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Abstract

This paper proposes a signal control method based on machine learning for transform audio coding and compares the results
with time-domain flattening operation. The input signal and the control signal determined by machine learning are multiplied in the
time domain before encoding, and the control signal is removed after decoding. In the training stage, the encoding operation is
modeled in a differentiable form for end-to-end training. It is confirmed that the optimal signal control corresponds to the
time-domain flattening and provides performance improvement in the transient region.
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Fig. 1. Overall structure of the proposed method
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Fig. 2. Example of signal for each step in signal control module
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