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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

7
Identified Problems with current SRVCC

	Begin of Changes


7.1 
General

This clause summarizes the identified problems with the current 3GPP standard procedures for eSRVCC, based on the discussion of the example eSRVCC scenarios in clause 6.

7.2 
IMS Selected Codec not known in Target RAN 

Figure 5.1-2, Reference Procedure for eSRVCC, shows that the MME informs the eSRVCC MSC (sMSC) with the PS to CS Handover Request in Message 5. Message 5 contains the UE Supported Codec List and the Target RAN cell(s), but it contains no information about the ongoing call, except that it is a voice call and which call it is (call identifier), but no information about the IMS Selected Codec.
This is in contrast to legacy CS handover procedures, where the Source Network informs the Target Network about the Source Used Codec or the (CS-) Selected Codec. The current eSRVCC procedure therefore cannot match the performance of legacy handover.

Without knowledge about the IMS Selected Codec, the Target RAN Codec cannot be selected optimally. 

7.2.1
Remote Access Network supports only lower quality codecs than Target RAN

In most of today's networks, the interworking with legacy CS network(s) of many flavours and capabilities on the remote end is essential. Often the local VoLTE-UE is connected via IMS to a remote partner with reduced Codec capabilities, such as NB Codecs, e.g. AMR or G.711 (PCM).  Thus, the IMS Selected Codec has reduced capabilities. The voice quality of the call before eSRVCC is optimal under the given circumstances, but worse than the local UE supports.

Then the eSRVCC to a Target RAN with better capabilities, like AMR-WB or even EVSoCS, unavoidably ends in the selection of a Target RAN Codec that is too good (!), with the unexpected consequence of even lower quality at higher resource cost and higher speech path delay, due to the necessary transcoding. 

The early knowledge of the lower quality IMS Selected Codec would improve the situation noticeably in all respects. The Target RAN Codec would match optimally to the IMS Selected Codec, avoiding transcoding, achieving better quality than by using the best available Target RAN Codec. 

The eSRVCC would then immediately land in the best possible voice quality, given the constraints of the remote end. The voice quality would typically not change due to eSRVCC.
If the IMS Selected Codec is equal or worse than the Target RAN capabilities and the eSRVCC SC is informed about the IMS Selected Codec in due time, then the Target RAN Codec can be selected optimally in one step.
7.2.2
Remote Access Network supports higher quality codecs than Target RAN

However, just informing the Target Network about the IMS Selected Codec is not sufficient for many scenarios, where the remote end has better capabilities, than the Target RAN. An example is the VoLTE <=> VoLTE call with AMR-WB-8 or EVS-SWB-6 as IMS Selected Codec and the subsequent eSRVCC to a Target RAN with only NB Codecs, like AMR or EFR. 

In such a case, the Target Network may not even be in a position to understand the IMS Selected Codec. For example, the legacy eSRVCC MSC in a GSM Network does not know EVS. Therefore it would be helpful, even necessary, to inform the eSRVCC MSC also about alternative Codec candidates with the "IMS Preferred Codec List", where the IMS Selected Codec is at first place, followed by (all) other Codec candidates. The Target Network needs this IMS Preferred Codec List before it selects the Target RAN Codec.

The eSRVCC MSC can match the Target RAN Codec (one of the MSC Supported Codec List) optimally to the best matching Codec of the IMS Preferred Codec List. Since the eSRVCC MSC does not know the IMS Selected Codec, it cannot avoid transcoding immediately. The eSRVCC MSC provides the optimal Target RAN Codec under these conditions to the ATCF for fast eSRVCC. The ATCF/ATGW can then remove the Transcoding after the UE landed safely in the Target RAN by a subsequent SIP/SDP Re-Invite, modifying the IMS Selected Codec and the Remote Used Codec to match the new Target RAN Codec. 
This scenario is more complex, but it is unavoidable in real life networks. 
The voice quality unavoidably goes down to the quality of the new Target RAN Codec in transcoding free operation.
If the IMS Selected Codec is "better" than the Target RAN capabilities, then it is important that the ATCF sends the IMS Preferred Codec List to the eSRVCC MSC. 
Then the eSRVCC MSC can select the Target RAN Codec optimally, although transcoding is temporarily necessary. The subsequent Re-Negotiation of the IMS Selected Codec may achieve TLCI, because the eSRVCC MSC selected the Target RAN Codec for that purpose. Only in cases, where the remote end is not supporting any 3GPP Codec, transcoding is unavoidable.
7.2.3
Assemble the remote IMS Preferred Codec List

7.2.3.1
General
One side problem in this scenario, where the Remote Access Network has better capabilities than the Target RAN, is to assemble the (remote) IMS Preferred Codec List. The Codec Negotiation procedure in the CS-world calls this list the (remote) "Alternative Codec List". This document differentiates two cases, depending on the call setup direction. 

7.2.3.2
Call Setup Scenario 1: from remote to local

Per definition, the local side performs the eSRVCC. The local ATCF got in the initial SIP Invite a List of Codec Candidates from the remote end, the "remote IMS Supported Codec List", stemming from the "remote UE Supported Codec List", filtered by all nodes in the path. The local ATCF (at the terminating side) may filter this list further and send the result as initial SIP Invite Offer to the local, terminating VoLTE UE. This selects finally the local LTE Used Codec. Based on this SIP Response from the local UE the ATCF determines the IMS Selected Codec. The ATCF sends only this IMS Selected Codec to the remote, originating end.
Important is in this scenario 1: the local ATCF may remember all the other Codec candidates from the remote IMS Supported Codec List. Together with the IMS Selected Codec, the remote IMS Preferred Codec List can be assembled.
Example 1, where the local UE does not support EVS, but AMR-WB and AMR.
remote UE Supported Codec List 
= {EVS-FB-11+EVS-IO(), AMR-WB(), AMR()}
remote IMS Supported Codec List 
= {EVS-SWB-6+EVS-IO(), AMR-WB(), G.722, AMR(0,2,4,7), G.711}
local initial SIP Invite Offer


= {EVS-SWB-6+EVS-IO(), AMR-WB(), AMR(0,2,4,7)}
selected local LTE Used Codec

= {AMR-WB()}
IMS Selected Codec




= {AMR-WB()}

remote IMS Preferred Codec List
= {AMR-WB(), EVS-SWB-6+EVS-IO(), AMR(0,2,4,7), G.711}.
NOTE 1:
It is not likely that the local UE supports EVS in CS, while it does not support EVS in LTE. It is therefore most likely not essential that EVS is offered to the eSRVCC MSC. Nevertheless, the complete remote IMS Preferred Codec List in this example contains EVS, although on second place, after the IMS Selected Codec.
7.2.3.3
Call Setup Scenario 2: from local to remote

The local, originating UE sends the initial SIP Invite with its local UE Supported Codec List and the local ATCF filters this according to local policy. The ATCF sends this further as "Local IMS Supported Codec List" to the remote end. The SIP Response from that remote end contains, however, only the IMS Selected Codec. The remote ATCF does not even report the Remote Used Codec. In contrast to Codec Negotiation in the CS Networks, the IMS Offer-Answer procedure returns only one Codec, not the Alternative Codec List in addition.

From this SIP Response, the remote IMS Preferred Codec List would contain only one entry, but not the whole list, in contrast to the call setup from remote to local. The local ATCF may undertake some "intelligent guessing", but in principle some important information is missing.
Example 2, where the remote UE does not support EVS, but AMR-WB and AMR.
local UE Supported Codec List 

= {EVS-FB-11+EVS-IO-8, AMR-WB(), AMR()}
local IMS Supported Codec List 
= {EVS-SWB-6+EVS-IO-8, AMR-WB(), G.722, AMR(0,2,4,7), G.711}
remote initial SIP Invite Offer

= {EVS-SWB-6+EVS-IO-8, AMR-WB(), AMR(0,2,4,7)}
selected remote Used Codec


= {AMR-WB()}
IMS Selected Codec




= {AMR-WB()}
remote IMS Preferred Codec List
= {AMR-WB(), AMR(0,2,4,7), G.711} - by guessing.
This result in this example is a good guessing, but this guessing may not be complete and correct in all cases.

Example 3, where the remote UE supports more than the local UE: EVS, AMR-WB and AMR.
local UE Supported Codec List 

= {AMR-WB(), AMR()}
local IMS Supported Codec List 
= {AMR-WB(), G.722, AMR(0,2,4,7), G.711}
remote initial SIP Invite Offer

= {AMR-WB(), AMR(0,2,4,7)}
selected remote Used Codec


= {AMR-WB()}
IMS Selected Codec




= {AMR-WB()}
local Used LTE Codec



= {AMR-WB()}





remote IMS Preferred Codec List
= {AMR-WB(), AMR(0,2,4,7), G.711}.

This result in this example is not complete, but maybe good enough. The full remote IMS Preferred Codec List could be {AMR-WB(), EVS-FB-11+EVS-IO-8, G.722, AMR(0,2,4,7), G.711}.

The local ATCF cannot assemble the remote IMS Preferred Codec List correctly in all cases. 
This is a result of the Codec Negotiation rules in IMS, which mandates to return only the IMS Selected Codec in SIP Response, without alternative candidates.
7.3 
Late Information about the Target RAN Codec

According to Figure 5.1-2, Reference Procedure for eSRVCC, the SRVCC MSC informs the ATCF in message 10a, "SIP Invite (MSC Preferred Codec List)" about the Selected Target RAN Codec (first Codec in the list) and some alternative Codec candidates for the CS-PS-Codec. At that moment, the target radio leg is already setup and not changeable; in addition some noticeable time has passed since eNB as taken the decision for the eSRVCC. The ATCF has no now other alternative than to accept one of the offered Codecs from the MSC Preferred Codec List. 

If necessary - in a noticeable number of cases - the MGWs insert transcoding, in either the Target MGW, or the ATGW, or both. The ATCF informs the ATGW about that decision in message 10b, Session Transfer (CS-PS-Codec), see figure 5.1-2. 

Message 10b immediately also starts the session transfer, stopping the communication with the local LTE leg and starts the communication with the local CS leg. That is at least Stage 2 procedure and real life networks show this.

Even if transcoding is not necessary, the IMS Selected Codec has often a wider range of capabilities, than the Target RAN Codec in terms of bit rate or audio bandwidth; or the IMS Selected Codec is operating in another, non-compatible mode of operation, than supported by the Target RAN Codec. One example is the eSRVCC from EVS-FB-11 to AMR-WB-2. Although the call can continue after eSRVCC without transcoding, the transition is cumbersome. The Target RAN Codec cannot understand the speech data coming from the Remote Used Codec in that moment, immediately after session transfer, as long as the Remote Used Codec received no CMR command to use EVS-IO-2.

In one alternative approach the ATGW may insert a pair of Transcoders (e.g. AMR-WB-2 <=/=> EVS-FB-11) for a certain transient time to keep the speech break during eSRVCC small. After the successful execution of the eSRVCC and the successful Mode Control of the Remote Used Codec, the ATGW removes this pair of Transcoders again. Inserting into and removing transcoders from a speech path is expensive, complex to handle and in any case, it causes speech path distortions and jumps in the speech path delay. Both effects, distortions and delay jumps, are clearly measurable by objective tools and are of course often audible.
Inserting transcoding for a short while and removing it later is expensive and is degrading the voice quality.
In another alternative approach the ATGW may immediately started the Mode Control of the Remote Used Codec, as soon as the ATCF informs the ATGW (message 10b). Due to the unavoidable round trip delay, from the ATGW to the remote UE and back, the speech break during eSRVCC can still be substantial, far beyond the target of 300 ms. Also this is clearly audible and measurable.
Starting Rate- and Band-Control too late is degrading the voice quality during eSRVCC.
In order to achieve an optimal solution the ATCF would have to inform the ATGW a while before the session transfer, to trigger the Pre-eSRVCC Mode Control. It would not matter, if the remote end would send in the reduced Codec Mode already before the handover interrupts the link to the local LTE leg, because the local VoLTE UE can receive these speech data frames as well. The example is here again: Remote Used Codec is EVS-FB-11, the ATGW sends CMR-IO-2 in due time and the Remote Used Codec falls back to EVS-IO-2, before the local eSRVCC-handover to AMR-WB-2 happens.
Pre-eSRVCC Mode Control is necessary for the optimal eSRVCC.
7.4 
Access Transfer and Handover Command

Figure 5.1-2 shows the Stage 2 procedure, where message 10a, SIP Invite (MSC Preferred Codec List 2), is sent to the ATCF at the same time as message 13, PS to CS Response (Target RAN Codec). The idea behind that was to synchronize the Access Transfer in ATGW with the handover on air. This idea is, however, not realistic for several reasons.

In "sunshine" situations, where the network links and network nodes are not loaded with traffic and the radio interface is excellent, without delay and transmission errors, the timing may be trim-able, such that the handover on air and the access transfer in the ATGW (HO in ATGW) occur at roughly the same time.

Real life networks, however, have to work also well under realistic, partly high load situations. 

Case 1: Maybe the messages between MSC and ATCF/ATGW are delayed, queued or otherwise the execution may be shifted in time. Sometimes (e.g. in eSRVCC during setup) the necessary resources are not available. The ATCF delays then the handover in the ATGW. The ATGW still maintains the link to the local LTE leg after the local UE has left the LTE access, because the Handover Command was faster. The speech break is longer than wanted.

Case 2: Maybe the handover command is delayed, e.g. because the LTE leg is already disturbed (eSRVCC is necessary, because the LTE leg is weak) and the Handover Command is repeated one or several times. Then the ATGW has already broken the LTE leg and uses the CS access leg, although the UE is still LTE connected. This causes a longer speech break, too.

This legacy procedure design for eSRVCC is not fail save and falls short compared to legacy handover handling in CS networks: 

A legacy MGW starts "bi-casting" the speech data, coming from the remote end, downlink to both, the old and the new access leg. This guarantees that the speech interruption in downlink is minimal, independent of the timing of the handover on air. 
Similarly, the legacy MGW starts listening to all speech data coming in uplink from both, the old and the new access leg. The MGW forwards valid speech data to the remote end, regardless on which access the MGW received them. This "intelligent combining" in uplink guarantees, that the speech interruption in uplink is minimal. 
Prerequisite for minimal speech path interruption during eSRVCC is a successful bi-casting in downlink and intelligent combining in uplink . This may be ensured only, if the Handover Command is triggered after the MGW resources are successfully allocated.
This handover handling within and by the ATGW stops after the local UE performed the handover successfully. Another advantage of this legacy handover handling is that the old radio leg is still active in the MGW in case the handover fails.
7.5
Target MGW is blocked in Uplink

According to the eSRVCC standard, 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 via the new Target RAN leg. Then the MSC commands the Target MGW to pass speech frames in uplink. They arrive at the ATGW, which forwards them to the remote end, maybe after repacking or even transcoding. The uplink speech break ends, when these speech frames finally arrive at the remote end.
This control (blocking) 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 network may shut down the old radio leg safely.
7.6 
The remote UE does not follow CMR commands

Lab- and field-tests showed that some remote UE did not follow the Codec Mode Requests at all. In this case muting on the local UE was unavoidable after eSRVCC, if the network did not insert transcoding. There are currently no means to detect such a faulty remote UE. 
In other cases, some remote UE did follow the CMR, but only after e.g. three repeated CMRs. This caused an additional delay to the round trip time of at least 60ms. This is measurable; often not easy to detect during active speech at the side of the local UE, because in that case the ATGW sends the new CMR in consecutive RTP packets of 20 ms distance. This unusual behaviour of such a remote UE gets problematic, in case the local UE sends only SID frames, when it detected a local speech pause: then three consecutive new CMR take at least 320 ms more than needed. The speech break is then very long in local downlink.

Meanwhile TS 26.114 clarifies in REL-12 for AMR and AMR-WB: every MTSI client has to follow each received CMR as soon as possible and so the problem will - hopefully - not appear in new terminals. The same clarification is necessary for EVS.
This CMR problem is not only an eSRVCC problem; it is a serious misbehaviour in many situations.
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