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Abstract of the contribution:
This paper intends to further discuss eSRVCC alternative 6&7 and try to clarify RTP continuity issue.  
1 Introduction

Alternative 6&7 was updated in SA2#77. Before the session transfer procedure completion, the RTP session is switched to the MGW from UE. Further clarification was necessary to show how to maintain RTP session continuity.
2 Discussion
To simplify this solution, the UE is not required to transfer its RTP session parameters to MGW. In order to keep session continuity, some parameters can be fetched from SCC AS, e.g. codec, packet time, payload type and IP address and port. But some parameters of RTP header cannot be received from the SCC AS, e.g. sequence number, timestamp and SSRC.
Referring to RFC 3550, the definition of SSRC is: “The SSRC field identifies the synchronization source. This identifier SHOULD be chosen randomly, with the intent that no two synchronization sources within the same RTP session will have the same SSRC identifier.” 
“Since the SSRC identifier may change if a conflict is discovered or a program is restarted, receivers require the CNAME to keep track of each participant.” “If the SSRC identifier has not been seen before, then data packets carrying that identifier may be considered invalid until a small number of them arrive with consecutive sequence numbers.”
So, after moving RTP session from UE to MGW, MGW can allocate a new SSRC and remote UE will accept this SSRC in short time without impacting user experience. 
“An SSRC is defined to identify a single timing and sequence number space.” So, with change of SSRC, sequence number and timestamp is re-initialized. In other words, RTP session can maintain continuity after moving to MGW.
3 Conclusion
Based on the above discussion, RTP session can be maintained by restarting the session during SRVCC PS to CS Handover procedure as described in alternative 6&7. Some clarification will be added in alt 6&7 accordingly.








































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































































3GPP

SA WG2 TD


