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1. Overall Description:
TSG SA WG4 (SA4) is currently finalizing its Rel-12 WI on the EVS codec. The codec will have the following key characteristics:

· Improved user experience and system efficiency as a result of:

· Enhanced quality and coding efficiency for narrowband (NB) and wideband (WB) speech services;
· Enhanced quality by the introduction of super-wideband (SWB) and optionally full-band (FB) speech;
· Enhanced quality for mixed content and music in conversational applications (for example, in-call music).
· Robustness to packet loss and delay jitter, leading to optimized behaviour in IP application environments.
· Backward interoperability to the 3GPP AMR-WB codec by having the AMR-WB interoperable operation mode, which is bitstream interoperable with the AMR-WB codec
.
By the end of the Release 12 stage 3 timeline, Technical Specifications describing the codec, including source code, and the Technical Report of performance characterization of the codec, will be provided. The set of EVS codec specifications is listed in enclosed draft 3GPP TS 26.441: EVS Codec General Overview.
In addition to the new codec specifications, another affected SA4 specification is 3GPP TS 26.114, which specifies IMS multimedia telephony media handling and interaction. The impact to TS 26.114 is summarized in permanent document EVS-12 (enclosed) that specifies changes required to enable basic EVS support in the Rel-12 time frame and the support of advanced features in Rel-13. SA4 is preparing a corresponding series of CRs to TS 26.114. In addition, SA4 will define an RTP payload format for the EVS codec, including SDP parameters. 
SA4 would like to make sure that VoLTE speech service using the EVS codec will be enabled by all relevant 3GPP specifications in the Rel-12 time frame. Therefore SA4 requests other TSG WGs to consider how the specifications under their respective responsibility might be affected and make necessary updates where needed.
Currently, SA4 finds the following aspects might affect the specifications of other TSG WGs, such as TS 24.229, TS 24.173, TS 24.237, TS 29.165, TS 23.237, and possibly others:
1. Support of a wide range of constant bitrates (up to 128 kbit/s), and one source-controlled variable bitrate (SC-VBR) mode at 5.9 kbp/s on average (Table 1 and Table 2)
2. Transcoding may be required between the EVS codec and other codecs, even though transcoding should be avoided as much as possible, as written in the TR 22.813.
3. Network entities may have to be “EVS aware” to take advantage of the AMR-WB interoperable modes of EVS, e.g., in case of SRVCC handover with ATCF enhancement.
4. Proper EVS support in interworking, policy and charging control, and end-to-end QoS mechanisms.

SA4 believes that some network nodes such as SCC AS, ATCF/ATGW, MGCF/MGB, BGCF etc. may need to be updated to support the EVS codec.
Table 1: Bit-rates for the new modes of the EVS codec
	Source codec bit-rate (kbit/s)
	Signal bandwidths supported

	2.4 (SID in DTX operation)
	NB, WB, SWB

	5.9 (SC-VBR)
With instantaneous rates of 2.8, 5.6, 7.2, 8.0
	NB, WB

	7.2
	NB, WB

	9.6
	NB, WB

	13.2
	NB, WB, SWB

	16.4
	WB, SWB, FB

	24.4
	WB, SWB, FB

	32
	WB, SWB, FB

	48
	WB, SWB, FB

	64
	WB, SWB, FB

	96
	WB, SWB, FB

	128
	WB, SWB, FB


Table 2: Bit-rates for the AMR-WB interoperable modes of the EVS codec
	Source codec bit-rate (kbit/s)

	2.0 (SID in DTX operation)

	6.6

	8.85

	12.65

	14.25

	15.85

	18.25

	19.85

	23.05

	23.85


2. On SRVCC handover with ATCF enhancement and TS 24.229
SA4 is aware that SRVCC handover with ATCF enhancement needs to be adapted for the EVS codec if the handover target CS network supports AMR-WB. Since the EVS codec supports also AMR-WB interoperable modes (AMR-WB IO), transcoding between EVS in EPS and AMR-WB in CS can be avoided by using the EVS AMR-WB IO modes on the EPS side. Two possible solutions to achieve switching from the new EVS modes to AMR-WB IO modes in an efficient manner are;
1) The terminal on the EPS side sends/receives AMR-WB interoperable frames in the EVS RTP payload format and the ATGW converts the EVS RTP payload to the AMR-WB RTP payload, and vice versa. In this solution, the receiver can distinguish these two modes by information obtained from the EVS payload.
2) The terminal on the EPS side sends/receives AMR-WB interoperable frames in the AMR-WB RTP payload format, i.e., RFC4867, and the ATGW passes the RTP packets through without any conversion. In this case, two payload types, one for EVS and the other for AMR-WB, would have to be accepted in SDP Offer/Answer at initial call setup, e.g., as shown in Figure 1. In this example, the SDP offer includes three payload types but for two codecs, The SDP answer for the EVS codec would return the EVS and AMR-WB payload types to be handled as a single codec. In this solution, the receiver can distinguish these two modes using the Payload Type field in the RTP header.
	SDP offer

	m=audio 49152 RTP/AVP 101 97 99

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:99 AMR/8000/1

a=fmtp:99 mode-change-capability=2; max-red=220

a=rtpmap:101 EVS/16000/1

a=fmtp:101 <parameters>

a=ptime:20

a=maxptime:240


	SDP answer

	m=audio 49154 RTP/AVP 101 97

a=rtpmap:97 AMR-WB/16000/1

a=fmtp:97 mode-change-capability=2; max-red=220

a=rtpmap:101 EVS/16000/1

a=fmtp:101 <parameters>

a=ptime:20

a=maxptime:240


Figure 1: Example of SDP offer/answer for accepting two payload types

Note: The ATCF or ATGW may need to send an indication to the EVS terminal to switch the modes, e.g. by in-band signalling in the RTP payload (analogous to CMRs in RFC4867), RTCP (CMRs in RTCP-APP), IMS signalling (SIP re-invite), etc.

Clause 6.1.3 of TS 24.229 specifies as follows:

Upon sending a SDP answer to an SDP offer (which included one or more media lines which was offered with several codecs) the terminating UE shall select exactly one codec per media line and indicate only the selected codec for the related media stream.
This seems to permit selecting multiple RTP payload formats for one codec per media line. SA4 is specifying that AMR-WB interoperable modes and the new EVS modes form a single codec. Therefore we believe this requirement is met. It is possible that TS 24.229 might need clarification in this respect.
3. Actions
To TSG CT WG1, WG3, WG4 and SA2:
· SA4 would like to ask CT1, CT3, CT4 and SA2 to identify and perform required updates to their respective specifications to make sure that VoLTE speech service using the EVS codec will be enabled by all relevant 3GPP specifications in the Rel-12 time frame. See more details in section 1 of this LS.
· SA4 would like to ask CT1, CT3, CT4 and SA2 if there are other possible impacts than those listed in this LS.
To TSG CT WG1
· SA4 would like to ask CT1 to consider whether TS 24.229 clause 6.1.3 needs clarification such that it allows multiple RTP payload formats for one codec per media line.
· SA4 would like CT1 to note that SA4 is under the assumption that handling of DTMF will not require any new mechanisms and can be done as for AMR/AMR-WB + DTMF.
To TSG SA WG2 
· SA4 would like to ask SA2 to identify necessary updates to TS 23.237 to avoid transcoding in an EVS session over EPS with SRVCC handover with ATCF enhancement. SA4 would like to ask SA2 to confirm that the mechanisms of TS 23.237 can be used for session re-negotiation to change the codec, e.g. in order to enable Transcoding Free Operation (TrFO) to CS speech service based on AMR-WB
To TSG RAN1 and RAN2
· SA4 notes that the EVS codec supports a wide range of constant bitrates, and a recommended source controlled variable bitrate (SC-VBR) operation, possibly switching on a 20ms frame basis among all the bitrates, see Tables 1 and 2. SA4 would like to ask RAN1 and RAN2 for any feedback on the supported bitrate operations of the EVS codec. SA4 would like to point out that for rates up to 24.4 kbit/s the bitrates of the EVS codec were defined including the RTP payload header size in order to fit Transport Blocks that were earlier defined for AMR/AMR-WB. Note that the rates above 24.4 kbit/s are net source coding bitrates that are not optimized for specific Transport Blocks.
· Depending on session setup, bitrate adaptation may be possible among bitrates of EVS in a session. SA4 would like to ask RAN1 and RAN2 for their views on the possible impact of bitrate adaptation on system efficiency.
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� AMR-WB interoperable modes are a part of EVS codec, i.e. EVS has both new operation modes with bitrates listed in Table 1 and modes that are “AMR-WB interoperable”





