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ABSTRACT

With the advent of sound field simulator, many sound fields have been reproduced by obtaining the impulse responses of specific
acoustic spaces like famous concert hall, opera house. This sound field reproduction has been done by the linear convolution
operation between the sound input signal and the impulse response of certain acoustic space. However, the conventional finite
impulse response based linear convolution operation always makes real-time implementation of sound field generator impossible due
to the large amount of computational burden. This paper introduces the fast convolution method using perceptual redundancy in the
processed signals, input audio signal and room impulse response. Temporal and spectral psycho-acoustic filters considering masking
effects are implemented in the proposed convolution structure. It reduces the computational burden of convolution methods for real-
time implementation of a sound field generator. The conventional convolutions are compared with the proposed one in views of
computational burden and sound quality. In the proposed method, a considerable reduction in the computational burden was realized

with acceptable changes in sound quality.
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X[n]: nput signal, h[n]:RIR, y[n]: Output signal
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2. Conventional Block Convolution
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3. Proposed Fast Block Convolution
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