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CONCLUSIONS

Investigated effects of AR delay-compensation on ASC using wave-

domain processing over large spatial regions

Proposed and evaluated a linear dipole array system using AR

prediction and wavefield decompositions to minimise residual energy

Analysis of proposed system finds optimal block length of 12 ms

Shown trade-off between reproduction and prediction accuracy

Proposed system capable of suppression of -5.74 dB over 2.54 m2

WAVE-DOMAIN SOUNDFIELD SUPPRESSION

— Soundfield function as an expansion of orthogonal basis wavefields

— Minimise the error between the talker soundfield and a control

soundfield

— QR factorisation results in

— Sub (3) in (1), where �,� are control soundfield coefficients,

gives

LOUDSPEAKER WEIGHTS

— Monopole loudspeaker weights are found using cylindrical harmonic

expansion

— Dipole loudspeaker positions are given by

— Dipole loudspeaker weights are found by converting monopole

weights

Dipole weights reproduce a control soundfield on one side of the array
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INTRODUCTION

Personal sound can be provided by spatial regions of controlled

sound reproduced using loudspeaker arrays.

Active Speech Control (ASC) is a technique that allows secondary

sources to reproduce destructive soundfields.

Physical partitions may be replaced by an active loudspeaker array

to benefit offices, libraries, teleconferencing rooms, restaurants, cafes,

stadiums and vehicle cabins.

In this work, we investigate the effects of compensating for wave-

domain filtering delay in an ASC system using autoregressive (AR)

modelling.

Active control layout for a linear dipole array directed to the right.

RESULTS

Using 18 dipole loudspeakers

Performance is gauged using the normalised acoustic suppression:

Best mean suppressions 

over 2.54 m2:
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(A) – Inactive (B) – Active

Suppression, , for a 12 ms block length.

Mean suppression, .

SHORT-TIME SIGNAL PROCESSING

— An input signal, , is broken into frames using a window, ,

of length

— Each frame is filtered using the dipole weights, �,� , from (7)

— A synthesis window, also , is applied to the weighted output

from (8) and is added to the accumulated output signal, �,� .

— The autocorrelation method estimates AR parameters, � �∈ �
.

— Soundfield filtering delay is compensated for using linear prediction

— Geometric delay compensation by inverse filtering

— Reproduced control soundfield

where the acoustic transfer function is


