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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 <=======

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.
6.6
SRVCC EVS-FB-11 to EVS-SWB-4
In this scenario the call setup resulted in the IMS Selected Codec being EVS-FB-11, the biggest EVS Onion 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 this biggest possible EVS Framework Onion. Rate- and Band-Control is maybe 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. So the active EVS Onions may be temporarily smaller and different in both directions, but transcoding is in no case required.
The Target RAN supports EVSoCS and the Target RAN is not overloaded and so EVS-SWB-4 Onion is determined as Target RAN Codec. As a reminder: the Target RAN Codec is selected 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. So it is to a large extent by coincidence that the Target RAN Codec fits so well.
According the EVS Onion principle the call continues after SRVCC without transcoding, although the EVS Framework Onion shrinks to EVS-SWB-4, still providing impressive SWB quality in a cost efficient manner. Rate- and Band-Control keeps the EVS onions within this new EVS Framework Onion, although the IMS Selected Codec is still EVS-FB-11. There is no need to modify that from a speech quality point of view. Important is that the remote UE received the CMR-SWB-4 (or a lower one) as soon as possible and follows as soon as possible. If done well it is possible to get the EVS modes in the Target RAN Codec range before SRVCC is actually executed.
The allocated resources in the IMS Core Network and especially the remote LTE access are not fully used as long as the local side remains in this Target RAN. But maybe they have not been used before SRVCC either: this is inherent to the nature of adaptive coding. The network admission control needs other means to determine the real load caused by an ongoing call, the call setup Codec Negotiation is not fully satisfying.
Of course in principle a Codec Renegotiation could be started and the IMS Selected Codec could be reduced to EVS-SWB-4 as well. Whether this is really helpful needs to be discussed.
6.7
SRVCC EVS-FBOnly-11 to EVS-SWB-4
In this scenario the call setup resulted in the IMS Selected Codec being EVS-FBOnly-11, the biggest EVS NON-Onion, with Fullband audio and the bit rate ranging from 16.4 kbps, up to the highest, 128 kbps. How this Codec Negotiation was performed is another interesting story, not discussed here.
The call quality may reach the same quality as in the scenario before, using the highest EVS mode, EVS-FB-11. Transcoding is not required. Rate- and Band-Control is maybe 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.
Due to the EVS algorithm design the EVS Encoder classifies the input audio signal and decides, 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 this input signal. The adaptation follows the audio-input quite well - also for non-Fullband signals.

But what if the audio output at the local end is not longer capable to render Fullband audio bandwidth?Maybe the customer has a handheld phone with a high quality FB-headset, but needs now to unplug it and use the loudspeaking mode of the phone to let other people listen to the call? The effective audio output may fall down to WB, still quite OK for that situation. The remote Encoder will not get this information, well, it might get it by Rate- and Band-Control, but it is not allowed to use the EVS-WB mode in this EVS NON-Onion. As a result the remote Encoder spends coding bit resources in signal regions, which are later at the local playback side just irrelevant. The quality is not as good as it could be. This is one drawback of any EVS NON-Onion.
Now, what happens at SRVCC?
The Target RAN supports EVSoCS and the Target RAN is not overloaded and so the EVS-SWB-4 Onion is determined as Target RAN Codec.

Transcoding must be inserted, as the EVS-FBOnly NON-Onion is not TrFO-compatible. The quality is not as good as it could be, although transcoding resources are quite expensive for EVS: two EVS Decoder and two EVS Encoder in the MGW.
The problem of overprovisioning, as discussed in the previous chapter, is the same, the IMS Selected Codec remains EVS-FBOnly-11 NON-Onion, at least until SRVCC is reliably finished.
Again the Target RAN Codec was selected 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. In this scenario this knowledge would not help much, as there is no TrFO-Compatible Codec available in the Target RAN for this EVS-NON-Onion.
6.8
SRVCC EVS-FB-11 to EVS-SWB-4 to AMR-WB-2
In this scenario the call setup resulted in the IMS Selected Codec being EVS-FB-11, the biggest EVS Onion 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 mobile is moving and leaving LTE coverage and SRVCC is performed, as in Chapter 6.6, to the EVS-SWB-4 Onion as Target RAN Codec and the call continues after SRVCC without transcoding in SWB quality.
The mobile is, however, moving on and is even leaving 3G-coverage into 2G-coverage. Another, this time CS-internal handover to a Target RAN2, with AMR-WB-2 as Target RAN2 Codec is performed. Without going into details here the call may continue in HD Voice quality, without transcoding, with the EVS Onion in the IMS Selected Codec replaced seamlessly by the EVS-IO Onion. 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 repacks these AMR-WB-RTP packets into EVS-RTP packets according to TS 26.445 and translates the CMR≤2 into the EVS-CMR-IO-2 (or smaller). 
Although the remote end may have still excellent radio link quality, allowing EVS-FB-11 still, the remote UE must obey the received CMR-IO-x (x=0,1,2) as soon as possible. Only then the SRVCC and subsequent CS-internal handover are executabnle with minimal speech break time.
With quite some likelihood this first SRVCC and the second CS-Internal handover 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. It is good practise in CS networks that the handover-handling MGW send CMR≤2 towards the remote end in No_Data (!) frames to accelerate the fall-back to lower modes as much as possible. Without these inserted No_Data frames the MGW would have to wait for the next SID frame and that might take quite a while (159 ms max). A lost SID or No_Data frame would also mean the CMR is lost and so this CMR is repeated several times (forward error correction by repetition).

It is therefore important that these No_Data frames are carried in the RTP packets all the way to the remote end. The standards allow extracting the CMR from the received RTP and sending it in EVS RTCP-AP. But that is cumbersome for several reasons and requires more effort more transport bandwidth and takes in general a longer time to receive the remote UE.
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