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This remainder of this paper describes our efforts in building a demonstration of such a
system for the 108th Audio Engineering Society (AES) Convention.
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Figure 4. Demonstration of the loss recovery protocol, in which the receiver starts to drop
packets at 40 seconds. (a) The sender begins transmitting packets normally, but in response to a
resend request from the receiver, the retransmission protocol is activated at t=40s. (b) The
receiver fails to receive any packets via the UDP socket so issues a retransmission request

shortly after the onset of packet loss.
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