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1. Motivation

The purpose of this contribution is to help implementers understand how to determine the first RTP sequence number and timestamp after NPT jumps in response to the second or later RTSP PLAY request.  Although this way is suggested in Appendix B of RFC 2326[2], it may not be clear for some of the implementers.  It could lead to future interoperability problems. 

2. Implementation guideline

2.1. How are the sequence number and timestamp specified after NPT jump? 

According to Appendix B of [2], RTP sequence numbers and timestamps MUST be continuous and monotonically increase independent of the user interaction by RTSP.  Once an RTP session is established, the server MUST NOT re-initialize the sequence number and timestamp.  

In this case, the RTSP server MUST set “seq” and “rtptime” parameters in the RTP-Info field accordingly if the two parameters are present.  See Appendix B of [2] for the precise definition.
2.2. Example

This example shows the two request-response pairs in the conformant way, corresponding to the example shown in Appendix B of [2].  A clock frequency of 8000 Hz, a packetization interval of 100 ms and an initial sequence number and timestamp of zero is assumed.  First we play NPT 10 through 15 and then NPT 18 through 20 by skipping.  See the table below.

In the table you’ll find the first sequence number and timestamp of the RTP packets for PLAY#2 continuous from those for PLAY#1 independent of RTSP interactions.  The first sequence number for PLAY#2 is set to 50 continuing from 49, the sequence number of the last RTP packet for PLAY#1.  Also, the first timestamp for PLAY#2 is set to 40000 continuing from 39200, the timestamp of the last RTP packet for PLAY#1.


NPT
Sequence number
Timestamp

PLAY#1
10-15
0-49
0-39200

PLAY#2
18-20
50-69
40000-55200

[PLAY#1]

     C->S: PLAY rtsp://audio.example.com/audio RTSP/1.0

           CSeq: 835

           Session: 12345678

           Range: npt=10-15

     S->C: RTSP/1.0 200 OK

           CSeq: 835
           Session: 12345678

           Range: npt=10-15
           RTP-Info: url=rtsp://audio.example.com/audio;

             seq=0;rtptime=0
[PLAY#2]

     C->S: PLAY rtsp://audio.example.com/audio RTSP/1.0

           CSeq: 836

           Session: 12345678

           Range: npt=18-20
     S->C: RTSP/1.0 200 OK

           CSeq: 836
           Session: 12345678

           Range: npt=18-20s
           RTP-Info: url=rtsp://audio.example.com/audio;

             seq=50;rtptime=40000

It should be noted that seq of 50 (and rtptime of 40000
) of PLAY#2 response are continuously specified from those of PLAY#1 response as well regardless of the NPT jump (NPT 15-18).  

3. Conclusion

In these way we must specify sequence numbers and timestamps of RTP packets in the presence of NPT jump.  We propose SA4 add the following informative text to TS 26.234.

Note: RTSP specifies that both RTP sequence numbers and RTP timestamps must be continuous and monotonic across jumps of NPT.  Thus when a server receives a request for a skip of the media that causes a jump of NPT, it shall specify RTP sequence numbers and RTP timestamps continuously and monotonicly across the skip of the media to conform to the RTSP specification.  Also, the server may respond with "seq" in the RTP-Info field if this parameter is known at the time of issuing the response. 
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� There is no description whether “rtptime” must be continuous as well as “seq”.







Page: 1/1


Page: 2/1

