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1. Introduction

The decomposition of audio signals into perceptually meaningful modulation components iIs highly desirable for e.qg. efficient audio
compression algorithms and new musical audio effects.

e Decomposition into sets of carriers, amplitude modulation (AM) and frequency modulation (FM) components

o |ll-defined problem, infinity number of possible solutions - thus need for border conditions

e Adaption to human perception

e Interpretability of modulation parameters

» Scalabllity of audio texture detall

 Minimal side artifacts for all types of modulation processing

* Lowest possible processing delay

2. Proposed System

3. Spectral Segmentation
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5. Key Mode Change

Change of the key mode of polyphonic music content

4. Modulation Processing

Modification of AM/FM
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