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An Adaptive Jitter Buffering Algorithm for Voice over IP Networks

Gou Xiantai Jin Weidong and Jin Fan
School of Electrical Engineering Southwest Jiaotong University Chengdu 610031

Abstract The continuous playout of voice packets in the presence of variable network delays is often
achieved by buffering the received voice packets for sufficient time. Basic jitter buffering algorithms can
work well only when the delay does not spike in the IP networks. In this work an adaptive jitter buffering
algorithm based on the detecting and studying the spike status of the networks is presented to promote the
quality of voice communication. It timely adjusts the minimal and maximal depth of buffer queue according
to the control target of end-to-end delay and packet loss rate. The algorithm can much more easily achieve
the continuous playout because it plays voice packet at a fixed inter-play time in the most time of a talk-
spurt. The control target of packet loss rate can be extended to 20% . However the basic algorithms can
only bear 5% ~10% of the packet loss rate. Perceptual evaluation of speech quality PESQ is applied to
assess the speech quality in the simulation. It is shown that the algorithm can obviously promote the quality
of voice communication in IP networks with spike delay. The practical application in voice gateway can also

prove the effects of voice quality promotion.
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Table 1 PESQ Scores under Various Delays and Delay Jitters
1 PESQ
Score of AAIVB
Delay ms Spike Delay ms Cisco 3600 Score
Talk-Spurt 1 Talk-Spurt 2 Total Score
100 150 3.636 3.636 3.636 3.636
100 250 2.791 3.477 3.283 2.909
100 300 2.731 3.426 3.204 2.643
150 350 2.833 3.177 3.058 2.262
150 400 1.813 3.244 2.774 1.853
200 450 1.841 3.234 2.767 1.841
200 500 1.848 3.166 2.605 1.777
250 550 1.703 3.159 2.566 1.649
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Research Background

In 2003 a test was carried out for voice communication between an Intranet of the Ministry of Transportation in Beijing and an
enterprise network in New York and the round-trip average delay was found to be 1713 ms. The official IP voice service network
organized in this environment still enjoys a sound development. The actual application demonstrates that given the condition of
appropriately size of end-to-end delay as long as the voice is smooth and continuous users can still complete the IP voice
communication with certain satisfaction degree. However the spike delay jitters cause the quality of voice. In this work an adaptive
jitter buffering algorithm based on the detection and study of the spike status of the networks is presented to promote the quality of
voice communication. It timely adjusts the minimal and maximal depth of buffer queue according to the control target of end-to-end
delay and packet loss rate. The algorithm can much more easily achieve the continuous playout because it plays voice packet at a fixed
inter-play time in the most time of a talk-spurt. The control target of packet loss rate can be extended to 20 % . However the basic
algorithms can only bear 5% ~10% of the packet loss rate. Perceptual evaluation of speech quality PESQ is applied to assess the
speech quality in the simulation. It is shown that the algorithm can obviously promote the quality of voice communication in IP
networks with spike delay. The practical application in the voice gateway Mypower VG2000 can also prove the effects of voice quality
promotion. Our research is supported by Maipu Data Communication Co. Ltd. The quality of voice communication with spike delay

will be a serious problem in the next generation networks NGN . More works should be done in the future.



