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This paper proposes the LSF or LSP that is
the method of using to transfer the speech
parameters after processed the speech to LPC,
which is digital coding transferring efficiently,
for the best quality and the lowest bit rate of
parameters. The new revised transform
algorithm between LSF and LPC coefficients
is proposed.

The proposed algorithm eliminates all
multiplications, computes fewer operations,

and reduces memory buffer sizes. .
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