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This project studies the performance of voice streams over 802.16e networks. We assume the voice source employs a speech activity detection (SAD) mechanism so no packets are generated when the source stays in silence state and packets are periodically generated when it stays in talkspurt state. The SAD mechanism can be described by a two-dimensional Markov chain. Without violating what have been standardized, we suggest to use the two reserved bits in uplink generic MAC header of each MAC protocol data unit (MPDU) for the subscriber station (SS) to inform the base station (BS) about the state changes in its voice connections. The BS then adjusts the uplink bandwidths accordingly. Operating in this way, the voice streams may be viewed as the extended real-time polling service (ertPS) class. When all the connections of an SS are in silence state, as no uplink bandwidth available, the BS periodically polls the SS until a bandwidth request is received. Under this situation, the voice streams look like a rtPS class. Thus, our proposal is a combination of ertPS and rtPS mode. For comparison purposes, we also examine the performance of using contention opportunities when the SS’s state changes from no talkspur to at least one talkspurt. In this way, although the usage of bandwidths for polling is avoided, contentions may result in collisions, and thus introduce additional access delay. Thus, we are interested in the performance difference between rtPS and contention modes. On the other hand, as the TDD frame structure allows for dynamical boundary between downlink and uplink subframes, a feature extremely suitable for voice streams with SAD, we shall investigate the performance merit of using dynamical boundary for voice streams with SAD. Our performance measures include packet dropping probability, access delay and channel throughput. In addition, as VoIP supports different codes, we also study the system performance of voice streams with different coding rates.
