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1. Overall Description:

SA4 thanks RAN2 for their LSs (R2-150598 and R2-151734) related to EVS codec rates to be supported over UTRAN CS.
SA4 has discussed the UTRAN and Core aspects of EVSoCS and came to the following working assumptions:
UE<=>MSC signalling:
Currently it is assumed that the principle used today for all other Codecs is not changed. The UE can only send in Call Setup and/or Call Confirm the Codec Type “EVSoCS” in the bit map of the Supported Codec List (TS 26.103). This would not allow differentiating between different audio bandwidths and/or bit rate limitations.
It may be feasible to include more parameters in the Setup and Confirm message, if needed. However, it could have impacts on legacy CS signalling.
MSC<=>MSC signalling (Nc):
One Code Point, “EVSoCS” (0x0Eh) is sufficient for the BICC signalling between MSCs, considering the additional IEs (Information Elements) included in the BICC IAM and APM can convey all relevant configuration parameters, such as bit rates, audio bandwidths, DTX, and more. See TS 26.103, tables 4.1 and 4.2. Details are to be discussed.
MGW<=>MGW transport (Nb):
Between the CS MGWs and between CS- and IMS-networks RTP is used for transporting the EVS payload, including CMR for Rate and Bandwidth adaptation. This is exactly as specified for MTSI in TS 26.114.
RNC<=> MGW transport (Iu)
The principles of the Iu Interface are not changed. PDU Type 0 is used to transport the speech payload. The MGW repacks between RTP and PDU Type 0.
There is a proposal to use PDU Type 14 for Rate Control only from RNC to MGW, but not the other way. 
For the other way, from MGW over RNC to UE, see CMR in end-to-end adaptation, below.
UTRAN radio traffic channel (Uu):
SA4 thanks RAN2 for the clarification on the three possible downlink spreading factors (SF=256, 128, 64).
SA4 decided to define at least one mode set for each SF. For each SF all rates that can be supported should be included. SA4 is also discussing further mode sets that would not contain certain of these rates. 

The following table shows all the bit rates per second and net bits per frame:
	Config.
	
	No Data
	SID
IO
	SID
PRI
	2.8
	
6.60
	7.2
	8.0
	
8.85
	9.6
	
12.65
	13.2
	16.4
	24.4

	A
	SF= 256
	0
	40
	48
	56
	132
	144
	160
	(177)
	(192)
	
	
	
	

	B
	SF= 128
	0
	40
	48
	56
	132
	144
	160
	177
	192
	253
	264
	(328)
	

	C
	SF= 64
	0
	40
	48
	56
	132
	144
	160
	177
	192
	253
	264
	328
	488


The numbers in brackets indicate that SA4 request clarification from RAN1, if these rates (bits per frame) can be supported reasonably. SA4 expects higher audio quality by supporting these rates in brackets. The VBR-5.90 mode of EVS is composed of all following rates for active speech: 2.8, 7.2 and 8.0. 
In all modes DTX may be active and thus No_Data and SID-PRImary frames may occur in addition. 
The table includes the three mandatory lowest AMR-WB modes (6.60, 8.85, 12.65) and SID-IO.
These three Configurations A, B, C are all TrFO-compatible to each other under all conditions.

In addition SA4 has received a proposal for additional Configurations with other mode-combinations, omitting certain modes of the lower bit rates and/or lower audio bandwidths. These additional Configurations are not TrFO-compatible to the Configurations A, B, C, but may have other benefits (tbd). 
Note: A proposal under discussion is that for all networks, which support EVS, the Configuration B is mandatory; for all UEs, which support EVS over CS, all these Configurations A, B, C are mandatory. 

End-to-end Adaptation:

EVS is composed of many bit rates and audio bandwidths. Therefore end-to-end adaptation includes maximum Rate control and maximum Bandwidth control. 
For UTRAN, maximum rate control is relevant only. SA4 has no intention to change this principle.
Switching between EVS primary mode and EVS-IO mode is required for fast fall-back in case of remote handover. The necessary signalling for this is carried in (in-band) CMR.

It is proposed to send CMR also on Iu and Uu and this may require some small overhead in each Configuration also on UTRAN, transparent to the RNC. The expected minimum overhead (3...5 bits) depends on the number of modes in each Configuration and would lead to the following table with payload bits per frame:
	Config.
	
	No Data
	CMR only
	SID
IO
	SID
PRI
	2.8
	
6.60
	7.2
	8.0
	
8.85
	9.6
	
12.65
	13.2
	16.4
	24.4

	A*
	SF= 256
	0
	3
	43
	51
	59
	135
	147
	163
	(180)
	(195)
	
	
	
	

	B*
	SF= 128
	0
	4
	44
	52
	60
	136
	148
	164
	181
	196
	257
	268
	(332)
	

	C*
	SF= 64
	0
	5
	45
	53
	61
	137
	149
	165
	182
	197
	258
	269
	333
	493


“CMR only” in this context means: the application requires in rare cases to transmit the CMR in speech pauses.
Another possibility would be to use the full CMR as defined for the RTP payload format (7 bit).
If the modes in brackets could be included in Configuration A and B, then one more bit for CMR would be required (not shown here). A one-to-one mapping between the compressed CMR and the full CMR exists. The MGW would perform this CMR-mapping.
Assumptions on Error Correction Coding:
SA4 assumes that equal error protection is used for all rates in all Configurations and seeks guidance from RAN2 on this aspect. SA4 further assumes that reliable error detection, at least as good as for AMR-WB, is provided. Reliable error detection is important for speech quality.

Rate Control by the RNC:

SA4 assumes that the existing rate control principle for the RNC is not changed. The existing signalling mechanisms RNC==>UE and RNC==>MGW are just adapted to the EVS rates.
Maximum Rate Control in the UE:

If CMR within the payload is accepted, then maximum rate control coming from the remote end in CMR would go transparently through the RNC. The UE would have to combine CMR and the rate control from the RNC, obeying the lower limit of both.

Maximum Rate Control in the MGW:

If CMR within the payload is accepted, then potential maximum audio bandwidth control coming from the local UE in CMR would go transparently through the RNC. The MGW would have to combine this CMR and the rate control from the RNC (conveyed as PDU type 14 control message, see above), obeying the lower limit of both, before sending the (potentially) modified full CMR forward.
Codec parameter negotiation (call setup)

SDP parameters for EVS are mapped to CS-signalling parameters and vice versa, as needed.

The CS-Control Plane signalling may be more constrained than the SIP Control Plane signalling for some EVS Codec parameters, e.g. audio bandwidth selection. Assuming that only Configurations A, B, C would be supported, then compatibility would exist to a subset of the signalling space in the SIP/SDP, as defined in TS 26.114.
Note: TS 26.114 allows a wide range of signalling options, resulting in many incompatible Configurations.
2. Actions:
to RAN1, RAN2, RAN3
ACTION: 
SA4 asks RAN1 and RAN2 to take the above working assumption into account for the design and optimization of the UTRAN radio channels for the above listed Configurations (A, B, C, A*, B*, C*).
SA4 is interested to understand the resulting bit error rates, frame loss rates, rate of undetected corrupted frames and so on, for all modes in the tables, including the ones in brackets.
SA4 will take these results into account to make the final decisions on the Configurations.

SA4 ask RAN1 and RAN2 to give feedback on potential impacts of removing the lower rates from 2.8 kbit/s up to 8 kbit/s inclusive.
to CT1, CT3, CT4:
ACTION:   SA4 asks the CT WGs to comment on the working assumptions.

3. Date of Next SA4 Meetings:

SA4 Meeting #85
24th – 28th August 2015, Kobe, Japan

SA4 Meeting #86
26th – 30th October 2015, San Jose' del Cabo, Mexico

