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Abstract

LSF (Line spectral frequency) derived from LPC has known as a very useful transmission para-
meter of speech signals, for it has a good linear interpolation characteristics and a low spectrum
distortion at low bit rates coding.

This paper presents that it is possible to extract directly the formant frequencies of speech
signals from LSF parameter without application of FFT algorithm by comparing the distribution of
LSF parameter with the frequency distribution of analysis filter.

This paper suggests the advanced algorithm that results in improving the speed of convergence
at analytic solution method.

Also, for the flexibility of parameters, the process that transforms from LSF to LPC is

presented.
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Table, 1. The conversion of LPC into LSF.
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