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Abstract of the contribution: This document proposes enhancements to the current SRVCC procedures to avoid transcoding where possible hence optimizing voice quality and conserving network resources
Introduction

Transcoder free Operation (TrFO) is always desirable to achieve good voice quality and furthermore it preserves network resources.  However, the SRVCC procedure, as specified today, may cause additional transcoding between target radio leg and ATGW even though in theory it would be possible to avoid it. As a result, the SRVCC procedure may add one more transcoding point for the call and thereby degrade the quality of the ongoing call. 
Terms used in this paper:

                                             SRVCC-MSC            ↔                        ATCF
                                                       ↕                                                        ↕

UE ← (Target RAN Codec) → CS-MGW ← (CS-PS-Interface-Codec) → ATGW ← (IMS Selected Codec) → remote end.
If Target RAN Codec and IMS Selected Codec are not TrFO-compatible, then transcoding is required after SRVCC, either in the ATGW (case: CS-PS-Interface-Codec == Target RAN Codec) or in the CS-MGW (case: CS-PS-Interface-Codec == IMS Selected Codec). 
The PS-to-CS-Relocation-Request, sent from the MME to the “MSC Server enhanced for SRVCC” (in short “SRVCC-MSC”), does not contain information about the IMS Selected Codec. The SRVCC-MSC shall, however, assign a Target RAN Codec and target RAN resources, before it sends SIP INVITE to the ATCF to initiate the session transfer within the ATGW. This SIP INVITE includes an SDP offer with the Target RAN Codec and optionally other Codecs supported by the SRVCC-MSC and that allows the ATCF and SRVCC-MSC to agree on the session details for the User Plane between CS-MGW and ATGW (CS-PS-Interface-Codec). 
It is clear from the above that - in the current specification - the SRVCC-MSC selects the Target RAN Codec and composes the SDP while lacking the following information: 

· The Codec used by the ATCF/ATGW towards the remote end (IMS Selected Codec).

·  Payload Type numbers used by the ATCF/ATGW towards the remote end.
Now a closer look at the vSRVCC session transfer signalling flows in TS 24.237, Annex A.19 (depicted below), reveal a similar situation. Also in the vSRVCC case, the vSRVCC-MSC has no prior knowledge from the MME, which media types (Codecs) are selected before vSRVCC. The vSRVCC-MSC sends therefore a SIP OPTIONS request to the ATCF (forwarded then to the SCC AS) for the purpose of getting information about the media types (Codecs) of the session. 

One can envisage a similar solution to support SRVCC as well. This allows the SRVCC-MSC to adopt the same approach for either scenario and to get the necessary information on the IMS Selected Codec(s). 

The example in A.19.2 includes an active Video call and an inactive voice call. The latter is of no importance here. Important is that the vSRVCC-MSC sends a SIP OPTIONS message to the ATCF and gets the necessary information in SIP 200 OK in short time back.

Begin of cite from TS 24.237:
A.19.2
Session transfer for active call with speech and video using vSRVCC procedure: PS to CS 

In the example flow in figure A.19.2-1, the SC UE A has an ongoing session anchored at SCC AS, with only active speech and video media components and the SC UE has an ongoing session anchored at the SCC AS with only inactive speech media component. Based upon measurement reports sent from the UE to E-UTRAN, the source E-UTRAN decides to trigger a Single Radio handover from PS to CS access.
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End of cite from TS 24.237.
The important messages (SIP OPTIONS and SIP 200 OK) are marked with a blue rectangular.
.Proposal
To mitigate the above and enhance the chances for a Transcoder free Operation, it is desirable that the SRVCC-MSC acquires the above information (IMS Selected Codec and Payload Type used by the ATCF/ATGW towards the remote end) early enough, so it can reserve the appropriate CS radio resources for the optimal Target RAN Codec.
Hence, it is proposed that the SRVCC-MSC prior to reserving the CS radio resources, queries the ATCF to acquire the information it needs. 

Following the query, the SRVCC-MSC performs the regular SRVCC PS to CS procedure, taking the received information into account. If the SRVCC-MSC (or the target RAN) does not support the IMS Selected Codec and no TrFO-compatible other Codec, then transcoding will be required.
Backward compatibility is ensured: 
If the ATCF does not support this new SIP OPTIONS query, then it rejects the query from the SRVCC-MSC, which will revert to the current procedure defined today. Nothing is gained and nothing is lost. The same applies, if the SRVCC-MSC does not supporting this feature: it will not send the SIP OPTIONS query.

The expected delay in SRVCC preparation as a result of this additional query between SRVCC-MSC and ATCF is considered to be insignificant and will be offset by the improved voice quality. The potential speech break during the SRVCC-HO is not affected.
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