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1. Introduction

This contribution proposes that PSS should give some recommendations regarding the maximum size of RTP packet size. Depending on the bearer used this should limit effects due to packet losses and/or delay jitter in the client.

2. Background

 The RFC 1889 (RTP) [1] does not impose a maximum size on RTP packets. However, when RTP packets are sent over the radio link of a 3GPP PSS system there is an advantage in limiting the maximum size of RTP packets. 

Two types of bearers can be envisioned for streaming using either acknowledged mode (AM) or unacknowledged mode (UM) RLC. The AM uses retransmissions over the radio link whereas the UM does not. In UM mode large RTP packets are more susceptible to losses over the radio link compared to small RTP packets since the loss of a segment may result in the loss of the whole packet. On the other hand in AM mode large RTP packets will result in larger delay jitter compared to small packets as there is a larger chance that more segments have to be retransmitted. 

For these reasons we recommend that the maximum size of RTP packets should be limited taking into account the wireless link. This will decrease the RTP packet loss rate particularly for RLC in UM. For RLC in AM the delay jitter will be reduced permitting the client to use a smaller receiving buffer. It should also be noted that too small RTP packets could result in too much overhead if IP/UDP/RTP header compression is not applied or unnecessary load at the streaming server.

In the case of transporting video in the payload of RTP packets it may be that a video frame is split into more than one RTP packet in order not to produce too large RTP packets. Then, to be able to decode packets following a lost packet in the same video frame, it is recommended that synchronization information be inserted at the start of such RTP packets. For H.263 this implies the use of GOBs and in the case of MPEG-4 video the use of video packets (resynchronisation markers).

3. Proposal

This contribution proposes that 3GPP PSS should recommended that RTP packet sizes should be limited in size taking the wireless link into account. The contribution also recommends that resynchronization information using GOBs for H.263 and video packets for MPEG-4 be used when a video frames are split into more than one RTP packet. We propose that these recommendations be put in an appropriate place in TS 26.234.
4. References

[1]
RFC 1889: “RTP: A Transport Protocol for Real-Time Applications”.
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