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In thisthesis, we designed and implemented a proxy cache for areal-time internet video
streaming system. The implemented proxy cache is placed between a media server and
clients. Upon receiving a request for the stream, the proxy initiates transmission to the
client and simultaneously requests the remaining data from the server. We reduced the
round-trip delay by the initial data to travel from proxy to client. To hide the delay,
throughput, and loss effects of a weaker service model between the server and the proxy,
the proxy performs smoothing into the client playback buffer. We were certain that the
proxy transmits data to clients with constant rate, while fetching data from the media server.
A Video stream is played without discontinuity even when about 4.4% of the packetsislost
over the link. The mechanism of data store and transmission are measured for the cache,
and the action of the proxy when we apply TCP-friendly transport algorithm for multimedia
data.
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