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NARU: Natural-gradient AutoRegressive Unlossy Audio Compressor
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Abstract: In lossless audio compression, it is essential for predictive residuals to remain sparse when
applying entropy codings. The sign algorithm (SA) is a conventional method for minimizing the
magnitude of residuals; however, it exhibits poor convergence performance compared with the other
adaptive algorithms. Although the natural gradient sign algorithm (NGSA) exhibited better conver-
gence performance than SA; its practical applications were not provided yet. This paper proposes a
novel lossless audio codec based on the NGSA, called Natural-gradient AutoRegressive Unlossy Audio
Compressor (NARU). Its implementation was written by C and open-source. We compared the NARU
with existed well-known codecs and showed better compression performance.

Keywords: Lossless audio codec, adaptive algorithm, sign algorithm, natural gradient method, au-
toregressive model
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