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Goal

Input: Multichannel mixed musical signals

Output: Unmixed “instrument” source
signals
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Multichannel Audio

IS
DVD-Audio, Super Audio Compact Disc

Up to 6 channels of 96 KHz sampling rate
More than 1,000 titles and growing

Better spatial separation of instruments

heoretically separate up to 6 instruments
IN a mix.
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Recording / Mixing L
—n i)

Tracks

N-Channel Mix

v
I ... I

ISMIR Graduate School: October 5, 2004



Applications ...

— "
Enables common music analysis
algorithms:

Pitch detection

Instrument recognition

Beat detection

Segmentation

Transcription

Structure analysis, ...

Automatic sample extraction for synthesis
/ visualization applications.
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Source Separation
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Blind Source Separation
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Challenges

Number of sources
unknown, changing, > number of channels

Moving sources

Multiple paths

Low frequency effects channel
Evaluation
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Unknown Number of Sources

|ICA algorithms are parameterized by the
number of sources present

Source number estimation algorithms

exist
Aouada et al. 2003

Estimate sources, then ICA
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Changing Number of Sources

|CA assumes the number of sources does

not change

Separate sources and positions in small
analysis windows

Cluster source positions and combine
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More Sources than Channels

Solvable if not simultaneous

Otherwise, move to frequency domain
X = Spectrogram
A = FFT of sources
s = Amplitude envelope of sources

X A S
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Moving Sources »
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Spiraling effect

Tracking algorithms assume small change in
position over time.

Soloist always front and center
Cluster on timbre rather than position
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Multiple Paths

Concert Hall effect

Impulse response of
room

Closed Space

1)
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Multiple Paths

Time delayed attenuated signals
contribute to direct path

For one source, one channel

Blind deconvolution (i.e. Bell & Sejnowski;
1995)

For multiple source, multichannel

Multichannel blind deconvolution (Lambert;
1996)

‘A’ Is FIR matrix instead of scalar matrix
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Low Frequency Channe

Low frequency effect channel does not
contain full source.

ICA attempts to find components that
spread across the channels

Reduces to multiple path problem

FIR filter represents low-pass filter instead of
impulse response of room.
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Evaluation -

Evaluation
Mixtures of sinusoids

Mixtures of known sources
Anyone have multi-track recordings to share?

Mixtures with unknown sources (?)
DVD-Audio
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Questions / Comments
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