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ABSTRACT

Internet telephony is an application that transmits voice data for conversation. Therefore it
must provide high sound quality. However while audio packets are transferred through the
network, they are affected by delay variations and jitters, which could result in poor sound
quality if the receiving end does not have an appropriate jitter buffer to overcome network
factors. This thesis introduces a buffer management algorithm that could be used to provide
better sound quality for Internet phone terminals. This algorithm actively responds to both the
compression algorithms that are used by the terminals, as well as to the received data to provide
an improvement in sound quality. In order to confirm the validity of the suggested algorithm,
comparisons of the performance have been made between the existing buffer management

algorithms and this new algorithm in various network settings.
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