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1. Overall Description
SA4 kindly thanks RAN2 and SA2 for their LSs on AMR multi-rate operation of VoIMS (Tdocs R2-050295/S4-050012 and S2-050509/S4-050032).

In Tdoc R2-050295/S4-050012, RAN2 asks SA4 the following two questions:

RAN2: 
Q1. Will VoIMS use different voice codecs e.g. WB-AMR? If so, which voice codecs should be considered ?

SA4: 
TS 26.235 (“Packet Switched Conversational Multimedia Applications; Default Codecs”) defines the codecs to be supported in terminals for conversational IMS services. For speech, the terminals shall support AMR narrowband speech codec. The AMR wideband codec (AMR-WB) shall be supported when the terminal supports wideband speech working at 16 kHz sampling frequency. The transport protocols are defined in TS 26.236 (“Packet Switched Conversational Multimedia Applications; Transport Protocols”). 
RAN2:  
Q2. Will VoIMS use different rates for certain codecs, e.g. will multi-rate AMR be used ? If so, to which rates should RAN2 tune the MAC PDU sizes
SA4:
No specific rates of AMR and AMR-WB are defined for use in TS 26.235. Consequently, when tuning the MAC PDU sizes, all the AMR and AMR-WB modes should be taken into consideration. Note that in order to maximise speech quality, the highest possible AMR and AMR-WB bit-rates should be used. 
The source code bit-rates for the AMR modes are 12.20, 10.20, 7.95, 7.40, 6.70, 5.90, 5.15 and 4.75 kbit/s. In addition, AMR contains a source controlled rate (SCR) mode with bit-rate of 1.80 kbit/s. T
he source codec bit-rates for the AMR-WB modes are 23.85, 23.05, 19.85, 18.25, 15.85, 14.25, 12.65, 8.85 and 6.60 kbit/s. Also AMR-WB includes a source controlled rate mode with bit-rate of 1.75 kbit/s. For more details, see TSs 26.071 (“AMR speech codec; General description”) and 26.171 (“AMR-WB speech codec; General description”).
According to TS 26.236 only one speech frame shall be encapsulated in each RTP packet for use in IMS (except in PoC where more speech frames may be encapsulated in each RTP packet). Hence, SA4 believes that in order to avoid excessive packetization overhead, the use of RoHC should be considered. 
SA4 would also like to inform RAN2 and SA2 that for CS speech teleservice (speech telephony) some  recommendations and restrictions have been set for the use of AMR and AMR-WB modes. TS 28.062 (“Inband Tandem Free Operation (TFO) of speech codecs; Service Description; Stage 3”) especially recommends Active Codec Set configuration consisting of the following AMR modes: 12.2, 7.4, 5.9 and 4.75. (Wide use of this particular set in CS speech teleservice makes TFO/TrFO negotiation easier and leads to TFO/TrFO compatible connections with optimal voice quality.) However, other configurations using other modes are not excluded. For CS speech teleservice, the AMR-WB modes have been limited into the following five: 23.85, 15.85, 12.65, 8.85 and 6.60 kbit/s, with the three lowest modes included in all allowed mode configurations as explained in TS 26.103 (“Speech codec list for GSM and UMTS”). Note that the above recommendations and restrictions for modes however do not apply for use of AMR and AMR-WB codecs in PS services. 
I

n Tdoc S2-050509/S4-050032, SA2 raises the following action:

SA2: 
SA2 is curious to know how DTX for VoIMS is planned to operate. Specifically, SA2 wonder what prevents the continuous radio transmission of ‘comfort noise’ during a ‘silence period’. Feedback from RAN2 and/or SA 4 would be appreciated.

SA4: 
The purpose of DTX (Discontinuous Transmission) / SCR (Source Controlled Rate) is to allow coding at lower average rate during speech pauses (to save power in the UE and to reduce overall interference and load in the networks). The lower average rate is achieved by sending the comfort noise parameters (SID_UPDATE frames) only once in every Nth frame. (In AMR and AMR-WB, N=8.) For the other N-1 out of N frames, no data needs to be transmitted over the radio interface to generate comfort noise at the receiver. These frames are classified as NO_DATA  frames in the TX SCR handler. Hence, by definition continuous radio transmission of ‘comfort noise’ during a ‘silence period’ is not needed. For further details on the SCR operation of AMR and AMR-WB codecs see TS 26.093 (“AMR speech codec; Source controlled rate operation”) and TS 26.193 (“AMR-WB speech codec; Source controlled rate operation”). 

See also AMR RTP payload format (RFC 3267) which explains on the transmission of NO_DATA frames the following: “Note that packets containing only NO_DATA frames SHOULD NOT be transmitted. Also, frame-blocks containing only NO_DATA frames at the end of a packet SHOULD NOT be transmitted.”



2. Actions
Question to RAN2:
Is RAN2 considering optimising MAC transport block sizes for active speech and for SID-frames (with and without RoHC in use)?
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