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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

9
Codec Mode Control before, during and after SRVCC
	Begin of Changes


9.1 
General

The AMR Mode Control procedure was originally designed for Mobile<=>PSTN calls and extended later to cover also Mobile<=>Mobile calls in Transcoding Free Operation (TFO or TrFO). 

In the first case, Mobile<=>PSTN, there is typically only one major bottleneck in the voice path: the radio interface, which varies over time and location and requires adaptation of the media (net) bit rate to the channel conditions. These channel conditions may be temporary, as the radio signal strength or the radio interference fluctuates. These channel conditions may also be permanent or semi-permanent, e.g. if GERAN needs handover to a half-rate traffic channel to gain call capacity, or if UTRAN needs handover to a spreading factor SF=256 for the same reason.
In the second case, Mobile<=>Mobile, there are more bottlenecks in the voice path: both radio interfaces may vary over time and location temporarily or semi-permanently. In general there could be even more bottlenecks in the voice path end-to-end, like an overloaded Abis-interface in GERAN, or a satellite link or microwave-links somewhere.

The AMR Mode Control signalling and procedure was designed to cope with multiple bottlenecks in the voice path. 

Figure 9.1.1 shows one example of a Mobile<=>Mobile call with an assumed bottleneck in the Core Network (on NboIP).
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Figure 9.1.1: Mobile<=>Mobile call with two radio interfaces and an assumed bottleneck in the Core Network

The voice media traffic flow is bi-directional, represented in blue coloured think lines for the direction “left to right” (i.e. MS1 => MS2) and in violet coloured think lines for the direction “right to left” (i.e. MS1 <= MS2). The speech media is transported transcoding-free end-to-end: speech is encoded once in the media-sending mobile (e.g. MS1) and decoded once in the media-receiving mobile (e.g. MS2). This guarantees highest possible voice quality under all given radio conditions, assuming, that the Mode Control feedback keeps the Codec Mode in the optimal range. 

The Mode Control signals in form of Codec Mode Requests (CMR) are always sent in the opposite direction (feedback), relative to the media stream. The CMR flow is represented with dashed lines of the same colour of the media stream it controls. The blue and violet columns below the block diagram represent the selected mode-set AMR (0,2,4,7) and the local and temporal rate restrictions, one column for each interface and direction. For example, uplink radio interface 1 has an extreme low maximum rate of only 4.75 kbps, i.e. only the lowest mode is allowed. The Codec Mode Command (CMC2.5) is set by BTS1 to CMC2.5=0. A node receiving media on a specific interface (e.g. MGW2 receiving data from MGW1 via NboIP) estimates the receive-link quality and influences the CMR in the opposite direction accordingly (e.g. CMR2.3).
Prerequisite for end-to-end TrFO is that the media-encoder knows the smallest bottleneck in the media path!
Each media-receiver and media-decoder, e.g. MS1, observes its downlink radio conditions and estimates the maximum mode suitable for these radio conditions. This estimated maximum mode is send backwards, e.g. as CMR1.1. In the case above, radio 1 has no problem in downlink. So CMR1.1=7, i.e. the highest mode with rate=12.2 kbps could be used on this local radio 1 downlink. 
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Figure 9.2.1: Reprint of Figure 9.1.1: Mobile<=>Mobile call with two radio interfaces …

BTS1 may modify this CMR1.1, e.g. based on load on the incoming AoIP interface, and then send CMR1.2 forward towards the Core Network, i.e. MGW1. 
CMR1.2 = MIN ( CMR1.1 , <local max mode on AoIP1 in downlink> ) is the corresponding formula.

In the example here CMR1.2 == CMR1.1 = 7: there is no bottleneck on AoIP1 in downlink.

MGW1 observes the incoming NboIP-link and detects a restriction to rate 7.40, i.e. mode=4. So MGW1 sets 
CMR1.3 = MIN (CMR1.2 , 4) = 4 and forwards (backwards relative to the media-stream) CMR1.3 to MGW2.

The smallest bottleneck in this media flow is in this example in the uplink of radio 2. BTS2 observes this radio link 2 and estimated the maximum mode to 2, i.e. rate 5.90 kbps. 
Therefore, finally CMC1.5 = MIN(CMR1.4 , 2) = 2 is sent downlink to MS2.
It is mandatory for MS2 to obey this “Codec Mode Command” as maximum allowed mode in uplink as soon as possible. CMC1.5 is the minimum of all estimated maximum modes of all bottlenecks, calculated in a distributed manner. 

Regardless, where the smallest bottleneck will be: the Distributed Rate Decision always finds it!

Exactly the same procedure, with typically different result, is executed for the opposite media-direction. The Mode Control loop delay is dependent on the position of the bottleneck in the speech path. This control loop delay is always as small as it can be.
9.2
Mode Control commands in the User Plane
The speech path delay is an important factor for a good communication quality for humans. The smaller the speech path delay, the more natural the communication; a long delay causes irritations to the participants. The speech path is optimized. It does not follow the same route as the control signalling and does not pass the same nodes. Therefore, the speech path (User Plane) has typically a (much) lower transport delay than the Control Plane. This is one important reason, why the Mode Control Commands (CMR) are transported in the User Plane.
Another aspect is the tight synchronisation between media payload and Codec Mode Request. This allows a fast and timely response in case some bottleneck changes and needs a fast adaptation. The Control Plane could not support this fast reaction.
In GERAN, every SID frame and every second Speech frame (every 40ms) transports the active CMR, endlessly repeated, even if it does not change. This endless repetition has to be seen as extreme robust forward error correction code and allows a fast error recovery. A single lost or disturbed CMR values is quickly healed by the next one. There is no need for an acknowledgement for CMR. CMR is slim signalling.
On AoIP, NboIP and in IMS the AMR and AMR-WB payload is transported in RTP packets, each containing a field for CMR. This CMR field is always present. 
TS 26.114 REL-12 clarifies that the active CMR shall be sent in every RTP packet for AMR and AMR-WB.
9.3
Mode Control Rules for AMR and AMR-WB
Any implementation of AMR or AMR-WB in an MTSI Client shall obey these Mode Control Rules, otherwise end-to-end TrFO is impossible. IP end-points, maybe not following TS 26.114 in all points, MUST follow the AMR Mode Control Rules, if they offer AMR or AMR-WB in SIP/SDP.  

Especially important is that every media-sender must obey the received CMR as the maximum mode it is allowed to use for media-encoding. This is true, even if the media-sender itself does not see any restriction in its local access side. None of the involved clients or servers overlooks the total media path. Only the Mode Control feedback provides the overview, how big the smallest bottleneck is.

In a general voice session, it is typically unknown to one end what the other end’s access is and it is any time possible that the conditions on one or the other end change. It is therefore important that every media-sender follows the received CMR as fast as possible, e.g. within about 40ms. 

An important example is an handover on the far end, e.g. a GERAN-internal handover from the full-rate channel, AMR (0,2,4,7) to the half-rate channel, AMR (0,2,4). Immediately after the handover (in some implementations already some time BEFORE the handover) the CS network sends CMR=4 and below. If a VoLTE client on the remote end would not obey these CMR-values and continue with mode 7, because it does not see any problem on its local LTE access, then the output on the GERAN terminal will go to muting: mode 7 cannot be transported downlink on a GERAN half-rate channel.

Another important example is the SRVCC from a VoLTE<=>VoLTE call with AMR-WB () to UTRAN or GERAN. The maximum mode for AMR-WB in UTRAN or GERAN is AMR-WB (2). The Target RAN sends Mode Control Commands through the CS-Core – during SRVCC or after SRVCC is finished - and they will be received in the ATGW within the RTP packets as CMR=2 (or lower) and then forwarded to the remote VoLTE UE. Again, the remote VoLTE UE MUST obey these CMR-values as maximum mode for media-encoding; otherwise, the UE on UTRAN or GERAN side goes to muting.
9.4
Mode Control Rules for EVS
EVS is a new 3GPP Codec with substantially enlarged adaptation capabilities. The principle of "Codec Mode Control" remains the same. The smallest bottleneck in the total voice path end-to-end determines the maximum mode that can be used without transcoding. Transcoding always brings lower quality. 
The EVS Codec Mode Request (EVS-CMR) comprises not only commands to restrict the maximum rate, but also for maximum audio bandwidth. In addition, EVS-CMR is used to control the "Variable Bit Rate" mode of EVS (on/off, nb, wb) and the "Channel Aware" mode of EVS (on/off, wb, swb, various options). CMR controls also the EVS-IO mode of operation and the transitions between the EVS modes of operation.
The RTP payload format for EVS is specified in TS 26.445 with several options for EVS-CMR transport. It is allowed to omit the EVS-CMR in RTP. It is allowed to send the EVS-CMR on demand, i.e. only when found necessary. It is allowed to send EVS-CMR in RTCP-APP. It is allowed to send EVS-CMR in every RTP packet: this is the safest option.
For many good reasons it is recommendable to send the active EVS-CMR in every RTP packet, in Speech, SID and CMR-Only packets. Only this permanent repetition allows the fastest possible adaptation, with high error robustness. The Distributed Mode Decision is simplest, if every RTP packet for EVS includes the active EVS-CMR. These considerations are the same as for AMR and AMR-WB.
One important aspect is the TrFO-compatibility between EVS and AMR-WB. EVS includes the EVS AMR-WB IO mode of operation, in short EVS-IO. The EVS-CMR controls also the transition between EVS Primary modes and the EVS-IO modes, together with the maximum bit rate in EVS-IO. Because AMR-WB mandates an active CMR in every RTP Packet, this requirement is passed to the EVS-IO as well.
Same as for AMR, the simplest approach would be starting the EVS-CMR feedback signalling by the media-receiving EVS-client (decoder) and send this EVS-CMR, potentially filtered by the network(s) and potentially modified to a lower maximum rate and/or bandwidth, all the way back to the media-sending EVS-client. Nodes in the path can realize the Distributed Rate Decision fastest and easiest. The network can react to sudden disturbances in the media path, like SRVCC or handover, in the fastest possible way. Lost or disturbed CMR Commands are corrected with the next received RTP packet.
All other options, a) to c) in the list below, for EVS-CMR transport have disadvantages:
a) It is allowed to omit the EVS-CMR in RTP. 
Then either a single-rate / single mode Configuration must be used, or CMR must be sent via RTCP-APP. 
In principle, SIP/SDP could be envisaged to change the Codec Mode. This is, however, expensive and too slow.
b) It is allowed to send the EVS-CMR on demand, i.e. only when found necessary. 
Lost frames mean a lost CMR. It is often not trivial to detect such a case.
This is already discussed in length for the AMR Rate Control.
c) It is allowed to send EVS-CMR in RTCP-APP. 
RTCP-App brings irregular overhead and may interfere on the transport plane with the speech data stream. 
d) It is allowed, even mandated in this option, to send EVS-CMR in every RTP packet, in speech pauses even in some extra added CMR-only packets, if an urgent CMR has to be sent.
This is the safest option, as discussed for AMR and EVS above. It is, however, only effective, when in each RTP packet the active CMR is sent, "endless" repeated. 
9.5
Call Setup and Initial Codec Mode
Mode Control before, during and after SRVCC is discussed in the following in examples. The principles hold for all Codecs and call scenarios in modified form. 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).
The EVS Initial Codec Mode (EVS-ICM) could be negotiated and set to EVS (br=24.4; bw=swb) in both directions.
However, this EVS-ICM is not negotiated, but set by implicit rules. One important input parameter must be 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.
TS 26.114 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 EVSoCS, which is still under study (status October 2015).
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 ICM. The rules in TS 26.114 do not cover this case, as EVSoCS 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.

The EVS-ICM for UE A in that case must be equal or lower than AMR-WB(2)! EVS primary modes are not allowed. 
The rules in TS 26.114 do not cover this case.
9.6
Mode Control before SRVCC
When the call is ongoing, i.e. is in State "Connected",  CMR is permanently (preferred) or on demand (not recommended) exchanged in both directions, to control the optimal Codec Modes and EVS modes of operation in both end-points (both media-senders).
At any time during the call some transport conditions may change, causing a node in the path to change the CMRs.
· RNC B could lower or raise the RNC-Max-Rates in one or both directions due to UTRAN load changes. RNC B would command UE B by an RRC-command and MGW B by a PDU Type 14 Rate Control command. MGW B would send modified CMR towards UE A to reflect that change.
· ATGW A could detect a high uplink frame loss rate and high RTP jitter coming from UE A and may command by CMR a lower Codec Rate in uplink for UE A.
· To combat the high frame loss rate ATGW A could also command UE A to go into the EVS Channel Aware mode, by sending an EVS-CA-CMR command down to UE A. UE B would have to handle this EVS CA mode for decoding. EVS-CA mode of operation is not allowed, if the remote end is using AMR-WB, unless transcoding is inserted in MGW B.
· UE A could detect a high frame loss rate in downlink and send CMR uplink, requesting the EVS CA mode in downlink. ATGW A would have to allow this EVS-CA-CMR to pass through to UE B (or block it), UE B would have to send in EVS Channel Aware mode. MS B, using AMR-WB, would not understand this. Many more examples can be found.
In general, the call may be in any EVS mode of operation, when an SRVCC is triggered. 
Indeed SRVCC is only one additional reason to trigger Codec Mode Control.
9.7
Mode Control during SRVCC
Assume the call is ongoing as in figure 9.5.1, with EVS end-to-end and a 3G access at the remote end. The EVS CA mode of operation may be used in both directions.
UE A is roaming and observing its radio environment. It detects that the LTE radio leg is degrading, while a 2G radio leg is strong, 3G is not detected. UE A sends measurement reports to eNB A and this triggers the SRVCC to 2G.
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Figure 9.6.1: Call Scenario during SRVCC to GERAN
The SRVCC MSC selects AMR-WB (0,1,2) as Target RAN Codec and prepares the Target Radio leg and the Target MGW. Then the SRVCC MSC sends message 10a, SIP Invite (MSC Preferred Codec List 2), to ATCF A. This ATCF selects AMR-WB (0,1,2) as CS-PS-Codec and informs the ATGW. While ATGW A prepares the resources for the access transfer, it may already send CMR towards the remote 3G UE B to switch from EVS CA mode to EVS-IO mode of operation. 
This Pre-SRVCC Mode Control by the ATGW is not standard agreement and would be implementation dependent.
Then ATGW A returns the connectivity parameters to the ATCF and further to the SRVCC MSC. The Target access leg is prepared. The ATGW switches the User plane sharply from the LTE access to the Target access.
The ATGW A may start sending for a while RTP packets with EVS-CA mode towards the new Target MGW. These packets from the remote UE B are not understood and discarded by the Target MGW. Alternatively, the ATGW may send nothing to the Target MGW, until it receives EVS-IO frames from UE B and repacks them into AMR-WB format. 
The Target BTS does still not receive uplink frames and sends nothing in uplink. The Target MGW may start sending CMR-Only RTP packets in AMR-WB payload format with AMR-WB-CMR=0 towards ATGW A to support Pre-SRVCC Mode Control. This Pre-SRVCC Mode Control by the Target MGW is not standard agreement and would be implementation dependent. 
The earlier EVS-CMR-IO is sent towards the remote UE B, the better. If it is sent only after the Target BTS received the first speech frames on the new radio leg and these reach the ATGW, then the speech interruption in downlink is extremely long.
The SRVCC MSC sends message 13, PS to CS Response (Target RAN Codec), to the MME, triggering the Handover Command. While the Handover Command is on its way to UE A, Pre-SRVCC CMR-IO could reach UE B and UE B could start sending in EVS-IO mode already before the handover on air happens. 
As soon as ATGW A gets these EVS-IO frames from UE B in RTP payload format for EVS, ATGW A repacks them into RTP payload format for AMR-WB and now the Target MGW can understand and forward them to the 2G radio leg. Depending on the remote 3G leg radio conditions, UE B sends CMR between EVS-CMR (br=24.4; bw=fb) and EVS-CMR (br=5.9; bw=wb). After receiving EVS-CMR-IO (br=6.6; bw=wb) from ATGW A, UE B may also start sending between EVS-CMR-IO (br=6.6; bw=wb), reflecting that it is now operating in the EVS-IO mode. The ATGW in the path must filter and translate the EVS-CMR coming from UE B into AMR-WB-CMR going to UE A.
Mode Control for the media stream downlink towards the Target RAN is in this scenario most critical. 
The earlier this is triggered the better. It is important that EVS-CMR-IO (br=6.6; bw=wb) is fast and reliable received, understood and obeyed by UE B. This is important for a short speech break in local downlink.
Mode Control for the media stream uplink from the Target RAN is trivial in this scenario. The UE A starts in any case with the Initial Codec Mode of the Target RAN Codec, here with AMR-WB (0), if the standard is followed. This is always understood by the ATGW A. As soon as ATGW A receives RTP packets in payload format for AMR-WB from the Target MGW, ATGW A repacks them into RTP payload format for EVS and sends them towards UE B. This repacking includes the translation of the CMR commands.
The Target BTS and especially the Target MGW send immediately after SRVCC AMR-WB-CMR=0 in all RTP packets towards ATGW A. AMR-WB-CMR=0 is translated by ATGW A into EVS-CMR-IO and it would be best to send CMR-EVS-IO in all RTP packets towards UE B. In case of a speech pause, CMR-only packets should be sent for a while repeatedly.
The Target BTS sends AMR-WB-CMR=0 downlink on the new radio channel to keep UE A in the Initial Codec Mode for a while. This is done, until the new radio channel is observed and measured long enough to decide the optimal mode.
It is in general much better to use error free frames in a low mode, than to risk lost frames in a high mode.
9.8
Mode Control after SRVCC
UE A receives the Handover Command via the LTE leg and starts as soon as possible switching to the Target Radio leg. This Handover on air takes a while and is dependent on the radio leg standard and on implementation skills in the UE. Let's say the UE "disappears" from LTE and "appears" on 3G about [100ms] later, to take this just as a "house number".
Because UE A used EVS before SRVCC, it may use the EVS Codec algorithm also after SRVCC for encoding and decoding in the EVS-IO mode of operation. In case of SRVCC from EVS to AMR-WB, there is no need to restart the Codec algorithm. All State-Variables of the Codec algorithm can be used as they are and this helps to combat the speech path interruption.
In any case, UE A must start/continue after SRVCC with EVS-IO, sending these EVS-IO coded speech frames in uplink in the format of AMR-WB. This Initial Codec Mode must be kept, until the Target BTS sends AMR-WB-CMR with other, higher values, indicating that the uplink radio leg is good enough. Typically, it takes about [500 ms], until UE A and Target BTS have observed the new radio leg and determined the best codec mode in downlink and uplink. Then the Target BTS will allow CMR up to CMR=2 in downlink and UE A will send CMR up to CMR=2 in uplink and after one more round trip time the call is in the best possible Codec Modes after SRVCC.
	End of Changes


