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1. Overall Description:

SA4 thank SA2 for their LS on MME Detection of End of IMS Emergency Call.

SA2 seeks SA4 expertise in addressing MME detection of the end of an IMS emergency call at the bearer level: “SA2 asks SA4 to provide input to SA2 on confirmation that SIDs can be sent regularly. If generating SIDs is an optional capability, can it be made mandatory during IMS emergency calls, based on the UE knowing it has a PDN GW connection for emergency bearer services?”
SA4 assumes that IMS emergency calls are based on MTSI specification TS 26.114 for media handling and include at least one media component of type speech.

When the call is established, the speech encoder (AMR TS 26.090 or AMR-WB TS 26.190) in the terminal produces either speech or Silence Descriptors (SID) frames. Generally speaking, SID frames are produced during speech pauses while speech frames are produced during speech bursts. Speech frames are put in RTP packets and transmitted every 20ms. SID frames are put in RTP packets and transmitted every 160ms. Therefore, the presence of RTP packets is a reliable indication, even during silence period, that the call is established.
Note that in general, RTCP packets are also transmitted at regular intervals in addition to RTP packets. However, in a point-to-point speech only session, the MTSI client may request the deactivation of RTCP. So RTCP packets are not always a reliable indication that the call is ongoing.

It was also suggested that RTCP BYE messages can be sent to signal the end of an RTP stream. This would allow a shorter time for the detection. But the transmission of RTCP BYE is not specified in TS 26.114 and would anyhow not be reliable (e.g. in a dropped call).
In case an emergency call includes only one media component of type Real-time text, RTP packets are sent for text transmission. TS 26.114 specifies that RTCP packets should (i.e. not mandated) be sent regularly (even during pauses). So detection based on RTP and RTCP packets is not always reliable. 
In case an emergency call includes only one media component of type video, RTP packets are sent for video transmission. RTCP packets are sent regularly (even during pauses) and can be used to detect that the call is ongoing.

2. Actions:

None
3. Date of Next TSG-SA WG4 Meetings:

TSG-SA WG4 Meeting #54
22 - 26 June 2009
Ystad, Sweden

TSG-SA WG4 Meeting #55
17 - 21 Aug. 2009
Asia (TBD)
