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Modelling Speech Spectra Based on Logarithmic Shallow Neural Networks
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Speech is one of the most important communication tools, and various speech
technologies are used around us. Especially in recent years, deep learning is often used blindly as
its backend because it has been attracting worldwide attention. While deep learning shows very high
performance for each task, it has the disadvantage of having a huge number of parameters and high
computational cost. Compact machine learning models with a fewer number of parameters are preferable
for small devices with limited computational resources. In this study, we proposed a new
methodology and framework for a compact shallow-layer model that appropriately represents data,
focusing on the specific properties and structures of speech data, and verified the effectiveness of
the proposed model through multiple experiments.
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