2000Us cHBTOI&tS stAgteHs =23 2000.7.17-20

Hid&Ss 1c0i8t JIAAZ Dual Rate ADPCM 24 CODEC 8

2URHA],
=03

[l =2
S

Implementation of Variable Threshold Dual Rate ADPCM Speech CODEC
Considering the Background Noise

JaeSeok Yang, Kyongho Han
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Abstract - This paper proposed variable
threshold dual rate ADPCM coding method
which is modified from the standard ADPCM of
ITU G.726 for speech quality improvement.

The speech quality of variable threshold dual
rate ADPCM is better than single rate ADPCM
at noisy environment without increasing the
complexity by using ZCR(Zero Crossing Rate).
In this case, ZCR is used to divide input signal
samples into two categories(noisy & speech).
The samples with higher ZCR is categorized as
the noisy region and the samples with lower
ZCR is categorized as the speech region.
Noisy region uses higher threshold value to be
compressed by 16Kbps for reduced bit rates and
the speech region uses lower threshold value to
be compressed by 40Kbps for improved speech
quality.

Comparing with the conventional ADPCM,
which adapts the fixed coding rate, the
proposed variable threshold dual rate ADPCM
coding method improves noise character without
increasing the bit rate. For real time
applications, ZCR calculation was considered as
a simple method to obtain the background noise
information for preprocess of speech analysis
such as FFT and the experiment showed that
the simple calculation of ZCR can be used
without complexity increase.

Dual rate ADPCM can decrease the amount of
transferred data efficiently without increasing
complexity nor reducing speech quality.
Therefore result of this paper can be applied
for real-time speech application such as the
internet phone or VolP.
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