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A new alternative for codec selection in Solution 3

Discussion

In the current Solution 3, the voice codec negotiation this is proposed to be done by UE sending the supported codec list after the IMS registration phase, e.g. in the SIP REGISTER, to the ATCF. When the rSRVCC occurs, the ATCF selects the final codec and the UE receives the final codec in the HO command. The problem with the current solution proposal is that it means the QCI=1 media bearer cannot be reserved before the rSRVCC procedure has been started, this means the bearer reservation slows down the rSRVCC transfer. In addition it requires additional interface and communication between ATCF and PCRF to initiate the QCI=1 bearer. 

Instead, it is proposed here that the QCI=1 bearer is reserved already before the rSRVCC, e.g. immediately after the IMS registration.
The drawback with the new alternative is the codec selection for rSRVCC cannot take the actual codec in the CS call into account. After more precise analysis, it seems this is not a big issue after all.

We assume here the current principle for the codec negotiation for the CS calls is that the negitiation is done between the MSC server and the remote end (e.g. IMS UE or MGCF), and the ATCF is transparent to the codec selection, except the ATCF needs to support the selected coded in order to prepare for possible transcoding after the rSRVCC. 

Let’s assume the MSC has selected G.711 towards the remote end in the PSTN. 3GPP IMS UE shall support only AMR-NB and conditionally the AMR-WB, but not G.711. So in both solutions; current Solution 3 and with this alternative, the ATFC needs to start to perform transcoding after the rSRVCC. In other words, there is no drawback in selecting the codec before the actual CS call.

 Let’s assume MSC has selected AMR-WB based on the negotiation with the remote end. If the UE does not support AMR-WB, but uses AMR-NB instead, transcoding is required in ATCF after the rSRVCC again in both solutions. If the UE supports AMR-WB, that is chosen in both solutions as a final codec, thus again there is no difference between the solutions. If MSC has selected AMR-NB, and the UE only supports AMR-NB, both solutions select the AMR-NB as a final code. Only if the MSC has selected AMR-NB, but the UE supports also AMR-WB, the solutions have a difference; with the current Solution 3 the AMR-NB is selected thus there is no need for transcoding in ATCF after the rSRVCC, whereas in the new alternative the AMR-WB would have been chosen (assuming also ATCF supports AMR-WB), thus transcoding would be required after rSRVCC.

As a conclusion, the codec selection in the current Solutiuon 3 can better avoid transcoding, but the difference is small, on the other hand the new alternative has other advantages; rSRVCC transfer is faster, solution requires less new interfaces in the architecture, and it has less dependencies between different layers in the UE, since the radio layer does not need to indicate the final codec received in the HO command to the IMS layer.
Proposal

It is proposed to add a new alternative for the codec selection in Solution 3 in TR 23.885.

New  text
6.3.3.7.x
Access Transfer Preparation Alternative 3
The more detailed procedures of the Access Transfer Preparation step are shown in the following figure. This alternative is based on the Alkternative 1, the difference is the UE and ATCF negotiate the codec by standard SDP offer/answer procedure prior to the CS call, e.g. immediately after the IMS registration.  At the same time, also the voice media bearer (QCI=1) is reserved from the source RAT, but the media flow is not activated. Also the IP address and port number for the RTP media is negotiated at the same time between the UE and ATCF. For this reason, unlike in Alternateve 1, the transfer preparation for the voice media bearer is not needed between MSC server – ATCF – P-CSCF – PCRF, which makes the transfer phase less complex and speeds up the procedure.

Only the differences to the Alternative 1 are highlighted below.
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Figure 6.3.3.7.1-1: Access Transfer Preparation Alternative 1

Editor’s Note: The role of the target MSC in this solution is FFS.

1.
After the IMS registration, UE negotiates the voice codec with the ATCF (via P-CSCF) using the standard SDP offer / answer procedure. Also the IP address and port number for the RTP voice media is negotiated at the same time. UE may use e.g. a preconfigured PSI to send the SDP offer in INVITE to the ATCF. Or alternatively, the UE may learn the PSI during the IMS registration. A special indicator may be set by UE or ATCF to indicate that this media reservation is only for the rSRVCC preparation.


2. 
P-CSCF reserves the bearer for voice media (QCI=1) using the standard PCC procedures. A special media authorization rules can be used to authorize the QCI=1 bearer at PCRF even though the source RAT does not support GBR bearers, or there is no sufficient bandwidh available. The media flow is not activated at this point.    

3. 
CS call is established as described elsewhere in this solution. 

When the SRCC occurs, the BSC/RNC sends a HO required to the MSC Server including an indication this HO is for SRVCC. Since the PS bearers are suspended, no HO required is send by RAN to the source SGSN. 

4.
The MSC Server sends a SRVCC CS to PS HO command to the Source SGSN. 

5.
Source SGSN sends a relocation request to the target SGSN/MME. 

6.
Target SGSN/MME allocates resources in UTRAN/E-UTRAN.

7.
A relocation response is returned to the Source SGSN.

8.
A SRVCC CS to PS HO response is returned from the Source SGSN to the MSC Server. 

9.
MSC sends HO required Ack to the RAN and the RAN send HO command to UE, indicating CS to PS handover. There is no need to add the coded information to the HO command, as the codec was negotiated prior to the SRVCC.
10. The MSC Server sends a re-INVITE to the ATCF to trigger the ATCF/ATGW to have the media path switched to the IP address/port of the UE on the target access.
 11. ATCF is aware of the voice codec, IP address and port number which were negotiated with the UE prior to the SRVCC. ATCF interacts via P-CSCF with PCRF to activate the voice bearer for the session being transferred. Depending on the selected voice codec and the codec used in the ongoing session between ATCF and remote end, the ATCF/ATGW may begin to perform transcoding.

Editor’s Note: The responsibility to release the voice bearer in error cases during this procedure are FFS.

NOTE 2:
The MGW can for a certain period of time send media both on the source access leg and the new target access leg to minimize the interruption delay further. 

End of new text
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