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A New Algorithm for VoIP Adaptive Buffer
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Abstract: The contradiction betw een network dely and the buffer is an important issue of the application of VoIP. Introduces several ma
jor current buffer algorithms i the application of VolP, and analyses their advantages and disadvantages respectively. Then a new adaptive
buffer algorithm is proposed, w hich is named FISD algorithm . T he representation of the existing algorithms and FISD algorithm simulation

experiments were carried out. The results show that when the network dehy jitter is intense, the new algorithm can effectively improve
voice quality.
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P(i+ 1)- P(1);
Dn(i): i

(i) = S(i)= R(i);
Db(i): i
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