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By purchasing products from Muze or any authorised company which sells Muze
products you expressly agree and accept this license agreement. Please make sure 
you read the terms & conditions of this license agreement carefully.

PLEASE NOTE: 
This is a general license which covers all Muze products.

1. Muze grants you a non-exclusive royalty free license to use Muze products for 
    all kinds of audio and video carriers such as: CDs, DVDs, but also videos, movies,    all kinds of audio and video carriers such as: CDs, DVDs, but also videos, movies,
    games, websites, apps and so forth. You may modify and use the sounds for 
    commercial purposes as part of a musical composition with other sounds.

2. A right to use the sounds is granted only to the Licensee and is NOT transferable. 
    You may not resale, re-license, loan, copy, assign, rent, upload or download from 
    any server, distribute in any way the sounds licensed to you. 

3. The content may not be used in the creation of any competitive product, such as 
    a Sample Pack, Sample CD, Sample DVD,     a Sample Pack, Sample CD, Sample DVD, Virtual Instruments, or any other 
    collection of sounds  in any format. These sounds, samples and loops may 
    not be used isolated. 

4. Licensor will not be responsible if the sounds do not fit the particular purpose 
    of the Licensee.

5. If you have any questions about license agreement, then please contact 
    us via e-mail: info@muze.shop

User License Agreement
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Copyright © 2020 Muze. All Rights Reserved.
No part of this document can be reproduced, transferred, distributed or stored in 
any format without the prior written permission of Muze.

Third-party trademarks are the property of their respective third-party owners. 
Presence of a third-party trademark does not mean that Muze has any relationship 
with that third party or that the third party endorses Muze or its services.

Copyright
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REQUIREMENTS

This Instrument requires that you have installed the Full Version of Kontakt 5.6.6 or newer.
It will not work with the free Kontakt Player.
The NKI instrument preloads about 200 MB to RAM. 
Make sure that your computer has enough RAM to cope with your host DAW 
needs and this and other Kontakt libraries needs.
When using more libraries at once, a fast HDD or an SSD is warmly suggested.When using more libraries at once, a fast HDD or an SSD is warmly suggested.

UNPACKING

Once you have downloaded the Install files, please follow these steps:
The ZIP compressed files need a specific application in order to be opened.
- PC users might use WInZip: http://www.winizip.com. 
- MAC users might use 7-Zip, an open source tool for compressed files. 
These are freeware open-source option but there many commercial alternatives 
available on both platforms to open ZIavailable on both platforms to open ZIP files.

INSTALLING

Once all of the ZIP files are unpacked, you can move the decompressed folder to 
your favorite location.
Please keep and eventually make back-up copies of the ZIP installers since they 
might be useful in case of data-loss, without requiring a full re-download of 
the whole package.

LOADINGLOADING

Kontakt Instruments can be loaded in one of the following ways:
1. Drag & Drop the .nki file onto the main Kontakt interface.
2. Use the Kontakt Browser to find the .nki file and either Double-Click or Drag & Drop 
to the main interface.

Installation Instructions
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NOTE

All our Instruments use only NI Kontakt effects. This means that the functionality of all 
elements of the user interface of our Instruments is completely identical to the controls
of all other instruments for Konatkt from Native Instruments.

MAIN INTERFACE

LIMITDISTORTION
+

SKREAMER

COMPR
+

STEREO

EQ
+

LH FILTER

ARP

MAIN OUT
GAIN A/B SOUND BSOUND A
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NOTE

All our Instruments use only NI Kontakt effects. This means that the functionality of all 
elements of the user interface of our Instruments is completely identical to the controls
of all other instruments for Konatkt from Native Instruments.

EFFECTS INTERFACE

MAIN OUT EFFECTS

Interface
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NOTE

Please note that some effect settings are only available from the settings 
of instrument in Kontact Samppler.

Interface
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NOTE

All our Instruments use only NI Kontakt effects. This means that the functionality of all 
elements of the user interface of our Instruments is completely identical to the controls
of all other instruments for Konatkt from Native Instruments.

ENVELOPE SETTINGS

ATTACK – controls the attack (fade in) time.
DECDECAY – controls the time it take for the volume to fade from the maximum value 
to the sustain value.
SUSTAIN – controls the level at which the envelope will sustain while the key is held.
RELEASE – controls the release (fade out) time of the envelope after the key is released.

COMPRESSOR

Dynamic range compression or simply compression is an audio signal processing 
operation that reduces the volume of loud sounds or amplifies quiet sounds thus 
reducing or compressing an audio signal's dynamic range.reducing or compressing an audio signal's dynamic range.

THRESHOLD: Sets a level threshold above which the Compressor starts working. 
RATIO: The amount of gain reduction is determined by ratio: a ratio of 4:1 means 
that if input level is 4 dB over the threshold, the output signal level is reduced to 
1 dB over the threshold. The gain and output level has been reduced by 3 dB.
ATTACK: The attack is the period when the compressor is decreasing gain in 
response to increased level at the input to reach the gain determined by the ratio.
RELEASE:RELEASE: The release is the period when the compressor is increasing gain in 
response to reduced level at the input to reach the output gain determined by the 
ratio, or, to unity, once the input level has fallen below the threshold.
MAKEUP: Controls the output gain of the compressed signal. Used to compensate 
for the gain reduction of the effect.
OUTPUT: Controls the module’s output level.

Effects
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LIMITER

Limiter is a circuit that allows signals below a specified input power or level to pass 
unaffected while attenuating (lowering) the peaks of stronger signals that exceed 
this threshold. Limiting is a type of dynamic range compression.

IN GAIN: Sets the gain of the input signal.
RELEASE: This knob adjusts the time it takes the Limiter to return to an unprocessed 
signal after the input level falls below the threshold.signal after the input level falls below the threshold.
OUTPUT: Adjusts the module’s output level.

DISTORTION

Distortion and overdrive are forms of audio signal processing used to alter the sound 
of amplified electric musical instruments, usually by increasing their gain, producing a 
"fuzzy", "growling", or "gritty" tone. Distortion is most commonly used with the electric 
guitar, but may also be used with other electric instruments such as bass guitar, 
electric piano, and Hammond organ.electric piano, and Hammond organ.

DRIVE: Adjusts the amount of distortion.
DAMPING: Turning this knob adjusts the high frequencies in the output signal.
OUTPUT: Adjusts the module’s output level.

LO-FI

BITS: Re-quantizes the signal to an adjustable bit depth. 
S.RATE: Re-samples the signal to an adjustable sample rate. 
NOISE:NOISE: Adds noise to the audio signal.
N.COLOR: Adjusts the frequency characteristic of the noise.
OUTPUT: Adjusts the module’s output level.

Effects
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SATURATION

This module is allows you to recreate the effect of tape saturation.

MODE MENU: Select the saturation type.
SATURATION: Adjusts the transfer curve.
OUTPUT: Adjusts the module’s output level.

CABINET

This EThis Effect simulates the sound of a guitar cabinet recorded through a microphone.

CABINET TYPE: Allows you to choose the simulated cabinet model.
SIZE: Adjusts the size of the simulated cabinet. 
TREB: Boosts or cuts the level of the higher frequencies.
BASS: Boosts or cuts the level of the lower frequencies.
OUTPUT: Adjusts the module’s output level.

ROTATOR

The Rotator eThe Rotator effect simulates the sound of rotating speaker cabinets.

SPEED: A change of this setting simulates the acceleration or braking of the rotor.
BALANCE: Controls the relative levels of the cabinet’s treble and bass parts.
DISTANCE: Controls the distance between the cabinet and the pickup microphones.

DELAY

Delay is an audio effect and an effects unit which records an input signal to an audio 
storage medium, and then plays it back after a period of time.

TIME:TIME: The delay time in milliseconds. 
DAMPING: Attenuates high frequencies in the delayed signal.
FEEDB: Controls the amount of the feedback.
RETURN: Adjusts the module’s return level.

Effects
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CHORUS

Chorus effect occurs when individual sounds with approximately the same time, 
and very similar pitches, converge and are perceived as one.

DEPTH: Adjusts the range of modulated detuning. 
SPEED: Adjusts the LFO speed. 
PHASE: Imparts an LFO phase difference between the left and the right stereo channel. 
RETURN:RETURN: Adjusts the module’s return level.

FLANGER

Flanging is an audio effect produced by mixing two identical signals together, one signal 
delayed by a small and gradually changing period, usually smaller than 20 milliseconds.

DEPTH: The amount of LFO modulation.
SPEED: The LFO speed. 
PHASE: Imparts an LFO phase difference between the left and the right stereo channel. 
FEEDB: Feeds a certain amount of the delayed signal back into the fx moduleFEEDB: Feeds a certain amount of the delayed signal back into the fx module’s input.
RETURN: Adjusts the module’s return level.

PHASER

A phaser is an fx processor used to filter a signal by creating a series of peaks and
troughs in the frequency spectrum. The position of the peaks and troughs of the 
waveform being affected is typically modulated so that they vary over time, 
creating a sweeping effect.

DEPTH:DEPTH: The amount of LFO modulation.
SPEED: The LFO modulation speed.
PHASE: Imparts an LFO phase difference between the left and the right stereo channel.
RETURN: Adjusts the return level of the fx module’s output signal.

Effects
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REVERB

Reverberation is a persistence of sound after the sound is produced. 
A reverberation, or reverb, is created when a sound or signal is reflected causing 
numerous reflections to build up and then decay as the sound is absorbed by the 
surfaces of objects in the space – which could include furniture, people, and air. 
This is most noticeable when the sound source stops but the reflections continue, 
decreasing in amplitude, until they reach zero amplitude.decreasing in amplitude, until they reach zero amplitude.

PRE DLY: Adjusts the module’s pre delay level.
SIZE: Adjusts the size of the room. 
DAMPING: Sets the amount of simulated absorption that takes place in rooms
STEREO: Adjusts the stereo base width of the output signal. 
RETURN: Adjusts the module’s return level.

EQUALIZER (EQ)

Equalization or equalisation is the process of adjusting the balance betweenEqualization or equalisation is the process of adjusting the balance between
frequency components within an electronic signal.

LF GAIN: Adjusts the amount of boost or cut at the LF Frequency.
LF FREQ: Adjusts the center frequency of the low frequency band.
LMF GAIN: Adjusts the amount of boost or cut at the LMF Frequency.
LMF FREQ: Adjusts the center frequency of the low-mid frequency band.
LMF Q: Controls the Quality of the low-mid frequency band.
HMF GAIN:HMF GAIN: Adjusts the amount of boost or cut at the HMF Frequency.
HMF FREQ: Adjusts the center frequency of the high-mid frequency band.
HMF Q: Controls the Quality of the high-mid frequency band.
HF GAIN: Adjusts the amount of boost or cut at the HF Frequency.
HF FREQ: Adjusts the center frequency of the high frequency band.

Effects
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