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Implementation of a High—Quality Audio Collaboration System Over IP Networks
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Abstract In this paper, we implement several methods to improve an audio collaboration system
over IP networks, and then evaluate the performance of the implemented methods, In general,
speech and audio quality degrades depending on the characteristics of IP networks such as jitter
and packet loss, In order to reduce this quality degradation, we propose a lower bit rate audio
delivery scheme using the MPEG—2 AAC (Advanced Audio Coding) audio codec in a viewpoint that
a packet loss rate could be reduced by a smaller packet size, In addition, iLBC (Internet
Low—Bitrate Codec) and the G,711 packet loss concealment algorithm defined by IEFT and ITU-T,
respectively, are applied to a audio collaboration system, RAT (Robust—Audio Tool)[7] is used as
a baseline platform for the implementation of the proposed methods, It is shown from the
implementation that the implemented MPEG-2 AAC audio codec with a bitrate of 256 kbit/s
performs as similar as the uncompressed audio quality with a bitrate of 512 kbit/s, and that iLBC
and the G, 711 packet loss concealment algorithm can improve speech quality when a packet loss
rate is 2~10%,

¥ 2]of: Audio collaboration system, IP network, Audio codec, Speech codec, Packet loss concealment,
MPEG-2 AAC, ILBC, G 711 Appendix I
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