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Abstract

In this paper, we propose a delay-constrained
retransmission method to control packet error or loss in
common internet. The Delay Regulator(or Jitter Buffer)
which is used to control errors caused by unreliable UDP
connection, stores received data packets for a small
amount of time to prevent network jitter from affecting
display quality, which causes constant delay. In this
paper, we propose a retransmission method to increase
efficiency of ARQ(Automatic Repeat reQuest) by using
characteristic of delay regulator.
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