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4
SRVCC Reference Architecture

Figure 4-1 shows the Reference Architecture for SRVCC, as used in this Technical Report. 
=======> Snip <=======
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Figure 4-1: Reference Architecture for SRVCC

=======> Snip <=======

5
SRVCC Reference Procedure

=======> Snip <=======
Figure 5.1-2 is ... the simplified ... Reference Procedure of SRVCC.
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Figure 5.1-2: Reference Procedure of SRVCC from LTE to GERAN

12
Enhancements for media and quality aspects
	Begin of Changes


12.1 
General

The identified problems in chapter 7 and the discussion in the other chapters lead to the following proposals to achieve significant enhancements for media transport, voice and communication quality.
12.2 
Early Information exchange between MSC and ATCF 

Chapter 7.2 states: "Without knowledge about the IMS Selected Codec, the Target RAN Codec cannot be selected optimally". 
Non optimal Target RAN Codec often means transcoding, with noticeable quality loss for the whole duration of the call after SRVCC. Alternatively, it requires a mid-call modification of the just selected Target RAN Codec immediately after the SRVCC handover. This would bear the risk of a handover failure and it would interrupt the voice path a second time, immediately after SRVCC, unnecessarily.
This leads to the conclusion that the MSC must retrieve somehow the necessary information from the ATCF, before the Target RAN Codec is selected. Here "solution 1" from TR 23.717 is reported in a shortened and modified form:
Proposal 1: 
"Immediately after it received Message 5, PS to CS Handover Request, the updated SRVCC MSC should send a new message, called "PS to CS Handover Preparation Request" to the ATCF. This new message should contain the necessary call identifier, allowing the ATCF finding the concerned call and the wanted call-specific IMS Selected Codec.
The updated ATCF should send a new message, called "PS to CS Handover Preparation Response" back to the SRVCC MSC, containing the wanted IMS Selected Codec. Now the updated MSC could select the Target RAN Codec in an optimal way and could then continue in the SRVCC procedure as standardized."
Figure 12.2-1 shows the essential message flow, where the two new Handover Preparation Messages 5a and 5b are just inserted between Message 5 and Message 7a.
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Figure 12.2-1: Two Handover Preparation messages inserted
These two additional messages between MSC and ATCF would delay the SRVCC procedure by a minimal, insignificant time span, which would not have any negative influence on the speech path interruption time and no significant effect on the handover success rate.
The message type for this information exchange may be discussed (Stage 2 and Stage 3 work). One simple solution could be to use a tailor made SIP MESSAGE in both directions. The coding of the IMS Selected Codec could follow the SDP description as used in SIP INVITE.
12.2.1 
Information in Handover Preparation Response
Chapter 7.2.2 states "If the IMS Selected Codec is better than the Target RAN capabilities, then the SRVCC MSC must be informed about the full IMS Preferred Codec List."
This leads to a small extension of the PS to CS Handover Preparation Response. 
Proposal 2: 

"The ATCF should include the IMS Selected Codec and alternative Codec candidates in the so called "IMS Preferred Codec List". The usual SDP description as for SIP INVITE could be used. The additional implementation effort would be minimal. The IMS Selected Codec should be on first place in this IMS Preferred Codec List."
If the MSC finds a Target RAN Codec, which is TrFO-compatible to the IMS Selected Codec, then the SRVCC is optimally prepared and can be completed fast. 
Example 1: 
IMS Selected Codec 



= EVS-FB6+EVS-IO-8; 
IMS Preferred Codec List 

= {EVS-FB6+EVS-IO-8; AMR-WB(), G.722, AMR(0,2,4,7), G.711}.
MSC Supported Codec List

= {AMR-WB-2, AMR(0,2,4,7), G.711, EFR}
==> Target RAN Codec


= AMR-WB-2
IMS Selected Codec after CMR
= EVS-IO-2, which is TrFO-compatible to AMR-WB-2.
If the MSC does not find a Target RAN Codec, which is TrFO-compatible to the IMS Selected Codec, then transcoding must be inserted, at least temporarily. The alternative Codecs in the IMS Preferred Codec List would allow the MSC to select the best possible Target RAN Codec that has a TrFO-compatible counterpart in this IMS Preferred Codec List.
Example 2: 
IMS Selected Codec 



= EVS-FB6+EVS-IO-8 
IMS Preferred Codec List 

= {EVS-FB6+EVS-IO-8, AMR-WB(), G.722, AMR(0,2,4,7), G.711}.
MSC Supported Codec List

= {AMR(7), AMR(0,2,5,7), AMR(0,2,4,7), G.711, EFR}


==> Target RAN Codec


= AMR(0,2,4,7).
In example 2, SRVCC is also completed fast, but leads to Transcoding within the ATGW, with CS-PS Codec = AMR(0,2,4,7). After the call is safely landed in the Target RAN, the ATCF may start a SIP Re-Invite to change IMS Selected Codec and Remote Used Codec to AMR(0,2,4,7). By that SIP Re-Invite TrFO is regained for the rest of the call. This SIP Re-Invite to modify the IMS Selected Codec, better to say: the subsequent modification of the User Plane, may interrupt the voice path as any other handover. This interruption is implementation dependent and it depends on the remote access. Without this small interruption, the call would have to stay in transcoding. 
Note that the MSC in example 2 does not know the EVS Codec at all. Sending the IMS Selected Codec alone would not help. The MSC would prefer AMR(7), where no TrFO-compatible counterpart exists on the IMS side.
12.2.2 
Information in Handover Preparation Request

Chapter 7.3 states "Pre-SRVCC Mode Control is necessary for the optimal SRVCC.

Now, with the new "PS to CS Handover Preparation Request" message the ATCF gets early information that SRVCC is coming. If this new message would include information about the candidates for the Target RAN Codec, then the ATCF could decide, if TrFO would be possible, with which Codec and whether or not Pre-SRVCC Mode Control is required. Therefore
Proposal 3:
"The "PS to CS Handover Preparation Request" should contain the full "MSC Supported Codec List", meaning the list, from which the Target RAN Codec will be selected. The usual SDP description as for SIP INVITE could be used."
When the ATCF gets this MSC Supported Codec List and compares it with its own IMS Preferred Codec List, then the ATCF could anticipate the Target RAN Codec, before it is selected and allocated by the MSC.

This early knowledge about the Target RAN Codec would allow the ATCF to decide, whether Pre-SRVCC Mode Control should be initiated and which CMR command should be sent to the remote end. The ATCF would then have to inform the ATGW, too. This would not be a command to transfer the access, but just to modify the CMR flow coming from the local LTE UE towards the remote end, preparing the Remote Used Codec for the coming SRVCC. 
In example 1 of the previous chapter 12.2.1, this CMR command would have to be CMR-IO-0 to switch the EVS Codec from the EVS Primary mode into the EVS-IO mode of operation, with the default Initial Codec Mode of AMR-WB-2.
Summary so far: 
By simply introducing two new optional messages into the standardized SRVCC message flow, the selection of the Target RAN Codec could be optimized for all call scenarios. In addition, the ATCF could prepare the Pre-SRVCC Mode Control Command and could trigger the ATGW to send it within the CMR stream towards the remote end. These two new messages would not trigger any resource allocation and not the access transfer. 
12.3 
Access Transfer and Handover Command

Chapter 7.4 states: "Prerequisite for minimal speech path interruption during SRVCC is a successful bi-casting in downlink and intelligent combining in uplink.
The ATGW may insert the bi-casting in downlink and intelligent combining in uplink immediately, when triggered by Message 10b, Session Transfer (CS-PS Codec). 
This could be implemented already today without mandating it in the SRVCC standard. On the other hand, it would not have its full effect, if the MSC would send Message 13, PS to CS handover Response, too early.

Therefore the following 
Proposal 4:
"The updated ATGW shall insert the bi-casting in downlink and intelligent combining in uplink immediately, when triggered by Message 10b, Session Transfer (CS-PS Codec). 
Due to backward compatibility, it is not required that all ATGWs shall do this.
The ATCF shall indicate this updated ATGW-capability already in the PS to CS Handover Preparation Response to the MSC.
If the MSC is informed about this updated ATGW-capability, then the MSC shall send Message 13, PS to CS handover Response, after the ATCF has send Message 11b, SIP Response (CS-PS Codec), back to the MSC."
In this way, the MSC could rely on this ATGW-capability and the timing of the Handover Command is no longer critical. A small shift in time would just delay the handover on air, but would not have any effect on the speech path interruption time. As long as this shift in time is not too extensive, the handover success rate would not be degraded.
The timing of the handover on air and the handover in the ATGW would be decoupled. The speech path interruption times, both in uplink and in downlink, would be always minimal due to the improved ATGW handover handling. Load on network links or in network nodes, as well as radio transmission errors, could still delay the execution of certain actions, but this would not have any influence on the speech break. 
Note: sending message 13 later that described in Stage 2 is possible already today and already done, ignoring the Stage 2. Without the proposed updated ATGW handling it has not the full effect.
12.4
Unblock the Target MGW in Uplink

Chapter 7.5 states that "The uplink path in the Target MGW is blocked (is set to one-way downlink-only), until the MSC has received a "Handover Complete" message from the UE." 
This control of the Target MGW is unusual and not necessary. It blocks the uplink speech path in the Target RAN too long and causes an unnecessary uplink interruption. The target base stations have strong error detection mechanisms, allowing differentiating good speech frames in uplink from garbage quite well. These base stations send only valid speech frames uplink and the Target MGW should let them pass immediately. The "Handover Complete" message from the UE is just the confirmation that the handover was successful. After that, the old radio leg can be shut down.
Proposal 5: 
"Unblock the Target MGW immediately at resource allocation".
Note: this could and is done already today, ignoring the Stage 2 description.
12.5
Clarify that CMR commands must be followed
Chapter 7.6 reports that some UEs are observed not following CMR commands at all or only delayed. This CMR problem is not only an SRVCC problem; it is a serious misbehaviour in many situations.
Proposal 6: 
"Clarify in TS 26.114 and in IR 92 (and where else it seems appropriate, e.g. in terminal specifications) that every received CMR must be followed as soon as possible, for AMR, AMR-WB and EVS." 
Note: This is meanwhile clarified in TS 26.114 for AMR and AMR-WB, but not for EVS.
12.6
Updated Message flow

Figure 12.6-1 shows the essential parts of the updated message flow for SRVCC (Stage 2 level) with the new actions in ATCF and ATGW.
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Figure 12.6-1: Essential parts of the updated message flow and new actions in ATCF and ATGW
The essential flow with these new elements is (summary):

1. The MSC informs with Message 5a the ATCF/ATGW at the earliest possible stage about the coming SRVCC and the candidates for the Target RAN Codec;
2. The ATCF decides, whether Pre-SRVCC Mode Control is requested and triggers the ATGW to send the necessary CMR Command towards the remote end;
3. The ATGW sends these CMR Commands at the earliest possible stage to the remote end to get speech encoded with the new Codec Mode as soon as possible from the remote end; it does not matter, when this new Codec Mode is received at the ATGW and local LTE UE before the handover on air happened;
4. The ATCF sends the complete, call-specific IMS Preferred Codec List to the MSC, indicating, whether the ATGW supports bi-casting;
5. The MSC selects the optimal Target RAN Codec, based on the IMS Preferred Codec List and allocates the Target RAN Resources as usual;
6. Then the MSC sends the SIP INVITE with an updated MSC Preferred Codec List, with the Target RAN Codec on first place, to trigger the access transfer in ATCF and ATGW;
7. The ATCF selects the optimal CS-PS Codec (typically identical or TrFO-compatible to the Target RAN Codec) and allocates the necessary resources in the ATGW;
8. The ATGW starts bi-casting the speech data, coming from the remote end, downlink to the old and new radio access legs and starts intelligent combining of speech data, coming from the old or the new radio access leg in uplink, to forward the result towards the remote end; if necessary transcoding is inserted towards the new radio leg;
9. The ATCF returns the CS-PS Codec to the MSC together with the connectivity data of the ATGW;
10. The MSC closes the link between Target MGW and ATGW;

11. The MSC sends latest now the PS to CS Handover Response to the MME, including the Target RAN Codec, triggering the handover on air;
12. The Target RAN is prepared and the Target MGW sends speech downlink and uplink as available without any blocking;
13. The UE performs the handover on air, while the ATGW is sending and receiving from both radio legs. 
No speech frame can be lost, except due to the handover-inherent interruption and the potentially different speech path delays before and after SRVCC

14. After the UE has safely landed in the Target RAN, it sends "Handover Complete" to the MSC;
15. The MSC informs the ATCF about the SRVCC completion;
16. The ATCF shuts down the old radio leg;
17. The ATGW detects autonomously that no more speech is coming in uplink from the old radio leg and speech is only received on the new radio leg and after a certain time out, the ATGW stops bi-casting and combining; alternatively the ATCF could inform the ATGW.
18. If found appropriate the ATCF may start a SIP Re-Invite towards the remote end to modify the IMS Selected Codec and the Remote Used Codec.
	End of Changes


