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] Abstract

In this paper, the implementation of dual rate ADPCM using G.726 16Kbps and 40Kbps speech codec
algorithm is handled. For small signals, the low rate 16Kbps coding algorithm shows almost the same SNR as
the high rate 40Kbps coding algorithm , while the high rate 40Kbps coding algorithm shows the higher SNR
than the low rate 16Kbps coding algorithm for large signal. To obtain the good trade-off between the data rate
and synthesized speech quality, we applied low rate 16Kbps for the small signal and high rate 40Kbps for the
large signal. Various threshold values determining the rate are applied for good trade-off between data rate and
speech quality. The simulation result shows the good speech quality at a low rate comparing with 16Kbps &
40K bps.
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Fig. 1. The Block Diagram of ADPCM.
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Fig. 2. The Process Flow of Dual Rata ADPCM.
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Table 1. The Comparison of SNR for Various Coding
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Table 2. The Average Bit Rate and SNR for Various
Threshold Values.
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Fig. 5.The Average Bit Rate and SNR for Various
Threshold Values.
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Table 3. The Average Bit Rate and SNR for
Various Input Signal Amplitude.
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Fig. 6. The Average Bit Rate and SNR for Various
Input Signal Amplitude.
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