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	1rst Change


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 <=======

6
Selected example scenarios for SRVCC

6.1
General

In the following chapters a series of example scenarios is presented. 
The chapter headlines have the following convention: 

6.x


SRVCC <IMS Selected Codec>  to  <Target RAN Codec>
Example:

6.2


SRVCC AMR(...) to FR_AMR(...)

In many cases it is immediately obvious that transcoding is required after SRVCC, in some cases transcoding depends on the Codec Configurations, like AMR(0,2,4,7) to UMTS_AMR2(0,2,5,7), which requires transcoding, although the Codec Types are identical or at least from the same Codec Family.

Editor’s note: the first scenarios are de facto the prototypes for all the others. These will be discussed more intensively; the others follow then the same principles, with differences.
In all scenarios a voice call is setup and in operation, with an LTE RAN on the local side, as shown in Figure 4-1. Local side means: the side, where the SRVCC is executed. For simplicity of the discussion it is assumed than no other session to this local UE is setup. The local UE indicated support for SRVCC and the IMS Core has inserted an ATCF/ATGW pair as local Anchor of the call. The call setup negotiation ended in the IMS Selected Codec as assumed in each scenario. The local UE is assumed to support all currently standardized 3GPP Codecs in 2G and 3G and 4G.

=======> snip <=======
6.5
SRVCC AMR-WB(...) to AMR(...)

In this scenario the call setup resulted in the IMS Selected Codec being AMR-WB(...). Maybe even AMR-WB() is selected, with all 9 modes allowed. This is an important scenario today in VoLTE<=>VoLTE calls. But also AMR-WB(0,1,2) provides impressive HD Voice quality.

Unfortunately, in this scenario, the Target RAN is not updated and does not support AMR-WB yet. The SRVCC MSC selects AMR(0,2,4,7) instead. Transcoding is required between Target RAN Codec and IMS Selected Codec.

Other than in the scenarios before (6.2 – 6.4) there is a chance to renegotiate the IMS Selected Codec with the remote end and achieve end-to-end TrFO again, although in AMR(0,2,4,7) quality.

This Codec Renegotiation is optional. In any case it should be performed after SRVCC is successfully finished.
Editor's Note: the following paragraphs goes into the Definition section. It is here for ease of reading.
Naming convention:
A selected EVS Codec is named by its main SDP parameters in the SDP Answer, put in brackets ().
Example: "EVS (br=5.9-128; bw=nb-fb)". 
This means: The EVS primary mode of operation is selected with all audio bandwidths allowed. The "mode-set" parameter for EVS-IO need not (always) to be present (Open Offer, Open Answer). 
Definitions:

Local EVS Configuration
is sent to the EVS client by SIP/SDP or CS Signalling after Codec (re-) Negotiation, or to a MGW within the path. There might be different local EVS Configurations along the speech path for different sub-links.
EVS Framework Configuration

is selected by the Offer-Answer Codec Negotiation at call setup or in mid-call modifications. It is the intersection of all Local EVS Configurations along the speech path. It is not explicitly known to every node in the path.
Active EVS Configuration
is always as big as or smaller than the EVS Framework Configuration, never bigger. It may be modified by CMR and - maybe - other influences, like RNC Max-Rate-Control. A voice call has two Active EVS Configurations, one in each direction.
Assumption: A client hosting the EVS Encoder/Decoder may send CMR anytime to influence the media-stream it receives. The sent CMR value is always within the limits of the local EVS Configuration; it may be outside the perceived Active EVS Configuration in receiving direction. It may happen that a node (e.g. MGW) receives CMR-values outside the local EVS Configuration of next following link. The node then limits the received CMR values to the next local EVS Configuration. This guarantees that the CMR-receiving media-sender gets in error free cases only CMR values within its own local EVS Configuration.
6.6
SRVCC EVS (br=5.9-128; bw=nb-fb) 
          to EVS (br=5.9-13.2; bw=nb-swb)
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, 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 SRVCC is requested. The Target RAN supports EVSoCS.
Case 1: The Target RAN is not loaded. Therefore the Target MSC determines EVS (br=5.9-24.4; bw=nb-fb; mode-set=0,1,2) 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 TrFO-compatible to each other. Therefore the call continues after SRVCC 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 EVS (br=5.9-13.2; bw=nb-swb) 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 EVS (br=5.9-8; bw=nb-wb) 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 EVS (br=5.9-24.4; bw=nb-fb; mode-set=0,1,2) as Target RAN Codec, the RNC has the freedom (according to the currently implemented strategy in life networks) to allow only a sub-set of the required rates. This may end in the de facto Configuration of EVS (br=5.9-13.2; bw=nb-SWB) and the call would still continue in TrFO. The RNC would send Mode Control commands to keep the Codec Modes within these limits.
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 TrFO 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 the MSC must know 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 must restrict the upper bit rate temporarily due to varying cell load conditions, or the UE must go down in rate due to TX power problems. 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 CMR, requesting the maximum bit rate and maximum bandwidth, as soon as possible and follows this 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 SRVCC 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.
6.7
SRVCC EVS (br=16.4-128; bw=fb) 
          to EVS (br=5.9-13.2; bw=nb-swb)
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 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 chapter 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 must support this. The quality is optimal, if the media-receiver has FB audio output capabilities.
The inband CMR cannot change the 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 SRVCC not always fulfilled by this (and other) punctured EVS Configuration EVS (br=16.4-128; bw=fb).
Now the network has to execute SRVCC 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 EVSoCS 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) is determined as Target RAN Codec, same as in chapter 6.6. 
The IMS Selected Codec is not TrFO-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) must 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 SRVCC 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 TrFO-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 SRVCC 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) as Target RAN Codec.
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 MSC could send EVS (br=24.4; bw=fb) as Initial Codec Mode to the local UE. 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. The network and remote media-receiver would maybe not accept this, because this is outside the remote Configuration. This alternative is not satisfying.
This Target RAN Codec would also be sub-optimal for an IMS Selected Codec EVS (br=5.9-128; bw=nb-fb).
In another alternative approach, the MSC could try to select EVS (br=16.4-24.4; bw=fb), i.e. a FB-Only Configuration as Target RAN Codec. This has exactly the same effect as setting the Guaranteed Bit Rate in the Target RAN to 16.4 kbps. Neither RNC nor UE could trigger the media-sender to use a lower bit rate in uplink if higher error robustness is needed. Also this alternative is not satisfying.
This Target RAN Codec, too, would be sub-optimal for an IMS Selected Codec EVS (br=5.9-128; bw=nb-fb).
In a third alternative the ATGW (or other MGW in the path) could send CMR commands to bring both ends into the EVS-IO mode of operation. This would bring the call into TrFO 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 not as good.
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.
6.8
SRVCC EVS (br=9.6-24.4; bw=swb) 
          to EVS (br=9.6-13.2; bw=swb)
Here the IMS Selected Codec has the punctured Configuration EVS (br=9.6-24.4; bw=swb), based on operator policy. 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 SRVCC.
Case 1: The Target RAN supports EVSoCS and the load on the Target RAN is not too high. Based on operator policy the MSC prefers EVS (br=9.6-13.2; bw=swb) 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 must be chosen, like EVS (br=5.9-8, bw=nb-wb), 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)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
SRVCC and subsequent Handover 
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 SRVCC as in Chapter 6.6 to the EVS (br=5.9-13.2; bw=nb-swb) as Target RAN Codec and the call continues after SRVCC without transcoding in SWB quality. 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 Configuration in the IMS Selected Codec replaced seamlessly by the EVS AMR-WB IO (0,1,2) Configuration. The Target RAN sends AMR-WB-CMR=2 (or smaller) towards the remote end, together with AMW-WB-coded speech in RTP packets according to RFC 4867. A MGW in the path (e.g. the Target MGW of the preceding SRVCC) repacks these AMR-WB-RTP packets into EVS-RTP packets according to TS 26.445 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 SRVCC used by coincidence a TrFO-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 may have still excellent radio link quality, allowing EVS (br=5.9-128; bw=nb-fb) still, the remote UE must obey the received EVS AMR-WB IO as soon as possible and strictly. Only then, the SRVCC and subsequent CS-internal handover are executable with minimal speech break time and without Transcoding. If the remote LTE UE would not follow the 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 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 EVS (br=5.9-13.2; bw=nb-swb) 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 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 an "downgrading" handover the Mode Control precedes (ideally) the handover.
6.10
SRVCC and Handover in speech pauses
With quite some likelihood, these local handover may occur in phases, where the local UE detected a speech pause and does not send anything in uplink, except a SID frame every now and then. 
In such a case the handover-handling MGW should send CMR≤x towards the remote end in several CMR-Only frames and SID frames to accelerate the fall-back to lower modes as much as possible. Without these inserted CMR-Only frames (CMR-Only are No_Data frames including only the CMR), the handover-handling MGW would have to wait for the next SID frame and that might take quite a while. This would increase the speech break time in the local downlink direction. A lost SID or a lost CMR-Only frame would also mean the CMR is lost, which would cause a delay of the adaptation and therefore a longer speech break. Therefore this CMR is repeated several times (forward error correction by repetition) in several CMR-Only and/or SID frames. The repetition could be continued, until the remote end reacted accordingly. It is important that these CMR-Only frames are carried in the RTP packets all the way to the remote LTE UE. 
The EVS standards allow extracting the CMR from the received RTP packets and sending CMR in EVS RTCP-APP, if AVPF is allowed. This requires more effort, more transport bandwidth and takes in general a noticeable longer time to reach the remote UE. CMR within RTP is substantially faster, more error robust and simpler to handle.
Important to note: the current text in TS 26.445, A.2.2.1.2 ToC byte, states,
Begin of cite:
"Packets containing only NO_DATA frames should not be transmitted in any payload format configuration. Frame-blocks containing only NO_DATA frames at the end of the packet should not be transmitted in any payload format configuration. In addition, frame blocks containing only NO_DATA frames in the beginning of the packet should not be included in the payload."
End of cite.
This paragraph could potentially be misunderstood in a way that RTP packets including only the CMR byte should not be transmitted. In order to avoid misunderstanding, it should be added:

"Packets without speech data, containing only the CMR byte, shall be transmitted."
The details, when and how often CMR-only packets shall be sent, are for further study, see discussion above.
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