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Pre-Note to MCC: Please replace "EVSoCS" with "UMTS_EVS" throughout the whole document.
Begin of first change
1
Scope

Enhanced Single Radio - Voice Call Continuity (eSRVCC) is an existing standard ([3], [4]) specifying the handover of a Voice or Video call from LTE access to CS-radio access, either to GERAN (2G) or to UTRAN (3G) or other CS networks. The present document considers only enhanced SRVCC for voice calls between 3GPP accesses.

This study assumes that the Codecs defined in TS 26.114 are used on the LTE access and the Codecs defined in 3GPP TS 26.103 [7] on the CS accesses. Since Rel-13, the specifications for CS networks include the Codec Type UMTS_EVS with several Configurations, called UMTS_EVS (Set 0) to UMTS_EVS (Set 3). 
Begin of next change
2
References

------>snip<-----
[7]
3GPP TS 26.103: "Speech codec list for GSM and UMTS".
[8]
3GPP TS 26.445: "Codec for Enhanced Voice Services (EVS); Detailed algorithmic description".

[9]
IETF RFC 4867: "RTP Payload Format and File Storage Format for the Adaptive Multi-Rate (AMR) and Adaptive Multi-Rate Wideband (AMR-WB) Audio Codecs".

[10]
3GPP TS 26.454: " Codec for Enhanced Voice Services (EVS); Interface to Iu, Uu, Nb and Mb".
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3.2
Symbols

For the purposes of the present document, the following symbols apply:

() 
without a mode-set, e.g. in the Open Offer

(0,2,4,7)
with mode-set=0,2,4,7

(...)
with or without a mode-set

AMR()
AMR Codec without a mode-set

AMR (0,2,4,7)
AMR Codec with mode-set=0,2,4,7

FR_AMR(...)
AMR Codec on the Full Rate GERAN traffic channel

HR_AMR(...)
AMR Codec on the Half Rate GERAN traffic channel

UMTS_AMR2(...)
AMR Codec on the UTRAN traffic channel

AMR-WB()
AMR-WB Codec without a mode-set

AMR-WB (0,1,2)
AMR-WB Codec with mode-set=0,1,2

FR_AMR-WB(...)
AMR-WB Codec on the Full Rate GERAN traffic channel

UMTS_AMR-WB(...)
AMR-WB Codec on the UTRAN traffic channel

EVS()
EVS Codec with all its operational modes, i.e. in the Open Offer

EVS (br=5.9-128; bw=nb-fb)
EVS Codec with all its operational modes, i.e. in the Open Offer

EVS-NB (...)
EVS Codec in Narrow-Band operation

EVS-WB (...)
EVS Codec in Wide-Band operation

EVS-SWB(...)
EVS Codec in Super-Wide-Band operation

EVS-FB(...)
EVS Codec in Full-Band operation

EVS-IO (...)
EVS in AMR-WB Inter-Operable operation
UMTS_EVS (Set x)
EVS over CS (UMTS) with Configuration Set x; x=0,1,2,3
<=>
is used when two Codecs are TLCI-compatible, i.e. no transcoding is required

EXAMPLE 1:
AMR(0,2,4,7) 
<=> HR_AMR(0,2,4).

EXAMPLE 2:
EVS-IO(0,1,2)
<=> AMR-WB(0,1,2).

<=/=>
is used when transcoding is required.

EXAMPLE 1:
AMR(0,2,4,7) <=/=> UMTS_AMR2(0,2,5,7).

EXAMPLE 2:
EVS-NB() <=/=> FR_AMR(0,2,4,7).

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in 3GPP TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in 3GPP TR 21.905 [1].

AMR
Adaptive Multi-Rate (Codec)

AMR-WB
Adaptive Multi-Rate WideBand (Codec)
AMR-WB-CMR
AMR-WB Codec Mode Request (if needed to differentiate from EVS-CMR)
APM
Application Transport Mechanism (functionality-wise like SIP Response)

ATCF
Access Transfer Control Function (on Control Plane)

ATGW
Access Transfer Gate Way (on User Plane)

BICC
Bearer Independent Call Control
CMR
Codec Mode Request (used AMR and AMR-WB and EVS)
eNB
evolved Node Base-station

EVS
Enhanced Voice Services (Codec)
EVS-CMR
EVS Codec Mode Request (if needed to differentiate from AMR-WB-CMR)
EVS-ICM
EVS Initial Codec Mode
IAM
Initial Application Message (functionality-wise like SIP Invite)

MSC
Mobile Switching Center

RAN
Radio Access Network

SID
Silence Descriptor 

SID-Con
SID-Conversion between EFR-SID and AMR-SID

sMSC
SRVCC MSC

TLCI
Transcoding-Less Codec Interworking

tMGW
Target Media GateWay

tRAN
Target RAN
UMTS_EVS
EVS Codec Type, applied in CS (UMTS) networks
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5.2
Codec Selection during eSRVCC

The local 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 (eNB). Some when the eNB 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(s), 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 UMTS_EVS.
------>snip<----- 
Begin of next change
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 UMTS_EVS.
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6.4
eSRVCC AMR(...) to UMTS_EVS(...)

As in scenario 6.1 and 6.2 the IMS Selected Codec is AMR(...), e.g. AMR(0,2,4,7), the recommended Codec. The SRVCC MSC determines the Target RAN Codec based on the received UE-SCL and the known Target RAN Capabilities without knowledge about the IMS Selected Codec.

If the Target RAN is updated to UMTS_EVS, then this may be selected as Target RAN Codec. But, which of the Configurations (Set 0, Set 1, Set2 or Set 3, see TS 26.103[7]) would the SRVCC MSC select?

Set 0: 
with Spreading Factor SF=256, needs least radio capacity, provides lowest voice quality of all standardized Configurations: The UMTS_EVS (Set 0) Codec is equivalent to EVS (br=5.9-8; bw=nb-wb; mode-set=0). Narrowband and Wideband voice quality is provided up to 8 kbps, including EVS-IO (0), as well a Variable Bit Rate coding at an average rate of 5,9 kbps.

Set 1:
with Spreading Factor SF=128, needs more radio capacity and is a decent compromise. The UMTS_EVS (Set 1) Codec is equivalent to EVS (br=5.9-13.2; bw=nb-swb; mode-set=0,1,2). Narrowband, Wideband and Super-Wideband voice quality is provided up to 13,2 kbps. EVS Variable Bit Rate, EVS Channel-Aware Mode of operation and EVS-IO up to 12,65 are supported.

Set 2: 
with Spreading Factor SF=64 provides the best possible quality in UTRAN and is optimal, if the IMS Selected  Codec is EVS (br=5.9-24.4; bw=nb-fb; mode-set=0,1,2) or better. This UMTS_EVS (Set 2) is the most costly alternative for the Target RAN, including all the features of UMTS_EVS (Set 1) on a higher quality level.

Set 3: 
with Spreading Factor SF=128, tailor-made to guarantee Super-Wideband quality. The UMTS_EVS (Set 3) Codec is equivalent to EVS (br=9.6-13.2; bw=swb; mode-set=0,1,2). It has radio capacity demands comparable to or slightly higher than UMTS_EVS (Set 1); 
for interworking with legacy networks, EVS-IO up to 12,65 is supported.

The decision could and will be based on the load in the Target RAN. Sometimes there is no other choice than UMTS_EVS (Set 0), except the operator prefers UMTS_EVS (Set 3) and provides always sufficient radio capacity. Note that the SRVCC MSC may select UMTS_EVS (Set 2) as Target RAN Codec and the Target RAN restricts the RAB assignment to UMTS_EVS (Set 0) and informs the network by Rate Control commands.
The problems and solutions are similar, a bit more negative, compared to the scenario 6.3. The temporarily inserted Transcoder (EVS <=/=> AMR) is even more complex and resource hungry. The temporary radio load is potentially high without gain.

An optional Mid-Call Modification of the wrongly selected Target RAN Codec is the only escape, after such an eSRVCC as specified currently.
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6.6
eSRVCC EVS (br=5.9-128; bw=nb-fb) to UMTS_EVS (Set1) 
In this example scenario the call setup resulted in the IMS Selected Codec being EVS (br=5.9-128; bw=nb-fb), the biggest EVS Configuration with all four audio bandwidths included and all the bit rates, ranging from the lowest rate, 5,9 kbps (average), up to the highest, 128 kbps. In addition, the EVS-VBR and the EVS-CA modes are included, as well as the EVS-IO with all modes. 

The call is ongoing with this biggest possible EVS Framework Configuration. Mode Control may be ongoing and the EVS modes in both directions may be different and lower than maximally possible, depending on external factors, such as audio-I/O capabilities and network load situations. The active EVS Configurations may be temporarily smaller and different in both directions, but transcoding is in no case required.

Now eSRVCC is requested. The Target RAN supports UMTS_EVS.

Case 1: The Target RAN is not loaded. The Target MSC determines UMTS_EVS (Set 2) as Target RAN Codec, based on local RAN Capabilities and the UE Supported Codec List, but without any knowledge about the IMS Selected Codec or the LTE Used Codec. It is mainly by coincidence that the Target RAN Codec fits so well in this example. It can be easily shown, that all EVS Configuration, which include all modes and rates below an upper corner, are all TLCI-compatible to each other. Therefore the call continues after eSRVCC without transcoding, although the EVS Framework Configuration shrinks to EVS (br=5.9-24.4; bw=nb-fb; mode-set=0,1,2), still providing FB quality.

Case 2: The load in the Target RAN is higher. The MSC selects UMTS_EVS (Set 1) as Target RAN Codec. The call continues without transcoding in the best possible SWB quality under these conditions.

Case 3: The load in the Target RAN is much higher. The MSC selects UMTS_EVS (Set 0) as Target RAN Codec. The call continues without transcoding in the best possible WB quality, the best possible under these harsh load conditions.

Case 4: Although the MSC selects UMTS_EVS (Set 2) as Target RAN Codec, the RNC has the freedom (according to the strategy in life networks) to allow only a sub-set of the Target RAN Codec. This may end in the de facto Configuration of UMTS_EVS (Set 1) or even UMTS_EVS (Set 0) and the call would still continue in TLCI. The RNC would send Mode Control commands to keep the Codec Modes within these limits. Case 4 has the advantage that the RNC may subsequently modify the de facto Configuration up to UMTS_EVS (Set 2) without informing the MSC, by that upgrading the call quality seamless to the highest possible.
If only EVS Bottom up Configurations are used, in IMS and CS, which include all modes and rates below their individual upper corner of Rate and Bandwidth, then TLCI is always guaranteed before and after handover.

Important is that the MSC selects EVS only as Target RAN Codec, if the IMS Selected Codec is compatible. In order to do that it is indispensable that the MSC knows the IMS Selected Codec.

Mode Control keeps the active EVS Configurations within this new EVS Framework Configuration, although the IMS Selected Codec is still EVS (br=5.9-128; bw=nb-fb). There is no need to modify that from a speech quality point of view. Of course, it may happen during the call that the RNC restricts the upper bit rate temporarily due to varying cell load conditions, or the UE goes down in rate due to TX power problems, see TS 26.454 [10]. In these cases, the speech quality goes down or up as necessary. This is not different to the situation in a pure VoLTE call. In all cases the speech quality remains as high as possible.

Important is that the remote UE receives the necessary EVS-CMR, requesting the maximum bit rate and maximum audio bandwidth, as soon as possible and follows this EVS-CMR as soon as possible. If done well, it is possible to command the remote EVS client to use EVS modes within the range of the Target RAN Codec long enough before the local UE performs the eSRVCC handover on air.

This so-called "Pre-SRVCC Mode Control" could be triggered by the ATGW, if the ATGW gets early information about the Target RAN Codec. It may also be triggered by the Target MGW, after the ATGW has switched the radio legs.
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6.7
eSRVCC EVS (br=16.4-128; bw=fb) to UMTS_EVS (Set1) 
In this example scenario, the call setup by SIP/SDP negotiation resulted in the IMS Selected Codec being the biggest EVS FB-only Configuration, EVS (br=16,4-128; bw=fb). SDP excluded all bandwidths below FB and all bit rates below 16,4 kbps. It is generally not allowed that EVS-CMR could change this FB-only Configuration during the call.

The call quality may reach the same quality as in the EVS (br=5.9-128; bw=nb-fb) Configuration scenario in clause 6.6, using the highest EVS mode with 128 kbps and full band audio, but not higher. Transcoding is not required. Mode Control may be ongoing, but the rate cannot be set lower than 16,4 kbps and the audio bandwidth is fixed to Fullband. High quality seems to be guaranteed. This is fact not the full truth. The following paragraph discusses this.

Due to the EVS algorithm design the EVS Encoder classifies the input audio signal and decides frame by frame, which audio bandwidth is actually given and where to put the "coding bit resources". It may well use a NB Codec mode and achieve optimal quality for a NB input signal. The adaptation follows the audio-input quite well - also for non-Full-band signals. The EVS FB-only Configuration does not prevent the media-sender using lower bandwidth modes. The Transport Plane (here RTP) and the MGWs in the path will support this. The quality is optimal, if the media-receiver has FB audio output capabilities.

The inband EVS-CMR cannot change the audio bandwidth, even if the audio output on the remote side would require it, e.g. because the remote user connects a legacy handsfree kit with lower bandwidth. Because coding bit resources are wasted by the local media-sender in audio signal regions, which the remote media-receiver cannot play back, the voice quality may not be optimal, but lower than in the scenario with EVS (br=5.9-128; bw=nb-fb).

If there would be a capacity problem along the speech path, rates below 16,4 are not available, also the EVS-CA mode is forbidden. The voice quality may well fall below the quality of the other Configuration due to a higher residual frame loss rate. 

The high quality expectation is already without eSRVCC not always fulfilled by this (and other) punctured EVS Configuration EVS (br=16.4-128; bw=fb).

Now the network has to execute eSRVCC with this EVS (br=16.4-128; bw=fb) as IMS Selected Codec.

Remember: the Target MSC does not know the IMS Selected Codec.

The Target RAN supports UMTS_EVS and the load on the Target RAN is not too high, so for example the Configuration EVS (br=5.9-13.2; bw=nb-swb; mode-set=0,1,2), i.e. UMTS_EVS (Set 1) is determined as Target RAN Codec, same as in clause 6.6. 

The IMS Selected Codec is not TLCI-compatible to this Target RAN Codec, because there is no common audio band and the lower bit rates are not common. The ATGW (or Target MGW) will insert Transcoding! Transcoding resources are quite expensive for EVS, involving two EVS Decoders and two EVS Encoders in the ATGW or Target MGW.
The SWB quality after eSRVCC is degraded below the maximum quality of the Target RAN Codec, it is lower than in the scenario with the Bottom up Configuration EVS (br=5.9-128; bw=nb-fb) as IMS Selected Codec.

Discussion of potential alternatives to avoid transcoding:

In this scenario the knowledge about the IMS Selected Codec would not help much, if the Target RAN had no other choice than SF=128, as there is no TLCI-compatible Codec available in the Target RAN for this EVS FB-only Configuration of the IMS Selected Codec. However, if the MSC would get knowledge about alternatives to the IMS Selected Codec, then an overall optimization could be considered by selecting first an optimal Target RAN Codec, followed then after eSRVCC by a renegotiation of the IMS Selected Codec. The effort would be rather high, the resulting quality no better than with the Bottom up Configuration already at call setup.

If the Target RAN would support SF=64, then the MSC could try deploying this, without knowing the IMS Selected Codec. Allocating this double radio capacity "blindly" is maybe not commercially reasonable, if the IMS Selected Codec would be EVS (br=5.9-128; bw=nb-fb) and SWB Quality would be a good enough compromise for 3G under the given load conditions. 

In one alternative approach, the MSC could be tempted to select EVS (br=5.9-24.4; bw=nb-fb), i.e. UMTS_EVS (Set 2), as Target RAN Codec with Guaranteed Bit Rate (GBR)=16.4 kbps and "hope" the Target RAN would be able to accept and support it. In case of too high load, the Target RAN would reject this RAB Assignment.
The ATGW (or Target MGW) could send Pre-SRVCC Mode Control to steer the remote UE into EVS (br=16.4-24.4; bw=fb). The call could continue seamless in FB quality! However, as soon as the Target RAN would need to restrict the bit rate in downlink below 16,4 kbps the call would break, respectively end in one way muting. In order to avoid that, the MSC would have to set the Guaranteed Bit Rate in the Target RAN to 16,4 kbps. The UE, however, could be tempted to improve uplink radio quality in case of TX power limitations. Without a clear rule, the UE could use lower rate and lower audio bandwidth in uplink. TS 26.454 [10] has set such a rule in REL-13: if the 3G-UE receives EVS-CMR (br=16.4; bw=fb) from the network, then it shall obey the commanded bw=fb, even if the uplink TX power limit is reached and even if lower rates would be available in UMTS_EVS (Set 2). As a result, the frame loss rate in uplink (and downlink) may be high in marginal radio conditions. This alternative is not satisfying and not according to the EVS compatibility rules.

This Target RAN Codec UMTS_EVS (Set 2), with GBR=16.4 would also be sub-optimal for an IMS Selected Codec EVS (br=5.9-128; bw=nb-fb).


In another alternative the ATGW (or other MGW in the path) could send EVS-CMR commands to bring both ends into the EVS-IO mode of operation. This would bring the call into TLCI as well, with AMR-WB quality. It depends on the EVS Configurations, if the resulting WB quality is preferred. In this example IMS Selected Codec, it would not be better.

In this scenario, it would be clearly better to use an EVS Bottom up Configuration for the IMS Selected Codec. 
All discussed alternatives are worse.

Without knowledge about the IMS Selected Codec, the Target network cannot decide, which Target RAN Configuration for EVS is optimal. Without knowledge about the Target RAN Capabilities, the ATCF/ATGW cannot decide on Pre-SRVCC Mode Control either.
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6.8
eSRVCC EVS (br=9.6-24.4; bw=swb) to UMTS_EVS (Set1) 
Here the IMS Selected Codec has the punctured Configuration EVS (br=9.6-24.4; bw=swb), based on operator policy. This is TCLI-compatible to UMTS_EVS (Set 3). Assumedly, the operator sets the parameters in all his network parts consistently, in IMS and in CS. Interworking with other operators should be taken into account.

The network has to execute eSRVCC.

Case 1: The Target RAN supports UMTS_EVS and the load on the Target RAN is not too high. Based on operator policy the MSC prefers UMTS_EVS (Set 3) as Target RAN Codec. This fits perfectly to the IMS Selected Codec, by some coincidence, as the IMS Selected Codec was unknown. It could have been AMR or AMR-WB or other, then this Target RAN Codec would be not that good.

Pre-SRVCC Mode Control is necessary to bring the remote end into the Target Codec bit rate range before the handover is performed.

Case 2: If the Target RAN is highly loaded and another EVS Configuration will be chosen, like UMTS_EVS (Set 0), then transcoding is required. The quality ends up below the quality of the Target RAN Codec. 

Note:
 Since the operator has, based on his policy, provided sufficient capacity in Target RAN, case 2 will not occur often or not at all in this network. Nevertheless: Under such good radio conditions, which avoid case 2, also the Bottom up Configurations EVS (br=5.9-24.4; bw=nb-swb) as IMS Selected Codec and EVS (br=5.9-13.2; bw=nb-swb), i.e. UMTS_EVS (Set 1) as Target RAN Codec would not use bit rates and bandwidth worse than SWB. If radio conditions would be worse and even bad, as in the unlikely case 2, then the Mode Control would automatically use a smaller Button up Configuration, like EVS (br=5.9-8, bw=nb-wb) without transcoding, providing best possible quality in this bad conditions. 

In all conditions, the resulting quality with the Bottom up Configurations up to SWB would be as good as or better than with the punctured SWB-only Configurations.

6.9
eSRVCC EVS (...) to AMR-WB (...)

Here any EVS Configuration could be selected as IMS Selected Codec, because all include the mandatory EVS AMR-WB IO mode of operation. Important is that the mode-set was reasonably set to include the lower modes of EVS AMR-WB IO, ideally mode-set=0,1,2. Additional modes may be included, maybe all.

The network has to execute eSRVCC.

The Target RAN supports AMR-WB and the load on the Target RAN is not too high. Based on operator policy the SRVCC MSC selects AMR-WB (0,1,2) or AMR-WB (0,1,2,4) or AMR-WB (0,1,2,8) as Target RAN Codec. All these configurations do not require transcoding towards an IMS Selected Codec as recommended above; the AMR-WB IO modes can be adjusted to a lower range via EVS-CMR.

Pre-eSRVCC Mode Control is preferable to bring the remote end into the Target RAN Codec bit rate range and into the EVS AMR-WB IO mode of operation, before the handover on air is performed. If Pre-eSRVCC Mode Control is not possible (as today), then the voice path interruption is longer than necessary, but the call will continue in TLCI end-to-end.
6.10
eSRVCC EVS (...) to AMR (...)

This scenario is similar to scenarios above, where Transcoding is required immediately after eSRVCC. The reasons, why the eSRVCC choses the AMR (...) as Target RAN Codec may be either overload in the Target RAN or missing support for AMR-WB and UMTS_EVS in the target RAN. Or - of course - the missing information about the IMS Selected Codec.

In any case, it can be assumed that the remote end supports AMR with high likelihood (otherwise EVS would not be the IMS Selected Codec). A Re-Invite towards the remote end seems to be promising, see clause 5.4. This re-Invite could be triggered by the ATCF or SRVCC MSC.
6.11
eSRVCC EVS (br=5.9-128; bw=nb-fb) to UMTS_EVS (Set 1) and subsequent Handover to AMR-WB(0,1,2)
In this example scenario, the IMS Selected Codec is EVS (br=5.9-128; bw=nb-fb), the biggest EVS Configuration with all four audio bandwidths included and the bit rate ranging from the lowest rate, 5,6 kbps, up to the highest, 128 kbps. The call is ongoing with FB quality.

The local mobile is moving and leaving LTE coverage. The network performs eSRVCC as in clause 6.6 to the UMTS_EVS (Set 1) as Target RAN Codec and the call continues after eSRVCC without transcoding in SWB quality. EVS-CMR controls the now reduced Framework Configuration.

However, the mobile is moving on and is even leaving 3G-coverage into 2G-coverage. Another handover follows, this time a CS-internal Inter-RAT handover, to a Target RAN2, with AMR-WB(0,1,2) as Target RAN2 Codec. Without going into details here, the call may continue in HD Voice quality (WB quality), without transcoding, with the EVS Primary mode of operation in the IMS Selected Codec replaced seamlessly by the EVS AMR-WB IO (0,1,2) mode of operation. The Target RAN sends AMR-WB-CMR=2 (or smaller) towards the remote end, together with AMR-WB-coded speech in RTP packets according to IETF RFC 4867 [9]. A MGW in the path (e.g. the Target MGW of the preceding eSRVCC) repacks these AMR-WB-RTP packets into EVS-RTP packets according to 3GPP TS 26.445 [8] and translates the AMR-WB-CMR ≤ 2 into the EVS-CMR for the EVS AMR-WB IO mode with maximum bit rate 2 (or smaller).

These two handovers reduced the voice quality from FB to SWB and finally to WB. In all these scenarios, the quality was and is as good as possible under the given circumstances, always transcoding free. The eSRVCC used by coincidence a TLCI-compatible Target RAN Codec, while the Inter-RAT handover from UTRAN to GERAN has exact knowledge about the Selected Codec and selects the Target RAN2 Codec precisely.

Although the remote LTE UE (or a  remote client in a wireline terminal) may have still excellent (radio) link quality, allowing EVS (br=5.9-128; bw=nb-fb) still, it is indispensable that the remote UE (client) obeys the received EVS AMR-WB IO EVS-CMR as soon as possible and strictly. Only then, the eSRVCC and subsequent CS-internal handover are executable with minimal speech break time and without Transcoding. If the remote LTE UE would not follow the received EVS-CMR strictly, then the call would go muting on the side, where the handover reduced the EVS Configuration in size. It is inacceptable that the remote UE would change from the EVS AMR-WB IO mode to an EVS primary mode without explicit command by EVS-CMR or a SIP renegotiation.

After a while, the UE moves back into 3G coverage. The CS-network performs another Inter-RAT handover, selecting the UMTS_EVS (Set 1) as Target RAN3 Codec. Mode Control takes care that the remote end remains in the EVS AMR-WB IO mode, until the UE safely landed in the 3G network. Then the 3G UE sends EVS-CMR to the remote end to switch to EVS (br=5.9-13.2; bw=nb-swb) and the call continues in both directions in SWB quality. 

It should be noted that in an "upgrading" handover, the Mode Control follows (ideally) the handover and in a "downgrading" handover the Mode Control precedes (ideally) the handover.
Begin of next change
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() or EVS (br=5.9-24.4; bw=nb-swb) as IMS Selected Codec and the subsequent eSRVCC to a Target RAN with only NB Codecs, like AMR or EFR. 
Begin of next change
8.3
Unnecessary speech break by missing Rate Control

Even in scenarios, where the Target RAN Codec is TLCI-compatible to the IMS Selected Codec, the speech break during eSRVCC may be longer than necessary due to high Codec Modes on the IMS side, which the CS-Side cannot handle.

Examples are eSRVCC from AMR (0,2,4,7) to HR_ AMR (0,2,4); or eSRVCC from AMR-WB () to UMTS_AMR‑WB (0,1,2); or eSRVCC from EVS (br=5.9-64; bw=nb-fb) to UMTS_EVS (Set 2) or eSRVCC from EVS (br=9.6-24.4;bw=swb) to UMTS_EVS (Set 3). 

Although all these Codec pairs are TLCI-compatible, the CS-side receives for a short while (round trip time) too high Codec Modes, until the Maximum Mode Control with CMR has brought the Codec Modes used in the remote end into the common Configuration. During this time, the CS-side mutes the loudspeaker during active speech segments, while the IMS-side does not perceive a problem. Even worse, the CS-side handles received SID frames as usual and generates Comfort Noise in speech pauses, while muting occurs in active speech parts.UEs, which do not follow the Codec Mode Requests, or not fast enough, intensify this problem.

Speech muting is obviously the worst thinkable effect, especially if only one side perceives it, while the other side experiences undisturbed reception.
Begin of next change
9.5
Call Setup and Initial Codec Mode
Mode Control before, during and after eSRVCC is discussed in the following in examples. The principles hold for all Codecs and call scenarios in modified form, also for PS<=>PS calls. Figure 9.5-1 shows one of many call scenarios, where Mode Control is important.
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Figure 9.5-1: Mobile<=>Mobile call between 4G and 3G accesses with EVS

This example uses EVS Bottom up Configurations transcoding free all the way between the LTE-UE A and 3G-UE B.

The LTE Used Codec (UE A <=> ATGW A) 
is EVS (br=5.9-24.4; bw=nb-fb), all modes of EVS-IO() included.
The IMS Selected Codec (ATGW A <=> MGW B)
is EVS (br=5.9-24.4; bw=nb-fb), i.e. the same.
The UTRAN-Used-Codec (MGW B <=> UE B) 
is EVS (br=5.9-24.4; bw=nb-fb; mode-set=0,1,2), 
 

i.e. UMTS_EVS (Set 2).

The EVS Initial Codec Mode (EVS-ICM) could (in theory) be negotiated and set to EVS (br=24.4; bw=swb) in both directions.

However, this EVS-ICM is not negotiated (according to the current standard), but set by implicit rules. One important input parameter is the smallest EVS Configuration in the path. This, however, is not always known by the endpoints. Other parameters should be the supported audio IO bandwidths in both UEs. The network operator(s) should have influence on the EVS-ICM.

3GPP TS 26.114 [5] defines some implicit rules for the EVS-ICM, these may need review, because they seem to cover not all call scenarios, especially not for the UMTS_EVS.

In this example scenario in figure 9.5.1, RNC B may restrict at call setup the maximum rates in both directions to 13,2 kbps, i.e. the active EVS Configuration would be EVS (br=5.9-13.2; bw=nb-swb; mode-set=0,1,2). This restriction by the RNC would follow the current practise for AMR. The EVS-ICM within UE A should in that case not be higher than EVS (br=13.2; bw=swb), otherwise UE B would perceive muting, until the EVS-CMR signalling after through-connect has corrected the wrong EVS-ICM. The rules in TS 26.114 do not cover this case, as the EVS-ICM rule for UMTS_EVS is still under discussion.

In another call scenario, in figure 9.5.2, terminating side B could be a GERAN access with support for AMR-WB(0,1,2).
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Figure 9.5-2: Mobile<=>Mobile call between 4G and 2G accesses

The LTE Used Codec (UE A <=> ATGW A) 
is EVS (br=5,9-24.4; bw=nb-fb), all modes of EVS-IO() included.
The IMS Selected Codec (ATGW A <=> MGW B) 
is EVS (br=5.9-24.4; bw=nb-fb), i.e. the same.
The GERAN-Used-Codec (MGW B <=> MS B) 
is AMR-WB (0,1,2).

MGW B translates between EVS-packing and AMR-WB packing and between EVS-CMR and AMR-WB-CMR.

It is important that the EVS-ICM for UE A in that case is equal or lower than AMR-WB (2)! 
EVS primary modes are not allowed. The rules in TS 26.114 do not cover this case.
End of changes
