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welcome
Is it just me, or are DAW developers trying to outdo each 
other with the generosity of their free point updates? 
This year, Bitwig Studio reached v1.3 status, ushering in a 
range of essential additions (not least of which is the nifty 
new E-Cowbell); Logic Pro X sprouted a bunch of 
goodies with v10.2, the reborn Alchemy the star of the 

show; Cakewalk have been 
steadily souping up Sonar 
with power-packed updates 
(as part and parcel of their 
new “membership” model); 
Image-Line stepped up FL 
Studio with v12.1; and 
Renoise 3.1 is in public beta.

This month, though, it’s 
the turn of Ableton Live users to enjoy the warm, fuzzy 
feeling of a “free update available” notification landing in 
their inbox – and if that includes you, it’s practically 
unthinkable that you haven’t already installed the super-
slick v9.5 update and taken the all-new Simpler for a spin, 
had a cheeky sweep of the new analogue filters and 
kicked the tires on the new Max For Live synths.  
How to be sure you’re using them like a pro, though?

Don’t fret – we’re here to show you all that 
with Live 9.5: The Creative Guide, starting 
on p38! Equal parts practical and 
inspirational, we’ll have you slotting  
the new features into your creative 
workflow in no time. We’ll even weigh in 
with our verdict on that most crucial of 
issues: have Ableton truly met the needs 
of today’s producers with this update?

Have fun slicing, filtering and, er, 
synthing in Live 9.5, and above all…

Lee du-Caine Editor

Enjoy thE issuE

Where to get 

DoWnLoaD
See page 5 to find out how 
to download this issue’s 
exclusive content

“Are DAW 
developers 
trying to outdo 
each other?”

intro / computer music <

  PRInT 
in stores and online
www.myfavouritemagazines.com

  ZInIo 
for PC, Mac, Android, iPad & more
www.zinio.com

  GooGLE PLAy 
for Android & Chrome for PC/Mac
play.google.com

 nEWSSTAnD 
for iPad, iPhone & iPod touch
www.computermusic.co.uk/cmdigital

computermusic@futurenet.com

www.facebook.com/computer.music.mag

www.youtube.com/computermusicmag

www.twitter.com/computermusicuk

WWW

www.computermusic.co.uk

Subscribe to 
Computer Music!

See p34

HOW TO USE 

There’s extra video content  
wherever you see this icon.

See and hear the latest software in  
action! Get the video on the Vault, or 
youtube.com/computermusicmag

This icon means there are extra files  
to help you follow a tutorial feature: 
project files, audio examples, etc.

Wherever you see this icon, there’s 
downloadable content such as videos, 
software, samples and tutorial files. See  
the Contents on the next page to find out 
how to access our Vault download area.

download

Tutorials featuring this icon make  
use of our own  Plugins – find  
out all about them on p16.
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63	 		CURREnT VAlUE 
See his mad synth skills in action 
in this in-studio video session

67	 	 HOW TO UsE 
ECHOBOY 
Sequenced analogue delay fun 
awaits in Soundtoys’ classic plugin

82	 	 GUsGUs 
Chill out with Birgir Þórarinsson of the 
Icelandic electronic music collective as he 
chats plugins, modular madness and more

48	 	 sTEREO 
sCIEnCE: PART 1  
Start getting more out of your two speakers with our 
introductory guide to stereo principles and techniques

Invigorate your tunes with the ace new 
features in Ableton’s über-DAW, p38 
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 Essentials

 Reviews
90		  native instruments  reaKtor 6

92	  izotope  rx 5

96		 	m-audio  code 49

100	 	lindell audio  254e

104	 	dmg audio  expurgate

PlUs 22 mORE PRODUCTs REVIEWED

	 		 samples

Our exclusive collection of  
free plugins for Mac and PC. 
See what’s available on p16

A folder full of audio examples, 
synth patches and project files  
to help you follow our tutorials

 	 		CM Plugins 	 		Tutorial files

922 exclusive royalty-free  
samples to bring a sense of 
atmosphere to your tunes.  
Find out what’s inside on p14

24 		   news

30 		 what’s on your drive?

32	  bacK issues

33 		   burning Question

34	  subscribe

47		  next issue
114		  blast From the past:   
  clavia nord lead

 	 	 Tutorial videos
High-quality videos to guide you through  
our tutorials. Wherever you see the icon  
on the left, there’s a video version to watch

See this issue’s entire video content on the next pages

DownloaD Step 1 Step 2 Step 3

This issue’s exclusive 
free content from 
Computer Music

On your PC or Mac, go to  
vault.computermusic.co.uk, 
then either register for a  
new Vault account, or log in  
if you already have one.

Click ‘add a magazine’ in the 
top bar, select the issue you 
want to add to your Vault (eg, 
this issue is 225), and answer a 
few simple security questions.

Go to ‘my vault’ to see all your 
mags – click a cover and use 
the links to download! You can 
download as much or as little 
as you like.

In THE VAUlT 
THIs IssUE

* Please note that the Producer Masterclass video is not available as a download. From 221 onwards, this video is available via a streaming link.

This digital content has been thoroughly scanned and tested at all stages of production, but as with all new software, we still recommend that you run a virus checker 
before use. We also recommend that you have an up-to-date backup of your hard drive before using the content. Future cannot accept responsibility for any disruption, 
damage and/or loss to your data or computer system that may occur while using this magazine’s programs and/or data. Consult your network administrator before 
installing any software on a networked computer. If you have problems using our Vault download system, please contact vaultsupport@futurenet.com.

	 		 nora Cm
Inspire yourself with this issue’s free plugin, an 
easy-to-use arpeggiator from Squaredheads, p10
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6  Creating a ravey synth 
sound with Poli

2  Pitchshifting with 
Simpler’s Classic mode

7  Creating a righteous 
Reese with Bass

3  Chopping beats with 
Simpler’s new Slice mode

5  Making a smooth pad 
with Simpler Auto Filter

4 Making a punchy bass 
with Simpler’s filter modes

1  Making a self-
resonating riser in Operator

 video

Find out what Ableton’s 
newest update is all 
about, and get your 
teeth into the new 
features immediately

Read the full 
article on p38

THE CREATIVE GUIDE
LIVE 9.5
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Download this month’s videos onto your  
PC or Mac at vault.computermusic.co.uk



 video

1  Panning basics, pan law 
and balance vs. dual panning

3  Creating a wide but 
natural stereo soundstage

2  The LCR approach  
to mixing

5  Auto-panning and  
pan automation

4  A simple way to record 
acoustic guitar in stereo

Read the full 
article on p48

 Producer Masterclass*

CURRENT VALUE
Watch him lay down some beats and bass using 
nothing but Ableton’s Operator and built-in effects

sQUAREDHEADs NoRA Cm

sTEREo sCIENCE: pART 1

Find out how to use this issue’s free plugin  
to create inspirational and deep arpeggios 

Get started with  
the techniques and 
principles behind 
stereo sound

* Please note that the Producer Masterclass video is not available as a download via our Vault.  
See page 64 for viewing instructions, or watch on Apple Newsstand via built-in internet streaming.

Read the full article on p10

Read the full article on p63

January 2016  /  CompUTER mUsIC  /  7

As usual, this issue of  contains a huge haul of  
how-to videos – grab them on our online Vault now!



Read the full 
article on pxx

Read the full 
article on pxx

Grab this issue’s videos via Vault download – see p5 for details

 video

Read the full 
article on p78

Read the full 
article on p80

Read the full 
article on p74

Read the full 
article on p76

Get to grips with 
Soundtoys’ analogue-
style delay plugin

4  Controlling Tempo, 
Groove and Feel

5  Mastering EchoBoy’s 
Rhythm Echo mode

7  EchoBoy’s Saturation 
and Echo Styles

3  Dual Echo and Ping-
Pong modes in EchoBoy

6  The Soundtoys 5  
Effect Rack

2  EchoBoy’s Single Echo 
mode explained

1  Preset management and 
the Compare function

HoW To UsE

ECHoBoY

 DESiGnER SOunDS 

LAYERING  
sUB BAss

Get the low-down on 
your down-low from  
a certified bass guru

 GEEK TECHniQuE 

HEADRoom 
sECRETs

Eke extra loudness out  
of your sounds using  
the right visualiser tools

 DR BEAT 

THE kICk 
DRUm

Program grooves like  
a pro by mastering  
this drum kit element

 EASY GuiDE 

HARmoNIC 
RHYTHm

Create better movement 
and pace in your tracks 
with this piece of theory

/experts
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Read the full 
article on p67





Bored of lifeless melodies and static sequences? Transform chords into riffs, 
patterns and accompaniments with this VST/AU polyphonic MIDI arpeggiator

>Exclusive full software

An arpeggiator is a device that takes 
incoming MIDI chords and divides the 

constituent notes up into repetitive, rhythmic 
sequences. They’re usually basic affairs, 
outputting single monophonic patterns and 
repetitively cycling up or down through notes. 
Isn’t it about time for an arpeggiator that meets 
the needs of 21st century musicians? Well, we’ve 
got one for you! Nora CM, the latest addition to 
the  Plugins suite, is “a polyphonic phrase 
arpeggiator with piano roll technology” that 
DSP boffins Squaredheads have created by 
fusing elements from both versions 1 and 2 of 
their commercial Nora arpeggiator.

So how exactly does Nora CM work? It’s a 

MIDI processor, meaning that it doesn’t output 
or process any audio; instead, it sits before a 
MIDI synth or instrument, takes in multiple MIDI 
notes, then allows you to funnel these notes 
into a precise sequence before they hit your 
instrument of choice. Enter notes on Nora CM’s 
Phrase Editor (a familiar piano roll-style display) 
to define when and how the notes of your 
chords will be played back, and at which  
octave. Adjust note position, length, overlap, 
velocity, playback speed and more, and chain 
multiple clips of sequences together using the 
Playlist, before saving individual clips via the 
intuitive Browser. 

Put it all together and you can rapidly 

compose creative, intricate note patterns and 
combinations that are far beyond the ken of 
mere mortal arpeggiators and  would take an 
absolute age to program by hand. Plus, as a 
bonus, you get the nifty NoraHarm chord/scale 
plugin included for free!

If Nora CM’s melodic manipulations have you 
itching for more, take a look at the full version, 
Nora 2. It features up to five octaves and up to 
eight notes per octave, a powerful Pattern 
Editor allowing 64 patterns per track, a 
Randomizer for generating ad-hoc patterns, 
over 1200 presets, and more. Head over to 
Squaredheads’ website for the full lowdown. 
www.squaredheads.com

Squaredheads
Nora CM Get the plugin, the video and 

the Tutorial Files on PC/Mac at 
vault.computermusic.co.uk

dowNload

MENUs
Load/save projects, editing 
functions and more

VELOCITY GRID
Edit notes’ velocity 
values here

FILE 
BROWsER
Browse, save 
and load 
presets

ZOOM/NAVIGATION BARs
Click and drag the bars or zoom 
window to zoom/navigate  
(right-click to zoom screen to fit)

EDITING TOOLs
Undo, Redo, Cut, Copy, Paste, plus 
open the Browser and menu options

PHRAsE GRID
Draw and edit 
note data

PLAYLIsT
sequence, reorder and chain 
groups of clips together
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 > Step by step � Installing and using Nora CM 

To install Nora CM, download 
Squaredheads_Nora_CM.zip from 

vault.computermusic.co.uk, extract the 
installers, and launch the EXE if you’re on 
PC, or DMG for Mac (note that Nora CM 
requires OS X 10.8 or above). The Windows 
EXE will install the plugin automatically, 
whereas Mac users will have to drag the 
relevant files to their plugin folders. You’ll 
also want to copy the Squaredheads 
preset folder to your hard drive.

1
Start by loading Beats.wav, a simple 
backing beat, in a 120bpm project. 

Being a MIDI instrument, Nora CM’s MIDI 
output needs to be routed into another 
virtual instrument’s MIDI input. Create two 
MIDI/instrument tracks in your DAW – 
drop Chords.mid on the first, and load a 
rich, sustained synth patch with a fast 
attack on the second – Alpha CM’s  
Key-OrganDigital-TC preset fits the bill.

2
Load Nora CM on the first track, then 
route its MIDI Output into the synth 

track’s MIDI input. The MIDI routing 
process varies amongst DAWs, so consult 
your preferred host’s manual. Nora CM is 
now sitting between the Chords.mid notes 
and the synth’s MIDI input – but it’s not 
arpeggiating the synth yet, as we haven’t 
told it to let any notes through.

3

Nora CM’s GUI is fully scalable, so click 
and drag the bottom-right edge to 

resize the plugin to fill your available 
screen space. Navigate, zoom and resize 
windows with the horizontal/vertical scroll 
bars, or click and drag in its top-right 
zoom button. (Right-click in here to auto-
scale the zoom to fit the looped area).

4
The main section – the Phrase Editor  
– resembles a traditional piano roll 

found in any common DAW, with bars and 
beats running from left to right. Currently, 
you get three note positions across three 
octaves. Click to enter notes into the light-
coloured rows of the grid.

5
The sequence we’ve created will now 
trigger our Alpha CM patch. Nora CM 

actually allows you to arpeggiate up to 
four notes: to switch, head to the top-left 
Options menu, then Phrase Options, and 
set Notes to 4. You can enter vertical rows 
of notes to create chords – you don’t need 
to stick to monophonic arpeggios.

6

Our incoming chord’s notes can be 
sequenced across three octaves. 

There are three groups of rows on the 
Phrase Grid: enter notes in the central 
group to play them back at their original 
pitch, or play those notes transposed by  
+1 or -1 octaves by entering them in the 
upper or lower groups. Again, use the 
Phrase Options menu to choose between  
1 and 3 octaves.

7
Let’s look at Nora CM’s editing 
functions. Left-click to add a note, and 

Right-click to delete one. To move a note, 
drag it, or select it and use your keyboard’s 
arrow keys. Shift-drag to enter multiple 
notes, and drag note edges to resize them. 
The Snap Value determines note 
placement ‘resolution’ – change it via the 
Snap Options dropdown, or hold Cmd to 
drag ‘off the grid’.

8
Hold Ctrl while moving a note to 
duplicate it. Shift-drag a note up or 

down to transpose it by one semitone 
(hold Shift and double-click to remove this 
transposition). Ctrl-drag to lasso multiple 
notes for editing. Undo, Redo, Copy, Cut 
and Paste are all accessed via either the 
top-centre menu or the Edit dropdown.

9

TuTorial 
Files
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 > Step by step � Installing and using Nora CM (continued)  

Unlike most arpeggiators, Nora CM 
allows you to edit velocity on a per-

note basis by clicking and dragging a 
note’s velocity bar in the bottom Velocity 
Grid section. If more than one note is 
selected in the Phrase Grid, you’ll only be 
able to edit those notes’ velocities.

10
Hit the top-centre Arpeggiator 
Engine Setup button or click the  

top-left cog icon and choose Open 
Arpeggiator Settings to access various 
options. The Random Velocity parameter 
will, as expected, randomise all notes’ 
velocities – useful for adding slight 
variation or all-out chaos. 

11
Next, we can apply Swing to both the 
Start and End of notes – these 

parameters are linked by default, but can 
be unlinked with the toggle button. Here, 
we’ll set Start to a fairly high value, giving 
our riff a lazy feel that fits the heavily 
swung backing beats. 

12

Click in the Play Speed grid boxes to 
speed up or slow down the current riff, 

from 4x slower to 4x faster. Remember 
that individual notes can be transposed up 
or down by a semitone? The Pitch Scale 
section allows us to quantise (or ‘lock’) 
these transposed notes to the key and 
scale set here.

13
We’ve been looping only a single bar 
so far, so let’s expand that to two. 

Detoggle the Automatic Sequence 
Length button, found at the Phrase 
Editor’s top, then drag the Phrase End 
Selector cursor to the end of bar 2. Now 
Ctrl-drag to highlight your notes, hit the 
Copy button at the top, place the cursor in 
bar 2, then hit the Paste button to copy 
the riff. Change the copied notes to taste.

14
Rename your phrase in the Phrase 
Editor’s top-left menu bar. The bottom 

Playlist section is a timeline for 
sequencing and chaining multiple 
patterns. Drag clips from the Browser 
(opened via the top-centre menu) into 
here, or Ctrl-Shift-click to add a new 
empty clip. Drag a clip out to loop it.

15

Clips are saved using Nora CM’s 
browser, accessed via the toggle 

button at the plugin’s top-centre. Simply 
drag a clip into the browser, and it’ll be 
saved in there. Be sure to explore Nora 
CM’s 400 presets for plenty of inspiration!

16
When Nora CM is installed, a second 
bonus plugin called NoraHarm is also 

installed. It’s a MIDI Key Mapper that 
allows you to assign your input notes to 
different output notes, allowing you to 
play one-finger chords, limit input notes  
to a given scale, and create alternative 
chord inversions.

17
Finally, as a bonus for Mac/Logic Pro X 
users, Nora CM and NoraHarm come 

in MIDI FX format, meaning you can call 
up the instrument in an instrument track’s 
MIDI FX slot, bypassing any fiddly MIDI 
track routing. The .component file must be 
copied to your Mac’s Components folder, 
then it will appear under the Audio Units 
section of a Software Instrument track’s 
MIDI FX list. 

18
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 Exclusive samples

Sparse  
Soundscapes
From analogue chaos to atmospheric collage, download 
and layer up these free samples for instant inspiration

blocks for when you’re in a hurry, or a few  
well-designed set-pieces to take you in a 
completely new direction. Well, ’s got your 
back as usual, with this epic collection of varied 
soundscape elements. Head to the Vault and 
register this issue to get them right away (see 
page 5 for more info).

Groove Criminals
Sound-sculpting super-soldier Oli Bell hasn’t just 
thrown together a bunch of delay-soaked pads – 
he’s meticulously crafted a collection of melodic 
chimes and atmospheric minimal beats that are 
ripe for layering into a custom soundscape. And 
as a little bonus to get the juices flowing, he’s 
included eight multisampled Kontakt 
instruments in this month’s pack. Here’s what Oli 
had to say about Groove Criminals’ contribution:

“To begin our mission this month, we headed 
straight for our Dementia DM-1 Noise Synth, 
connecting it up to a Barge Concepts VFB-X 
Feedback Looper, adding a Line 6 Echo Park into 
the circuit and letting all heck break loose. This 
messy output signal was then sent to an 80s 
Peavey Uni Verb. We found that by just making 
some small tweaks on the DM-1 or Echo Park, we 
could entirely shift the character of the feedback 
loop and start off new bursts of texture. We 
recorded the whole sonic experiment and 
chopped out the best bits.

“We broke out the always-excellent 
Paulstretch software to heavily timestretch 
some hits and loops and turn them into slowly 
evolving textures.

“For some of the more synthetic drum and 
percussion sounds, we programmed a Nord 
Drum and threw its output through some 
hardware analogue delay and spring reverb 
before editing and further processing in the box.

“We also created some nice textures using 
our small (but growing) Eurorack modular. With 
simple waves from a couple of oscillators, we 
used slow LFOs to control filter cutoffs and VCA 
envelopes before putting the results through 
Audio Damage’s rather fab set of modular 
effects, again controlled by CV via random 
voltages or LFOs.”

www.groovecriminals.co.uk

Download the samples  
onto your PC/Mac at 

vault.computermusic.co.uk

download
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Including
 94 Tonal ReDraw loops
 79 Vinyl-textured atmospheres
 47 Manipulated vocal textures
 85 Dark beats and perc loops
 71 ‘Mystery Instrument’ samples
 81 Highly processed noises
 26 Sample-and-hold loops
 8 Kontakt instruments

922 EXCLUSIVE SAMPLES
Perhaps the ultimate pursuit of the sound 
designer, soundscapes can be anything 

you want them to be. Whatever genre you’re 
working in – from soundtrack to ambient, 
through house and DnB – there’s always a 
place for an evolving, atmospheric bed of 
sound to set the mood and fill out the mix.

And the best thing about cooking up one of 
these atmospheric sounds is that you’re never 
quite sure what you’re going to get. Throw a few 
ingredients in, and a slight tweak of the recipe 
can give you radically different results – there’s 
always something new to try.

But this infinite possibility can get too much  
– sometimes you need ready-made building 



Cyclick
Robbie Stamp has left his own sonic fingerprints 
all over this month’s pack, too. We hacked into 
the police database, tracked him down and gave 
him a grilling about it.

“Most of the samples are loops, and they’ve 
been made so that the start and end points are 
cut as contiguous pieces, meaning that they 
often appear to be clips when played ‘one-shot’, 
but they’ll actually loop seamlessly.

“The Cracklature Loops folder gives you vinyl 
crackle processed through 13 different setups, 
consisting of everything from crinkly filtering to 
massive reverberations. The reverbs come from 
the Kurzweil K2600r, which excels in this role. 

“The Creep Vox Loops are a series of non-
word vocal snippets processed through chains 
of reverbs, modulators, pitch processors and 
delays. The K2600r has an InfiniDecay 
parameter for some of its reverb algorithms, 
making for some beautiful atmospheric sound 

beds in the Infiniverb Loops folder, while the 
ReLooped folder gives you some heavily 
processed noise loops.

“Besides these, the pack contains burbling 
sample-and-hold synth patches plunged into 
beds of effects; noise loops with reverb from the 
Yamaha SPX1000; and weird vocal one-shots 
that’ll have you feeling creeped out with their 
pitchshifted and harmonised reverb signals.

“Finally, special mention has to go to the 
Tonal ReDraw loops, made using the 
Deconstruct algorithm from RX 3, which splits 
the noise component from the signal, leaving 
only the tonal parts. Check them out!”

www.soundcloud.com/cyclick-samples

Grab these exclusive samples on your PC/Mac 
at vault.computermusic.co.uk – see page 5  
for more on how to download this and the rest 
of this issue’s videos, files and software. 

Dementia DM-1 Noise Synth
Barge Concepts  
VFB-X Feedback Looper
Line 6 Echo Park
Peavey Uni Verb
Paulstretch
Sonic Charge Synplant
Nord Drum
Kurzweil K2600r
Yamaha SPX1000
iZotope RX 3

Selected 
kit list
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Sonic Charge’s Synplant (bottom), the Nord Drum  
and Dementia DM-1 (top) give this pack its character

Oli’s modular 
handiwork brings  

the chaos to this pack



Our exclusive collection 
of instruments and 
effects is included  
with every issue of 
Computer Music – it’s 
got all you need to 
make great music now!

What is  Plugins? Is it just 
freeware from the internet?
No, and neither are the plugins 
limited or ‘crippled’. It’s a set of 
virtual instruments and effects 
created by some of the best 
developers in the business just for 
us – you won’t find this set of 
plugins anywhere else!

Where do I get   Plugins?
As a download from our Vault  
(see p5 for instructions on how  
to access).

How do I install  Plugins?
You’ll find specific installation 
instructions for each plugin  
in the How To Install file in the  
CM Plugins folder.

What do I need to use them?
A PC or Mac and a music program 

(aka DAW) to host them (ie, ‘plug 
in’ to). You need a DAW that can 
host VST or AU plugins, such as 
Ableton Live, Reaper, FL Studio 
(PC), Cubase, Sonar (PC), Logic 
(Mac) or Garageband (Mac).

What happened to…!
As of 209, many  Plugins 
have been upgraded to include 
64-bit compatibility. The few older 

 Plugins that remain 32-bit-only 
– such as Amplifikation CM, Rhino 
CM and KR-Delay/KR-Reverb – are 
now included in the 32-bit only 
subfolders. These plugins require 
either a 32-bit host or a suitable 
‘bit bridge’ (eg, jBridge) for use 
within a 64-bit DAW.

Still got questions?  
See the full  FAQ at  
bit.ly/cmpluginsfaq

The  Plugins collection is a suite of complete, limitation-free 
instrument and effects plugins. It’s an incredible resource, boasting 

more than 50 pro-quality plugins that you won’t find anywhere else, all 
for PC and Mac, in VST and AU formats. All of the included software is 
created exclusively for us by respected commercial developers such as 
Ohm Force, KV331 Audio, u-he, Cableguys, AudioThing, XILS-lab, 
Vengeance-Sound, Rob Papen and zplane.

frequently asked questions

GGet all of these effects on 
your PC or Mac right now at 

vvault.computermusic.co.uk

download
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KV331 Audio SynthMaster CM
• Dual wavescanning oscillators
• Multimode filter and built-in effects
• Customisable waveshaping distortion 
• FM/AM synthesis modes
• Based on SynthMaster 2.5
• AU/VST, 32-/64-bit
www.kv331audio.com

Expert Sleepers 
XFadeLooper CM  
• Creative crossfade-looping sampler
• Hard sync mode • Modulation
• Saturation section • Flexible looping
• Based on Crossfade Loop Synth v3
• AU/VST, 32-/64-bit
www.expert-sleepers.co.uk

Loomer Cumulus 
• Granular sampler
• Scenes function for sequencing slices
• Not based on an existing plugin
• AU/VST, 32-/64-bit
• RTAS/Standalone 32-bit
www.loomer.co.uk

Cableguys Curve 2.5 CM
• NEW filter modes + more for v2.5!
• Design-your-own waveforms synth
• Phat 16-voice Unison mode
• Based on Cableguys Curve 2.5
• AU/VST/RTAS, 32-/64-bit
www.cableguys.de

Synapse Audio Dune CM
• VA and wavetable oscillators
• Powerful per-voice modulation
• 12-slot modulation matrix
• Based on the full version of Dune
• AU/VST, 32-/64-bit
www.synapse-audio.com
 

u-he Zebra CM
• Blendable oscillator waveforms
• Super-programmable step LFOs
• Slick delay, reverb and chorus/phaser
• Original synth designed just for CM
• AU/VST, 32-/64-bit
www.u-he.com

Enzyme CM
• Scanned synthesis sound generation
• Straightforward preset-based setup
• Assign presets’ parameters to controls
• Based on the full Enzyme synth
• AU/VST, 32-/64-bit
www.humanoidsoundsystems.com
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 Last issue saw the arrival of 
the incredible Curve 2 CM, a 

Computer Music-exclusive 
version of Cableguys’ amazing 
Curve 2 synthesiser. The synth is 
now part of the  Plugins suite, 
an awesome collection of pro-
quality instruments and effects 
that’s yours free with every issue 
of Computer Music.

For those unfamiliar with 
previous versions of Curve, this 
synth is based around a powerful 
waveform editor that allows you to 
create your own custom oscillator 
and LFO waveforms with ease. This 
means you can fine-tune the 
harmonic content of your 
oscillators with a great deal of 
finesse, and even blur the lines 
between LFOs and arpeggiators 
with unusually complex 
modulation sequences. The LFO 
can be synced to your DAW’s host 
tempo or set to run free with a rate 
that can exceed 5kHz!

Curve 2 CM now includes unison 
detune capability with up to 16 
voices, and it also replaces the 
AHDSR volume and modulation 
envelopes with flexible envelopes 
that use the same advanced 
waveform editing as the oscillators 
and LFO. Even more importantly, 
rather than having a single wave, 
shaped between the two 
oscillators, Curve 2 now has three 
oscillator waveforms – one for each 
oscillator plus an extra waveform 
for oscillator 1 that can be balanced 
with the main waveform by using 
the modulatable Crossfade 
parameter. Another cool new 
feature is the introduction of macro 
knobs that can be assigned to 
control multiple parameters 

simultaneously. As well as these 
new capabilities, Curve 2 CM 
includes all of the original Curve 
CM’s goodies, including dual 
multimode filters, frequency 
modulation and independent glide 
times for each oscillator. 

In this  Focus, we’re going  
to take a look at how you can get 
the most from Curve 2 CM’s filters, 
LFO, unison detune and FM 
functionality. Make sure you check 
out the included videos, and 
remember you can get all the 
patches we create in the Tutorial 
Files folder. Curve 2 CM can be 
found in the  Plugins folder, 
along with a selection of other 
stunning instruments and effects. 
Get it installed and we’re off! 

Download Curve 2 CM, the 
videos and tutorial files at 

vault.computermusic.co.uk

download
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harmonic content of 
your oscillators with a 
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Satson… and on…

It can’t have escaped your 
attention that we’ve used the 
Satson CM plugin on almost 
every track in our tune. There’s a 
good reason for this: It’s 
awesome! Satson CM emulates 
the sound of a hardware mixer 
channel and it’s designed to be 
placed on every track in your 
mix, to lend its subtle signature 
sound to, well, everything.

It’s light on CPU and can make 
pretty much any track sound 
warmer and more rounded. The 
plugin can also help to smooth 
out the sometimes-harsh sound 
of digital synths. Driven harder, 
Satson CM can provide some 
authentically vintage sounding 
distortion effects. The gentle 
high- and low-cut filters give us a 
quick and easy way of thinning 
out muddy lows or rolling off 
tinny highs, and you can switch 
off the drive function if you just 
want to use it for the filters. For a 
closer look at Satson CM take a 
look at our YouTube video at 
www.bit.ly/Ov2WMF.

We’ve got almost all the musical ideas 
we need to create a full tune, but we 

need to spice it up with extras and ‘ear 
candy’. First, let’s process a piano patch so 
that it sounds a bit like it’s been sampled 
from an older tune. We start by loading a 
MIDI track panned 9R with a patch from 
the Keys»Gran Piano preset in Alchemy 
Player CM.

1
We play some chords into the track 
(Piano.mid) and copy some over from 

the strings track. The piano sound is quite 
short, so we raise the Release to 70%, to 
lengthen it, making it more suitable for 
our track. We also turn the Delay Mix to 0 
to knock out off the inbuilt echo effect.

2

We EQ the piano in quite a distinctive 
way in IIEQPro, using the curve shown 

here, cutting off the low frequencies and 
adding a big boost at around 8kHz, for a 
thinned out, vintage kind of sound. The 
piano sound is finished off by Satson CM, 
with the Gain increased to +4 and High 
Pass set at 400Hz to lose even more  
low end.

3
Next, a vintage synth lead line  
(Glide.mid) from PolyKBII CM, which 

boasts some truly great analogue-style 
sounds. We choose Lead»All»LD Soaring 
Glider JRM and play in a melody line 
using the pitchbend wheel to add interest  
(Glider.mid). We add Satson CM with -3 
Gain, 750Hz High Pass and 16kHz Low 
Pass, enabling the tighter 12dB/oct mode.

4

 > Step by step   11. Piano and vintage synth sounds 

 > Step by step   12. Risers and effects with Alchemy Player CM 

We’re going to need a few one-shot 
percussion FX to sprinkle throughout 

the track, and a really simple way to create 
them is to load Alchemy Player CM on a 
new track and select the Drums»Four 
Way Drum Morph preset. Add 
KR-DelayCM set to PingPong mode and 
1/4 beat Sync Delay time. A Feedback and 
Dry/Wet level of 40% is perfect.

1
We take the easy option for the reverb, 
using ReverberateCM’s Cathedral 

preset, with the Dry/Wet at 10dB Wet to 
create some big, splashy hits and crashes. 
An instance of Satson CM set to 400Hz on 
the High Pass dial removes some of the 
more boomy elements, which could 
conflict with the kick drum and bass.

2
There’s a good white noise riser sound 
in Alchemy Player: Sound 

Effects»Breakdown Booom. This patch 
uses four different layers, so we use the 
X/Y 1 matrix to manipulate it. Dragging 
the control to the top right of the panel 
means that only the white noise sweep 
layer of the sample is played. In the track, 
we can use volume and pan automation  
to add interest.

3
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LinPlug Alpha CM 
• Dual oscillators with blendable waves
• Easy operation • Modulation matrix
• Slick chorus effect • Polyphonic glide
• Based on the commercial Alpha synth
• AU/VST, 32-/64-bit
www.linplug.com

XILS-lab PolyKB II CM 
•  Models the ultra-rare PolyKobol synth
• Packed with mix-ready preset variants 
• Knobs assignable to main parameters 
• Based on XILS-lab’s PolyKB II
• AU/VST/RTAS, 32-/64-bit
www.xils-lab.com

Madrona Labs Aalto CM
• Unique and powerful monosynth
• Unusual oscillators with FM 
• Waveguide delay section
• Intuitively patchable modulation
• Onboard reverb • Step sequencing
• Based on the full Aalto synth
• AU/VST, 32-/64-bit
www.madronalabs.com

XILS-lab XILS 3 CM 
• Modelled on the EMS VCS 3 modular
• Authentic oscillators, spring reverb  
 and ring mod circuits of the original
• Added chorus and delay effects
• Pin matrices to ‘patch’ the signal flow
• AU/VST, 32-/64-bit
www.xils-lab.com

Rob Papen RG-Muted CM 
• Creates realistic funky guitar grooves 
• Onboard sequencer
• Effects and modulation options
• Based on Rob Papen RG
• AU/VST, 32-/64-bit
www.robpapen.com

AudioThing miniBit CM
• 15-waveform chiptune synth
• Envelope and LFO modulation
• Bitcrusher and sample rate reducer
• Based on the full miniBit synth
• AU/VST, 32-/64-bit
www.audiothing.net

zplane vielklang 2 CM  
• Pitch-correct and retune audio
• Harmonise melodies with ease
• Level and pan harmony voices
• Algorithms by the experts at zplane
• Based on vielklang 2 Instant Harmony
• AU/VST/AAX, 32-/64-bit
www.zplane.de

DopeVST Bass Engine CM 
• 45 authentic hip-hop bass patches
• Three eras of faux-sampled material 
• Envelope and note controls
• 50 MIDI riffs included
• Based on the full Bass Engine
• AU/VST, 32-/64-bit
www.dopevst.com

Kirnu Cream CM 
• Master arpeggios with this MIDI tool
•  Get more out of plugin instruments by 

controlling them with Cream CM!
• Program and store complex patterns
• Musical controls for rhythm and notes
• AU/VST, 32-/64-bit
www.kirnuarp.com 

Camel Audio 
Alchemy Player CM 
• 200 awesome ready-to-play patches
• Loads SFZ patches – often included in  
 our own  sample collections!
• Based on the full Alchemy synth
• AU/VST/RTAS, 32-/64-bit
www.camelaudio.com

Eisenberg Einklang CM
• Morph between a trio of oscillators
• Envelope and timbre controls
• Modulate tone with the LFO
• Based on the full Einklang synth
• AU/VST, 32-/64-bit
www.eisenberg-audio.de

DopeVST Beat Machine CM
• 50 ready-mixed, royalty-free kits
• Kick, Snare, Hi-hat and Misc parts
• Level, Pan, Pitch and Reverb controls
• 50 MIDI beats included
• Based on the full Beat Machine
• AU/VST, 32-/64-bit
www.dopevst.com

AudioRealism ADM CM
• Old-school-style drum machine
• Emulates Roland’s legendary TR-606
• Also contains custom  samples
• Based on the full ADM
• AU/VST, 32-/64-bit
www.audiorealism.se

brunsandspork  Grooove CM
• Innovative drum instrument
•  Load in two samples per sound and 

choose how they respond to velocity
• 50 built-in  Micro Kits to play
• Based on the full Grooove
• AU/VST, 32-/64-bit
www.brunsandspork.com

 VIRTUAL 
ANALOGUE 
SYNTHS

 OTHER   DRUM 
 MACHINES

To help you get the most out of our immense plugin 
collection, we’ve assembled the  Plugins Tutorial Bank, 
containing over 100 guides and tutorials for our  Plugins, 
specially selected from past issues. You’ll find Getting Started 
PDFs and videos for most of the individual plugins, along 

with tutorial PDFs and videos on using  Plugins for sound 
design, mixing, and even creating entire tracks. You’ll find all 
of this as a handy download in our Vault – go grab it now and 
start getting more out of your plugins!
vault.computermusic.co.uk

CM Plugins TuTorial BankneW
!



GGet all of these effects on 
your PC or Mac right now at 

vvault.computermusic.co.uk

download

FEaTurED Plugin

sKnote snap
Exert control over the response 
and feel of your sounds, and 

breathe new life into mix elements 
with this simple plugin made 
exclusively for Computer Music 
magazine. The Hit control dulls or 
brightens attack, while the Body knob 
does the same for the sound’s sustain 
stage. Try Snap whenever you need 
that elusive pop or crack!
www.sknote.it
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Ohm Force Ohmygod! 
• Resonant comb filter
• Distortion section
• LFO with sync 
• Output filter
• AU/VST/RTAS, 32-/64-bit
www.ohmforce.com

OverTone DSP  
Program EQ CM
• Pultec-style vintage EQ emulation
•  Dual bass boost/attenuate controls; 

high-mid boost; high shelf cut
• Tube amplifier circuit-only option
• AU/VST, 32-/64-bit
www.overtonedsp.co.uk

AudioThing ValveFilter CM 
• Gorgeous filtering and drive
• Low-pass filter circuit emulation
• Vintage valve saturation section
• Based on Valve Filter VF-1
• Settings randomiser and metering
• AU/VST, 32-/64-bit
www.audiothing.net

DDMF CM EQ Pack 
• Two superb equalisers
• IIEQ Pro CM: 19 filter types
• LP10 CM: Linear phase mastering EQ
• Based on commercial DDMF plugins
• AU/VST, 32-/64-bit
www.ddmf.eu

eaReackon CM-EQUA 87 
• Smooth three-band EQ
• Adjustable low-cut filter
• Switchable high/low shelves
• Analyser, EQ tips, limiter and more 
• Based on eaReckon’s PR-EQUA 87
• AU/VST, 32-/64-bit
www.eareckon.com

Vengeance Sound Philta CM 
• Dual high- and low-pass filters
• Four slope settings: 12/24/48/96dB
• Resonance and width controls
• Link function  and notch mode
• Based on Vengeance’s Philta XL
• AU/VST, 32-/64-bit
www.vengeance-sound.com

 EQ/ FILTERS

plugINS guIDE
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ToneBoosters Barricade CM
• Intelligent mastering-grade limiter
• Dynamic response controls
• Stereo options and versatile metering
• Based on the full Barricade
• AU/VST, 32-/64-bit
www.toneboosters.com

SKnote Snap 
• Boost or tame transient brightness
• Brighten or dull a sound’s sustain
• Uses two intelligently linked filters
• Not based on any existing plugin
• AU/VST, 32-/64-bit
www.sknote.it

eaReckon CM-COMP 87  
• Slick, punchy compressor
• Mix knob for parallel compression
• Limiter to keep the output in check
• Clear VU- and LED-style metering
• Based on eaReckon’s SD-COMP 87
• AU/VST, 32-/64-bit
www.eareckon.com

LVC-Audio Transector CM
• Transient tweaking and saturation
• Define and process envelope stages
• Useful metering/display functions
• Mix control for parallel processing
• AU/VST, 32-/64-bit
www.lvcaudio.com

Unfiltered Audio G8 CM 
•  Get tight dynamics or creative effects
• Includes advanced gating controls
• Real-time waveform display
• Use MIDI as a trigger or output
• AU/VST, 32-/64-bit
www.unfilteredaudio.com

HoRNet Fat-FET 
• FET-style compressor 
• Similar to classic 1176LN Peak Limiter 
• Ultra-fast attack as low as 0.02ms.
• Based on HoRNet MultiComp
• AU/VST, 32-/64-bit
www.hornetplugins.com

HoRNet DrumShaper 
• Instant EQ & compression for drums
• Dial in effect amount and in/out gain
• 7 algorithms for kick, snare, loops, etc
• Based on HoRNet TrackShaper
• AU/VST, 32-/64-bit
www.hornetplugins.com

audioD3CK SunRuys CM 
• Characterful bus compressor
• Dry/wet mix and blend controls
• Advanced options for serial tweakers
• Based on the full SunRuys plugin
• AU/VST/RTAS/AAX, 32-/64-bit
audio.d3ck.net

Subsonic Labs Wolfram CM 
•  Pitchshifting, distortion, phase-

shifting, panning, delay and filter
• Flexible modulation
• AU/VST, 32-/64-bit
www.subsoniclabs.com

Inear Display Eurydice CM 
•  Buffer override/repeat, delay, 

bitcrusher and filter with modulation
• Custom signal routing
• AU/VST, 32-/64-bit
www.ineardisplay.com

Joey Sturgis Tones & Boz 
Digital Labs SideWidener 
• Add stereo width to mono sounds!
• Signal retains mono compatibility
• Goniometer for stereo visualisation
• 3 widening modes, plus Width & Tone
• AU/VST/AAX/RTAS, 32-/64-bit
www.joeysturgistones.com
www.bozdigitallabs.com

Nyrv Agent CM 
• Create custom effects chains
• Host your VST/AU plugins
• Design your own interface 
• Based on the full Agent plugin
• AU/VST/AAX, 32-/64-bit
www.nyrvsystems.com

 DYNAMICS             MULTI  
 EFFECTS
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Blue Cat Audio  
FreqAnalyst CM 
• Pro-quality, feature-packed analyser 
• Numerous customisation options
• Based on Blue Cat’s full FreqAnalyst
• AU/VST, 32-/64-bit
• RTAS 32-bit
www.bluecataudio.com

Photosounder Spiral CM 
• Musical, note-based spectral analysis
• Useful for figuring out notes in audio
• Based on the full Spiral plugin
• AU/VST/AAX, 32-/64-bit
www.photosounder.com

Vengeance-Sound Scope 
• Spectrum view for frequency analysis
• Oscilloscope for waveform monitoring
• Stereo phase and level metering
• Tons of advanced analysis options
• AU/VST/AAX, 32-/64-bit
www.vengeance-sound.com
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LiquidSonics Reverberate CM  
• Convolution reverb
• A selection of real-world presets
• Import your own impulse response
• Based on the full Reverberate plugin
• AU/VST, 32-/64-bit
www.liquidsonics.com

Acon Digital CM Verb
• Simple-but-versatile operation
• Five modes: hall, plate, studio, etc
• Built-in high- and low-pass filters
• Based on Acon Digital’s Verberate
• AU/VST, 32-/64-bit
www.acondigital.com

Audio Assault  
GrindMachine CM
• Five amp and ten cab emulations
• Three-band EQ plus depth and presence
• Djentbox for tightening low tunings
• Based on the full GrindMachine
• AU/VST, 32-/64-bit
www.audioassault.com

Sonimus Satson CM  
• Classic mixer channel emulation
• Subtle warming saturation
• Gentle, musical high/low filters
• AU/VST, 32-/64-bit
dsp.sonimus.com

Rop Papen RP-Distort CM  
• Five crunchy distortion algorithms
• EQ, dynamics, widener + modulation
• Filter and parallel processing controls
• AU/VST, 32-/64-bit
www.robpapen.com

Tek’it Audio CrossDr  CM
• Three independent bands of drive
• Drive, Warp, Crush and Clip signals
• Per-band Balance and Level
• AU/VST, 32-/64-bit
www.tekit-audio.com

Audio Assault  
BassAmp CM
• Inspired by Ampeg bass gear
• Gain and Deep controls for added drive
• Three-band EQ plus Mix blend
• Choice of two cabinets
• Not based on any existing plugin
• AU/VST, 32-/64-bit
www.audioassault.com

Cableguys Waveshaper CM 
• Graphically editable distortion curves
• Design curves by dragging nodes
• Syncable input vs output oscilloscope 
• Not based on an existing plugin
• AU/VST, 32-/64-bit
www.cableguys.de

Audiffex STA Enhancer CM
•  New for v1.5: CPU optimised, tube 

mode soft switch, new interface
• Valve-style signal exciter/enhancer
• Separate low/high enhancement
• Choose from five tube circuitry modes 
• AU/VST, 32-/64-bit
www.audiffex.com

Kuassa PreMix CM
• Subtle saturation to screaming drive
• Three-band Baxandall sweetening EQ
• A/B comparison function
• Not based on an existing plugin
• AU/VST, 32-/64-bit
www.kuassa.com

Lindell Plugins 6X-500 CM  
• Classic preamp emulation with EQ
• High and low boosts for musical tone
•  Modelled on Lindell’s 6X-500 

hardware preamp/EQ
•  Based on the full 6X-500 and 

ChannelX plugin
• AU/VST, 32-/64-bit
www.lindellplugins.com
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Updates give us changes to Simpler, analogue-style filters, and a brand new controller to tweak

Ableton Live 9.5, Push 2 and Link

As you’ve probably managed to work 
out from the cover of this very 

magazine, there’s a new version of 
Ableton’s DAW in town, along with a 
second version of their Push controller, 
plus the new connectivity-inspiring Link. 
We show you how to wield 9.5’s new 
features like a pro starting on p38, but 
here’s an instant rundown.

Live 9.5 is a free update for existing 
Live users, who now benefit from a 
redesigned Simpler, new analogue 
filter models, new Max For Live devices, 
and better visualisation features.

The Simpler overhaul introduces a new 
interface, playback across the keyboard, 
plus slicing and warping capability. Sampler, 
Operator and Auto-Filter all benefit from 
analogue-modelled ‘classic’ filters made  
by Cytomic. These include self-resonance 
and Drive controls, and you can hear them 
at bit.ly/95filters.

Live’s interface has received a fairly 
significant update, too. Waveforms are now 
smoother, track colours are harmonised 
with clips, and Live’s meters now show peak 
and RMS levels and the perceived level of a 
signal. Meanwhile, there are new synths in 
the Max Essentials pack: Poli, a polyphonic 
synth that Ableton say “excels at strings, 
pads, chords and stabs”; Bass, a monosynth 
developed for bass sounds; and Multi, an 
intuitively controllable synth designed with 
Ableton’s Push controller in mind.

We foresee a great number of 
Push 2-shaped bulges in Live 
users’ Xmas stockings this year

Four new emulations have been added to the roster of UAD plugins for the new update

UAD 8.4 updates
UAD have added four new emulations to their DSP 
dispensary. Eventide’s H910 Harmonizer (£189) gets 
the UAD treatment, released alongside Oxide Tape 
Recorder (£115), a ‘generic’ tape simulator. There’s 
also two guitar amps, in the form of the Marshall 
Silver Jubilee 2555 (£149, modelled by Softube), and 
the Marshall Bluesbreaker 1962 (£149, also by 
Softube), both available bundled with the Marshall 
Plexi in the ‘Marshall Legends Bundle’ for £299.
  ReAD moRe  bit.ly/UAD84update 

Speaking of which, Push 2 sees Ableton 
breaking away from Akai to develop a new 
version. The larger, more descriptive RGB 
display is set to make using Push more 
intuitive, and the larger touchstrip with 
inbuilt LEDs certainly can’t be a negative! 
Push 1 owners can currently trade in their 
hardware for a 30% discount on v2 (full 

price £500). Full  review coming soon.
Finally, Link. Although it’s not yet out, this 

set to allow users to synchronise multiple 
instances of Live across different computers, 
as well as iOS apps. It seems it’ll be free for 
Live users, and will be added to many pre-
existing iOS apps. Bring it on!
  URL  www.ableton.com 
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UVI’s new Falcon synth is flush with sound-generating possibilities, and it looks pretty cool, too

UVI Falcon
This new hybrid synth claims to be able to 
do it all, sporting 15 oscillator types drawn 
from granular, virtual analogue, FM and 
wavetable types, plus drum and pluck 
physical modellers.

After the oscillators, you get a range of 
modulation options, including LFOs and a 
range of envelopes, and ‘events’ processors, 
which are basically MIDI tweaking units 
offering arpeggiation and strum generation. 

ValhallaDSP 
ValhallaPlate
It’s been a while since we’ve seen a new 
product from this reverb-centric developer, 
so this new VST/AU/AAX plugin really made 

We always get a bit giddy when a new 
tracker is unveiled, and this month we’re 

fair fainting with excitement to bring you 
news of HoustonTracker 2, for no less a 
machine than the Texas Instruments TI-82 
graphic calculator. Introduced in 1993, this 
innocuous-looking device can output 1-bit 
sound via its calculator link port – it’s just 
taken until now to exploit it. HoustonTracker 
2 can play three simultaneous tone channels 
plus a dedicated drum channel, and it 
sounds awesome! bit.ly/CalcTracker.

It’s also compatible with the TI-83, 83+ 
and 84+, and for all the people who must still 

own one of these aging calculators, we’re 
wondering if the energies of the creator 
would be better channelled into promoting 
world peace, though we can’t help admire 
the effort. Get it at bit.ly/HoustonTracker2.

demo of the month
Function Over Fame by Excess
A force to be reckoned with, Excess have a 
habit of winning demo competitions 
wherever they go. No surprises, then, when 
at TRSAC 2015 in Aarhus, Denmark, they 
came away with yet another trophy for their 
mantelpiece. Marking their 20th demoscene 
birthday, Function Over Fame is a simple yet 
gorgeous light show with a boat load of 
Smarties thrown in for good measure. The 
screenshots can’t express the way the 
visuals react to the fantastic rap-strewn 
mash-up soundtrack – it should be seen to 
be believed. bit.ly/excessFoF.

Oh, and not to let Back To The Future day 
go unnoticed, speccy.pl celebrate the 
occasion with Back To The Past for the  
little-known ZX Spectrum successor, the 
SAM Coupé, at bit.ly/SpeccyBTTP.

Become a mathemusician 
and blast out 1-bit beats with 
your pocket calculator

“Introduced in 1993, this 
innocuous-looking device can 
output 1-bit sound via its 
calculator link port”

trackers & 
Demoscene

Brainworx bx_console
This one models a Neve VXS mixing desk 
that’s seen plenty of history in high-end 
studios, currently resising in the Brainworx 
studio. The company are keen to point out 
that, while other console emulations 
typically provide the same exact channel 
each time, this one recreates the strip-to-
strip variations of the modelled desk  
in question, supposedly giving your  
signals that sought-after flavour of 
‘analogue imperfection’.

Specifically, you get four bands of EQ, 
plus high- and low-pass filters, gating and 
compression, as well as metering, muting, 
phase inversion and such. Seems like a 
comprehensive channel strip emulation 
from where we’re standing. It’s available 
now as VST/AU/AAX, for $299.
  URL  plugin-alliance.com Get a Neve-alike in your DAW with Brainworx

Go on, dish yourself up some more reverb

our ears prick up. ValhallaPlate is an 
algorithmic remake of a hardware plate 
reverb, promising to “take the sound into 
dimensions that physical plates can’t touch”.

The plugin is equipped with seven 
algorithms, representing different modes, 
from ‘chrome’ and ‘steel’ to ‘aluminium’  
and ‘unobtanium’. Other controls include 
Size, Width and Predelay; there’s  
modulation onboard (Depth and Rate 
controls), plus low and high EQ to customise 
the wet signal. ValhallaPlate is out now for 
$50, and it’s already very much on our “to 
review” list.
  URL  www.valhalladsp.com

excess’ Function Over Fame demo – see it now!

These event processors even include a 
script processor, allowing the integration of 
Lua scripting into Falcon, if that’s your bag.

The instrument seems incredibly deep if 
nothing else, offering editing at every stage 
of the signal chain. We’ll see if it all adds up 
to a seamless and effective plugin in our 
forthcoming review. Falcon is available now, 
for £270, in VST/AU/AAX/Standalone format.
  URL  www.uvi.net
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 Strobe2 has recently been released as a 
separate plugin. Why did you break up 
DCAM Synth Squad, and what’s the plan with 
Fusor, now that you have?
 AH  “Making the synths available separately 
allows us to put more focus on each during 
development, and means we’re no longer 
limited to releasing exactly three plus Fusor. 
Originally, the ‘three plus one’ concept came 
from retail – shops wanted to sell a £200 pack 
offering more value than an individual 
instrument, so we built a family of synths and 
sold them as one. That’s no longer a concern 
now that sales are almost all downloads.

“The individual Synth Squad synths have 
grown in v2 to encompass some of Fusor’s 
past remit – effects and sequencing – so while 
there will be a Fusor for the v2 synth family, it 
fulfils a different role to v1. That’s all I can say 
for now, but stay tuned!”

 Some developers design UIs to emulate real hardware, others go 
with a software paradigm and use more modern, interactive design 
elements. You’re in the latter camp – why?
 AH  “Software has proven it can sound as good as hardware, so there’s no 
need to pretend it’s something it isn’t. Software allows you to do all sorts of 
things that are impossible, or uneconomical, in hardware. We keep familiar 
elements like knobs, sliders and such around to make it easy for people to 
transfer their knowledge over from hardware or other soft synths.

“Adopting fully software-generated graphics allows us to support a 
crisp, scalable UI, and makes it easy to offer new colour schemes to match 
people’s working environments. Some people compose in a brightly lit 
workspace with big windows; others prefer a dark studio basement at 1am. 
We don’t see a need to force a single colour scheme on everyone.”

 Your effects plugins have been very well-received, but it seems you 
prefer to concentrate on instruments – drum/percussion instruments 

and synths, specifically. What guides 
the process for deciding what you’ll 
develop next? 
 AH  “It’s all about what we think our 
customers want next, which of our 
existing line-up is due for major 
enhancement, what new technologies 
are on the horizon which might allow us 
to do something neat. But we have 
multiple teams developing the next 

generation of products in parallel – so it also depends to some extent on 
how long it takes for each new thing to be ready.”

 When we asked you your thoughts for what 2015 will bring, you 
wondered whether musicians would want subscription or ‘pay-once’ 
software services. What’s FXpansion’s view as we move into 2016?
 AH  “Overall, it’s not a priority – we think most people want to own their 
instruments, and that our particular audience can afford to do so. 
Subscription makes most sense either for entry-level software or for high-
end products. For the audience our products are aimed at – intermediate 
to expert-level producers, composers, sound designers, musicians and 
engineers – I don’t think subscriptions are that relevant at our typical  
£50-£200 price points.”

  URL  www.fxpansion.com

“We have multiple 
teams developing the 
next generation of 
products in parallel”

Get with the
programmers

Sonoris Multiband 
Compressor 
Touted as a device that has both 
transparency and character, this three-
band compressor also gives you adjustable 

Trim and two Knee settings for each 
of its processors. Envelope types 
come in two flavours – RC and Opto, 
set globally – and there are four 
modes which support sidechaining 
and mid/side operation. Among 
other features are a Release time of 

1ms to 5s, with an auto-release setting, and 
Attack that goes right down to 0ms.

The plugin is available in VST and AU 
formats and will set you back €199.
  URL  www.sonorissoftware.com

Mercuriall Audio Software 
Tube Amp Ultra 530
This amp simulator models a selection four 
preamp circuits (Clean, Crunch, Soft and 
Lead) from the respected ENGL E530, plus a 

power amp and eight cabs. 
Those cabs will likely bring 

further excitement for guitarists 
who know their gear, with the 
roster featuring the likes of 
vintage Fender Tweed and Vox 

AC30 models, plus modern Marshall 1960A 
and Mesa Boogie designs.

Tube Amp Ultra 530 comes as a  
VST/AU plugin for Mac and PC, and is priced 
at $60.
  URL  www.mercuriall.com

MeldaProduction 
MTransformer
Melda’s new plugin is all about changing 
frequencies “in any way you want”, by 
drawing pitch transform functions on a grid. 

Preset-like descriptive tasks include 
‘Resonator’, ‘Tape Stopper’ and 
‘Daemonizer’, while the Edit interface 
(pictured) goes deeper, with controls 
for Variation, Smearing, Frequency/
Pitch Shifting and Formants.

MTransformer sounds like a handful, but 
it should be capable of some interesting 
results. It’s available now as a VST/AU/AAX 
plugin, for €69 or included in Melda’s 
MTotalBundle package.
  URL  www.meldaproduction.com

Bitwig Studio 1.3
Just as we were recovering from Bitwig 
Studio’s version 1.2 update, we’ve been hit by 
version 1.3. It’s been made to work especially 

well with Microsoft’s Surface Pro 4 
and Surface Book tablet PCs with their 
multitouch capabilities. In these 
settings, Bitwig Studio has a new, 
more touch-friendly display, featuring 
larger controls for better precision  

on tablets.
It’s a free update for version 1 users, but 

the new features won’t be of much 
consequence if you’re not running a 
compatible multitouch device.
  URL  www.bitwig.com

Angus  
Hewlett

FXpansion

Find out how the well-respected British developers 
approach the construction of their plugin lineup
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news <

Ins & outs
VIRtUAL InSAnItY?
We’re all for pushing the 
boundaries of technology and 
performance, but we still 
can’t quite get our heads 
around the fact that 
Vocaloid-powered virtual 
vocalist Hatsune Miku has 
announced a 2016 US tour.

KeYS to the FUtURe
We’ve asked on p33 if pad 

controllers might be becoming 
dominant these days, but the 

recent launches of ROLI’s 
SeaBoard Rise and Keith 

McMillen’s K-Board 4 suggest that 
super-expressive keyboards are 

getting more affordable, too. 

DoDgY DeMoS
A product overview video is 
practically a prerequisite for a gear 
launch these days, but without 
mentioning any names, we’ve seen 
some less than impressive ones 
recently. The quality bar is pretty 
high now, so if you are going to do 
a demo, make sure you do it well...

BetAMAX BoWS oUt
40 years after the 
format was introduced, 
Sony has announced 
that it’s to stop manufacturing 
Betamax tapes. You might not shed 
a tear, but some digital master 
recordings were actually made to 
Betamax in the 80s and 90s.

Liquidsonics 
reverberate 2
The second version of this VST/AU 
convolution processor is souped up and equipped with ‘Fusion-IR’ 
processing. This “captures the evolving character of time-varying 
reverbs using multiple true-stereo reverb streams that are processed 
simultaneously”, and also captures separate early and late reflection 
phases. Liquidsonics say this “creates a much more accurate 
reproduction of a modulated reverb.”

Users can then tweak properties (Start, End, Stretch, etc) for two 
loaded IRs, and use SplitMod modulation (separating early and late 
reflections), plus Chorus, Delay and EQ. It’s £80, or £35 as an upgrade.
  URL  www.liquidsonics.com

JUSt the tonIC
Looking for something to play 

with the family this Christmas? 
Tonic is a new Kickstarter-funded 
card and dice game for musicians 

that’s designed to encourage 
improvisation. Granny’s going to 

love it, and you can find out more 
at bit.ly/tonicgame

the FUnKY SIDe oF the FoRCe
Both the Cantina in the original Star 

Wars film and Jabba’s palace in 
Return Of The Jedi featured amazing 

bands and instruments, so here’s 
hoping for a similar musical set 
piece in The Force Awakens. We 
can’t wait to see how music has 

come on in a galaxy far, far away.

years 
back

Online music making was starting to 
come of age in January 2006, with 
plugins being launched that enabled you 
to collaborate with the wider world from 
within your favourite DAW. That said, fast-
forward a decade and a lot of us continue 
to see it as more of a novelty than 
something that’s part of our daily lives: 
you’re probably still more likely to meet 
your life partner on the internet than you 
are to make a tune with someone.

We also discussed online mastering 
solutions. Back then, it still needed a human 

to do the actual mastering bit, but 
automated services such as LANDR mean 
that all mastering engineers will be out of a 
job by the end of next year (probably).

In the news section, meanwhile, we  
showed you iRocker, a suite of guitar utilities 
(tuner, metronome etc) for the good old 
iPod. OK, it wasn’t quite as impressive as  
the ‘DAW on your phone’ that you can  
have these days, but it was certainly a taste 
of the future as far as mobile app 
development goes.

Finally, we briefed you on an affordable 
laptop designed for developing countries 
that could be powered using a hand crank. 
And that’s definitely not a wind-up.

We tried to figure out 
where music stood in  
the internet landscape

Despite our best intentions, making music over  
the internet has never quite taken off… so far

“We showed you iRocker, 
a suite of guitar utilities 
for the good old iPod”

From the brains behind Reverberate CM comes a 
new full version and a new convolution technology
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This month’s haul is a veritable cornucopia of useful tools for your  
studio, from essential effects to awesome virtual analogue synthesisers

freeware news

LVC-Audio Limited-Z
Do you love limiting, loudness and general sonic largesse? If so,  
it’s your lucky day, thanks to this flexible brickwall limiter

A gorgeous display graces the gregarious act of 
gratuity that is LVC-Audio’s Limited-Z

>  news
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LVC-Audio garnered themselves a 
cracking 9/10 score in 218’s review 

of their Limited-MAX dynamics processor 
and made a welcome contribution to our 

 Plugins collection with Transector CM. 
If those achievements haven’t attracted 
your attention, then surely the new 
Limited-Z for PC and Mac will – not least 
because you can have it for nowt.

A hard-hitting look-ahead brickwall 
limiter, Limited-Z comes in free and 
commercial versions and is itself a chip off 
the Limited-MAX block, sharing many 
features with its bigger sibling.

Intended for use as a mastering limiter, 
Limited-Z features a clean, intuitive interface 
with the most advanced bits tucked away 

behind the scenes. A collection of useful 
limiting modes are provided, each suited to 
a specific task. Examples include Aggressive, 
Loud/Punchy, Deep, Traditional, and LVC-
Basic. The few parameters that are 
accessible give you more than enough 
control to fine-tune your sound to the job at 
hand – Autogain, Amount, Margin, Bypass, 
and Learn are all at your fingertips – while 
the lion’s share of the interface is inhabited 
by the plugin’s excellent metering and 
display. Finally, a clipping algorithm comes 
courtesy of LVC-Audio’s ClipShifter.

It doesn’t get much better than this. Well, 
it does, but you’ll have to pony up $35 for the 
full commercial version.
lvcaudio.com/plugins/limited-z 

Nothing can wreck a 
groove like a poorly tuned 
and recorded drum kit, 
but Black Rooster Audio 
hope to make such 
disasters a thing of the past. Their free plugin, 
The Canary (VST/AU for PC/Mac), is designed to 
help tweak your drum tracks to perfection. Its 
smattering of simple, self-explanatory controls 
comprises Attack, Sustain, Mix, Filter and Tune. 
The interface is, er, ornate, to say the least, but 
don’t let that put you off giving it a try. You’ll need 
to register to download, but it’s well worth it.
blackroosteraudio.com

As far as we can tell, 
development on 
Marazmator goes back  
to 2002, when it started 
out as a standalone 
instrument. V2 is a new (and free) version, 
belying its genesis only in the fact that it’s now a 
(32-bit Windows) plugin. With its Russian manual 
leaving all to the imagination, Marazmator is 
billed as a “psychodelic” synth. Triple oscillators, 
basic low- and high-pass filtering, flanger and 
reverb, and the mysterious Pipe module lead to 
metallic drones and spaced-out atmospheres.
bit.ly/Marazmator2

Stems is Native 
Instruments flexible new 
audio file format, aimed at 
DJs looking to remix tracks 
on the fly. A Stem file is a 
full track broken down into 
four constituent parts – 
drums, bass, synths and vocals, for example – 
plus a fifth part containing the stereo master mix. 
Stem Creator for PC/Mac allows you to make 
Stem files from submixes of your own tracks, and 
also gives you the tools to adjust their dynamics, 
and add artwork and other metadata.
www.stems-music.com/stem-creator-tool

Black Rooster Audio
the Canary

Vasily Makarov
marazmator 2

Native Instruments
stem Creator

CLASSIC FREE SOFTWARE
Antti ASynth
Coming from the smartelectronix stable, 
Antti’s ASynth kick-started many a love 
affair with virtual analogue synthesis. And 
it’s easy to see why, with its classic interface 
design (by George Reales of discoDSP fame) 
and trio of filters. Coded in the early days of 
VST instruments, ASynth nevertheless still 
sounds the business. A pair of oscillators – 

each with sawtooth and square waves – can 
be plumbed through filters modelled after 
the Minimoog, Korg MS-20 and Oberheim 
Xpander. Familiar ADSR envelopes, glide 
and an LFO handle modulation duties. It’s 
32-bit PC VST-only, but ASynth holds up 
great and is an excellent starter synth. 
antti.smartelectronix.com





What’s on your  
hard drive?

ABLETON LIVE
“We both went to music college, so we kind 
of knew our way around the computer side 
of music before we began producing our 
own. As a program, Live flows, and that 
means your music flows.”

CELEMONY MELODYNE
“If a sample needs a few final tweaks, we use 
Melodyne to get it to sit in the track; but if 
that doesn’t work, we try and recreate it by 
playing the instruments ourselves. That can 
often save you a whole lot of legal hassle.”

KORG M1
“You can’t beat the sound and feel of a real 
Wurlitzer, Rhodes or piano, but we were in 
the studio one day and we suddenly found 
ourselves shoving the real piano through a 
whole load of VSTs to try and get it to sound 
like an M1 piano. In the end, we decided to 
get the software version. It has its 
limitations, but sometimes they’re what give 
you the sound you’re looking for.”

u-hE DIVA
“If you asked us which synth we use for 
basslines, I’d probably say Diva, cos it gets 
used a lot and it’s great for recreating those 
seriously squelchy sounds of the 70s. But 
we also use quite a bit of Massive, the 
Arturia Minimoog V, and we’ve got a real 
Moog Phatty on top of the Wurlitzer.”

zERODEBuG TOuChABLE
“A very simple, quick, easy and intuitive way 
to control Ableton when we’re on stage. 
Sorry to keep going on about Ableton, but 
that thing is an absolutely awesome tool 
when it comes to producers and DJs 
performing live.” 

Goldfish
How do Cape Town-based producers Dom Peters 
and David Poole get their house fusion sound?

 Goldfish’s new album, Organic House 3, is out now 
 www.goldfishlive.com 

“Sorry to keep going on
about Ableton, but it’s
absolutely awesome”
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Issue 213 
February 2015
•  Sound Design 2015 – 

Craft awesome sounds!
•  FREE G8 CM gate plugin
•  How to use Ozone 6 / 

Wavetable Wizardry
•  Serum + more reviews
• Tough Love in the studio*

Issue 214 
March 2015
•  Ultimate Freeware: Free 

plugin tutorials + guides!
•  FREE Beat Machine CM + 

DrumShaper plugins
•  DnB Track-builder / Killer 

Guitars / How to: Synth1
•  Break masterclass video*

Issue 215 
April 2015
•  Modern EQ: boost your 

mixing skills for 2015
•  FREE Stereoiser plugin
•  Make mono stereo / CPU 

tips / Ohmicide how-to
•  28 reviews inc. Sonar
•  My Digital Enemy video*

Issue 216 
May 2015
•  FM Synth Power: The art 

& science of FM synthesis
•  FREE Vengeance-Sound 

Scope analyser plugin
•  The Drop how-to / Cubase 

Pro 8 guide / Techno Tips 
•   Dead Man’s Chest video*

Issue 217 
June 2015
•  Rack Builder: 18 devices 

to create from scratch
•  FREE Bass Engine CM  

VST/AU plugin
•  Plugin Basics  / Iris 2  

how-to / Synth Snares
•   Los Suruba masterclass*

Issue 218 
July 2015
•  Virtual Vintage: emulate 

classic hardware units
•  FREE chiptune synth and 

retro preamp plugin
•  Tubes ’n’ Tape / Build an 

8-bit track / NI Monark
•   Sonny Wharton video*

Issue 219 
August 2015
•  Sidechain Secrets: pro 

tricks for better mixes
•  FREE compressor plugin
•  Treble Tweaks / How to 

use Saturn / 808 Kicks
•  Paul van Dyk interview
•   Neonlight in-studio vid*

Issue 220 
September 2015
•  Perfect Pitch: Shift, tune 

and harmonise like a pro
•  FREE pitch-correction  

and harmonising plugin
•  Studio One 3 / Melody 

writing /Kontakt tricks
•   KSP masterclass video* 

Issue 221 
October 2015
•  Instant Inspiration: get 

tracks finished with our 
creativity masterclass 

•  Multiband distortion AU/
VST plugin for FREE

•  10 Weird Tricks / Serum
• How-to / DLR video

Issue 222 
Autumn 2015
•  Modern Compression: 

make your mixes more 
powerful and polished

•  Agent CM: FREE plugin-
hosting AU/VST plugin!

•  Synth FX / Turnado How-
to / Will Clarke video

Issue 223 
November 2015
•  Drum & Bass: watch four 

masters at work; build a 
track with their sounds

•  FREE drum instrument
•  How plugins are made / 

How to use Sylenth1 
• Dirty Vegas masterclass

Issue 224 
December 2015
•  Organic Mixdowns: Add 

life and soul in software
•  FREE bass amp VST/AU
•  Old-school Sampling / 

Microtonic How-to
•  Masterclass: Public 

Service Broadcasting

Catch up on what you’ve missed – all of  
these issues include Vault downloads!

BaCk issues

*Producer Masterclass in-studio videos only available with Apple Newsstand and print editions prior to issue 221

Vault downloads available only from 182 onwards. See bit.ly/cmvaultfaq.

more BaCk 
issues 
aVaiLaBLe
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DJ/Producer
“I wouldn’t say pad
controls aremore
important thanMIDI

controllers. I love both, but pads
are certainly fashionable and, in
fairness, aremore versatile and
better suited to currently en
vogue chord-/melody-light
electronicmusic and clip
triggering. But when the bubble
bursts on those, there will
inevitably be a shift to keys again
– or guitar MIDI, or something
new. Manufacturers love any
controllers, because kids can’t
download cracked versions of
hardware! We’ll be seeing them
pushed as hard as possible for as
long as possible!” –Alex Blanco

Akai Professional
“Akai’s MPCwas the first
real pad-based
sequencer to deliver a

newway to create records
without the need for aMIDI
controller. As we’ve seen the live
aspect of production increase,
pad controllers have become far
more sophisticated with features
like touchscreen feedback and
RGB colours, as featured on the
new Akai MPC Touch, allowing
producers and DJs to focus on
performance, not their laptop.”
–AndyMac

’s Dr Beat
“While personally, I think
I’ll always prefer keys for
playing and capturing

melodic parts, I can appreciate
that those unaccustomed to the
music keyboardmight prefer the
less ‘fixed’ layout of a pad
controller. And, of course, pads
are clearly the better option
when it comes to drums and

percussion, since they’re struck
rather than pressed. The pad-
based likes of Native
Instruments Maschine and
Ableton Pushmake
programming beats far more
rewarding and fun than any
keyboard could ever hope to.”
– Ronan ‘Dr Beat’ Macdonald

Nektar
“No, they’re both
important. Each
instrument offers unique

possibilities and has different
strengths. It’s hard to create
beats on a keyboard, but equally
hard to play challenging
keyboard lines on a pad
controller. The best part is being
able to go from one experience
to the other and let creativity
flowwith the strength and
limitations of each instrument.
Both controllers, of course, need
to deliver intuitive workflow and
integration with the DAW.With
that said, it should be every
person’s birthright to go through
life with at least one of each.”
–Niels Larsen

Novation
“The pad controller as an
interface to a piece of
software such as Ableton

Live is almost an essential item
now. They’ve evolved from
something used to trigger a
sample to a new approach to
melodic and drum input. If
you’ve come from a non-
keyboard-playing background,
there’s now no reasonwhy you’d
also need a keyboard when you
can use your pads to cover all
yourmusical needs. A box of
buttons is now a legitimate
instrument.” –Olly Burke

Are pad
controllers
becoming more
important than
MIDI keyboards?

samplemagic.com

Samples__Patches__MIDI__Plugins__Books__Apps__Courses

DEEP & DARK PATCHES 2

From sprawling and slow burning to
powerful and peak-time: load up on
101 all-new Sylenth patches for
underground house and techno.

£14.90

SYNTHWAVE 2

Retro rhythms and analogue nostalgia
abounds in Synthwave 2: 1.4GB of
Tron-style synthetics and 80s pop
sensibilities which define the sound
of the decade.

£34.90

Get the sounds of the 80s with 101
retro-styled Massive patches: think
poly leads, stacked pads, FM-style
sounds and fat bass.

MASSIVE 80S SOUNDS

£14.90

Raw and rhythmic futuristic funk from the underground: 1.3GB of
loops, MIDI, hits and kits fusing elements of Chicago juke,
footwork and ghetto house with trap, D&B and hip-hop in one
boundary-breaking collection.

FUTURE TRAP & FOOTWORK £34.90
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Appearing out of nowhere, 
Ableton’s amazing free update 
rocks the DAW to its very core 
with a raft of enhancements

Surprise! Like some sort of software 
development panther, Ableton have 

unexpectedly pounced out of the music 
technology bushes with an improvement-
packed new version of their massively 
popular DAW. Although it might appear to be 
a fairly unassuming update on the surface, 
Live 9.5’s new features change some of the 
program’s core functionality in radical ways, 
encouraging yet speedier workflows and 
serving up even more creative possibilities 
than ever before.

The biggest change is that Live’s bare-bones 
sampler, Simpler, has been drastically 
overhauled. This might come as something of a 
shock to Live stalwarts, but there’s no reason to 
be alarmed: Simpler can still do everything it 
could in its previous incarnation, but it’s now a 

much more flexible and creative tool thanks to 
its expanded playback possibilities and 
improved filters. Whereas the ‘classic’ Simpler 
was limited to basic one-shot or crossfade-
looped playback, the new and improved  
version has a choice of three playback modes: 
Classic, 1-Shot and Slice. These make it possible 
to work with the instrument in new ways, 
delivering faster results and giving more scope 
for sonic experimentation.

Simpler’s new filters are based on the circuit 
models developed by Cytomic for their amazing 
effect plugin The Drop – specifically, the Medium 
Definition versions of the MS2, SMP, OSR and 
PRD types. The PRD filter has been enhanced 
since its debut in The Drop, and now offers 
results much closer to the High Definition 
version. The same filters are also included in 

Sampler, Operator and Auto Filter, affording you 
some very exciting new ways to create and 
mangle sounds.

There are a few more subtle enhancements, 
too, such as upgraded waveform displays and 
the addition of RMS information to the 
previously peak-only meters. And Max for Live 
owners are in for even more treats with the 
introduction of new synths (Bass, Poli and Multi) 
and effects (Arp, Map8 and MIDIMonitor). 

In this guide to Live 9.5 we’ll show you how to 
use its new and improved instruments to create 
an array of amazing sounds, and we’ll do it all 
both in the mag and in video format. If you’ve 
yet to climb aboard the Ableton bandwagon and 
want to see for yourself what all the fuss is 
about, you can download the fully-featured 
demo version and follow along for free.

LIVE 9.5
THE CREATIVE GUIDE

Get the video and tutorial files 
to follow along yourself at 

vault.computermusic.co.uk

DownloAD
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 > Step by step ��1.�Making�a�self-resonating�riser�in�Operator�

Add Operator to a MIDI track. We don’t 
need to use any of Operator’s 

oscillators to make this effect, so turn 
Oscillator A’s Level down to -inf dB. In the 
filter section, you can see that the filter’s 
Circuit Type is set to Clean mode, which is 
the one mode that doesn’t self-oscillate. 
Click the Circuit Type dropdown and 
select OSR.

1
You might want to turn your speakers 
down for this next bit, as filter self-

resonance can generate some pretty 
piercing sounds that could potentially 
damage them (not to mention your ears!).
Turn the Resonance knob up to 100%. At 
this level, the filter begins to self-oscillate, 
generating a sine tone when a note is 
played. Hold a note and sweep the Freq 
knob up and down. 

2
Insert Spectrum from the Audio 
Effects folder onto the MIDI track, 

then turn up the Resonance as you hold a 
note. The more the resonance exceeds 
100%, the more harmonics become 
present in the signal, up to its maximum of 
125%. We can see this by adding Live’s 
Spectrum and observing the results. 

3

It’s possible to get a variety of timbres 
using the synth’s four Circuit Types. 

Change the Circuit Type to MS2, and set 
the Res to 125%. This results in a really 
loud sound that clips the master output, 
so turn Operator’s Volume down to -12dB 
before you play anything. That sounds 
tasty! Now let’s automate an upward filter 
sweep to create a riser effect. Set Freq to 
200Hz and activate the LFO.

4
Change the LFO Waveform to SwUp, 
and click the LFO’s Dest A FIL button 

in the central panel to route it to the filter. 
Turn the track’s Send A and B faders up to 
-12dB to add reverb and delay, and control 
the timing and depth with the LFO’s Rate 
and Amount knobs. You can even create a 
powerful noise sweep by turning 
Oscillator A up to 0dB and setting its 
Wave to Noise White.

5

Live’s arsenal of built-in instruments and effects 
is certainly well-stocked and of high quality,  
but there’s always room for improvement. With 
Live 9, Ableton introduced Glue Compressor, a 
new SSL-style character compressor based on 
Cytomic’s universally lauded The Glue plugin  
( 146, 9/10). Cytomic followed The Glue up 
with The Drop ( 214, 10/10), an astonishingly 
powerful filter effect with a wealth of analogue 
filter circuit emulations and an outrageous array 
of modulation options.

Live 9.5 sees Ableton and Cytomic 
collaborating again, but while Glue Compressor 
was – graphical interface aside – almost an exact 
copy of The Glue, there’s no ‘Drop Filter’ in Live 
9.5. Instead, several of The Drop’s filter circuit 
models have been incorporated into existing 
Live plugins, greatly improving their sound and 

feel. The Drop includes seven filter circuit 
models, four of which have found their way into 
Live: OSR (a state variable mode with hard 
clipping, based on the Oxford Synthesiser 
Company OSCar synth’s filter), MS2 (a Sallen-Key 
circuit with soft-clipping based on the  filter from 
the Korg MS-20 rev2 synth), PRD (a ladder circuit 
without resonance limiting, based on the filter 
from the Moog Prodigy synth), and SMP (a 
custom circuit that’s a cross between a Sallen-

Key and state variable filter with soft clipping).
These Circuit Types (plus Clean mode, based 

on the filters used in EQ Eight) are available in 
Simpler, Sampler, Operator and Auto Filter, and 
all of the available Filter Types (low-pass, high-
pass, band-pass, notch and morphing state 
variable) can be set to Clean or OSR modes with 
a choice of 12dB and 24dB/octave slopes. The 
other Circuit Types can only be selected when 
working with low- or high-pass filters, and 
Simpler, Sampler and Auto Filter also feature a 
Drive knob that appears when any of the 
Cytomic circuits are selected. Operator doesn’t 
have this Drive functionality, but it features a 
dedicated waveshaper with a choice of shapes 
and adjustable drive level anyway, perfect for 
working up big, beefy sounds in conjunction 
with the new filters.

Live�9.5’s�new�filters

“Several of The Drop’s 
filter models have 
been incorporated” 

��verdict
�Fab�filters?�
Live’s filters have always been a little 
perfunctory, so any kind of 
improvement to them is welcome. 
Cytomic’s expertise, put to such good 
use in The Drop, is fully evident here: 
the Circuit Types sound fantastic, 
adding punch and a variety of new 
textures to your sounds, and making 
Operator, Simpler, Sampler and Auto 
Filter more powerful than ever. 

A relatively small but perfectly 
formed improvement, Live 9.5’s 
enhanced filters perfectly embody 
Ableton’s considered, constructive 
approach to software updates.
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 > Step by step ��2.�Pitchshifting�with�Simpler’s�Classic�mode� �

In the Tutorial Files folder is a two-bar 
loop called Break.wav. Drag it into a 

MIDI track’s Device View and Live will 
automatically create a Simpler to play it 
back. By default, the sample will be 
unwarped, but if you take a peek at the 
bottom right hand corner of the interface, 
you’ll see that Simpler has correctly 
calculated its length as 2 Bars.

1
Click the Warp button and the sample 
will automatically play at the project 

tempo. Highlight a two-bar area on the 
MIDI track, and press Ctrl/Cmd+Shift+M 
to create a new MIDI part, then Ctrl/
Cmd+L to set the Loop Start and End 
points around the clip. Double-click the 
clip to bring up the MIDI Note Editor, and 
draw in a C3 note for the whole two bars.

2

Click Live’s Metronome button to 
activate it, and take a listen back to 

the project. You’ll hear that the beat plays 
back at the project’s tempo of 120bpm, 
even though the original audio file is much 
faster. Let’s speed things up a bit: click the 
Tempo parameter and enter 160.

Transpose the MIDI note up to C5. It’ll 
play back at the same tempo, but its 

pitch will be shifted up dramatically, giving 
us a metallic, psychedelic beat 
reminiscent of early 90s jungle. Create 
your own melodic pattern, or copy the one 
we’ve used here.

3

5

Simpler will automatically play the 
beat back at the new tempo. Now let’s 

get a bit more creative. Turn the 
metronome off, then return to Simpler and 
click the Warp Mode (currently set to 
Beats) to see the other available modes. 
Select Texture from the drop-down menu. 
Turn the Flux (random factor) down to 
0.00 for a totally consistent sound.

An effective way to control the timbre 
of the beat is to adjust the Texture 

mode’s Grain Size parameter, which 
controls the size of the audio grains used 
by the warping algorithm. Turn it down to 
20 to get a comb-filtering-style effect. 
Higher values result in a slurred sound 
with a less defined rhythm.

4

6

Meet�the��
new�Simpler
The single biggest change in Live 9.5 
is the massive overhaul that’s been 
given to Ableton’s veteran sampler 
Simpler, introducing a bold new look 
and – more importantly – a ton of very 
useful new features.

As well as the simple one-shot and 
looping playback for which it’s already 
known, Simpler can now warp 
samples just like audio clips, with the 
same choice of Beats, Tones, Texture, 
Re-Pitch, Complex and Complex Pro 
algorithms. It also now offers a choice 
of three playback modes for both 
warped and unwarped audio: Classic 
(for looped playback, including 
crossfade looping), One-Shot (for one-
shot playback with optional ‘trigger’ 
mode, where the sample plays in its 
entirely no matter how long the note 
is held), and Slice (where each slice of 
the sample is assigned its own MIDI 
note for triggering). 

This is big news for everyone who 
works with samples, opening up 
endless creative possibilities, some of 
which (real-time pitchshifting effects 
and easy drum kit creation) we’ll 
demonstrate in the walkthroughs.

The other big change to Simpler is 
that, like Sampler, Operator and Auto 
Filter, it’s been given a new set of 
fabulous-sounding analogue 
modelled filters (see Live 9.5’s new 
filters on p40) that make it a great 
choice for punchy basses, smooth 
pads and all manner of other exciting 
instrumentation and sounds.

A less dramatic but no less 
welcome touch is that Simpler’s 
Sample page can now be popped out 
into its own panel, making the process 
of creating and tweaking complex 
patches easier and faster. 

Seasoned Simpler veterans will, of 
course, want to know if the 
instrument’s most irritating limitation 
has been changed. Sadly, it has not: 
Simpler’s pitchbend range is still 
bewilderingly fixed at +/-5 semitones. 
Still, that gives Ableton something to 
improve with the next update – fingers 
crossed we see this bizarre issue 
addressed in Ableton 10!

TuTorIaL 
FILEs
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You can now pop Simpler’s Sample page out  
for easier editing of loop points and more



 > Step by step ��3.�Chopping�beats�with�Simpler’s�new�Slice�mode�

Drag Vintage beats.wav onto a MIDI 
track’s Device View. Live automatically 

creates a Simpler, which is set to Classic 
mode by default. Click the Slice tab on the 
left hand side of the instrument’s interface 
to switch to Slice mode. Transient markers 
appear on the audio waveform to show 
that it’s been sliced.

1
Now you can play back individual 
slices from note C1 up. Clearly, this is 

an extremely quick way to turn a beat or 
loop into a drum kit – even faster than 
using Live’s Slice to New MIDI Track 
function! The only disadvantage is that 
Simpler doesn’t create any MIDI timing 
data, so you have to program the 
triggering rhythm yourself. Copy the MIDI 
pattern we’ve used here.

2
Let’s take a closer look at how Simpler 
has chopped this beat. Drag down on 

the waveform display to zoom into it, 
being careful not to pull the transient 
markers out of position. Zoom into the 
third transient marker from the left and 
you’ll see that it’s positioned a little bit 
before the snare hit.

3

Drag the transient marker to the right 
so that it sits perfectly at the start of 

the snare, ensuring that our programmed 
beats will sound as tight as possible. The 
beat we programmed in step 2 sounds OK, 
but because we’re at Live’s default 
120bpm tempo, rather than the beat’s 
original 140bpm, it sounds a little 
unnatural. We can remedy this by warping 
it, so click the Warp button on the right.

Slice mode offers a choice of playback 
modes, with Mono selected by 

default. Polyphonic mode enables 
multiple slices to be played at once, and 
Thru mode always plays the sample 
through to the end and is thus more suited 
to ‘rough and ready’ beat composition. 
Return to the Sample tab, set Playback to 
Thru, and reactivate Warp. 

4

7

Now that the beat has been warped, it 
sounds much more natural. However, 

the default Beats warp mode isn’t ideal for 
all audio material – we can make things 
sound more natural without pitchshifting 
by using the old-school method of simply 
changing the playback speed. Turn Warp 
off, and turn the Transp (Transpose) knob 
below the waveform display to -7.

Now, when you trigger a slice, Simpler 
will play all the way to the end of the 

sample unless another slice is triggered. 
This can be useful for generating new 
rhythmic ideas, and programming beats 
with an old school hip-hop or jungle feel. 

5

8

Changing the playback speed like this 
works like tape, vinyl or a traditional 

sampler, affecting both the tempo and 
pitch of each slice, giving us a quite 
different feel to using Warp mode. And 
while it looks like there’s no fine tuning 
parameter, you can find it in the Control 
page’s pitch panel under Detune. Set it to 
-20 cents.

6

POWER TIP

>Sensitivity�training
If you don’t like the way Simpler’s 
Slice mode automatically chops 
your beat up, you have options. 
First, turning down the ReCycle-
style Sensitivity slider 
progressively removes the markers 
on the quietest transients. For a 
more hands-on approach, double-
click the waveform to add and 
delete markers at will; and as we’ve 
already seen, you can move any 
marker simply by dragging it. Make 
sure you’re happy with your 
markers before you start 
programming your MIDI sequence, 
though, because adding or 
removing them will change which 
MIDI notes trigger which slice.
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 > Step by step ��4.�Making�a�punchy�bass�with�Simpler’s�new�filter�modes� ��

Create a new MIDI track in Live and 
drag Buzz.wav from the Tutorial 

Files folder into its Device View. A Simpler 
will be created to play the sample back. 
Click the 1-Shot tab on the left to switch to 
One-Shot mode.

1
Play a note and you’ll hear that the 
sample doesn’t stop until it reaches 

the end. This is because Simpler is in 
Trigger mode. Click the button below the 
waveform that says Gate and the sample 
will stop when you release the note. Now 
that’s sorted, it’s time to have a tinker with 
Simpler’s new filters!

2
You can see the filter’s most basic 
controls at the bottom left-hand 

corner of the interface, but if we want to 
do anything mildly sophisticated, we need 
to click the Control tab at the top right 
hand corner. Turn the Frequency knob 
down to 300Hz or so.

3

This takes everything out of the 
sustained synth note but the bass. It 

also reveals an audible click at the end of 
the sample, which is down to the 
extremely short Fade Out time of 0.10ms. 
Turn it up to 27ms, then click the 
Envelope button in the filter panel. Turn 
the filter envelope Amount up to 72.

4
This gives us a big, round bass sound 
that we can sculpt further with 

Simpler’s filter in its various modes. The 
filter’s Circuit Type is currently set to 
Clean. Click it and select OSR from the 
menu to switch to state variable circuit 
mode. This won’t sound too different at 
first, because the Res (Resonance) and 
Drive are at zero.

5
Turn the Res up to 100%, and set the 
Drive to 18dB. This gives us an even 

bigger, bouncier tone! Try the other 
available filter modes to get an idea of 
what their sonic characteristics are like, 
and be sure to try both the 12dB and 24dB/
octave slopes as well.

6
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Another key area in which Live 9.5 has been 
improved is its visuals. Ableton have always 
had a sensible approach to design and this 
version retains Live’s clear, straightforward 
look, with just a few enhancements to help 
bring it up to speed with other DAWs.

The first of these is the addition of RMS 
(Root Mean Square) metering to the existing 
peak meters – really great news when it comes 
to getting the best mixdown possible, because 
RMS is a better indication of perceived 
loudness than peak level.  Being able to view 
both simultaneously enables you to make 
more informed decisions about dynamics 
processing, and Ableton have implemented it 
beautifully: peak level is displayed in dark 
green, with RMS level sitting ‘in front’ of it in 
lighter green. As peak is always going to be 
higher of the two, this is a sensible, elegant, 
space-efficient solution that crams more 

information into the interface without 
sacrificing clarity.

Live’s audio clip and sampler waveforms 
have always had a few graphical issues, 
looking jagged and ‘low-res’, and sometimes 
show non-zero values for silent signals. Live 

9.5’s waveforms appear much smoother and, 
according to Ableton, actually show more 
detail. They certainly look better and scroll 
more smoothly, making for a better user 
experience, particularly when adjusting Warp, 
Start and End markers up close.

Finally, Live 9.5 automatically colours new 
tracks, and new clips automatically assume the 
same colour as the track they’re on. This is a 
great touch that makes it easier to locate 
individual tracks, although it does, arguably, 
have a downside: every time you start a new 
project, each track is assigned a random 
colour, resulting in some rather gaudy and 
distracting combinations. Thankfully, it’s 
possible to prevent this by turning off the Auto-
Assign Track Colours options in the 
Preferences dialog’s Look/Feel tab, where you 
can also select a default track colour that 
doesn’t offend your personal aesthetic.

Looking�good

Wave hello! Live 9.5 sports smoother waveform displays



��verdict
�Simpler�is�better!
The new Simpler is excellent, enhancing 
Live’s already lightning-fast workflow. 
Whether you’re chopping beats, 
creating your own sampled instrument 
patches or experimenting with basic 
sound design, Simpler is definitely 
worth revisiting. The only real negative 
is that the new interface requires more 
legwork to get around. For example, to 
properly tune samples you have to be 
on the Controls page, and to adjust the 
filter envelope you have to be on the 
Controls page with the Envelope screen 
selected. This makes it slower to use 
than the original version – we’d love it if 
Ableton added another tab displaying 
the ‘classic’ interface.

 > Step by step ��5.�Making�a�smooth,�sweeping�pad�with�Simpler�and�Auto�Filter�

Drag Raw saw.wav from the Tutorial 
Files folder onto a MIDI track’s Device 

View to create a Simpler. We want our 
sample to be able to play indefinitely, so 
click the Loop button below the waveform 
to activate looping. It doesn’t sound too 
smooth when it loops: the start of the 
sample has a definite punch.

1
Turn the loop’s Start parameter up to 
50% and Length to 25%. Because 

Simpler’s Snap is turned on by default, the 
loop start and end are automatically 
positioned where the waveform crosses 
the zero crossing line, giving a smooth-
sounding transition. If you have trouble 
looping more complex sounds, try turning 
up the Fade (crossfade) parameter.

2
Click the Controls tab and set the 
Filter Type to Morph SVF. Set the 

Frequency to 200Hz, then turn on the 
filter envelope and turn the Amount up to 
72. With the current filter envelope 
settings, this gives us a percussive lead 
tone. Set the filter envelope’s A (Attack) 
and D (Decay) to 7.71 s and 19.6 s.

3

Set the Res to 50% and Morph to 98 
hp/no. This gives a long, rich filter 

sweep that sounds great with chords. 
Click the Sample tab and set the number 
of Voices to 32 for maximum polyphony, 
then turn the Volume down to -24dB to 
give yourself some headroom. Let’s use 
another filter to further articulate things.

The two types of filter modulation 
used here – envelope-driven HP/NO 

and quantised LFO-driven LPF – create a 
rich, rhythmic texture, but it still sounds 
rather one-dimensional because it’s in 
mono. Click Simpler’s Control tab, and 
turn the Spread parameter under the 
amplitude envelope to 100%.

4

7

Drag Auto Filter from the Audio 
Effects folder onto the Simpler track. 

Auto Filter features the same new filter 
modes as Simpler. Turn the Res up to 40% 
and Freq down to 1.28kHz, then turn the 
LFO/S&H Amount up to 20.0 and set its 
Rate to 0.28Hz. Change the Circuit Type 
to PRD, set the Drive knob to 8.19dB, and 
switch the Slope to 12dB.

This generates two panned and 
detuned voices per note, for a wide 

stereo sound. The sound is still a little dry, 
so add a Ping-Pong Delay after the Auto 
Filter, and set its Dry/Wet level to 40% 
and Beat Division to 4 16th-notes. This 
complements the Quantize’s 2 16th-note 
resolution, resulting in a lush, fluid sound.

5

8

This gives us a gently rising and falling 
cutoff frequency, which we can make 

more interesting by quantising its 
movement. Click the Quantize button at 
the bottom of Auto Filter’s interface. The 
Beat Division is already set to 2 16th-notes, 
which is perfect for this patch. Quantize 
only affects the cutoff frequency when the 
project is playing, so start playback and 
play a chord to hear how it sounds.

6
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 > Step by step ��6.�Making�a�ravey�synth�sound�with�Poli�

Lo-fi, Moog-style synth sounds are 
Poli’s speciality. Open the Max for 

Live/Max Instrument folder, locate Poli 
and drag it onto a MIDI track. Begin by 
turning the Pulse and Sub levels in the 
Oscillator panel down to 0.00%, leaving 
just the Saw oscillator turned up.

1
In the Filter panel, Turn the HPF (High 
Pass Filter cutoff) and Resonance all 

the way down, and the LPF (Low Pass 
Filter cutoff) all the way up, revealing the 
pure, unfiltered sound. The XMod 
parameter in the oscillator panel controls 
the amount by which the amplitude of  
the Pulse oscillator modulates the pitch of 
the Saw oscillator. This is known as 
frequency modulation.

2
Hold a note, and gradually turn up the 
XMod fader – you’ll hear that even 

though the Pulse oscillator’s level fader is 
turned all the way down, it’s still 
modulating the Saw oscillator’s pitch. This 
results in the generation of increasingly 
complex harmonics as the level of the 
fader is increased (throw on a Spectrum if 
you want to see this in action!).

3

Set XMod to 47% for a satisfyingly 
rhythmic texture. We can control the 

pulse width of the Pulse oscillator with the 
PW fader to the right of XMod. Turn this 
up to change the feel of the patch – 83% 
gives us a suitably obnoxious sound.

4
We can modulate the Pulse Width with 
Poli’s LFO. Turn the PW parameter in 

the Modulation panel up to 19%, resulting 
in a horrific, almost vocal screeching tone. 
Turn the LFO Rate down to 0.41Hz to calm 
this down slightly, then, in the Master 
panel, click the C button to activate Poli’s 
chorus effect.

5
Click the menu to the right of the PW 
modulation fader and change the 

source to F-ENV. This means that the filter 
envelope, rather than the LFO, modulates 
the PW level, so turning down the S 
(Sustain) level in the Filter panel gives a 
bonkers rave alarm!

6

If you’re the owner of both Live 9.5 and Max for 
Live (a version of Cycling ’74’s visual 
programming environment, Max, that integrates 
with Ableton’s DAW) you can download and 
install an updated version of Max for Live 
Essentials. This features 35 prefabricated Max 
devices, including three all-new synths: Bass, 
Poli and Multi. Bass and Poli are both straight-up 
virtual analogues based on classic hardware 
instruments, whereas Multi is more unusual: a 
hybrid instrument with six synth engines and an 
extremely minimal interface.

Max�power
Monophonic monster Bass’ interface reminds us 
of Roland’s classic Juno range of hardware 
synths, based, as it is, on a mixer with levels for 
the instrument’s simultaneous sine, sawtooth, 

pulse and triangle oscillators. The width of the 
pulse oscillator is set with the PW fader, which 
can be modulated by the synth’s built-in LFO. 
There’s also a sub-oscillator that plays an octave 
below the root note, and this can be morphed 
between triangle and saw shapes with its Tone 
fader – a cool touch. Another enticing feature is 
the synth’s hard sync and ring modulation panel. 
These effects can be applied independently or 
simultaneously, and the pitch of the dedicated 
modulation oscillator can optionally be 
modulated by the amplitude envelope. This 
makes Bass ideal for generating harmonically 
rich lead and bass sounds, as well as conjuring 
up dub-style sound FX.

There’s a resonant multimode filter onboard, 
too, of course, and you can toggle envelope 
times between short and long. 

Poli is another Juno-esque affair, though this 
time it’s polyphonic and you only get sawtooth 
and pulse oscillators, plus a sub that’s a cross 
between a saw and a pulse, and can be set to 
track at -1 or -2 octaves below the root note. Like 
Bass, Poli can apply ring modulation, but things 
get really exciting when Xmod (cross-
modulation – FM, essentially) comes into play.

Poli also features a dedicated noise 
generator, low- and high-pass filters, a 
modulation section that allows you to use the 
instrument’s LFO and filter envelope to 
modulate the filter cutoffs, pitch, pulse width, 
ring modulation level and overall volume, and a 
chorus effect with three modes.

Finally, Multi is designed to work with Push – 
we’ll be taking a proper look at it in a future 
issue, when we go in-depth with Push 2.

New�Max�for�Live�Essentials�synths

January 2016  /  CompUTER mUsIC  /  45

live 9.5 the creative guide  /  make music now  <



��verdict
�Solid�synths
Poli and Bass are by no means 
revolutionary, being based on classic 
gear that’s been emulated countless 
time before, and not really throwing 
anything new into the mix. Plus, 
because they’re Max for Live synths, 
they don’t feature Live 9.5’s swanky  
new Cytomic filters. They’re also a little 
bit flakey – Bass suffers from stuck  
notes occasionally, and Poli’s oscillators 
are sometimes audible even when 
turned down to 0% volume. 
Nevertheless, they deliver decent 
results and are certainly a worthwhile 
added bonus for Max for Live users.

 > Step by step ��7.�Creating�a�righteous�Reese�with�Bass� ��

Drag Bass from the Max for Live/Max 
Instrument folder onto a MIDI track. 

The initial patch that greets you is a pretty 
mild Moog-style bass stab, but we can 
easily make something much meatier. 
Begin by turning the triangle sub oscillator 
on the right hand side of the Oscillator 
panel at the way down to 0%.

1
In the Filter panel turn the Cutoff up 
to 100% and the Resonance all the 

way down to 0%, so we can hear the saw 
oscillator unfettered by the filters. Click 
the Ring button in the Ring/Sync panel, 
and turn up the Ring/Sync Oscillator 
Frequency control on its right to increase 
the dedicated modulation oscillator 
speed. 4% gives us a sound that beats 
away nicely.

2
In the Master panel, turn the Distort 
knob up to 67% for a much louder, 

rawer tone. The sound of the distortion 
will be affected dramatically by even a tiny 
change to the input. For example, turn the 
Sine oscillator up to 1% to instantly get a 
much darker DnB-style sound.

3

At its current settings, Bass will give us 
a consistent sound, but we can make 

it less predictable by turning up the 
Oscillator panel’s Analog knob. A level of 
25% gives an effect that sounds natural 
but not too random. In the Master panel, 
turn the Portamento time up to 23.4ms 
for lazier note-to-note transitions.

4
Let’s use Live’s new filters to take  
out the abrasive high-end. Add an 

Auto Filter after Bass, and set its Circuit 
Type to OSR, Slope to 12, Frequency to 
1.76kHz, Resonance to 34%, and Drive to 
4.19dB. This gives us a really filthy Reese 
that’s ripe for resampling… using the  
all-new Simpler, natch! 

5
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Arriving with no hype at all, Live 9.5 is a 
seemingly modest update that improves the 
software in small but meaningful ways. 
Initially, the idea of an enhanced Simpler 
seems odd, as Sampler is already available for 
those requiring more sophisticated sampling. 
However, Simpler’s new modes are designed 
for speedy slicing and looping rather than full-
on sound design, and they do a great job of it. 
It’s a shame that Simpler’s Slice mode isn’t 
capable of generating MIDI data, but there’s 
always the Slice to New MIDI Track function. 

The new Cytomic filters are hugely 
beneficial to users of Simpler, Sampler and 
Operator, and give Auto Filter a new lease of 
life, making it a superb choice for convincing 
analogue-style filter sweeps. Because the filter 
is capable of self-oscillation, it’s also great for 

vintage-style pitch-sweeping synth FX, 
especially with Auto Filter’s built-in LFO and 
sidechain-equipped envelope follower.

The new synths in the Max for Live 
Essentials pack are also welcome, but they’re 
the weakest part of the update thanks to their 
flakiness and lack of innovation. Nonetheless, 
despite their drawbacks, they’re easy and fun 
to play with and can generate some strong 
sounds, so they’re worth investigating.

The improved meters are a great touch, 
though we weren’t too fussed by the 
(admittedly attractive) new waveforms. 
Ableton say they’re more accurate, but the 
ability to clearly distinguish the levels of 
individual samples in previous versions felt 
more professional to us.

Finally, we should also mention the three 

new non-synth Max For Live devices. Map8 lets 
you map eight Macros to any parameters in 
Live (ie, not just the host track); MIDIMonitor 
displays MIDI input; and Arp improves on Live’s 
Arpeggiator with a built-in step sequencer and 
modulation. We’ll be taking a closer look at Arp 
in an upcoming  tutorial, so stay tuned!

Even with the drawback that projects saved 
in Live 9.5 aren’t compatible with previous 
versions, this is an essential, must-install 
upgrade. We awarded Live 9 a 9/10 rating in 

190, and since then Ableton have honed it 
to perfection. With 9.5’s useful new Simpler 
functionality, awesome filters and handy Max 
For Live synths, we have no hesitation in 
scoring Ableton Live 9.5 a resounding…

10/10
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Get ready to work those two 
speakers like never before 
with our expansive guide 
to all things stereophonic

Two identical speakers, one left, one right – 
that’s what most of us use to create music. But 

why? What’s wrong with one speaker? And if two 
beats one, why aren’t four better than two?

It’s because of our ears. Our two ears hear all 
that’s happening around us, and our brain 
interprets the results with remarkable precision. 
When we’re making music – or producing it for 
others – we’re trying to create a virtual soundstage 
with width, depth and detail, just like the real world 
we’re used to hearing. To recreate what we hear 
with two ears, we use two speakers – one for each.

There is, of course, the possibility to use even 
more. Surround-sound setups use many channels 
of audio, but the principles you apply to two can be 
applied equally across more.

Get the advantage
We’ve been using stereo setups for so long that 
production techniques have adapted. It’s no longer 
viable to ‘mix’ a track by throwing one sound into 
the left speaker and another into the right, because 
that’s not really what the philosophy of stereo is all 
about. Instead, modern tracks create a sense of 
space using differences between the two – some 
subtle, and some not so subtle.

Primitive stereo has evolved over the years, and 
the demands placed on producers are only 
increasing. Have you made sure each element has 
its own space on the stereo field? Have you given 

enough width to the key elements in your track? 
Have you taken mono elements and widened them 
if needed? Are you using a stereo reverb that will 
add to the reality of the instrument? Have you 
automated your soundstage when new elements 
are added? And have you checked the whole thing 
in mono to make sure not a single one of those 
processes has done damage to your mix? A truly 
great, modern stereo mix requires you to be  
clued up on today’s truly great, modern stereo tools 
and techniques.

And that, of course, is where we come in. In this 
first of two Stereo Science features, we’ll give you a 
solid grounding in the disclipline, and let you in on 
how things work. Next month, we’ll take you further 
down the stereo rabbit hole, and show you how to 
push the boundaries (sometimes quite literally) of 
your two stereo channels.

What you’ll need
As usual, we’ve got your back covered with both 
written and video tutorials, so you can play along 
however you want. You’ll need your DAW and a 
couple of speakers to follow along properly. While  
a lot of the concepts we’ll go through over these 
two features will work on headphones too, you’ll 
find that speakers will really – how should we put 
this? – “set the stage” to hear these techniques in an 
authentic light. Right, ready? Meet us over the page, 
and bring both those ears with you… 

Watch the videos and get the 
tutorial files on your PC/Mac at 
vault.computermusic.co.uk

dOwnlOad
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We’ve already discussed above that a slight 
time delay between our two ears translates to 
a sense of directivity. The brain figures out 
where a sound is coming from based on which 
ear hears the sound first, and how long it takes 
to hit the other ear after this.

The longest time a sound can take to get 
from one ear to the other (when it’s 90° to the 
left or right of us) is about 0.7ms, depending 
on your head size.

But what about reverb? Sonic reflections 
are, in effect, copies of sounds, which can 
arrive a lot later than the original one.  
A typical room can create many, many copies 
– echoes – of the same sound, coming at you 
from many, many directions, so why doesn’t 
this confuse the brain? This is where Helmut 
Haas and his effect come in.

Haas discovered that the brain uses only 

the earliest-arriving sound to locate it, and 
then ‘groups together’ the early reflections, 
fusing them into one perceived sound. Any 
reflections arriving within 30 milliseconds, 
said Haas, will be fused together in this way, 
but reflections arriving later than this will be 
perceived as echoes.

So what does this actually amount to in 
real-world production terms? First of all, if we 
duplicate a mono sound into left and right 
channels, then delay one of them slightly, 
listeners will perceive the same sound, just 
coming from one side. Up to a millisecond,  
it’s usually perceived as standard ‘panning’, 
but longer delays lead to a greater sense of 
stereo width. We can push this delay up 
towards 30ms, safe in the knowledge that  
the sound we started with will remain, 
perceptually, the same.

What if we start to modulate this delay 
amount? A small amount of modulation of the 
delayed channel will lead to a flanging effect, 
but as the delay time is pushed over 30ms and 
the Haas effect doesn’t apply, we perceive it as 
a ‘doubled’ sound – aka a ‘chorus’ effect.

These slight delays also come into play 
when setting up stereo recording situations 
with two microphones (as we do on page 56.) 

One potential problem when using the 
Haas effect is when summing to mono. When 
a signal and a delayed version of itself are 
combined, the result is comb filtering. Dips 
will occur in the sound’s frequency spectrum 
at a frequency related to the delay time used. 
This may not be a problem, and indeed could 
be used as a creative effect, but check your 
mix in mono if you’re using timing tricks such 
as these, to make sure you’ve got it right. 

There’s a lot of stuff going on in the world, and 
it’s up to you and your brain to find out what’s 
happening out there. While your eyes can tell 
you a lot, they only point in one direction, they 
can be shut, and they don’t really work in the 
dark. Good thing we’ve got a couple of funny-
looking flaps attached to our faces to back them 
up, then!

Our hearing, like any other sense, monitors 
information received from the environment and 
passes it to our brain, helping the brain build up 
a picture of what’s going on around us. One 
crucial piece of information that our hearing 
system can determine is the direction that a 
sound’s coming from, and therefore the location 
of the object that produced it – vital information 
if you’re being pursued by a wild animal or 
trying to cross a busy road (or both).

And it turns out that we’re surprisingly good 
at determining the location of a sound – lab tests 
suggest that, in the right circumstances, we can 
get it right to within about 1°. By understanding 
the cues the brain uses to interpret where a 
sound is coming from, we can master our 
music’s stereo image and become better 
producers. A lot of the way it works is down to 
the fact that we’ve got a big, round, (usually) 
hairy object between our ears: our head.

Level differences
The first cue that helps us determine a sound’s 
location is the level difference between the two 
ears. If a sound is coming from our left side, it’ll 
get into our left ear no problem. By the time the 
same sound has travelled around the head (an 
effect known as diffraction) to the right ear, 
some energy will be lost, and the sound in that 
ear will be quieter, due to the extra distance it’s 
travelled and the ‘shadow’ caused at the other 
ear by our head. This level change is mimicked 
by panning: when we pan a signal towards the 
left side, the right signal gets quieter.

Time differences
The other cue that our brain uses to determine a 
sound’s location is the timing difference 

How we hear – in stereo

The Haas effect: time, fusion and echoes

Sound from the side 
reaches one ear before  
it reaches the other – this is 
most important in locating 
low frequencies

Sound from the side 
reaches one ear louder  
than it reaches the other 
– this is most important in 
locating high frequencies)

between the ears. Sound from objects straight in 
front of us will arrive at both ears at exactly the 
same time, but sound from objects on our left or 
right side will reach the nearest ear before 
reaching the other. Although this time delay 
may not be something we concsciously notice, 
it’s still decoded by our brain into information 
about where the sound is coming from.

Level differences, as it turns out, are more 
important for locating higher-frequency sounds, 
while at lower frequencies, time differences take 
over as the main method.

And the real world
In reality, there are further ways in which we can 
identify where a sound’s coming from in our 
surroundings, but they’re not as reproducible in 
the context of music production.

The first is as clear as daylight – we can move 
our heads. By turning the head left, right, up and 
down, we can gather more information about a 

sound and find that ‘centre’ where the level and 
time differences are minimised, which helps us 
focus on a sound. This doesn’t really fit into the 
way we listen to music, though, as it emanates 
from a set source.

Secondly, and more interestingly, if you look 
at someone’s ear, you’ll see that there’s no direct 
way for a sound to enter the inner ear without 
bouncing off the ear itself (the ‘pinna’) first. 
When sound bounces off the various notches 
and furrows of your ear, it provides your brain 
with a sonic ‘signature’ from the miniscule 
echoes that have reflected it in – and therefore 
the direction of the sound that led to that unique 
series of echoes. In fact, if you were to place a 
tiny microphone inside each of your ears (this is 
in fact possible, using in-ear HRTF/binaural 
mics!), and play it back to somebody on in-ear 
headphones, they’d be able to quite literally 
‘hear with your ears’, and it could sound very 
different and disturbing to them indeed.

Sound in front reaches 
both ears at the same time, 
and with the same level

L R

Our brain locates sounds from left to right by interpreting the timing and level differences between the two 
ears – your mixer’s pan control simulates the latter, changing relative levels of the left and right signals 
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Prior to 1958, all commercially released music 
came in a mono format – that is, delivering a 
single channel of sound. From the early days of 
wax cylinders and gramophones on through to 
jukeboxes and suitcase record players, the 
average listener’s experience was strictly mono. 
It’s not that stereo sound hadn’t been explored – 
Disney’s 1940 classic Fantasia featured an 
8-track stereophonic soundtrack – but it wasn’t 
until 1958 that the first stereo vinyl records were 
produced and the format went mainstream. But 
what’s wrong with mono anyway?

Play a signal through one speaker, and the 
sound will emanate from that single point. If it’s 
a musical signal, its different elements will be 
‘stacked’ on top of each other. Guitars, bass, all 
the elements of a drum kit, vocals, backing 
vocals, whatever… Every instrument will seem to 
emanate from the same point in space.

From mono to stereo
When we talk about mono, we’re talking about 
the signal rather than the number of speakers 
used. Play a mono signal through two speakers 
placed in front of you, and you’ll effectively have 
the same thing as if you’d played it through one 
speaker. As the left and right speaker kick out 
the same signal, they’ll arrive at your ears at the 
exact same time and level, and you’ll perceive 
the signal as coming from the point in the very 
middle of the two speakers – an auditory 
illusion. This ‘phantom image’ is often described 
as more spacious or natural than a single-
speaker source, but it’s still not stereo.

To make the move to stereo, we have to 
introduce differences between the signals in the 
two speakers. By sending the signal to one at a 
higher level, we move the phantom image 
towards that speaker. In isolation, this may not 
seem that significant, but in the context of a 
multichannel mix, if we control these relative 
left/right levels for individual tracks, we gain the 
capability to create a complete phantom sound 
stage, positioning each element to taste.

Our new phantom sound stage will have left/

right positional characteristics but will lack the 
depth and spaciousness we hear in a real space. 
The missing ingredient is, quite simply, reverb. 
To add this to the equation, we either have to 
capture it at source by recording in stereo, or 
add it later artificially. A stereo reverb processor 
will introduce left/right differences to a signal, 
particularly significant when adding them to a 
mono source, which will gain width and depth, 
while retaining its stereo positioning.

Setting up for stereo
Most end listeners hear music in compromised 
circumstances, so your mix’s stereo nuance and 
subtlety is most likely to get lost in translation. 
For the few who listen in appropriate conditions, 
though, it’s worth getting stereo right.

As far as your own monitoring is concerned, 
speaker placement is important. Make sure your 
speakers are at the same height, then angle 
them in so they’re pointed at your head when in 
your usual seated position. For spacing, try and 
create an equilateral triangle with the two 

speakers and your head each positioned at one 
corner – you may need to move the speakers 
forward/backward or further apart to achieve 
this. Secondly, make sure you’re sitting with your 
ears at the same height as the high-frequency 
speaker cone. Changes in your vertical height 
will influence the high-frequency balance, while 
horizontal orientation influences your ability to 
perceive the stereo image. Use speaker stands 
or isolation pads to help reduce transmission to 
furniture, improving low-frequency accuracy.

Your listening space will profoundly influence 
your monitoring experience too. Our diagram to 
the left (not to scale!) gives a simplified overview 
of a typical setup. The speakers are positioned 
equilaterally, with the speakers direct output 
(black dotted lines) angled towards the ears, 
resulting in the phantom soundstage (blue 
dotted line). The red lines represent reflections, 
which should be minimised with acoustic 
treatment. Room treatments – such as corner 
traps and wall panels – can help control low-
frequency modes and high-frequency 
reflections respectively, and making sure your 
monitors are at least one metre from the side 
and front walls will also aid sonics. For loads 
more advice on getting your studio sorted, 
check out our Studio Acoustics feature in 212.

And then there’s headphones. A good 
loudspeaker mix listened to on headphones 
typically sounds very different. The sound can 
seem to exist inside rather than in front of the 
head, and of course moves with your head. 
Extreme panning can even make sounds appear 
as if they’re behind you.

Stereo sound in music reproduction

With two monitors placed correctly, sounds can be positioned in the space from left to right between them

Even with speakers positioned optimally, reflections (red lines) are unavoidable, but you can minimise them
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Sit with your tweeter at eye/ear level to get the  
most accurate reproduction of all frequencies
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 > Step by step ��1.�Panning�basics,�pan�law�and�balance�vs.�dual�panning�

Let’s explore how panning works in 
our DAW. We’re using Logic Pro X 

alongside Flux Stereo Tool 3 (free from 
www.fluxhome.com) for this 
walkthrough, but any other DAW that 
supports VST or AU plugins will be fine. 
Open your DAW and import the audio files 
beginning “Pan…” from the Tutorial Files 
folder, as shown, then loop playback.

1
First, let’s look at Logic’s built-in 
balance panner. Select the PanVocal 

channel and move the pan control (above 
the volume fader) from left to right – you 
should hear the vocal moving in the 
stereo spread. After this, pan the vocal to 
the centre before opening the Audio tab 
in the Project Settings dialog box (found 
in the File menu).

2
Set the Pan Law in the Project Settings 
dialog to 0dB and check the Apply 

Pan Law Compensation to Stereo 
Balancers box before moving the 
PanDrums pan control from left to centre 
to right. You’ll hear the drums get 
significantly quieter as the pan control 
moves away from the centre.

3

Next, try setting the Pan Law to -3dB 
compensated before again moving 

the pan control on the PanDrums  
channel from left to centre to right. This 
time, the drums will sound about as loud 
when they’re hard panned as they do 
when the pan control is set centrally. Now, 
centre the pan control and close the 
Project Options dialog.

4
Let’s compare the effect of balance 
panning versus dual panning. Set the 

pan control on the PanDrums channel 
hard right – the left-panned hi-hats 
disappear, because balance panning 
simply turns down the left channel. A dual 
pan control will let us narrow the width 
without losing the hats. Add Stereo Tool 
and adjust the Left pan control to -50% to 
bring the hi-hats more towards the centre.

5
Finally, grab a pair of headphones and 
set PanGuitar’s pan hard left. When 

listening on speakers, the extreme 
panning sounds quite good – but now try 
listening on headphones. The hard 
panning sounds dramatic, but it can come 
across as unnatural, which could be 
distracting for the listener. We’ll look at 
some ways to alleviate this problem later…

6

We’ve looked at how we hear in stereo and how 
two speakers or headphones reproduce music 
in stereo – but how does panning and stereo 
work inside a DAW? While a mono signal 
consists of a single channel of sound, a stereo 
signal comprises two independent mono 
channels – one on the left, the other on the right. 
Any differences between these signals will 
create an image of stereo sound that goes 
beyond the basic phantom centre effect.

Panning is the easiest way to manipulate the 
stereo soundstage, involving setting the 
placement of one or more signals (either mono 
or stereo) in the left-right stereo field using a 
pan control. Most mixes contain both mono and 
stereo signals, and a DAW will treat them 
differently in terms of panning, which many 
producers don’t even consider. The standard 
pan control that most DAWs offer out of the box 
is a balance panner – this works with a mono 

signal by changing the level of signal sent to the 
left or right channel to place the sound in the 
stereo field. With a stereo signal, it’s the same: 
the levels of the left and right channels are 
altered to position the sound. But if your stereo 
signal is, say, a drum kit mix with a cowbell that’s 
heard only in the left channel, panning the signal 
to the right will cause the cowbell to get quieter, 
eventually disappearing altogether!

A dual panner lets you level/balance a stereo 
signal’s left and right channels independently. 
Going back to our drum kit example, we could 
pan the left channel to the right and thus make 
the entire kit – including cowbell – move toward 
the right of the stereo soundstage. It’s also 
possible to reduce the width of a stereo signal 
by moving the two channels closer to the centre 
– very useful for taming overly wide synth pads 
and leads, for example. You can even swap the 
left and right channels around in the stereo field, 

or sum them together by placing both pan 
controls in the same position.

There’s one more thing to consider: when a 
sound is panned hard left or right, you’d expect 
it to be sent directly to the corresponding 
speaker, while panned centrally, the signal 
would be sent straight to both speakers… right? 
Well, not quite. Simply blasting the signal out of 
two speakers instead of one will make it twice as 
loud, so panning will affect the output level too. 
Luckily, we don’t have to worry about this, 
thanks to ‘pan law’. This is a system of volume 
compensation that attenuates centre-panned 
signals so they sound about as loud as they do 
when panned left or right. Pan law is expressed 
in decibels, and tells us by how much the centre 
is reduced. -6dB is ideal for an acoustically 
perfect room, but in practice, most DAWs use 
the standard -3dB or -4.5dB settings, which work 
better in real, less-than-perfect rooms.

Panning�basics

TuTorial 
Files
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While panning is a great way to 
achieve separation, it can only do so 

much. We can now use EQ to bring further 
clarity to the mix. Select the FunkKeys 
channel and add DDMF IIEQCM. Use a 
12dB/octave high-pass filter (HPF12) filter 
at 150Hz and a -2dB high shelf at 3kHz to 
thin the keys out a touch – the kick and 
hi-hats should now stand out more.

5
Finally, let’s hear the effect hard 
panning has on mono compatibility. 

Add a utility plugin to the master output 
(we’re using Logic Pro X’s Gain) and set it 
to Mono. Pan the FunkBass channel hard 
left – the volume decreases as it’s panned 
away from the centre, which is a real no-no 
for such a vital mix element, hence why 
bass is almost always panned centrally.

6

 > Step by step ��2.�The�LCR�approach�to�mixing�

Let’s have a look at using LCR (left-
centre-right) panning in a mix 

situation. The LCR method encourages the 
use of just three pan positions: hard left, 
centre and hard right. It can be great for 
creating wide stereo mixes and adding 
clarity to densely layered tracks. Import 
the files beginning “Funk…” from the 
Tutorial Files folder into your DAW.

1
First, let’s create width and separation 
in our mix by panning the L and R 

FunkDrums channels hard left and right 
respectively. Although our drums weren’t 
originally mixed using the LCR method, 
there’s nothing wrong with working stereo 
material into an LCR mix – LCR doesn’t 
mean using only mono sources!

2

Next, pan the FunkGuitar channel 
hard left and the FunkKeys channel 

hard right. We’ve used the LCR approach 
for our main track elements, but we can 
still utilise the spaces between the left, 
centre and right of the stereo field to place 
incidental sounds that don’t carry too 
much energy, such as our FunkPad.

3
Pan the FunkPadL channel to -32 and 
the FunkPadR channel to 31 – you 

should hear it stand out more. The mix is 
starting to sound clearer now, with a good 
amount of stereo width, but there’s still 
more we can do…

4

LCR�panning
Left-centre-right (LCR) panning is 
an approach to working the stereo 
field that dates back to the 
formative years of stereo mixing in 
the 1960s and 70s. Unlike 
conventional panning, where 
elements can be placed anywhere 
in the stereo field, the LCR panning 
philosophy restricts all panning to 
three positions – namely hard left, 
centre or hard right. Sounds 
straightforward enough, but what 
are the benefits?

One big plus for LCR panning is 
that it makes the mixing process 
easier, because there are only three 
positions that a track can be 
panned to. The technique can add 
emphasis to centrally placed 
elements such as the kick and 
snare drums, bass and lead vocals 
while also making panned 
elements of the mix stand out 
more. Hard panning can also 
increase separation by reducing 
the amount of information 
contained in large areas of the 
stereo field, helping to increase 
clarity in a dense mix.

One thing to consider when 
using LCR panning in your own 
mixes is the use of EQ. While EQ is 
an important tool in conventional 
mixing for making disparate 
elements gel together, its use is 
even more critical to create 
separation between elements 
sitting in the same region of the 
stereo image when mixing in LCR.

Another consideration is mono 
compatibility. Hard panned 
elements end up quieter when the 
mix is heard in mono, so it’s worth 
checking that your mix still works 
and that it’s not compromised too 
much by mono summing.

Finally, a good trick when mixing 
in LCR is to use the spaces naturally 
created between left, centre and 
right to place smaller sounds such 
as one-shot FX or vocal delays.

It’s well worth trying the LCR 
approach to see if it works for you 
but, as with most things music 
related, the rules are there to be 
broken! You may find that using the 
LCR technique works well for the 
main elements of a mix alongside 
more traditional panning for less 
important parts.
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 > Step by step ��3.�Creating�a�wide�but�natural-sounding�stereo�soundstage�

Let’s explore some more sophisticated 
mix techniques that we can apply to 

the funk stems used in the earlier LCR 
panning tutorial. Open your DAW (we’re 
using Logic Pro X but any will suffice) and 
import the files beginning “Funk…” from 
the Tutorial Files folder, then loop 
playback around them.

1
Select the FunkDrumsL channel and 
pan it to -30, then pan FunkDrumsR to 

+30. This give the drums some much 
needed breadth without making them 
sound unrealistically wide (which could 
also give us mono compatibility issues). 
Next, pan the FunkGuitar channel hard 
right, then open the mixer and select 
Create new Auxiliary Channel Strip from 
the Options menu.

2
Panning instruments like this can 
sound harsh and distracting through 

headphones, because they’re only heard 
in one ear. Using the auxiliary channel to 
add a subtle right-panned mono reverb to 
the guitar gives the left ear a ‘reflection’ of 
it, making it sound more natural. Set the 
Aux channel’s input to Bus 1, click the 
button to the left and choose Mono, then 
turn the channel volume up to -6dB and 
pan it hard left.

3

Next, add CM Verb to the Aux channel, 
load the Studio A preset, disable the 

dry signal by unchecking the bottom left 
box, and turn the Reverb level up to 0dB. 
Set up a 0dB send from the FunkGuitar 
channel to Aux 1, then mute and unmute 
Aux 1 to hear the difference. With the 
reverb, the guitar sounds more natural 
and is easier to listen to on headphones, 
while retaining the hard panned effect.

4
Pan the FunkPadL and R channels 
hard left and right respectively to add 

extra width to the mix, then pan FunkKeys 
to -50. We can use a mono delay on a send 
to make the keys sound less isolated, and 
balance out the mix by panning the delay 
to the opposite side of the stereo field. 
Add a new Auxiliary channel from the 
Options menu, and set the input to Bus 2 
and channel type to Mono.

5
Set Aux 2’s pan to +50 and volume to 
-24dB, and add a Tape Delay. Use a 

short delay time of 125ms to avoid 
swamping the keys, then set Wet to 100% 
and Dry to 0%. Finally, set up a 0dB send 
from the FunkKeys channel to Aux 2 – the 
mix should now sound nicely balanced 
with plenty of width, whilst retaining a 
good degree of mono compatibility.

6

Using the full stereo image when mixing is 
important for adding clarity and interest to your 
music, and there are several approaches that 
can be taken depending on the genre – and your 
own creativity! One way of approaching 
panning is to imagine that the listener is 
watching the track being performed live on 
stage. Thus, you’d place the drums and vocals 
centrally, with the other instruments panned 
according to their position on stage (see 
diagram). An exception to this rule is the bass – a 
hard panned bass part will almost certainly get 
lost in mono, so while a bass amp will normally 
appear to the right or left of the drums at a gig, 
we wouldn’t mix it this way.

 Making sure your mix works well in mono is 
vital, as shown in the previous walkthrough – 
using your DAW’s utility plugin to monitor in 
mono during the mixing process will help to 

ensure that nothing important goes missing. A 
common complaint when panning guitars is 
that they seem too quiet in mono, but a good 

way around this is to record two or more takes 
with slightly different amp settings, then layer 
them and pan them to taste. Also consider that 
you don’t need to fully hard pan guitars – a pan 
setting of 80 or 90 could be enough to give you 
the width while retaining mono compatibility.

Hard panning of mono elements can sound 
great on speakers but a bit unnatural when 
listening on headphones. A good way to fix this 
is to set up a mono reverb or delay send from 
the hard panned signal and pan it in the 
opposing direction to subtly add balance to the 
stereo image without losing the intended effect.

You can add interest to panned sounds by 
moving them around at specific points in the 
song using automation – applying panning 
sweeps to backing vocals or synth pads, for 
example, can really add some life to a mix, and 
we’ll take a look at this in the coming pages.

Setting�the�stage

Sax

DRUMS

BaSS

VOCaLS

GUiTaR 1 GUiTaR 2

KEYBOaRDS
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Here’s a typical stage layout for a band – approach your 
panning with this in mind and you won’t go far wrong



To get closer to capturing the immersive nature 
of instruments played in a space, you’ll need to 
record them in stereo. Done well, this translates 
very effectively to a two speaker system, 
delivering a broad sound field combined with 
positional information. There are many different 
techniques, delivering subtly different results, 
and the only real thing to bear in mind is that 
mono compatibility varies from one to the next.

Most stereo recording techniques work best 
using two identical, matched microphones, as 
it’s simply their positioning that influences 
things rather than differing frequency response. 
Stereo mics tend to be placed further from the 
source, so quieter (ie, less background noise) 
mics help, and condensers are a good choice.

Mics and configurations
By keeping the mic capsules close together 
(so-called coincident techniques), we can 
minimise phase cancellations, which we’ll hear 
as frequency nulls or peaks when the signals are 
combined. An XY pair is the most common 
coincident stereo miking technique. Two mics 

are pointed 45° from the sound source and 90° 
from each other. One microphone signal gets 
panned hard-left, the other hard-right.

Another coincident technique is mid/side. 
This combines one mid mic (usually a cardioid 
or omnidirectional) pointed towards the sound 
source, and a sides mic – a figure-eight pointing 
left and right. The mics are recorded to separate 
tracks and ‘decoded’ to deliver stereo (there are 
plugins that can do this for you). The centre mic 
means good mono compatibility, and blending 
between each mic adjusts the ambience mix.

Beyond this, the most common stereo 
technique is a “spaced” or AB pair. Usually this 
uses omnidirectional mics, although cardioids 
are popular too, and it delivers a wide image but 
less predictable mono compatibility. As a guide, 
the mics should be three times as far from each 
other as they are from the sound source.

For more esoteric miking techniques, check 
out the Blumlein Pair (coincident), ORTF (near 
coincident), Decca Tree (three spaced omnis), 
the dummy head, and the four-capsule 
Soundfield mic.

Typical instrument setups
Struggling to get good results when recording in stereo? Want to try a new way  
to record the same thing? Here are our suggestions for realistic stereo recording

> Drums
Although you’ll see oodles of spot 
mics on a drum kit, the overall 
‘flavour’ of the kit in its room is 
conveyed by overhead or room mics. 
For excellent mono compatibility, use 
an XY pair as overheads, up to a metre 
above the toms. Move the pair while 
monitoring the playing to get the best 
kit balance. For a wider overhead 
image, use a spaced pair of cardioid 
or omni condensers, or to tame harsh 
cymbals, figure-8 ribbon mics. If your 
room sounds good, use any of the 
listed stereo mic configurations to 
simultaneously capture the room 
sound in stereo – here’s a closeup on 
the left mic in a room pair.

Stereo recording
XY 
(top view)

Mid/side

90°

AB pair
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Any stereo miking technique is fair 
game for recording acoustic guitar, 

but here’s a new one to consider: The first 
mic is positioned much like a typical mono 
mic setup, aiming at the point where the 
neck joins the body. Ideally, use a decent 
cardioid condenser, and start off around 
20 to 30cm away. 

1
Angle the first mic towards the bass  
or treble strings to adjust the tonal 

balance. Now, for the second mic, position 
a cardioid condenser over and to the  
front of the guitarist’s strumming arm 
shoulder, aiming down at the guitar’s 
bridge and soundboard.

2
Record each mic to a separate track, 
and when it comes to mixing, pan 

them to opposite sides, adjusting the pan 
width to taste. It isn’t a conventional 
stereo technique, and you can even do it 
without a matched pair of mics, but it’s 
surprisingly effective.

3

 > Step by step   4. A simple way to record acoustic guitar in stereo 

> Piano
Recording piano is always a compromise between 
room ambience, direct sound and a balanced stereo 
image. For ballad, jazz or classical recording, start 
forward of the piano just above and away from the 
case, pointing down at the strings using a coincident 
miking technique (such as mid/side, shown above). For 
pop and rock, which is often the harder to get right, 
open the lid up fully or even remove it if possible. The 
most predictable method uses a coincident or near-
coincident pair 30cm above the strings and right in the 
middle of the keyboard. Move these nearer or further 
from the hammers to influence the tone. For upright 
piano, you have three options: mic down from the top 
with the lid open, mic the soundboard from behind, or 
remove the front panel and mic the strings.

> Percussion
Percussion instruments really benefit 
from being played in a space, so 
stereo recording makes perfect sense. 
Nevertheless, mono compatibility is 
also vital. Mid/side (shown) and other 
coincident techniques work well, and 
to retain the best timbre, start at about 
one metre distance.
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Let’s restrict the pad’s panning to the 
right side of the stereo field. Load 

A1StereoControl (free from a1audio.de) 
on the pad channel after PanCake 2, pull 
the Stereo Width down to 50%, then set 
the Pan dial to around R55. This has 
restricted the pad’s auto-panning within a 
specific area on the right of the stereo 
field, preventing it from clashing with the 
guitar while retaining movement.

5
Finally, we can add an extra layer of 
slower panning to the pad by 

automating A1StereoControl’s Pan 
amount. Draw in a ‘back-and-forth’ 
automation curve to cause this parameter 
to slowly drift between values of roughly 
R30 and R80, adding more movement 
over to the right of the mix while still 
leaving the guitar in its own space.

6

 > Step by step ��5.�Auto-panning�and�pan�automation�

Let’s use pan automation and auto-
panning plugins to liven up a static, 

centred mix. Load the Tutorial Files onto 
new audio tracks in a 120bpm project in 
any DAW. Our basic track is made up of a 
16th-note hi-hat loop, drum loop, pad, 
guitar plucks and bass guitar. 

1
First, let’s use make our fast hi-hat 
loop bounce left and right between 

the speakers. While this could be done 
with host automation, an ‘auto-panner’ 
plugin will make it far easier to execute 
fast and precise tempo-synced panning. 
Load Cableguys’ free PanCake 2 plugin 
(available from cableguys.com) on the 
hi-hat channel.

2

In its default state, PanCake 2 is being 
panned around the stereo field once 

every two bars, clocked in sync with our 
DAW’s BPM. Change the LFO Rate to 1/8. 
Alternate hats in our 16th-note pattern are 
now quickly panned left and right in time 
with the track. Change the LFO curve to 
taste – we’ve selected the preset triangle 
curve shape, but you can always draw in 
your own custom curve.

3
We’ll liven up the mono pad and add 
movement with fast auto-panning. 

Load a fresh PanCake 2 on the pad 
channel, change the Rate type to Hertz 
Synced, then set a speed of around 9.5Hz 
to induce a fast-panning ‘warble’ effect. 
This sounds good, but the pad is now 
encroaching on the guitar pluck in the 
mix, which is panned to the left.

4

Panoramic�
movement
Static panning is useful for 
positioning mix elements in a fixed 
stereo location, but sounds we hear 
from day-to-day rarely stay 
positioned in one place – either we 
move, or the sound source does. It 
makes sense that we can emulate 
this effect, or at least give a stereo 
mix panoramic depth and interest, 
by altering panning over time.

All DAWs allow you to draw in 
and/or record parameter changes 
across their timeline, meaning that 
pan position can be precisely 
nudged or broadly swept at various 
points in a song. For instance, try 
using automation to sweep a sound 
effect’s pan position from hard left 
to hard right, causing it to ‘whoosh’ 
across a mix. Alternatively, a central 
sound could be moved out to the 
left of the stereo field when a new 
mix element enters from the right, 
for example, evening out a track’s  
left/right symmetry, adding 
interest, and giving the new 
element space to do its thing.

Automatic panning tools  
– known as ‘auto-panners’ – move 
the levels of a signal’s left and right 
channels via LFO modulation.  
Basic designs feature three main 
controls: the Amount or Mix 
parameter sets the level of 
modulation, Shape defines the 
modulation waveform (usually 
basic shapes such as sine, saw or 
square), and Rate determines the 
LFO’s modulation speed, either in 
milliseconds or synced to your 
DAW’s master tempo.

More advanced auto-pan 
plugins such as Cableguys’ free 
PanCake and Xfer Records’ LFOTool 
even allow you to dial in bespoke 
modulation curves and tailor your 
panning movements. Use auto-
panning to move exciting FX or ‘ear 
candy’ elements around the stereo 
field in a regimented fashion: try 
using a tempo-synced auto-pan 
effect to move a repetitive hi-hat or 
percussion part left and right in 
time with your track. For a more 
trippy, unpredictable sound, 
dispense with the tempo sync so 
that the LFOs run free at a timing of 
your choosing, typically specificed 
in milliseconds or Hertz.
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Future Music is the mag for the latest gear and how today’s cutting-edge music makers use it. 
We’ve been making the future since 1992. Make sure that you’re part of it.



This month, we’ve shown you the foundations of 
stereo theory: the science of stereo hearing and 
sound reproduction, how panning and stereo 
mixing works, ways to pan in a mix scenario, 
plus stereo recording techniques and automatic 
panning tools. The subject of stereo goes far, far 
deeper than this, of course, and so will we, in 
Stereo Science: Part 2, only in next month’s .

We’ll dive headfirst into the minefield of mid/
side, giving you a new way to mix by affecting 
mono and stereo elements separately; you’ll 
also find out how psychoacoustic principles can 
be used for stereo effects; and we’ll look at the 
countless ways in which ‘stereoisation’ tools and 
techniques can be used to widen, enhance and 
ultimately improve your mixes. Be sure to pick 
up 226 and complete your stereo schooling!
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5 awesome autopanners

Ready for more?

Tired of twiddling the pan knobs in your DAW? It’s time to grab yourself an 
autopanner! These crafty tools take the concept way further, facilitating 
countless creative effects. Here’s five of our faves for hands-free panning

Cableguys 
PanCake 2  Free
www.cableguys.de

This free panning plugin 
works on the basic 
autopanner premise: a 
single LFO modulating pan 
amount. What makes this 
tool particularly flexible is 
Cableguys’ signature ‘draw 
your own’ ethos, allowing 
you to completely 
customise the LFO shape 
by drawing in breakpoints 
and curve shapes. As you’d 
expect, the LFO can either 
be synced to your DAW’s 
tempo, or used in ‘free-
running’ mode – we 
particularly like the metallic 
effects made possible 
when the LFO rate is 
extended into audio-rate 
speeds. Head over to the 
Cableguys website to  
get your hands on it now 
for nothing!

Audio Damage 
Panstation  $39
www.audiodamage.com

Scoring 9/10 in 168, we 
said it was “classic 
autopanning with new 
twists, and unrivalled at  
the price,” while Audio 
Damage say it’s “the only 
autopan plugin you’ll  
ever need”. Panstation 
emulates two early  
auto-panning hardware 
units – the Drawmer M500 
and Audio & Design 
PanScan – using a pair of 
LFOs to provide a 
comprehensive array of 
tempo-synced or 
un-synced panning, 
tremolo and gating tricks. 
Choose from one of five 
panning laws, 12 LFO 
shapes, and even use 
incoming audio or MIDI 
signals to trigger the effect 
at user-defined points.

Soundtoys 
PanMan  $129
www.soundtoys.com

Just like Panstation, 
PanMan takes inspiration 
from early hardware auto-
panners such as the 
PanScan to provide the 
user with a feature-packed 
set of panning possibilities. 
Modulate panning using 
simple LFO shapes, or 
design your own pan 
pattern with the Rhythm 
Step Editor. The input signal 
can be used to control 
panning, and the plugin 
also features the famous 
Soundtoys saturation 
circuits – useful if you like 
your pan effects served 
with a touch of crunch. As 
of the Soundtoys 5 bundle, 
PanMan can now be used 
as part of the Soundtoys 
Effect Rack, for even more 
modulating fun.

MeldaProduction 
MAutopan  Free
www.meldaproduction.com

Part of their 
MFreeEffectsBundle and 
MTotalBundle, 
MeldaProduction’s nifty 
auto-panner has all the 
features you need to get 
your sounds swirling from 
speaker to speaker. Create 
your own custom LFO 
shape, use the Step 
Sequencer to program 
complex patterns, and even 
mix the two waveforms 
together. Plenty of other 
features are onboard, too: 
mid/side, multi-channel, 
automatic gain 
compensation and ‘smart 
randomisation’ are just a 
few examples. Plus, check 
out MMultiBandAutopan 
for even more control over 
the panning of individual 
frequency bands.

Subsonic Labs 
Wolfram  $60
www.subsoniclabs.com

While it’s not a dedicated 
‘autopanner’ in its own 
right, you can easily use 
Wolfram’s hugely powerful 
modulation to hook up this 
kind of effect. Simply assign 
one of its modulators (one 
of two LFOs, a pattern 
generator, or envelope 
follower) to pan amount, 
generating interesting 
stereo movement and pan 
effects. Wolfram scored 
8/10 in 181, and you even 
get a customised version 
for free with this very 
magazine: Wolfram CM, in 
the  Plugins collection. 
This effect packs a punch 
with pitchshifting, 
manipulation, and plenty of 
modulators that can be 
hooked up to affect a 
signal’s stereo properties.

STEREO 
SCIENCE

pArt 2







Current 
Value

 Producer Masterclass

The king of filthy DnB shows us how to make a vicious
beat and bassline using nothing but FM synthesis!

January 2016  /  Computer musiC  /  63



Selected kit list

Known to his fans as Current Value 
(and half of experimental bass music 

duo Machinecode), Tim Eliot is the 
undisputed dark lord of dirty dancefloor 
DnB. His releases have graced legendary 
labels including Freak, Blackout Music, 
and Critical, and he’s remixed artists as 
huge as Björk and Noisia. We caught up 
with him in his Berlin studio, where he 
wowed us with an incredible masterclass 
on creating the backbone of a DnB track – 
beats and all! – using nothing but  
Ableton Live’s Operator FM synth and 
effects. Where did this fascination with 
synthesis begin?

“My first synthesiser was the Korg Poly-
800,” remembers Tim. “That was followed 
by a Roland JX-8P – quite good for acid-y 
sounds back in the day. Then I got very 
interested in samplers – the Ensoniq EPS-
16+ and the Sequential Circuits Prophet 
2000. That had the heaviest and best sound 
back then. I also had a Yamaha TQ5, and I 
created some snare drums with its FM 
synthesis. Later, I had an Akai S1000; then, 
in the late 90s, I got a PC with Cool Edit Pro.”

Shortly after that, personal computers 
became fast enough to run multiple virtual 
instruments and effects, and Tim naturally 
began to experiment with them.

“I used FL Studio, or FruityLoops, as it 
was called back in those days. The first VSTi 
synth I used was Image-Line’s Wasp. It has a 
unique sound – it’s really pretty rude! It’s 
really incredible what you can do with 
synths now, especially software synths. The 
Nord Modular, which I have here, is basically 
a computer in a box, and it allows you to do 
things that could break an analogue 

“I’m always looking for 
something to chew on,  
in terms of creating or 

recreating a sound” 

system! I really like the analogue style, 
though. Dean [Rodell, the other half of 
Machinecode] started building his own 
modular analogue system a couple of 
months ago, and I’m really, really surprised 
at what you can get out of it.”

How successfully does Tim think plugin 
developers have managed to capture that 
elusive analogue sound?

“They’ve done pretty well. Some of the 
Native Instruments stuff… they hardly fail at 
anything when it comes to sound and sound 
design. Things like Massive, FM8 – it’s 
insane. You can do a whole track using just 
one synth. You wouldn’t even be sure if it 
was an analogue synth or real snare drum!

“It’s getting even more interesting now. 
I’m using Xfer Records’ Serum a lot, and 
that’s just blown my socks off. It’s just two 
oscillators and a sub oscillator – someone 
knew well what musicians would want to do 
with it. It’s the perfect thing for me.”

Synthesising every sound from scratch 
isn’t the traditional DnB way of constructing 
tracks. What drew Tim to this approach? 

“It’s not traditional – it’s the ultimate 
challenge! I’m always looking for something 
to chew on, in terms of creating or 
recreating a sound. Give me any synth and I 
try to get the sound that I want out of it, 
even if it’s a totally new. That challenges me, 
and that’s what’s fun about it.

“Operator is a really small instrument, 
and it’s interesting for me to see what you 
can do with small synthesisers: how near 
can you get to something? And then you’re 
working harder and harder, you get to learn 
so many things. I listen to sounds, and try to 
recreate them… it’s so much fun when you 
really get far with it.”

In this exclusive video tutorial, Tim 
creates a jump-up-style DnB beat and 
bassline using FM synthesis and all manner 
of clever processing.

HARDWARE
Windows 8 PC
LH Labs Geek Out 450
Sony MDR-CD900ST
Sony MDR-CD3000
Sony MDR-Z7
HiFiMAN HE-400i
AKG K712 Pro
Fostex TH500RP
Shure SRH1440
 
SOFTWARE
Ableton Live 9
Xfer Records Serum
XLN Audio Addictive Drums 2
Native Instruments plugins

Selected kit list

64  /  Computer musiC  /  January 2016

>  make music now  /  producer masterclass

Watch Current 
Value cook up a 
DnB beat and bass 

combo from scratch using 
nothing but Ableton’s 
Operator synth and built-in 
effects! bit.ly/CValuePM

Video 
masterClass



 Dark Rain  
bit.ly/CVdarkrain
Loner  
bit.ly/CVloner

Hear more

www.currentvalue.eu

soundcloud.com/tim-e-aka-current-value

facebook.com/currentvalue

WWW

Tim begins by creating a kick drum, 
based on a triangle wave oscillator. 

He applies a short amplitude envelope and a pitch 
envelope that drops very quickly from +48 semitones 
to create a beefy ‘body’. The other oscillators are used 
to modulate the first using Operator’s default 
algorithm, where each oscillator modulates the next 
one in the chain, with only the last (D) being voiced.

05:09 08:44 16:30

21:43

28:35 30:59

23:53 24:32

The modulating oscillators’ Attack 
times are increased to prevent the 

kick sounding too harsh and noisy. EQ Eight is used to 
adjust the overall timbre, after which the signal is 
pushed through Live’s Overdrive to warm it up, and 
Frequency Shifter to alter the harmonic relationships 
within the sound.

The snare drum patch is similar to the 
kick drum, but higher-pitched and 

using a sine wave for the voiced oscillator. Oscillator A 
(the first oscillator in the algorithm) is set to a noise 
shape, but a higher modulation level creates a noisier 
overall sound. The snare is warmed up with Overdrive, 
drastically EQed and gated to tighten it up.

Supplementing the eighth-note hats, 
another hi-hat is created to play the 

16th-notes in between. This one is a bit lighter than the 
first, so its amplitude envelope attack and decay 
parameters are shorter, and the high-pass filter cutoff 
is positioned a little higher with less resonance. 

The hi-hats are much simpler to 
program than the kick and snare, 

involving just a single noise oscillator with a fast 
amplitude envelope decay. The attack is turned up 
very slightly to soften the sound up a little, then the 
signal  is high-pass-filtered to take out the lows.

The final drum kit element is a ride 
cymbal. Similar to the hats, this uses a 

voiced triangle oscillator modulated by the other 
oscillators to make the sound very noisy, but with a 
discernible pitch that gives it weight and drive. All of 
the drum sounds are run through a chain of effects to 
bring cohesion to their combined signal.

Tim’s bassline uses two Operator 
synths to create its wildly warping 

tones. The first features a triangle oscillator with a 
looped amplitude envelope synced to host tempo, 
creating a rhythmic, LFO-style movement. This is 
modulated by the other oscillators, each of which has 
its own amplitude envelope shape to give the sound 
an organic, evolving timbre.

The bass’ grungy ‘jump-up’ timbre is 
shaped by running it through 

Operator’s filter with the Shaper mode set to 4bit and 
the Drive turned up. The second bass sound is based 
on the first but uses a pitch envelope to drop in pitch, 
creating a more kick-like sound. Also, the first 
modulating oscillator is detuned, for a nastier, more 
aggressive feel. 

 > Step by step   Creating a groove in ableton Live with operator 
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Get the lowdown on Soundtoys’ essential vintage delay plugin effect

HOW TO USE…

EchoBoy
A true classic among plugin effects, 
Soundtoys’ EchoBoy first saw the light 

of day in 2006, and although it’s gone 
through a few significant changes since 
then, its clear core proposition, powerful 
functionality and fabulous sound have 
remained unchanged since day one. That 
proposition is the delivery of analogue, 
tape and digital delay emulations of all 
conceivable kinds, from Echoplexes and 
Binsons to Space Echoes, Bosses, various 
tape decks and everything in between – 
and, indeed, beyond, as EchoBoy is also 

good for chorus, flanging, distortion, 
reverb and more.

Central to EchoBoy are its four  
Echo Modes – Single, Dual, Ping Pong and  
Rhythm – which establish the fundamental 
configuration of the delays, the last being a 
full-on 16-tap option.

The second of the plugin’s two ‘layers’ is 
the Style section, where you get hands-on 
with saturation, modulation, EQ and 
diffusion to comprehensively customise the 
colour and vibe of your echoes. Or, if that 
sounds like too much hassle, you can just 

load one of the many vintage hardware-
inspired Style presets.

Compared to some delay plugins, 
EchoBoy might look relatively unassuming, 
but as we’re about to demonstrate, there’s 
much more going on in that GUI than it first 
appears. In this series of tutorials and videos, 
we’ll look at each and every one of EchoBoy’s 
controls and show off some of the crazy 
sounds you can make with it. On the way, 
we’ll also check out the new Effect Rack 
plugin included with the Soundtoys 5 bundle, 
of which EchoBoy is a member.

See it in action in video  
on your PC or Mac via 

vault.computermusic.co.uk

download
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 > Step by step ��1.�Echoboy’s�Preset�management�and�the�Compare�function�

At the top left of the EchoBoy 
interface are a menu giving free 

access to the plugin’s massive library of 
presets, and previous and next buttons for 
stepping through them. The library is split 
into instrument and effect types, with a 
Default preset for use as a starting point 
for designing your own delays, as well as a 
User folder for saving them to.

1
To save a preset of your own making, 
select Save As from the preset menu 

or click the floppy disk icon next to it.  
The Save Preset As dialog opens at the 
User folder – give your preset a name and 
click Save. If you’re tweaking an existing 
preset or the Default one, be careful with 
the Save option, as it overwrites the 
starting setup.

2
The preset menu’s Organize option 
simply opens your operating system’s 

file browser at EchoBoy’s presets folder, 
enabling you to rearrange the .toy files 
therein as you see fit. To the right of the 
Save As button, the Compare button 
lights up red when any changes are made 
to the loaded preset. Clicking it then 
toggles between the edited state and the 
preset state as initially loaded.

3

At the heart of EchoBoy are its four 
core delay Modes: Single Echo, Dual 

Echo, Ping Pong and Rhythm Delay, each 
delivering a distinct echo type and 
programmed via its own interface, with 
several controls common to all of them. 
Switch between the four using the Mode 
selector dial in the middle of the GUI.

1
Single Echo is the most 
straightforward of the Modes, its  

main interface consisting of only the 
aforementioned common controls. For all 
four Modes, the Tweak button pops out a 
panel containing various further knobs 
and menus, and in Single Echo Mode, 
these comprise Width, L/R Offset and 
Accent, which we’ll come back to shortly.

2
The central Echo Time section is 
where you establish the timing of 

Single Echo’s one delay tap – ie, the length 
of time between the input signal and the 
delayed echo. The time can be displayed 
in milliseconds (Time), straight Notes, 
Dotted and Triplet notes. To set the time, 
turn the knob, click the up/down buttons, 
or type directly into the ‘LED’ display.

3

The Echo Time parameter is 
‘analogue’ in behaviour – adjusting the 

time also adjusts the speed/pitch, and thus 
makes a great automation target for weird 
pitching effects. The Feedback knob sets 
the amount of the delay sent back into 
EchoBoy’s input, for repeating echoes. At 
high settings, the repeats pile up quickly, 
potentially causing sudden and extreme 
rises in volume, so handle with care.

4
The LowCut and HighCut knobs dial 
in filters for attenuating low and high 

frequencies in the echoes, while the Mix 
knob sets the balance between the dry 
input signal and the wet delay signal. The 
Prime Numbers switch subtly alters the 
timing of the echoes to minimise the 
amount of delay ‘stacking’ that can occur, 
particularly with short feedback delays, 
for a more ‘analogue’ feel.

5
In Single Echo Mode’s Tweak panel, 
the Width and L/R Offset knobs work 

with each other and the Style Editor’s 
Diffusion and Wobble parameters 
(covered later) to spread the delay signal 
across the stereo spectrum. The Accent 
knob boosts the volume of alternate fed 
back echoes – clockwise, it makes odd-
numbered echoes louder; anticlockwise, it 
raises even-numbered echoes.

6

 > Step by step ��2.�EchoBoy’s�Single�Echo�mode�explained�
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Ping Pong Mode ‘bounces’ echoes 
between the left and right channels, 

with the first one appearing in the left at 
the time set by the Ping section, followed 
by Pong in the right at the time set by the 
Ping section added to the time set by the 
Pong section. In order to work, Ping Pong 
Mode sums the input to mono before 
processing it.

4
Once again, the Mix, Feedback and 
filter controls work on both channels 

together. In the Ping Pong Mode Tweak 
panel, the Width and Balance parameters 
work just as they do in Dual Echo Mode, 
Width narrowing or widening the stereo 
image, Balance skewing it towards the left 
or right channel.

5

 > Step by step ��3.�Dual�Echo�and�Ping-Pong�modes�in�EchoBoy�

Dual Echo Mode doubles up on Single 
Echo with two independent delays – 

one in the left channel, one in the right. To 
that end, its main panel controls are the 
same as those of Single Echo, but with 
separate delay time controls for each 
channel – Echo 1 and Echo 2. The filters, 
and the Mix and Feedback controls affect 
both channels collectively, however.

1
In Dual Echo’s Tweak panel, the Width 
and L/R Offset knobs are the same as 

Single Echo’s, with the default position for 
Width just shy of 3 o’clock – twisted 
anticlockwise from there, the left and right 
channels progressively narrow towards 
mono. The Balance knob, when turned 
left, will raise the left signal and reduce the 
right, and vice versa.

2
The Accent 1 and Accent 2 knobs 
apply the same alternating emphasis 

as their Single Echo counterparts, but for 
the left and right echoes separately. FB 
Mix facilitates cross-feedback between 
the two channels, and FB Balance does 
the same as the Balance control but for 
the left and right feedback levels – only if 
feedback is being applied, of course.

3

While the exact timing of each echo – 
regardless of project tempo – can be set in 
milliseconds by switching the Echo Time 
controls to Time mode, in any of the three note 
modes (Note, Dot and Trip) and Rhythm Echo 
Mode’s Pattern Mode, the specified delay times 
are governed by the Tempo setting. To 
synchronise this to the host DAW, all you have 
to do is flip the MIDI switch up. With EchoBoy 
running on its own clock, though, the tempo is 
adjusted by dragging on the numeric LED 
display, typing directly into it, or clicking 
repeatedly on the tap tempo button – the time 
between clicks is continuously averaged in real 
time to determine the tempo.

The Groove knob offsets even-numbered 
delay taps to either side of their default 
position, as determined by other parameters. 
Anticlockwise settings (towards Shuffle)
progressively shift every other beat to the left, 

for a shuffled feel, clockwise settings (towards 
Swing) push them to the right for a swung feel.

The actual Feel knob, meanwhile, applies a 
straightforward offset to the entire delay 
output, pulling it ahead of the beat 

(anticlockwise towards Rushin) or pushing it 
back behind it (clockwise towards Draggin). 

In Rhythm Echo Mode, adjustments to 
Groove and Feel are reflected in the Rhythm 
Editor display.

4.�Controlling�Tempo,�Groove�and�Feel�in�EchoBoy

Push your delay 
taps progressively 
off the grid to add 
feel and groove to 
your echoes

POWER TIP

>Dub�echoes
For the classic dub-style feedback 
filter delay effect, set EchoBoy up 
on an auxiliary channel, set the 
Mix to 100% wet, crank up the 
Feedback knob in Single or Dual 
Echo Mode and send a bit of 
signal to it, then manipulate the 
delay Time, High Cut and Low Cut 
knobs to ‘play’ it, sort of like an 
intense synth pad. Send more of 
the source signal to the delay as 
required, but be warned: the 
feedback will inevitably get very, 
very loud, so make sure you’ve 
got a limiter inserted on the 
channel or master output first.
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In the Rhythm Editor, click to enter a 
tap. It’ll snap to the grid as a green line 

with its height representing volume. You 
can reposition a tap by dragging, and 
place it off the grid by holding Cmd or Alt. 
The grid’s resolution is set with Rhythm 
Grid (in the Tweak panel). This is saved 
with the preset, and can be temporarily 
changed to enter taps at different 
resolutions. Delete a tap by Alt-clicking.

4
A tap placed on beat 1 (shown as a 
yellow line) occurs at the same time as 

the arrival of the input signal, and thus 
won’t be heard unless you have Feedback 
raised. Repeats adds (clockwise) and 
removes (anticlockwise) delay taps at the 
current timing value. If you’ve entered a 
custom pattern already, Repeats ‘masks 
out’ taps above its value as it’s lowered, 
revealing them again when raised.

5
The Shape knob dials in one of five 
volume envelope shapes – selected 

via the menu below – across the echo 
pattern. Twist it clockwise for a deeper 
envelope. The Pan Shape menu offers 
preset panning progressions, including 
L-R/R-L sweeps, and a doubling mode that 
halves the maximum number of taps to 8, 
stereoises each and applies independent 
Wobble modulation to each side.

6

 > Step by step ��5.�Mastering�EchoBoy’s�powerful�Rhythm�Echo�mode�

Single, Dual and Ping Pong Modes 
give you everything you need to 

emulate pretty much any old-school 
analogue delay you can imagine in 
conjunction with the Style settings (see 
next tutorial), but when you want to really 
take control of your rhythms, Rhythm 
Echo Mode is the one to go for. This is 
EchoBoy’s full-on multi-tap delay design 
system, and it’s very powerful indeed.

1
Mix, LowCut, HighCut and Prime 
Numbers do the same as in the other 

three Modes, the last being at its most 
useful here, while the Rhythm knob sets 
the delay time in Time and Note modes, 
and Feedback controls the number of 
times the whole delay pattern repeats. 
Here, Accent adjusts the first tap in every 
group of 4 when the time parameter is 
higher than 1/8.

2
The Rhythm Editor lets you create 
custom delay patterns, freely 

positioning up to 16 echo taps on a 
timeline one to four beats long (up to 30 
seconds in Time mode), as determined by 
the Tweak panel’s Length parameter. Patt 
gives access to a library of preset patterns, 
accessible via the dropdown menu. You 
can save your own patterns into the 
library using the Save As option.

3

Newly added to the Soundtoys bundle for 
version 5 – along with the PrimalTap and  
Little AlterBoy plugins – the Effect Rack lets 
you load up to six Soundtoys effects into a 
single plugin ‘shell’.

The Effect Rack itself inserts as a plugin like 
any other, and comprises an intuitive three-
pane interface. On the right are all your 
Soundtoys plugins, arranged in a scrollable 
stack called the Gear List. To load one into  
the rack, drag it into the main “Drop Effects 
Here” section. The signal flow from input to 
output runs from top to bottom, and the 
loaded effects can be reordered by dragging 
them up and down, replaced by dragging a 
new module from the Gear List on top of the 
current one, and deleted by dragging them 
back to the Gear List.

In the rack, each plugin has its own Solo  

and Bypass toggles, as well as a button  
for calling up its preset management  
controls. Effect Rack as a whole has its own 
preset library, too, of course, packed with 
prefab setups, to which you can add your  
own constructions.

The Control Panel at the top contains an 
editable Tempo field complete with Tap  
Tempo button and buttons for switching host 
sync on (MIDI) and off (Free), alongside 
controls for Input and Output level, dry/wet 
mix and feedback (Recycle). The last of these 
determines the amount of output signal from 
the end of the chain fed back into the input at 
the start.

Automating the controls of the plugins 
loaded into Effect Rack is mercifully easy. You 
can get at the most relevant controls in your 
rack via a behind-the-scenes list of up to 128 

parameters that automatically populate as 
effects are added to the rack, and update as 
they’re reordered or removed.

6.�The�Soundtoys�5�Effect�Rack

Load up and control multiple Soundtoys plugins together
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 > Step by step ��7.�EchoBoy’s�Saturation�and�Echo�Styles�

On the right-hand side of the interface, 
the Saturation controls provide 

analogue-style distortion; the Echo Styles 
menu lets you choose from an array of 
emulated classic tape delays, stompboxes, 
etc; and the Edit panel lets you edit them 
to create your own alternatives . 

1
Also here are Input and Output 
knobs, for driving the signal into the 

delay and bringing the level back down 
again on the way out. The Saturation 
knob controls the amount of distortion 
applied to the echoes. The sound of  
that distortion is defined using the 
controls at the right-hand end of the Style 
Edit panel…

2
The Decay Sat and Out Sat knobs 
increase or decrease the saturation 

applied to echoes and the final output by 
up to +/-24dB (automatically compensated 
for at the output). Below the Saturation 
knobs, the up/down arrows and LCD are 
used to select from 16 preset distortion 
algorithms, including two types of  
tape, six types of limiter and two types  
of fuzzbox.

3

The Gain parameters attenuate or 
boost each band by -40 to +18dB. 

However, with the Feedback raised to 
generate multiple echoes, the amount of 
EQ applied as the echoes progress can be 
tailored with the Decay knobs. With Decay 
turned clockwise, the EQ accumulates 
with each echo, brightening them as they 
progress; anticlockwise, it decreases, 
darkening the sound.

5
The Style Edit panel’s EQ section 
contains High EQ and Low EQ shelving 

bands and a semi-parametric Mid EQ 
band, for shaping echoes’ frequency 
content. The corner/centre frequency of 
each band is adjusted using its Freq knob. 
The Mid band’s Resonance control boosts 
or attenuates frequencies around the  
centre frequency for a sharper or gentler 
peak or notch.

4
The Diffusion section is used to ’blur’ 
the echoes by feeding them through a 

diffusion filter, and it is especially handy 
for the creation of reverb-style effects. The 
Amount and Size knobs set the degree 
and character of the diffusion, and the 
Loop/Post switch positions the diffusion 
filter in the feedback loop (Loop), so that 
echoes become progressively diffused, or 
after it (Post).

6

Any self-respecting vintage delay 
emulation system needs LFO-based 

pitch modulation. In EchoBoy, that 
modulation comes in the form of the 
Wobble section. The amount of 
modulation applied is controlled with the 
Depth knob – fully anticlockwise turns it 
off – and the FB and Out switches apply 
the modulation to the feedback path  
and/or the whole wet signal.

7
The Wobble Rate knob raises and 
lowers the modulation speed, from 0.1 

to 50Hz, while the four shape options 
below – Sine, Square, Random Walk and 
Random S/H – set the waveshape of the 
modulation LFO. For emulating analogue 
instability, the Random options are the 
ones to go for, with Walk smoothly 
transitioning between values and S/H 
stepping abruptly from one to the next.

8
Finally, the Wobble Sync knob affects 
how much the rate and phase of 

modulation varies from echo to echo and 
between the left and right channels. At the 
centre position, every echo and both 
channels adhere to the same phase and 
rate. Turn it anticlockwise to have the rate 
vary increasingly from tap to tap and left 
to right; turn it clockwise to do the same  
to the phase. 

9
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 >Step by step  Varying the rate of chord changes in a progression to lend more feel to a piece 

Rhythm is one of the core elements of 
music theory, and we all know what the 

term describes when used in the 
conventional sense – it’s the pulse of the 
music, the beat that makes you nod your 
head or pull off killer moves to the radio while 
doing the washing up (or is that just me?).

Yet there’s another type of rhythm associated 
with any piece of music that’s kind of hidden in 
plain sight, that we’re all aware of on a 

subconscious level but that we never actually 
really think about – and that’s harmonic rhythm.

Harmonic rhythm is essentially the rate at 
which the chords change within a progression, 
and it’s just as important as the tempo of the 
piece itself for communicating musical feeling. 
Yet despite its importance, it’s not something 
people tend to pay very much attention to.

Certain styles of music tend to change chords 
more quickly than others – jazz, for instance, 

nearly always features at least one chord per 
bar, whereas plenty of EDM, new age or ambient 
tracks can stay on the same chord for 32 bars or 
more. What follows are just very simple 
examples of the basic concept of harmonic 
rhythm, but hopefully, they’ll highlight a facet of 
production that you might not necessarily have 
thought much about up to this point, giving you 
a few new ideas to experiment with and take 
forward into your own projects.

To begin looking at harmonic rhythm 
and how it applies to your average 

computer music track, we need to have  
an initial frame of reference to hang 
everything around. What we have here is a 
kick drum playing a standard 4/4 beat at 
120bpm. Each bar contains four quarter-
note kick drum beats.

1
Let’s add some chords to this as if we 
were starting to write a song. Straight 

away, we’ve come up against one of the 
most fundamental songwriting decisions: 
how long are we going to stay on each 
chord? Yet this is a question that hardly 
anybody ever actually asks themselves – 
it’s often much more of a ‘feel’ thing. Let’s 
start with eight bars of C major.

2
That might work for a ballad, say, or an 
EDM track where lots of harmonic 

and/or rhythmic interest is coming from 
an arrangement of cool synth parts and 
wild noises, but as a progression, it’s pretty 
uninspiring. Let’s add a new chord, 
switching to F major at bar 5. Now we have 
one chord every four bars.

3

It’s better, but unless there’s lots going 
on elsewhere to maintain interest, 

listeners are going to switch off pretty 
quickly. Let’s instead change chords every 
two bars. Due to the “binary” nature of 
popular music, chord changes, on a basic 
level at least, seem to work best at even 
rates – ie, every two, four or eight bars. 
We’ll try two bars each of C, F, Dm, and G.

4
Now it’s starting to sound more like a 
conventional song. This rate of change 

works well for midtempo tunes since it 
provides plenty of room to hang an 
evolving melody on. The chords change 
enough to maintain interest, but not so 
much that they obstruct or confuse an 
overlying melody. Here’s a melody idea 
that might work over these chords.

5
What would happen if we doubled the 
harmonic rhythm once more and had 

a chord change every bar? We’d end up 
with something on a par with many 
commercial releases, as this, together  
with the previous example, is a very 
commonly used rate. We keep the same  
C - F - Dm - G progression, now switching 
the chord every bar.

6

Download the accompanying 
video and the MIDI/audio files at

vault.computermusic.co.uk

download

TuTorial 
Files

Dave Clews’

Harmonic rhythm
Mix it up! Keep your tunes moving along as intended with  
this simple consideration that you may never have taken

#34
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neXt montH Dave goes deeper into how to use minor and major sevenths

Keep it balanCed
Harmonic rhythm is majorly influenced by the time 
signature and the song tempo, so balancing your 
project tempo with the harmonic rhythm can have a 
huge impact on how your song works. A slow harmonic 
rhythm will be more emphasised at slower tempos, 
making the song seem dirgy, while at increased tempos 
it could work very well. On the other hand, fast tempos 
combined with fast harmonic rhythms tend to be a bit 
overpowering, as listeners struggle to catch up.

CHange it up
Playing around with the frequency and duration of 
chords in your music not only adds variety but can also 
help differentiate the sections of a song. For instance, 
instead of creating a new progression for a chorus, you 
could just shorten or lengthen the duration of the 
chords you’re already using, thereby altering the 
harmonic rhythm and creating a whole new feel.

Pro tiPsrecommended listening

In a studio career 
spanning almost 25 
years, Dave has 
engineered, 
programmed and 
played keyboards on 
records for a string of 
artists including 
George Michael, Kylie 
Minogue, Tina Turner 
and Estelle. These 

days, in between writing articles 
for  and other magazines, he 
collaborates on occasional songs 
and videos with singer/songwriter 
Lucy Hirst, aka Polkadothaze. 
www.daveclews.com

Dave Clews

A faster harmonic rhythm increases 
the energy within a song, even when 

the melody and basic tempo remain the 
same. We can apply the same melody as 
before over these new changes, giving it a 
completely different feel. As long as the 
changes support the melody as they do 
here, the harmonic rhythm and the 
melody should work nicely together.

7
Mixed harmonic rhythm occurs when 
you introduce different rates within 

the same track, or even the same section. 
To illustrate, we’ve taken the previous 
example and replaced the repeat of the 
original C - F - Dm - G progression with an 
alternative sequence – Em - Am - F - G – in 
bars 5-8.

8
If we split the two G chords in bars 4 
and 8 into a pair of chords each half a 

bar in duration, we can use a different 
harmonic rhythm at these points to help 
drive the tune forward. We’ll make the first 
chord of the pair in bar 4 a Gsus4 that’ll 
resolve nicely to the original G major, 
while in bar 8, we’ll make the first chord of 
the pair a Dm for a similar effect.

9

Let’s take a look at a different example 
of applying mixed harmonic rhythm 

in the context of a song. In this piece, I’m 
using a synth patch that plays a full minor 
seventh chord when a single MIDI note is 
played. This Cm7 - Gm7 - Dm7 - Fm7 
section currently contains one chord 
every two bars, which would work nicely 
for a verse section, say.

10
Now we’ll add an eight-bar section 
after this to maintain the progression 

but double the harmonic rhythm, giving 
us one chord per bar. This makes a good 
bridge section – but hold on! To increase 
tension before the chorus drops, let’s bang 
on an extra couple of bars and sustain that 
final Fm7 over a total of three bars – a 
momentary variation in harmonic rhythm.

11
In with the chorus, where I’ve doubled 
the harmonic rhythm yet again, with 

two chords per bar driving the song 
further forward. Remember, the rhythm of 
the part itself has no effect on the actual 
harmonic rhythm – it’s the rate at which 
the chords change within the progression, 
not the rhythm in which they’re played 
that counts here. 

12

mason & liZZie masseY, 
SOMEONE I’M NOT
Brilliant example of mixed 
harmonic rhythm, from the 
extended single-chord intro to  
the dizzying, spectacular 2/3-per-
bar changes in the chorus.

Clean bandit Feat. 
Jess glYnne, REAL LOVE
Mostly one chord per bar here, but 
note the extended sustained 
sections which add tension, and 
extra chords halfway through the 
last bar before a section change.

bit.ly/MLMsomeone

bit.ly/CBJGreallove
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 >Step by step  Using distortion to create a multilayered sub bass 

It might not surprise you to learn that I’m 
more a fan of sub bass than big mid-range 

synth leads. I usually use a sub bass as the 
starting point for the bassline, but in terms of 
production, the sub often needs another 
element added. Adding this extra element 
both helps the sub to cut through the mix, 
and helps it to come through when played 
back on smaller systems that can’t replicate 
full-range bass sounds.

There are quite a few ways to layer a sub 
bass. We don’t have time to go through them  
all, but this tutorial covers some of the most 
important processing ideas when it comes to 
bass. A lot of wicked bass sounds can be made  
if you have a synth with different oscillators and 
effects sections to create multiple layers above 
the sub, but even when I do this, I find myself 
sending that synth to an auxiliary channel for 
further processing.

In this tutorial, I’ll be focusing on what I do 
next. These techniques can come in really 
handy for remixes, too, where you just want to 
add some spice to an already existing bassline.  
If you enjoy getting the sound of your track from 
the mixer section of your DAW, these ideas will 
come in handy in many genres of music. 
Experimenting is the name of the game – I’ve 
never used this exact chain of plugins before, 
but it worked.

with Break

In this tutorial, I’ll be making a sub 
bass sound with layers of distorted 

tone to enhance it. Create a sub bass 
sound or find a sub bass sample – I’m 
using Logic’s ES M mono synth. I’ve loaded 
up a Sawtooth wave and turned the filter 
Cutoff turned down to about 20%, which 
creates quite a low sub sound without too 
much presence in the mids.

1
Draw a MIDI note – notes between E1  
(41Hz) and A1 (55Hz) will create the best 
sub tones. I’m using an F1 note (43.6Hz).  
Notes under E1 will often be less audible 
on most speakers or club systems. I’ve left 
a gap at the end of the note I’m working 
on so we can hear the tail when adding 
some reverb to layers later in the tutorial.

2
If you use a sub sound that doesn’t 
have much mid range, sometimes it 

can still be hard to hear it on smaller 
speakers. You can give the impression of a 
deeper bass by adding harmonics using 
saturation. Even if the speakers can’t 
reproduce the lowest frequencies, we 
hear the upper harmonics and our brain 
“fills in” the missing fundamental tone.

3

Send your sub part to a bus channel. 
On this bus, we’ll create tone using 

drive and EQ. I’m adding Logic’s Overdrive 
plugin (Drive +10dB, Output -10dB) 
which will create harmonic distortion but 
without the fizzy clipping sound. Add a 
Channel EQ after the Overdrive to low- 
and high-cut the tone, focussing the 
sound between 100Hz and 250Hz.

4
Mixing this part correctly is quite 
important, as too much will overpower 

the sub. I often use small speakers that 
lack sub frequencies to hear the effect of 
bringing in this layer. Without this layer, 
almost nothing can be heard on small 
speakers! Even a low level will create the 
tone needed to make your sub audible, 
and it will also fatten it on larger systems.

5
Now we’ll try adding some distorted 
layers to the sub. Generally, adding 

this on a secondary channel or bus is 
preferable, as you’ll be able to control and 
mix the layers independently. On the 
original synth sub bass channel, create a 
send to bus 2. Here, I’m adding an Amp 
Modeller plugin, which will help to add 
tone, noise, EQ and distortion to the layer.

6
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Touted as ‘the DnB 
producer’s DnB 
producer’, Break – aka 
Charlie Bierman – has a 
discography that’s 
seen him sign tracks  
to the likes of 
Metalheadz, RAM, 
Critical and Shogun, as 
well as his own imprint, 
Symmetry. His latest 

album, Simpler Times, has just 
been released to rave reviews 
after smashing up festivals and 
clubs this summer.
www.symmetryrecordings.co.uk

Break

This doesn’t sound bad, but it could 
use some further distortion and EQ. 

I’ve added Logic’s Distortion and 
Channel EQ. Low-cut the sub out of the 
distorted layer so it doesn’t double up with 
the main sub. I usually cut out some honky 
mid-range frequencies and add a bit of 
top-end for more sizzle. But the distorted 
layer still lacks character and stereo width.

7
Adding a chorus plugin can help with 
this. I’ve used Logic’s Ensemble, which 

adds chorus with modulation and stereo 
spread. One thing to watch out for is the 
modulation rate – if it’s slow, certain points 
of your bassline may sound better at 
specific points in the modulation cycle, so 
bouncing down to audio and picking the 
best bits helps get a consistent sound.

8
Often at this stage, the click at the front 
of the sub is exaggerated by the 

distortion. Using an envelope shaper or 
transient designer plugin to fade off the 
front is useful. I’m using Logic’s Enveloper, 
on the bus rather than changing the attack 
on the original sub source (the synth). This 
trick keeps the punch of the lows while 
allowing a smooth attack on the distortion.

9

Adding reverb can bring the layer to 
life. I’ve cut the Low Frequency level 

on the reverb and increased the Density 
and Diffusion settings. Adding 
compression after this helps the tail of  
the reverb to pop out a bit after the sub 
note has ended, and it helps to glue this 
distorted layer together.

10
Now the fun part: changing any of the 
parameters in this chain will affect this 

layer without interfering with the solid sub 
part. Having your automation set to Touch 
mode can capture MIDI controller 
movements and sound more natural than 
drawing in the automation with the 
mouse. I’m going to tweak the amount of 
Drive and the bass-cut on the EQ.

11
Try tweaking settings on the original 
sub synth too – this will also affect the 

distortion send for interesting results. I’ve 
added pitchbend to the MIDI part as well. 
Bouncing some of these tweaks and then 
loading them into a sampler or compiling 
as audio will give you a selection of parts 
to chop up and mangle into a bassline for 
your song. 

12

Recommended listening

Break, Brand new
I have it on very good authority 
that the techniques used to  
create the focussed, powerful  
sub sound on this track are  
very similar to those used in  
the tutorial below!

dlr, The Grip
As well as sick synthesis, there’s 
some wicked sub distortion on 
this one, done in a very similar 
way to how I’ve shown you.  
[DLR ripped this track apart in his 
Producer Masterclass in 211.]

bit.ly/BreakBN

bit.ly/DLRthegrip

logiCal proCessors
I’ve used only Logic plugins for this tutorial, but the 
only reason was just to show you that there’s no secret 
plugin that’ll get you good distortion – it’s all about 
using your ears to get the right tone. I do always 
recommend auditioning several distortion or drive 
plugins for the track you’re working on, though, to see 
which ones suit it best. Some favourites of mine are 
Soundtoys Decapitator, URS Saturation, the Exciter 
from iZotope Ozone, and the UAD Moog filter.

avoiding Cheapness.
A lot of digital distortions can sound cheap  
when pushed too hard, so using a combination of  
more than one distortion plugin – rather than  
cranking just one to the max – can work much  
better. Adding tape emulation, chorus or reverb  
– combined with some well-placed EQ dips – can  
help keep the distortion classy.

PRo tiPs
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 >Step by step  The foolproof formula for a loud and clear mixdown 

Unless you’re new around here, you’ll 
know that I’m an advocate of LOUD, but 

not loud for the sake of it, and certainly not 
loud at the expense of class or clarity. 

What happens usually? Either everything is 
crystal clear with no power, and it’s hard to raise 
the overall level at the mastering stage (without 
destroying the delicate balance you’ve crafted); 
or, you violently compress and distort every 
sound and end up with a harsh, bloated, 

misshapen mix that somehow still sounds weak.
I’ve been through all that, but I’ve put in the 

hours and vowed to study sound physics and 
psychoacoustics so that I might hope to tackle 
these issues at least as well as the artists behind 
the best-produced records I’ve found.

I’ve discovered that with the right tactics, 
there is no trade-off – you can get your mixes as 
loud as any commercial track without relying on 
some kind of mastering miracle. The genre 

doesn’t matter – you could be producing shiny 
pop ballads or noisy neurofunk. It is possible to 
elegantly mix instruments together with clarity 
and competitive RMS levels. As much as I’d love 
to, there’s not enough space to share every 
tactic all in one go, but this time I’ll demonstrate 
the most fundamental principles behind these 
super-loud, super-clear mixdowns. Warning: 
turn down your monitors, as things are about to 
get very loud!

In this tutorial, we’ll investigate the 
physics of mixing with a view to 

developing reliable strategies for clearer, 
louder and bolder mixdowns. I’m slightly 
nervous that this premise might sound a 
bit scary, but I promise that in practice, 
these techniques are easy to apply. Here’s 
a plain sine wave sub bass loop, with no 
overtones and minimal aliasing.

1
The wave file peaks at 0dB, which 
means it’ll have to come down 

drastically in volume to make space  
for the rest of the instruments in the  
mix, right? Wrong. There’s a limiter  
on the master bus – FabFilter’s Pro-L 
(default preset) – and it lets us get away 
with murder. Watch the spectrum analyser 
(I’m using Voxengo’s free SPAN).

2
 As you’ll see, we’re able to mix in full-

spectrum pink noise (courtesy of 
MeldaProduction’s free MNoiseGenerator) 
right up to 0dB, and the sub bass barely 
loses 2dB. This is wondrous – we have full-
scale noise and a full-scale sub bass, but 
both remain close to full-scale when 
summed via the limiter. Soloing one after 
the other is a great way to compare them.

3

Although the sub bass has retained 
most of its power, it’s taken on a 

slightly different tone in our ‘mix’. What’s 
happened? The addition of the noise into 
the limiter with the sine wave has forced 
the outer edges of the waveform to flatten 
out, making the sub more square-like, 
which adds odd harmonics.

4
Both sound sources are pure mono, 
but we have the option to produce a 

pure stereo ‘side’ signal in 
MNoiseGenerator. Now the noise in the 
left channel is a mirror image of the noise 
in the right channel, but the sub remains 
identical in both. The noise will cancel out 
when summed to mono, but the sub won’t, 
so we can isolate its post-limiter output.

5
When the entire mix is collapsed to 
mono, we hear that the sub bass has 

indeed gained odd harmonics and the 
fundamental is slightly quieter. On top of 
that, there’s a crackling effect, which is the 
result of the sub bass effectively being 
modulated by the pink noise as they’re 
both squashed together under the limiter. 
It’s relatively quiet in the full mix, though.

6

with Owen Palmer
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Headroom secrets
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compression – it’s time to put your frequency analyser to good use
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As an in-demand 
dance music engineer, 
Owen’s worked with a 
slew of outstanding 
underground artists 
behind the scenes 
from his London 
studio. After years of 
meticulously studying 
what makes a great 
production tick, Owen 

has promised to share his most 
advanced and coveted techniques 
each month exclusively in . Get 
in touch with Owen about this 
month’s subject at…
cm225@owenthegeek.com

Owen Palmer

Since the modulation comes from the 
pink noise, all crackles in the sub are 

related to the movement of the noise and 
are therefore well-masked by that noise. 
Wait… I know what you’re thinking: “Owen, 
I signed up for Computer Music, not 
Computer Pink Noise!” But pink noise is 
the ideal test signal as it has equal energy 
per octave – we’ll get ‘musical’ later on.

7
So, we’ve managed to mix a loud, 
complex signal with a typical sub bass, 

using just a limiter, and without losing 
much low-end power or overall fidelity. 
The same thing happens when you blend 
musical parts together through a limiter 
with sub bass, provided the total spectrum 
of those parts is relatively even (ie, no 
humongous frequency gaps or spikes).

8
Notice what happens when we try to 
apply filters to the pink noise; too 

much high- or low-passing prevents the 
noise from masking the crackling (ie, the 
distortion). We can reverse the mid/side 
experiment from step 6 by repeating it 
with one channel’s polarity flipped on the 
master bus (before the limiter) to see how 
the sub affects the noise...

9

It turns out the pink noise doesn’t 
mind being rammed into the limiter 

by a full-scale sine wave. The only audible 
difference is a slight drop in level, since as 
distortion is incrementally driven, the 
most dominant frequencies of a sound are 
always the first frequencies to distort. Due 
to the flat frequency span of pink noise, 
there are no dominant frequencies.

10
For real-world mixes, your musical 
parts won’t be quite as flat as pink 

noise – nor should they be! – so you may 
find that pushing the sub bass up very 
loud causes obvious distortion. The 
solution is to fill the frequency spectrum 
with more sounds through the limiter. See 
my Pro Tips above for more information 
on how to pull this off successfully.

11
Let’s kill the noise and mix some 
musical parts to showcase the effect 

in action – check out my audio examples 
and video. Super-loud, easy peasy! Fair 
enough, there are no drums – that lesson’s 
for another day – but at least we’ve proved 
how easy it can be. The limiter is driven 
pretty hard, but you should always ignore 
the meters and judge with your ears. 

12

the minimalist approaCh
Understand that it’s not about the number of 
instruments driving the limiter, but more about their 
total power distribution across the whole frequency 
range. You’ll hear champions of minimalistic music 
claiming that ‘less is more’, sometimes swearing that 
fewer instruments make for louder mixes – but I don’t 
fully agree. While it’s possible to produce loud and bold 
mixes with very few instruments, the principles remain 
the same. It’s still about keeping a fairly smooth and 
broad frequency span to avoid distortion. The main 
advantage of going the minimalist route, aside from 
the uncluttered aesthetic (if that’s your thing), is that 
you have less work to do getting those instruments to 
work together cohesively. Either way, you shouldn’t be 
militant about frequency flattening, or else you’ll make 
your mix bland and uninteresting. If you go too far 
aiming for ‘perfect flatness’, the mix will lose definition 
and recede into the background.

Pro tiPs

distort what?
Distortion is ultra-sensitive to the frequency content 
of the input signal. In general, sticking an EQ before 
each stage of distortion and experimenting with 
boosting/attenuating the dominant frequency areas 
of the predistortion signal is a superb method to 
fine-tune the distortion flavour/severity. 

For a more forgiving tone of distortion, reduce 
the prominence of the most dominant frequencies. 
You can think of a limiter as a form of distortion, thus 
the same principle applies. The trick with mixing 
into a limiter (as seen in this month’s walkthrough) is 
to make sure the instruments driving the limiter 
consistently cover a wide frequency range. Of 
course there’ll be dominant frequencies, and of 
course these dominant frequencies will distort 
somewhat, but the rest of the frequencies in the mix 
will lessen the distortion effect. In this case, more 
instruments can mean less distortion.
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Perhaps the most important element of 
the drum kit in today’s music, the kick 

drum is the driving force in any dance track, 
and the rhythmic anchor of rock and pop.

Positioned on its side on the floor at the front 
right of the kit (for a right-handed drummer), the 
kick drum, also known as the bass drum, is 
usually between 20" and 24" in diameter and 14" 
or 16" deep. The drummer plays it with a pedal-
operated beater, the head of which can be made 
of felt, plastic or wood – each delivering an 
increasingly hard attack – using their lead foot, 
while the other foot controls the hi-hats. Many 
metal drummers employ two kick drums, or a 
double pedal enabling both feet to play a single 

one, giving them the ability to play the 
incredibly fast passages the genre demands.

In electronic music, kick drum sounds are 
often created using synthesis-based drum 
machines, or composited from a mix of samples 
and/or synthesised parts – one for the attack, 
another for the decay, for example. Indeed, there 
are a few ‘kick drum design’ plugins on the 
market now dedicated entirely to doing exactly 
that, the two best known being Sonic Academy’s 
KICK and Plugin Boutique’s BigKick.

In this tutorial, I’ll walk you through the  
basics of kick drum programming for  
electronic and ‘live’ tracks using both sampled 
and synthesised sounds.

Having 
previously 
served as Editor 
of drummer’s 
bible Rhythm as 
well as 
Computer 
Music, Ronan is 
clearly the right 
man for this 

particular gig. He’s been playing drums 
for over 30 years and making music 
with computers since the 90s. 

Ronan Macdonald

with Ronan Macdonald

 >Step by step � Getting programmed kick drums right in software 

Here’s the electronic kick drum at its 
most basic and primal, hammering 

out a solid, relentless four-to-the-floor 
pattern, as heard in EDM, house, techno 
and all their many sub-genres. Simply 
place a hit on every beat of the bar at full 
velocity, throw in a backbeat snare and an 
offbeat hi-hat, and Bob’s your dancefloor.

1
Emulating the kick drum of an 
acoustic drum kit, as played by a live 

drummer, requires a far more nuanced, 
considered approach than simply nailing a 
four-square beat. As a general rule, a real 
drummer will follow the bassline with the 
kick drum, the idea being to reinforce the 
former’s most important notes, rather 
than simply double up the whole part.

2
We’ve looked at ghost notes a few 
times in this series in reference to the 

snare drum, but they’re also relevant to 
the kick. Whereas snare ghost notes can 
be placed anywhere in a pattern to add 
momentum to a groove, kick ghost  
notes almost always lead directly into a 
main, full-strength hit, rather than 
occurring in isolation.

3

With a conventional single pedal, most 
drummers can only play two kick 

drum notes in rapid succession, so bear 
that in mind when programming fast 
patterns. If in doubt, tap your lead foot 
along with the part – if you can’t 
accurately keep up without a pedal, then 
chances are it can’t be played with one.

4
Add in a second bass drum, though, 
and there’s no real limit to the pace of 

your kick patterns. I covered double kicks 
in 219, but in summary, separate left 
and right kick drum samples sound more 
‘human’ than the same one doubled up, 
but the same sample can be preferable if 
you want a super-tight, mechanical feel.

5
In DnB, hip-hop and other dance and 
electronic styles, the kick drum is 

frequently extended to serve almost as a 
bassline in its own right. For a classic sub 
bass kick, take a sine-based sound, and 
raise its decay or sustain until the tail 
becomes effectively a ‘note’ that can be 
pitched up and down to fit the track. 

6
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Birgir Þórarinsson, engineer with the chilled 
Icelandic collective, talks Logic, modular 
manipulation and befuddling his brain.  
He reckons it keeps the music interesting!

  GUSGUS

Does where you live affect the music you 
make? It’s a question that Birgir 

Þórarinsson (or Thorarinsson), one of the 
founding members of Icelandic collective 
GusGus has asked himself many times. 

“I’ve always said that nature should not affect 
what happens in the studio,” says Þórarinsson, 
“but I don’t think that’s possible. Subconsciously, 
I guess that everything in your life affects the 
music you make: your experiences, the people 
you know, your memories and, yes, the place 
you live.”

Indeed, listening to a GusGus track like 
Airwaves – its chilled, reverb-heavy grooves 
sitting somewhere between deep house, trance  
and a sort of poppy techno – from last year’s 
Mexico album, it’s not hard to imagine the ever-
shifting aurora borealis floating across the 
Reykjavík skies.

“People always tell me that our music is 
perfect for driving across Iceland,” he adds, “but 
please don’t ask me to explain why. I’ll never 
know the answer to that question.”

When we call GusGus a collective, we do 
mean ‘a collective’. To date, there have been ten 

different line-ups, with up to 13 members, and 
Þórarinsson has been the only constant. 
Alongside nine albums since 1995, they’ve 
remixed the likes of Depeche Mode, Björk and 
Sigur Rós, and you may have also seen 
Þórarinsson’s name on John Grant’s acclaimed 
album Pale Green Ghosts – Grant and 
Þórarinsson recorded the album in Iceland.

Computer Music: Grant is just one name in  
a long list of artists that have soaked up 
Iceland’s otherworldly vibe. Blur, Killing Joke, 
Jon Hopkins, The xx, Yann Tiersen, Tunng’s 
Mike Lindsay and folky Damien Rice have all 
recorded there.
Birgir Þórarinsson: “These days, there’s a 
fantastic music scene in Iceland, but it hasn’t 
always been like that. Back in the 70s and 80s, 
Iceland was always a couple of years behind 
somewhere like Britain or America. Punk didn’t 
get here until 1979; the rave scene of the 80s 
was a very small underground movement. Even 
after the Sugarcubes had their international 
success, it was still very difficult for musicians in 
Iceland to make a living.

“I played in bands from when I was a 
teenager, but I never expected anyone but my 
friends would ever hear my music. Even after  
we put the first GusGus album together, I still 
wasn’t dreaming of being a professional 
musician. I just thought, ‘OK, making this record 
is fun, but as soon as we’ve finished, I’ll go  
back to my normal life.’ We had no career plan, 
simply because we didn’t think we would have  
a career. 

“One day we got a call from 4AD records in 
London, and they said they were interested in 
releasing our album. Wow! We couldn’t believe 
that someone in London had even heard  
of us.”

: How easy was it to get hold of decent 
studio gear in those pre-eBay/Amazon days? 
BÞ: “[Laughs] You know something… I managed 
to pick up a Juno 2, a TR-505, an SH-101. Then, 
one of my friends told me about this old 
composer guy who lived on the other side of the 
city; apparently, he had some sort of synth that 
he’d bought in 1972. I didn’t know what it was, 
but I knew it was analogue. When I got there,  



©
 A

ri
 M

ag
g

84  /  Computer musiC  /  January 2016

>  interview  /  gusgus

I said, ‘Do you use this?’ ‘No!’ ‘Can I try it? If I like 
it, I’ll buy it.’ ‘Sure.’ It was an ARP 2600! This guy 
didn’t get in touch with me for about ten years. 
He rang up one day and said, ‘Hey, are you the 
one who took my synth? Maybe you should give 
me some money!’ Oh, and I also got an 808, a 
Yamaha CS-30, an E-MU sampler and, eventually, 
a Juno-106.”

: Bloody hell! Not bad for a starter setup! 
BÞ: “At first, I was sequencing from the 505 – I 
could mute some of the percussion sounds and 
send out simple MIDI patterns – then we got the 
Alesis MMT-8.”

: No computer? 
BÞ: “Not at first, but then I bought a small PC and 
was using Master Tracks Pro, running on 
Windows 3.1. That’s what we made the first 
album on – all synced to tape for the vocals and 
recorded to tape for the final mix. Recording the 
vocals to tape became a pain in the ass, so I 
started to record them to DAT and then put 
them into the sampler.

“The computer was part of the setup, but it 
was simply a sequencing tool. The idea of 
recording something on the computer was just… 
that was sci-fi dreaming. Looking back today, it 

seems crazy, but we actually used that setup 
until 2003, when we moved to Logic.”

: Did the move to Logic make a big 
difference in the studio? 
BÞ: “One of the biggest changes for me was that 
I eventually had to move to a Mac. I don’t know 
why, but I was very loyal to the PC, and it was a 
difficult decision to make that switch. I didn’t 
want to lose Logic, though, because I knew it 
was the program for me.

“Maybe because I’d grown up with analogue 
synths, the move to Logic wasn’t so much about 
opening up the world of software synths and 
plugins… I saw it as this incredible recording 
tool. I could record the same chord played by 
loads of different patches on the Juno-106, 

“I get the creativity of  
modular, and Logic allows  
me to pull it all together”

The current 2014 GusGus line-up (left to right,  
Högni Egilsson, Birgir and Daníel Ágúst Haraldsson)

Birgir’s monitor-heavy computer workstation juxtaposes his enviable collection of hardware synths

process each one separately, add them together 
and make these huge soundscapes.”

: You don’t use any soft synths at all? 
BÞ: “Yes, of course, but they’re often my second 
choice. I sometimes listen to a new EDM track 
coming out of America and think, ‘That is some 
crazy, weird stuff they’re doing with the synth. It 
sounds so cool and awesome’. Then, I turn on 
the ARP or the Juno and smile to myself. It just 
sounds bigger and… analogue definitely sounds 
cooler, especially when you start stacking 
different sounds together.

“I have impOSCar in the studio, but that 
mostly gets used for demos; I usually replace it 
in the final track. Hang on… it did make it onto 
the last album. I’ve also got the Arturia analogue 
pack and mainly use the CS-80V and Jupiter-8V. 
I’m very interested in having a proper listen to 
more of the stuff from Arturia. Maybe this will be 
the time I finally move into the future!”

: It’ll be interesting to hear what you’ve got 
to say about the Arturia goodies. Surely, 
you’ll appreciate the added automation? 
BÞ: “But with Logic, you get a sort of automation 
anyway. If I record the Juno or the ARP in Logic, I 
can mess around with the audio as much as  
I want. One effect I used a lot on the John Grant 
album was taking a mono feed from the 106, 
feeding it to two Doepfer Wasp filters, adding  
an LFO to one side and the same LFO inverted  
to the other side – when the left is rising, the 
right is falling. I sometimes record two takes, 
one with the Wasps as low-pass filters and 
another with the Wasps as band-pass filters. 
When you listen to it, your brain is confused… 
you start asking yourself, ‘What is that?’ For me, 
that’s one of the most important aspects of 
making music; taking people by surprise and 
making them think.

“I know that some people have been totally 
consumed by the modular world. It all gets very 
nerdy because they shift over to a complete 
modular setup and even refuse to use a 
computer – they only use sequences created in 
Doepfer. I think that’s just too nerdy for me.

“Modular has certainly opened up a whole 
new sound universe; sounds that I can’t create 
with my analogue synths or soft synths. You can 
start adding really strange overtones and 
harmonics, so that even the simplest melody 
becomes much more complex and interesting. 
There’s a track of ours called Thin Ice, and the 
bassline is very, very basic – just three notes. The 
Doepfer turns those three notes into a much 
stronger bassline; one that pulls you along all 
the way through the song.

“But just because a modular system allows 
you to do crazy things, it doesn’t mean I’m going 
to forget everything else in the studio. With my 
system, I get huge, multi-stacked analogue 
sounds; I get the creativity of modular, and Logic 
allows me to pull it all together.”
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: You’ve got a 505 and an 808… 
BÞ: “And a 909.”

: Can we take it you’re a fan of analogue 
drums, too? 
BÞ: “Most of our drums are analogue, but they 
don’t come from drum machines. A few years 
ago, we were asked to do a remix of a track by 
Björk called Hunter. I’d just bought my first bits 
of Doepfer, and I made the crazy decision that 
we would only use sounds from the Doepfer for 
this project.

“At the time, I thought this would be very 
cool, but then I realised that I didn’t actually 
have any sounds at all, so I spent several days 
creating around 200 kicks, hats, snares, FX 
noises, leads, bleeps and bloops, and loaded 
them into the EXS sampler. It was hard work, but 
I was so proud that the remix had its own very 
special set of sounds.

“The drums sounded great, so I continued  
to play around with the modular system and, 
these days, most of our drums come from the 
samples I’ve created. Please don’t think I’m 
trying to be an analogue nerd, here – Logic is 
central to the way GusGus works… we’re not 
anti-digital.”

: Is all the production/mixing done  
inside Logic? 
BÞ: “In the past, we did send the albums away 
for the final mix/master, but I ended up finishing 
the last album myself. Although I was happy 
with the results, I cannot say I was happy to do 
the mastering. Sometimes, you’re just too close 
to the music.

“To be honest, I try not to mess with the 
music too much at the mixing stage. I prefer  
to get all the levels, the compression and the 
EQing done during the recording. Everything 
goes through the SSL E-Series channel strip  
with a bit of Distressor, except the vocals; I’ve 
got a hardware and a UAD LA-2A, which just 
seems to work so well as a carpet for the  
vocals. All I need to do is add a touch of UAD 
Precision De-Esser.

“Although I do use the UADs a lot, there’s 
something that keeps pulling me back to 
hardware. Let’s take EQ… there’s the Harrison 
and Trident A-Range, but if I was rich enough, I 
would definitely buy the hardware versions. And 
I could never stop using my Neumann W495B.

“My main reverb is a Lexicon PCM70, and  
my main delay is a TC Electronic TC 2290. Sure, 
they’re both incredible-sounding machines, but 

“I know that some people have been 
totally  consumed by the modular 
world. It all gets very nerdy”

HARDWARE

Doepfer A-100 
ARP 2600 
Yamaha CS-30 
Arturia MiniBrute 
Korg MS-10

Roland Juno-106 
Roland Alpha Juno 2 
Roland JX-8P,  
Roland Super JX-10 
Roland MKS-30 
Roland SH-101 
Roland TR-808 
Roland TR-909

SOFTWARE

Logic Pro 9

Arturia Jupiter-8V 
Arturia CS-80V 
GForce impOSCar 
Brainworx plugins 
FabFilter plugins

UAD Plugins: 
Harrison 32C/SE  
Fairchild 670  
SSL E Series 
Shadow Hills 
Precision Limiter

Kit list



“My live setup hasn’t really changed that 
much since the early 90s, before the  
days of GusGus. Songs are broken down 
into a series of loops, triggered by a 
sequencer of some kind, mixed in a real 
mixing desk with just a few effects.  
Because the elements of the song are  
loops, the songs become open-ended…  
if we want to make the intro last ten 
minutes, we can.

“I’ve experimented with using a 
computer on stage, but that seems to 
create so many problems… and computers 
don’t always like the live situation; they’re 
too shaky. At the moment, all the samples 

are running from an MPC2500, with all  
the musical ingredients available as  
endless loops. They get controlled by a 
Mackie 1604 with the help of a couple of 
reverbs and delays, a Korg Kaoss Pad  
and a few Doepfer modules. 

“I’m sure people will read this and say, 
‘Go in the box and you’ll have a much 
simpler setup’, but I’ve been using this for 
so long that it would be very difficult for me 
to change. I know where everything is on  
the Mackie, like a guitarist knows where  
the notes are on his fretboard. If I changed 
my setup, it would be like forgetting how to 
play my instrument!”

Taking it on the road
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why do I keep using them when there are great-
sounding reverbs and delays inside Logic?”

: Especially as you seem to play around 
with reverb and delay so much. Listening to 
GusGus on headphones, you can hear all sorts 
of weird, off-kilter reverb/delay rhythms and 
crazy panning happening.
BÞ: “Ah, you noticed that. Great. It’s all about 
trying to confuse the brain. Most delay effects 
involve some sort of stereo crossfade, but it 
doesn’t take the brain long to figure out what’s 
going on. I like to keep the delay in mono and 
control the panning… let the panning fit with the 
music, instead of just staying on a set course. If 
you add a random element to the music, it keeps 
the brain interested, because the brain can’t 
work out what’s going on.

“I try and do something similar with the 
reverbs, too. Instead of putting reverb on the 
vocals, why not put a bit of delay on the vocals 

and put the reverb on the delay, then put 
distortion on the reverb but not the delay. You 
have this really weird, messed-up effect, but the 
vocal is still nice and clean. Your brain starts 
wondering where the weird reverb tail is 
actually coming from.

“I love to hear a wonderful clean voice, 
unaffected by all the stuff going on around it. 

When I was working on the John Grant album, 
we were putting together a track called Glacier. 
It’s a very big, powerful, symphonic track, but 
even though there’s a lot of ‘music’ on there, the 
most important thing was the vocal – we had to 
fit everything around the voice because it had 
the perfect attitude for that song. 

“There are a lot of effects on that song – I was 
experimenting with tremolo delay, feeding 
echoes into echoes, but treating each side of the 
stereo in a different way – but the voice was so 
perfect that I didn’t really want to mess with it. 
The mix was all about getting these different 
elements to fit together without trying to make 
them sound the same.

“If I was working completely inside the  
box, these sorts of effects and experiments 
would be so much easier. [Laughs] My life  
would be easier!”

: Do you think there’s a little bit of your 
character that likes to make things difficult 
for yourself in the studio? 
BÞ: “[Laughs] You’ve discovered my secret! 
Making music isn’t meant to be easy; it’s about 
making life hard for yourself. You have to sweat 
in the studio. If you have to spend two days 
looking for the right bass sound, it becomes far 
more precious to you than something you found 
on a preset that was designed by somebody 
you’ve never met.

“OK, I’ll admit that the hard work doesn’t 
always pay off. Sometimes, you can spend hours 
working on something and, at the end of it all, 
you listen to the results and say, ‘Damn! That’s a 
load of rubbish. I’ve just lost a whole day for 
nothing… time that I’ll never get back’. But that’s 
fine. It’s all part of the joy and the sadness of 
making music.

“If you’re an explorer, you’ll have many days 
where you won’t find anything at all, but you still 
need to keep on exploring. Failure is part of life; 
if you want to do something creative, you have 
to confront it. If you’re afraid to fail, you’ll end up 
doing nothing.” 

GusGus’ latest album, Mexico, is out now. Hear it 
and buy it along with 2011’s Arabian Horse on the 
Kompakt website.
www.kompakt.fm

“Making music isn’t 
meant to be easy; it’s 
about making life hard 
for yourself. You have 
to sweat in the studio”

www.gusgus.com

soundcloud.com/gusgus

twitter.com/gusgusofficial

www.facebook.com/gusgusofficial

Crossfade 
bit.ly/GGcrossfade
Airwaves 
bit.ly/GGairwaves
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Our promise
We bring you honest, unbiased 
appraisals of the latest computer 
music products. Our experts apply 
the same stringent testing methods 
to all gear, no matter how much 
hype or expectation surrounds it.

1-4    A seriously flawed product 
that should be avoided

5    This product’s problems 
outweigh its merits

6    A decent product that’s only 
held back by a few flaws

7   Solid. Well worth considering

8   Very good. A well-conceived 
and executed product 

9   Excellent. First-rate and 
among the best you can buy

10   Exceptional. It just doesn’t get 
any better than this!

What the  
ratings mean

Awarded to products  
that challenge existing 
ideas and do something 
entirely new

If the product  
exceeds expectations  
for its price, it will  
receive this gong

In the opinion of the 
Editor, the best product 
reviewed in the 
magazine this month

A product has to really 
impress us with its 
functionality and  
features to win this one 

90  NATIVE INSTRUMENTS
 REAKTOR 6

How do you improve upon a limitless 
modular environment? It’s taken  
ten years, but it’s time to find out
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See and hear the latest 
software in action in our 
‘2 Minutes With…’ videos! 

Wherever you see the icon, head 
straight to your  DVD, the Vault 
download area, or our YouTube 
channel for a rapid-fire showcase 
of that product’s essential features 
and sonic capabilities.
youtube.com/computermusicmag

The latest computer music gear tested and rated!



In our review of Reaktor 5 (9/10, 88) we 
lamented the speed with which it had arrived 

after the similarly feature-packed Reaktor 4. It 
turns out you really do need to be careful what 
you wish for, because Reaktor 6 has taken ten 
long, long years to come to fruition. Has it been 
worth the wait?

For the uninitiated, Reaktor is a modular 
audio generation and processing environment 
with a graphical interface that can be run 
standalone or as an instrument or effect plugin 
(VST/AU/AAX). You can use it to make everything 
from basic effects and synths to full-on 
sequencers and grooveboxes.

Traditionally, Reaktor’s programming is 
mostly done at the Primary level, which involves 
connecting basic modules such as oscillators, 
filters, delays and mathematical functions to 
build devices. Things can get complicated very 
quickly at the module level, so groups of 
modules can be bundled into macros, which are 

then wired together. The complete devices 
created with modules and macros are saved as 
Instruments, and multiple Instruments can be 
racked together to form Ensembles, which is 
where Reaktor’s structural hierarchy tops out.

Block head
Reaktor 5’s Core enhancement gave users the 
ability to edit modules and even build them 
from scratch – the feature hardcore users keen 
to make their own individual-sounding 

   Native Instruments
 Reaktor 6  £169
A full decade after the release of version 5, NI’s absurdly powerful 
modular DSP environment is back, this time with a new ace up its sleeve

“The main thing that 
Reaktor 6 adds to the 
mix is the modular 
hardware-like Blocks”

Side Pane
For browsing  
files and  
Reaktor content

BReadcRumBS
Shows where  
you are in the 
current ensemble

StRuctuRe view
Shows how modules and 
macros are wired up 
inside the ensemble

Panel view
displays the 
ensemble’s front-
end interface

wiReS
connect Reaktor’s 
modules, macros 
and instruments

SnaPShot
Save and load 
ensemble states here

liBRaRy
Folders full of 
core, Primary 
and Blocks 
components

GloBal SettinGS
cPu usage, midi and oSc 
activity, and audio engine 
status are displayed here

FoldeR 
contentS
drag 
components 
from here to 
the Structure 
view to create 
instruments 
and effects

comPonentS
modules, 
macros and 
instruments 
are the basic 
building blocks 
you’ll use to 
create your  
own ensembles

oscillators and filters had been waiting for. The 
main thing that Reaktor 6 adds to the mix is the 
modular hardware-like Blocks. These aren’t a 
new hierarchy strata like Core was; rather, 
they’re an Instrument specification – a sort of 
equivalent of Doepfer’s A-100 (more commonly 
known as Eurorack) hardware spec. NI certainly 
haven’t gone out of their way to make it clear 
what Blocks actually are, nor that they’re only 
capable of delivering monophonic results 
thanks to Reaktor’s current inability to send 
polyphonic information between Instruments. 
Perhaps unsurprisingly, their focus has been on 
explaining how Blocks make Reaktor 6 akin to 
having a enormous modular analogue synth in 
your laptop – more on that later.

Virtual insanity
If you’re familiar with Reaktor, getting to grips 
with Blocks isn’t too tricky. They work just like 
regular instruments, patched up in Reaktor’s 
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Structure view just like everything else in the 
software. It feels like NI have missed a trick in 
terms of potentially making Reaktor more 
accessible to casual synthesists, though – the 
addition of virtual cables in the Panel view 
(where the final Instrument interface is 
displayed) would have made everything much 
more immediate and user-friendly. While new 
users will likely find the learning curve steep 
(there’s no walkthrough in the Blocks manual, 
although NI’s well-hidden Reaktor Community 
Learning Resources page has some helpful 
videos), it’s easy enough to start making your 
own Instruments once you’ve got the hang of 
patching Blocks together in the Structure view.

Part of the Blocks specification is that they 
use audio rather than control signals for all input 
and output, giving total freedom when it comes 
to signal routing between them, much like u-he’s 
ACE and Bazille synths. What’s more, with a 
CV-capable interface (such as Expert Sleepers’ 
ES-6 or MOTU’s 828 MkII), it’s even possible to 
use Reaktor in conjunction with your hardware 
Eurorack system! Combining hardware and 
software modular systems like this will be worth 
the price of admission alone for modular 
enthusiasts – but what’s in it for the rest of us?

Glory box
Out of the box, you get 30 prefabricated Blocks 
divided into eight folders. The first of these 
folders is Bento Box, which features nine 
general-purpose components: Osc, SVF, VCA, 
Mix, Env, LFO, S&H, 8 Steps and CVP. These are 
all self-explanatory apart from the Control 
Voltage Processor, which is a signal shaping tool 
with Level, Offset and Slew controls, plus Linear/
Exponential and Rectification/Clipping shaping 
settings – perfect for making modulators more 
expressive and introducing richer harmonics to 
voiced signals.

Some of the other folders feature specific 
elements culled from NI’s catalogue: specifically, 
the filter, envelope and oscillator from their 
Monark Minimoog emulation, the delay and 
reverb from Rounds, and the awesome Driver 
distortion/filter.

The remaining folders are Boutique (two 
oscillators and a filter based on unspecified 
classic synth hardware), Modern (comb and 

smooth low-pass filters), Digilog (a couple of 
sequencing tools), and Util (eight utilities – 
mixing, metering and CV processing tools). 

The various oscillators and filters sound 
utterly fantastic, and if you’re after analogue-
style sounds in your DAW, Reaktor 6 is among 
the best – very possibly the best – we’ve heard to 
date, with unmatchable flexibility. What’s more, 
the supplied Blocks (plus nine ensembles 
fashioned from them) are just the tip of the 
iceberg, as NI provide templates for creating 
your own Blocks, which can be shared in the 
Reaktor User Library. The potential here is 
staggering, and we can’t wait to see what the 
Reaktor community will come up with.

Reaktor 6 is a phenomenal update that 
improves on NI’s already amazing software  
in practically every area, from the Table 
Framework-enhanced fundamentals to the 
re-organised library, smart visuals, and, of 
course, the incredibly exciting Blocks. Back inn 
our Reaktor 5 review, we noted that its £380 RRP 
could intimidate the newcomer, but at the 
ridiculously reasonable 2015 price of £169, 
Reaktor 6 is a must-buy for any self-respecting 
computer musician who’s able to negotiate a bit 
of a learning curve. 

 Web   www.native-instruments.com
 Info   Upgrade from Reaktor 2-5, £89

Verdict
 For   State-of-the-art analogue sounds
The most accessible Reaktor yet
Lots of Blocks to play with
Eurorack compatibility
Outstanding value

 Against   Predictably high CPU usage
Blocks are essentially monophonic

Version 6 of Reaktor finally realises the 

series’ potential as a practical way to make 

your own instruments and effects

10/10

Alternatively
u-he Bazille

212 » 10/10 » $155
A semimodular synth offering 
quick and creative patching rather 
than a full-on modular environment 

KarmaFX Synth Modular
134 » 9/10 » €92

Reaktor’s long-time rival is a 
modular synthesiser with a bargain 
price, and it’s relatively easy to use

As well as those big, beautiful Blocks, 
Reaktor 6 has some other new features. 
The most of obvious of them is the 
smartly redesigned interface. Wires 
now change colour depending on their 
signal type – a cool and helpful touch.

Reaktor’s Primary and Core macro 
libraries have has been reorganised 
with new categories and a new folder 
structure, while the Core macros have 
been rewritten to improve their sound 
quality and CPU usage. The library now 
also includes new anti-aliased 
oscillators, ZDF filters, envelopes, LFOs, 
effects and sampler macros, all of 
which make use of the another nifty 
addition to Reaktor 6: the Table 
Framework. Table References are a 
new signal type that allows for 

referencing of a two-dimensional data 
array anywhere in a structure, for 
sharing data between Core Cells. The 
ability to use two-dimensional data 
arrays (ie, stereo audio data) so flexibly 
makes the Table Framework great 
news for those who work with samples: 
you can now store audio data in 
Snapshots, and drag and drop samples 
onto Instrument and Ensemble Panels, 
for example, making it easier to create 
bespoke sampler-based instruments.

The last two improvements relate to 
moving data between levels: bundled 
wires work like multicore cables, 
making routing lots of data between 
levels more elegant; and scope buses 
allow ‘wireless’ connectivity between 
structure levels. Tidy!

Never mind the Blocks

Reaktor 6’s Blocks look good, but  
more importantly, they sound incredible

Colour-coded wires now make it easier to work out what’s going on inside Instruments and macros

“Out of the box, you 
get 30 prefabricated 
Blocks divided  
into eight folders”
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Every version of iZotope’s RX so far, since its 
debut as an ahead-of-its-time audio repair 

and restoration package in 2007, has impressed 
us. Today, RX is a full-blown, plugin-hosting, 
multi-tabbed audio editor – still specialising in 
rescuing and enhancing audio, and still 
indisputably leading the pack.

Similar to iZotope’s equally acclaimed Ozone 
mastering suite, RX 5 centres on a standalone 
application that plays host to a range of 
restoration modules (De-Noise, De-Click, 
De-Hum, Spectral Repair, etc), most of which are 
also included as individual plugins (VST/AU/
RTAS/AAX). The software comes in two flavours: 
RX 5 and RX 5 Advanced, the latter including 
extra modules but costing significantly more.

RX’s most prominent feature is the large 
spectrogram editor, using contoured colours to 
represent frequency and amplitude over time. 
This alternative to the standard waveform view – 
which is also included – allows for a very 
instinctive audio ‘Photoshopping’ experience, 
complete with range, paint brush and lasso 
tools. This type of editing is ideal for selecting 
distinct frequency areas for processing  
– isolating ringing overtones in a snare, for 
example, or the body of a vocal recording.

The new Instant Process tool lets you apply a 
predetermined function with a single click. For 
example, if you have Instant Process set to the 
Attenuate, anywhere you click using the familiar 

selection tools will instantly apply the current 
Attenuate settings from the Spectral Repair 
module. This means you no longer need to keep 
the module on screen, saving a lot of mousing 
for the process button after each selection.

Chain gang
The Module Chain tool is another delicious 
workflow asset that lets you configure a chain of 
modules (including third-party plugins) to be 
triggered as a one-click process. Modules can be 
easily rearranged, added or removed, and you’re 
free to use multiple instances of the same 
module, each configured independently of the 
others. This is particularly helpful for anyone 
who’s developed their own set of regularly used 
processing sequences, as now you can save 
them as Module Chain presets (20 are included 
to get you started).

Speaking of presets, there’s been a general 
overhaul of them for some of the modules. Most 
notably, the Advanced edition gets the addition 
of presets for its Ambience Match and EQ Match 
modules – more great time savers.

The previous six-band Equalizer module has 
been upgraded to the eight-band Corrective EQ 
module, also kitted out with a selection of new 
presets and featuring even more detailed shape 
controls for crafting surgical EQ curves.

The updated Markers and Regions allow you 
to annotate audio in an RX document, then 

search those annotations in order to navigate 
large editing jobs. And finally, the visuals 
throughout, including font rendering, have been 
tweaked: everything is smoother and easier on 
the eye, with full support for Retina displays.

RX 5 makes for another very strong update 
that should appeal to existing users for its 
workflow refinements alone. Those completely 
new to the software, meanwhile, won’t believe 
the things it can do. Sure, it may not be the ideal 
audio editor for entry-level producers, but 
anyone working with less-than-ideal recordings 
will want to give it some serious consideration 
for its abilities in that area alone. 

 Web   www.timespace.com

  iZotope
 RX 5  £239/£815
At this rate of progress, we’re starting to wonder how long iZotope can 
keep the meaningful updates coming! Here’s yet another belter…

Verdict
 For   Awesome Module Chain
Retina support; easier on the eyes
Markers and region search
One-click Instant Process tool

 Against   No built-in audio browser
Clip Gain only operates on full spectrum
Can’t preview selection for processing

RX was already the market leader in audio 

restoration and editing, and v5 fortifies 

that position. We’d score it 11 if we could

10/10

Alternatively
Sony SpectraLayers Pro 3
N/A » N/A » £266
Spectral editing, audio repair and 
pitch correction, interoperable with 
Sound Forge

Adobe Audition CC
N/A » N/A » £18/month
Well-established audio editor  
with spectral editing that works  
in a similar way to RX

The big new feature in RX 5’s pricier 
Advanced edition is the De-Plosive module. 
Plosives are those ‘thuds’ that can occur 
when too much air hits the microphone too 
fast, usually following a word involving the 
letter P or B, such as ‘Pow’. Previous versions 
of RX were already good at dealing with 
plosives using Spectral Repair, but this 
dedicated module is tuned to specifically 
detect them for removal – another time saver, 
delivering utterly convincing results.

There’s more good news for those working  
with vocals, as the Leveler module has been 
expanded to include sibilance and breath 
detection, and is now split into two  
modes: one for music and one for the  
human voice (Dialogue), each with its  
own tailored algorithm.

Lastly, the new Signal Generator can 
generate silence, various noise profiles, and 
oscillator tones that can be rendered ‘naive’ 
or with configurable anti-aliasing.

Advanced features

2         MINUTES

  WITH…

VIDEO

92  /  ComputeR musiC  /  January 2016

>  reviews  /  izotope rx 5





Carbon Electra (AU/VST) is a new subtractive 
synth plugin from Plugin Boutique, and with 

our reviews of their previous instruments – Big 
Kick (9/10, 205) and VirtualCZ (8/10, 214) – 
being positively upbeat, expectations are high.

Operated via a one-screen interface with no 
hidden pages, highlights include four oscillators, 
five Effects modules and step-sequenced 
parameter modulation. All four Oscillators can 
run any one of five waveforms (Pulse, Saw, 
Triangle, Sine and Noise), and feature pulse 
Width, Pitch (+/-36 semitones) and reset (Trig) 
controls, with fine-Tune (+/-50 cents) for 
Oscillators 2, 3 and 4. Oscillator 1 also gets 
frequency modulation, and Oscillators 2 and 4 
can be synced to Oscillators 1 and 3, respectively.

Oscillator levels are balanced in the Mixer 
section, where you’ll also find the level control 
for an additional white noise generator, and a 
+12dB level boost button, making it easier to 
overdrive the Filter. The Filter itself is a resonant 
design with five modes – low-pass, band-pass, 
high-pass, band reject and vocal (formant) – and 
optional saturation. The Mixer and Filter each 
include real-time displays for the waveform and 
filter shape.

Both of Carbon Electra’s two ADSR envelopes 
(Amplifier and Modulation) include adjustable 
keyboard and velocity tracking, while the amp 
envelope sports an exponential option for a 
more gradual attack shape, and a post-

envelope-but-pre-Effects level control. The 
Modulation envelope includes three dedicated 
Pitch assignments (Oscillator 2, 4 and all 
oscillators), and is also hardwired to the filter.

The three LFOs offer five waveshapes (Pulse, 
Ramp/Triangle, S-Curve/Sine, Filtered noise and 
S&H Noise/Ramp&Hold/Random), with shape 
variants dialled in with the Width control. Each 
one is hardwired to five fixed targets (so that’s 15 
targets in total), including oscillator pitch, pulse 
width, mixer levels, filter cutoff and resonance.

The Effects section’s five modules comprise 
Chorus, Delay, Phaser, Distortion and Equalizer, 
between them delivering plenty of useful 
processing. The Master section includes Glide 
(0-4 seconds), Polyphony (1-16 voices), Unison 
(up to 4x) and output Limiter controls.

Electra-fied
Carbon Electra is very straightforward to 
program, so building sounds from the initialised 
preset is easy. Sonically, it’s crisp and responsive, 
while the combination of four oscillators, unison 
and onboard effects make it more than up to the 
job of blasting out big, bold riff sounds. The 
hardwired modulation options are very 
effective, although a modulation matrix would, 
of course, be a welcome addition.

An important consideration with a synth like 
this is its presets, and Carbon Electra has over 
600 of them, split between its categorised 

Factory library and Artist Presets, which include 
contributions from Carl Cox, Freemasons and 
many others. The Leads and Pads categories are 
the highlights, featuring some excellently edgy 
sounds and dynamically evolving textures; but 
mention also needs to be made of the numerous 
Sequence and Effects patches, which really put 
the Step Envelope to work.

Lack of arpeggiator and modulation matrix 
aside, we have no major gripes, particularly 
given the price, and although there’s certainly 
nothing game-changing here, Carbon Electra 
delivers awesome sounds with ease, which, for 
many, is what it’s all about. 

 Web   www.pluginboutique.com

  Plugin Boutique

 Carbon Electra  £59
We’ve always got space on our reviews bench for an interesting  
and affordable synth plugin – let’s see if this one’s got legs

Verdict
 For   Easy one-screen interface
Four oscillators
Step Envelope
Real-time waveform and filter displays 
Over 600 presets

 Against   No dedicated arpeggiator
No modulation matrix

While it’s never going to change the world 

of synthesis, Carbon Electra sounds 

gorgeous and is inspirationally easy to use

8/10

Alternatively
Synapse Audio Dune 2

207 » 10/10 » $203
If you like big club sounds, Dune 2 
delivers and then some

Native Instruments Massive
107 » 9/10 » £169

For complex, modulated sounds, 
NI’s flagship synth is an ideal choice

Carbon Electra’s Step Envelope facilitates up 
to 16 steps of tempo-synced, sequenced 
control (with optional note retriggering) of 
amplitude, filter cutoff and Oscillator 2 and 4 
pitch. Its default behaviour is polyphonic, but 
activating the Mono option synchronises 
parameter control for all active notes, 
retriggering only when they’re all released. 
Step duration is set via the Rate control (half-
note up to triplet 32nd-notes), and each step 
can be assigned one of 17 adjustable wave 

shapes, ranging from horizontal (Level) to 
four reverse exponentials (x4-rev). For more 
detailed, though more time-consuming 
control, you can also enter Edit mode to plot a 
multi-node curve across the step display.

The Note mode combined with the Snap 
option can deliver quite accurate pitched 
sequences (up to +15 semitones from the 
played note). It’s not quite the same as a 
dedicated arpeggiator, though, which is 
something we would like to have seen.

Step it up
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M-Audio first unveiled their Code range of 
USB controller keyboards at the Winter 

NAMM show in January 2015. They’re now 
available to buy in 25-, 49- and 61-key varieties, 
and here we’re looking at the 49-key model.

The first thing you notice when you take the 
Code 49 out of its box is the squared-off styling  
– there’s more than a hint of the Fairlight CMI in 
its flat, rectangular form factor, resembling, as it 
does, a sort of giant stick of chewing gum with 
piano keys and drum pads attached. It certainly 
cuts a dash in a studio setting, and the aesthetic 
appeal really ramps up when you turn it on, as 
its bevy of multicoloured, translucent LED 
buttons spring into life, making the whole front 
panel look like something out of Blake’s 7.

Around the back, you’ll find an on/off switch, 
a USB port for data and power, a pair of 
conventional five-pin MIDI I/O ports, a socket for 
the external PSU, and jacks for volume and 
sustain pedals. Completing the package are 
downloadable installers for Ableton Live Lite, 
and AIR Music Tech’s Loom and Hybrid 3  
virtual instruments.

Key components
The keybed (an all-new design for the Code 
range) is of the quality you’d expect in an 
M-Audio board at this price level – ie, firmly 
sprung and pleasantly playable, with an action 
halfway between synth and heavily weighted. 

The keys themselves are squared off at the front 
edge, enhancing the pianistic feel, and 
unusually, the case design allows the rear edges 
of the black keys to stand proud of the control 
panel – we didn’t find that this adversely affected 
the playing experience at all. Build quality-wise, 
our only minor niggle was that the gaps 
between some of the keys were a little uneven 
on our review unit.

In terms of physical controllers, the Code 49 
boasts the standard array – nine faders, nine 
buttons and eight continuous rotary encoders – 
all of which can be mapped to transmit the MIDI 
CCs of your choice, with up to 12 sets of 
assignments stored for recall as presets. The 
encoders, buttons and faders can also be 
switched to operate in Mackie/HUI mode, or you 
can configure the buttons and X/Y pad to send 
ASCII keystrokes in HID mode, for custom key 
commands (Cmd-C for ‘copy’, say).

The 16 colourful backlit drum pads to the left 
of the keyboard are responsive and feel great to 
play. Each one can be assigned one of 12 colours, 
making it easier to identify individual kit pieces 
when programming drums.

The large, bright orange six-character LED 
display momentarily shows the value or name 
of the parameter currently being tweaked or 
edited using the knobs and buttons. This even 
extends to aftertouch – press the keys and the 
aftertouch value is displayed, updating 

constantly as you vary the pressure. The 
currently selected preset number is shown 
when nothing else is happening.

Add in other useful features such as 
dedicated transport controls and the ability to 
split the keyboard into four separate, 
overlapping zones for simultaneous control of 
multiple instruments, and you have an 
attractive, versatile controller worthy of the top 
spot on any studio desk. Definitely one code you 
won’t mind cracking! 

 Web   www.m-audio.com
 Info   Code 25, £135; Code 61, £200

  M-Audio
 Code 49  £175
We get our paws all over the veteran manufacturer’s latest controller 
keyboard, which features 16 drum pads and an X/Y touchpad

Verdict
 For   Fantastic looks
Plenty of controllers
Excellent keybed
Useful X/Y controller
Good software bundle

 Against   Trackpad mode a little clunky
Some uneven gaps between keys

Attractive looks and plenty of features 

make this a fine option for anyone seeking 

a solid, workhorse keyboard controller

9/10

Alternatively
Korg Taktile-49
N/A » N/A » £180
A lighter keyboard action, 
comparable features and an 
identical price point

Novation Impulse 49
179 » 8/10 » £160

Novation’s similar, if now slightly 
venerable, package only has eight 
drum pads but still packs a punch

Located at the top right of the control area, 
the Code 49’s X/Y touchpad operates in three 
modes. In MIDI mode, it can be mapped to 
any two MIDI CC messages – handy for 
controlling two parameters simultaneously 
with one hand while the other remains 
gainfully employed playing the keyboard. 
You can set each axis to send absolute 
(mapped directly to pad position) or relative 
(adding the positionally generated value to 
the parameter’s current value) data.

In Note mode, the touchpad outputs  
MIDI note values along both axes,  
generating some, err, interesting two-note 
chords as a result.

Finally, in HID mode, the touchpad  
can serve as a mouse or trackpad, enabling 
you to take control of your computer from 
the front panel of the keyboard. As it appears 
to the computer as a regular mouse/
trackpad-style controller, the sensitivity can 
be adjusted in your system preferences.

X/Y marks the spot
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The Neve 2254 was introduced in 1968 as a 
broadcast compressor and limiter, and, 

following some modifications, the later ‘E’ 
version became a studio standard for its smooth 
levelling and thick, warm, rounded sound. It’s 
the latter version that’s modelled here by 
ascendant Swedish developer Lindell Audio.

254E (VST/AU/AAX/RTAS) is a faithful replica 
of the 2254E, although it does add the de rigeur 
wet/dry mix for parallel compression, and 
sidechain high-pass filter for the prevention of 
low-frequency pumping. It also expands on the 
original’s functionality with a choice of fast and 
slow attack times for the compressor (matching 
the established design of the limiter), rather 
than one preset speed, and offers an expanded 
selection of release times for the compressor.

The layout, from left to right, is metering, 
limiting, then compression. On the meter, the 
red numbers show the input or output level 
scale, depending on the position of the Meter 
switch, and true to the original, the meter is 
calibrated to +4 relative to the 0dB reference 
level. With the Meter switch set to Control, the 
black numbers give the gain reduction scale and 
provide a visual clue to the release time.

Below the meter, the Limit Level sets the 
ceiling for the plugin’s limiting action – turning it 
anticlockwise lowers the ceiling and thus 
increases the limiting – while the Limit Recovery 
knob sets the release time (100ms, 200ms, 

800ms or Auto). The Gain knob only affects the 
compressor, and the Limit knob sets the limiter 
to fast or slow attack time, or turns it off.

The Compress knob does the same thing as 
the Limit knob but for the compressor. To the 
right of that are the conventional compression 
controls: Ratio (1.5:1, 2:1, 3:1, 4:1 and 6:1), Threshold 
and Comp Recovery (release time – 100ms, 
400ms, 800ms, 1.5s and Auto).

On the level
The beauty of the actual 2254E is the way it 
thickens, warms and glues the input signal 
without the unsubtle sucking and pumping side 
effects of many other compressors. The good 
news is that Lindell’s clone does the same thing, 
equally transparently. The compression is 
subtle, even with fast recovery times, and you 
can push it heavily without causing much 
audible distortion, making it ideal for mix 
compression and keeping vocals upfront. Both 
attack time options are relatively slow, which 
makes it suitable for drums and other transient 
compression, too, particularly in conjunction 
with the Mix knob – although the results may be 
too polite for many people’s taste.

The limiting is just as transparent, doing an 
efficient job of holding the signal to the ceiling 
level without making it sound squashed.

The original 2254E remains a sought-after 
classic, and this software model does a fine job 

of emulating it, getting the subtle colouration of 
its intrinsic harmonic distortion spot-on. The 
‘wow’ factor is minimal, as it should be, and  
you need a good set of ears and a clear 
understanding of dynamic control to fully 
appreciate it. A great all-round leveller. 

 Web   www.plugin-alliance.com

 Lindell Audio
 254E  $149
It certainly looks remarkably like the classic hardware dynamics 
processor it emulates, but does Lindell’s latest sound the same, too?

Verdict
 For   Authentic sound
Additional wet/dry Mix and HPF control
Fast compressor recovery time option
Looks the part

 Against   Continuous Attack time 
control would be good
Could sacrifice more authenticity for 
sake of modern usability

Another classic hardware emulation  

that perhaps sticks to the original more 

rigidly than it needs to in some areas  

but sounds essentially identical to it

9/10

Alternatively
Waves V-Comp
N/A » N/A » $149
A model of the same Neve 
compressor at a similar price,  
but not as sonically faithful

Universal Audio Neve 33609
N/A » N/A » £189
UAD model of a different but 
equally classic Neve compressor  
– a favourite for mix compression

The original 2254 was designed to act as a 
levelling amplifier, increasing the average 
level of program material and, in so doing, 
making it sound louder and thus better. It 
took Neve a couple of goes to really get it 
right (the 2254 and 2254A), but the final ‘E’ 
version is the one that really hits the mark.  
It’s smooth, even and essentially  
transparent – ie, you’re not meant to hear it 
working. The character of the sound – its 

colouration – comes from the harmonic 
distortion induced in the circuitry: the harder 
it’s driven, the greater the THD and the more 
colour is imbued.

Interestingly, a three-way blind test of the 
original hardware, Lindell’s plugin model and 
Waves’ V-Comp on an internet forum resulted 
in most participants mistaking the Lindell 
plugin for the hardware. There can surely be 
no better endorsement than that!

The Neve 2254 sound
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Bit reduction-based distortion has been a 
staple of music production since the early 

80s, providing everything from old-school edge 
to sci-fi grunge; but taken alone, it’s not the most 
interesting effect. Enter MMultiBandBitFun, a 
new VST/AU/AAX plugin that, as the name 
suggests, throws MeldaProduction’s extensive 
multiband knowhow into the bitcrushing mix.

In essence, MBBF is a distortion tool, and its 
core function is to reduce the bit depth of each 
sample in the input signal to between 16 bits and 
1 before performing bitwise operations directly 
on those bits – see the boxout for further detail 
on this. Taken on its own, this kind of digital 
distortion can be quite unwieldy and somewhat 
one-dimensional, but the plugin has a couple of 
features that help bring it to life.

First, there are six user-definable frequency 
bands, so that the distortion can be applied to 
each individually. Every band can be soloed, 
bypassed, gain-adjusted and even panned, and 
has its own set of controls for bit-depth, delay, 
automatic gain compensation, sidechain  
input, wet/dry mix, low-pass filter, and the 
aforementioned bitwise operations. It all adds 
up to some of the most extreme bit mangling 
and manipulation you’ll ever hear. It sounds 
fierce… very fierce.

Things get even more crazy when 
modulation is thrown into the mix. As with most 
Melda plugins, there’s a huge range of options in 

this department, with up to four simultaneous 
modulators selected from a choice of LFO, 
envelope generator, envelope follower, 
randomiser or pitch detector/follower. These 
can be applied to pretty much anything, 
including band crossovers and panning. The  
134 presets include plenty of great modulation 
examples, from rhythmic distortion to messed-
up riff generators created by modulated tonal 
changes in the distortion.

The results can be fairly intense, so there’s a 
limiter onboard to tame the signal, and optional 
automatic gain compensation for maintaining a 
smooth output level. You also get extensive 
metering (input, output, stereo width, mid, side 
and more), and hidden behind a tab are an array 
of stereo options, including mid/side modes.

Fun, fun, fun 
Melda’s smart randomisation feature lets you 
apply total or ‘constrained’ randomisation to all 
parameters, or just those of your choosing. And 
you might well need it if you’re in a hurry to 
make your own patches, as the manual isn’t at 
all easy to follow. That’s a bit of an issue, given 
how complex the plugin is, even without 
considering the additional features we haven’t 
got space to cover in detail here, including up to 
16x upsampling, adjustable LFO shapes, Multi 
parameters (for controlling multiple parameters 
with one control), MIDI learn and more.

MMultiBandBitFun can – when handled with 
great care – deliver fairly subtle results, but 
that’s clearly not what it’s designed for. It’s an 
extreme effect and not, perhaps, the kind of 
thing you’ll find yourself using on every session 
– but the modulation tools make it far more than 
just a regular dirtbox. If you like smooth sounds 
and gentle vibes, MMultiBandBitFun isn’t for 
you; for anyone after extreme crushing, though, 
it’s a sonic weapon that must be tried. 

 Web   www.meldaproduction.com

  MeldaProduction
 MMultiBandBitFun  €49
How do you take extreme digital distortion and make it more 
extreme? By splitting it into multiple frequency bands, that’s how

Verdict
 For   Excellent randomisation
In-depth bit tweaks for hardcore geeks!
Unique results thanks to  
multiband and modulation
Strong presets

 Against   Manual isn’t great
High CPU usage

With a bite even stronger than its bark, 

MMultiBandBitFun deserves to attract  

and repel potential users in equal 

measure, depending on their sonic tastes

7/10

Alternatively
D16 Group Decimort

133 » 9/10 » €39
Bitcrusher designed to emulate 
classic digital gear – a stunning 
mixing tool

FabFilter Saturn
179 » 10/10 » £99

Multiband distortion/saturation, 
much more versatile than  
MBBF, but not quite as extreme

Once the incoming signal’s bit depth has been 
reduced, MMultiBandBitFun’s bitwise 
operators let you directly manipulate specific 
bits. There are four operators: XOR, Replace, 
AND and OR, which allow various methods of 
switching bits on or off, typically by 
comparing the individual bits of the source 
signal and a ‘control’ signal, which can be the 
main input (optionally offset in time with the 
onboard Delay control) or an external signal.

It’s not important to understand exactly 

how all this works – if you’re curious, skip the 
manual (it’s not very good) and head to 
Wikipedia for excruciating detail on all of the 
processes – as the bitwise operators aren’t 
meant for surgical tweaking. Manipulating 
bits in these ways does have distinct results, 
but the real key lies in the modulation, as  
the effects of the operators are far more 
apparent when rhythmically modulated 
using the multiband modules and output 
filtering.

Bit by bit
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They might not be the sexiest of plugins, but 
gates can be essential and surprisingly 

creative tools. DMG Audio’s new one, Expurgate 
(AU/VST/AAX), is a powerful mid/side-capable 
processor that aims to do it all.

Expurgate launches with a simple interface 
housing Model (core algorithm), Threshold and 
Ratio controls. In many cases, that’s all you need, 
and it’s as quick and effective a gate as we’ve 
ever used, thanks to the simply stunning default 
model, DMG. The first of six, this model blends 
aspects of digital and analogue gate responses, 
and it’s smooth without being loose. The second 
model, Textbook, opens and closes strictly ‘by 
the book’ (or by MIDI triggering). Ducker acts 
like a ducking compressor, reducing the signal 
level when it receives a sidechain signal (internal 
or external). Old Digital, Brit Channel and Brit 
Mega are modelled on classic hardware and 
another, unspecified plugin.

Helping you to keep track of what Expurgate 
is doing, the real-time analyser display shows 
the incoming signal level and the amount of 
reduction taking place, the top half representing 
Left/Mid, the bottom half Right/Stereo.

Behind closed doors
Opening the Advanced section reveals fine-
tuning options such as Knee, Range (maximum 
level reduction), Attack, Release, Hold and 
Hysteresis. It’s where you’ll find the combined 

Sidechain/Split EQ interface. The first of these 
enables three-band EQing/filtering of the 
sidechain signal, while Split EQ offers five filter 
types for gating targeted frequencies – like a 
de-esser for any frequency range. One example 
of its usage is removing low-end from kick 
signals in a loop, leaving everything else full and 
warm. Engaging Linear Phase mode offers a 
smoother sound with fewer artifacts.

At the right of the Advanced section are the 
Mixer controls: Input and Output levels plus 
Make Up gain. These adjust mid/side or left/right 
signals, while stereo routing and triggering 
options allow either channel to act as a trigger 
or destination for itself, the other, or both.

The action doesn’t stop there. The Settings 
pages offer endless tailoring and customisation 
possibilities, including Separated mode, which 
mixes back in the removed signal, allowing 
sharp gated transients to be recombined with 
some of the dry sound to avoid overt ‘holes’.

Another favourite is Noise Detector, which 
automatically closes the gate with sibilant 
sounds, facilitating instant removal with minimal 
tweaking, and can even act in reverse, only 
allowing signals it classes as noise to pass. The 
latter is great for removing unwanted material 
from percussion loops, and its effectiveness can 
be increased using Lookahead (up to a 
whopping 100ms) for seriously surgical action.

The feature list goes on: resizeable GUI; 

auditioning of any part of the internal signal 
path (gated-out audio, trigger signal or output); 
2x oversampling mode; customisable analyser 
display settings; eight settings comparison 
banks; and even the ability to bypass all 
instances of the plugin with a single command.

Like all DMG plugins, Expurgate looks simple 
when you first fire it up, but proves staggeringly 
deep and sophisticated once you get into it. 
After a month of use, we’re still discovering new 
applications for it, and it’s clear that it takes the 
crown as not only the most powerful gate on the 
market, but also the quickest and most effective 
one for basic gating. Buy it. 

 Web   www.dmgaudio.com

DMG Audio
 Expurgate  £100
Gates are many things to many people, but can they ever be exciting? 
With a reputation for envelope-pushing effects, this dev thinks so

Verdict
 For   Flawless gating
Frequency-targeted action
Creative
Fast setup
Noise detector and MIDI control

 Against   Many useful controls hidden 
in Setup

Creative, fast and functional, Expurgate is 

one of very few gate plugins on the 

market deserving of ‘essential’ status

10/10

Alternatively
FabFilter Pro-G

167 » 9/10 » £114
Excellent, feature-packed gate, but 
it’s met its match in Expurgate

Unfiltered Audio G8 Dynamic Gate
206 » 9/10 » $69

Creative gating plugin with plenty 
of MIDI capability baked in

Sidechain triggering of your gate by an 
external audio input is often a long-winded 
way to achieve rhythmic effects like ducking/
pumping and trance-gating – MIDI control is a 
simpler option. You can use MIDI triggering in 
any of the six Modes, but DMG recommend 
Textbook for notes to open the gate and 
Ducker for them to close it. When using MIDI 
mode for creative effects, transparent action 
becomes less of a priority, so you can 
disengage the default so-called Safety Mode, 

which only allows moderate Attack and 
Release settings, opening the plugin up to 
sample-accurate MIDI triggering.

Another great use of MIDI control is pulling 
grouped parts together. If you’ve got multiple 
synths playing the same part, say, and you 
want to make their envelopes consistent, 
simply send the MIDI pattern triggering the 
instruments to Expurgate’s sidechain as well, 
overriding the envelopes of the synths to get 
them all sounding perfectly together.

Push-button gates
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Era-D (AU/VST/AAX) is a dual-engine plugin 
combining noise and reverb suppression. It 

comprises four processing modules – Signal 
Path, De-Noise, De-Reverberation and Artifact 
Control – with an Output module providing 
stereo or mono (left or right) monitoring of the 
wet, dry and wet/dry difference signals.

De-Noise and De-Reverberation each operate 
in Single or Dual mode, the former handling the 
input as a mono or dual mono signal, the latter 
taking into account the left and right differences 
in stereo signals. Single mode consists of just a 
reduction control, so it’s very straightforward to 
use. For complex stereo signals, more extreme 
reduction is achieved using Dual mode, in which 
a second reduction knob appears, addressing 
the cross-channel elements of the noise or 
reverb, but making getting the reduction 
amount right more of a juggling act.

The fold-out Advanced Options panel holds 
more controls. For De-Reverberation, these 
include low and high frequency sliders, which 
set the speed at which the suppression is 
applied to the low and high frequency signal 
components. For De-Noise, you get a single 
Time Constant slider (Fast to Slow) that adjusts 
the overall speed of adaption to changes in 
noise levels. This is joined in Single mode by a 
processing Type option, with three increasingly 
strong noise reduction curves, which is replaced 
in Dual mode by a further Time Constant slider 

that fine-tunes the response for the L-R 
difference aspect of stereo signals.

Noise and reverb removal tend to create 
artifacts that become more obvious as the 
processing increases, and in that respect, Era-D 
is similar to other competing processors. 
However, the Artifact Control switch alleviates it 
considerably. This is joined by some Advanced 
parameters, including Processing Intensity 
(Low/High) and two smoothing options: Musical 
Noise Reduction and Impulsive Sound, the 
second designed for percussive source material.

A golden Era?
Era-D’s spectral display incorporates five 
coloured plots: Noise, Reverb, Fusion (reverb 
and noise combined), Dry (unprocessed) and 
Wet (processed). It also enables reverb and 
noise reduction to be applied across four 
discrete frequency bands, with per-band Range 
and Intensity controls, as well as individual Band 
Solo and adjustable crossovers. Range is simply 
a threshold control, setting the level at which 
processing kicks in, and at zero (right up to the 
top) no processing is applied to that band. 
Intensity is a non-linear option that focuses on 
the frequencies at which analysed noise and 
reverb are prominent. Once again, at zero, no 
processing occurs for that band.

The multiband section is applied after the 
main De-Noise and De-Reverberation controls 

(which are wide-band), and so is meant to be 
used to fine-tune how much the two modules 
influence each band. Nevertheless, it’s still a 
very powerful option that can dramatically 
influence the final result.

If we have one gripe with Era-D, it’s that it only 
focuses on suppression, so rebalancing the 
reverb element by boosting it isn’t an option. 
That doesn’t detract too much from what is 
otherwise an excellent plugin, though, achieving 
just the right balance between ease of use and 
behavioural fine-tuning. 

 Web   www.plugin-alliance.com

  Accusonus
 Era-D  $299
Ever more complex real-time algorithms have made reverb removal  
a genuinely viable process. Here’s the latest take on the concept

Verdict
 For   Noise and reverb suppression
Dual mode for complex stereo signals
Serial and Parallel routing
Optional processing artifact reduction
Multiband adjustment post processing
Good real-time display

 Against   Reverb can only be 
suppressed, not rebalanced

Although Era-D only reduces reverb, it 

does a great job of drying out source 

material, and noise reduction is a bonus

8/10

Alternatively
Zynaptiq Unveil

181 » 9/10 » €399
Not as easy to use, but this 
powerful plugin removes reverb 
and ambience almost flawlessly

Acon Digital DeVerberate
200 » 7/10 » $99

Lets you boost the reverb element 
in a signal as well as reduce it

Era-D has four Signal Path routings. Two of 
them allow the DeNoise or DeReverb options 
to be used on their own, essentially ‘soloing’ 
that process, while the other two, Cascade 
and Parallel, fundamentally influence the 
signal processing. Cascade configures serial 
routing – De-Noise followed by De-Reverb – 
while Parallel splits the signal, processes the 
two resulting channels separately, then 
recombines them at the output via a mix 
blend control.

In both modes, DeNoise and DeReverb 
share analysis data in what Accusonus call a 
“unified estimation model”, and they suggest 
the Parallel configuration produces more 
subtle results than Cascade. We did indeed 
find the serial option more impactful, tidying 
things up considerably at high settings. The 
trade-off is a tendency to close the sound 
down a little, so if you’re willing to go for 
slightly less reduction overall, the Parallel 
routing does sound a lot more natural.

Routing around

2         MINUTES
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RP-EQ (AU/VST/AAX) is an eight-band EQ 
plugin with a host of advanced features to 

aid in corrective and creative frequency-shaping 
tasks. Parameters are adjusted via the 
interactive display or the Band controls below it, 
with the eight bands split across two tabbed 
pages. Both stereo and mid/side operation are 
supported, the latter splitting the bands 
between the mid component (Bands 1-4) and the 
sides component (Bands 5-8).

All eight bands are identical in terms of 
parameters, with Frequency (20Hz to 20.5kHz), 
Gain (+/-20dB) and Bandwidth (0-100%) controls 
joined by two solo options, enabling you to hear 
the soloed band in isolation (Bandwidth Solo) or 
the full input signal with just the soloed band 
applied (Visual Solo). The Frequency and Gain 
Lock buttons prevent accidental movement of 
those parameters in the display by making them 
adjustable using the knobs only, and the 
Frequency controls can be switched to Note 
mode, whereby they snap to the frequencies of 
notes D

#
0-G9 (MIDI notes 15 to 127).

There are no fixed bell or shelving shapes, as 
the Bandwidth control moves from a very 
narrow peak (0%) to a very broad flat-topped 
bell (100%). So, by tweaking the Frequency and 
Bandwidth settings, it’s easy to achieve any 
typical shelf or bell shape.

To the right of the main EQ section (and not 
represented in the interactive display) are high- 

and low-pass filters with four slope options and 
adjustable Q; and the Air EQ (up to 6dB gain at 
30-40kHz with fixed bandwidth). Also onboard 
is a Mono/Stereo Split Filter, which mono-ises 
everything below the selected frequency, and 
includes Solo and Mode controls – the former 
auditioning just the audio below the cutoff, the 
latter specifying whether the mono signal is 
sourced from the left, right, L+R or L-R channels. 
There’s also a simple tape Saturation processor 
with pre and post EQ positioning, and a decent 
Spectrogram with three modes: FFT, 30-band 
Bar and 30-band Line.

Flexible friend
RP-EQ is very slick in operation, and we enjoyed 
using it for all our regular EQing tasks. Both Solo 
options are enormously useful (Bandwidth Solo 
is great for hunting down problem frequencies), 
while the Note option delivers a quick and 
effective solution for notching note-specific 
resonances. The EQ section has none of the 
idiosyncrasies and vagaries of a hardware 
emulation with its ‘what you see is exactly what 
you get’ ethos, and the flexible Q is good for 
both surgical and gentle applications. 

The Air band is useful for mastering, and the 
Filters do their job well, although we’ve no idea 
why they’re not represented in the graphic 
display – they should be. The tape Saturation 
provides subtle enhancement rather than 

aggressive harmonics, and the useful Auto-
Volume option turns down (rather than limits) 
the output signal when the level approaches 
clipping. There are also some useful ‘starting 
point’ presets (‘Vocal Presence’, ‘Make It Fat’, 
etc) with appropriately positioned bands.

Ultimately, though, the really big story  
here is the X/Y Pad, which turns RP-EQ into  
a truly unique plugin, fusing powerful core 
functionality and synth-like creativity without 
ever feeling gimmicky. We’re used to excellence 
from Rob Papen, but this one’s particularly good 
– focussed, flexible and incredibly creative. 

 Web   www.timespace.com

 Rob Papen
 RP-EQ  £56
The arrival of yet another EQ plugin may not seem like much to  
get excited about, but this one has some rather interesting talents

Verdict
 For   Powerful eight-band EQ 
Awesome X/Y Pad
Mid/side processing
EQ Solo options
Air EQ
Mono/Stereo Filter

 Against   Filter/Air EQ curves not shown

A fantastic conventional eight-band EQ 

and a wildly creative studio tool thanks to 

its powerful X/Y pad, RP-EQ is a bargain!

9/10

Alternatively
DMG Audio EQuilibrium

192 » 10/10 » £175
DMG’s flagship EQ is packed  
with brilliantly flexible features

Photosounder SplineEQ
180 » 9/10 » $29

For those on a more modest 
budget, this flexible linear-phase 
EQ is an excellent choice

RP-EQ’s X/Y Pad is a real-time host-syncable 
modulation source based on a 2D controller 
with three selectable destinations (each  
with its own Amount setting) for each axis. 
Destinations include the Gain, Frequency and 
– where available – Bandwidth of all EQ bands 
and filters, as well as some of the X/Y 
parameters themselves.

The X/Y panel replaces the Spectrogram 
when launched via the button in the top bar. 
The position of the blue dot sets the values of 

the X- and Y-assigned parameters, and in  
Live mode, you simply move this manually  
by dragging. Alternatively, Rec and Replay 
modes let you capture, edit (using nodes)  
and replay your X/Y movements, and the 
recording is saved with the preset.

Finally, the Command menu includes a 
collection of pre-configured recordings, 
including Circle, Square and Spiral, and 
various manipulation options, such as Rotate, 
Flip and Scale.

When X meets Y

2         MINUTES
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mini reviews

 Web  www.timespace.com
 Format  PC/Mac, Kontakt 5/Player

The latest addition to the Albion line, which also 
includes the less ‘general purpose’ Albions II 
(9/10, 185), III and IV, marks a reboot for 
Spitfire’s original full orchestral Kontakt library 
and its side dishes. Built on almost 50,000 
samples of a 109-piece orchestra plus full 
percussion section (orchestral drums, taikos, 
metals, etc), recorded to 2" tape at Air Studios 
via vintage ribbon mics, Neve Montserrat 
preamps and the world’s biggest Neve 88R desk, 
Albion One weighs in at an impressive 54GB 
(90GB uncompressed).

The orchestra is provided in full sections and 
High, Middle and Low breakdowns, with the 
usual array of long and short keyswitchable 
articulations, plus string runs and legato 
patches. Supplementary to all that, the Darwin 
Percussion Ensemble patches fire up Spitfire’s 
percussion-orientated Kickstart engine, as used 
in The Grange (9/10, 216), while Stephenson’s 
Steam Band (recycling the raw orchestral 

samples as fuel for a ton of synth-style patches) 
and Brunel Loops (tempo-synced, repitchable 
layered rhythm loop kits) now run in the 
excellent eDNA engine, as previously 
encountered in eDNA Earth (10/10, 211).

Clearly the main draw here, though, is the 
new orchestral material, which sounds 
absolutely magnificent. The strings are lush and 
expressive, the brass is tight and punchy, the 
winds are airy and sweet, and the fully sampled 
legatos are supremely smooth and convincing. 
Tweakable parameters include dynamics and 
release times, convolution reverb and 
microphone mix (Close, Decca tree, Ambient 
and Overhead), while the Ostinatum sequencer 
makes light work of programming riffs, and the 
nifty Punch Cog menu enables customisation of 
individual notes and their round robins.

The library as a whole is harder, cleaner, and 
more consistent and modern-sounding than its 
predecessor. Indeed, Albion One doesn’t 
necessarily feel like a replacement for Albion, 
which still has its own thoroughly desirable 
sonic qualities, but rather a bigger, brighter 

alternative – in fact, you get a small selection of 
sounds from the original included, which is good 
news for those who don’t already own it.

Albion One is Spitfire’s greatest orchestral 
package to date, combining exemplary  
ease of use and a knock-out sample bank to 
stunning effect.

n10/10n

 Web  www.virsyn.com
 Format  iPad

We must confess to having totally forgotten 
about VirSyn’s weird and wonderful “spectral 
modelling synth”, Poseidon, which scored a solid 
8/10 way back in 114. With the recent release 
of the iPad version, some eight years later, 
however, we’re glad to have it brought back into 
our line of sight, as it’s one of VirSyn’s more 
esoteric instrumental offerings.

An additively generated waveform called a 
“spectral sound model” serves as the source 
signal for the oscillator. This is essentially a 
512-partial additive construction, shown in the 
main Wave page of the GUI as a 3D spectral 
waveform, with colour representing amplitude. 
Unlike the desktop version, you can’t load in 
your own samples for resynthesis, but that’s far 
from the end of the world, as a well-stocked 
library of them is built in, comprising all manner 
of sampled synth waveforms, instruments, 
vocals, environmental sounds and more.

Like a wavetable synth, the movement of the 
playhead through the spectral model can be 
controlled and modulated by various sources 
(LFOs, envelopes, keytrack, etc), and is fully – 

and very smoothly 
– animated in the Wave 
display, which can also  
be zoomed and rotated  
via multitouch.

As well as its main tonal 
qualities, the spectral 
model also has a noise 
component, and both can 
be manipulated using a 
range of controls, including 
mixing between the two, 
reducing the number of 
partials, modulating the 
brightness of the sound, 
and “blurring” the 
frequency and level transitions between 
partials. Beyond that, it’s fairly standard synth 
fare, with two LFOs, two envelopes, the same 
high-powered 32-step arpeggiator seen in other 
VirSyn synths, a wicked multimode filter 
(featuring the morphable Z-Plane-style PoleZero 
mode), seven very capable effects modules, and 
randomisation buttons scattered throughout. 
The colour-coded tabs of the Synth and FX 
pages work really well, keeping the two most 
important controls for each element (LFO, filter, 

Spectrum, etc) constantly visible, while the strip 
at the bottom hosts the rest of the parameters 
for the currently selected element.

Poseidon Synth’s primary areas of proficiency 
are pads, ambiences, textures and otherworldly 
effects of all kinds, from pure and melodious to 
jagged and inharmonic; but it’s also pretty  
good at basses, leads and other more ‘mono’ 
tones. A hugely creative iPad synth at a very 
reasonable price.

n9/10n

VirSyn

poseidon synth  £10

Spitfire Audio

Albion one  £383
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Native Instruments

symphony series 
– string ensemble  £429
 Web  www.native-instruments.com
 Format  PC/Mac, Kontakt 5/Player

After Brass Solo (9/10, 222)  
and Brass Ensemble, NI’s new 
Symphony Series instrument 
captures a 60-piece string 
orchestra as a 34GB sample 
library (44GB uncompressed), 
and puts it under the command 
of a straightforward interface.

Five NKIs are included: Violins, 
Violas, Cellos, Basses and String 
Ensemble. The first four load with 
the full range of keyswitched 
articulations, while the Ensemble 
has fewer articulations but puts all four sections at your fingertips.

The Kontakt scripting powering String Ensemble features true 
auto-divisi (for keeping player counts accurate with polyphonic 
playing), polyphonic legato/portamento, three mic channels plus 
stereo mix, mod wheel-assigned Dynamics control, automatic note 
repetition and accenting, and more. It’s amazing how easy the 
super-intuitive GUI makes it to put together rich, detailed and 
astonishingly realistic string parts, and it never sounds anything 
less than phenomenal. We’re a bit shaken by the price, though…

n9/10n

Decksaver

Ni maschine and 
Ableton push covers  £40
 Web  www.decksaver.com

Based in West Yorkshire, and 
“drawing on 45 years in 
plastics manufacturing”, 
Decksaver make hard covers 
for turntables, mixers, synths, 
grooveboxes and MIDI 
controllers. The Producer 
range includes bespoke covers 
for, amongst other things, the 
NI Maschine family, and the 
original Ableton Push (we 
expect the Push 2 version to arrive soon).

The transparent polycarbonate used by Decksaver is light and 
incredibly tough – we didn’t take an axe to them or anything, but 
standing on them, flexing them and flinging them around made no 
impression whatsoever. The fit and finish can’t be faulted, either  
– they snap into place cleanly and tightly, with all ports and sockets 
remaining uncovered.

Whether you want to keep the dust off your controller in the 
studio or protect it from spillages and impacts on stage, Decksaver 
is a great-looking, 100% effective, slightly pricey solution. The only 
problem is that once you’ve bought one for your MIDI controller, 
you’ll want them for the rest of your gear, too.

n9/10n

 Web  www.timespace.com
 Format  PC/Mac, Kontakt 5/Player

Boldly proclaiming itself “the world’s first truly 
modern vocal engine”, Exhale sets itself up for a 
fall before it’s even been installed. You’re 
probably imagining some elaborate ‘next gen 
Vocaloid’-type arrangement that pushes 
Kontakt scripting to its limits, opening up a 
world of solo vocal design based on an immense 
library of words and phonemes, right? Well… no. 
What we have here is a very well-conceived and 
good-looking but in no way revolutionary 
scripted Kontakt instrument built to do fairly 
conventional things to a diverse 9GB library of 
non-lyrical human voice samples, both solo and 
ensemble-based. Think ‘vocals’ in the most 
abstract sense, and you’re in the right space.

The many recordings in Exhale’s 9GB 
soundbank are used in three distinct playback 
engine modes, each with its own bank of presets 
– 500 in total, complete with tag-based filtering. 
Note mode maps two independent sounds, 
chosen from a list of one-shots, sustained “pads” 

and tempo-synced loops, across the 
keyboard; Loop mode gives you 40 
banks of 13 tempo-synced loops each; 
and Slices mode lets you play one of 
40 phrases, each sliced across 13 
notes for REX file-style triggering. 
Controls such as envelopes, sample 
start point, Reverse and Formant Shift 
round out this top Source section.

Next comes the FX Engine, 
consisting of a wave- and step-based 
modulation sequencer (with a wealth 
of preset shapes plus an auxiliary step 
sequencer for modulating the global 
clock rate), six effects for modulation 
by said sequencer (Volume, Pan, Filter, 
Phaser, formant filter and Saturate), 
and seven insert effects (compression, delay, 
pitchshifter, etc).

The Main screen houses four Macro sliders, 
each assignable to up to six parameters from 
across the instrument. Every one of Exhale’s 
presets makes good use of them, so you could 
potentially get your money’s worth without ever 

going any further than the front page.
While the marketing might be meaningless 

hyperbole, Exhale is, thankfully, superb. You 
can’t really make ‘songs’ with it, but as a 
genuinely inspirational vocal-based ‘synth’ for 
dance, electronic, ambient and soundtrack 
production, it’s a breath of fresh air.

n9/10n

Output Audio

exhale  $239
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Soundware round-up

Toontrack
the progressive  
Foundry sDX  £99
Are you a digital drummer with 63GB 
of free space on your samples drive? 
Then you have to find a hundred quid 
and fill it with Progressive Foundry. 

Recorded at Sing Sing Studios, 
Melbourne, this rock-orientated (but 
actually more versatile than that 
suggests) Superior 2 expansion 
consists of five full kits by DW, Ludwig, 
Pearl and Yamaha, plus loads of extra 
individual elements. The whole thing 
sounds phenomenal, plays and mixes 
beautifully, and deserves to go down in 
music technology as one of the finest 
virtual drum kit collections ever made.
www.timespace.com
n10/10n

Mode Audio

raw material £15
We do like a good found-sound library here at , and 
Raw Material is a cracker, rolling 322 source samples 
into 19 percussion kits in the usual Mode Audio range 
of sampler formats (Reason, Live, FL Studio, etc). We 
received the Live version, which uses Drum Racks and 
also includes five handy Audio Effect Racks. The 
samples comprise recordings of a range of household 
‘stuff’ – kitchen utensils and appliances, food, wooden 
things, metal things, water and much more – and are 
bright, punchy and surprisingly diverse, sonically 
speaking. Recommended!
www.modeaudio.com

n9/10n

Diamond Samples

Future House Wobble £14
Fusing future house and wobble (as the kids are  
wont to do right now, we’re told), these 440 drum, 
bass, piano and FX loops (125bpm) and hits are fair 
crackling with energy. The highlights are the “wobble” 
bass one-shots and loops – it’s just a shame there 
aren’t more of the latter (and arbitrarily putting a  
third of them in a folder named Bonus Bass Loops 
won’t fool anyone). We also like the 25 processed 
Amen breaks. A fun and well put together library at  
a very fair price.
sounds.beatport.com

n8/10n

Sample Magic

synthwave 2 £35
The follow-up to Synthwave (8/10, 212) is basically 
(much!) more of the same: 1.4GB of 80s-style synth 
basslines, leads, pads, chords and effects, drum 
machine beats, and mini construction kits, plus a pile 
of one-shot drums and sampler patches, and over 200 
MIDI files. A tasty roster of classic instruments was 
used to put it all together, and we’d suggest that the 
overarching theme is more ‘movie soundtrack’ than 
‘pop’ – think Tron, Terminator, Miami Vice, etc. Oozing 
retro credibility.
www.samplemagic.com

n9/10n

Samplephonics

African rhythms £29
Performed by percussionist Ruca Rebordão, African 
Rhythm’s 236 percussion loops (plus occasional 
vocals) focus primarily on massemba, semba and 
kilapanga styles, but with forays into 3/4 and 6/4 time, 
too. The instrumentation includes congas, udu, talking 
drum and tabor, and 44 one-shots are supplied. 
Rebordão’s playing is sublime, and the production is 
clean but organic; and while many of the loops are 
variations on the same themes, that’s inevitable with 
such a musicologically authentic library. The panning 
on most of the one-shots, though, isn’t helpful.
www.samplephonics.com

n8/10n
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Sample Tools by Cr2

Festival FX £13
Another “builds, drops and breakdowns” pack  
from Cr2, this time of the ‘large format’ EDM and  
house variety. The 287 samples (you also get 29 
Sylenth1 presets and 40 minutes of tutorial videos) 
include risers, falls, sub drops, drum fills, crashes 
(forwards and reversed) and more, as well as eight  
mini construction kits. The production can’t be  
faulted, and neither can the value for money, but if you 
already own Mainroom FX (10/10, 211), you’ll feel 
more than a touch of deja vu with this one and can 
probably pass.
sounds.beatport.com

n9/10n

F9 Audio

Grid v1.0: 80s Future retro £30
The first in a set of three libraries from F9, Grid v1.0 
contains 451 80s-inspired loops and 176 one-shots, 
along with a multitude of fully developed sampler 
patches (including the intriguing Snare Drum Designer 
and the overhyped ‘Riffmatic’ instruments) and REX 
files. It’s 4.5GB in total, with the actual samples taking 
up 1.1GB. Drawing on a what’s-what of vintage synths 
and beatboxes, tastefully programmed and processed, 
this is a very well produced and confidently presented 
pack that gives you an awful lot for your money.
www.loopmasters.com

n9/10n

FXpansion

modern retro £85
With 33GB of samples (16.5GB compressed with BFD3) 
and 56 presets at its core, Modern Retro expands BFD 
with two full kits – a 1997 Sonor Designer and a late 
90s Tama Starclassic – plus Ludwig and Tama snares, 
and Zildjian, Sabian, Paiste, UFIP and Turkish cymbals. 
A huge number of velocity layers are used (up to 300 
per articulation for the snares!), adding up to a 
remarkable degree of detail and playability. The 
inclusion of brush or hotrod alternatives for most kit 
elements justifies the pricetag.
www.fxpansion.com

n8/10n

Native Instruments

Cavern Floor £44
There’s no shortage of techno Maschine add-ons 
available from NI and others, but Cavern Floor finds its 
niche by sounding somewhat ‘bigger’ than its peers. 
That vital techno darkness and funk are still there, but 
many of its 45 kits (incorporating 47 Drum Synths, 35 
Massive presets and ten Monark patches) have a 
notably epic feel to them. Much of this is down to the 
samples and instrument presets used, but the effects 
processing also plays a large part and gives plenty of 
scope for customisation, making it easy to take Cavern 
Floor into other non-techno territories, too.
www.native-instruments.com

n8/10n

Big Fish Audio

Vintage rhythm section £139
A sort of virtual band for Kontakt 5 and Kontakt Player, 
Vintage Rhythm Section (7.4GB) comprises separate 
multisampled drum kit, bass, guitar, keyboard and 
percussion instruments (67 NKIs in total, and 19 
multis), divided into 60s and 70s-style R&B, Jazz and 
Rock subsets. The drum kit GUI takes the form of a 
12-channel mixer with reverb and EQ, while the others 
share a common interface, including controls for tape 
saturation, distortion and delay. The recordings 
faithfully capture the sounds of their era, making this a 
flexible, authentic solution for media composers.
www.timespace.com

n8/10n

Loopmasters

Dubwise Vol 2 £30
Dubsalon’s second outing on Loopmasters delivers 
1GB of classic-style dub loops, hits and multis in 
various formats. All the expected instrumentation is 
present and correct – drums, percussion, bass, guitars, 
brass, melodica, keys, FX and vocals – and the 
performances and production are are on point. While 
it’s obvious that everything here has been culled from 
a series of full projects, there’s more than enough 
variety for that not to be restrictive. Our only issue is 
that the brass loops sound rather too programmed.
www.loopmasters.com

n9/10n

Sample Magic

eclectic electronic £35
“Part house, part disco, part synth pop”, Eclectic 
Electronic aims to encapsulate the panoply of today’s 
four-square dance music in a stylistically unifying 
sample library that manages to find a distinct voice  
of its own in the process. The main events are the  
20 fabulous stemmed drum loops and 20  
‘inspiration’ construction kits, but the one-shots and 
multisampled synths and basses ought to prove 
useful, too. Bold, bouncy and full of mix-ready sounds, 
this is a quality package.
www.samplemagic.com

n8/10n

Samplephonics

Braindance £35
Sonic and rhythmic experimentation is the name of 
the game with this outré set of garagey electronica 
loops and one-shots. We’re talking jittery beats (many 
of them featuring the same sidestick sound, we 
couldn’t help but notice), wonky modulated basslines, 
off-kilter chords, nutty FX and more besides. It 
amounts to 250 loops, 161 shots and a fair few sampler 
patches, all exuding a cool, idiosyncratic production 
style that certainly grabs the attention. Hopefully, 
Samplephonics’ claim that they’ll “literally make your 
brain dance” is exaggerated, however.
www.samplephonics.com

n8/10n



Though you wouldn’t have known it at the 
time, 1995 was essentially a turning point 

for synthesis. Despite the fact that the global 
airwaves were awash with grungy guitars 
and raspy-throated alt rockers, an electronic 
renaissance was bubbling up behind the 
scenes, heralding a new golden era for 
synthesis that – it could be argued – continues 
to this day.

Mark Vail’s excellent book, Vintage 
Synthesizers, had recently been published, 
tapping into the quiet dissatisfaction that  
many electronic musicians were feeling  
towards the static sample-playback synths of 
the early 90s. This, along with a nascent 
nostalgia for all things analogue (exemplified by 
E-mu’s Vintage Keys module – ironically built 
upon their successful Proteus sample-playback 
technology) was finally sated by the nearly 
simultaneous releases of two new synthesisers: 
Doepfer’s A-100 modular system, and Clavia’s 
Nord Lead.

The Nord Lead was something very new 
indeed. Festooned with pleasantly playable 
knobs and a pair of unique left-hand controllers, 
the rakish, asymmetrical synth looked like 
nothing else. Its eye-catching design was a 

resounding statement against the conventions 
of the day. Plenty of brightly coloured 
instruments have come and gone since, but it 
was the Nord Lead that started it all.

And its looks were just the beginning. While 
the A-100 was a true analogue system, Clavia’s 
synth was a fully digital recreation of a typical 
analogue synthesiser (with a signal path not 
terribly different from those found on, say, a 
Prophet-5 or a Jupiter-6). This was a new 
approach that Clavia had dubbed “virtual 
analog”. Indeed, the Nord Lead was the very first 
instrument to carry that description, and its 
legacy can be found in each and every one of 
our plugin folders today.

Technology and finery notwithstanding, the 
Nord’s architecture seems unremarkable by 
today’s standard. A pair of analogue-style 
oscillators – each with a handful of familiar 
waveforms – could be mixed and modulated 
against one another before being spat through a 
multimode resonant filter. A pair of ADSR 
envelope generators were supplied, along with 
an LFO. No effects were included on the original 
– that was seen as a hindrance by some, but for 
many, their absence only emphasised the classic 
analogue sound.

Clavia Nord Lead

Three ‘virtual’ Nords

from  
theblast       past

discodsP discovery
A spot-on recreation of the Nord Lead’s signal 
path with a few bells and whistles added, 
including stereo delay and gate effects. 
Intended to recreate the Nord Lead 2, 
Discovery can even import patches from the 
real thing. If you want more still, there’s a Pro 
version with sample import, ‘PADSynth’ 
resynthesis and graphic envelopes (€149).
www.discodsp.com

The age of the prefab patch was 
shaken by a scarlet super-synth 
that rebooted a revolution and 
gave us back our knobs

Clavia had, wisely, carefully considered the 
Nord Lead’s responsiveness, and the instrument 
was a joy to play. The odd-looking wooden pitch 
bender and slim pumice mod wheel weren’t just 
easy on the eyes – they were also perfectly 
designed to feel ‘right’ under the player’s hand. 
The knobs were small but firm, responding to 
and inviting real-time tweaking.

The Nord Lead would be followed by four 
successors, not counting special editions and 
rack versions. It is, in fact, still available today, 
with a few additions to the signal path (those 
missing effects!). Mind you, many a soft synth 
can better an original Nord Lead in authenticity, 
but that doesn’t mean the original isn’t very 
much worth seeking out.

clavia Nord G2 demo
Clavia’s own fully functional, native software 
demo version of their G2 modular does so 
much more than the Nord Lead, but it can call 
up a Nord Lead-alike configuration. Its only 
limitations are polyphony and an inability to 
process external sources. It’s cross-platform,  
but you’ll need a pre-Lion (ie, Rosetta-
equipped) version of OS X to use it on Mac.
bit.ly/NordG2demo

FREE

ichiro toda syNth1
A bona fide freeware classic, the developer 
makes no attempt to mask the inspiration for 
this lovely cross-platform synth. Again based 
specifically on the second generation of Nord 
Leads, this one also provides modern niceties 
like built-in tempo-synced delay and stereo 
chorus, and quadruples the original Nord’s 
four-note polyphony.  
bit.ly/Synth_1

FREE
€69
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tech SPecS
Year of manufacture
1995
Original sale value 
£1399
Current price 
£300-£500 (second hand)
Number made 
unknown 





90
00

90
02


