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1. INTRODUCTION

2. COMPRESSION ALGORITHM

3. EXPERIMENT

Sound Field Reproduction

Sending the acoustic information from a space to the other space

Problem
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A New Approach of Spatial Compression

» The information of the sound sources 1s included in all channel signals

— Extract the source signals from the channel signals

Transmission data reduction

The number of channels = The number of sound sources

Compression (Extraction of the Sound Source Signals)

¥ Convolve the inverse transfer function matrix to the M channel signals
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Synthesis of Channel Signals
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Reconstruction Computation of Inverse Filter

Measurement of Room Impulse Response

Measurement Conditions

Time domain Frequency domain
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— The sound field perception is atfected by the coding in the condition of coding delay 10ms

— It needs to evaluate in the condition of the longer coding delay




