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	1rst Change


5
SRVCC Reference Procedure

>>>>>> snip <<<<<<
5.1

Codec Selection during SRVCC

The 4G UE is moving through the radio networks and is continuously observing and measuring its radio environment. It is reporting these measurements to the LTE base station (4G NB). Somewhen the 4G NB may decide that a GERAN (or UTRAN) radio cell is better suited for the voice call and may send a Handover Required message to the MME, including the wanted Target Radio. The MME sends this information to the relevant SRVCC MSC as PS-to-CS Handover Request message.

This PS-to-CS Handover Request message contains also the “UE Supported Codec List” (UE-SCL), as supported by the Local UE for the Target Radio Network, i.e. for GERAN and/or UTRAN.
The UE-SCL may contain all specified GERAN Codecs: 
FR_AMR-WB, FR_AMR, HR_AMR, EFR, HR, FR. 
The UE-SCL may contain all specified UTRAN Codecs: 
UMTS_AMR-WB, UMTS_AMR2, UMTS_AMR and in future EVSoCS.

This PS-to-CS Handover Request message does not include the IMS Selected Codec 
and not the LTE Used Codec, because the MME has no knowledge about the Application Layer.

The Target MSC decides, based on the received UE-SCL and the known Target RAN Capabilities, which Codec is the locally optimal Codec for the Target RAN. This Target RAN Codec is based on local Target RAN criteria, without sufficient knowledge about the ongoing call.

The MSC takes the best possible Codec and Configuration, as locally preferred (set by the operator) for the Target RAN, given the received UE-SCL. Assignment Request is sent to GERAN (or RAB Assignment to UTRAN) and the voice path between Target RAN and Target MGW is setup, including all necessary details on Target MGW Context, MGW Termination properties, IP addresses1, UDP Ports1 and whatever is required.

Then, when all these preparations are done, the MSC sends a SIP Invite message to the ATCF to initiate the sesson transfer. This SIP Invite contains the so called “MSC Preferred Codec List” (MSC-PCL), with the Target RAN Codec on first place (i.e. most preferred). It also contains the connectivity data of the Target MGW (IP Address2 and UDP Ports2, etc). 

This MSC-PCL may contain at least the Target RAN Codec (or the SIP representative of it). Typically it contains many more Codecs, like AMR-WB(0,1,2), G.711, G.722, maybe more, depending on the Target MGW and its Transcoding capabilities. In some implementations even different Configurations of the AMR are included, like AMR(0,2,4,7), AMR(0,2,4), AMR(0,2), AMR(7), AMR(), even AMR(0,1,2,3,4,5,6,7) has been observed; similar for AMR-WB and - in future - for EVSoCS. Many open options make life harder.
The ATCF/ATGW-pair takes the MSC-PCL and decides on own capabilities (ATGW Supported Codecs, ATGW Supported Transcodings, whatever), considering the IMS selected Codec, which Codec to use as CS PS Codec. 
The the ATCF sends the SIP Response back to the SRVCC MSC, including the CS PS Codec, including the connectivity data of the ATGW (IP Address3 and UDP Ports3, etc). 

In the ideal case IMS Selected Codec, CS PS Codec and Target RAN Codec are TrFO-compatible and the call continues after SRVCC without Transcoding (at least at this end of the call).
5.2

Voice Path Switching during SRVCC

As long as the SRVCC MSC prepares the Target RAN leg and the voice path between Target RAN and Target MGW, the call continues on the LTE access leg without disturbance by these SRVCC preparation procedures. If these procedures take some longer time, e.g. due to network load, then the voice path switching is shifted in time, but this has no influence on the voice path interruption. This phase of SRVCC preparation is rather uncritical. Of course: waiting too long might result in a lost LTE connection, before the new connection is up; in that case the call is lost.
Then at time “T0” the MSC sends the SIP Invite to the ATGW and the PS-to-CS Handover Response to the MME. According to Stage 2 description both messages are sent more or less at the same time. 

The PS-to-CS Handover Response forwards the necessary parameters, like Target Cell and Target RAN Codec to the 4G UE in the Handover Command. The ATGW switches the call leg from the LTE access towards the Target MGW, when the ATCF sends the SIP Response back to the MSC. 
The Handover Command, after travelling through the LTE access, triggers the 4G UE to change to the prepared Target RAN channel. How fast the 4G UE changes is implementation dependent.

Shortly after T0 the voice path downlink to the LTE access is interrupted by the ATGW. The LTE “pipe”, notably the sender buffers in ATGW and 4G NB may have still some few speech packets stored to be sent. So the speech path interruption will be observed some time later at the radio input of the 4G UE and some procesing time later at the loudspeaker output of the 4G UE, here at “T1”. A substantial part of the processing time might be hidden inside the Adaptive Jitter Buffer (AJB) within the 4G UE. The time difference between “T0” and “T1” varies, depending on LTE parameter setting, the cell load and actual LTE radio performance, between about 40 ms and (much) more than 100ms.

At “T0” also the voice path uplink to the remote end is interrupted in the ATGW. There could be still some speech packets in the pipe from the 4G UE to the ATGW, notably inside the 4G UE, but these are ignored by the ATGW. 
The pipe from ATGW to the remote end might have a long delay, depending on the voice path and the remote access technology. At time “T2” the Decoder at the remote end rund empty and the voice output gets muted. The delay between ATGW and remote end has no influence on the duration of the interruption at the remote end.
At “T0” also the voice path pipe downlink to the Target MGW is filled with speech packets, coming from the remote end. So the downlink pipe of the Target Radio leg is started to be filled. It takes in the order of 100ms, until the first speech frame can be sent onto air.
Like the speech packets travelling with finite speed through the LTE RAN, also the Handover Command takes a while across the LTE radio access, depending on load and radio conditions. So we have a “racing problem” between Control Plane and User Plane. In fact the race starts, when the SRVCC MSC sends the SIP Invite and PS-to-CS Handover Response. Ideally the 4G UE would get the Handover Command at the same time as the last speech frame from the ATGW and would switch immediately after that to the new Target RAN leg. In real life networks that cannot be guaranteed.

As soon as the 2G UE (3G UE) accesses the Target RAN the radio connection is established and downlink speech packets may arrive at the UE – depening when the downlink pipe is filled.
Also in uplink the 2G UE (3G UE) starts to send speech packets and fill the uplink pipe. 
According to the SRVCC standard, however, the uplink path in the Target MGW is blocked, until the MSC has received a “Handover Complete” message from the UE. Then speech packets are throughconnected. They arrive at the ATGW and are forwarded to the remote end.
	End of Changes


