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Lime provides our customers with different de-
vices, sampled with Acustica’s technology and 
merged in a single plug-in. It’s inspired by a leg-
endary inline mixing desk, and it’s aimed for 
those who are looking for a faithful emulation of 
that legendary sound.
Without a doubt, Lime is one of the best choice 
to “mix in a box”. This groundbreaking channel 
strip delivers the quality and versatility to en-
hance any performance that requires that dis-
tinctive British sound.
It features several preamps, two sets of low and 
hi pass flters, two four-band equalizers, 5 com-
pressors (gate, ?) and an external dynamics side 
chain. You are free to change their routing order 
in the signal path as appropriate by selecting one 
of the 14 different configurations. 
Like we did for Sand and Coral, we decided to cre-
ate standalone versions for each module. Lime 
strip includes 8 classic preamps to add warmth 
to your sound, while the standalone version in-
cludes 11 of them.

LIME
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LIME CRAZY88 is a bundle consisting of LIME 
BUS, LIME PRE, LIME EQ.

To help unleash the incredible potential of LIME 
we have created a BUNDLE including all the sin-
gle modules, enabling sound engineers to use 
each component separately, with signifcant sav-
ings in terms of CPU. This will help enhance your 
mixes, ensuring quality, versatility and the dis-
tinctive sound peculiar to Acustica’s plugins.
We hope LIME CRAZY88 will meet our most de-
manding customers’ requirements.

In these plugins you’ll find the same features as 
in LIME full channel-strip (please see the OP-
ERATION section below for further details). We 
guarantee you’ll get precisely the same sound 
performance for each module.

Besides new GUIs, you’ll find an improved design 
to enable an easy use of the plugins.

Lime CRAZY88
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CRAZY88 & LIME Channel-strip plug-ins for the 
first time come with two different user-selecta-
ble skins: a “Default Skin”, showing the tradi-
tional Acustica 3D look, and a flatter 2D “Alter-
native Skin”. This freedom of choice enhances 
the potential of this beautiful software.

In order to change skin, you have to remove the 
file “NAMEOFPRODUCT”3DSKIN.N2S (for ex-
ample LIMEEQ3DSKIN.N2S) from the default 
folder where the plugin is installed (generally 
Acustica or Acustica64, depending on the sys-
tem).

LIME CRAZY 88 plugins offer the same features 
as in LIME channel-strip (please see the
OPERATION section below for further details).

How to change skin?

Default skin with greater perspective distortion

Alternative skin skin with less perspective distortion

3



4



Control Section

5



It sets the input level from -24dB to +24dB and 
is used to control the plugin’s input signal level.

It sets the output level from -24dB to +24dB and 
is used to control the plugin’s output signal level.

Routing is controlled with 14 buttons.
Each button sets a different block configuration 
displayed on the “control monitor”. 

Each block configuration is explained below.

C: Compressor
F: Filter
E: Equalizer
S: Sidechain
I: Selector

Input knob

Output knob

Routing

LIME Channel Routing Diagrams

Control section
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It displays the number of NEBULA instances load-
ed. A higher value indicates higher CPU usage.

Each compressor may use an external signal, in-
stead of the main input, to control the amount 
of audio compression.

The different routing configurations allow to 
choose between the internal (channel n.1 & 2), 
or the external side chain input (channel n.3 & 4).
We use the term “internal sidechain” to specify 
that the compressor is fed internally (it means it 
has an internal routing) when the input signal is 
at the same time the control signal. 

The “external sidechain” derives the control sig-
nal from another source (entering the plugin, but 
not necessarily the compressor, as it can be fil-
tered or EQed before the dynamic section). This 
control signal then goes through the sidechain 
channel and sets the amount of the gain reduc-
tion.

Explaination of the Sidechain behaviour in dif-
ferent plugin formats:

VST: the plugin supports four input channels 
(Quadro Mode). The first two channels represent 
the audio channels (1-2), the last two channels 
are the sidechain channels (3-4).

AAX: the external sidechain routing controls a 
key input parameter to selectively modify the
sidechain in PT. Audio channels (1-2), Sidechain 
channels (3-4).

Internal / external sidechain

Load
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Button 1:
input 1+2 > compressor

Some hosts do not support the channels 3 – 4. 
To avoid any crash you can set the TAG LEGA-
CYSTEREOCHANNEL in the plugin’s XML mas-
ter file (ie. LIME.xml) so that problematic hosts 
can manage correctly the requested number of 
channels.
<LEGACYSTEREOCHANNEL> 0 </LEGACYSTE-
REOCHANNEL> sets 2 channels;
<LEGACYSTEREOCHANNEL> 1 </LEGACYSTE-
REOCHANNEL> sets 4 channels.
Users may contact our technical support for 
more details. The external sidechain is not yet 
supported in AUDIO UNIT (AU). It will be imple-
mented in the future.

Button 2:
input 1+2 > compressor input (audio signal)
input 3+4 > compressor sidechain (control signal)

Button 3:
input 1+2 > filter > equalizer > compressor input

Button 4:
input 1+2 > filter > equalizer > compressor input 
(audio signal)
input 3+4 > compressor sidechain (control signal)
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Button 5:
input 1+2 > filter > compressor

Button 6:
input 1+2 > filter > compressor input
(audio signal)
input 3+4 > compressor sidechain (control signal)

Button 7:
input 1+2 > compressor input (audio signal)
input 1+2 > filter > equalizer > compressor 
sidechain (control signal)

Button 8:
input 1+2 > compressor input (audio signal)
input 3+4 > filter > equalizer > compressor 
sidechain (control signal)

Button 9:
input 1+2 > filter > compressor input
(audio signal)
input 1+2 > filter > equalizer > compressor 
sidechain (control signal)
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Button 10:
input 1+2 > filter > compressor input
(audio signal)
input 3+4 > equalizer > compressor sidechain 
(control signal)

Button 11:
input 1+2 > equalizer > compressor input
(audio signal)
input 1+2 > filter > compressor sidechain
(control signal)

Button 12:
input 1+2 > equalizer > compressor input
(audio signal)
input 3+4 > filter > compressor sidechain
(control signal)

Button 13:
input 1+2 > compressor input (audio signal)
input 1+2 > filter > compressor sidechain
(control signal)
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Button 14:
input 1+2 > compressor input (audio signal)
input 3+4 > filter > compressor sidechain
(control signal)

The DRY/WET control determines the mix pro-
portion between the original (dry) and ‘effected’ 
(wet) signals.

This is a very powerful and simple to use feature. 
It significantly changes the compression charac-
ter (parallel or sidechain compression), and it is 
strictly connected to the signal routing control.

The right routing configuration and the correct 
use of the DRY/WET control are essential in or-
der to achieve radically different sound qualities.

Dry / Wet
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Preamp Section
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Lime’s preamps are based on a collection of vari-
ous hardware units; they emulate the phase and 
the harmonic and frequency response of their 
corresponding circuits.

This carefully chosen combination of preamps is 
intended to provide the user with a virtual con-
sole emulation with many flexible options. The 
descriptions provided below should only be tak-
en as a guide, not as rule. The best use of these 
tone colours can only be evaluated by the user on 
a case per case basis; the engineer’s final judge-
ment should always depend on his/her own ears 
and imagination only. 

Device A is inspired by a legendary 80s British 
console.

Line A 

This is the default preamp for EQ A. It models the 
subtle colour of the entire channel path of the 
above mentioned console, with the exclusion 
of the dynamics circuit. This preamp features 
a transformerless line input gain stage and an 
electronically balanced transformerless output 
amplifer. This is a clean preamp which might as 
well be inserted on all the channels in your DAW 
mixer, to achieve that subtle analogue vibe of a 
real mixing desk.

Preamp section

14



Mic A 

This circuit emulation models the same signal 
path as Line A, but it is based on a transformer 
balanced microphone input. As such it could be 
classified as slightly “dirtier” sounding than Line 
A. This preamp could be used instead of Line A 
or even in conjunction with it when a stronger 
tone color is desired.
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Comp A 

This preamp includes the same path as Line A. 
In addition, it includes also the colour of the on-
board compressor and its makeup gain stage.
This circuit is characterised by a higher order har-
monic distortion. We suggest to use this preamp 
in order to recreate the sound of the original 
compressor A.

Mix A 

This is a cleaner version of the Mix A St preamp 
described below. It consists of the channel path 
of Device A, and it terminates at the left main 
mix bus output of the console. This emulation is 
recommended when the effect of stereo image 
decorrelation isn’t desired.
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Mix A ST

A pair of line inputs has been modelled in this 
stereo emulation. The signal also passes through 
the panning matrix of the console and termi-
nates at the left and right outputs of the main 
mix bus. Small differences in the left and right 
paths provide a subtle stereo decorrelation/im-
age expansion. Consider using this emulation on 
your groups buses, auxes and main mix bus, or 
even individual stereo channels.
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Line B

This is the default preamp for EQ B. It models the 
subtle colour of the entire channel path of the 
above mentioned console, with the exclusion of 
the onboard dynamics stage. The circuit consists 
of a transformerless line input gain stage and an 
electronically balanced transformerless output 
amplifer. This is a clean preamp which could be 
inserted on as many channels in your DAW mixer 
as you like.

Device B is inspired by a modern British flag-
ship console.

Mic B

This circuit emulation models the same path 
as Line B, however it is based on a transformer 
balanced microphone input. As such it could be 
classifed as slightly “dirtier” sounding than Line 
B. This preamp could be used instead of Line B or 
even in conjunction with it when a stronger tone 
color is desired.
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Comp B ST

A pair of line inputs has been modelled in this 
stereo emulation. This preamp includes the 
same path as Line B. In addition, it includes also 
the colour of the onboard compressor and its 
makeup gain stage.
We suggest to use this preamp in order to recre-
ate the sound of the original compressor B.
When used on stereo tracks, the preamp pro-
vides a subtle stereo image decorrelation.
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Mic F ST

This preamp emulates a matched stereo pair of 
Class A microphone preamps known for their 
warm, classy sound. The path includes two 
sought after transformers both on input and 
output. Small differences in the left and right 
paths provide a subtle stereo decorrelation/im-
age expansion.

Device F is inspired by a classic 70s Class A Brit-
ish circuitry.

Mix F ST

This is the transformer balanced line input ver-
sion of Mic F ST preamp. Mix F ST provides a sub-
tle high frequency softening effect and a gentle 
low frequency boost.
Both Device F preamps have been sampled in 
stereo. Consider using Mix F ST on your main 
mix bus and group buses.
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SLATE

This button engages a stereo preamp which is 
a hybridation between a careful sampling of a 
modern british preamp and a bandpass filter, in 
order to obtain a talkback emulation, hence the 
name SLATE.
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Equalizer Section
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The ON buttons activate each section of the EQ. 
When illuminated, these sections are enabled, 
when the leds are off the sections are bypassed.

Low frequency band

The LF Hz knob sets the low frequencies be-
tween 33Hz to 370Hz in 21 steps.

The LF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The LF Q knob switches the Low Frequency band 
between Peaking and Shelving modes. 
This knob allows gradual adjustments from Peak 
(Low Q) , Peak (High Q) to Shelving mode.
Low Q is 0.7 and High Q is 2.0.

“ON” button

A mode

Equalizer section
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Low Mid Frequency  Band 

The LMF Hz knob sets the low frequencies be-
tween 190Hz to 2kHz in 21 steps.

The LMF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The Low Mid Q knob adjusts the continuously Q 
between 0.4 and 10. Q is variable.
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High Mid Frequency Band 

The HMF Hz knob sets the low frequencies be-
tween 0.8kHz to 9kHz in 21 steps.

The HMF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The High Mid Q knob adjusts the continuously Q 
between 0.4 and 10. Q is variable.
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High Frequency Band 

The HF kHz knob sets the low frequencies be-
tween 1.5kHz to 18kHz in 21 steps.

The HF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The HF Q knob switches the Low Frequency 
band between Peaking and Shelving modes.
 
This knob allows gradual adjustments from Peak 
(Low Q) , Peak (High Q) to Shelving mode .
Low Q is 0.7 and High Q is 2.0.
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Low frequency band

The LF Hz knob sets the low frequencies be-
tween 33Hz to 440Hz in 21 steps.

The LF Gain knob sets the boost or cut for this 
band with a range of +/-18dB

The LF Q knob switches the Low Frequency band 
between Peaking and Shelving modes.

This knob allows gradual adjustments from Peak 
(Low Q) , Peak (High Q) to Shelving mode.
Low Q is 0.7 and High Q is 2.0.

B mode
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Low Mid Frequency  Band 

The LMF Hz knob sets the low frequencies be-
tween 120Hz to 1.95kHz in 21 steps.

The LMF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The Low Mid Q knob adjusts the continuously Q 
between 0.4 and 10. Q is variable.
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High Mid Frequency  Band 

The HMF Hz knob sets the low frequencies be-
tween 0.8kHz to 9.5kHz in 21 steps.

The HMF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The High Mid Q knob adjusts the continuously Q 
between 0.4 and 10. Q is variable.
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High Frequency Band 

The HF kHz knob sets the low frequencies be-
tween 1.6kHz to 19kHz in 21 steps.

The HF Gain knob sets the boost or cut for this 
band with a range of +/-18dB.

The HF Q knob switches the Low Frequency 
band between Peaking and Shelving modes.
 
This knob allows gradual adjustments from Peak 
(Low Q) , Peak (High Q) to Shelving mode .
Low Q is 0.7 and High Q is 2.0.
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The ON buttons activate both Filter sections. 
When illuminated, these sections are enabled, 
when the leds are off the sections are bypassed.

Hp section includes 2 different highpass filters, 
A and B mode. They are derived from 2 different 
devices.

A mode
The high-pass filter has a 12dB per octave (20dB 
per decade) slope and a frequency range from 
31.5Hz to 315Hz.

B mode
The high-pass filter has a 12dB per octave (20dB 
per decade) slope and a frequency range from 
30Hz to 300Hz.

Lp section includes 2 different highpass filters, A 
and B mode. They are derived from 2 different 
devices.

A mode
The low-pass filter has a 12dB per octave (20dB 
per decade) slope and a frequency range from 
7.5kHz to 18hHz.

B mode
The low-pass filter has a 12dB per octave (20dB 
per decade) slope and a frequency range from 
1.5kHz to 18kHz.

“ON” button

HP filter

LP filter

Filters section
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Compressor Section
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Ultramatch

What’s new this time? There is a new technique 
we consider as part of Core9, which led us to a 
technology jump. 

This technique is called “ultramatch”.
It is a new technique for minimizing the errors. 
By using a dedicated Nebula instance, it enables 
to find and simulate the time variables of the 
original curve ensuring a high precision level. 
The previous technique just used to decompress 
the signal calculating the envelope followers of 
the attack and release shapes. 

Below we show a comparison between the tar-
get model signal and the processed signal of “C” 
compressor.

Release 0



43

Release 1

Release 2



Release 3

Release 4
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Compressors

The  COMPRESSOR section is characterized by a 
modern design, performance and reliability.
Including a compressor module in this plug-in 
provides a complete device which can deliver 
the character and sound of the original device 
while incorporating some new exciting features 
that belong to the sampled device. 

LIME’s compressor section is a masterpiece in-
cluding 5 different compressors all in one plug-
in! Each one is characterized by a unique sound. 
We are especially proud of C Compressor, which 
is an emulation of a rare, powerful and expen-
sive hardware!
In our opinion it’s a masterpiece that sounds 
good!

the Compressor is activated by pressing this but-
ton.

It measures the reduction level applied by the 
compressor. The meter indicates ‘0’ in the ab-
sence of any input signal or gain reduction. If 
the signal exceeds the compression threshold or 
limit level, the amount of gain reduction is dis-
played.

This knob sets the compression ratio.
A, B, E Compressors available range values from 
1:1 to MAX:1 
C, D Compressors available range values from 
1:5 to MAX:1

“ON” button

Gain reduction meter

Ratio knob
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Ratio A

Ratio E

Ratio B

Ratio C-D
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Attack A

Attack B

This knob sets the shape of the compression 
curve. 
Engaging this button it is possible to set the 
KNEE of this module to decide the way the com-
pressor begins to reduce the gain of the signal.

SOFT : compression begins gradually as the sig-
nal exceeds the threshold.
HARD: compression begins immediately  at the 
setted ratio.

This knob sets the compressor’s attack time that 
ranges from X* ms (fast) to X* ms (slow). 

Knee knob

Attack knob
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Release A

Release B

Release C-D

Attack C-D

This knob sets the compressor’s release time 
that ranges from X* ms (fast) to X* ms (slow). 

Release knob
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This knob is a shape control for the compressor’s 
attack behavior. It allows to fine-tune the attack 
shape so you can really customize the attack be-
haviour for any audio source. 

This knob set the threshold of the compressor 
from This knob sets -64dBu to 0dBu. 

This knob sets the gain compensation and is de-
signed to boost the compressed signal in order 
to match the level of uncompressed signal. 

This control determines the mix proportion be-
tween the original (dry) and ‘effected’ (wet) sig-
nals. Here you’ll find a very powerful and simple-
to-use feature. 

SHmod knob

Threshold knob

Make up knob

Mix knob
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The sampling process has been performed by 
Acustica. The unit was sampled with mastering 
quality converters, using a method which takes 
considerably more time than the normal sam-
pling standard. This method improves the quali-
ty on the entire audio spectrum.
Native sample frequency was 96 kHz. The 44.1 
kHz, 48 kHz, 88.2 kHz frequencies were derived 
from the native one by adown-sampling and 
up-sampling process.
This method avoids any negative sample rate 
conversion (SRC) artifacts when loading projects 
at different sample rates and gives faster project 
loading times as well.

1.1 Sampling Process

1.2 Sampling Requirements
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2. Product installation

Acqua Effects plug-ins are released with an in-
staller program for Windows and OSX. The in-
staller contains plugin specific files and system 
files. Please run OS X (1) or Windows (2) installer 
depending on your OS and your audio host plug-
in supported formats. During the installation, 
use a true administrator account or make your 
OS aknowledge that you have a user account 
with full administrator privilege.
If you don’t understand what we are talking 
about, please contact your system administra-
tor for more information.
. In VST-AU OSX installer, Skin and Vector files 
are shared between AU and VST format and are 
installed in Acustica (VST 32 bits) folder.
. In AAX OSX installer, Skin and Vector files are 
not shared with other formats and/or architec-
tures due to a limitation of the AAX format. 
Co-installation of Pro Tools 10 (32 bits) and Pro 
Tools 11/12 (64 bits) it isn’t possible.
. In VST Windows installers, Skin and Vector files 
are not shared between VST 32 bits and VST 64 
bits.
. In AAX Windows installer, Skin and Vector files 
are not shared with other formats and/or archi-
tectures due a to limitation of the AAX format. 
Co-installation of Pro Tools 10 (32 bits) and Pro
Tools 11/12 (64 bits) it isn’t possible..

- 44,1 kHz
- 96 kHz

(1) Intel i7 generation 6 or newer is recommended.
(2) 3840x2160 UHDTV is also supported.

2.1 Introduction

1.3 Sampling Rate
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3. Product authorization

Acustica Audio products use a protection based 
on a challenge-response authentication system 
that needs two main steps: Computer Identifi-
cation creation and Computer Identification on-
line request.

Run your audio/video host and create a new ses-
sion (avoid templates).
Your Acqua Effect plugin should be scanned, de-
tected, and added into the available list of plug-
ins. Load your Acqua Effect plug-in and you will 
see a message asking for authorization.
A computer Identification file (LIME.SER) will be 
created into your Acustica/Acustica64 or Com-
ponents folder depending on which format you 
are using in your audio/video host application.
If your audio/video host refuses to create an Ac-
qua Effect plugin Computer Identification file, 
try it again running it as a true administrator with 
administrator privilege. If you don’t understand 
what we are talking about, please contact your 
system administrator for more information.

- VST plug-in folder 32 bits: C:\VSTPlug-ins\Acusti-
ca\(not fixed path)
- VST plug-in folder 64 bits: C:\VSTPlug-ins\Acusti-
ca64\(not fixed path)
- AAX plug-in folder 32 bits: C:\Program Files (x86)\
Common Files\Avid\Audio\Plug-Ins\ (fixed path)
- AAX plug-in folder 64 bits: C:\Program Files\Com-
mon Files\Avid\Audio\Plug-Ins\ (fixed path)
- File name: depends on the product or bundle. Ex-
tension: .SER.

3.1 Introduction

3.2 Computer Identification creation

3.3 Computer Identification file path in WIndows
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- VST plug-in folder 32 bits: OSX HD/Library/Audio/
Plug-ins/VST/Acustica (fixed path)
- VST plug-in folder 64 bits: OSX HD/Library/Audio/
Plug-ins/VST/Acustica64 (fixed path)
- AU plug-in folder 32 and 64 bits: OSX HD/Library/
Audio/Plug-ins/Components (fixed path)
- AAX plug-in folder 64 bits: OSX HD/Library/Appli-
cationSupport/Avid/Audio/Plug-ins/(fixed path)
- AAX plug-in folder 32 bits: OSX HD/Library/Appli-
cationSupport/Avid/Audio/Plug-ins/ (fixed path)

Go to Acustica Audio website, Customer Area, 
Dashboard, Authorize Products.
Browse to your Computer Identification file 
(LIME.SER) and click Upload. Our Global Key 
Generator will create your authorization and 
within few minutes you will receive an email with
your authorization attached. The Global Key 
Generator will also deposit a copy of your au-
thorization into “My Licenses” section in your 
Dashboard as an on-line backup.

If your audio/video host refuse to create Acqua 
Effect plug-in Computer Identification file, try it 
again running it as true administrator with ad-
ministrator privilege. If you don’t understand 
what we are talking about, please contact your 
system administrator for more information.

3.4 Computer Identification file path in OSX

3.5 Computer Identification online request
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4. Online authorization request

Browse to your computer ID file (LIME.SER) 
created in Acustica/Acustica64 folder(s), Com-
ponents folder, AAX Plug-ins folder, depending 
which format are you using, and upload it in 
Acustica Audio website, Customer Area, Dash-
board, Authorize Products.
Our Global Key Generator will create your per-
sonal key in three minutes and you will receive 
an email with your personal key and also GKG 
(Global Key Generator) will add a copy of your li-
cense into My Licenses section in your Dasboard 
as an on-line backup.

IMPORTANT: Try with different browsers if you 
have any trouble with computer ID file upload.

NOTE: Do not try multiple uploads of your com-
puter ID file (LIME.SER) after each request, wait 
at least 3 minutes.
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After creating your license file, our Global Key 
Generator will send you a message to your reg-
istered email address with your license file com-
pressed in zip format as an attachment. De-
compress your license file and move it to the 
corresponding path, depending on the format 
you use. The product will be unlocked after you 
move the license file to the correct folder.

- VST plug-in folder 32 bits: C:\VSTPlug-ins\Acusti-
ca\(not fixed path)
- VST plug-in folder 64 bits: C:\VSTPlug-ins\Acusti-
ca64\(not fixed path)
- AAX plug-in folder 32 bits: C:\Program Files (x86)\
CommonFiles\Avid\Audio\Plug-Ins\ (fixed path)
- AAX plug-in folder 64 bits: C:\Program Files\Com-
monFiles\Avid\Audio\Plug-Ins\(fixed path).

File name: depends on the product or bundle.
Extension: .AUT.
Note: our Global Key Generator will also deposit a 
copy of both your Computer Identification and your 
license into “My Licenses” section in your Dash-
board as an on-line backup.

4.1 License Installation

4.3 License file path in Windows

57



4.4 Installation paths

4.4.1 OS X paths:

- VST plug-in folder 32 bits: OSX HD/Library/Audio/
Plug-ins/VST/Acustica (fixed path)
- VST plug-in folder 64 bits: OSX HD/Library/Audio/
Plug-ins/VST/Acustica64 (fixed path)
- AU plug-in folder 32 bits: OSX HD/Library/Audio/
Plug-ins/Components (fixed path)
- AU plug-in folder 64 bits: OSX HD/Library/Audio/
Plug-ins/Components (fixed path)
- AAX plug-in folder 32 bits: OSX HD/Library/Appli-
cation Support/Avid/Audio/Plug-ins (fixed path)
- AAX plug-in folder 64 bits: OSX HD/Library/Appli-
cation Support/Avid/Audio/Plug-ins (fixed path)

4.4.2 Windows paths:

- VST plug-in folder 32 bits: C:\VSTPlug-ins\Acusti-
ca\(recommended path)
- VST plug-in folder 64 bits: C:\VSTPlug-ins\Acusti-
ca64\(recommended path)
- AAX plug-in folder 32 bits: C:\Program Files (x86)\
Common Files\Avid\Audio\Plug-Ins\ (fixed path)
- AAX plug-in folder 64 bits: C:\Program Files\Com-
mon Files\Avid\Audio\Plug-Ins\ (fixed path)

Also recommended:

- Do not resume downloads.
- Disable any anti-virus and/or any anti-malware.
- Disable OSX Gatekeeper.
- Disable Windows Smart Screen.
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