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BACK TO BASICS

When it comes to dynamics processing, we’ve
never had it so good. Once upon a time, even
the largest studios had only basic compressors,
noise gates and perhaps de-essers. You were
lucky if a hardware compressor offered fully
variable attack and release times: luckier still
if its actual behaviour bore any resemblance
to the numbers printed on the front. Today, by
contrast, our plug-in folders bristle with brickwall
limiters, multiband compressors, dynamic EQs,
resonance suppressors, transient shapers, parallel
compressors, upwards compressors and countless
other options. But how much better are our mixes?
Now I'd be the last person to discourage readers
from trying and buying new things. New equipment
is the lifeblood of this magazine. It can inspire
us, help us to get results faster, or just push us in
different directions, and that’s all great. But the
key to getting the best from it is to have a clear
understanding of the basics. As the engineers of the
past well knew, a straightforward compressor with
the regulation threshold, ratio, attack and release
controls is actually an incredible versatile device.
Even now, understanding how to get the best
from a generic compressor can get us out of some
pretty big holes. In our studios we can cheerfully
fire up the latest CLA-endorsed drum smashalizer
or vocal smarmalator without bothering to find out
what it actually does — but what will we do when

the band asks if we're available to mix front of
house at short notice? And when none of the ‘bass
guitar’ presets seem to work on the actual bass
guitar in the project we’re mixing, how will we know
what to change to make it right?

Sound On Sound has published a few
beginners’ guides to compression over the years,
by experts such as Paul White, Hugh Robjohns
and Mike Senior. All are available as part of the
vast treasure trove of articles on the SOS website,
and the great thing is that each of these authors
brings a new perspective on a familiar topic. But
with compression being such a basic technique
in modern mixing, | don’t think you can have too
many explanations, and this month I've tried to take
a different approach to unravelling its mysteries.

One of the main barriers to learning in any field
is jargon, and music technology is no exception.
Standard compression parameters such as
Threshold, Knee and Ratio can seem needlessly
obscure to newcomers. My hope is that by
providing a clear and concise explanation of what
these actually do, we can help people overcome
that barrier and begin to use compressors with
confidence. After all, it’s only once we have a clear
idea of what’s possible with these basic controls
that we'll really be in a position to judge whether
those more exotic dynamics plug-ins offer anything
truly new. NN

Sam Inglis
Editor In Chief

“As the engineers of
the past well knew,
a straightforward
compressor with the
regulation threshold,
ratio, attack and
release controls

is actually an
incredible versatile
device.”
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Legendary Sound Quality, Total Portability & Hardware DSP
All Come Together in a Beautiful New Design

Featuring Built-in DSP with the ECS Channel Strip

Duet 3 delivers hardware DSP recordiing made easy with the
ECS Channel Strip tuned by Bob Clearmountain

! il
APOGEE

www.apogeedigital.com

Sounding Amazing Never Looked So Good

In 2007, the original Apogee Duet shattered the expectations of
what a home studio interface could be. The all-new Duet 3 brings
next-generation Apogee performance and features to a beautiful,
ultra-low profile design. Duet 3 includes on-board hardware DSP
that powers the Symphony ECS Channel Strip for zero-latency
recording with FX. Tuned by Bob Clearmountain, the ECS
Channel Strip includes presets custom crafted by the legendary
mixer so you can dial in a pro recording sound instantly. Ideal for
music creation, voice recording, streaming and even gaming, you
can use Duet 3 with your Mac or Windows workstation in your
studio or on the go.
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MXL Revelation
MinlFET

Cardioid Capacitor Microphone

MXL's latest mic is as versatile as it is affordable.

PAUL WHITE

Back in September 2010, we
reviewed MXL's original Revelation
valve microphone, and more
recently, in July 2021, we checked out
the MKII version. Now those mics have
an affordable solid-state sibling: the
Revelation Mini FET.

This new mic uses a 32mm capsule,
with a centre-terminated, six-micron-thick,
gold-sputtered Mylar diaphragm. Its
preamp circuit is, we're informed,
designed to “provide a classic sound
with modern flexibility” and low noise,
though oddly no noise figure is included
in the spec sheet. Unlike the tube models,
which have switchable polar patterns,
the Mini FET has a fixed cardioid pattern.
Unscrewing the base and removing the
body sleeve reveals a double-sided
circuit board populated mainly with
surface-mount parts.

Supplied in a small camera-style
case with an elastic-cradle shockmount
included, the mic’s styling has a lot in
common with its tube counterparts,
specifically its general shape and its deep
blue finish with bright, black-chrome
trimmings. The overall size of the mic is
more compact, though, at 59 x 158mm,
and it weighs a reassuring 454g.
| found the mic to be a secure fitin the
shockmount, and spare elastic hoops are
provided, which is thoughtful.

The mic features a three-way pad
switch, offering 0O, -10 and -20 dB options
that allow the mic to be used on a variety
of sources, including the very loud. MXL's
aim for the Mini FET was apparently to
get the sound of this mic as close as
possible to that of its Revelation valve
counterparts. The Revelation Mini FET is
touted as an all-rounder that’s as happy
recording drums and electric guitar as
it is vocals or acoustic guitar, making
it a good choice for those on a tight
budget who need one mic that can cover

8 November 2021 / www.soundonsound.com

multiple applications. With the
20dB pad engaged, the mic
can handle a massive 158dB
SPL before the THD (total
harmonic distortion) figure
exceeds 0.5 percent, so
things like close-miked drums
and brass instruments should
pose no problems. The
quoted frequency response
of 20Hz-20kHz doesn’t tell
you much about the sound
of this microphone, but the
response graph is more
revealing, showing a modest
bump at around 120Hz and
two equally gentle HF boosts
centred on 4kHz and 10kHz.
Overall the response only
varies by around £2 or 3

dB, but these gentle lifts are
still enough to influence the
microphone’s character. Its
sensitivity is 25mV/Pa, which
is very typical of this sort of
microphone, as is its 150Q
output impedance. Operation
requires a standard 48V
phantom power source.

Revel Yells

Used on voice, the mic

gives a good account of
itself, particularly the way it
balances clarity with warmth.
As always, you need to
evaluate how it performs on
your own voice, but the lack
of a heavy-handed voicing
means the mic is likely to
work over a wide range of
vocal types. | would certainly
be happy use this mic for
podcasts as well as music
recording, though the lack of
a bass-cut switch means that
I’'d recommend also getting
a pop screen.

Moving to acoustic guitar, | was again pleasantly
surprised at the quality of the results given that this is
such an affordable microphone. Some microphones
just seem to make the acoustic guitar sound harsh or
gritty, but at the traditional ‘where the neck joins the
body’ position, this one produced instantly usable
results with a nice density of tone, lively highs and
a smooth midrange. In fact it produced subjectively
better results than some far more expensive mics I've
tried in the past!

Capacitor mics can give mixed results on electric
guitar amps, with some mics capturing close to what
you hear in the room and others just sounding a bit
strangled or harsh. The Revelation Mini FET did
pretty well in this respect, and | got the best results
off-axis and around 300mm from the speaker of my
Blues Cube combo. The sound didn’t seem quite as
warm as what | was hearing in the room, probably
because the mic was closer to the amp than my ears
were, but the mildest of low-mid EQ lifts got it to
sound very close.

For a mic that you can pick up for little over £200,
the Revelation Mini FET puts up a strong fight, and
it appears to live up to its promise of doing a decent
job on just about any sound source. Its subtle, mildly
flattering character keeps things sounding natural
while helping project warmth and clarity. Definitely
worth a closer look — and listen! HENF

summary

An affordable mic that nonetheless provides a classy,
subtly flattering sound. Well worth considering for someone
who’s looking for a ‘mic of all trades’ on a budget.

£ £219including VAT.

T Musictrack +44 (01767 313447
E sales@musictrack.co.uk

W www.musictrack.co.uk
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DAVE GALE
he Kontakt instrument format seems to a e + S
have become an ecosystem all of its own in

recent years, with more and more developers

seeking to provide content to keep musicians
and producers stimulated. While many of these
instruments adopt a relatively familiar form, there are

occasions when developers seek to shake up the

Kontakt norm. This could certainly be said of Simon Sample Library

Ashdown and Will Slater, who form the partnership

Slate + Ash. Their latest Kontakt-based instrument, Slate + Ash take a different approach to the
Landforms, draws upon their impressive output and orchestral Sample libra ry.
credentials as composers and sound designers.
. resonances that the room can between high and low instrumentation.

Samplmg From The Real World offer. As we’ll find later, this Flute and Violin are also featured in solo
At the core of Landforms is a beautifully curated provides an irresistible level form, while a section labelled Other mops
set of acoustic samples, with a little bit of source of control, which extends up bonus content, looped and processed
content in the guise of sound design. Sample capture well beyond the traditional elements. This is where the sound-design
was undertaken at Real World Studios, in the Wood concept of blending the stuff lives, although substantial interest
Room. The vast majority of Landforms instruments room reverberation with the can be obtained from the main sampled
are assembled in groups of three; while these instrumental sample. content, heading way out to the leftfield!
instruments conform to section types, some of the Returning to the sample .
blends are really quite interesting. For example, the content, instrument Gettmg Layered
low woodwind samples consist of a combination of collectives are elegantly One aspect of Landforms that is relatively
bass clarinet, bassoon and baritone sax. This keeps organised. The strings are traditional is its capacity to layer sounds.
things blended within the section construct, but as presented in groups of A patch or snapshot employs up to two
with any traditional nuclear family, there’s enough basses, cellos and violins, sound layers, labelled A and B, with the
diversity to keep things interesting. while the woodwinds are ability to control and edit key-zone range,

This concept doesn’t end here, though. Each split into high winds and low tuning, filtering and envelope controls.

instrument has been meticulously spot-miked, winds, with an additional trio What sets Landforms apart from
and the Wood Room has also been strewn with of flutes. The brass are a little other more traditional orchestral
ambient mics in order to capture all the nuances and more generic, being split offerings is that the sampled content

@ KONTAKT o & o

= Lo Woodwind Pulies + Violin Pulses (MW) «or d1 B '

LAI;'»JDFDRMS ( @ ) o =

Wit

Perspective
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mw Recordings took place in the Wood Room at Real World Studios.

» is a fair distance from the usual set of long, short
and legato articulations. Each instrument set boasts

ON TEST
SLATE + ASH LANDFORMS

a complement of 13 articulations. I'll call them

articulations, but this term tends to suggest the front
of a note, and the concept is far more interesting
than a plain old staccato or marcato! Slate + Ash use
descriptions such as ‘flossing’ or ‘flutters’, which can
feel a little elusive. It’s not always useful if you're in
a hurry to create a patch. Maybe that’s the whole
point; you shouldn’t be a in a hurry, because many
of these samples take a while to play out, and there
are some real prizes to be found among terms such
‘pulses’.

as

Take a timbre such as the High Brass ‘Waves’

sample. The instrumentalist’s volume increases

and decreases in waves, so arguably, you begin to
understand the naming protocol. Even at this most
basic level, you can hear the quality of recording
and instrumental presentation. Humanistic detuning

is captured and burnt-in, but never distracting,

providing an organic engagement that feels natural.

scrapes and harmonics to detuning, repeated notes

Other articulation types yield everything from

and much more. Some are very pleasant, others
very angsty!

Taking Orbit

The ability to choose any of the aforementioned

samples and place them in a layer-cake employing
parts A and B is made very easy thanks to a sleek

interface, which is relatively minimal in design.

Once sample selection has taken place, the main
Performance page offers visual representation of

12
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an amplitude envelope, which can be
assigned to one or both parts. While the
envelope is only a three-stage attack-
sustain-release design, the phases are
generous, with the attack phase capable
of a 15-second rise time and the release
phase offering up to 25 seconds.

Next to the envelope, the Perspective
‘block’ allows elegant control over the
microphone signals. Clicking in this box
throws up a visual represention of the
microphone positions, from the three
spot mics to the most distant ambient
signal capture. This in itself is really
terrific, but click on the legend below and
you enter a more detailed portrayal of
the evidence. This is where you will find
the Movement control, which sanctions
the ability to apply an LFO across the
microphone sources, or better still, draw
and record your own wander across the
microphone field, which can then be
replayed at the stroke of each note. You
remember our Brass ‘Waves’ sample that
comes and goes? Now imagine that with
movement across the mic field, and that’s
before we've even driven into the virtual
effects arena.

From the main page, clicking the ‘E’
toggles you into the effects page, moving
away from the ‘P’ for performance page.
This section is a huge resource, with
further blocks which make easy work of
electing and applying effects. As Slate

+ Ash endorse the use of
slightly abstract wording,
you will find many favourites
lurking beneath less usual
names. Effects range from
filters, tape delays and
tremolos to reverbs and
bit-crushers, and everything
else in between. Each is
presented in a X-Y pad
formation, with a wet/dry
control to the right of each.
In much the same way that

a movement element can be
applied to the mic placement,
the same is true at the
effects level.

Making Landforms

Landforms comes equipped
with a wealth of content. In
total there are nearly 130,000
samples, taking up ahefty
104GB of uncompressed

disk space. There’s also

a complement of 421 really
clever Kontakt patches,

all curated and divided

into menus.

I have to say that
Landforms is far more
engaging as a creative
instrument than the more
usual ROMpler libraries, with
a potential to get totally lost
in sound design that will allow
for some very unique and
inspiring backdrops. This suite
certainly lends itself to the
more cinematic and ambient
end of musical musings, but
could easily find placements
in a diverse set of production
settings. It’s an incredibly
inspiring Kontakt instrument,
with an elegantly engaging
interface that is utter joy
to use. NN

summary

In the pursuit of new ways to
present acoustic instrumentation
in sampled form, Slate + Ash
have captured a perfect balance
between classy sonics, an
interface which invites tinkering,
and boundless amounts of
inspiration for production and
composition.

£ £349 including VAT.
W www.slateandash.com
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- AustrianAudio
H ‘_X“ 5 Closed-back Headphones

SAM INGLIS

ne effective way of establishing
a new brand is to start at the top.
Begin by launching a premium
product range, and you entrench
a perception that the brand stands for
quality. With a bit of luck, this perception
will then rub off on more affordable

mass-market products further down the line.

This seems to be a strategy that Austrian
Audio have pursued, and with considerable
success. Their OC-series microphones
have won acclaim from professional
engineers and have proved able to hold
their own against strong competition from
established names; likewise, until now, their
Hi-X headphones have been targeted at
the upper end of the project-studio market.
With the new Hi-X15 model, however,
Austrian Audio have made available their
‘high excursion’ driver at a much more
affordable price.

Designated Drivers

Physically speaking, there’s a family
resemblance to earlier Hi-X models,
especially in the jaunty angle at which the
earcups sit relative to the headband. At

a more detailed level, however, pretty much
everything is different. The new model
uses a much narrower headband, which

in turn means different hinge and gimbal
designs. There’s perhaps a bit more plastic
and certainly more colour in the Hi-X15s,

14 November 2021 / www.soundonsound.com

The Hi-X15s bring Austrian Audio’s proprietary driver
technology to the mass market.

but they don’t feel cheap or uncomfortable.
The earcups rotate freely in both the vertical
and the ‘fore and aft’ plane, the headband
is nicely padded and the overall weight is
a welcome 50g or so lighter than that of the
Hi-X50s, whilst offering a perfectly decent
level of isolation. The new design also
retains the additional hinges that allow the
earcups to be folded right into the headband
for compact and safe transportation. At
this price it's no surprise that you don’t get
a proper case, but a soft bag is supplied.
Another welcome design feature that’s
carried over from the more expensive
models is a detachable cable, which
attaches to the left earcup using a twist-lock
mini-jack. Less welcome is the fact that
said cable is only 1.4m long: fine for mixing
on a laptop, but not really long enough for
general studio use. (Austrian Audio have
also launched a variant called the Hi-X25,
which adds Bluetooth wireless connectivity
to the Hi-X15.)

Look Lively

The Hi-X15s are 5dB or so less sensitive
than the Hi-X50s, but given that they still
manage a figure of 113dBSPL/V and that
their nominal impedance is only 25Q),
you’ll have no trouble getting loud working
levels from them. In most respects, their
specifications are similar to those of the

more expensive model, but it's notable that
no THD figure is listed for the Hi-X15s.

The outward family resemblance that’s
visible in the design of the two models is
also apparent in their sound. The existing
Hi-X models all have a pleasant but
noticeably ‘scooped’ tonality to my ears,
which slightly foregrounds the bass and
the upper midrange at the expense of the
bit in between. The Hi-X15s offer a less
refined take on the same sound, with a low
end that is sometimes borderline bloated
and a really quite aggressive treble boost.
| think it’s still a tonality you could learn
and mentally adjust for, but it certainly isn’t
neutral, and could become fatiguing during
the course of a long session. The Hi-X15s
perhaps wouldn’t be my first choice as
mixing headphones — but at the price,
that’s hardly surprising. As long as you have
a few cable extenders to hand, these have
plenty of other roles to play, and | think
they’d be an excellent, affordable choice for
general-purpose studio headphones. NN

summary

These affordable, well-built headphones
travel well and offer a bright, forward sound.

£ £89including VAT.
W www.soundtech.co.uk
W www.austrian.audio
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ample Logic have

a well-established

catalogue of
sophisticated virtual
instruments, and have just
released their first plug-in.
Animation Station delivers
a combination of the pattern-
and arpeggiation-creation
tools found in many of
their own instruments as
a standalone plug-in, which
can be employed with any
of the user’s favourite virtual
instruments.

First Steps

Animation Station is, in
essence, a standalone step
sequencer/arpeggiator. It
allows you to create patterns
of up to 64 steps in length
and provides control over
seven parameters for each
step: step on/off, playback
rate, arpeggio type, velocity,
duration of note within step,
pitch transpose of step above
trigger note, and stutter rate.
Hovering over any lane label
produces a drop-down menu
to access presets for just that
lane. You can also ‘link’ steps
using a button that appears
as you hover over a step.
This creates a group of linked
steps (they don’t have to be
adjacent steps), where edits
made to one step within the
group are then applied to all
linked steps.

As described more fully
below, one of the main
features of Animation
Station is its emphasis on
randomness. You can opt
for totally random pattern
generation if you are
feeling particularly lucky
(or experimental!), but you
can also constrain the
randomisation process in
a number of ways to generate
more subtle variations on
your sequence.

The vast majority of the
controls are contained within
the default Linear View
screen. This includes access

SampleLogic

Animation Station

Sequencing Plug-in

Sample Logic’s first plug-in can bring your samples and music to life.

to the preset browser, undo/redo buttons, tempo,
playback speed, adding additional playback octaves,
number of steps and a latch option. At the bottom of
the screen is a zoom bar, MIDI export, Mod Wheel (it
can control either velocity or duration) and keyswitch
assignment, and a MIDI panic button.

Top-centre, you can switch between Linear View
and Circle View. The latter offers only limited editing
options, but the circular layout provides rather cool
looper-style playback visuals. Top-right, clicking on
the three vertically arranged dots opens a two-part
settings panel. The Playback Settings panel lets you
set a balance between the velocity set in the pattern
editor and any trigger note velocity. You can also
‘humanise’ the velocity, add a degree of swing and
change the playback direction mode. I'll come back
to the Random Settings panel below. The three dots
next to the main ‘dice’ randomise button pops open
tick boxes at the left end of each parameter lane
(these are visible in the main screenshot), allowing
the user to include or exclude parameter lanes from
the randomisation process. Usefully, if the combined
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length of your pattern’s steps does not

complete a full bar, the Auto Fill button

appears; one click and extra steps will be

automatically generated to tidy things up.
Configuring Animation Station for

use with one of your virtual instruments

is straightforward but somewhat

DAW-dependent. The PDF manual

provides straightforward instructions for

multiple mainstream DAWSs, and | was

up and running within Cubase in just

a few clicks.

Writers Unblocked?

Animation Station’s primary function

is to provide new musical inspiration

with minimal effort. To get you started,

the plug-in includes around 300 preset
patterns organised into four categories.

The Standard and Transposed groups

contain a wide variety of pattern

styles, with the key difference being »
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Playback Settings

mw Amongst other things, the
Playback Settings panel gives you
options in terms of velocity response
and timing.

that the latter feature
scale-based pitch shifts in
the Transpose lane. Patterns
in the Glitched category
make full use of the Stutter
Rate lane to provide plenty
of electronica-friendly
timing quirkiness.

Perhaps more surprising
— and a lot of fun to explore
— is the Drum Machine
category. You can use the
patterns to target a single
drum sound (for example,
to create a pattern for just
a kick or just a hi-hat) but
holding down the appropriate
keys for multiple drums (for
example, kick, snare and

hi-hat of your drum VST) at the

same time can also produce
some very cool grooves. It
also works brilliantly with
orchestral percussion or hand
percussion such as claps

and stomps.

Roll The Dice

The presets are great, but the
real fun of Animation Station
lies in using the various
randomisation options to
supply an assisted musical
nudge in creating your own

SAMPLE LOGIC ANIMATION STATION

patterns. Sample Logic have
struck a very sensible balance
here between features

and ease of use. providing
enough possibilities but
without bogging you down
in overly complex control
sets. That’s not to say | can’t
think of a feature or two I'd
love to see added (more

on that in a minute), but
what’s here is both creative
and straightforward.

The lane tick boxes
mentioned earlier allow you
to limit which parameters
are subjected to a roll of
the randomisation dice, so
you can go fully random or
just let Animation Station
gently stir the pot for a select
parameter or two. Also cool
is the Shuffle button (the
icon with the double arrows
next to the Dice button). This
retains all the settings for each
step, but randomly reorders
the steps, which can be very
effective in creating pattern
variations that retain a sense
of being related.

The Random Settings panel
provides further control. For
example, selecting Draw From
Presets forces Animation
Station to use the factory
presets as a pool of settings
for randomisation options.

Random Settings

m= The Random Settings panel
lets you control just how far the
randomization process can go in
changing your current pattern.
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Choosing the Shuffle option
for the Rate Choose Mode
setting means that Rate
settings are swapped with
other steps, preserving the
pattern length. Enabling
Linked Only is particularly
useful in that you can limit
the randomization to just the
selected steps. Equally, the
Amount slider can be used
to constrain the degree of
change the randomisation
makes to parameters. And, if
you limit the randomisation to
just a few lanes and/or steps,
enabling the Randomise
On Playback option can be
very cool; randomisation is
applied each time the pattern
is cycled through, creating
endless variations.

While routing Animation
Station’s MIDI output to
a suitable virtual instrument
is very easy, you can
also export MIDI for your
patterns for further editing
and arranging within your
host DAW. This works very
smoothly and, combined
with the randomisation
options, it's easy to build
longer sequences with
subtle variations or to create
contrasting song sections
from multiple patterns.

Fast Track To
Finished

| had a lot of fun using
the plug-in. Whether it
was to generate some
synth bass-line ideas, or
arpeggiated/full chords
with some interesting
rhythmic patterns, Animation
Station makes an excellent
‘ideas assistant’. Used with
a staccato string sound — and
avoiding the Stutter Rate lane
— it was also an interesting
choice for creating string
ostinatos. It also worked
nicely with a well-sampled
‘clap’ virtual instrument and
produced some very cool
acoustic and electronic
drum patterns.

That said, if | was prone
to greediness, it would

be great to see a couple

of additions to the feature

set that, hopefully, wouldn’t
compromise the easy-to-use
workflow. First, it would be
awesome to see a couple of
MIDI CC lanes added with
the option to specify the CC
number target within the
virtual instrument being used
for playback. This would open
up a huge range of useful
possibilities for ‘animating’
your sounds. Second, it
would be great if you could
trigger the Randomly Reorder
Steps button in real time
from a keyswitch, and even
better if you had the option to
apply this action to just linked
steps. I've no idea if these
suggestions are technically
possible, but they would add
another layer of icing onto an
already well-iced cake.

Like other standalone
arpeggio/pattern generators
(for example, Sugar Bytes’
mind-bending Thesys or
Consequence), its price tag
makes it more than a casual
purchas, but Animation
Station does exactly what it is
designed to do; it helps you
spark a new musical idea, and
creating a few variations on
a cool pattern can take you
from zero to musical hero in
a very short space of time.
With MIDI export, you can do
as much, or as little, hands-on
personalisation as you think
is required. This is excellent
stuff from Sample Logic and
I’m sure Animation Station
will have considerable appeal
for busy media composers or
producers who regularly need
a fast-track start to a new
musical idea. NEN

summary

Sample Logic’s first plug-in is
both impressive and inspiring.
Animation Station is very useful
tool for anyone needing new
musical inspiration in a couple
of clicks.

£ $149 including VAT.
W www.samplelogic.com
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itwig Studio seems to be living its

life at something of an accelerated

rate at the moment. We are seeing
a major release once every couple of
years, which is quite an aggressive
schedule, and the expansion of features
from each version to the next also tends
to be quite considerable. Version 3
brought us The Grid, a fully integrated
modular synthesis environment, nudging
Bitwig into becoming an instrument or
algorithmic composition tool. Version 4 is
another step in that direction, but mostly
at the level of sequencer events: notes,
audio fragments and loops. Let’s see
what’s in the box.

Comping

Bitwig Studio now supports audio
comping. Users of Ableton Live 11 will be
familiar with comping as a way of laying
down additional takes within the linear
arrangement. Bitwig supports this too, but
its notion of ‘take’ is slightly different. To
fully make sense of how Bitwig supports
comping, it might help to recall how it
structures clips. A Bitwig audio clip is

not a single piece of audio: it’s actually

a sequence of consecutive audio ‘events’,
analogous to notes in a MIDI clip. Think
of comping as a way of also stacking
audio events vertically, in separate takes.
What makes Bitwig’s comping unusual

— and powerful — is that the takes are

Bitwig Studio 4
€399

PROS

« Powerful comping feature operating
inside audio clips.

« Expression spread adds randomness
and variation to notes and
audio events.

« Operators for notes and audio act as
algorithmic compositional tools.

CONS

« No comping of MIDI input.
- Import of Ableton Live sets is partial
at best.

SUMMARY

Bitwig Studio 4 strengthens the DAW’s
position as part composition system,
part modular music engine. Comping
combines multiple takes with creative
audio slicing at the clip level, while
operators facilitate patterns and

add randomness to notes and audio
events. The result is a bigger box of
creative tools for experimentation and
production.
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Bitwig Studio 4

Music Production Software

Bitwig continues to blur the boundaries between
instrument and DAW, while offering some welcome

practical enhancements.

encapsulated within clips, not just in

the project’s linear arranger. You want
multiple takes in the clip launcher? You
got them. If you copy and paste clips, the
takes come too.

The obvious way to work with comping
is to set a loop in the arranger. Each trip
round the loop adds a take to any audio
clips which are currently recording. If

* New Cycles*® X

FILE PLAY

A 4

[TT]

Duark Bass
hid

Lead Vocals

Extras

-
Modulator E-Hat
W

Scene 1 i

| Dusty Drops

Audio Events

Stretch Onsets

Gain Pan Pitch Formant

COMP 3

Takeoff

the recording process starts before the
beginning of the loop, then the first take
will be longer than the subsequent ones.
Any attempt to record over an

existing clip will incorporate a new take
into it, rather than replace it. If you do

a recording pass over a sequence of
clips, each will accumulate a new take,
while any gaps in the existing track will

EAES




be populated with new clips. This does
mean that a ‘single’ recording can get
rather confusingly fragmented across
multiple clips, although the track will play
back fine. (A subtle bug which can cause

audible clicks in this situation should

be fixed by the time you read this.) If

this sounds confusing or inconvenient,

| recommend clearing out any audio track
that you are planning to record into.

== The comping view of a clip, with multiple
take lanes.

I'll mention one ‘gotcha’ in the linear
take recording process: if the arranger
clip has its own internal loop then any

attempt to record over it will, well, record
over it. Adding takes in this situation was

perhaps considered too complicated to
implement, or perhaps too complicated
be useful.

Since the clip launcher doesn’t have
a timeline or a global loop, setting up
comping here requires the take length
to be set explicitly. Turn on Record as

to

Comping Takes from the Play menu and

set the take length in bars and beats
at the same time. Any clip containing

multiple takes is marked with a little icon

at the right hand end of its title tab.

Stop recording half way through a clip,

and you end up with a combination of
the last two takes, split at the ‘punch
out’ point. Split points separate editing
regions across all the takes: click into
any take, and its audio for the clicked
region will be made active at the top of

the clip. You can walk around the various

takes and regions with the arrow keys,
auditioning different combinations. To

subdivide into smaller regions, click and

drag horizontally inside a take. You can

drag the boundaries between regions to

change their size, or you can even ‘pee
back’ a region in the composite view
to create a gap into which you can link
another take.

If you click the Audio Events button
on the left of the clip view, you’re back

in the world of multiple sequential audio

events within a single clip, with no sign

of

the comping machinery. Well, almost: the

audio regions are still coloured, indicati
that these are still links into the original

ng

takes, even though Bitwig’s menus now

refer to these audio areas as ‘events’
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== Setting the take length
when comping in the clip
launcher.

CLIP LAUNCHER

Overdub

and not ‘regions’.
Perform any serious
editing here, and the
link to any take is
broken, as a ‘region’
gets demoted into a plain old ‘event’.
Switch back to the comping view, and

the editing area is now grey, showing

its disconnection. (You can still click on
another take region to replace it.)

There are a few editing operations
which can be applied to take regions
without ‘breaking’ them. Regions can
be resized by moving a left or right
boundary, or sliced into smaller portions.
Their audio gain can be adjusted, and the
underlying audio can be nudged forwards
or backwards in time.

Bitwig’s implementation of comping
is versatile and logical. Implementing
comping within clips, rather than
within tracks, initially seems a little
strange, and results in some rather odd
outcomes: a single linear recording can
create takes within several clips, and
there is no overall ‘comp view’ across
the arrangement. But for modern,
bar-oriented music, the comping
machinery can be repurposed as
a creative tool at the clip level, which
is @ more-than-fair trade-off. Being able
to edit comps from rhythmic fragments
of material whilst working in the clip

s Multiple takes inside a clip are marked with
anicon.

@ Automation Write

l] Record as Comping Takes
Record on scene launch

launcher feels like a really empowering
workflow development.

Operators

Bitwig Studio has slowly been growing
into a kind of hybrid environment
somewhere between DAW and modular
synthesizer. Version 2 saw the arrival

of ‘modulators’, which allowed arbitrary
plug-ins to be extended with additional
control components like LFOs, envelopes
and step sequencers. The concept was
pushed further with The Grid, the modular
synthesis environment introduced in v3.

Any kind of modulation system,
especially one which can randomise
its behaviour, potentially pushes the
composition process away from literal
notes and towards musical ‘systems’
where the composer builds structures
which generate note-like events,
possibly in unpredictable ways. Bitwig 4’s
operators (unrelated to FM synthesizer
operators) are an attempt to bring in
a kind of modulation feature at the level
of sequence data, whether that’s MIDI
notes or audio events in a clip. From
a synthesist’s perspective, you can think
of operators as a kind of modulation that’s
applied whenever a note is played or an
audio event triggered.

Before we look at operators proper,
it's probably worth revisiting a feature of
Bitwig that’s been present since version
1, namely histogram editing. Select a set
of events such as notes or automation
points, and it’s possible to edit them

i

Pressure

Timbre
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Test Spec

Apple MacBook Pro (Mid 2014)
mac0S Catalina 10.15.7
Bitwig Studio 4.0.1

as a group: a histogram display shows

all the values as a continuum, and they
can be shifted, scaled or randomised

in a single operation. A histogram is
purely a temporary editing shortcut, an
alternative to manually editing each of the
individual events. Once altered, values
remain fixed until another edit.

The first step into the world of
operators is through a feature called
‘expression spread’. This is similar to
scaling using a histogram, but is dynamic:
there’s no editing of the values, but
before every playback pass, the values
are randomised within a spread range.

Looking at MIDI data rather than
audio for a moment, it’'s possible to apply
a ‘spread’ to note velocities — rather than
having a single velocity, a note can be
assigned a velocity range (a percentage
variance from a central value). Every time
a clip is triggered, or each time its loop
restarts, actual velocities are assigned
randomly within the range and the notes
are played. Not all notes have to have
the same spread, or any at all — it’s on
a note-by-note basis. And to add a layer
of editing sophistication, since velocity
spreads are editable properties of notes,
you can select a whole set of notes and
then alter the spreads in a histogram.

How much effect velocity
randomisation has depends, of course, on
the instrument that the notes are playing.
For most off-the-shelf instruments. you’ll
probably get some variance of loudness
or brightness, but this kind of controlled
randomness might hint at some sound-
design ideas: start with a quantised
MIDI loop for drums or a rhythmic synth
motif, and dive

into editing the
response to velocity
in more radical,
unconventional
ways. Even a simple
trick like layering

— two instruments

IREERAENY

on the same track,
using note filters
to pick instrument »

= Editing a selection
of velocities with
a histogram.
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mw Velocity spreads in a tight
rhythm clip.

according to velocity, can
really animate a simple
musical sequence.

For instruments that
support MPE, we can
play similar games with
per-note performance
data (timbre, pressure
and pitch-bend). Unlike
velocities, this data is
notionally continuous,
like automation, so the
spread is applied to
control points of the data,
not just at note-on. I'm
struggling a bit to think
why I'd want to randomise
pitch (except perhaps
for slight detuning),
but random timbre or
pressure could animate
the tone of individual notes within a chord
each time it’s played. Audio clips support
expression spread as well, for gain, pan,
pitch and formant.

Random Interlude

At this stage we should probably talk

a little about how randomisation works.
It’s all well and good to apply random
processes to musical composition,

but sometimes a particular roll of the
dice will yield a good result which you
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want to keep (or which your client
wants to keep), making a degree of
reproducability important. Based on what
we’ve discussed so far, each clip launch
or trip around a clip loop starts with
a randomisation process which replaces
what happened the last time through.
The arranger is generally where we
want to start setting material into its
final, mixed, form. Bounce-record a clip
from the launcher into the arranger, and
sure enough the randomisation when
the clip is played
is completely
repeatable. If the
clip has a loop,
the loops will be
distinct, but the
clip as a whole
will always sound
the same. You
can even start
playback part
way through the
clip, several loops
in, and have it
behave as if all
the randomness
has been
rendered in place,
regardless of how
many times it’s
been looped.

mw Spreading the
MPE pitch-bend in
a single note.

This stability is achieved by random
seeding. There’s no such thing as a truly
random number generator as far as
computers are concerned, so what they
do instead is build repeatable chains of
randomness from a single initial numeric
seed value. If that seed can itself be
randomised in some manner every time
a clip is launched, then everything else
seems to be random. Fix a clip’s seed,
and all of its random behaviour becomes
repeatable. Every clip has a seed setting:

= A fixed random seed for a clip’s spread and
operators.

if it's set to ‘random’, then the chain of
random values is recalculated on every
clip launch. Click to ‘capture’ a random
seed, denoted by a pattern of rectangles,
and everything becomes repeatable.

Operators Redux

Let’s look at operators proper. There’s
a group of condition functions that can
be applied to any event — a MIDI note
or an audio event in a clip. These act as
filters, deciding whether that event will
play or not. In fact, only the first of these
functions, prosaically called ‘chance’,
makes use of the random seeding
described above. The others are more
computational, generally depending

on the current state of a clip whilst

it’'s playing.



Chance is simply a probability that
a note or audio event plays — or doesn’t.
Select one or more events and set the
chance to any value between zero and
100 percent. In the clip view, the event
is annotated with a small dice icon,
showing a number of dots between one
and five as a rough visual indicator of the
chance, and there’s also
a graphical editor view
— and the histogram
view — for editing them.
Like spreads, the
event chances in a clip
are calculated when
the clip is launched
and again every time it
loops: the events are
visually highlighted
each time according to
whether they will play or not.
The repeats operator effectively cuts
a note or audio event into slices, although
the operation is non-destructive: think of
it as a stuttering effect, or adding grace
notes in a musical score. The subdivision
can be calculated according to the length

of the original event (cut into halves,
thirds, etc.) or according to the time grid,
placing the repeats on a subdivision of
beats. In the former case, the division
points will scale or ‘stretch’ with the event
if it is resized; in the latter, division points
will be added or removed to keep the
specified grid spacing. The grid-based

“I've been growing more fond of Bitwig Studio
through the years as it has matured from DAW
into a well-rounded compositional system, with
sophisticated modulation features, an internal
modular synth and considerable versatility in
some of its built-in instruments.”

divisions are not restricted to powers of
two, either: if you want 37 repeated notes
in a bar, perhaps to add a bit of a Conlon
Nancarrow groove to a piano part,

feel free. Certainly, divisions into thirds
and sixths give you plenty of options

for polyrhythms.

For MIDI notes, a response curve
allows the velocity to be scaled up or
down along the repeats, allowing for
some dynamic change along the event;
sadly, there’s no way to apply such
a curve to the amplitude of repeated
audio events, so that would need to be
done with automation. Also, it would
be nice to be able to
add a curve for other
properties, such as
pitch or timbre, through
the repeats.

A feature which is
shared between notes
and audio events is
the ability to shift the
timing of the repeats
into an accelerando
or ritardando
phrasing, to add some speeding-up
or slowing-down interest to drum fills
or other effects, for a bit of a Rival
Consoles vibe. A note-with-repeats or
audio-event-with-repeats is still a single
event from an editing perspective, so
other processing like spreads and chance »

soothe harshness,
save time

oeksound

SPIFF

transient control,
oek-style
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= Operators applied to a note.

OPERATORS

applies to the entire
event with repeats, not
the individual repeats
themselves.

The recurrence
function is another filter,
causing events to either
play or not. For an event
you can specify a recurrence length
(from two up to eight) which is used to
count the clip loops as they repeat. For
each ‘lap’ of the loop in this recurrence
length, there’s a toggle box to indicate
whether the event plays. Once past the
recurrence length, the process starts
again. The best way to think about this
(or, at least, the way which works for
me) is to imagine the clip loop unrolled
linearly over time. A recurrence length
of two makes the loop twice as long,
duplicating all the events but letting some
of them play only in the first half, or the
second. A recurrence of three makes the
loop three times as long, and so on. If
you stack up some dense drum parts in
a short loop and then thin them out by
adding recurrence with differing lengths,
you get longer, more engaging rhythms
really quickly. At the very least, if you
often find yourself doubling the length of
a MIDI loop, duplicating all the notes, and
then selectively editing or removing notes
in one half or the other, This will save you
a lot of time and be more manageable.
Little icons at the end of notes or audio
event tabs in the clip view let you keep an
eye on what’s going on.

I've left ‘occurrence’ until last because
it's probably the most complex, and most
subtle, of the filters. As with recurrence,
an event plays, or not, according to some
calculations made about the state of the
clip. An event can be made to play once
only when a clip is triggered. (This means
the first occurrence of the event: jump
into the middle of an unrolled loop in the
arrangement and the event won’t play.)
Or an event can play every time except
the first. An event can be made to play
only when the previous event did, or
only when it did not. For MIDI clips, the
playback can be dependent on being the
same (or different) note pitch, or same
or different MIDI channel. (For some
reason, these conditional events don’t get
highlighted dynamically during playback
according to whether they trigger.)

Occurrence can also be established
by the state of a global fill’ toggle,
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presumably intended to be mapped
to a MIDI footswitch to add fill parts to
a drum pattern. There’s only one fill
control in the entire session; I'd quite like
to have had one per clip (or at least per
track), but you can at least automate it in
the project’s master track.

The subtlety of occurrence involves
simultaneous notes in a chord: if
the notes are all set to not play after
a previous event, will they interfere with
one another, and which notes will actually
trigger? Bitwig very neatly sidesteps
this problem by treating all notes at the
same time location as comprising the
same event, so every quantised chord
is ‘atomic’: it either registers as a played
event for following notes or it doesn’t.

There’s a lot to digest in the operator
machinery, given how individual events
can influence those downstream in
a sequence according to potentially
complex combinations of rules. The
Bitwig press release states that the
operators work “in parallel”, though to my
mind it’s more ‘in series’: any one of them
can remove an event from playback, and
that can then cause alternate events to
trigger instead.

I've long been a fan of randomness
in composition, and it’s one of the
first things | jump to in any device or
environment | use, but with Bitwig’s
operators it’s best used sparingly. The
ability to combine occurrence and
recurrence to ‘unroll’ simple melodic
loops into more
sophisticated forms
is something | found
really engaging as
a creative process.
It's a bit of a shame
that note repeats
can’t be made
conditional in
some way; you can
hack the effect by Pr
placing two identical

Always

* on First

E Fill on

m The different = Fill off

occurrence operators.

< with Prev Key

<1 with Prev Chan.

E without Prev Chan.

notes in the same place, if they’re on
different MIDI channels, and alternating
between them, but it’s a bit of an effort.
On the whole, though, operators form

a sophisticated toolbox, letting you
transform the base metal of a simple step
sequence or drum pattern into the gold
of a longer, more varied and engaging
musical idea.

Other Enhancements

There are other low-profile — though
non-trivial — enhancements that have
arrived with Bitwig 4. On the Mac, there
is now native support for the M1, Apple’s
new ARM processor architecture. There’s
lots to be said about the M1 in relation to
music software, although as the owner
of a seven-year-old Intel Mac, waiting for
the next generation of ARM machines to
arrive, my thoughts would be somewhat
speculative. One thing that Bitwig have
achieved, however, is to port version 4
to the M1 processor whilst maintaining
support for legacy Intel plug-ins (which,
at this stage, is still most of them). This

is to some extent an accident of fortune,
because Bitwig has always had the option
to host plug-ins in a separate process
from the program proper. This allowed
the roll-out of an M1-based DAW using
Intel-based plug-ins, which is at the
moment the best of both worlds, and
should allow for a smooth transition from
Intel to M1 over the coming months and
years. Any Intel code still needs to be

O never First Skips the first cycle

< with Previous
& without Previous

' E without Prev Key
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passed through Apple’s Rosetta 2 translator, and it’s not
clear what the performance gains are for Bitwig on M1
given that most of a DAW’s CPU load is from the plug-ins
themselves, unless you stick to the built-in devices.
But this does mean that Bitwig can steam ahead with
M1-based development and not leave users with their
legacy instruments and effects behind — at least as long
as Apple support Rosetta.

Bitwig 4 also claims to be able to import projects
from other DAWSs, quoting FL Studio and Ableton Live as
supported formats. | was rather sceptical about this, and
found my scepticism pretty much confirmed. Bitwig loaded
projects from Ableton Suite 11 without much complaint,
but they were, to say the least, incomplete. Some track
names and instrument names were missing. A drum rack
imported with a complaint about missing samples, which
is odd because they were in the standard place in the
Live project; importing them manually didn’t fix things.
An attempt to import Live’s native Wavetable synthesizer,

obviously doomed to failure, resulted in a rather arbitrary This extremely limited version

. N . of our award-winning Mercury is fitted
instance of Bitwig’s Polymer synth with a completely with a rare, unused Mullard CV4024 valve.
different sound, although to be fair it did have the correct These vacuum tubes, held in military stores
preset name. An Ableton Live flanger did miraculously ;ﬁlgf’;gzrggg‘:hg":ﬂf{;:’tg;zeahéglssséal
make it into Bitwig sounding pretty much unfazed (as it compression, e you’re recording.
were) by the ordeal. An extra-special mic that is a

t-h fi tudi
VST presets seemed unharmed, and MIDI clips and B 0T any Stuio

seemed to transfer OK (even those with MPE gestures!),
although the story with audio was a bit more mixed, as

a syncopated warped drum loop in Live transformed, not
entirely disastrously, into a pattern containing fragments in
triplet time. Track groups and routings were intact, as were
the positions and MIDI data of arrangement clips, but any
kind of automation was basically dropped on the floor.

The question to ask yourself, faced with a copy of
Bitwig Studio 4 and an Ableton Live set, is what you want
to achieve and how much work you are willing to do to get
there. Porting track setups, clips (launcher or arranger) and
third-party plug-ins seems pretty robust. Anything more
complex or more Ableton-specific and you’re in uncharted,
and probably unchartable, territory.

Conclusion

I've been growing more fond of Bitwig Studio through the
years as it has matured from DAW into a well-rounded
compositional system, with sophisticated modulation
features, an internal modular synth and considerable
versatility in some of its built-in instruments. The comping
feature in version 4 is surprisingly powerful by virtue of
being implemented at the clip level, allowing for some
creative applications, while the operators open the door to
new algorithmic compositional techniques, complementing
the modulators at the device level.

| can’t think of any real down sides to the new
release, but at the risk of pointing out the obvious: this
impressive music environment is, at the end of the day, all
screen-based. Do explore and exploit all that it can do, but
don’t forget to get out into the real world with a physical
controller and actually make some music! FEN
e — . . |I

£ €399 including VAT. ‘
W www.bitwig.com ] }
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) \Vhat Do All Those Knobs Do? ¢—

Dynamics processing is a core mixing technique,
but it’s often misunderstood. We explain how to make
a compressor do what you want it to!

D
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SAM INGLIS

ound is dynamic. It varies in level on a large timescale, such as
when a loud finale follows a reflective slow movement. It also
varies on a much smaller scale. For example, each time we hit
a piano key, the note starts loud and then dies away.
When we record or mix sound, we sometimes want to alter this
dynamic behaviour. We might wish to amplify the quiet passages
so they can be heard more easily. We might seek to make
a performance appear more consistent. We might even want to
change the dynamic character of individual notes, for instance by
making them sound more or less staccato.
The simplest way to alter dynamics is to adjust the level using
a fader. A human listener can follow the large-scale dynamic variation
in a piece of music and make it louder or quieter as appropriate.
However, small-scale dynamic variation — sometimes known
as micro-dynamics — happens too fast for a human operator to
respond reliably. Enter the compressor: a device that ‘listens’ to the
input signal, analyses its dynamic variation, and adjusts the level
automatically in response.
Some compressors have almost no controls at all. Others bristle
with an intimidating array of obscurely named knobs. The aim of
this article is to demystify these parameters and help you to use
compressors with confidence.

Insert Or Send?

Conceptually, a compressor is like an automated fader. It's

a transformative rather than an additive process: it modifies, rather
than augments, the sound. For this reason, a compressor plug-in or
hardware unit would usually be used as an insert, not an auxiliary
effect. If we want to compress multiple sources at once, we either need
to use a separate compressor for each of them, or bus them to a single
channel and compress that channel. Both are valid approaches, but
they have very different effects and applications.

Watching The Detectors

Most of the key controls on a compressor adjust the circuit or
algorithm that decides whether the input signal should be turned
down or left alone. This is known as the detector, and it usually
receives its own, dedicated copy of the input signal, on a separate
path known as the side-chain.

A basic detector could simply compare the peak level of this
side-chain signal with a chosen fixed value, and trigger gain reduction
in the audio path whenever the one exceeds the other. The lower
we set this value, the more likely the signal level will be higher at

Threshold Ratio Make-Up
225 4.01 5.0
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mw The stock Compressor plug-in bundled with Steinberg’s Cubase has an Analysis
control that sets balance between peak and RMS detection.
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What About Stereo?

1IE09/N DISCRETE
PRECISION STEREDQ

By definition, the two channels of a stereo

recording contain different signals. These signals

won'’t necessarily peak at the same time or the
same level; so what should happen when we
place a compressor across a stereo channel?
Most stereo compressors default to acting
identically on both channels. Gain reduction is
applied equally to both sides whenever a peak

occurs in either. This is the safest option, because

applying gain reduction unequally risks an

audible sideways shift in the stereo image. It also

makes the design of the compressor simpler,
because the side-chain signal need only be
a mono sum or average of the left and

right channels.

» any given moment, and the more often

compression will happen. The fixed value
in this scenario is known as the threshold,
and this is one of the key parameters in
nearly all compressor designs.

If the aim is to recreate the way our
ears respond to loudness, however,
this sort of detection will be a long way
wide of the mark. Using peak level as
a surrogate for loudness ignores the fact
that two signals with the same peak level
can sound wildly different to the human
ear. It makes no distinction between
sudden and sustained sounds, or
between low and high-frequency sounds.

A more sophisticated detector circuit
thus measures the rolling average of the
side-chain signal level. This average is
known as the ‘root mean square’ or RMS
value, and although this still isn’t a perfect
substitute for loudness as we perceive
it, it's usually better than the peak value.
Some compressors offer the option to
switch between RMS and peak detection;
usually, RMS will give a smoother and more
natural response, but peak will react faster
and may be useful on very percussive
sources, or when the aim is to ensure that
a particular peak level can’t be exceeded.

Another core parameter called ratio
tells the compressor by how much
a signal that does exceed the threshold

32 November 2021 / www.soundonsound.com
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However, some compressors do have a true
stereo side-chain, and give you the option to
partially or wholly unlink the two sides. Fully
unlinking the sides makes a stereo compressor
behave as two separate mono devices that
happen to share the same settings, and can be
useful on group channels such as backing vocal
auxes which aren’t carrying true stereo signals,
just lots of related mono sources. (The same can
be achieved in some DAWSs by using a dual mono
rather than a stereo plug-in instance.)

Quite a few compressors also have the option
to operate in Mid-Sides mode, whereby the left
and right channels are matrixed into Mid and
Sides channels, compression is applied, and

should be turned down. A ratio of 2:1 will
see the signal turned down by 1dB for
every 2dB that the side-chain signal is
above the threshold. Increase that to 4:1
and the signal will be turned down by 3dB
for every 4dB above the threshold. Or to
put it another way, in order for the output
signal to rise by 1dB above the threshold,
the input signal must be 2dB above for

a 2:1ratio and 4dB for a 4:1 ratio.

Attacking Instincts

Whether it uses peak or RMS detection,

a compressor is of limited value if its

reactions are always instantaneous.

A device that turns the signal down

immediately it exceeds the threshold

can’t respond to dynamic variation on

a larger scale. It can also cause distortion

on low-frequency sounds, by kicking in

on every cycle and thus changing the

waveform. Even if we can’t hear distortion,

we may well be able to hear other artifacts.
For this reason, nearly all compressors

have two additional parameters, known as

their ‘time constants’. The attack control

allows us to slow down the initial action of

the compressor. Let’s say that the detector

has determined that 4dB gain reduction is
appropriate on a given peak. If we set the
attack time to zero, this 4dB level drop will

be applied straight away. If we set it to 100

s The much-loved AMS Neve 33609/N is
designed as a stereo compressor, but allows the
two channels to be unlinked. In this mode they
can be used as independent mono compressors
for different sources, or on ‘stereo’ material where
preservation of image isn’t an issue.

then the matrixing process is repeated to restore
left-right stereo. In this case, unlinking the two
channels in a stereo side-chain causes the stereo
width to vary, which is much less objectionable
than left-right shifts in stereo image, and it can in
fact be very useful, especially at mastering. For
example, if we’re sent a mix to master where the
vocal is too loud, we can often improve matters by
compressing only the Mid component.

milliseconds, gain reduction will be applied
gradually, reaching 4dB only after that time.
In human terms, it’s the difference between
having a fader instantly jump to the -4dB
point, and having it moved smoothly to that
point.

The release time constant has a similar
role at the other end of the process. With
an immediate release, the compressor will
stop acting the instant the input level drops
below the threshold. A longer release
time causes it to relax its attenuation more
smoothly.

Target Practice

Together, these four key parameters
provide a lot of flexibility for shaping the
response of the compressor. Lowering the
threshold will mean gain reduction takes
place more often. It also means the signal
is more likely to exceed the threshold by
a greater margin, and will thus be turned
down further. Increasing the ratio likewise
means that signals exceeding the threshold
will be turned down more. Longer time
constants, meanwhile, tend to make the
action of the compressor smoother, and
more focused on long-term dynamic
variation rather than micro-dynamics.

One important thing to note is that
detection is a moving target. For example,
let’s say we set the attack time to 100ms,



and the ratio to 4:1. A peak that exceeds the
threshold by 8dB will, in theory, trigger gain
reduction that steadily increases to 6dB after standard Threshold,
100ms. But if that peak is only 50ms in duration, Ratio, Attack and Release
the signal will fall below the threshold again controls and is a hugely
before the attack phase is over. The detector versatile device.
will quickly ‘change its mind’ and switch the
compressor into its release phase, so 6dB gain
reduction will never be reached.
Another factor affecting the position of
this moving target is the topology of the
compressor: whether the side-chain signal that
feeds the detector is tapped before or after
any gain reduction takes place. A feed-forward
compressor taps the side-chain from the raw
input signal, but in a feeback architecture,
the side-chain is derived from the processed
signal. There are a few compressors that can be
switched between the two modes; in general,
a feed-forward compressor has a snappier and
more obvious action, but offers less precise
control of level, while a feedback design is
smoother and more accurate.

Time And Motion

If a compressor has the four key parameters
described so far — and most do — that’s

The famous SSL
compressor has the
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» enough to make it a very flexible tool.

Before we move on to consider some
additional controls, let’s consider how
these parameters might be used to
achieve different results.

On a snare or kick drum track, we
could choose a fast attack and a medium
release, a high ratio and a fairly high
threshold. Then, only the loudest hits
would trigger compression, and would do
so immediately: useful for levelling out an
unevenly played part. By contrast, if we
increase the attack time and lower the
threshold, we ensure that all hits trigger
compression, but only after the initial
transient has passed. This has audibly
different results. The sound of the drum
will be changed, emphasising the attack
of each hit and reducing the sustain. We
might take this approach if, for example,
the drum is ringing more than we want.

Now let’s think about the different ways
a compressor placed across the entire mix
bus might respond. By setting a very high
threshold, the shortest possible attack
and the highest possible ratio, we can
approximate a special type of compressor
called a limiter. In effect, we’re specifying
a ‘ceiling’, a level above which no signal
is allowed to creep. Any peaks that dare
to show themselves above the threshold
instantly trigger gain reduction, ensuring
that this ceiling level is never breached.

We can achieve a completely different
effect by setting a very low threshold,

a very low ratio (perhaps as low as 1.1:1)
and more moderate time constants. In
this scenario, the detector is triggering
compression most of the time, and the
‘moving target’ effect described above is
continuously in action. The end result is
a series of complex but subtle dynamic
changes that we hear as a gentle
smoothing-out of the mix.

Filtering Down

Because the side-chain signal that feeds
the detector circuit is not actually in the
audio path, processing can be applied
to the side-chain signal without directly
affecting the main signal. This possibility
is often exploited to apply equalisation
or filtering to the side-chain signal,
weighting the response of the detector
towards one area of the frequency
spectrum. Probably the simplest and the
most common application of this idea is
to incorporate an optional high-pass filter
into the side-chain.

The effect of this is to make the
detector less sensitive to low frequencies,
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mw API's 529 compressor provides the
option to switch between feedback (‘old’)
and feed-forward (‘new’) topologies.

mw A peak limiter such as FabFilter’s Pro-L 2 is a specialised kind of dynamics processor optimised to
work with very fast attack and release times and very high ratios, in order to prevent any peaks exceeding
a fixed ‘ceiling’ level.

which often helps to align its action

more closely with what we are hearing.
Our ears are much more sensitive in the
midrange than in the bass; so there are
times when we want a compressor to
even out the midrange, but it ‘hears’ the
low end as being dominant and responds

to that instead. That’s especially the case

on complex material such as full mixes.
High-pass filters are found in many

compressors. Some also feature additional

side-chain EQ controls, such as the

Thrust options on some API compressors.

One common type of de-esser is simply »
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s Warm Audio’s Bus Comp is based on the classic SSL design, and incorporates a variable high-pass filter
for situations where you want the processing to respond to midrange rather than low-frequency energy.

a compressor with an exaggerated treble
boost in the side chain, emphasising

the bursts of high-frequency noise

that make up sibilance and triggering
compression. Taking this further, some
hardware compressors have an insert
point that allows you to patch in the EQ of
your choice.

Taking Sides

Most DAWs don’t allow one plug-in
to host another as an insert, so you
can’t actually patch a software EQ into
a software compressor’s side-chain.
However, many plug-in compressors do
have an external side-chain input or key
input which allows a signal of your choice
to be fed to the side-chain and used
to trigger compression. If you want to
experiment with side-chain EQ, you can
duplicate the source to a second track,
equalise it and route it to this input. But
it's also possible to use the side-chain
input for other purposes. In particular, you
can route a completely different signal to
the side-chain input, and this is the basis
of numerous compression techniques.
This type of side-chain compression
can be used to create an effect that has
been a staple of electronic music ever
since French house became a thing.
It's achieved by placing a compressor
across the master bus, with the side-chain
input fed from the kick drum track. Every
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A

time the kick drum hits, the entire mix

is compressed, creating a ‘pumping’
motion. Other well-known applications
for side-chain compression include
ducking, whereby instrumental parts or
reverbs and delays are ‘pushed’ into the
background by a vocal, then allowed to
swell again in the gaps.

Up Up And Away

You’'ll sometimes see compression
described as a means of making

things louder. On the face of it, this
seems confusing: as we've seen, the
fundamental job of a compressor is to
turn things down when they get too
loud! In fact, there’s no contradiction.
What most compression settings do is
to reduce the crest factor of the signal:
by turning down the loudest peaks, they
reduce the ratio between the peak level
and the average level. If we then turn
the compressed signal back up again
so that it peaks at the same level as

the uncompressed signal, the average
level will now be greater, and hence it
will sound louder. All compressors have
the means of doing this built in, usually

through a control labelled make-up gain.

Knees Up

As obscurely named controls in music
technology go, soft knee and hard knee
are right up there. They take their name

PRESETS SETUP
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S0E - (s ariE

from a common graphical representation
of compression, and relate to the
behaviour of signals around the threshold
level. In a hard-knee compressor,
the transition from doing nothing to
full-ratio compression takes place as
soon as a peak reaches threshold level.
In a soft-knee design, the process is
more gradual: compression at a low
ratio begins to take place as the signal
approaches threshold level, and the
ratio steadily increases as it goes further
above the threshold. (Dbx coined the
alternative term ‘over easy’ to describe
soft-knee compression.)

In most cases, the action of
a hard-knee compression is more
assertive and less subtle than that of
a soft-knee model; soft-knee compression
is often preferable when we want to
retain the illusion that no processing is
taking place.

Parallel Lines

Newer compressor designs often now
feature a wet/dry mix control. This
allows you to implement a technique
known as parallel or New York-style
compression, whereby a heavily
compressed version of the source is
blended with an uncompressed version.
This modifies the sound in complex ways,
with results that are audibly different
from straightforward compression. For
more detail, I'd suggest consulting Hugh
Robjohns’ in-depth article on the subject:
www.soundonsound.com/techniques/
parallel-compression. Alternatively, dive
in and experiment! Be aware, though,
that there is no universal standard for
how the ‘wet’ and ‘dry’ sides of the signal
should be balanced, so you may find that
a setting which works for one compressor
is completely different on another.

A wet/dry control isn’t essential for
implementing parallel compression,
however. You can achieve the same effect

= Softube’s FET Compressor is one of many
plug-in compressors that can accept an
external side-chain signal.
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Based on the legendary Urei 1176, Black Lion Audio’s FET.LiMiTing AMPLIE1ER

Seventeen compressor is an example of a ‘fixed-threshold’ design.

Meanwhile, Back In The Real World

In this article, I've described threshold, ratio, attack and release as being pair of components exhibits very complex behaviour, with fixed but relatively

the most fundamental compression parameters. But there are some classic long attack and release times, a very soft knee and a highly variable ratio.

hardware compressors — and plug-in emulations of them — that don’t have Another classic design, the Urei 1176, does have time-constant and ratio

even these controls. This is because analogue electronics can only ever settings, but it too lacks a threshold control.

approximate the behaviour of an ideal compressor, and some older designs Both are examples of fixed-threshold designs. With no user control over

are very limited in comparison. the threshold value, we vary the amount of compression by raising or lowering
Real-world electrical components can react to input signal levels in the input level. Instead of adjusting the threshold level relative to the input

complex ways. The classic Teletronix LA-2A, for example, runs its side-chain signal, these are designed so that we adjust the input level relative to a fixed

signal into an illuminating panel which, in turn, triggers a light-sensitive threshold. A higher input level equates to a lower threshold and therefore

component that applies more gain reduction as the light gets brighter. This more compression (and vice versa).
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mw In these two shots of the Compressor plug-in bundled with PreSonus Studio One, the effect of different
Knee settings is visualised. With a hard knee setting (top) compression occurs immediately at full ratio once
the threshold is reached, but not before; with a softer knee (above) the onset of compression is more gradual
and begins before the threshold is reached.

by placing a conventional compressor on
an auxiliary channel and sending to it from
the dry source channel. The relative levels
of the faders on the source and auxiliary
channel will then determine the balance of
dry and compressed signal.

Compulsive Compression

Like other common processors such
as reverb or equalisation, compressors
sometimes offer an endless variety of
additional controls on top of their core
parameters. Sometimes you’ll also find
familiar knobs bearing unfamiliar names.
Most of this, however, is icing on the cake.
Once you understand threshold, ratio,
attack and release, and how they interact,
you’ll be a long way towards being able to
use compression to get the results
you want.

So, my advice to anyone starting out
is to focus on these core controls first —
or rather, second. The first thing should
always be to ask yourself why you’re using
a compressor at all, and what result you’re
aiming for. When we have unlimited plug-in
power at our disposal, it’s easy to get into
the habit of applying compression purely
for the sake of it. But, like any process,
compression is a means to an end, not an
end in itself. It's much easier to choose the
right settings when you know what you’re
trying to achieve with them! NN
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Vochlea Dupler?

MATT HOUGHTON

aking music with computers can
be frustrating if, like me, you're
not a great keyboard player.

There are various alternative controller
options, not least for guitarists like me,
but I've long been interested in the idea
of using my voice to control instruments
and effects. It's not purely laziness, either:
the human voice is a uniquely expressive
‘instrument’ and most of us have a decent
degree of control over it. I've tried various
audio-to-MIDI systems over the years —
both real-time and offline types — but, as
much as I've enjoyed exploring them, I'd
not hit upon a single program that made it
easy until very recently.

Several months ago, | found myself
contemplating Vochlea’s Dubler, which
promised to turn my voice into expressive
MIDI performances, in real time, with low
latency. Better still, it claimed to track not
only the pitch and level, but to include
a dedicated beat-boxing facility, to trigger
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mw The Play view, which is where
you'll spend most of your time once
you've set everything up to taste.

Voice-to-MIDI Software

Not everyone can play keys or guitar, so how about
contolling virtual instruments with nothing but your voice?

chords and, best of all, to create MIDI
data from different vowel sounds. So

| contacted Vochlea, who sent me their
Studio Kit 1 for evaluation, while asking
if I might review their more ambitious
Dubler 2, the release of which was near.

Dubling Up

It's worth starting with a quick summary
of my experiences with Dubler 1, which
was available only in the Studio Kit,
comprising the Dubler 1 software and
Vochlea’s USB dynamic mic. Compared
with most real-time pitch-to-MIDI systems
I've used, it was impressive in many ways,
and it was undeniably fun to play with.
But it didn’t really meet my needs. The
beat-boxing was particularly reliable, but
the voice tracking was, if anything, too
precise; I'm sure skilled vocalists coaxed

better results from it, but | tended to find
that my own, slightly pitchy efforts too
often triggered bum notes or unwanted
bends, and there was only limited scope
in the single-screen interface to hone its
response to compensate for my lack of
vocal control.

Available for Mac OS and Windows,
Dubler 2 is a significant step forward
for people like me. Significant enough,
in fact, that 'm now using it to ‘sing in’
ideas quite often, not least if | want to
experiment with adding strings and the
like to my rock/pop arrangements — |
can just sing, hum or whistle simple parts
very easily. It's available in the Studio Kit
2 or, new in version 2, as software only.
Vochlea recommend their own mic, which
was used when refining their algorithms
and is automatically recognised by Dubler



2 when connected, but any dynamic mic
with a ‘professional’ audio interface (for
Windows, that means one with an ASIO
driver) will work. If Vochlea’s mic isn’t
hooked up, an idiot-proof setup wizard
configures Dubler for use with your mic.

Trigger Happy

Dubler 2’s GUI is very different from
that of Dubler 1, with the single screen
replaced by five tabbed pages. It never

feels busy or daunting, though, and once

set up you’ll spend the vast majority of
your time in the Play tab. Accordingly,

Dubler 2 opens in this tab which, as the
name implies, is the main performance

view. It’s divided into two sections: a pane

on the left for beat-boxing, and a bigger

one to its right dedicated to the pitch and

vowel tracking.

Click a Trigger pad on the left and
you’re taken to the Train tab, where you
can ‘train’ the software to recognise the
beat-box sound you want to map to the
pad. Training is a really intuitive process
with good visual feedback, whereby you
record up to 12 versions of the sound in
one pass. You can name each pad (‘kick’,
‘snare’ and so on), assign it different
sounds from the onboard 808-style

ubler your Ingut
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s You can teach Dubler 2 to map beat-box sounds to its Trigger pads, or you could use it with other sources
too, for example to generate snare rimshots to trigger electronic sounds.

drum kit or a different MIDI note (Dubler
presents itself to your DAW software as

a MIDI device), or both, and can specify
whether the output should be dynamic or
play back at a single velocity. Up to eight
pads can be created per profile (you can
save and load different Profiles, which is
helpful if you want to use different mics,
or want a regular collaborator to use
Dubler), and then it’s back to Play view to
start your beat-boxing performance.

The beat-boxing experience is nice
and snappy; | never felt distracted by
latency. Triggering a three-piece kit with,
say, kick, snare and hi-hat is trivially easy,
and that’ll be enough to create a groove
on stage (more than enough if you team
it up with a looper), while in the studio,
you can easily go back and overdub
more parts. As you start to add more
pads, though, you’ll need to give thought
to the sounds you’re ‘singing’ because,
unless they’re sufficiently differentiated,
you’ll trigger ‘false’ hits, and you might
therefore need to adapt your natural
beat-boxing style. Personally, | got
consistent results with four pads pretty
easily, but with more, | found it trickier to
generate parts that didn’t need tidying
in the DAW. On the whole, I'd say the
beat-boxing is a real strength of Dubler 2.

Pitch Perfect

The (monophonic) pitch-tracking is
accurate, with just a hint more latency
than with the beat-boxing but not so
much as to be distracting. That said,
sometimes | found it reacted more quickly
when | sang an octave up (you can
transpose the output up/down in octaves).

What really sets Dubler 2 apart from
the pitch-tracking crowd are the ways
it allows you to fine-tune its response
to the incoming signal, and the visual
feedback. The latter takes the form of
a large ‘note wheel’, which displays
both the current pitch being played and
how far you are from hitting that pitch
centre. Triggering can be restricted to
keys/scales, and there are many more
options here than in Dubler 1. There’s no
support for such exotica as quarter-tone
intervals, but in online demos Vochlea »

Vochlea Dubler 2
£189

PROS

« The basics are very easy, and
beginners can enjoy instant results.

« Beat-boxing triggers work very well.

« Responsive to three different vowel
sounds, as well as signal level.

« Can trigger melody and chord parts
simultaneously, on two different
MIDI channels.

« Multitouch-friendly.

« Now works with any mic.

CONS

« Can be tricky to hear yourself ‘sing’.
« While the basics are easy, getting
the most expressive performances
out of this system requires skill
and patient practice.

SUMMARY

The first system for control virtual
instruments using nothing but my
voice that I've found to be genuinely
usable, Dubler 2 is also immense fun.
It’s easy for anyone to get up and
running, but perfecting control of it
requires skill and practice.
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» have hinted that they
could add more options
in the future. You can
also ‘mute’ detection
of individual notes, on
the note wheel or the
keyboard below it, and
this can make it less
challenging to trigger
only the intended notes.
| was pleased to discover
that the GUI supports
multitouch: if you have
a multitouch screen
it’s incredibly easy to
mute and unmute notes
during a performance. The
GUI can also be scaled
up to 200 percent of
the default size.

The Play tab’s Pitch
section has an input level
control, and getting this
in the optimum place does seem to help
the detection. More interesting is the
Stickiness slider, a sort of sustain/release
control that smooths the transition
between detected notes, reducing the
likelihood of errors. The optimum setting
varies according to the part you're
playing and the way you’re singing, but
it’s a really helpful feature.

What all this adds up to is that, with
only a little practice, pretty much anyone
who can vaguely hold a note should be
able to use Dubler to play uncomplicated
melodies, or, say, to trigger simple string
backing parts to embellish a rock song.
And while it obviously helps if you know
the difference between minor and major
keys and so forth, you don’t need to: sing
notes in, and Dubler can suggest a key.

Onboard Sounds

A big improvement in Dubler 2 is that

it doesn’t just spew out MIDI: there are
onboard sounds too. They’re very usable
on stage but, just as importantly, they allow
you to configure and fine-tune Dubler
without having to map the MIDI output
other software. The 808-style drum kit

is perfect for beat-boxing, and there are

a handful of lead, bass and pad-style synth
presets. Most have modulation and delay in
the patches, which novices will love — the
movement and delay tails can help to cover
a multitude of pitching sins! What'’s here

is thus very welcome, even if most people
will soon decide that they want to hook
Dubler up to their favourite soft synths and
sample-based instruments.
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You can be much more ambitious,
of course, though note that the more
you ask of Dubler, the better a ‘singer’
you’ll need to be. | use inverted
commas around ‘singer’ because | mean
specifically that you must have or develop
very good control over your own pitch;
you won’t need a ‘golden voice’! First
and foremost, it’s about hitting the right
pitch, but you might find that you need
to adapt any naturally bad singing habits.
For instance, | have a tendency to bend
up into the pitch at the start of words,
and Dubler can interpret that as two
different notes. The aforementioned key
and note-muting facilities help, but | got
good results without that by deliberately
trying to sing as if I'd already been
Auto-Tuned! Changing the sounds you're
using can help, too. For example, if | sing
a sustained ‘aaah’, | seem to bend into the
note more than when | sing ‘ooo0’, and if
| add a ‘w’, to make it ‘waah’, this seems to
improve matters. Dubler’s response also
drew my attention to my tendency to let
the pitch drift on sustained notes, as | ‘run
out of wind’. The more you practice and
adapt your singing technique, the easier it
is to get Dubler to do what you want.
Dubler can not only play melodies,
but trigger chords too, and can do so
alongside the melody. You can output the
two parts on different MIDI channels, and,
better still, you can activate pitch-bend
for either, neither or both parts. Speaking
of pitch-bend, you can restrict the bend
range in semitones from 1-12, and a new
Intellibend mode ‘anchors’ to a note until
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= The pitch detection can be limited to notes in
various keys or scales.

you deliberately bend away from it, it’s
precise behaviour apparently relating to
the pitch Stickiness setting.

By default Dubler 2 maps notes to
chords that work in your chosen key, but
you can assign chords manually. Between
this and a handful of other options
there’s scope to create a convincing
auto-accompaniment for your main
melody. I'd personally be less inclined
to play two parts together like this in the
studio, where | can easily overdub, but
it opens up tantalising options for live
performance. If you’re stuck for inspiration,
you could also use Dubler to suggest
chords that will fit your melody.

Oohs & Aahs

In the Play tab, a rotated ‘squircle’ is
populated by four circular meters, one
each to track the level of three vowel
components and another marked ‘env’,
which tracks the amplitude. The vowel
trackers, labelled phonetically (‘aaa’, ‘000’
and ‘eee’), can be activated/bypassed
by clicking on the meter, and you can
fine-tune their response in the Assign
tab. Crucially, you can set minimum and
maximum thresholds to suit your vocal
character, and you can set the output
MIDI CC range in a similar fashion. This
new facility makes Dubler 2 so much
more expressive than its predecessor.

In the same tab, you can also change
the MIDI CC each tracker outputs, though
you can’t assign them to a different <ns1:XMLFault xmlns:ns1="http://cxf.apache.org/bindings/xformat"><ns1:faultstring xmlns:ns1="http://cxf.apache.org/bindings/xformat">java.lang.OutOfMemoryError: Java heap space</ns1:faultstring></ns1:XMLFault>