected and, on power-up,
the PC found the Layla 3G and the
necessary drivers with little user
intervention required.

Audio Performance

Given the very creditable performance of
Echo’s previous audio products, | was not
surprised to find that the Layla 3G sounded
very good indeed. Some basic listening tests
using a range of commercial recordings, and
performed via Sound Forge and Wavelab,
demonstrated plenty of high-end detail and
solid reproduction of the lows. Stereo
imaging also seemed to be very good.
These subjective comments were
supported by more objective testing with

Specifications Summary

« Eight analogue inputs: two Neutrik Universal
connectors for balanced TRS or XLR and six
balanced TRS connectors.

« 48V phantom power on XLR inputs.

« Eight analogue outputs on balanced TRS
connectors.

« Nominal 1/0 level: +4dBu or -10dBV (software
configurable).

« Converters: 128x oversampling converters,
24-bit data resolution maintained throughout
signal path.

* S/PDIF digital 1/0: up to 24-bit resolution via
optical or co-axial connector.

« ADAT digital 1/0: 24-bit 1/0 over optical

connection, 44.1kHz and 48kHz sample rates
supported.

* MIDI In and Out.

* Word clock 1/0.

* Can sync to MTC (MIDI Time Code).

* Headphone output: high-quality quarter-inch
headphone jack with volume control on front
panel.

« On-board 56-bit, 100MHz Motorola DSP.

* Near zero-latency hardware monitoring.

* Buss-mastering PCI host interface provides
power to breakout box; 3.3V and 5V
compatible.

* Works with PCI-X and Power Mac GS5.

LJOUND 0! E10UND)
Echo Layla 3G

* Very respectable audio performance.

* Builds on Echo’s good reputation for audio and
MIDI products aimed at musicians.

* Sensibly priced.

* Input metering on front panel somewhat basic.
* No hardware control for output level,

Given Echo’s well-earned reputation for their
audio/MIDI interface products, it would be
expected that the ‘third generation’ version of
the Layla ought to do the business straight out
the box. It doesn’t disappoint — with this
combination of features and price, the Layla 3G
ought to have wide appeal.

Rightmark’s Audio Analyser (5.4). Loopback
tests at 16-bit/44.1kHz gave noise levels of
95.8dB(A), total harmonic distortion (THD)
of 0.0011 percent and stereo crosstalk of
98.7dB, all excellent figures. At
24-bit/44.1kHz, these improved further to
-110.2dB(A), 0.0008 percent and 114.6dB
respectively. Again, these are excellent
figures, and the noise and stereo crosstalk
readings only dropped by a couple of dB at
24-bit/96kHz. All other things being equal,
and all other elements of the audio signal
chain being taken due care of, I'd have no
concerns about using the Layla 3G for
serious audio work.

In Use

The Echo Console application is used to
control the main functions of the interface.
The key features of the Console are similar
to those found in earlier versions (for
example, the Indigo 10, reviewed in the April
2004 issue), although the exact details
obviously reflect the particular hardware
configuration of the Layla 3C.

The main screen is dominated by faders
and meters for the eight analogue inputs.
On the surface, this is all quite
straightforward, but as only a single
analogue output buss is displayed within the
Console at any one time and different input
channel monitoring settings are available for
each analogue output buss, things can get a
little more complex. Fortunately, the manual
does a decent job of explaining this and, as
you could use this feature to set up different
input monitoring mixes for each of the
analogue output pairs, it does provide
considerable flexibility. The user can toggle
between the settings for each of the output
busses via the buttons located mid-right of
the window. Immediately above these, the
Input Clock and Digital I/O formats can
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P> be selected.

The settings button opens up further
options, all of which will be familiar to
existing Echo users. These include setting
the S/PDIF format, GSIF buffer size options
(on the PC) and, usefully given the
multi-channel outputs, the ability to set up
channel delays to accommodate a
surround-sound monitoring system.
Conveniently, users can also save and load
particular Console settings if they regularly
use different configurations for different
audio applications or tasks.

Of course, audio quality is not the only
requirement for a good audio/MIDI
interface: driver stability, reliability and low

Layla3G settings : x|

Console | Digitai | 68IF  Surround | About ¢ » |

Left front f——' -ms
Right front -m:
Center front I [
Submeoter  — -ms
Left surround f————— -ms
montsumound [ [Jlrs
Channel 7 [ ——— B
Channel 8 I [

o]

Cancel I

The Settings options include the channel delay screen
for use with a surround monitoring system.
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latency are also required. Again, Echo have
an enviable reputation in this area and the
Layla 3G proved to be no exception. The
performance of the ASIO and WDM drivers
seemed both stable and efficient (I don't
have Gigastudio on my test system, so
couldn't evaluate the GSIF drivers). In both
Cubase SX and Reason, | was able to get
down to a buffer size of 256 samples
(equating to a latency of around 6ms)
without a great deal of CPU sweat even in
a fairly busy arrangement. Lower settings
also worked fine but, of course, generated
higher CPU loads on the test PC and, frankly,
given my keyboard skills (or lack of them!),
I've never been that concerned about the
difference between a 3ms or 6ms latency
when using software synths. Playback and
recording worked as expected within both
Sound Forge and Wavelab. | was also able to
configure both $X and Acid Pro for 5.1
surround sound output without any
difficulty.

In testing, | experienced no problems at
all with the hardware itself. In performing
some routine recording tasks in SX, the
analogue inputs and outputs behaved
exactly as expected. | carried out my usual
solo voice and acoustic guitar recordings via
the front-panel mic preamps using a couple
of different condenser microphones (one
budget, one less so). Starting at 16-bit,
44.1kHz, the results were extremely

Recommended System

Requirements

* PC: Windows Me, 2000 or XP, Intel
Pentium or AMD Athlon CPU, motherboard
with Intel, AMD, Via or NVIDIA chip set,
256MB RAM (512MB recommended).

* Mac: Mac 0S 10.2 or later, G4 or better
processor, 256MB RAM (512MB
recommended).

pleasing — clean and seemingly accurate —
while moving to 24-bit produced a subtle
improvement in the high-end detail. | didn't
notice any obvious further improvement
when moving to a 96kHz sample rate, and
in truth, most people considering an audio
interface in the £400-500 price range are
unlikely to have spent the considerable
sums required on mics, monitors and
acoustic treatment to get a significant
benefit from high sample-rate recording —
but the choice is there if you need it.
Recordings made via the line-level inputs
3-8 were also clean and clear. While they do
not provide phantom power, they would be
perfectly suitable for use with hardware
synths or for multi-mic recordings of a live
band (either using dynamic mics or feeds
from an external mixer).

As on previous Echo products, the Layla
3G drivers support multi-client audio.
Providing you are careful in how you set this
up (and the host computer is powerful
enough), it ought to be perfectly possible to
run several audio applications in tandem,
each using a different set of the Layla 3G's
outputs with a different driver format.
Again, the PDF manual contains some useful
information on this topic, covering common
applications such as Sonar, Gigastudio and
$X. The ASIO 2.0 Direct Monitoring function
of the Echo worked well within $X, making
latency a non-issue when recording real
instruments via a microphone. The inserts
on input channels 1 and 2 also did their job
without a fuss, making it feasible to patch in

Ooh Ah, Just A Little Bit

If the Layla 3G appeals, but you could
manage with a two-in/six-out analogue
configuration, then the Layla’s little sister,
the Gina 3G, might fit the bill. Aside from the
reduced analogue |/0 count and a smaller

balanced TRS or XLR on the front panel. The
only other noticeable differences are the lack
of word clock 1/0 on the Gina and a shorter
(8-foot) cable to link the PCI card with the
breakout box, and the £329 price tag still
makes it a very attractive option.
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Motu All solutions are pre-installed, configured, optimised and fully
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Sennheiser
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TC Electronic
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computer
recording system

ECHO LAYLA 3G

d AlLld U

1 reviewed Tracktion back in the April 2003
Issue of SOS. While the software has
undergone various updates since that time, and
is now available for both Windows and Mac 0S, T &t e
its basic operation remains the same. As N
described in my original review, Tracktion's -
author, Julian Storer, decided to approach the

issue of MIDI and audio sequencing from a very

different perspective to more mainstream T R
applications. As a consequence, those with
experience of Sonar, Cubase or Logic (for
example), might find Tracktion a little left-field
to start with. This said, the intentionally
stripped-down feature set makes for a very
efficient learning curve and it offers a perfectly
functional sequencing environment. Bundled
free here, it ought to be a very welcome
addition for someone just starting out with

\;-.. 34| 21914
computer-based recording. prsey ipboard * 3“ N F -
eort 20 Y e RERES
timecode | click track * 8
snapping *1 tracks  * B wuou
options. automation * m--
Tracktion: not your average MIDI + Audio sequencer! help! SR S0 Tkl I - 22
P> the occasional outboard effect/processor obtained via the Console. Second, | found is most certainly up to Echo’s usual
unit in the absence of a hardware mixer. the lack of a front-panel control for master standards and is capable of very good
Finally, while | was not able to test the ADAT output level to be a bit irritating. This results. It is likely to have fairly wide appeal
1/0 connectivity, the S/PDIF I/0 passed data would, of course, be less of an issue if the amongst the serious home/personal studio
to and from other digital devices in my Layla 3G was permanently wired up to a crowd — while many in this position might
studio without any problem. hardware mixer but, fer those trying to aspire to something like the Digi 002 Rack

The Layla 3G provides eight channels of analogue input and output, plus eight-channel ADAT 1/0

If I had to criticise the Layla 3G, two manage without a mixer, audio levels have or MOTU 828 MKkII, unless the other
things would occur to me. First, the to be controlled via your host application or elements of the studio setup are all as well
three-stage LED front-panel input metering the Console. Given both the price point and specified, it is debatable whether the extra
is perhaps best described as ‘basic’, the unit's audio performance, these are, few hundred quid would generate noticeable
although more detailed information can be however, very minor quibbles. audio improvements for many users. The
. Layla 3G provides a very functional audio
= Conclusions and MID! interface and is backed by Echo’s
; As a PCl-based interface, the Layla 3G strong history in delivering stable and

S - oo may be less appealing than a USB or efficient drivers. At this price point, | expect

€54 sumples % Enable ASI0 20 Diect Morkoing S 3 ' '

~ 128 samples Firewire-based device to those who it to sell very well indeed. E=

@ 25 samgles i S gk might want to adapt to laptop use in the

512 samples T future. However, if you're looking for : :

) ) information
1,024 samples something to slot into a permanent
21048 samples studio setup featuring a desktop PC or
]
4,09 samples ECHO Mac, it certainly has plenty to offer. In
i S cacel | | this context, the only major problem
s with the Layla 3G is that it gives
musicians yet another multi-channel

The usual buffer size settings are available via the Control audio and MID! interface to choose from!
Panel directty from SX. The third generation of the Layla line
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computer hardware/software

Apple ¢

Jpgrade Logic Express or Big Box
to Logic Express 7 for only £69.99

Upgrade Logic Express or Big Box
to Logic Pro 7 for only £499.99

Logic Pro7

NEW

Pro Tools
i

Logic
workstation

in every
store

Digi 002 Rack Factory Bundle

£dv247.comV

Logic Express7 [

]!
Logic Express 7 £dv247.com

LOgiC Pro7 price

crash _ £799.99%

4 Apple
Solution
“ Experts
iBooks
£1439.99 X e
Powerbooks
‘.rprice PowerCore Element
| crash  £329.99V
\

The future has landed with the all-new iIMac G5
Performance is concealed in perfectior with a
gic b dir tical
icl A
] r«v‘

Fireface 800

£999.99V

inside its beautiful widescr naspiay.cxpa
your creative horizons with music, video and
photographic applications, powerful enoug
the professional, fun enough for the family!

Cr

17 12 £918.99 . 63

2 ihz £1348.99 17"1.8Ghz ADAAX AD-16X
PERRT———

£1048.99V Bamr— A £dv247.comV

prices correct at time of going to print ...but we cut prices da
v go to dv247.com for today’s low price! v

north london east london cambridge birmingham education
020 8440 3440 020 8510 1500 01223316 091 0121687 4777 01708 771 950

south london west london southampton bristol email
020 8407 8444 020 8992 5592 023 8023 3444 0117 946 7700 salesedigitalvilage.couk

exportsales@digitalvillage.co.uk

*We will match or beat any genuine quote on identical goods, from any Europear dealer at time of order. Errors and 6missions excepted.



DV XT2 Laptop

Now upgraded with 128Mb ATI 9600
graphics card combined with a massive
17.1 WXGA TFT screen and stunning
resolution of 1440x1900 for picture
perfect viewing.

DV Classic Laptop

The ideal portable solution for pro audio
applications. For complete integration
with today’s hi- performance FireWire
and USB solutions, you need a PC laptop
you can trust.

DV LE Laptop

This is our entry-level laptop with a crystal
clear 15"TFT screen and a Celeron 2.6
CPU making it perfect as a second system
or as a cost effective USB and firewire
interfaces.

add ons
for your

Radium 61 + Reason 2.5

£299.99V

£199.99V

——

= AL

The Le laptop is perfect
for those seeking a cost
effective portable solution
or as a second PC for
mobile applications. The LE
system is fully compatible
with all major usb and
firewire soundcards and
can efficiently handle 16
24 tacks of audio including
effects and VSTi’s.

DJV >
o«

If you require a desktop
replacement but demand
non-compromising
performance, portability
and value for money, our
Classic DV Laptop is the
solution. With the same
power as the Classic DVPC
(powered by Intel Centrino
1.6Ghz CPU and 512Mb
RAM]) theres no problem
running multiple audio
tracks, effects and VSTi's.

l-? 177 XT2

The ultimate in a desktop
replacement system with
a massive, high definition
17.3"TFT screen/ATI 9600,
128Mb RAM, the XT2 has
the same power as our
desktop equivalent and
can handle intensive audio
/video editing with ease. At
this level of performance,
there is no alternative

for price, portability and
power.

15" Classic

PC Rack

A silent and professional
rack solution. It features
special anti vibration
dampers on the hard
drive, a cd-rom cage, tank
like construction and
utilisation of the quietest
power supply available.
The DVPC Rack is ideal for
studio users and musician
at all fevels, or as a basis for
mobile-racked studio.

low price

2.6GHz Intel* Celeron
151" XGA TFT

30Gb ATA-IV Storage
512Mb DDR RAM

24/12/24 CORW/DVD ROM

56kb Modem

from £799.99V

new system

1.6GHz Centrino Dothan
15.4" XGA TFT Widescreen
40Gb ATA-IV Storage
512Mb DDR RAM

24/12/24 CDRW/DVD ROM

ATI M11 128Mb Graphics

wn £1099.99V

new specification
3.2GHz intel® Pentium
now 800 FSBus

171" WXGA TFT

60Gb ATA-IV Storage
512Mb DDR 400 RAM
24/12/24 CD-RW/DVD-RW
AT 128Mb Graphics

wom £1399.99'V

DVPC LE Rack
from £529.99

DV PC Classic
from £689.99

DVPC XT Rack
from £889.99

from £529.997

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

east london
10 High Road
Chadwell Heath
Essex

RM6 6PR

02085101500

north london
141 High Street
Barnet

Hertfordshire

ENS 5UZ

020 8440 3440

talk to the
experts

south london
562 Brighton Road
South Croydon
Surrey

CR2 6AW

020 8407 8444

We will match or beat any genuine quote on identical goodS,*rom any European dealer at time of order. Errors and omissions excepted.

west london
14 The Broadway
Gunnersbury Lane
London

W3 8HR

020 89925592



dv pc desktop systems

Cubsse sx 3

Thase offers are are valid only
when purchased with a DVPC
system. Neither product can
be bought separately at this
price

cambridge
86 Mill Road
Cambridge
Cambridgeshire
CB1 2AS

01223 316091

‘—:.:;::' §w'}'-l-' . : ‘.

’

add ons
for your

Steinberg SL3
£169.99
very limited stock!!

Steinberg SX3

dvpc“—

DVPCIS are

built with music
in mind.

Our team of
highly trained and
experienced in-
house technicians
configures your
operating system
whilst remaining
constantly on the
cutting edge of
PC music software
and hardware
compatibility. Add
this to ultra-quiet,
and industry
lauded power

supplies, and you are
ensured a fully working and

individually configured system
straight out of the box.

With a DVPC you can get
on with making music...
FAST and stress free!

M-Audio Audiophile

£58.99V

Echo Mia MIDI

£79.99V

L2 ecie

The LE system is ideal for
those looking for a second
DVPC or an affordable
start in computer-based
recording. Our DVPC LE

is a powerful and flexible
solution and when
paired, for example, with
an Audiophile card, it

can comfortably run 24
audio tracks at 24 bit/96k
utilising numerous effects
and VST instruments.

9 PC Classic

For customers who
demand professional
results from a PC, the
Classic is a quiet, powerful
and stable choice as it
incorporates Intel’s 865PE
motherboard (making it
future proof for upgrades).
At a starting price of
£599.99, we believe this

is the best-priced digital
audio recording studio
available today.

% PC XT2

The class-leading system
capable of handling the
most demanding of audio
processing tasks.With
increasingly complex
virtual instruments and the
demands of high-speed
sample rates, you'll need as
much processing power as
possible. The XT2 system
delivers this power and

is the ultimate PC based
recording studio.

:} PCXTV

This is our class-leading
system for customers
who need professional
results from a PC.The XTV
is quiet, powerful, stable
and capable of handling
the most demanding of
video processing tasks. At
a starting price of £899.99
we believe this is the best
priced PC based video
editing system available
today.

new low price

2.6 Ghz Intel® Celeron
Intel® 845PE-L Chipset
80 Gb ATA100 storage
512Mb 400DDR RAM
52/32/52 CD-RW

64Mb Graphics Card

from £449.QQV

new specification
3Ghz tntel® Pentium
Intel® 865PE-L Chipset
80 Gb ATA100 storage
512Mb 400DDR RAM
52/32/52 CD-RW
Dual-Head ATI Graphics

from £ 5 99.99 v

new specification
8xDual DVD-R/CD-RW
3.2Ghz Intel® Pentium
Intel® 865PE-L Chipset
120Gb ATA150 storage
1Gb Dual 400DDR RAM

Dual-Head ATI Graphics

from £799.9QV

3.2Ghz Intel® P4

intel® 865PE-L Chipset
1x80Gb ATA100 Storage
1x120Gb ATA150 Storage
1Gb Dual 400DDR RAM
DVD-RW/CD-RW

256Mb Dual-Head ATI

from £899.99V

we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v

southampton
Unit3

Kingsgate Centre
Southampton

S014 INR

023 80233444

birmingham

Unit 2

Dakota Buildings

James St

Binmingham B3 1SD
01216874777

bristol

21 The Mall
Clifton Village

Bristol
BS8 4G

0117 946 7700

education

01708 771 950

email

sales@digitalvillage.co.uk
exportsales@digitalvilage.co.uk




\ "4 Sonar 2005 Tour.
> | f“{ A, A0 Check dv247.com for
e details workstation
in every
store

Trilogy

£169.99V

Adrenaline

£79.99V

Sonar 4 Studio £178.99

Autotune V4

pnce Sonar 4 Producer
crash  £339.99¥

QLSO Platinum

£1899.99V

StOfm Cﬁeck dv247.com for full listings of Sonik Capsules Sonik Capsules

£79.99 . ¥

Ableton
v ] > J B workstation
< e Y =k — = = in ever
Propellerhead = Store”

workstation
in every
store

Resi-Time Kusic Productlon for Hac 05 and Windows " el
—

Reason 2.5

£185.99V

s correct at time of going to print ...but we.
v go to dv247.com for today’s low price! v

north london east london south london west london
td | k to the 141 High Street 10 High Road 562 Brighton Road 14 The Broadway
Barnet Chadwell Heath South Croydon Gunnersbury Lane

Hertfordshire Essex Surre: London
deal makers ENS 5UZ RM6 6PR CR2 6AW W3 8HR
020 8440 3440 020 85101500 0208407 8444 020 89925592

*We will match or beat any genuin2 quote or identical goods, from any European dealer at time-of order. Errors and omissions excepted.




computer software

Stainbarg

Cubase sx 3

Cubase SX 3 £499.99

. Ry |
- 7,1 :
o priee

Xpress Keyboards

£59.99V

exclusive

PR LS P

Musicians Bundle 1
£199.99
Musicians Bundle 2
WAVES £199.99
w Buy together for
il Nat:vep g £299.99
- wer rPac
Warp £29.99 o e
L p\ri\ce Native Power Pack
Bl crash  £299.99W
Hyper
Hypersc XX
Nuendo
Nuen urr
tudi a Vi
e
rak }) Stud

£ 94.9¢

Cubase SL 3 2

Cubase SL 3

L‘MM‘&L SoundSoap Pro £399.99

o,
BN

pro-audio re_s.orayon

Vocaloid Lola

£109.99V

u'r

audio

editing. .

DeckLE £7999 Peak 4
we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v

cambridge southampton birmingham bristol education
86 Mill Road Unit 3 Unit 2 PARL AL 01708 771950
Cambridge Kingsgate Centre Dakota Buildings Clifton Village

Cambridgeshire Southampton James St Bristol ema il

CB1 2AS 5014 INR Birmingham B3 1SD BS8 4JG

sales@digitalvillage.co.uk
01223 316091 023 80233444 01216874777 0117 946 7700 exportsales@digitalvillage.co.uk
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Turn your music making into
multimedia with these DV
Video add-ons.Call DV stores
@ Southampton, Cambridge, ]
Birmingham & Bristol ‘

ftime DV output and MPEG-2 video editing
card with Adobe Premiere Pro, Encore DVD,
Audition software.

Matrox RT X100 Xtreme Pro
Suite

RTX 10 Suite £489.99 Buy PCR1 D
RTX100 X Pro Steinberg SE was £340 now £219.99 pr|ce

Steinberg SL3** was £510 now £339.99 CraSh
Steinberg SX3~ was £800 now £569.99 £149.99V

*
Includes : DV Storm 2, Storm Bay, Edius 2.5, Ed | rOI
Adobe Premiere Pro, Encore DVD & Audition Workstation

in every
Prod. Suite £657 StO I’e

ProCoder £ 349.96

Edius 2 £399.99

Lets Edit £98.99

Lets Edit RT £228.99

Visual FX Suite £257.99
Canopus ADVC110 + Adobe
Bundle £dv247 com

DV Storm 2 Pro Ultra Bundle

£937.99V

Final Cut Pro £698.99

Edirol PCR 50 £149.99
Includes: Final Cut Express 2 £193.9¢

Final Cut Pro HD, D 8 e

DVD Studio Pro, - TR e Buy PCR 50 @ URS0 £199.99

. Motion H H Steinbe: E was £310 £214.99 S
Production Suite ~ Steinberg SE was £310 now URB8O + Project 5 £209.99

Steinberg 513" was £429 now £329.99

£898.99' 5“;'"""’4 X3** was £719 now £559.99 "
SONY. :

ACIO Pro 5 £299.99

The latest weruon of the classic DJ

reducer softwane which features 5.1
urround mising. piano roll editing

» Intuitive interface

« High-quality transitions, filters
credit rolls & text animations

« Create sophisticated
composites

* Real-time pre-viewing of

ffects and transitions

+ Advanced colour correction

« 24-bit’96kHz audio support
plus effects, automation & 5.1

it P62 support and includes
¢ 20 Dirgct X plug-ins

A e St

AT Movie Studio OVD Vegas+DVD
gt !

ACID Music Studio £
CD Archizect £18
S¢Forge Audic Std
Vision(for Vegas)

Sound Forge 7 £299.99 Movie Studbo+DVD £99.99 Vegas+DVD £649.99
Award-winning digital audio editor The 3 flagship applications from Sony boast versatile and powerfu!
Bl that includes a powerful set of audio video editing tools for your PC.Vegas 5 enables professional video Ve as S
processes, tools, and effects for and audio preduction and Vegas 5 + DVD adds DVD architect.a g

recerding and manipulating audio. feature rich CVD authoring suite
£459.99V

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

sound Forge

north london east london south london west london

Ik th 141 High Street 10 High Road 562 Brighton Road 14 The Broadway
ta tO e Barnet Chadwell Heath South Croydon Gunnersbury Lane

Hertfordshire Essex Surrey tondon
experts EN5 5UZ RM6 6PR CR2 6AW W3 8HR
020 8440 3440 02085101500 020 8407 8444 020 89925592

*We will match or beat any genuine quote en identical goods, “rorr any European dealer at time of order. Errors and omissions excepted.




computer hardware/controllers

1P — TTTIe {\%ﬁ* '

Radium 49 £115.99

Buy Radium 49 @

was £259 now £169.99
was £429 now £299.99
was £ £529.99
was £548 now £419.99

Oxygen 8 £69.99 was £4 /£259.99

- price Phase 22
crash ¢£65 99V

Buy Oxygen 8 @

teinberg SE was £230 now £139.99 M-Audio
Steinberg St was £400 now £259.99 workstation
Steinberg SX3** was £690 now £529.99 o
Cakewalk Sonar Producer was £620 now £379.99 in every
Cakewalk Sonar Studio for was £390 now £219.99 Store 3

£449

Radium 61 and Reason 2.5 £299.99
Buy Radium 61 and Reason 2.5

e S was £755 o £448.99 price ool
! £699.99 ; CraSh £119.99V

Keystation 88 @

was £510 now £369.99
was £680 now £509.99
/as £9 ow £699.99
W, F vas £799 now £589.99

> was £67( £449.99
—

FW1884

Ke)-/station 88 £323.99 ;: B £899.99V

+Quick and easy Function buttons

:!‘rju‘l'epwndenl L;I;.xmrw[(qsfmgnh MK 449 C ;/SILZOZO
-R:;‘l?ivrfgfl(!lspﬁay o m exciusive £7109.99V
we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v

cambridge southampton birmingham bristol education
86 Mill Road Unit 3 Unit 2 21 The Mall 01708 771 950
Cambridge Kingsgate Centre Dakota Buildings Clifton Village

Cambridgeshire Southampton James St Bristol email

CB1 2AS S014 1NR Birmingham B3 15D 858 4JG

01223 316091 023 80233444 0121 6874777 0117 946 7700 sl eddiEiigge co. ik

exportsales@digitalvillage.co.uk

Purchase SL2/5X2 with free upgrade 1o SL3/5X3.
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computer hardware/controllers

BEHRINGER

B-Control Fader BCF2000
Total Recall USB/MIDI Controller Desk with
8 Motorised Faders

The USB compatible BCF2000 is an innovative, hands-on control surface with
ultra-precise motorized faders for the uitimate control of virtual mixers, organ
drawbars, synths and samplers. The BCF2000 features full MIDI capability so
you can adjust, set and tweak with a myriad of functions. It's like having real
knobs and faders for every control on the screen!

BCF2000
£156.99V

B-Control Rotary BCR2000
Total Recall USB/MIDI Controller Desk with 32
Hluminated Rotary Encoders

The USB compatible BCR2000 is an innovative, hands-on control surface
with full MIDI capability and an additional 24 endless rotary encoders for
the creative manipulation of virtual mixers, organ-drawbars, synths and
samplers. You can assign a dedicated knob or key to your most frequently
used functions, make edits without touching the mouse and tweak “front
panel” settings by simply turning a kncb. With the BCR2000, you'll spend
less time clicking around and more time enjoying your music!

B-Control Audio BCA2000

High Speed USB 2 Multi-Channel Control Interface
with ADAT® Support, Surround Outputs and
Extensive Monitor Control Section

The BCA2000 is a high-speed USB 2.0 muiti-channel audio MIDI control
interface that raises your performance bar to a whole new level. Get real
‘hands-on’ control with the intuitive control surface featuring 100-mm faders
for audio/MIDI sequencing, and a high-performance analogue input section
with state-of-the-art “Invisible” Mic Preamps, plus line and Hi-Z guitar inputs,
Combine this with its versatile digital input and output (including Surround

capability) and you have an unlimited array of interfacing capabilities

Pick the B-CONTROL that matches your BEFRLL
software (Cubase®, Cakewalk®, Logic Audio®) m
or cascade the controls together for the

ultimate workstation. BEHRINGER

JUST LISTEN.

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

north london east london cambridge birmingham education
020 8440 3440 0208510 1500 01223316 091 0121687 4777 01708 771 950

south london west london southampton bristol email
020 8407 8444 020 8992 5592 023 8023 3444 0117 946 7700 salesedigitalvillage couk

exportsales@digitalvillage.co.uk
*We will match or beat any genuine quote on identical goods, from any European deater at time of order. Errotsiaitd omissions excepted.




competition

Win Korg ESXT & Legacy

Collection worth £1000

electronic instrument design for

over four decades now, and this
month they are giving SOS readers the
chance to win a prize that combines
classic Korg synthesis with their very
latest technology.

The prize consists of two parts — the — : s
Korg Legacy Collection software bundle . . - - @ 8 8 s

K org have been at the forefront of

or ESX1, is part of the latest generation
of Korg's Electribe family. A heavily
updated version of the ES1, the ESX1 has
an all-metal case, expanded sample
memory and a backlit LCD. As well as
being a fully functioning sampler it
features a 16-step pattern sequencer,

a wide selection of editable effects, an

e T .mm—w-—-—--— arpeggiator and the option to route the
and MS20 controller worth £399, and |g “ " o : n B !J ﬂ Q u E n - outputs through two inbuilt
the Korg Electribe SX Music Production = o — G Electro-harmonix valves for ‘analogue

Sampler worth £599. The Legacy ‘ 4 B.08
Collection recreates some of Korg's
best-loved synthesizers using a process
they have named Component Modelling
Technology (CMT), which involves
modelling individual components to
create a convincingly realistic emulation
of the original synth. The Legacy
Collection offers 32-voice polyphonic
recreations of the Korg Polysix and
MS20 analogue synthesizers and the
Wavestation Advanced Vector
Synthesizer, and also features Korg's
Legacy Cell software which allows you to
mix synth voices and add effects. As if
this wasn't enough, Korg have also
included a USB controller in the form of a

warmth’, As with previous Electribes, the

ESX1 offers a tactile, easy-to-use

interface and a straightforward and
direct approach to making music. The
ESX1 was reviewed in full in the March
2004 issue of Sound On Sound and can
be read at www.soundonsound.com/sos/
marQ4/articles/korgesx1.htm.

If you would like the chance to win
Korg's prize, simply fill out the entry form
at the bottom of this page and post it to

the address on the coupon. Alternatively,
you can enter via the electronic form on 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 daytime

minature MS20, complete with working running Mac OS X or Windows XP. You can telephone number. The closing date for
keyboard, knobs and patchbay. The software read Gordon Reid’s extensive review of the entries is the 28th February 2005. E=2
works in ‘stand-alone’ mode but can also be Legacy Collection in the June, July and Prize Kindly donated by Korg UK

used as a Direct X, Audio Units or VST August 2004 issues of Sound On Sound. Il Ssrochure Line +44 (0)1908 857130.
plug-in, and is available for computers The Electribe SX Music Production Sampler, B3 www.korg.co.uk
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Al Kooper

As a musician, Al Kooper became Bob Dylan’s
sideman and went on to fuse soul and jazz.
As a producer, he invented the supergroup,
and as an A&R man he brought Southern rock

to the world.

wings of a stage somewhere in Middle

America in the midst of one of
notorious D) and impresario Alan Freed's
travelling rock & roll extravaganzas,
watching an argument between Jerry Lee
Lewis and Chuck Berry unfold. “They were
arguing over who was going to close the
show,” says Kooper, who was then 14 years
old, playing guitar in a New Jersey band
called the Royal Teens who had scored a hit
in the summer of 1958 with a novelty ditty
called ‘Short Shorts’.

Lewis apparently lost the row, but before
he closed his set he squirted the piano with
lighter fluid and tossed a match on it.
Walking off stage as the Steinway went up in
smoke, Kooper was there as Lewis passed a
fuming, flabbergasted Chuck Berry and spat
out ‘Follow that!, coupled with a racial
epithet that was not out of character for
a southern redneck in the late 1950s.

What a nice Jewish boy from Brooklyn
was doing in a situation like that was
getting a first-hand education in a music
business that was on the brink of becoming
an industry. Kooper would become one of

A | Kooper remembers standing in the

the more ubiquitous cogs in
that machine, showing up, like
some kind of long-haired Zelig,
at critical moments. He just
happened to be there, in 1965,
when Bob Dylan was cutting
Highway 61 Revisited in
Columbia Studios in Manhattan,
and when the producer wasn't
looking, sat down at the
Hammond B3 and played the
organ riff to ‘Like A Rolling
Stone'. Or else he simply made
his own contribution to musical
Darwinism when he decided
that a bar band with a barely
pronounceable name in a divey
club in the dowtown tourist
strip might have a hit with
a song called ‘Free Bird'.
Kooper pretty much made
his own luck throughout
a career that included joining a band called
the Blues Project, perhaps America's sole
useful response at a time when john Mayall
and the Bluesbreakers were tidily
repackaging American blues and shipping it
back across the Atlantic to an audience of
youths who would spend the better part of
their lives thinking that Eric Clapton and

Jack Bruce wrote ‘Crossroads’. At a time
when horn sections on pop records were
either of the Frank Sinatra or James Brown
variety, Kooper was imagining how they
might sound if Maynard Ferguson got his
DNA trapped inside a Marshall stack, which
resulted in Blood, Sweat & Tears'’ first album,
Child Is Father To The Man. Kooper

A Poor Substitute

You could say that Al Kooper has
embraced home recording, but it
might be more accurate to say he's
had it foist upon him. He's adept at
working MOTU's Digital Performer
sequencer, and has moved from
hardware gear into the Waves plug-in
bundles he now uses (although he
still clings to his Alesis Masterlink
9600 as a CD burner). But he misses
the studios he used to haunt, like the
Record Plant in Los Angeles, where

John Lennon would occasionally stop
by during a mix. “I liked being able to
choose rooms according to the
project,” he says. “Skynyrd sounded
great in a big room in Atlanta, but the
small Record Plant Studio B was
perfect for Skynyrd and the Tubes as
well. And | miss how the studio
owners could differentiate a studio
solely on the basis of a service
philosophy, not just equipment.”

He stays up on formats and is
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a big proponent of SACD’s DSD
technology. He has remixed Super
Session and Child Is Father To The
Man in 5.1 for Sony Music, though
the releases are still pending. “For
the most part, | thought 5.1 mixes on
DVD-A were too conservatively mixed,
and there was no adventure or daring
use of the space provided. They just
sounded like stereo mixes on HDTV.

| went berserk on Child Is Father To
The Man — guitars flying over your

head like helicopters in Apocalypse
Now. A string section divided into
four sections filling the entire room,
stuff like that. Hell, stereo only gives
you a 180-degree playing field while
5.1 gives you 360 degrees plus
height. If you use that space
propitiously, one can hear the little
nuances of each instrument
gratuitously. As a fan, | want to hear
the envelope being pushed on 5.1
mixes, so that is what | did."”



produced major hits with oddball bands like
the bizarrely theatrical Tubes, whose White
Punks On Dope put a tongue in the cheek
alongside the safety pin, as well as quieter
but equally enduring gems, like Nils
Lofgren’s Cry Tough in 1976 and Marshall
Chapman’s 1978 jaded Virgin; and took the
UK's David Essex down an unfamiliar road
with Be-Bop The Future.

Kooper did all this while releasing the
occasional solo record, such as / Stand
Alone. Even when he wasn't looking,
musicians paid homage, such as when the
Beastie Boys sampled his song ‘Flute Thing’
on their five-times-platinum //
Communication. A survey in Hip Hop
magazine noted Kooper as the only artist
sampled by all of the top producers polled.
He's a musician’s musician, which partly
explains his relative anonymity outside of
the universe of players and aficionados. His
work, though, speaks quite ably for itself.

Ukelele Man

Kooper could play piano at the age of six
with barely a lesson. He was playing the
ukelele at summer camp when an older boy
mentioned that by learning two more strings
he could join a rock & rofl band as a
guitarist. This was serendipitous since, by
the time he was 14, in 1958, the music
culture was poised to switch from
saxophones and hair pomades to embrace
the Stratocaster as its icon. New Jersey
group the Royal Teens were a revolving
bunch, with the oldest members, at 16 years
old, still subject to the whims of high school
and parental control. Kooper was on the
merry-go-round at the right time, when the
band had a top five hit with ‘Short Shorts’.
The band joined the seemingly endless
cavalcades of touring shows put together by
Alan Freed and Dick Clark. “l was still in high
school, so | would tell my parents that | was
gong over to a friend's house for the
weekend,” Kooper says. “Meanwhile, what
| was doing was going to New England to
play four shows.”

in between short-term jobs including
waitering at a pizza parlour and clerking at
a department store, Kooper developed
a nascent songwriting talent. He hung
around 1650 Broadway in Manhattan — not
the more famous Brill Building, three blocks
south at 1619 Broadway, where only the
ghosts of the old Tin Pan Alley still lurked.
1650 was the focus of the emerging pop
music business, where Don Kirschner was
building a publishing empire and writers like
Carole King, Barry Mann and Cynthia Weill
were churning out hit singles. Kooper got
a job as an assistant engineer at Adelphi
Sound Studios, a demo mill on the seventh
floor.

“As an assistant, all | did all day was cut
acetates of other people's sessions,” Kooper
recalls. “But at night after the studio closed,
I got to engineer some sessions. The first
session | ever did was a radio station promo
spot for Dionne Warwick. | was so excited
because | was really a fan of hers. The first
words | ever recorded were ‘This is Dionne

2

Kooper with Bob Dylan in 196s.

Warwick and you're listening to W-A-B
whatever-station-it-was.’ The studios had
handmade consoles with large rotary knobs
in place of faders. Most places were mono;
a few were three-track.”

West 53rd Street Revisited

Kooper began to meet people who would
play a role in his future career, including
Columbia staff producer Tom Wilson and
guitarist Mike Bloomfield, whom he would
later build the Super Session album around.
Wilson recorded some of Kooper's songs
with various artists and used him as
a guitarist on some sessions. (The idea of
engineering sessions held little allure for
him after just a few months at the studio.
Even today in his home studio, Kooper
scowls at having to record his own parts.)
In 1965, Wilson invited Kooper to watch
one of the producer's sessions for Bob
Dylan's Highway 61 Revisited, at the
Columbia Studios on West 53rd Street in
Manhattan. “It was the first time | saw Mike
Bloomfield play,” Kooper remembers. “Dylan
sessions were a little chaotic, and | was 21
and very ambitious. | was listening to ‘Like
A Rolling Stone’ being rehearsed by the

band and | suggested me playing an organ
part. Tom said ‘You're a guitar player, not an
organ player.’ Then he went to take a phone
call and | thought to myself ‘Well, he didn't
say no.' So | went out into the studio and sat
down at the organ. Then Tom comes back
into the room. He says ‘What are you doing
out there?' | nervously laughed, and Tom let

me stay. The next take was the keeper.”

The rest, as they say, is history; in
Kooper's case, it was but Chapter Two. “The
Dylan sessions changed everything,” he
says. “Suddenly, I'm a keyboard player, I'm
getting session work and no longer living
the precarious existence of a songwriter,
and I'm in Bob’'s circle. He'd call up and say
‘We're all going to dinner,’ and I'd say
‘Where?' and just go. It kind of inoculated
me to fame, because every night with him
you'd be around famous people. | just shut
up and took all of it in. | was a willing
student.”

Interestingly, the next Dylan record was
the opposite of the chaotic Manhattan
sessions. When Dylan went to Nashville to
record Blonde On Blonde in 1966, Kooper
was there, as well. Producer Bob Johnston
coupled the New York session player with
seasoned Nashville A-team players like
Charlie Daniels, Charlie McCoy, Joe South
and the late Kenny Buttrey. Kooper’s
usefulness to Dylan increased. “Bob had
a piano in the hotel room, but in the days
before cassette recorders, he would teach
me the chords and 'd play them over and
over while he wrote the lyrics,” says Kooper.
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P “l was his human tape recorder. By the end

of the day | knew the songs intimately. ! toid
Bob ‘Why not come to the session an hour
later than you normally would? | would
teach the band the songs for the sessions
each night. The sessions were at the old
Columbia Studios on Music Row. Kris
Kristofferson claimed he was the janitor
there then. He could have been, but | never
noticed him.”

Turning Blue

The Blues Project was put together by
guitarist Danny Kalb. Producer Tom Wilson
calted Kooper to play on their audition
session for Columbia Records. Joining Kalb
were Steve Katz, Andy Kulberg, Roy
Blumenfeld and short-lived vocalist Tommy
Flanders. “He didn't have a chance —
everyone in the band was Jewish except
him,"” Kooper deadpans. Kooper was asked
to join the band, which he viewed as

a chance to improve his keyboard chops.
“Living in New York at that time, you didn't
get to hear a lot of blues. You knew the
crossover stuff, like immy Reed and John
Lee Hooker. So | got quite an education at
the hands of Danny Kalb and his record
player.”

The Blues Project made three records, the
first and last of which were live albums.
Kooper considers all of them ‘poorly
recorded’ — “Steve'’s harmonica on Live At
The Café A Go Go sounds like a duck call,”
he snorts. “The second album, recorded at
Olmstead Sound, has a lot of weird echo on
it, and that was our best recording.” He
speculates that Wilson, who was also
producing the Animals at the time, was
simply slotting the Blues Project sessions
into cancellations from other projects, as
though they were an afterthought. “We'd do
three-quarters of an album in one session
and then they'd call us a week later and tell
us to come down now and finish it,” he
recalls. “It was frustrating because we'd hear
records our friends were making and they
would sound amazing and ours didn’t.
| talked with John Sebastian [of the Lovin'
Spoonful] and asked how long he spent on
‘Do You Believe In Magic’ and he told me two
days. We were getting 15 minutes.”

Experiences such as these
understandably prompted Kooper to want
more control over records he was involved
in. When he split with the Blues Project over
his desire to put horns on his new
compositions, the opportunity arose. The
result would be Blood Sweat & Tears. “l was
a slavish groupie of Maynard Ferguson’s
band during his 1960 to 1964 period,” he
says. “Ellington and Basie escaped me, but
Maynard was as close to rock & roll as jazz
could come. His horn parts would put a dent
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Primarily a guitarist, Al Kooper grabbed the opportunity to play Hammond on Bob Dylan’s ‘Like A Rolling Stone’,
and thereafter established himself as a session keyboard player.

in your shirt at 20 yards.”

In 1967, Kooper went into Columbia
Studios, by then moved over to East 52nd
Street, with producer John Simon and began
work on Child Is Father To The Man. Kooper
says Simon’s production methodology
would come to define his own: “We would
go in and record everything to mono or
two-track, like a demo. Then John would
take those tapes and digest them, rewriting
some of the arrangements. | learned how
important that kind of pre-production is to
a record. Not just rehearsal, but hearing the
songs in their basic form and having time to
reconsider them.”

Kooper left the band after touring in
support of the first album, but it marked a
turning point in his career. He took an A&R
position at Columbia — a sort of graduate
school for him. His first production would
allow him to work with Mike Bloomfield
again on a project, one that would put the
jazz-based notion of the jam session
squarely into the mainstream of rock.

Kooper and Bloomfield had led
remarkably parailel careers. “We both went
from Dylan to a blues band to a horn band,
and we were both thrown out of horn
bands,"” he says. What would become Super
Session was a group of players that Kooper
assembled — Bloomfield, Harvey Brooks,
Eddie Hoh and himself — going into

Columbia Studios in Los Angeles with no
songs. “All | said was ‘Wanna jam?"” he
recalls. Half the album was cut on the first
night, and Bloomfield, whose recorded work
Kooper had always felt never did him
justice, was brilliant. “This was the setting in
which you could get the best performance
out of a great musician,” he says. “Just like
jazz." But the next day, in the house Kooper
had rented for the musicians on his
Columbia Records expense account, he
came down to breakfast to find a note from
the quixotic Bloomfield saying simply that
he had left.

“Actually, the note said he couldn’t
sleep,” says Kooper, who still seems amused
by it today. Kooper called every guitar
player he could think of in Los Angeles, and
Stephen Stills, who had just left Buffalo
Springfield and was still forming Crosby,
Stills & Nash, accepted the invitation. It
turned what would have been a musically
astute jam session record into an all-star
record event, laying the groundwork for
a slew of ‘supergroups’ to come.

Sounds Of The South

Kooper left Columbia in 1972 and moved to
Atlanta. The Georgia music scene in general
was booming, with the Aliman Brothers the
flagship artists for Phil Walden’s Capricorn
Records in the nearby city of Macon. The
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P Atlanta Rhythm Section were recording their

hits in their own studio in the suburb of
Doraville, and Kooper produced an album
for duo Frankie & Johnny there while making
the rounds of clubs. “We'd work from noon
to eight in this great studio with the guys
from the Section as the back-up band, then
go out carousing,” he remembers fondly.
“We were at one club one night and this
band came on and | hated the lead singer —
he would strut around the stage carrying the
microphone stand. This was the era of Yes
and Genesis and ELP and all this ‘progressive
rock’ music, and here were these country
boys playing three-chord rock. But it
occurred to me that things go in cycles —
whenever new movements washed over the
music business, it would always return to
three-chord rock as a way to kind of centre
itself again. | thought if I could find a great
three-chord rock band, | could sell a few
million records.”

He could, and he did. By the fifth night of
a week-long stand, Kooper was playing on
stage with Lynryd Skynyrd. Kooper took
them to MCA Records, which gave him his
own label, Sounds Of The South Records, as
a way to break into the burgeoning Southern
rock scene. They recorded their debut
record, Pronounced Leh-nerd Skin-nerd, at
the Atlanta Rhythm Section’s Studio One,
which Kooper bought into through a
co-venture with Atlanta producer Buddy Buie.

“I never worked with a band like that
before,” he says. “They were incredibly well
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rehearsed, right down to the guitar solas,
which were composed to the note and not
improvised like a lot of rock bands. As

a result, when | recorded them, | could
always count on being able to get a
double-track of the solo. That's a great way
to get a guitar solo to sit on top of the track
without boosting the volume ridiculously
high. It became part of their trademark

L 2 . .

At Columbia Studios, New York, in 1968,
with arranger Charles Callelo (centre) and
® an unknown Columbia employee.

sound: you could slip the double
in there in the mix and it would
take centre stage without
unbalancing the mix. All three of
the band's guitarists [they had
added several members to the
group during the course of the
first album] were so distinct that
it really was like producing an
orchestra.” ‘Free Bird’ remains the
second most-played song on
American radio to this day.

Up The Tubes

The Tubes were a different kind
of orchestral rock band, as much
Cirque Du Soleil as a musical
experience. Record labels circled
around them, aware that
something was there but
uncertain as to what to do with
it. After A&M Records finally
signed them, Kooper was
brought in to produce their first
album and put much of what John Simon
had taught him to work, spending three
weeks rehearsing the band tweaking the
arrangements.

“When you make a change to an artist’s
song as a producer, you have to be able to
validate and defend every one of those
decisions,” he says. “There was this
theatrical dimension to the Tubes and

Engineer Lee Kiefer (front left) and Al Kooper (frant right) with the Tubes in the Record Plant, Los Angeles.




| decided that I didn't want to see
the live show before | did the
record. | didn't want to be
influenced by it."

Record Plant’s Studio B was
a relatively small room, which
seemed to help contain the band's
theatrical impulses, particularly
those of lead singer Fee Wayhbill.
‘They were more like a Broadway
show than a rock band,” Kooper
says. "l wanted strings and horns
but knew that | couldn't get the
arrangements | wanted from a
rock arranger, so | hired Dominick
Frontiere, who had done the
scores for movies like Hang ‘Em
High. Major ‘B’ movies. He
completely got it."

Al Kooper has kept busy since
then, producing his own and other
artists’ records, and playing live,
under the name The
Rekooperators, with various
assortments of top-flight
musicians. In 1992, he became
music director for perhaps the
strangest band of all. Backstage
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John Simon, who produced Blood, Sweat &
Tears’ debut album along with many other
classics.

Passes, his autobiography,
qualified him as a member of the
Rock Bottom Remainders, a
loosely affiliated rock band made
up of authors including Dave
Barry, Stephen King, Dave Marsh,
Amy Tan, Barbara Kingsolver and
Matt Groening. Their touring
adventures became grist for their
own book, 1995’s comical Mid-life
Confidential. Kooper has done a
show as a DJ for Radio Caroline,
with another pending. At 60, he's
hardly ready to retire. As he puts
it "I need a few other degrees to
round out my education,” but he
remembers the1970s as a decade
that we're unlikely ever to see
again in terms of sheer
decadence and diversity of talent.
“It was like Rome at its peak

and when AIDS hit the music
business, it was when Rome
burned.” E=
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pc/mac
soundcard

With its clever reversible analogue
I/0 section plus comprehensive,
multi-client driver support, ESI's Julia
is not your average stereo soundcard.

TRS (Tip/Ring/Sleeve) analogue 1/0 to

avoid the buzzes, hums and digital
nasties associated with ground loop
problems, running at professional +4dB
interface levels, and using robust quarter-inch
jack sockets? Or does the rest of your gear
have unbalanced consumer 1/0 requirements,
including more sensitive -10dBV inputs, lower
-10dBV output levels, and use phono sockets?

If you want maximum flexibility, ESI's

oddly named Julia (or Juli@’, as they spell it —
there's a RoMI/O one-in/two-out USB MID!
interface in the range as well) provides two
analogue ins and outs, co-axial S/PDIF in and
out, optical S/PDIF out, and a MIDI in and Out.
Nothing special so far, but the novel twist is
that it can provide either of the above
analogue options, utilising an extremely
clever circuit board that has a reversible top
half with four jack sockets on one side and

D 0 you want a soundcard with balanced

ESI Pro Julia

* Swappable +4/-10 balanced/unbalanced
hardware 1/0 sockets.

* Good audio quality.

* WDM support right up to 192kHz

* GSIF drivers for Gigastudio users

* Balanced/unbalanced option must be chosen
before installation.

* Only analogue outputs can be used for
monitoring mixes

With a clever hardware design, good audio
quality, and well-written and versatile drivers,
ESI’s Julia should find plenty of admirers
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four phono sockets on the other — before you
install it you decide which is the best option
for your needs.

You Spin Me Right Round

The Julia certainly looks different with its
cream silk-screened circuit board and white
sockets, and the fact that there are plenty of
components on both sides of the board, but
it's the extra pair of metal brackets and four
edge sockets (two each at top and bottom of
the board) that really make it unusual. To
switch between +4dBu balanced inputs and
outputs on TRS-wired quarter-inch jack
sockets and -10dBV unbalanced {/0 on
unbalanced phono sockets you remove four
screws and the backplate, unplug the two
halves of the circuit board, and then rotate the
top analogue half by 180 degrees, plug it
back in to the lower digital half and screw the
whole assembly back together. The manual
provides copious photographs of the process,
but does warn against touching any of the
circuitry to avoid possible static damage.

There are sound engineering reasons
behind this design, since it avoids the usual
6dB drop in output levels when running most
balanced output circuitry to an unbalanced
destination, and you don’t get the 6dB drop in
input sensitivity when running an unbalanced
source into balanced input circuitry. Keeping
the two sets of input circuitry quite separate
may also result in slightly better audio
performance in each case, and unless you
anticipate needing to regularly switch
between the two input options (which would
become tedious), there's no denying the
cleverness of this approach.

The lower digital portion of the circuit
board provides a shuttered optical S/PDIF
output, plus an 8-pin socket for the supplied
foot-long breakout cable with twin phono
sockets for S/PDIF co-axial /0 and twin 5-pin
DIN in-line MIDI sockets. Julia is also
compatible with both +3.3 Volt and +5 Volt

PCl siots for maximum compatibility with
motherboards.

Driving Miss Julia

Strictly speaking the Julia is still PC-only, since
it's only bundled with drivers suitable for
Windows 98SE, Me, 2000 and XP, along with
an intraductory ESI version of Ableton Live
and a 50 percent discount off the full version
if you upgrade. However, while checking on
the ESI web site to make sure | had the very
latest XP drivers, | also discovered beta drivers
for Mac OS 10.2 or better, so by the time you
read this a full Mac release ought to be
available. | selected the +4dBu card option,
had no problems installing the version 1.10
Windows XP drivers (which unlike many are a
tiny download at just 167k), and was soon
auditioning the new soundcard via its Console
utility alongside my Emu 1820M.

The Julia Cansole is easy to use, and bears
a strong family resemblance to that of
Audiotrak’s Maya 44 MkII, which | reviewed
back in SOS August 2004 (Audiotrak is the
consumer division of ES! Pro). Once again it's
divided into four main areas covering input,
output, master and digital functions, with
additional drop-down menus containing
further items.

Both analogue and S/PDIF digital inputs
and outputs have peak-reading level meters,
but initially only the analogue outputs display
level faders for monitoring purposes.
However, by clicking any or all of the ‘Mon’
buttons above the various meters, additional
fader caps appear that let you control
zero-latency monitoring levels of signals at
the analogue and S/POIF inputs and S/PDIF
outputs through the analogue output sockets.
This enables you to set up a complex
monitoring mix if required, and the current
attenuation levels (up to 63dB in 0.5dB steps)
are displayed beneath each fader. Overall
analogue output level is controlled by
a further pair of Master faders, while both the



analogue 1/2 level and overall level controls
have additional Mute buttons.

As with most interface designs, disabling
the extra monitoring circuitry and leaving the
remaining faders fully up will provide the
cleanest and quietest signals from the
analogue outputs, but this is a handy
monitoring system, and the only option some
users might miss is being able to instead use
the S/PDIF outputs to set up a monitor mix
separate from the signal at the main analogue
outputs. The only operational difficulty
I experienced was occasional ‘sticking’ of the
console faders as | moved them, but
otherwise everything worked well.

In the digital area, the sample rate can

== T
~ » St julia Windows XP driver version 1.10.
~ * Intel Pentium 4C 2.8GHz processor with "

Hyperthreading, Asus P4P8co Deluxe motherboard
with Intel 865PE chip set running 8ooMHz front side

buss, 1GB DDR4oo RAM, and Windows XP with
~ Service Pack 2. Aty
L»Tes(ed with: Steinberg Cubase SX 2.2 and Wavelab
5.00a, Tascam Gigastudio 160 version 2.53.00,
* Native Instruments Pro 53, Rightmark Audio
» Analyser 5.4. ) )

-
. * ®
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either match that of the audio being played
when the ‘Auto’ button is lit, or be selected
manually from the six rate buttons, while you
can run the card from its own internal clock or
via that derived from an incoming S/PDIF
signal using the two buttons beneath. The
current sample rate appears in a box at the
bottom of this area. Further menu items let
you adjust latency and launch ESI Pro's clever
Direct Wire digital patchbay, which lets you
route the hardware input or the inputs or
outputs of the MME, WDM, ASIO and GSIF
drivers internally for any of the four channels.
For anyone who wants to port the output of
one application into another, this can be
invaluable.

Top To Bottom

From the word go | found the Julia easy to
use, and it sounded extremely quiet and clean
at all sample rates and bit depths. Using
Rightmark’s Audio Analyser, the frequency
response proved to be extremely flat, being
just 0.3dB down at 4Hz and 20.3kHz with

a sample rate of 44.1kHz, extending to 44kHz
with 96kHz sample rate, and 62kHz with
192kHz sample rate — all this augurs well for
improved audio quality at the higher sample

modular V

VEelrsIOn

ESI Julia Brief Specifications

¢ Supported sample rates: 44.1, 48, 88.2,
96, 176.4 and 192 kHz from internal clock.

¢ Analogue inputs & outputs: two of each,
either balanced quarter-inch jack sockets
at +4dBu sensitivity, or unbalanced phono
sockets at -10dBV sensitivity.

« Digital 1/0: S/PDIF in and out on phono
co-axial, additional S/PDIF optical out,
MIDI in and Out.

¢ Frequency response: not stated.

¢ Converters: AKM5385A dual-bit
delta-sigma 24-bit/192kHz (ADC),
AKMA4358 muiti-bit 24-bit/192kHz (DAC).

* Dynamic range: 114dBA (ADC), 112dBA
(DAC).

¢ THD + Noise: -94dB.

rates, as my subsequent listening tests
proved. Meanwhile, the measured dynamic
range stayed remarkably constant at a good
106dBA across all sample rates (the rather
better noise figures quoted by ES! are for the
converters alone), and the THD (Total
Harmonic Distortion) was a very low 0.0004
percent.

| then matched the output levels of my new
benchmark Emu 1820M and the Julia card to >

¢ 6 new modules:
*» Bode frequency Shifter (1630)
» Sample and Hold (928)
* Envelope Follower (912)
* 12 Stage Phaser
« Formant Filter
* Ring Modulator

* Audio in
This allows the Moog V filters and sequencer
to be used with any external Audio Input

o New system view page
So you can scroll over the entire system

¢ New free Running oscillators

» Improved modulation response on the filters

« Faster envelopes
to get even closer to the sound of Analogue

* 200 additional presets
to take full advantage of the new features
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P within 0.1dB and blind tested them to pick

out any differences, to place the Julia's
sound into context. Both cards provided
very good audio quality, but after several
minutes of auditioning with a wide range
of material | could always reliably pick out
the 1820M as having a slightly warmer,
more natural and focused sound — once
again, | suspect, due to a lower-jitter clock.
Nevertheless, | judged the sound of the
Julia's converters as excellent for a £109
soundcard, and slightly better than many
others at a similar price.

The Julia's multi-client drivers worked
beautifully, with Cubase managing the

& Julie v 1.10
Fle Config DirectWIRE®
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soundcard
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The Julia’s
analogue /0 can
be switched from
balanced jacks to
unbalanced phono
sockets oy rotating
the top section of
the card.
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dynamic range, they only
offer support up to 96kHz.
If you want one of the new
class of cards with
192kHz-capable converters
then your options narrow
considerably, and the most
obvious competitor to julia
is Emu's 1212M.

This sells on the street
for about £20 more and has
about 11dB better dynamic
range; | doubt that many
users will notice the
difference in practice, but the 1212M does
seem to have a lower-jitter clock and
therefore a slightly ‘tighter' sound, plus
additional ADAT optical I/0 and Firewire
port, and a far more comprehensive DSP
mixer and good set of DSP effects. On the
other hand, the Julia’s frequency response
is slightly flatter at both ends, it provides
96kHz/192kHz WDM and GSIF driver
support that the Emu range currently
doesn't, plus the useful Direct Wire
patchbay, and | know many potential users
will find the Julia’s Console utility far easier
to use than Emu’s Patchmix DSP mixer.

ESI's Julia is a versatile soundcard
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Despite a very easy-to-understand interface, the julia’s Console utility provides a surprising amount of
versatility, largely due to its E-WDM drivers and Direct Wire patchbay.

lowest 48-sample buffer size at 44.1kHz
for a very low latency of 1.1ms using the
ASIO drivers, while Gigastudio 160
managed the 64-sample size at the same
sample rate for a still excellent 1.5ms
latency with the GSIF ones. Even better,

I had no problems selecting and running
the GSIF drivers for the analogue outputs
simultaneousty with the ASIO and
MME-WDM ones — this is versatility
indeed!

Julia Bravo?

Although PCI cards like Event's Mia MIDI
provide a similar spec and measured

60 SOUND ON SOUND « january 2005

thanks to its swappable I/0 and extensive
driver support, it sounds good, and is
good value for money. | can see it
appealing to Gigastudio users as well as
any musician who wants high audio
quality in a straightforward package with
few compromises. Need | say more? E=2

[ information

£109 including VAT.

Rl Es! Professional +44 (0)207 619 9297.
+44 (0)207 607 8728.
ukinfo@esi-pro.com
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Take the listening test

Suddenly the world seems full of affordable studio microphones. However nothing else sounds like a Rode.

Unrivalled clarity, smoothness and detail * Unbelievably low noise floor

Stunning dynamic range

But don't take our word for it. Listen before you buy — and if you find a better-sounding mic for your money, buy it.

Exclusively
distributed in the uk by

Al &

FIRST WE LISTEN




microphones

CAD T5M411, ICM4
& KBM4 *

Drum Microphones

Three new mics from CAD offer impressive
mounting hardware and audio specifications
specially tailored to recording drums.

kit, either live or in the studio, can be

very expensive, but now that lower-cost
imported microphones are available, you can
buy a whole kit of drum mics starting at
around the price of just one decent
name-brand dynamic model. CAD have a good
reputation for studio mics and so clearly don't
want to be seen slogging it out at the rougher
end of the food chain, but they've still
managed to put together a nice kit of mics for
a very affordable UK price.

The set of CAD drum mics reviewed here

comprises three TSM411 mics for use with
toms and snare, a pair of ICM417

B uying individual mics to mike up a drum

KBM412

* Nicely engineered.
« Strong fitting and good vibration isolation
« Generally very good sound quality

* Adjustment range of fittings may not
accommodate some drums

* Kick drum may not have enough ‘slap’ for some
tastes, though it hasplenty of depth.

While there are now dozens of budget
Chinese-built drum mics to choose from, these
seem to work rather better than the cheaper
models we've tried. The clamping system is also
impressive, provided that it fits your particular
drum kit. The only weakness in my view is the
kick mic, which lacks the high-end definition

I look for in a kick sound.
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back-electret capacitor mics for use
as overheads, and one KBM412
kick-drum mic, though additional
mics may be purchased
separately for larger drum Kkits.
Packed into a foam-lined
camera case, the kit also
includes three very chunky
pieces of chromed metal
mounting hardware. These
clamp around any handy
tension lug on the toms or
snare to secure the mounting
against the drum shell, where the fitting sits
firmly on two rubber feet.

This puts the mic in just about the
optimum position, where the height (to an
extent limited by how much exposed tension
rod there is) and angle can be adjusted to
taste. A thumbwheel behind one of the rubber
feet adjusts the spacing and, when things are
correctly set up, a single lever is used to
attach and detach the fitting. There's space in
the case for a couple more TSM41 s or spare
clamps, but | couldn't find any European
thread adaptors, which you'll need to secure
the kick and overhead mics on mic stands.

Starting with the snare/tom TSM411s,
these use Neodymium magnets and offer a
hypercardioid polar response to minimise spill
from adjacent drums and cymbals. Their
frequency curve looks fairly conventional,
with a gentle roll-off below 100Hz to
counteract the proximity bass rise that always
occurs with cardioid and hypercardioid mics,
complemented by a presence lift to add
definition in the 3-10kHz range. Overall the
frequency range covers 50Hz to 15kHz. The
short and stocky shape of this mic makes it
easier to position close to drums, though it
surprises me that more drum mics don’t come
with angled connector sockets, as the

effective length of the mic is aimost doubled
ance you plug an XLR cable into it. According
to the documentation, these mics are also
suitable for use with other percussion
instruments and guitar amplification.

For the overheads, there are two ICM417
back-electret capacitor microphones that are
nominally flat from 40Hz to 20kHz, though
they have a wide presence lift between 3kHz
and 10kHz to help bring out the cymbals.
These microphones again have a cardioid
response and, because of their circuitry,
require phantom power in the range 9-52V DC
— standard 48V phantom powering is ideal.
The mics are solid, but quite small, and they
aan handle SPLs of up to 130dB. In the context
of an overhead mic, this should be more than
adequate. Given the high noise level in which



samplitude V8

the master of pro audio

recording - editing - mastering

V8 - Power for your creative ideas

B Realtime effects NEW! Now with "navigation system" Managers
® High-speed editing for file libraries, objects, tracks, etc.

RHITEMEIE WOReRE: NEW! Full package includes MAGIX Elastic Audio,
® High-resolution audio engine MIDI, Analogue Modelling Suite, ReWire
B Perfect resource management Robota Pro, DVD Audio, Surround, etc.

It just sounds better, and:

B Free support
via e-mail, fax & phone

® User forum with
developer moderation

® Regular functionality
updates & security patches

® Workshops & downloads
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MD DACS Ltd | Phone (+44 191) 0191 438 2500 | Fax (+44 191) 0191 438 2511 or samplitude@dacs-audio.com



microphones

CAD TSM411, ICM417 & KBM412

P> overhead mics spend their lives, sensitivity
and noise figures tend to have little bearing,
and in fact the EIN noise figure of these mics
is slightly high at 26dBA. In any other context
this might raise a few eyebrows, but so little
gain is needed when miking drums that it's
really not an issue. Normally these mics would
be used as an overhead spaced pair or as
a coincident pair.

That leaves the KBM412 kick mic,
a large-diameter cardioid dynamic mic with
a neodymium magnet and a heavy die-cast
barrel of a body. it is designed for the
high-SPL environment likely to be encountered
inside a kick drum and, like most dedicated
kick-drum mics, has a response curve that
looks like the hind leg of a donkey after being
run over by a truck — and then reversed over

by a tank! The usual hump between 70Hz and
90Hz accentuates the weight and thump of
the drum, while the ‘click’ is brought out by

a presence peak, or more correctly a series of
presence peaks between 3kHz and 7kHz.
Whereas vocal mics usually have subtle
presence peaks in the order of 2-3dB, the bass
and presence peaks here tower majestically at
around 20dB, looking down on a mid-range
plateau extending from under 200Hz to above
1kHz. In theory, this is designed to produce
weight and definition without boxiness. The
response rolls off above t5kHz, but the low
end extends to 25Hz.

As a complete kit, these mics certainly
look the business with their heavy cast-zinc
shells and metallic-grey paintwork. The
shockmount clips hold the mics very securely,
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yet have a reasonable amount of give to
absorb vibrations, and the swivel joints lock
up tightly enough to hold even the kick mic
securely.

In Use

As | didn't have a band with a drummer due in
my studio at the time of this review, | took
these mics along on this month'’s Studio SOS
visit where | knew they had a decent drum kit
that they wanted our help with. Everything
went smoothly until | tried to fit one of the
shell clamps to the snare drum and found that
there was insufficient range of adjustment.

The KBM412 dynamic kick drum mic,

A pair of ICM417 condenser overhead mics.

Slicing the end off one of the rubber feet
would probably have done the trick, but as
these weren't my mics | declined to follow
that particular avenue of exploration and
opted for a standard mic stand instead.

After making a test recording with each
mic recorded to a separate track, we listened
to the results and found the snare/tom mics
to be pretty good. In fact there was little to
choose between these mics and a Shure SM57
we used as a reference, except that these
were smaller and easier to position. No
problem there then, especially given the low
cost of these mics. The overheads also turned
in what | felt was a good performance, with
not too much low end to conflict with the
close mics. They delivered a tight,
well-focused sound that accentuated the

cymbals, and they didn't seem to allow too
much of the room sound to intrude. In
combination with the close mics they worked
rather well.

That leaves the kick mic, which certainly
delivered plenty of low-end punch, but
seemed somewhat lacking in definition in the
upper mid-range. We tried moving it around
but couldn’t get anything approaching what
we wanted in the way of beater click without
applying a lot of EQ. If you're after a '60s
sound, it's probably OK, and similarly if you
want a dance kick sound that's all thud and no
slap it will handle that too, but it's probably
not the best choice for a
traditional rock/pop kick
drum. Having said that, if
you EQ it and also add in
the overheads, it can get
somewhere close, it's just
that | like my mics to
deliver something ciose to
the ideal sound before
I reach for the EQ.

Despite the somewhat
disappointing high end of
the kick mic (at least with
the drum we tested it
with), this package
actually performs
extremely well in all other
respects, and the mic clamps are wonderfully
solid and simple to fit provided that their
range of adjustment isn’t defeated by the
tensioner-to-shell spacing of your drum Kkit.
While the overhead mics probably aren't the
best general-purpose capacitor mics around,
they do work very well as overheads in
combination with the closer dynamic models,
and the mounting system seems to work well
in isolating the mics from drum shell
vibration. Perhaps angled XLRs would have
made positioning even easier, but as a
cost-effective and practical solution to
drum-kit miking, both live and in the studio,
this set has a lot going for it. We managed to
get a very creditable sound from a kit in the
living room of a flat, and that's a challenge at
the best of times. At the price, this set is very
good value, even if you decide to buy a
separate kick mic for a more contemporary
sound. E&=

I 15M411 dynamic snare/tom mic, £52.88;
ICM417 condenser overhead mic, £72.85;
KBM412 dynamic kick-drum mic, £72.85.
Multi-mic sets also available: 632C six-mic set
reviewed, £346.63. Prices include VAT.

| Unity Audio +44 (0)1440 785843,

[l +44 (0)1440 785845.

3 sales@unityaudio.co.uk
www.unityaudio.co.uk
www.cadmics.com
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monitoring/mixers/computer hardware

Spike consists of the XD-2 USB 24-bit 96kHz Audio/
MIDI Interface with clean, high-headroom Mackie mic
! . preamps and onboard SHARC dynamics processing,
exclusive < incredibly easy-to-use Tracktion multitrack audio
recording software with unlimited track count and VST
plug-in support (plus the Nomad Factory Blue Tubes
Warmer Phaser plug-in)

The XD-2 is a two-channel, mic/line/instrument USB
audio and MID! interface with high quality internal
effects for tracking and monitoring a (incs. support for
ASIO 2.0,WDM and OS X Core Audio)

Its footprint may be small, but this compact interface
offers great sound, channel dynamics & EQ for tracking

and monitoring mixer has been designed to re
establish true ‘hands-on’ control

PNOW AVAILABLE !t SRM450(pair) £dv247.com

price
crash  £299,99V¥

DXB £dv247.com
Onyx 1620 £dv247.com _ HR624(pair) £dv247.com

Big Knob £299.99
Control £dv247.com

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

north london east london cambridge birmingham education
020 8440 3440 0208510 1500 01223316 091 0121687 4777 01708 771 950

south london west london southampton bristol email
020 8407 8444 020 8992 5592 023 8023 3444 0117 946 7700 salesedigitalvillage.couk

exportsales@digitalvillage.co.uk

'We will match or beat any genuine quote on identical gouds, from any Europian dealey at tinte of order. Errors and omissions excepted.



LB TJEEEEE,  onlinegainstore + mail-order IS =
lowest €uropan price guarantee}

monitoring

System One 5.1 £dv247.com

Sky System One: 2.1 System,
(2)Sat6.5 & (1) Sub 12

Sat6.5

input Impedance: 40k Ohm
balanc

Voitage Sensitivity
90d8B SPL & 1M
Maximum input
t 4

y Response: 4

/- 3.0dB 80 tc

Low Freq f:12d8

Media Desk.. Next generation full range monitoring system P e
With its cast aluminium frame, this 2.1 system incorporates 4 “ drivers for the

satellites and a powerful 8” driver for sub bass (with a frequency response of 35
Hz to 100 Hz). Utilising 3 independent 60W amps, this system delivers full range

monitoring at a quality never before experienced at this incredibly LOW price. Vo ensit e dB SPL

Media Desk £499.99 bandwidth limited
Frequency Respon
30 to 200Hz +-3dE
Typical in"Room R
to 200Hz {3000 C

Linkwitz-Riley ust

System One 2.1 £1398.99

Sky System One is the first in a line of 2.1 - integrated 3-way

Pro Desk 2.1 £999.99 monitoring systems to be offered by Blue Sky International.

M-AUDIO

exclusive £599.99v LX4 Expansion £138.99

55 (psit S 9

BXS5 (pair)

d on i
emo .

dv north ! TRS (pair)
london £279.99V

P22-A {single)

£734.99V

ynaudioacoustics

price MAT10A (black)
crash £74.99v

M

price Reveal Active (pair) SM6A (pair)

crash s4yv247.comV : £599.99V

prices correct at time of going to print ...but we cut prices daily

BMS5A (pair) £879.99

vgo to dv247.com for today’s low price! v

north london east london south london west london
ta I k to the 141 High Street 10 High Road 562 Brighton Road 14 The Broadway
Barnet Chadwell Heath South Croydon Gunnersbury Lane

Hertfordshire Essex Surrey London
deal makers ENS 502 RM6 6PR CR2 6AW W3 8HR
020 8440 3440 02085101500 020 8407 8444 020 89925592

%,

*We will match or beat any genuine quote on identical goods, from any European dealer at time of order. Errors and omissions excepted,



Beyerdynamic has a long history in the ﬂ

Pro Audio industry and number amongst

their products, many “Industry Standards’, NAOFNI.H??&%/,‘,L
such as the ubiquitous DT 100 studio =
monitoring headphones. They offer a wide '
range of products and solutions for all your
audio & video requirements whether for
live, installation, recording and broadcast
use or as specialist products for the
conference market.

DT770 Pro £85.99

DV Exclusive

nEar 05 + SW8000

£199.99V

ALESIS

L ]
ES1 Systems

Profe

accuracy, clarity and
performance in an
affordabie powered
monitor that offers an
incredibly accurate
response which
perfectly translates to
every playback system

DT150 £96.99

DT231£29.99

RA 15¢€

=
price Monitor One ActiveMk2

crash ¢35 99w
audio-technica

the
industry
standard q

ATH-910 Pro

£44.99V

DT100s, the industry standard for
reference monitoring and recording
For full specs and information go to
dv247.com or contact your local store

4

Talk to the experts... HD25 £105.99

8030A (pair)
£598.99V

Control 1 (pair)

£79.99V

T82S (pair) [T a{9-) Resolv 65 (pair) | price HR624 (pair)
£549.99V crash  £99.99v y crash ¢dv247.comV

we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v

cambridge southampton birmingham bristol education
86 Mill Road Unit 3 Unit 2 21 The Mall 01708 771 950
Cambridge Kingsgate Centre Dakota Buildings Clifton Village

Cambridgeshire Southampton James St Bristol em a"

CB1 2AS S014 1NR Birmingham B3 15D BS8 4JG

01223 316091 023 80233444 0121 6874777 0117 946 7700 exportsales@digitalvillage.co.uk

sales@digitalvillage.co.uk
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midi instruments/studio recording

MV8000 £dva47.com

The VS-2000CD Digital Studio Workstation sets a new standard for affordable digital recording.
With 20 tracks, 8 XLR inputs and support for 3rd party plug-ins using the optional VS8F-3, this
next-generation V-Studio gives users the power to create like never before. Add the optional
VS20-VGA with Version 2.0 software, and you can run your sessions with mouse and monitor
for maximum control. A 40GB hard drive, CD-RW drive and USB 2.0 port come standard,
making the VS-2000CD an incredible value.

- VS 2000 CD
The XV-2020 is aimed squarely at the computer-based musician on a budget who £dv247.comv

still has a place for top quality sound. Sporting USB, it also accepts up to 2 SRX class
Expansion Boards, giving access to an ever-growing library from some of the best
instruments in the world.

P I S .

Fantom X6 £dv47.com 128 voice workstations with 61 note keyboard
; + Progressive Hammer-Action keyboard with synthesizer/sampler
y + Seamless integration of audio and MIDI with realtime timestretch
+ 128MB wave ROM expandable up to 384MB
New colour LCD screen

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

north london east london south london west london

141 High Street 10 High Road 562 Brighton Road 14 The Broadway
tal k tO th e Barnet Chadwell Heath South Croydon Gunnersbury Lane
Hertfordshire Essex Surrey London
expe rts ENS 5UZ RM6 6PR CR2 6AW W3 8HR
020 8440 3440 02085101500 020 8407 8444 020 89925592

'We will match or beat any genuine quote on identical goods, from any European dealer at time of order. Esrors and omissions excepted.
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midi instruments/studio recording

Modular G2 Keyboard

Promega 3

£1999.99V
*- - 2] 2] 23

\.

Masterlink £519.99

Micron £349.99

£259.99V

TR A
: ' ‘ ' - »n 9999! A‘-EIS
- THLLiR
ST
~~
Bnlnht
d SFX-6 “ price
T lr 1 i e""us've £1399.99V “crash £475.99V
=
e
ittt e -
5 Di16XD BR1600 Head Rush

£149.99V

£939.99V

£dv247.comV

| : DPO1FX : Virus C ' CDR-830BurnIT
L - £348.99V £1049.99V
we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v

cambridge southampton birmingham bristol education

86 Mill Road Unit 3 Unit 2 21 The Mall 01708 771 950

Cambridge Kingsgate Centre Dakota Buildings Clifton Village

Cambridgeshire Southampton James St Bristol ema il

Bl 445 gy Birmingham B3 15D B8eHG sales@digitalvillage.co.uk
01223 316091 023 80233444 0121 6874777 0117946 7700 exportsales@digitalvillage.co.uk
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studio outboard

price
crash  ¢gg,

Voicemaster Pro + Baby Bottle
% . Blue Mic Cable £599.99

C Contro exclusive

£109.99V el .ﬂ"'ﬂ .“')“7 Qa0 GG R e =

The Focusrite Trakmaster is a high quality mic pre, intuitive compression, a
three band flexible EQ, and ‘tube sound’ control come together in this unit
to ensure you have all you require to get a quality signal tracked. You even
MPX110 have the option to fit a Focusrite A/D card taking you directly from the Trackmaster

Trakmaster into your digital workstation
£159.99V
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POD XT Pro £399.99 £1399.99V

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

north london east london south london west london

141 High Street 10 High Road 562 Brighton Road 14 The Broadway
ta I k to the Barnet Chadwell Heath South Croydon Gunnersbury Lane
Hertfordshire Essex Surrey London
deal ma kers ENS 5UZ RM6 6PR CR2 6AW W3 8HR

020 8440 3440 02085101500 020 8407 8444 020 89925592

*We wilt match or beat any genuine quote on identical goods, frém any European dealer at time of order. Errors and omissions excepted.



microphones

REDE £ =

57%

was £349

NT1A £dv247.com

e with
ess circuitry GT33 £149.99
*n J system
Gold plated output connector
True condenser texternally biased)
Comes supplied with NTSM shock

save

49%
was £599

GT44 £299.99

NT5 £244.99

GT57 £199.99

factory
direct

NT1000 £159.99

s for 2 on

- Swit
pad and low frequency roll-off
filter (75Hz

« Excellent altiround microphone

NTK £299.99

- HF1 1"edge terminated, dual Sum diaphragm capsule.
- 3-position variable polar pattern: Omni, Cardioid & Figure 8

+ 3-position variable high-pass filter: Flat, 80 Hz or 40 Hz. lass MK’L,
+ 3-position variable pad:0 dB,-5 dB or -10 dB. NTIA inc. NTSM
+ Ultra low noise, transformerless SMT circuitry. oot N1l NT3 GT66 (save 49%)
é o i H i . NT4 GT67 (save 3
Supplied complete with soft pouch and clip. €
NT20 MD1B FET
NT2A GT55
exclusive £229 99V £149.99V
The Luna provides both pro PG58 Mi4
fessional looks and quality at a Beta 57A M149
¢ imer price. The cardioid Beta S8A 99 TLM19
F"UmM { jesign has a 1.1" evaporated Beta 87A U
USIC gold diaphragm with a solid SM LM
r = brass capsule and Class A solid
state efectronics to provide SM58 TLM]03+ShOCkm0unt

faithful reproduction of tt
initial sound source

exclusive

£599.99V

£69.99V
The Joemeek Three Q takes
a microphone or instrument 7Kit ¢
N

amplifies it, compresses >Kit

and equalizes 1t ready to be
recorded

Three Q + Free JM27
£dv247.comV ' £114.999V

Cco1

£48.99V

we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v

cambridge southampton birmingham bristol education
86 Mill Road Unit 3 Unit 2 PARLRVEL 01708 771 950
Cambridge Kingsgate Centre Dakota Buildings Clifton Village

Cambridgeshire Southampton James St Bristol ema i I

CB1 2AS S014 1NR Birmingham B3 15D BS8 4JG sales@digitalvill k
01223 316091 023 80233444 0121 6874777 0117 946 7700 expaTtEal s Gl alvMbgtaii



fdrall’thebe§td'eals|} g
and latest news'go'to 247:C

rophon

i electronics

C1000S £99.99

The new PB 1000 Presence Boost Adapter provides an
additional 5-dB high frequency peak in the cardioid
mode adding brithiance in the 5 to 9 kHz range
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- e C3000B £dv247.com
: The C 3000 B s a large diz :phr; ym cardioid condenser
SE2200A £139.99 microphone for unive se. designed and made

specifically to suit the needs of musicians as well as the

rigours of the stage \
Z3300A £299.99

* 20Hz-20KHz
* Sensitivity: 16mV/Pa - 36+2dB

» Polar Pattern: Cardioid, Omni, Figure 8
* Impedance: <=200 Ohm

« Equivatent Ncise Level: 20dBIA weight
« Connector: 3-pin

- Max SPL for 0.5% THD# 1000Hz: 125d8
+ Power. Phantom power 48V+4V

* XLR Size 60mm=192mm

D68S £37.99
lm Sma's &r my Live & Recording Mic at a fantauically o—f-_
‘My overriding impression from my trip -

Buy 3 D68S for only £99.99

SE Shanghai) was of Mr Zou's energy &
( g ) 9y D68S + Quiklok A300 stand + mic cable for £49.99 or 3 packs for only £129.99

enthusiasm - he has a genuine interest
in microphones... he approaches his
products as a musician, which can only
benefit the end result’ Paul White,
Sound on Sound Feb 2004

WMSBOUHF Handheld £
WMS40UHF
WMS Lavalier
C20008B £dv24

N : C40008B £ 4
Kick Drum/Bass Microphone + R

Bundled adaptor, K+M floorstand, D112
5M Cable And Gigbag. D550

Drum Mic Set
Solid Tube

D112 Punch Pack
exclusive £149,99V

The K271 headphones are
extremely hight and easy to
use, yet stili provide a natural,
pristine sound. The closed
back, circumaural earphones
provide maximum attenuation
of high ambient noise, 1dea!
for ail applications where no
sound must leak from the
headphones
K1000 £dv2 Y
K141 Studio £
K240 Studio £84
K171 Studio
K66
K271
K55 £18.99

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

ICIS £339.99

-
» Dual Valve Microphone

« Frequency Response: 20Hz to 20kHz

« Polar Pattern’ Cardioid

+ Sensitivity: 20mV-Pa - 34+1dB

* OQutput Impedance: <=2000

« Equivalent Noise Level: 16dB (A weighted)
» Connector 8-pin army connector

* XLR Size: 80mm»205mm

Gemlnl

£799. 997

north london east london south london west london
141 High Street 10 High Road 562 Brighton Road 14 The Broadway
ta l k to the Barnet Chadwell Heath South Croydon Gunnersbury Lane
Hertfordshire Essex Surrey London
experts EN5 5UZ RM6 6PR CR2 6AW W3 8HR

020 8440 3440 02085101500 020 8407 8444 02089925592

*We will match or beat any genuine quote on identical goods,ffém any European dealer at time of order. Errors and omissions excepted




mixers/microphones

Soundcratt

The ultimaie audiophile’s
mixer. 8 Channels of pure tube
technology. The M-3is a small
format 8/2 valve mixer that
features discrete vaive mic
pres, four band EQ, two aux
sends & returns, and a simple
but flesible master section
that features valve stages in
the mix buss ptus an optional
stereo digital output

Spirit Notepad £74.99

Despite its ultra-compact size and very affordable price
tag, the Notepad comes with the same professional
pedigree as all Soundcraft mixers and is packed with
enough features to handle a surprisingly wide range of
mixing tasks.

VTC Range £dv247 com

M 3 Traker

'£2799.99V

mixer with genuine Mackie-de
signed mic preamps and robust

il
crash £69.99V

DM24 Meterbridge £499.99
FW1884 £dv247.com

» An amazing 10 inputs in a sub-250mm wide frame

* Handles everything from phantom-powered mics to DJ
decks and samplers

» High-quality components ensure CD-quality sound

» Ergonomic layout ensures ease of use

/ price DM24
_ .. crash £1499.99V

Compact 10 £129.99
ES £dv247 com

MR2443

Folio SX £299.99

Perfectly suited to many applications Sy £369.99V
requiring simple mix facilities, but it comes E8 £195.99
FX16 £585.99

into its own when used for recording

vocals and music onto computers using a itpgh Sy

M12 £dv247 com

soundcard. M4 £dv247.com 1202 VLZ Pro £dv247.com
M8 £dv247.com 1604 VLZ Pro £dv247 com
« Microphone, line, and DI input Notepad £79.99 1642 VLZ Pro £dv247.com
» Stereo inputs for keyboards CD/tape or turntable
+ Use‘blend’ to control the mix Compact 4 1402 VLZ Pro
* 3 band EQ on the inputs
+ Independent engineer & artist headphone outputs £69 99 v
v247.comV
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MCE 530 £79. 99

£99.99V A\

audio techmoa

AT404

MK-219£69.99  AT4033 £dv247.com

TheBaII £1 29.99
we will match or beat any genuine price*
v contact your nearest local store for today’s low price now! v
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The superb 01V96 brings you the same performance and reliability as the
flagship 02R96 and DM2000, but in a smaller, more affordable format. It
has a maximum 40-channel input capacity and of course, 24-bit/96-kHz
operation as standard. If you thought that cutting-edge digital mixing
and processing performance was beyond your reach, think again!

MG10/2 £69.99 ES6 £1699.99

prices correct at time of going to print ...but we cut prices daily
v go to dv247.com for today’s low price! v

north london east london south london west london

141 High Street 10 High Road 562 Brighton Road 14 The Broadway
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Surrey London
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BEHRINGER" SERSRRIR \

Monitoring
- DDX3216 £727.99 )
4
prlce
crash JTESA W IECCOOENNVvE T ERac» DV are the UK's #1

Behringer dealer with
experts in every store
nationwide. Full product
details and LOW prices
also @ www.dv247.com!!

Composer PRO-XL MDX2600 £78.99

Studio Outboard

B-1 £74.99

: ¥ Microphones

we will match or beat any genuine price*
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Roland VS$2480

Masterclass

Get the most from Roland'’s
flagship recording workstation

with our power user tips.

Roland's successful VS multitracker

range, offering much of the
functionality of a complete recording studio
from a single unit. Inevitably, however, when
you shoe-horn a multitrack recorder, an
automated digital mixer, flexible onboard
multi-effects, and a CD burner into one box,
the result is going to present something of a
learning curve. So I'm going to follow on from
the VS880/VS1680 masterclass in SOS March
2002 by sharing some of the techniques I've
developed for getting the best out of the
V52480 in practice. Although my advice will
be aimed primarily at V52480 owners, the
V52400 and VS2000 have much in common
functionally with their larger sibling, so much
of what I'll be discussing will apply to the
more recent machines as well.

Getting The Best From The
Channel Equaliser

One of the things that really set the V52480
apart from its VS-series predecessors was its
redesigned mixer section. Not only was the
processing resolution doubled to 56-bit, but
the channel processing facilities were also
dramatically improved, adding an extra EQ
band, a separate filter section, and a dynamics
processor with (joy of joys!) gain-reduction

T he V52480 is the flagship of

metering.
The improved
equaliser is much more
usable for mixing purposes than
the equalisers in the previous VS
multitrackers. However, the thing | like most
about it is that it can be automated. As a
result, rogue bass resonances can be tamed
surgically only when it's needed, for example.
Or, at the other end of the frequency
spectrum, you can automate an EQ band to
de-ess over-sibilant vocal tracks. There are
several advantages to de-essing this way: you
save on insert effects processing; the
automated EQ approach tends to sound more
transparent than any of the VS8F2's de-essers;
and you won't get de-essing occurring
accidentally where you don't want it to. Of
course, automating the EQ is much more
time-consuming, but | wouldn’t do anything
else for lead vocals now, to be honest.
Despite the improvements to the channel
EQ, though, I've still found that | get the best
sounds by EQ'ing sources with dedicated

290
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outboard on the way into the machine. By
doing this you're only really asking the
VS$2480's EQ to deal with mix-balance
problems, rather than relying on it to effect
dramatic tonal changes, so you can usually
keep the channel EQ settings fairly gentle.

If you're worried about processing something
wrong on the way in, record an unprocessed
version of the same audio onto another virtual
track at the same time, so that you can return
to it if necessary at the mix.

Another thing that I've found works well
for most chart-style material, and something
that was mentioned in the interview with
Mark ‘Spike’ Stent back in SOS January 1999,
is to use your best outboard EQ across the
VS$2480's main outputs to add a broad global
high-frequency boost while you mix. A shelf
with a frequency of about 15kHz should be
about right, but the exact frequency and the
amount of boost should be
varied to suit what you're
working on. The most
important thing about this
approach is that it avoids a lot

The filter section within the channel
| equaliser can be used in
band-eliminate mode to create
| phaser-like effects (left), and in
low-pass mode to create something
akin to enhancement (right).



of high-frequency boost on individual
channels, something that budget digital
EQ is never really all that good at, and it
should therefore help improve the overall
sound. What | would say, however, is that
you should record versions of the mix
both with and without this buss EQ, just to
keep your options open at the mastering
stage.

Filtering & Compression
Tricks

The EQ’s multi-mode filter section has
several nice little tricks up its sleeve. First
off, you can easily create wah-wah effects,
for which the BPF (band-pass filter) shape
is probably the best choice. You can sweep
the filter manually using the User
Knob/Fader Assign mode (which I'll be
looking at in more detail next month) —
here a rotary control is the better bet, as
you can easily get ‘stepping’ of the filter
using a fader. Once you've decided on the
sweeps you want to do, record them into
the Automix system so that they play back
the same every time. The filter section also
provides a subtle phasing effect via the
BEF (band-eliminate filter) shape, which
can again be swept under the control of
the automation.

The other way that | find the filter can
come in very handy is where you want to
add a bit of high-end sizzle to a sound, in
particular to a lead vocal. Set the filter to
its LPF (low-pass filter) shape, moving the

cutoff frequency to 20kHz, and then adjust
the resonance control to taste — you don't
need to go much over a value off 1.00 to
get a useful change. This is a really handy
effect for bringing sounds forward in the
mix without apparently changing their
basic timbre, and as such you might use it
in the same situations as you would an
enhancer.

The channel compressor has one weird
little feature which can be used creatively:
its Attack and Release parameters both go
down to zero. If you set both of them to
this value, the compressor reacts so fast
that it tracks the individual waveform
crests rather than their amplitude
envelope. This results in the shapes of the
waveforms being changed, rather than just
their envelope, which means you get

,{ R T o Reducing the
| #y L0, MEEERSIS | compressor's
-4 i1 TR | aackand

Release times

| Attack Releaze

| L 2.9 .y M= | o zero lets you
‘ ms - ms B

‘ create a variety
[N OuT GR KedlIn of creative

= " L: distortion
) ST sounds.

distortion rather than just gain-reduction.
The threshold and ratio controls will adjust
the harshness of the distortion sound, and
there's actually quite a range of flavours to
be had. If you're after something very
subtle, then you might want to increase

Is It Worth Getting A Screen?

One of the things that Roland seem to have
placed great emphasis on is the VS2480's
ability to offer a colour screen display if you
add a computer monitor to your setup.
However, having tried working with a spare
monitor display connected, | now prefer to
work without it, using the extra desk space in
other ways. And | certainly wouldn't choose
to invest cash in a new screen for the
purpose.

How did | come to this opinion? Well,
firstly | think that driving a hardware machine
via a mouse and on-screen menus is a little
ridiculous — why emulate an element of
computer workstations which computer users
try to avoid? Besides, | find the buttons
quicker to use and less of a strain on the
wrist than using a mouse. And why drag a
fader on the screen when you can just grab
the one on the front panel? The great thing
about the VS2480's assignable controls is
that you shouldn't have to adjust software
parameters in this way very often. The main
areas where | think using a mouse is great is
where you have to set up the patchbay, or
where you're doing certain editing
procedures, and it's perfectly easy to carry
out these activities via the backlit LCD. I'd
thought that maybe the visual feedback from

lots of channels available via the extra screen
would be useful when mixing, but to be
honest | didn’t really find | used it then either.
| wouldn't really be seduced by the waveform
displays either — they redraw so slowly that

| found them next to useless.

So my overall advice is this: save any
money you might have thought of spending on
an extra monitor and use it to buy yourself
more useful things, such as more internal
effects boards. That said, however, don't let
me put you off getting a mouse and QWERTY
keyboard, both of which do make life a lot
easier on occasion, and neither of which
should break the bank.

visit our website

proaudiostore.co.uk

Free
Delivery
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Setting all the channel Att controls to -6dB gives you
the headroom to boost individual tracks even after
you've finished the main mix — for example if you
want to print a ‘vocal up’ mix.

P> the Attack or Release parameter by a single

increment to get a mellower range of timbres.

Creating Alternate Mixes

It's usually good practice to create various
different versions of your final mix, in order
that you're less likely to have to do a remix.
Probably the most common example of such
an alternate mix is the ‘vocal up’, where the
level of the lead vocal is a decibel or so higher
than in the main mix. The ‘vocal up’ version
can then be used if you later decide after
hearing your track on many different systems
that the lyrics are not intelligible enough, say.

One problem with doirg a ‘vocal up’ mix
on the V52480 is that raising the vocal
channel level has the potential to cause
clipping if you've already maximised the peak
level of your mix, so make sure that you have
a little headroom to spare. You also have to
bear in mind that you need to change the
vocal ievel somewhere in the signal chain
after any of the channel dynamics or insert
effects — a change in level can interfere with
any dynamics threshold settings, and will
change the tone of effects such as amp
modelling.

You could use the channel fader to
increase the vocal level, but if this is
automated you'll have to offset the
automation using the Automix editing

When you're setting up basic mix balances for the
different sections of a song, it makes sense to pay
attention to what order you do them in, This diagram
shows an example of how | might proceed for a basic
pop-song structure. Mixing the climax of the song
(usually the final choruses) gives you a useful idea of
the peak ‘energy level’ of the song, and then the
preceding choruses can be variants on that balance.
The verses are approached similarly, again usually
starting with the final one. Finally, the balance of the
intro, outro, and middle section can be made knowing
whete each section is going to or coming from.
Obviously every mix is different, but the same kinds
of principles can still be applied.

Quantity Versus Quality

The question of audio quality is something that has
always hovered around the VS-series multitrackers
— | have certainly heard a number of mastering
engineers saying that they could spot a VS-series
mix just from what they judged as the deficiencies
in the sound of the data compression. Roland
certainly seem to encourage you to use the
data-compressed recording modes to maximise the
number of tracks you can use and to make better
use of available hard-disk space, but I've always
tended to stick with uncompressed recording
modes. Although compressed audio on the
VS§2480 doesn't sound much different from
uncompressed audio in the raw, I've found that
compressed audio doesn’t respond as well to
processing and bouncing as uncompressed. Yes,
uncompressed audio uses hard disk space quicker,
but all the drives shipped with the VS2480 are
falrly capacious, so this may not concern you very
much. And, yes, working with uncompressed audio
restricts you to 16 tracks, but | still find that's not
very restrictive, given that you can still run sound
sources live alongside your recorded audio, using
the input mixer.

The other quality consideration is to do with

procedures, so that leaves only the Att level
control. However, if this is already set at 0dB
you could easily clip the channel equaliser
which follows it, especially if the vocal
recording peaks near the digital maximum of
OdBFS.

The solution to the conundrum is to start
your mix by turning down all the channel and
input Att controls by the same offset amount
— a few decibels should do the job. This
leaves you the EQ headroom to create
whatever alternate mixes you like once you've
finished the main mix. It also has the
beneficial side-effect that it normally results in
the channel faders being closer to their
unity-gain positions, their area of greatest
control resolution.

Managing A Complicated
Automix

| like the V52480's Automix facilities a great
deal, and I've recently used them for some
pop-style tracks. Most styles of music,
especially those you hear in the charts, are
now quite demanding of an automation
system, so | thought I'd pass on some of the
the working methods which I've developed for
getting the best from the V52480's Automix
when the going gets tough.

When approaching a complex automated
mix, I've found that it’s sensible to set up a
basic balance for each individual song section
first, before chaining these balances together
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the effects boards. Although the VS2480's mixer
works at 56-bit resolution to cope properly with
24-bit audio, the VS8F2 processors are still only
24-bit — a result of their VS1680 heritage. This is
important to realise if you're after the highest
possible audio quality from your VS2480, and
you're working with uncompressed 24-bit audio.
Buss processing of the full mix using the internal
effects is a particularly bad idea from this
perspective, as your entire sound can potentially
suffer. This is the reason why | prefer to port
digital audio out to an external mastering
processor for the buss equalisation trick

| mentioned in the main text, and | also do the
same when compressing the mix buss. Some
might also look askance at the use of insert
effects on important tracks, as well, and | do
generally try to avoid inserted VS8F2 effects on
lead vocals if possible — not too difficult given the
capabilities of the 56-bit channel dynamics. In the
end it's a question of deciding for yourself how
much all these things matter within the context of
your own productions, but it's as well to be aware
that these questions about the VS-series sound
quality exist.

to create a rough outline for the whole track.
Finally, | concentrate on the fine-tuning:
individual fader rides, detailed parameter
automation, and special effects. My normal
mixing ‘rhythm’ is to spend the morning
doing the basic balances. After a lunch break,
I set about chaining the basic balances
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While editing automation data, if you make sure to
select the track number you're working on in the
Home screen, then that'll always be the default
selection in the Automix Edit and Micro Edit screens.

together, before working on the fine-tuning
for the rest of the day. I usually find it good
practice then to come back to the mix the
next day before printing it to my mastering
recorder, as there always seem to be a few
little tweaks that present themselves when
you listen again with fresh ears.

For the first step of this whole process,
| work on the mix with the Automix mode
switched off, using the Scene memories to
store the basic balance for each section. For
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MOBILE
CX PLUS NOW
SUPPORTS PENTIUMM
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the mov

Musicians need computers to perform!
Our Centrino CX Laptops give far longer
battery life AND still deliver stunning

audio performance!

With this lightweight new technology, featuring the Pentium
M processor - double the amount of processing is carried out
at each clock cycle, thereby reducing energy use and heat
generation. So, longer life and quieter operation!

For ultimate processing power why not go for our top of the range
Dothan system. This chipset can handle Pentium M processors up

to 2.0 GHz, appx the same processing power as a Pentium 4 “Millennium’s technicians have done a fine job

4,0GHz! Call or go online for more details. here and it's good to know that you'll be ready to rock as soon as you
take the machine out of the box” Future Music, September 2004

Model shown CX15 plus

From dream fo realirg..Wehniﬂh make it happen!

. Guaranteed 1 year parts and Troubleshooting,
Purpose built, to perform as Expert, insider labour warranty, Brand-leading telephone support
in house specified, knowledge 3 year hardware components ' and remote

first time warranty available diagnosis
i FROM '
MusiCube £549.99 Xeon PG Power!
We proudly present y
the MusiCube system. Ultra fast performance with

ocurXeon dual processor PG.

Our new Xeon PC
system has the power to
cope with even the most
— | demanding session!

A powerful Pentium based music and
video editing PC housed in a stylish,
space conscious case configured
in-house to exacting standards.

o Base onianes Otudio ol proceaser
Tower to the same Hack technology, our Xeon
exacting system raises the bar
svstem standards as SVStem in PC performance
in IOUr towerand FEERIVEIG standards while giving the audio EROM
aptop systems professional the power and reliability of server
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There are some parameter PRi_00000 909 000 o¢
changes you might make while ASSIGH -— —_—
setting up Scenes of your basic 1 _ouxS | AUXE SETTING
section balances which can’t be EFFECT 1 POSITION BUS LINK I
captured by the Automix engine PO1T: LSt
~ these include adjustments :
to the channel dynamics '
processors, the assignment ENTER) ~ (EXIT §
of busses to send effects (top < :
left), and the stereo linking N
of busses (top right). This <

means that you have to keep
a note of any such changes
you make as you go along so
that you reinstate the most
up-to-date settings before
you begin the Automix.
Scene zero can make a handy
location to store the final
pre-Automix setup.

example, a pop song
structure might have
Scenes for verse one,
verse two, chorus one,
verse three, chorus two, the middle section,
verse four, and the final Choruses. | find it
best to work on these sections in order of
importance (in other words, | usualty work on
the choruses before the verses), so that | can
make sure | don't over-egg a part that isn't
that important. Simifarly, | try to balance later
sections before earlier sections (in other
words, | do chorus three before chorus two). If
you mix from the beginning, there’s a danger
that the energy of the mix will peak too early,
and you'll have nowhere left to go in the final
choruses.

1 won't get into specific balancing
techniques here, as there are plenty of SOS
articles on the subject, although as a basic
rule of thumb | try to add tracks to the
balance in order of importance. That way,
| end up processing the rhythm guitar to fit
the vocal, rather than the other way around.
Another general point | ought also to mention
is that it's worth spending enough time on the
most important section balances. These form
the backbone of the mix, so if you don't get
them right at the outset you'll make yourself
a lot more work later on. For example, if you
muck up the balance for your final choruses,
and then base the earlier choruses on that

-
Z
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balance, you'll have to change all of the
chorus Scenes to sort out the problem, rather
than just one.

Transferring Scene Data
To Automix Data

Once you've created Scenes for all the main
sections of your mix, you need to transfer
these to the Automix engine. The thing to
bear in mind here is that Scenes store
information which an Automix doesn't. There
is no Automix function for controlling the
channel dynamics, signal
routing, or stereo linking, so ary
such changes you make while
creating the Scenes have to be
kept in place for the Automix to
sound right.

Let’s say, for example, that
you have already created the mix
Scenes for your song’s choruses,
but you then decide you want to
set up a flanger on a spare
auxiliary send for the verse. The
change in the input assignment
of the flanger's effects-return
channel won't be carried out by
the Automix, so you have to

make a note of it and make sure that it's
properly set up before you switch to Automix
mode. You could do this on a scrap of paper,
as there aren't usually many such changes,
but | just use another spare Scene memory

(1 usually choose Scene number zero) to store
the final routing which | require at Automix,
updating it as and when any routing changes
are made for any of the other Scenes. That
way, before | go into Automix mode | can just
switch to Scene zero to avoid the sound of
any of the song sections changing when they
are chained together by the automation.

Transferring the Scene data into Automix
data is simplest if you want the settings for all
the mixer channels and busses to change
simultaneously at exact section boundaries.
Switch on Automix mode by pressing the
Automix button — it'll light up. Arm for
automation all the channels and busses that
you have adjusted when creating your Scenes.
You can do this quickly by holding the
Automix button and pressing Ch Edit buttons
until they turn red. (You will probably have to
repeat this process for the four different
banks of fader assignments.)

Next hold Shift and press Automix to get
directly to the main Automix page in the
Utility menu. Quickly double-check that all the
correct channels and busses have been
armed, and then choose the parameters you
want to record. You'll probably want Level,
Pan/8Bal, Mute, and Aux Send enabled for most
mixes. I'd only bother enabling EQ or InsFXLvl
if you've altered them between scenes,

Holding the Automix button and pressing Ch Edit is useful for quickly
setting the Automix status of individual mixer channels. You can also
use this technigque to ‘punch in’ on recorded automation, but in practice
the V52480 responds a little too sluggishly when you try to do this.

Roland VS-series reviews in SOS

* VS880 Digital Multitracker & VS8F1 Effects Board: March 1996
m www.soundonsound.com/sos/1996_articles/mar96/rolandvs880.htm|

* VS880 V-Xpanded Digital Multitracker: May 1997
m www.soundonsound.com/sos/1997 articles/may97
* VS880 S2: CD-writing Upgrade: January 1998

m www.soundonsound.com/sos/jan98 /articles/rolandvs880.htm

* VS840 Digital Multitracker: May 1998

m www.soundonsound.com/sos/may98/articles/RolandVS840.htm|

* VS1680 Digital Multitracker: June 1998

K www.soundonsound.com/sos/jun98; articles/vs1680.html
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* VS1880 Digital Multitracker: July 2000
www.soundonsound.com/sos/jul00/articles/rolandvs1880.htm

* VS2480 Digital Multitracker: September 2001
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K www.soundonsound.com/sos/Sep01/articles/rolandvs2480.asp

* VS2480 v2 Digital Multitracker: August 2002

K www.soundonsound.com/sos/Aug02/articles/vs2480v2.asp

* V52400 Digital Multitracker: May 2003

www.soundonsound.com/sos/may03/articles/rolandvs2400.asp

* V52000 Digital Multitracker: June 2004

www.soundonsound.com/sos/jun04 /articles/rolandvs2000cd.htm
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VS2480 Tips

You'll probably already have noticed that the
VS§2480's cursor buttons act to alter the zoom

when you're in the Automix Edit and Automix Micro
Edit screens.

on the V§2480, it's possible for you to have tracks
muted or soloed without realising it — the moment

that anything is still muted/soloed is a small and

of the LCD. So if you're not hearing something that
you should be, check the top of the LCD! You can

Clear (by the Locator buttons) and pressing
Mute/Solo.

When you're working on the automation data for a

and out of the Automix Edit Screen. However, this
screen doesn't remember which track was last
selected; it follows the main track selection on the
Home screen. This means that if track six is
selected on the Home screen, then track six (or

resolution when the Shift key is held down. However,
it's worth remembering that this function also works

Because you don't get dedicated mute/solo buttons

you leave the Mute or Solo mode, the only indication

easily overlooked ‘Mute’ or ‘Solo’ flashing at the top

quickly clear all mute/solo-button settings by holding

specific track, you'll probably find yourself dotting in

input/aux/return six depending on what automation

data you've targeted) will always be selected when
you enter the Automix Edit and Micro Edit screens.
Once you realise this, you can save yourself and
awful lot of scrolling around in the Automix screens
by selecting the appropriate track in the Home
screen.

In Mute/Solo mode, or when the Phrase
Sequencing mode is switched on, the Ch Edit
buttons stop performing their normal function of
accessing channel mixer parameters. in such
cases, you need to hold Shift and press Ch Edit
instead.

If you're planning to synchronise the internal clock
of any digital equipment from the VS2480's S/PDIF
connectors, be aware that the VS2480 interrupts its
stream of data whenever you save your project.

If you save frequently (as anyone with any sense
should!), this means that the rest of your digital
equipment will regularly lose synchronisation, and
you'll probably get a nasty click/pop coming through
your monitors at you. One of my digital processors
also seems not to like losing clock so regularly, and
has had to be repaired twice already. The only
solution to this is to clock everything to an external
word-clock generator, which is a better idea anyway,

as it will probably improve the audio quality and will
also allow you to take advantage of both the
Vv$2480's digital inputs.

It's easy to leave a track muted without realising, as
you only get a small alert message at the top of the
LCD. If you see the alert flashing at you, then hold
Clear and press Mute to unmute all channels.

P otherwise you'll have to edit or overwrite the

automation data to change their settings once
Automix is switched on, rather than just being
able to grab a control. EQ automation has
often caught me out while mixing on the
VS2480 — forgetting that I've set up
automation for a channel’s EQ, I'll tweak the
controls while the track is playing, only to find
that the curve reverts to its stored Automix
settings when | stop the transport!

If you're planning on automating effects
algorithm changes, I'd leave that until after
you've done everything else, so leave the
Effect buttons at the bottom left-hand corner
of the screen set to Manual status for the
moment.

For the next stage of the process the order
is vital — if you do things out of order you'il
find that your Scene settings won't transfer
into the Automix properly:

« Hold the Automix button and press Record.
This starts the Automix recording, and
‘Automix Rec’ flashes at the top

you've already got Markers set up. | like to
have a Locator point set up for each main
section of the song, the Locator numbers
corresponding to the Scene numbers I'm
using for those sections.

« Select the relevant Scene for the section
you've moved to the start of.

« Hold down the Automix button and press
Tap. This records the Scene’s parameters as
an Automix snapshot.

= Repeat the previous three steps for all the
song sections you've created Scenes for.

« After storing the final Scene’s parameters,
hit Play and then quickly Stop. This will exit
Automix recording while also retaining the
last snapshot you stored. If you just press
Stop, without pressing Play beforehand, all
but the last snapshot will be saved.

Things get a bit more complicated if, say, an
instrument has a pickup to the Chorus that
overlaps the ending to the previous verse. The

of the LCD.

« Move the current time location
to the beginning of a song
section. You can do this by
almost any means, as long as
you don't use the Play or Stop
buttons: using the Shuttle collar
around the data dial; using the

data dial itself if you move back
to the Home screen and place
the cursor on one of the fields
of the main time display; or
using the Locator buttons or the
Previous and Next buttons if

82 SOUND ON SOUND ¢ january 2005

=] [ L

thing to do in this case is to go through the
Scene-transfer process for groups of tracks
which have their song boundaries in the same
places, which takes a little longer. Once
you've transferred the Scene settings for each
set of channels, change their Automix status
to Read by holding the Automix button and
pressing the Ch Edit button until it turns
amber. If you're planning to automate any
effects-algorithm changes, it's also best to do
these on a separate pass — that way you can
stagger the algorithm changes with regards to
the song-section boundaries in order to avoid
problems such as delay or reverb tails being
cut off unnaturally.

Fine-tuning Your Automated Mix

One of the missed opportunities of the
automation system in the V52480 is that you
can't use its controls to ‘trim’ existing
automation data in the way you can on more
advanced automation systems. This is a
shame, because it means that it's rarely
practical to do anything but the first
automation pass using the faders. The
*punch-in’ facility is also a bit of a kludge given
that the V52480 doesn't have touch-sensitive
faders: firstly, you need to hold Automix and
press the Ch Edit button at the same time,

The facility to create very detailed automation envelopes in
the Automix Micro Edit screen has a lot of creative uses.
Here I've programmed a series of very short gain ‘spikes’ to
emphasise drum transients — this creates an effect similar
to that of SPL's Transient Designer. Although it takes a
little time to create such automation envelopes, you can
then easily copy them to where they’re needed.
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Cubase st

which is a bit of a juggle when you're also
wanting to move a fader; and, secondly, the
fader motor is sluggish in letting go of the
fader, so it tends to fight you for the first
second or so. I've even tried to use the Utility
menu’s Marker Stop to accurately re-record
sections of the Automix data, but to no avail
the Marker Stop function seems to fool the
system somehow so the fader moves aren't
recorded.

For me, the upshot of these Automix
limitations is that | end up approaching the
automation process much as | did back on my
old V5880, which means that | create most of
my small-scale automation adjustments by
a series of snapshots, adjusting parameters
from the rotary encoders or the data wheel for
the sake of accuracy. A side-effect of this is
that things therefore stay simple enough in
the Automix Micro Edit screen for it to be
useful.

The automation editing commands on the
V52480 are also a great help, especially for
doing the kind of level trimming that isn't
possible via the hardware controls — let’s say
I've not de-essed enough via an automated
channel EQ, it's a simple job to just increase
the relevant EQ cut settings for the

| § 4 4 O

whole track.

A nifty thing that the automation editing
also lets you create is effects which closely
resemble dynamics processing. For example,
I've managed to give drum sounds extra
attack by creating an SPL Transient
Designer-style gain spike for the first few
milliseconds of each drum hit — this might
seem an incredibly tedious task, but the
automation Copy command makes it fairly
manageable if you have a regular drum
pattern.

A related technique also lets you

You're probably already aware that hotding Shift and
pressing any of the cursor keys activates horizontal and
vertical zoom functions in the main track display window.
However, this also works in the Waveform Display, Automix
Edit, and Automix Micro Edit screens.

re-balance mixed drum tracks, which I've
found incredibly handy on occasion, and this
is especially easy to do if you're working with
a loop. Set a stepped pattern of fader
automation data to adjust the loudness of the
different hits, and then copy it to each
instance of the loop. In fact, you could even
automate the EQ as well if you have a serious
‘remixing’ job to do. When you get down to
automating on a small scale, it's incredible
what kinds of creative effects you can
achieve: tremolo, auto-panning, and de-essing
are just some of the simpler possibilities.

V-Studio Wizardry

That's enough to be getting on with for this
month, but look out for the next instalment of
VS2480 tips, where I'll be taking a close look
at the some of the weird and wonderful things
you can do with the onboard VS8F2 effects
boards, as well as passing on some editing
and routing tricks. E&=

Buy it.
Install it.

¢ Fuli file compatibility with Cubase SX and Nuendo * Unlimited number

FProduce.

For the first time, it
really is as simple as
that. An ideal unison of
music-making
hardware and software
Cubase System|4d is
the integrated system
for music production

and audio editing.

Creativity First
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It sounds like an amazing
deal — endless-rotary and
(even more incredibly),
moving-fader controllers
for well under £200 each.
But have Behringer gone
a price-cut too far this
time?

he past few years have seen an
T explosion in the number of affordable
MIDI controller boxes available on the

market, at prices that would have been
unthinkable a few years ago. Inevitably, there
is now a range of products at a variety of
prices, from handy little boxes that feature
just a few knobs or small faders in compact
packages for the same price as a budget
soundcard, right up to moving-fader
assignable control surfaces that cost more
than a computer. And as in any competitive
market, manufacturers keep bringing out new
controllers that offer more functions and
features at prices that seem astonishingly low
— until the next price-lowering development.

Behringer are the latest company to throw
established controller price conventions on
their head. Their first steps into products
specifically aimed at computer users are two
cross-platform USB-equipped MIDI controllers
— a logical move. The BCR2000 features no
less than 32 rotary encoders, plus a host of
assignable switches, and retails for just £140.
The second unit, the BCF2000, offers eight
faders, plus eight rotary encoders and loads
of switches, for just £180. That's still good
value, but you might be curious about a price
difference that buys fewer simultaneously
useable controllers. Well, that extra 40 quid
buys you eight 100mm motorised faders,
which | think is unheard of in this price range.

Description

Both the BCR and BCF have identical
dimensions and overall shape. They even
share a raised row of rotary encoders and
switches across the top, a four-digit LED
display and a strip of edit and assignable
switches down the right. Operation is so
similar for both units that Behringer have
produced just one slim manual for both units
(as usual with Behringer, other European
languages are supported with multiple
translations). A glossy four-page ‘preset’
Jeaflet is the only documentation specific to
either controller box.

There is more documentation available
from Behringer's web site as PDF files, and
some of it is rather useful. It would be nice if
this material — plus drivers and some further
extras — were packaged with the controllers
in future on CD. Though both devices will
work with Mac OS X and Windows XP straight
out of the box, Behringer recommend their
dedicated drivers for Windows users. Once
again, these are only available on line.

A mains lead and USB cable are included in
the box, which is very thoughtful.

The knobs that populate the raised
front-panel section of both controllers (and
the whole front pane! of the BCR) are in fact
endless rotary encoders: they have no end
stops, and their current position is indicated
by a ring of LEDs that surround the encoders.
The LEDs not only let you know where you've
moved a given parameter to, but also change
to reflect a parameter’s position when you
switch between presets or banks of controls
in your host software. In addition, each of the
eight encoders on the upper raised section is
actually a push encoder: they can have a MIDI
parameter assigned to their left/right
movement and also to their push state. Two
rows of assignable buttons, each with its own
integral LED, finish this section of the front
panel. In most standard mixer controller
configurations, you can expect these controls
to function as pan pots, and Mute and Solo
switches. To this end, it might have been nice
if the two rows of buttons had different colour
LEDs; the integral LEDs in both rows are red.

The four-digit display indicates the
currently selected controller assignment
preset — there are 32 on both B-Controls — or
edit parameter/parameter value, depending
on what you're up to. The display reflects as

* Amazingly priced.

* Motorised faders (on BCF)

* Loads of knobs (on BCR).

* Good profile support from Behringer via their
web site.

* Good emulation options.

* Somewhat insubstantially built, although this
isn‘t surprising at this price.

* Limited onboard memories.

* Some useful documents and drivers are only
available on line.

Any niggles about build quality aside, these
boxes work well, and are great value, the BCR
especially: it's the cheapest, and offers such an

impressive number of encoders!

best it can with four digits on-screen changes
in host software, too. Below the display, four
buttons labelled ‘Encoder Groups' switch the
top row of encoders, so that per preset there
are actually 32 push encoder assignments, in
four banks. | also expected the two rows of
buttons to be grouped, but they aren't: there
are just the two rows of eight for each preset.

Moving downwards, we encounter activity
LEDs: each of the rear-mounted MIDI sockets
can be monitored in this way (there's an In, an
Out and an Out/Thru), as can each of the
rear-panel sockets where foot controllers can
be attached. On the BCR, these are configured
for two footswitches, while on the BCF, they're
configured as a switch and a continuous
controller jack (for a volume pedal, say).
Returning to the front panel, the System
buttons are next, below the Activity LEDs, and
they are not assignable. You press Store to
save an edited preset, hit Edit to go into Edit
mode, and Exit gets you out of Edit or Global
mode (accessed by pressing Edit and Store
together). The Learn button makes light work
of controller assignments by letting you
simply move the on-screen control you want
to assign. Below these are the up/down preset
selection buttons, and last of all are four
further buttons that are fully assignable: they
tend to be set to control sequencer transport
functions in factory presets.

Spot The Difference

So much for the similarities between the BCF
and BCR — what about the differences? Well,
as is pretty obvious, the BCF2000 offers those
eight motorised faders, and the BCR2000 is
equipped with three rows of eight rotary
encoders, again with position indicated by
a ring of LEDs. A word about these 24
encoders: unlike the ones along the raised top
section, they are not push encoders, and the
build quality of the B-Controls doesn't feel up
to heavy testing of this point! If you press too
hard on an encoder, it may well break.

Operationally, the two units are obviously
similar — as the identical manuals suggest
— and which one you choose depends on
how you like to work. If you absolutely prefer
faders, then the BCF will be the one. But if
you're not bothered, or find that knobs suit
your approach to on-screen control, then
having 32 controliers in front of you without
any kind of bank switching will be attractive.

The MIDI connections are rather more
flexible than you might at first think. When
a B-Control (either one) is connected via USB
to a computer, these connections can function
as a basic MIDI interface, either
one-in/one-out or one-in/two-out, depending
on which operating mode you're in.

In addition, it's not even necessary to
connect the controllers to a computer: if you
want hardware control over a workstation
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BEHRINGER BCF2000 & BCR2000

synth or sampler or some sort of
MIDI-equipped rack gear, then the Behringers
will happily work via MIDI only. The same
goes if your computer lacks USB, or free USB
connectors — provided you have the spare
MIDI I/0 on your main interface, you'll still be
able to hook up the controllers and use them
fully. Practically all features available to the
B-Controls when interfaced to a computer are
available in stand-alone mode. You'll have to
create most of your profiles from scratch,
though, or at least until the B-Control
community grows enough for users to start
sharing their work. But perhaps you could be
in the vanguard of that community!

Rather neatly, two B-Controls can be linked
together via the MIDI sockets, set to a specific
operating mode and then connected to your
computer via a single USB cable. Two units are
recognised, and there’s even a MIDI Out free
for your host software to access — a pretty
efficient way of cabling.

In general, both B-Controls have one small
problem, and that’s in the area of labelling.
Even though 32 presets isn't a large
complement, it stilt represents a huge number
of assignments. A single BCR2000 preset, for
example, has a potential 110 individual
assignments. This leaves us with trying to
keep track of what knobs or faders are doing
what in which preset. Behringer help a little,
with slim scribble strips running across
various bits of the front panel, but these are
only good for one set of assignments. The
alternative is to photocopy the supplied preset
sheets (or print out the PDF equivalents) and
write assignments out by hand.

Profiles & Editing

Out of the box, the B-Controls are loaded with
a few handy ready-made presets, and there
are plenty more available for download at
Behringer's web site. For example, one preset
lays out all continuous controller numbers
from 1 to 94 (on the BCF) and 1 to 110 (on the

BEHRINGE R
MOOEL CF2000

\J\J\/

8-CONTROL »
BCFE200

o/ (e,

. ((b

Although this is the back panel of the BCF2000, the rear panels of both units are identical, with the exception that
the BCF2000 has one continuous footpedal jack and one footswitch jack, as shown here on the right, while the

BCR has two footswitch jacks instead.

BCR) on MIDI channel 1. Another functions as
a simple mixer. The Banks for the eight raised
push encoders allows them to function as
controls for Pan, Balance (for stereo channels),
Effects send 1 or Effects send 2. The BCF then
has eight level fades, obviously, but the BCR
in this preset adds control over two-band EQ,
since it has two extra rows of controllers per
preset. As expected, there is even a General
MIDI/GS/XG control preset, but the most
interesting profiles are to be had from the
company’s web site. This should be your first
stop before trying to create your own presets.
Nearly every device within Reason has

a profile, as do most Native Instruments
products. Cubase SX is covered, as is Apple’s
Logic and Cakewalk’s Sonar. All you need is
some sort of SysEx utility with which to send
the data to the controllers (the same goes for
B-Control firmware updates; they're SysEx
dumps, though PC users can use a handy
custom Behringer update utility).

But eventually there will come a time when
you want to create presets from scratch. It
isn’t that hard; the job can feel a little
cramped, due to the small display, but when
editing, the push encoders double up for
choosing data types and values, MIDI
channels and so on. Even so, the easy option
for most assignment tasks remains the ‘Learn’
mode: just tweaking a parameter on your

The Next Stage: The BCA2000

If you're thinking, like me, that the logical step
beyond these two USB-equipped MIDI controllers
is to add audio interfacing to create a composite
front-end system for a music computer offering
audio 1/0 and extensive MIDI-control facilities,
then we're thinking right on Behringer's
wavelength.

The B-Control Audio BCA2000 wasn't yet
available as | concluded this review |[it turned up
at SOS just as we were going to press — Ed), but
will be one of the few USB 2.0-equipped
multi-channel audio interfaces on the market, and
also offers basic one-in, two-out MIDI interfacing.

The audio side is quite well thought-out, with
a choice of analogue sources: one
high-impedance guitar input is joined by a pair of
phantom-powered mic inputs and a stereo line
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input pair. Only three analogue inputs can be
used at any one time, but they can be treated to
simple dynamics processing, in the shape of

a noise gate and limiter.

Digitally, the interface is equipped with optical
and co-axial connectors, but is compatible with
ADAT, S/PDIF and AES-EBU formats. There are
apparently surround monitoring options, too. In
total, the interface can handle eight input and
eight output audio channels simultaneously.
Metering is well-thought out, as are the
monitoring options. Behringer promise low-latency
ASIO 2 and WDM audio drivers.

Fidelity fans will welcome the 96kHz 24-bit
convertors, and wallet-watchers will breath a sigh
of relief at the proposed retail price: £180. Watch
out for a review in SOS soon!

target MIDI application sends the necessary
information at the B-Control, ready for capture
and assigning to the fader, encoder or button
of your choice. Of course, there's some
software that lacks MIDI Out, in which case
you'll have no choice but to go about the
process manually. Propellerhead Reason falls
into this category, but it's very well supported
on Behringer's web site.

Nearly any MIDI data can be be learned or
manually input and assigned to any control:
program changes, control changes, MIDI
notes, pitch bend, MIDI Machine Control,
NRPNs, SysEx strings and so on. And if you
think creatively, you should be able to
assimilate the control concept both in the
studio and when playing live. For example,
you could trigger samples or loops, control
hardware sequencers, use the faders on the
BCF as drawbars for software or hardware
organs, play MIDI-equipped lighting rigs, and
so on. B-Control parameters can be
customised as to how they respond, too. For
example, when assigning an encoder to
a parameter such as pan, the LED ring lights
solidly as you move the encoder right or left.
You could also simply choose to have one LED
light at a time as a parameter is moved. Just
remember to store your work once you've
finished editing!

If you check out the box on the final page
of this review, you'll find another alternative
in the shape of the recently released (and
free!) BC Edit application. With this on your
computer, there's no need to edit the
B-Controls in any other way.

Recent updates to the B-Control firmware
(from v1.06 upwards) have introduced
a handful of rather interesting control options
— though at the moment, this applies to the
BCF2000 only. By pressing the correct buttons
during power-up, its possible to convince the
BCF that it’s a Mackie Control for Steinberg
Cubase SX and Nuendo or Cakewalk Sonar,

a Logic Control for Apple Logic, or a Mackie
Baby HUI for various applications, including
Pro Tools and Cubase SX or Nuendo. When
emulating these other controllers, the BCF has
very similar functionality, with banks of eight
mix control channels changed by the preset
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BEHRINGER BCF2000 & BCR2000

up and down buttons. In Pro Tools LE, for
example, level-riding, pan, solo, mute and
track-arm functions are supported, along with
basic transport operations.

In Use & Conclusion

First impressions of the B-Controls are good:
they're a nice chunky size without being too
big, there’s loads of rooms for fingers
between knobs and faders, and delays
between control moves and on-screen action
were undetectable in my tests. The faders feel
good if a little flimsy, and the encoders move
well, with great visual feedback from the LED
rings. Closer examination leads one to the
conclusion that the packaging is a little
plasticky, but bearing this in mind should lead
to a long and happy working life. | mean, | can
be impressed by build quality as much as the
next guy — for example, CM Labs’ Motormix
is a wonderful piece of hardware, as well as
offering an amazing feature set. But | remain
drawn to any piece of equipment that does
the job of something listing at £600 for well
under £200. The nearest competition, for the
BCR at least, may well be Doepfer’s Drehbank,
with 64 knobs on board (and 128 controllers
available via banks) at a price of around £275.

It's very hard not to like the B-Controls,
and though price alone will ensure them a big
slice of the MIDI controller market, their
functionality is such that even demanding
users won't be disappointed. The integration
with software is exactly what most of us
need, both in terms of simple control and
editing and for recording complex mixes or
parameter changes into a sequence. Although
it can take a while to get used to which
controls govern which on-screen elements in
certain applications — Reason's Subtractor
synth, for example — being able to access all
those parameters at once is highly welcome.

Editing the BCR and BCF from their front
panels is reasonably acceptable, though the
‘learn’ function and free editing software
mean that most of us won't have to in most
situations. It remains reassuring to know that
the process is as straightforward as dealing
with MIDI bits and bytes can be, though.
Behringer seem committed to supporting
these devices, with all those on-line
documents for free download. Still, it would
be nice to see some of this material collated
onto a CD supplied with the controllers

Test Spec

MAC REVIEW SYSTEM

* 450MHz Apple Mac G4 with 896MB of RAM
running Mac 0S v10.3.5,

PC REVIEW SYSTEM

* 3.06GHz Pentium 4 PC with 512MB of RAM
running Windows XP.

* Behringer BCF/BCR2000 firmware version
reviewed: v1.07.
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Free Editing Software

SERIES EDITOR

Behringer's free BC Edit software is a Java applet that'll run on any Java-equipped computer. Though
currently a beta release, it offers great functionality and seems stable.

Editing the B-Controls from their front panel is no
great hardship — the ‘learn’ option makes the
process fairly painless. The display is small,
though, and keeping track of controllers with no
way to physically label them can be tricky. This
sort of thing is always easier with a software
editor, and Behringer apparently planned such

a thing from the start. While | was finishing this
review, BC Edit v0.2 beta 3 was released. The
most surprising thing about this free editor is that
it's a Java applet, and will thus run on any
platform with a compatible Java environment. It
doesn’t matter whether you're a Mac 0S,

themselves.

My wish list isn’t that long: offering a few
USB outputs might have been a nice gesture,
adding hub functionality to what is already
a great package. A Snapshot mode would
have been good, too, especially when using
the B-Controls in stand-alone mode with
hardware instruments, or when working live
(that said, something like this option can be
achieved when switching presets). | do wish
that all controls could be switched to four
banks worth of assignments, not just the top
eight push encoders. And perhaps 32
memories won't be enough for some users.
The non-computer using community — it does
exist' — will have to find other solutions if
they need more presets than the onboard
memory will supply.

My concerns regarding the wider potential
of the B-Controls were addressed by the
firmware updates that appeared during the
review. It's great that dedicated presets are
available for popular sequencers and software
synths, but anyone with experience of the
more upmarket hardware controllers and the

Windows or Linux devotee, the editor will work.
The early version | used was functional, if a little
bit clunky, though that is probably down to Java
more than the Applet itself. All encoder, button
and fader assignments can be customised with
a basic but clear graphic display (and that
includes managing the four possible banks of
controllers). Sets of presets can be saved to your
hard drive, and moved to and from any attached
B-Controls. There's even a hint in the user guide
that the software may become compatible with
‘future MIDI controller products’. We await
Behringer's forthcoming news with interest!

way they integrate with software might have
felt that they were missing something. The
new emulation modes deal with most of these
issues, allowing the BCF, at least, to control
sessions of any size in the major sequencers.
As a person with an increasingly virtual
musical life, | find versatile hardware
controllers such as these increasingly
attractive. | may enjoy my streamlined
computer-based studio, but | often miss the
hands-on control offered by reat synths and
real mixers. Neither of Behringer's new
controllers takes up much desk space, and at
these prices, they are pretty unmissable. If
you're canvassing the market, as | am, then
our choice has just become a lot easier. E=

information |

BCF2000, £180; BCR2000, £140.
Prices include VAT.
[l Behringer +49 2154 9206 6441.
@ +49 2154 9206 321.

n support@behringer.co.uk
www.behringer.de
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handler is an American company, based

in lowa, which builds mic preamps and

related products. Now you might be
thinking ‘So what? There are hundreds of
companies making mic preamps.’ However,
there are relatively few companies building
accurate vintage designs, and even fewer
making units based on vintage transistor
designs — and most of those are Neve
replicas anyway.

Vintage EMI Design

Chandler are a little bit different because they
specialise in creating a range of vintage
preamps, compressors and EQs based
entirely on authentic British EMI circuit
designs dating back to the late 1960s. These
were used in the first of EMI's transistorised
consoles — the TG series — which
throughout the '70s and '80s recorded such
well-known acts as the Beatles and Pink Floyd
at the world-famous Abbey Road Studios in
London. But Chandler also go beyond simply
using the same circuit designs — they also
use the same custom-wound transformers (or
as close as it is possible to get), the same
hand-wired construction practices, and
all-discrete circuitry.

The subject of this review is the Chandler
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Chandler TG Channe

Recording Channel

This new mic preamp and equaliser unit uses '60s EMI
designs to recreate some of the classic sounds.

TG Channel, an all-new single-channel model
contained in a 1U rackmount unit. It
combines the preamp and output stages of
the Chandler TG2 preamp with a passive,
inductor-based three-band equaliser circuit
borrowed from the mastering version of the
TG console.

* Full, rich, and airy vintage sound.

* Great ergonomics, simple controls.

* Smooth, musical, and flexible EQ

* Hand-wired and well built.

* Classic transistor circuitry with passive EQ.
* Transformer input and output.

* No level metering or peak overload indicators.

* No function-switch indicators

* Phantom power available on line input

* Separate PSU, with lack of insulation on mains
terminals.

A single-channel mic preamp and EQ based on the
classic EMI TG-series console electronics made
famous in the 1970s. Hand built to high
standards, the Chandler Channel invokes a

recognisable sound character while allowing
precise tonal control and shaping

The power supply is a completely
independent 1U half-rack box which is priced
separately — it can power two Chandler
Channels, which increases its
cost-effectiveness somewhat. I'm not a fan of
separate power supplies, despite the
potential performance gains from keeping the
mains toroidal transformer well away from
the audio transformers. It’s a practical thing
really — it's just a pain having to find
somewhere to mount or install a separate PSU
lump. If the unit is installed in a static rack,
the separate PSU may be less of a problem,
but you still need to have access to the PSU
to get at the mains switch, which is often
inconvenient

Construction

The power supply unit is a solid nickel-plated
steel box, measuring 194mm front to back.
The front panel carries only a fuse holder and
the mains switch, while the rear panel is
scarcely more elaborate, with just an IEC
mains inlet and a pair of four-pin XLRs to
carry the DC supplies to a pair of TG Channel
units (providing +24V DC for the audio
circuits and +48V for phantom, all with

a common ground.) Mains input voltage
selection is provided via a switch on the
internal PCB.

Internally, the box is well constructed,
with a toroidal transformer occupying the left
of the case, and a PCB on the right, running
the full depth of the unit, to carry the
rectification, smoothing, and regulation
components for each of the three supply
outputs. The internal wiring is very neat, and
the hand-soldering looks very solid and
secure, but | was dismayed that none of the
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mains wiring was insulated or shrouded on
the IEC inlet, the fuse holder, the mains
switch, or the PCB. This is bad practice and
there can be no excuse, especially in an
expensive product with metal casework
everywhere.

The Channel unit itself is built in a very
‘traditional’ manner. For example, the case
has two front panels — a hidden inner panel
to which the rotary controls and switches are
bolted, and a neat outer ‘escutcheon’ which
carries the control markings. The internal
circuit board is supported by a pair of rails
running the full width of the unit, and all the
switches are wired by hand very neatly back
to the PCB. The nput transformer is bolted to
the left of the chassis near the rear panel,
while the large output transformer is bolted

LOW BOOST

10kQ in line mode.

The actual preamp stage appears to be
very simple and is claimed to be identical to
the EMI TG12428 circuit. It comprises two
complementary pairs of BC214 (PNP) and
BC184 (NPN) transistors — although a useful
proportion of the gain is provided by the
input transformer, of course. The output
stage appears to be based around another
BC214/8BC184 pair driving a pair of extremely
chunky output transistors in metal cans,
although the part numbers have been
scratched off so | can't identify them at all.
Two more sets of BC214/BC184 transistor
pairs are used to provide the make-up gain in
the passive EQ stage, which incorporates
three large ferrite inductor coils. All of the
front-panel rotary controls are switches

“This is a well-built channel unit with a versatile front end
and a marvellous EQ section. Transparent is not a word
that can be applied here, but the TG Channel’s
characteristics are nothing if not flattering and musical.”

to the right of the chassis — both custom
devices supplied by the UK manufacturer
Carnhill,

The PCB is relatively large, with everything
being well spaced out to minimise
component interaction, supplemented with
a screening ground plane all over the top
surface. The rear panel carries only three
XLRs. The usual three-pin input and output
socketry (the single input socket
accommodates both mic and line-level
signals), plus a four-pin male socket for the
DC power feed from the separate PSU. There
is no power switch on the TG Channel unit at
all. A sealed relay is used to switch between
mic and line input levels. When in mic mode,
the input socket presents a standard 2.4kQ
nominal input impedance, which increases to

except the Output level control, which is

a normal potentiometer, and most have
resistors wired directly across their terminals
— again in the ‘traditional’ way. All in all, the
Chandler Channel is very nicely constructed
indeed.

Controls

The control knobs are all classic black
pointers and, combined with a quartet of
chunky white buttons and clear, simple white
and yellow legends on a dark grey panel —
altogether they make for a wonderfully
understated vintage look. Everything feels
very solid and reliable, and the overall
impression is of a high-quality product. The
first control is the gain switch, marked in
yellow to offer -15dB to +55dB of gain in 5dB

CHANDLER
LIMItED

steps when in mic mode, and +15dB (marked
in white) for line mode. However, the gain
can be adjusted beyond these limits in line
mode to deliberately overdrive the input
stage if required, which will generate a lot of
(possibly useful) third-harmonic distortion —
a facility made more practical thanks to the
inclusion of the variable output attenuator,
which allows the user to maintain sensible
output levels.

Surprisingly, there is no level metering of
any kind — not even a peak overload
indicator — but the Channel has a huge
headroom and very high output capability, so
optimising the gain structure is not overly
critical. The maximum +55dB of gain may not
sound like much — especially when the
Chandler TG2 offered 75dB from the same
circuit — but this is intentional. The EQ stage
provides for considerable amounts of bass
and treble boost, and so in practice the input
gain is likely to be less than might otherwise
be the case in a straight preamp. It was also
found in the Chandler TG2 that the high
preamp gain and lack of an input pad often
caused problems when close-miking loud
sources with high-output mics. Consequently,
the Chandler Channel provides less
maximum gain and up to 15dB of attenuation
to be incorporated in mic mode at the
left-hand end of the gain control.

When pressed, the four independent
latching buttons provide 48V phantom
power, polarity (phase) reverse, line input
mode, and insertion of the EQ circuit. None of
the switches have indicator LEDs and it can
be hard to tell what condition the unit is in if
both switches in each section happen to be in
the same state (ie. both pressed in or out).
| was also concerned that the phantom power
switch remains active even when the line
mode is selected. Some solid-state line output
stages can be damaged or destroyed if they
receive 48V phantom power, and if this was
my unit | would modify it immediately so that
the phantom supply was wired through the >
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CHANDLER TG CHANNEL

Power for the TG
channel comes via a
dedicated external
PSU unit, the internals
of which can be seen
here. The voltage
selector switch is at
the top left, and on the
right-hand side are the
uninsulated mains
wiring connections.

P> spare bank of contacts on the adjacent

line switch. In that way the phantom
power could only reach the XLR socket
when the unit was in the mic input mode.
This is such a simple and obvious
modification that I'm surprised no one at
Chandler has already thought of it! Can

I claim a designer's commission fee?

The Output rotary control is the only
continuously variable control an the entire
machine — all the rest are switches — and
it replaces the fader of the original TG
consoles. it is scaled simply from zero to
10 and is located in the circuitry between
the input and output stages. Sa not only
can it be used to provide fine level control
between the 5dB input gain steps, it can
also keep the peak output level under
control even if the input stage is driven
unusually hard as an effect. The input gain
calibrations are correct when the output
control is fully open (ie. the maximum
clockwise position).

The Equaliser

The EQ stage is a three-band
semi-parametric design, and each section
has its own Off mode at the left-hand end
of the frequency-selector switch so that
unused sections can be bypassed. The
first section provides high boost, with
gain ranging from 0dB to +18dB in 2d8
steps — there is no high-cut option. This
may sound a little restrictive at first, but in
practice it is unusual to need to reduce the
high end — you almost always want to
turn it up!

An even more unusual feature is that
the frequency selector also changes the
shape of the EQ curve. At the higher
frequency settings, which are all marked
in yellow (16, 12, 8.1, 6.8, and 5.8kHz)
the section acts as a high shelf, using only
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capacitors in the circuitry. However, at the
lower frequency settings (3.9, 2.2, 1.8,
and 1.2kHz, all marked in white) it acts as
a peaking bell equaliser, using both
capacitance and inductance. Not only does
the shape of the EQ curve change, but so
does the sound character — it's a subtle
but useful distinction. In addition, the
bandwidth of the bell curve can be
adjusted between high and low Q values
via a small toggle switch, although the Q
also reduces automatically (ie. the bell
curve gets sharper) with increasing gain to
make the EQ more selective as it is turned
up.

It might sound rather complicated, but
in practice the arrangement works very
intuitively, doing exactly what you would
expect of it. When boosting higher
frequencies for added air and sparkle, the
shelf option is the appropriate mode, and
when boosting the upper mid-range to
pull out some specific harmonic character
of a sound, the bell response allows
precise control. If you should need a lot of
gain to really pulba sound out of the mix,
then you'll also want a narrow bandwidth
to ensure accurate control — so all in all
these controls just work wonderfully well!

The mid-section affects the lower
mid-range frequencies (350, 400, 500,
600, and 700Hz) but provides only cuts of
up to 20dB in 2dB steps. Again, it may
sound restrictive, but the higher
mid-range frequencies can be boosted
with the high boost section if required,
and in the range covered by this section
level reduction is usually required to
improve clarity — the middle part of the
ubiquitous ‘smile eurve’. Although there
are no markings on the controls, this is
another bell-shaped section employing
both capacitance and inductance

Great value

BUNDLES

Save up to 30% when you
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SONY PIOgIne

Sony Oxford plug-ins take digital audio processing to a new level, offering unparalleled clarity and precision
for music and post production applications. Conceived by the creators of the OXF-R3 large format digital
mixing console, Sony Oxford plug-ins have rapidly become the tocls of choice for the quality conscious.

The Oxford Reverb
The Oxford Reverb is a highly flexible reverberation generator, providing the user
with the highest technical and sonic performarice. Control over ALL parameters
enabres the user to creatively build a vast range of virtual spaces depending on
artistic need.
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CHANDLER TG CHANNEL

» components, and the Q of the filter varies

with frequency again, this time providing
narrower bandwidths at the lower
frequencies and wider, more gentle
bandwidths for the higher frequencies.

Finally, the low section
applies only boost again,
offering either shelving or
bell-shaped boosts for
different frequency
settings — this time both
elements are derived from
inductor-based circuits.
The shelf portion (marked
in white) is active for ol
turnover frequencies of "
100Hz and 200Hz,
providing a gradual slope
over a very wide
bandwidth. The gain can be
increased to +20dB in 2dB
steps, with the gain
maximising at
about 65Hz.

The bell section
(marked in yellow)
is active for frequency settings of 50, 70,
100, and 200Hz — the lower two being
particularly optimised for kick-drum and
bass-guitar enhancement. Once again, the Q
increases as the amount of gain is increased,
making the filter progressively more
selective. A useful addition to the fow EQ
section is a simple high-pass filter (engaged
with a toggle switch) to remove unwanted
rumbles, with a turnover of 100Hz.

The TG Channel In Use

This is a delightfully simple product to use,
with all the rotary controls providing very
clear visual feedback thanks to the large
pointer knobs and well-spaced switch
positions. There is no doubt that the unit
invokes a certain sound character, so this is
not an ‘invisible’ preamp by any means. Given
its heritage, it bears comparison with the
early Neve preamps — the transistor circuitry
and transformers stamp their characteristic
hallmarks on both marques. Like the Neve
designs, the Chandler provides that huge,
‘larger than life’ sound with a warm and full
bottom end. The mid-band has a slight but
identifiable richness too — presumably
contributed by subtle transformer and
transistor distortion artefacts.

By driving the input stage harder than
normal, the amount of distortion can be
increased in a musically enhancing way, but
unlike a valve preamp, the distortion here
tends to be mainly odd harmonics — the
infamous ‘transistor fizz". This can be used to
great effect and it is a sound character very
much in vogue at the moment, especially for
vocals. The Chandler web site refers to John

E

94 SOUND ON SOUND * january 2005

Lennon's vocal on the classic Beatles track
Polythene Pam as a good example of the kind
of harmonic distortion the Chandler Channel
produces when heavily overdriven.
Importantly, this overdriven quality is

The inside of the TG Channel itself, showing the
discrete components and hand-wiring.

easy to control, especially as a
post-production process when using the line
input. In this case, the gain can be cranked
up to over-cook the front end, and the output
gain control backed off to maintain sensible
peak output levels — much like using a guitar
amp with separate input drive and output
gain controls.

The TG Channel impressed me with its
very open and airy high-frequency sound. it
is not overly bright — although there is
certainly a hint of HF lift — and there is
nothing aggressive about the high end at all,
but it sounds far more open and extended
than | was expecting, with a kind of smooth,
almost creamy quality. | understand that the
Chandler TG preamp circuitry has a frequency
response that is fundamentally flat from
20Hz to 3kHz, followed by a gentle rise up to
16kHz, reaching about +1.5dB — a classic
‘air' response, in fact.

The preamp is impressive for injecting
character and body into an otherwise sterile
sound source — something for which the
Chandler TG preamps have already
developed quite a reputation. However,
pressing the big white button to engage the
equaliser raises the game to a whole new
level. Passive equaliser circuits have a unique
character which | suspect is to do with the
huge headroom and accurate transient
response inherent in such designs, combined
with the sonic qualities of real inductors
(rather than the far cheaper gyrator circuitry
often used in active designs). The Channel
equaliser certainly demonstrates these

qualities well, allowing considerable amounts
of boost to be applied without the results
ever becoming abrasive or grating.

The low-end boost was useful for adding
weight and emphasising the body of male
vocals, and careful selection of
boost frequency could make a ‘plain
Jane' kick drum sound truly

awesome! The ability to thin out
the lower mid-band area was very
useful too, especially on
harmonically dense signals such
as electric guitar and some
synthesiser string sounds.

| found the high-frequency
facilities more usefu! with bell
settings than with the shelf. The
preamp is bright anyway, and

few of the sources | tried

seemed to need any further
enhancement in this area.
Perhaps the shelf
boost was a more
important feature
in the days of analogue

tape recorders. However, the peaking

EQ settings in the upper mid-range were very
useful for improving the clarity of sources,
and really helped to make voices sparkle, or
emphasised a breathy intimate character
where appropriate.

Chandler Charm

This is a well-built channel unit with

a versatile front end and a marvellous EQ
section, combined with a full, rich, and airy
sound character. Transparent is not a word
that can be applied here, but the TG
Channel’s characteristics are nothing if not
flattering and musical. The EQ is sublime in
its tonal quality, allowing the key
fundamental and harmonics elements of any
source to be manipulated easily and
creatively, and even extreme settings remain
usable. Given its classic form of construction,
it's not surprising this is a relatively
expensive unit in the UK, yet it compares very
favourably to other vintage and high-end
units and offers an unusual blend of features
and characteristics. If you are looking for
something to inject real character and tonal
controllability into your recordings, this could
be just the box you have been looking

for. E=3

B 76 Channel £1643.83; power supply unit,
£117.50. Prices include VAT.

Unity Audio +44 (0)1440 785843.

+44 (0)1440 785845.

[A sales@unityaudio.co.uk

1 www.chandlerlimited.com
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be summed up in three words: All Rights

Reserved. In law, copyright owners are
granted exclusive rights in the owned work
for a set period of time (50 years in the case
of sound recordings in the EU), and these
include the right to copy the owned work and
to issue copies to the public. Yet in recent
years, computer technology has made it
possible for the public to easily copy and
share copyrighted works worldwide. The
music industry, which has felt the brunt of
these technological changes, has responded
with increasingly restrictive technological and
legal measures — think copy-protected CDs,
lawsuits against both peer-to-peer file-sharing
services and individual music fans, and
industry lobbying of governments for more
protective intellectual property laws. It's
hardly surprising, then, that there's a growing
antagonism between the industry and its

customers.

T he traditional approach to copyright can

Creative Commons chairman (and co-founder of
the movement) Lawrence Lessig.
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Creative Commons, Copyright
& The Independent Musician

As the music industry struggles to adjust to the growing
effects of the Internet on sales, even traditional
concepts such as copyright are being reconsidered. We
examine the Creative Commons movement and explain
how it could be useful to musicians everywhere.

Meanwhile, the Internet is opening up new
opportunities for musicians and other artists.
But opportunities also bring with them
challenges, and one such challenge is to
consider whether All Rights Reserved
copyright is the best way to establish a legal
usage relationship in the age of the Internet.

The Commons Touch

In 2001 a group of US Internet legal and
intellectual property experts, as well as other
interested parties, decided that a more
flexible approach to copyright was needed.
Instead of All Rights Reserved, they proposed
Some Rights Reserved. To this end, they
established a non-profit corporation called
Creative Commons (or CC) to draft a set of
licences which could be used to ‘modify’ All
Rights Reserved. The first such licences were
introduced in December 2002.

Stanford Law Professor and CC chairman
and co-founder Lawrence Lessig is an
impassioned advocate of an open creative
culture. A prominent writer and speaker on
the topic, Lessig has three books to his name,
the most populist of which is his latest, Free
Culture: How Big Media Uses Technology and
the Law to Lock Down Culture and Control
Creativity (ISBN 1594200068). As well as
being available for sale in hardback form, the
book can also be downloaded for free in
a variety of digital formats and ‘remixes’
under a Creative Commons licence at
http://free-culture.org/freecontent.

The central idea of Creative Commons is
that copyright owners can, by attaching a CC
licence to their works, explicitly and
automatically give certain rights to licensees
(ie. anyone who accesses their work) while
reserving certain other rights to themselves.
Hence ‘Some Rights Reserved'’. Creative
Commons is not about giving up copyright.
Rather it's about introducing a more flexible
way of managing the rights embodied in
copyright. So, as a musician owning the rights
to your music, you can make choices about
what others can and can't do with it.

CC licensing is not specific to particular
types of creative endeavour — the content
could be a music track, a video, a photograph,
a white paper, a manual, or a web-based diary
(or ‘blog’, as they've become known, from
‘web-log’). In some blog software, such as
Blogger and Movable Type, the ability to
choose a CC licence is a built-in feature.

An Open Culture?

Many independent music community sites are
starting to offer Creative Commons licensing.
Dance Industries, DMusic, Garageband.com
(nothing to do with Apple’s software), Mac
Jams and Soundclick have all introduced CC
licensing. For instance, tracks on Dance
Industries are made available under a CC
Music Sharing licence, while Garageband.com
offers the Music Sharing licence as an option
for all songs uploaded to its web site. Mac
Jams, which is an on-line community for users



entrepreneur Stelios

@creative
commons

Under the follo

=

Your fair use and other fghts are in ne way stfected by the above.

Haji-loannou of easyjet fame.
Stelios had a run-in with the
BPI in 2003 after his
easylnternet cafes allowed
customers to download free
music off the Internet and
burn it to CD. As a result he
decided to set up an on-line
music service. Currently
under development,
easyMusic will feature two
sections, labelled Copyleft
and Copyright. The
Copyright section will
feature All Rights Reserved

One of the Creative Commons licences available for download

from the main site,

of Apple's Garage Band software, requires
that everyone who submits a song to the
site licenses it under a Creative Commons
icence, while DMusic and Soundclick both
offer CC licensing as an option.
Soundclick, which says it sees about
70,000 track uploads per month, reports
that over 30,000 tracks were CC-licensed
during the first month the option was
available. Another site which offers
Creative Commons licensing is ElectroBel,
a web site for the Belgian underground
electronic music community. And
Streamcast Networks, owner of the
peer-to-peer application Morpheus, which
searches multiple peer-to-peer networks,
says it will make it easier for users to find
CC-licensed music.

Labels, too, are starting to utilise CC
licensing. The Loca Records and
Magnatune labels — both featured in
boxes later in this article — release
material exclusively under CC licences.
Opsound, which describes itself as
“a record label and sound pool using an
open-source, ‘copyleft’ model”, makes all
material in the sound pool available under
a CC Attribution-ShareAlike licence.
Meanwhile, Textone, which is
a combination on-line electronic music
magazine and net-based label, licenses all
its content under the CC Music Sharing
licence; their site also includes an article
titled ‘The case for Creative Commons'.

Musicians adopting Creative Commons
range from sample collagist Vicki Bennett
(People Like Us) to veteran musician Roger
McGuinn of The Byrds, who makes his
recordings of traditional folk songs
available for download under a CC Music
Sharing licence.

The latest recruit to the Creative
Commons cause is none other than

music, ie. major- and
indie-label releases, while
the Copyleft section will
feature unsigned artists,
with tracks licensed under
a non-commercial CC licence.

Permission To Sample

This year has seen the introduction of
three CC Sampling licences, specifically
devised to enable musicians to give
permission upfront for their tracks to be
sampled. Leading lights in the
development of these licences were

The Creative Commons

Licences

THE SIX ‘2.0 LICENCES

* Attribution.

* Attribution-NoDerivs.

* Attribution-NonCommercial-NoDerivs.
* Attribution-NonCommercial.

* Attribution-NonCommercial-ShareAlike.
* Attribution-ShareAlike.

THE THREE SAMPLING 1.0 LICENCES
* Sampling.

* Sampling Plus.

* NonCommercial Sampling Plus.

OTHERS

* CC-GNU GPL.

* CC-GNU LGPL.

* Developing Nations 2.0.

* Founders’ Copyright.

* Public Domain.

* Music Sharing
(Attribution-NonCommercial-NoDerivs
2.0).

In addition, under the iCommons
initiative, many countries are either
developing or have developed their own
localised versions of the standard global
CC licences. Nine countries have already
completed the process and released their
own versions, among them Austria,
Brazil, Canada, Japan and Taiwan. As

| write this, the UK is in the final stages
of developing its own i

020 7231:9661:

www.asapeurope.com

sales@asapeurope.com
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P> veteran sample collagists Negativland, who

achieved notoriety in the early '90s when they
were sued by none other than L2. | can
recommend reading the articles at

/

and
for an understanding of where the CC
Sampling licences are coming from.
Negativland led the public discussion process
in the drafting of the sample licences.
Another musician who was thinking along
the same lines and has become a Creative
Commons advocate is Gilberto Gil, who as
well as being one of Brazil's best-known
musicians, is also its Minister of Culture in the
government of Brazil's socialist President Lula
da Silva! In September, Gil played a benefit
concert for Creative Commons in New York
with former Talking Head David Byrne
— another Creative Commons advocate
— and Gil and Byrne have contributed a track
each to a CD which comes with the November
2004 edition of Wired magazine. All 16 tracks
on the CD, which also features artists such as
the Beastie Boys and Public Enemy’s Chuck D,
have been made available under CC Sampling
licences — which means that anyone is free to
sample from them. Some of the artists have
used a licence which enables commercial use,
while others are only non-commercial.

Express Yourself

Creative Commons offers a number of
licences to choose from. Essentially there are

Creative Commons & Record Labels: Loca Records

six standard licences and nine special-purpose
licences (listed in the box on the previous
page). The six standard offerings are version
2.0 licences, introduced in May last year; the
original 11 version 1.0 licences are still
available, although six of them have the same
licensing elements as the six 2.0 licences,
which update them in a number of ways.

Creative Commons licences are expressed
in three ways: a Commons Deed, a Legal
Code, and a Digital Code. The Commons Deed
is a plain-language summary of the licence
which combines icons and concisely
expressed terms to let you see at a glance
what rights are granted and what rights
reserved. The Legal Code is the document
which expresses the licences in legal terms,
which means it's wordier and uses lots of
lawyerly turns of phrase. Having said that, the
Legal Code documents are by no means
impenetrable to non-lawyers. In fact, they're
quite clearly and succinctly expressed, and
not particularly lengthy. That's good, because
you do need to read them to get a fuller
picture of the terms of each licence, including
the restrictions. But ultimately, if you don’t
feel comfortable that you understand all the
implications on a legal level of licensing work
under a Creative Commons licence, it's
obviously sensible to get a lawyer to interpret
them for you. I'm not a lawyer myself, and
this is as good a place as any to state that
nothing in this article is given or intended as
legal advice!

The third expression of each licence, the
Digital Code, is basically a machine-readable
computer file containing metadata about the
licence. You can add this to your web page in
order to display the correct button for the
licence and provide data for search engines
and other applications to pick up.

All the standard Creative Commons
licences have certain baseline rights and
restrictions in common. Every licence allows
the licensee to copy, distribute, display, and
perform the work (for example, by
web-casting). Each licence, at both the
Commons Deed and Legal Code levels, also
announces that the licensee’s fair use and
other rights are in no way affected by the
licence — in other words, the licence doesn't
offer fewer rights than are granted under
copyright law. Another baseline requirement
is that for any re-use or distribution of a work,
the licensee must make clear the licence terms
of the work in question.

It's important to understand that Creative
Commons is about enabling works to freely
circulate on a legal basis while preserving the
owner's copyright. Part of the reasoning
behind CC licensing is to put downloading
and file-sharing on a legal footing. If you
CC-license a track, you're licensing people the
right to download it and to share it over
peer-to-peer networks. What's more, the
licence for that particular track lasts as long as
the track’s copyright duration; the granted
rights can only be withdrawn from a licensee

Brighton-based electronica label Loca
Records has adopted an alternative
approach to copyright from the
outset. Formed in 1999, before
Creative Commons existed, the indie
label made its first four releases
available under the GNU GPL
‘copyleft’ licence, which is more
normally associated with open-source
software.

“It was an experiment more than
anything else, just to go through the
processes really” says label
co-founder and MD David Berry,

a musician who records for Loca
under the name Meme. Now an
enthusiastic advocate of the
open-source, ‘copyleft’ approach,
Berry has also co-authored the Libre
Society manifesto, essentially a ‘call
to arms’ against the ownership and
control of creativity by big business
interests.

“We'd all had some involvement
with the majors and got pretty pissed
off with them, so we decided to try to
do it a different way, to see what
happened. It was almost a moral
norm, we were trying to say ‘Use
this; if you want to sample it, feel

98

free. We re not go ng to hound you to
your death.””

For their fifth release, Loca moved
from the GPL to the Electronic
Frontier Foundation's Open Audio
licence. Berry then discovered
Creative Commons when he heard
Lawrence Lessig speak at
a conference in Oxford, and Loca has
switched to using the Creative
Commons Attribution-ShareAlike 1.0
licence for all its subsequent
releases.

“Essentially we were trying to get
a licence very similar to the GPL,

a sort of copyleft licence, and we
found the Attribution-ShareAlike
licence. It's a ‘viral’ licence, it states
that if you wish to use the music you
yourself have to open your muslc. It
creates an amazing domain of openly
available music that we can all use
freely. And that means It's very
unlikely that someone’s going to
exploit your work in a really horrible
way, because uitimately you can
re-use their music.”

Berry says a US open-source
compilation label have included
a track from Loca artists Maz Plant
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Out on one of their releases. “We’re
more than happy about that,
because we think it ralses the profile
both of Maz Plant Out and our label.
Part of the joy of what we're doing is
raising the profile of bands we really
like. But ultimately we’re a small
label, and we don't ever envisage
doing huge runs. We'll do our
pressing of 1000 copies and that’s
it; the release is deleted when it
runs out, and we move on to the
next one. If some other label wants
to plough 10,000 pounds into
pressing Maz Plant Out records,
that’s fantastic.”

So does Berry feel that the
Creative Commons open licensing
concept is scaleable beyond small
independent labels? “Four or five
years ago people were saying Linux
was only small-scale, but now it's
challenging Microsoft,” he replies.
“I'm not going to rule out the
posslbility of a massive open
source-based label coming along and
using Creative Commons licences so
well that they're very successful.
Obviously the business model has to
change, it has to stop being so

David Berry (aka Meme), Managing
Director of Loca Records and
Creative Commons advocate.

LocH
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draconian. The majors really do need

to rethink. Criminalising your

audience is absolutely

counter-productive.”

m www.locarecords.com

m http://creativecommons.org/
licenses/by-sa/1.0
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P We do not see this as stifling creativity in any

significant way.” Of course, the reality is that
tracking down the copyright holder can be
so difficult that it does put a brake on
sampling creativity. The Creative Commons
sampling licences aim to rectify this situation
by enabling artists to release their music
under licences which specifically allow
sampling.

There are three sampling licences
available: Sampling, Sampling Plus, and
NonCommercial Sampling Plus. All three
state in their Commons Deed that: “You are
free to sample, mash-up, or otherwise
creatively transform this work”. The Legal
Deed offers a more detailed and wordy
version of this in its ‘Re-Creativity’ clause,
but the included phrases “highly
transformative of the original” and
“substantially different from the original”
give you the flavour.

Essentially, Sampling and Sampling Plus
allow both non-commercial and commercial
use of the work (so someone can release
a track containing samples from your music
and not have to pay you), while, as the name
indicates, NonCommercial Sampling Plus
doesn’t allow sampling for commercial use.
In this case, as with the other licences having
a NonCommercial element, someone who
wants to sample a track of yours for
a commercial release would have to contact
you and come to a separate arrangement,
You can make this easier by including with
your work a URL link to licensing information
(especially as the Legal Code says any such
URL has to be included, to the extent
reasonably practicable, with any derivative
work or copies of the original work
distributed or performed by the licensee).

The only other difference in the licences
is that Sampling Plus and NonCommercial
Sampling Plus allow someone to perform,
display, and distribute copies of the whole
track on a non-commercial basis, so it can be
file-shared and used in

a non-commercial web-cast, for @ greative

instance — whereas the

Sampling licence prohibits any B

such further use of the whole

track. @
Another feature common to .

all three Sampling licences is

that the licensed Work can't be g Text

used to “advertise for or o Ed

promote anything but the work
you create.” So your music can't
be used in an ad (again, the
agency can always approach
you and come to a separate
arrangement, of course).

One label which has recently
decided to put their releases out
under the Sampling Plus licence
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is Positron! Records. All the artists on
Positron! own their catalogue rights, and
according to label boss Chris Randall all but
one have agreed to the use of the licence.
Positron! will put out their first two releases
to use the licence in late November and early
December 2004, while existing releases will
adopt it as and when they’re re-pressed.
Randall has an entry in his weblog at
www.sistermachinegun.com/
blog.jsp?month=10&year=2004 which is well
worth reading, as it gives a good insight into
the thinking of someone who has made the
move into CC licensing.

Of the remaining Creative Commons
licences, Public Domain is obviously for
dedicating Works to the public domain
(which actually means giving up your
copyright, not licensing it), Developing
Nations is for licensing only to countries not
classified by the World Bank as high-income
economies, Founders' Copyright is a way to
make copyrighted material available for the
term specified in the US’s first copyright law,
back in 1790 (14 years extendable to 28),
and the CC-GNU GPL and LGPL licences ‘wrap'
the famous open-source licences in a CC
Commons Deed and CC metadata.

To License Or Not To License?

So should you make use of Creative
Commons to license your music? Well,
there’s no easy answer to this. The purpose
of this article is to inform you of the options
that Creative Commons licensing gives you,
not to make a simple ‘for’ or ‘against’
recommendation. Obviously, you need to
have the rights to your music before you can
make a decision about any kind of licensing.
And Creative Commons doesn't magically
give you rights to someone else’s All Rights
Reserved content (so watch out when using
samples — unless they come from a release
that uses a Creative Commons Sampling
licence for commercial and non-commercial

WWIE e Workawige| Select @ country §
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The Creative Commons web site. Here you can read up on the background to the creative
commons movement, learn all about the various Creative Commons licences and which is
best suited to you, and of course download the licences themselves when you've decided.
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Links To Further Reading

COMMON CONTENT (CC-LICENSED WORKS)

http://commoncontent.org

CREATIVE COMMONS

http://creativecommons.org

CREATIVE COMMONS MUSIC SHARING

LICENCE

http://creativecommons.org/license/music

CREATIVE COMMONS SAMPLING LICENCES

http://creativecommons.org/leam/
licenses/sampling

POSITRON! RECORDS

www.positronrecords.com/cc

TEXTONE

www.textone.org

use, of course).

If the thought of anyone sharing your
music over the Internet makes you mad,
you're going to fall at the first hurdle of CC
acceptance, unless that is, the Sampling 1.0
licence strikes the right balance for you. One
point to bear in mind is that you may start
coming across CC-licensed music, and if
you're of a sampling inclination, then you
may even find tracks you'd like to sample
from. All in all, it's worth being aware of the
various Creative Commons licensing do’s
and don’ts even if you're not planning on
licensing your own music. If you're making
music as a hobby, with no particular view to
or need for recompense, you could look on
Creative Commons licensing as a great way
to make your music as widely available as
possible, on a legal basis for your listeners.
You can always provide an on-line option for
people to buy or make a donation, and
depending on the licence you choose, you
may get commercial users knocking on your
door.

If you want to make a living out of your
(copyright-owned) music, it's more
complicated. There's no hard and fast
business case for going the Creative
Commons route. If you're looking to build
a fan base, it could be
something to try. You could
always dip a toe in the water by
licensing one or two tracks.
Read the Magnatune box on the
previous page and look over
their web site. CC-licensed
music doesn't have to mean
no-pay music; also, look at the
way the NonCommercial CC
element feeds into a commercial
licensing revenue stream on the
site.

The music world is changing,
and Creative Commons
licensing could provide
independent musicians with
a golden opportunity to ride
that change. E=



Solid State Logic L%

SUPERANALOGUE

Stellar performance outboard

Logic
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XLogic CHANNEL STRIP Mic pre — 4 band parametric EQ — compressor — hi pass and lo pass variable filters — gate — full
metering — line in — DI. The exceptional SSL channel strip is taken directly from SSL'’s flagship console, the 9000K, and shares
the same signal path as the new SSL AWS900 console. Spectacular audio quality due to its DC coupled SuperAnalogue tech-
nology. The SSL mic pre takes everything out of the microphone, and is very phase coherent, with no noise, you only hear the
source. The EQ is switchable between the E-series and G-series for the best of all possible worlds. The compressor is fast and
punchy, great on vocals, the hi-pass and lo-pass variable filters really let the user bracket out supersonic and subsonic sound for
maximum headroom. The order of processes can be changed with a button push. Two microphone inputs (one front, one back),
and a separate line input give complete versatility on racking. There is also an option for a digital output board of supreme audio
quality, converting at up to 192 KHz. This board will run up to 2 channel strips for stereo. £2350.00 inc VAT
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XLogic G SERIES COMPRESSOR Threshold — attack — ratio — release — make-up gain — autofade — gain reduction meter.

The legendary SSL stereo mix compressor as used on all large format SSL consoles, and the AWS900. Also fantastic on tracking
drums and piano, this unit is stereo or mono, not dual mono. This is one of the attributes that leads to its tight stereo control.

The mix bus compressor on countless hit records over the past 14 years. £2232.50 inc VAT
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XLogic 4 CHANNEL MIC AMP 48V - phase — pad. SuperAnalogue mic pres in a multi way. Remote controllable with
separate 8 way remote. £2820.00 inc VAT
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XLogic MULTICHANNEL COMPRESSOR 6 compressors with two sets of controls and a visual side chain bias display. The
unit has 6 separate XLR I/O. The user can offset individual compressor side chains from each other. Dual sterec mode turns
the unit into two separate stereo compressors. £4582.50 inc VAT
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Contaci your local hranch al

NOTTINGHAM: 0115 955 2200

172 Derty Road, Noltingham NG7 1LR

LONDON: 020 8349 2090

148 Balliards Lane, Finchiey, N3 2PA

MAIL ORDER HOTLINE

01159552200

MOTU 896 HD

Firewire aud.o interface with 8
MOTU

Yamaha 01x
28 ch digital controller/mixer

QVAMAHA =

£999.899 £799.99

Eventide Eclipse Adrenalin Il

Mutti FX with stunning pitch shift

capabilities %e tide

n
next step’

£1399,99 jex-dispiay|

Korg Triton
Studio
Only one
left of this
stunning synth!

£129999

QYAMAHA Yamaha AW16G
16 Track Digital reccrder

with a host of great

features

- -
BUSTETETRTN

KRK monitors

Mic Preamps ¢ 7

Ne

£62989

£248:99

—=E-MU
Emulator X

Studio Sampling -
System. Complete § Emuiston
sampling system

featuring EMU's

legendary sampler -

now for your computer!

£399 399
0404 Audio Card

Pristine audio card with on
board DSP for hardware
accelerated FX

and mixing.

. v

NEW Proteus X

Virtual sound module featuring a massive 2GB of classic
sounds from EMU's legendary Proteus series modules.
Includes EMU 0404 card! Only £119.99

Also available

Emulator X Desktop £195.99

1820M audio hardware only £339.99
1212M audio hardware only £139.99

MG10/2 MG16/4
10 inputs, 16 inputs
phantom s 10 mic pre's
power, ——iiilile 3 band

3 band EQ LALLLLLALALL ] mid-sweep EQ
£69.99 £159.99

MG12/4 MG16/6 FX
12 inputs 6 buss on
2 aux sends board digital £X
four buss B 7 band stereo

ve'ferdedns graphic EQ

£229.99

IIII1III

£119.99

Beyerdynamic DT150

Don't keep buying cheap
| headphones! The DT 150 is a really
well built headphone for recording
studios where comfort, performance
and durability are paramount. its
closed design gives it excellent ambient
noise isolation for recording or
reference monitoring with first class sonic
reproduction! A must for any studio! AND,
fts modular construction makes it easy to repair if damaged!

WWW.mi”Eﬂnium-mUSiC,CO.Uk Check our website for Iatest prices!

Prices correct at time of going to press Errors and omissions excepted




Mail Order

Call our sales lines for a fast & friendly
service. Nexr day delivery available

on mast itemrs!

sales@millennium-music.co.uk
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Stylus RMX

Now with
Advanced Groove
Engine

Now Shipping!

Atmosphere

The world’s most
enormous synth
over 1000 sounds

Trilogy

Ultimate
electric acoustic
and synth bass
instrument.

Garritan Personal
Orchestra

Easy to use 0
Orchestra in a box | i

P %se
£17993 ""'
\‘\‘:‘ .

£399493

Stormbreakz

Ali other Pro
Samples
Platinum

Series,
in stock

Symphonic
Orchestra

Stunning
orchestral samples

£182.99 DHAEE

Drum Kits
from Hell
Superior

Massive Range of
real loops & hits

Ivory

3 Classic
Grand Piano
Instruments

£188.99

£25979

ECALL or s Dur d
"

ONLY £199 99
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MAudio
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ONLY £69999

Traveler
Firewire
Audio
Interface

Brand new from MOTU, the Traveler gives you
eight channels of pristine 192kHz analog recording
and playback, with 4 mic preamps all with phantom
power. Plus: ADAT, ADAT Sync, AES/EBU and
S/PDIF (Optical /RCA) and MIDI. Plus you can
expand your system by connecting additional
Traveler, 828 or 896 FireWire audio interfaces.

This is definitely a winner!
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Focusrite

"~ NDW ONLY £345 9

NOW ONLY £79999

This is just a selection of our huge range - call us, vist our stores or buy on line
for the best advice and deals in the business!




multitrack
recorder

Zoom MRS1608

Digital Multitracker

The latest
multitracker

from Zoom is

their most
sophisticated yet,

but can it see off its
rivals in what is an
extremely competitive
marketplace?

multitracker offering a wealth of features

for not very much money. These include
a Rhythm section providing a stereo drum
machine and bass synth, both of which can be
sequenced and played together with recorded
audio. There is also a Phrase Loop facility for
building tracks from samples and a Pad
Sampler which can be used to build custom
drum kits. The effects section has, amongst

z oom’s MRS1608 is a 16-track digital
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other things, amp
modelling and a tuner, so
guitarists/bassists can simply plug in and
play. There is also a built-in CD-RW drive, plus
all the other basic digital 1/0 and editing
features you'd expect to find on a digital
multitracker.

The MRS1608 is a direct descendant of the
Zoom's MRS1266, reviewed in SOS February
2003, which itself was a development from
the MRS1044. In fact, the MRS1608 can

exchange audio track data and rhythm data
with both the models mentioned above, and
also with the smaller MRS802. Bearing in mind
the MRS1608's heritage, I'll start by comparing
some of the newcomer's features to its
predecessor, to find out what's been
improved and added to the design.

In The News

Possibly the most significant difference
between the MRS1266 and MRS1608 is the
track count: the older machine has ten
ordinary tracks, plus an additional stereo track




for the master mix, whereas the MRS1608 is
a |6-tracker, also with its own separate stereo
master track. Given that the MRS1608 also
has a stereo track for the drum machine and
a mono track for the bass (more on these
later), 'm surprised Zoom haven't added the
whole lot up and called this machine the 2108
— there are manufacturers who would! Just as
on the MRS1266, there are ten virtual tracks
available for each record track.

At last, Zoom have made a recorder that
can record eight tracks simultaneously, hence
the ‘08’ bit of its name. The 1266 would

record up to six tracks at once, and provided
a matching set of six quarter-inch jack inputs,
two of which were interchangeable with a pair
of XLRs, but the MRS1608 offers quite a lot
more. All eight of its inputs are combi
jack/XLR sockets, and therefore accept either
balanced XLRs or quarter-inch jacks. As on the
MRS1266, a pair of high-impedance jack
sockets are situated on the front of the
recorder for use with guitars or basses, and
these can be used instead of the first two
combi jack/XLRs. However, on the MRS1608,
these two inputs each have a dedicated gain
control by the input socket.

The number of inputs which are phantom
powered has also been increased from two, so
that now four sockets are active. These are
organised into pairs, so that power can be
selected for inputs three and four, five and
six, or both pairs together. One further
addition to the 1/O is a pair of RCA phono ins,
included so that signals sent to an external
effects machine have their own return path,
or, alternatively, so that the outputs from a
CD player can be connected. Unfortunately,
these inputs don’t have their own signal path,
and are mixed with inputs seven and eight,
but they are still a welcome addition.

At 40GB, the drive has double the capacity
of that in the MRS1266, and is in line with
other contemporary 16-trackers. The sample
rate and resolution remain fixed at 44.1kHz
and 16-bit respectively, so total recording
time works out at around 120 track hours.
The MRS1266's disappointing two-band EQ is
now a more respectable three-band
parametric design with a Q control for the
mid-band.

It might be my imagination, but the
MRS1608 feels considerably more robust than
the MRS1266. A glance at the spec shows that
it is a kilogram heavier (7.8kg rather than
6.8kg) than the MRS1266. The casing is now
metal rather than plastic, which together with
the improved 1/0 has probably added the
weight. Nevertheless, the new machine is still
eminently portable, and its weight is nothing
other than reassuring.

There are 15 faders on the MRS1608 in all,
including one each for the drum and bass
tracks, and one serving the master level. The
remaining 12 handle the sixteen audio tracks
— tracks nine to 16 are paired up to make
stereo tracks, and thus only have four faders
between them. Such tracks are intended for
things like keyboards and sound modules
which will have panned stereo outputs.

Like its predecessor, the MRS1608 can be
hooked up to a Mac or PC via USB, so that
data transfers and backups can be performed.
Once again, the UIB02 board, which is
necessary for any USB activity, is an optional
extra, and that's a shame, although the CD-RW
drive is included as standard. Unfortunately

Zoom MRS1608

* Pad sampler.

* Eight combi jack/XLR inputs.

* Audio reverse function.

* Good guitar amp simulations.

* Drum, bass, and sampler tracks bound to be
useful to many musicians.

* Display is limited.

* Dynamics are restricted to the insert effects.
* Only has scene-based automation.

* No proper undo facility.

* No waveform display for editing.

The MRS1608 is a well-thought-out product,
which offers something slightly different from
most of the competition. It will be of more use
and interest to guitarists and solo composers than
to producers requiring professional connectivity
and advanced mixing capabilities.

the review model was not fitted with the USB
board, so | was not able to see it in action.
One of the most interesting features the
MRS1608 has brought to the table is its Pad
Sampler, which joins the existing Phrase Loop
facility, so it's now possible to take slices of
recorded audio or samples from a CD sample
library and use them to make custom drum
kits, thus greatly expanding the MRS1608's
rhythm capabilities.

...& The Rest

Now that the main comparisons have been
made, let's take a look at the remaining
MRS1608 features. In addition to the combi
jack/XLR and RCA inputs, you get a
front-panel footswitch jack input and a MIDI
In/Out pair. A pair of RCA phonos serve as
master outputs, and there is a single optical
S/PDIF socket for carrying digital mixes to

The MRS1608 offers no waveform display for
editing, but it does have a pretty decent
collection of tools in its armoury. These are
Copy, Move, Erase, Trim, Fade 1/0
(fade-in/out), Reverse, TimStrch (time-stretch),
Pitchfix, Harmony (offers three-part harmony
creation to go with the specified data) and Duo
Harm (one-part harmony generation).
Particularly welcome here is Reverse, which is
something | miss on my Yamaha AW44186. It's
a great feature for creating psychedelic guitar
effects, which had to be done in the old days
by swapping the reels of analogue tape around
on reel-to-reel machines. Specifying a segment
of audio, reversing it, and recording the result
to a spare track is a cinch. Then you have the
option of time-stretching it, sampling it, and
using it as a loop or drum sound! There are
loads of possibilities.
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P> DAT machines and the like. Finally, there is a

blanking panel which covers the slot for the
USB board. The remaining front-panel
connections are Master and Sub Qut
headphone outputs, the latter of which can
also be used to send stereo signals out to
effects. Indeed, the MRS1608'’s software
allows the user to specify the purpose of this
output, and then to assign certain tracks to it.
The control section labelled Rhythm
provides drum machine, bass synth, and
sampling facilities. As you would expect from
a company who have had success with
stand-alone drum machines, namely the
Rhythmtrak 234 and 123, there are some
rather nice-sounding kits which can be played
via the 12 built-in soft pads or from an
external keyboard hooked up to the MIDI In.
Each kit actually contains 36 drum/percussion
sounds, so a keyboard is needed to play an
entire kit at once (should you wish to do so),
otherwise the Bank Octave button allows
switching between three banks of 12 sounds.
There are plenty of preset rhythm patterns
to start with, but both real-time and step-time
recording make it possible to create new
rhythm and bass patterns. Patterns
themselves can be sequenced using a
conventional step-time method, or by Zoom's
much more attractive FAST (Formula Assisted
Song Translator). The bass sounds have been

limited to just a few synth tones, although
Zoom have been careful to pick ones that are
likely to be most useable. Like the drum
patterns, bass lines can be programmed via
the pads, and there are various settings
determining things like musical scales, pad
sensitivity, and metronome accompaniment,
all of which make performance easier.

Pad Sampler

Despite the range of conventional internal
drum sounds, there will be some people who
want something different, and that is where
the Pad Sampler becomes very useful. AIFF
and WAV samples can be loaded from CD and
stored in the MRS1608’s Sample Pool ready
for action. Alternatively, a slice of audio from
a track or virtual track can be placed in the
Sample Pool for the same end (up to 1000
samples can be stored in the Pool). Once in
the Pool, material can be cut, adjusted, and
edited before being assigned to a pad for
playing. in this way, custom kits can be
created.

The MRS1608 also has a Phrase Loop
facility, which differs from the Pad Sampler
somewhat. Phrases are not intended to be
played from the pads, although the pads
actually function as programming buttons
when Phrases are being assembled, again via
FAST, into a sequence. For each project, up to

100 Phrases can be stored on the hard disk in
a Phrase Pool, and these Phrases can be
drawn from CD, from another project’s Phrase
Pool, or from a recorded audio track. Once in
the pool, Phrases are ready to be placed into
a running order. Cleverly, the MRS1608 allows
the programmer to specify the playback range
of each Phrase, and to give it a time signature
so that the audio is automatically expanded or
compressed to match the tempo setting of the
song. Once arranged, performances have to
be recorded to a track where they become

a continuous block of audio, like any other
track.

The Effects

Sandwiched between the Input and Rhythm
sections is the collection of buttons dedicated
to effects and processing. Individual effects
and processors are gathered together and
placed in chains which Zoom have labelled
Algorithms. Zoom have given the algorithms
helpful category labels: Clean, Dist, Aco/Bass
Sim, Mic, Dual Mic, Line, 8 x Comp EQ, and
Mastering. The intended use of each algorithm
is apparent from the name, apart from
perhaps 8 x Comp EQ, which is intended for
use with the MRS1608's eight-track recording
mode and which provides independent
high-pass filter, compressor/limiter, and EQ
for each of the eight track inputs.

Taking On The Competition

Digital multitrackers are available from a number of
different manufacturers, and amongst
middle-market machines, priced around the £1000
point, competition is extremely fierce at the
moment. Products costing more than a grand need
some pretty serious features to justify their cost,
while those dipping below battle to be the
best-featured product to be officially ‘affordable’.

Currently fighting it out are the Roland VS2000,
Boss BR1600, Yamaha AW16G, Tascam 2488, and
now the Zoom MRS1608. Akai seem to be out of
the running, having shown no sign of following up on
their excellent, but now out-of-date, DPS16. Fostex
also have some low-price 16- and eight-track
machines, but they too need a little updating to
keep up with the competition.
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Of the products listed above, the ones in direct
competition with the MRS1608 are of the
easy-to-use variety, designed to appeal to the
guitarist, band, or composing musician, rather than
to the budding engineer/producer. Tascam's 2488
offers an amazing 24 tracks and 36 mixer inputs,
but it lacks the extra rhythm, bass, and sampling
features of the Zoom, and has a modest collection
of inputs. The AW16G, on the other hand, has
technology handed down from the original 02R
mixer, and for just a few more UK pounds than the
MRS1608 probably has the best mixer in its class.
What's more, it even offers a loop facility and a
user-friendly interface. Nevertheless, it doesn’t
have Zoom's rhythm facilities and impressive
amp-modelling algorithms, which are likely to

attract guitarists and bassists who want to create
their own backing tracks.

The BR1600 is probably the product that is
conceptually and physically most akin to the
Zoom. It too is a 16-track machine offering eight
tracks of simultaneous recording, a straightforward
user interface, and amp-modelling effects. It
directly competes with the Zoom by having a
stereo bass synth, drum machine, and sampler,
although none of these facilities have their own
tracks or faders and can only be used at the
expense of valuable audio recording tracks. The
BR1600 also lacks a dedicated stereo master
track. What's more, even with USB fitted as
standard, in the UK the Boss is priced £200 above
the Zoom.
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P Within each algorithm, effects modules can
be turned on and off, swapped for other
effects of the same type, and, of course,
edited to a certain extent. All the chains are of
the insert type, meaning that they need to be
placed into the audio signal path before they
can be used. There are three insert points to
choose from: at the beginning of the input
mixer, between the track recorder and the
track mixer, and across the master buss. Each
of the algorithms offers a selection of
pre-programmed patches, as well as a few
user slots, all making a total of 320 patches.
The patch selection buttons make it possible
to scroll up and down through effects
patches, although the general-purpose scroll
wheel performs the same function.

Zoom have two other buttons dedicated to
send and return effect menus. The first calls
up a selection of choruses and delays, while
the second deals entirely with reverb
algorithms. The extent to which each track’s
signal is sent to these effects can be
determined on a track-by-track basis by using
the two corresponding buttons in the Track
Parameters section to the right of the screen.
All send effects can be edited, and both
effects modules work simultaneously if
selected.

The Effect section also has a freely
assignable tuner, which is great for guitarists
plugging directly into the inputs on the front
edge of the MRS1608. These kinds of features
suggest that Zoom consider the guitarist one
of their key customers, as you might expect
from a company who are renowned for
making guitar effects processors. As it
happens, the preset amp simulations on offer
are pretty good and very playable, and
although some effects are not quite as
editable as they could be, they will be more
than good enough for many people.
| frequently found myself dialling up drum
and bass loops from the Rhythm section,
selecting the amp patch of my choice, and
then playing along happily for far too long
(when | had a review to write), with just my
guitar plugged into the front!

As with many aspects of the MRS1608, the
way Zoom have arranged the effects and
processors into preset configurations seems
a little restrictive when compared with some
systems where all reverbs and delays are
available for either insert or send duties, and
where effects modules can be placed in any
order. Nevertheless, Zoom's configurations
are more than adequate for the majority of
situations, and the easy-to-use button
assignment is commendable.

Test Spec

* Zoom MRS1608 0S v1.02
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The Mixer

The MRS1608's mixer is a little on the basic
side, having no dedicated dynamics (the 8

x Comp EQ Algorithm going some way
towards making up for this) or complex
bussing structure, although its simplicity
makes operation relatively simple. The input
section has gain pots with clip LEDs, and there
is a global record level trim with clip LED and
on-screen metering. Signals can be panned,
have their phase switched, and be assigned to
the Sub Out headphones jack for sending to

PATCH SELECT

0 i I

LW

oAUM BASS

external effects processors and the like.

The track mixer offers volume, pan, phase,
and EQ control, Again, effects send level can
be adjusted, as can the delivery of the signal
to the Sub Qut jack. The improved EQ has a
high-frequency sweep from 500Hz to 18kHz,
a mid-band control ranging from 40Hz to
18kHz and a low adjustment covering
frequencies from 40Hz up to 16kHz. Each
band has +12dB gain, and the mid-band
control provides an adjustable Q from 0.1 to
1.0. It's not uncommon to find EQs that reach
from 20Hz up to 20kHz. However, what the
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MRS1608 offers is adequate for a
16-bit/44.1kHz machine like this.

Usefully, most of the main mixing tasks
can be done quite quickly by using the Track
Parameter buttons which run down the
right-hand side of the screen and immediately
call up a specific function when pressed.

Real-time automation is not available on
the MRS1608, which will be an issue for some
potential purchasers who like to have total
control over levels, EQ, effects, and panning
throughout the passage of a song.
Nevertheless, each project can have as many

L
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as 100 scene changes scattered throughout
its duration. For a four-minute song, that
equates to one scene every 2.4 seconds,
which should be enough to provide most
pieces of music with a variety of dynamic
changes. Once a set of scenes has been
programmed, it is necessary to go through
the song in question and place markers where
changes are to be made. Then the scenes are
simply assigned to the markers as and when
necessary.

One of the first things | began wondering
about was why | couldn’t see an Undo button

on the front panel. After trawling through the
manual | realised that it was because the
MRS1608 doesn’t have undo at all! Instead,
there is something called Track Capture,
which allows a track to be saved into a
temporary memory location while an edit is
performed. If an edit turns out to be wrong,
then the captured track can be retrieved.
Although Zoom’s Track Capture is a welcome
facility, it's not as neat as having dedicated
undo/redo buttons, and I'm unsure quite why
Zoom haven't been more conventional Th this
area of their design.

I should also comment on the MRS1608's
transport and navigation tools, which are
largely confined to the right-hand side of the
front panel. Most of what you'd want is here,
including playback looping, an automatic
punch-in function, and audio scrubbing, plus
a hidden method of accelerating the
fast-forward and rewind controls.

In Use

My first impressions of the MRS1608 were
that it appeared to be constructed reasonably
well and looked more professional than
previous Zoom multitrackers. This impression
was reinforced when | turned the machine on
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