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1 Introduction
This contribution includes a proposal for the codecs and codec configurations for the voice media in MMTel.
Section ‎2 presents the background for the proposal.

Section ‎3 gives an overview of the proposal.
Section ‎4 includes the proposed text to be copied into the MMTel TS, ‎[1]. Requirements are included both for the terminal and for media gateways. Recommendations are also included for the cases where the session negotiation concluded that there are multiple formats that can be used.
2 Background

The MMTel service must work on both HSPA and EDGE packet switched access types.

For HSPA, the RLC PDU sizes have been optimized for a sub-set of the AMR-NB and AMR-WB codec modes, the bandwidth efficient payload formats and 1 frame per RTP packet, ‎[2]. Other codec modes and packing schemed can be used, but are less optimal since they require some padding to fill up to the next larger RLC PDU size. Large IP packets will also be segmented over two or more RLC PDUs.
For EDGE, discussions are currently ongoing in GERAN. It is however clear that for EDGE there will also be some configurations that work optimally, with no or little padding, while other configurations requires padding to fill up to the next larger transport block size. Some configurations will also create IP packets that require segmentation.
It is also important to ensure interoperability with circuit switched services, GERAN CS and UTRAN CS, and Generic Access Networks (GAN). Both GERAN and UTRAN CS services requires that the session can be restricted to using only a subset of the AMR and AMR-WB codec modes. GAN requires special capabilities when it comes to payload packing and redundancy.
Recommendations are also included to clarify what codec modes and packing schemes that work optimally on different access types.
3 Overview of the proposal
MMTel terminals must support all possible configurations of the AMR codec, mode change periods and payload packing. If wideband speech is supported then all possible configurations of the AMR-WB codec must be supported.

MMTel media gateways must support at least the codec mode configurations recommended for TFO/TrFO operation.

Both MMTel terminals and media gateways need to support encapsulating up to 4 frames per RTP packet. In cases where redundancy is used, even more frames may be encapsulated in each RTP packet.
4 Proposed text
4.1 To Section 5.2.1, Codecs for Speech

4.1.1 To Section 5.2.1.x, For MMTel terminals
MMTel terminals offering voice communication shall support:
· AMR speech codec, ‎[5], ‎[6], ‎[7], ‎[8], all 8 modes and DTX
· Operation according to the Codec Types and preferred configurations for AMR as defined in ‎[15]
For transmitting media, it shall support:

· Codec mode changes at any time and restricting codec mode changes to every 40 msec
· Codec mode changes to any mode within the defined mode set and restricting mode changes to only the neighbouring mode within the defined mode set

For received media, it shall support:

· Codec mode changes at any time

· Codec mode changes to any mode within the defined mode set
MMTel terminals offering wideband voice communication at 16 kHz sampling frequency shall support

· AMR wideband codec, ‎[9], ‎[10], ‎[11], ‎[12], all 9 modes and DTX;

· Operation according to the Codec Types and preferred configurations for AMR-WB as defined in ‎[15].

For transmitted wideband speech media, it shall support

· Codec mode changes at any time and restricting codec mode changes to every 40 msec

· Codec mode changes to any mode within the defined mode set and restricting mode changes to only the neighbouring codec within the defined mode set

For received wideband speech media, it shall support

· Codec mode changes at any time

· Codec mode changes to any mode within the defined mode set
4.1.2 To Section 5.2.1.x, For MMTel media gateways

MMTel media gateways offering voice communication shall support
· AMR speech codec, ‎[5], ‎[6], ‎[7], ‎[8] and DTX
· Operating according to the UMTS_AMR_2 codec type with the Codec-NB-Code 1 configuration as defined in ‎[15]
For transmitting media, it shall support:

· Codec mode changes every 40 msec
· Codec mode changes to neighbouring codec mode within the defined mode set

For received media, it shall support:

· Codec mode changes at any time in the received media stream
· Codec mode changes to any codec mode in the received media stream
MMTel media gateways offering voice communication should also support

· Other codec types and configurations as defined in  ‎[15]
· Codec mode changes every 20 msec

For transmitting media, it shall support:

· Codec mode changes at any time

· Codec mode changes to any mode within the defined mode set
MMTel media gateways offering wideband voice communication at 16 kHz sampling frequency shall support

· AMR wideband codec, ‎[9], ‎[10], ‎[11], ‎[12] and DTX
· Operating according to the UMTS_AMR_WB codec type with the Config-WB-Code 0 configuration as defined in ‎[15]
For transmitting media, it shall support:

· Codec mode changes every 40 msec

· Codec mode changes to neighbouring codec mode within the defined mode set

For received media, it shall support:

· Codec mode changes at any time in the received media stream

· Codec mode changes to any codec mode in the received media stream

MMTel media gateways offering wideband voice communication at 16 kHz sampling frequency should also support

· Other AMR-WB codec types and configurations for AMR-WB as defined in  ‎[15]
· Codec mode changes every 20 msec

For transmitting media, it shall support:

· Codec mode changes at any time

· Codec mode changes to any mode within the defined mode set

4.2 To Section 5.3, Payload Formats

When transmitting AMR or AMR-WB encoded media in RTP

· The media shall be mapped to RTP packets according to IETF RTP Profile for Audio and Video Conferences with Minimal Control in RFC 3551, ‎[13]
· The AMR payload format shall be used, ‎[14]
MMTel terminals shall support

· Both the bandwidth-efficient and the octet-aligned payload format
· Encapsulating up to 4 speech frames in each RTP packet when application layer redundancy is not used

· Encapsulating up to 12 speech frames in each RTP packet when application layer redundancy is used
· Application layer redundancy up to 200%

Note: This means that each frame may be transmitted up to three times, the original transmission and two retransmissions

MMTel terminals should support

· Encapsulating up to 20 speech frames in each RTP packet

MMTel media gateways shall support

· The bandwidth-efficient payload format
· Encapsulating up to 4 speech frames in each RTP packet

MMTel media gateways should support

· The octet-aligned payload format
· Encapsulating up to 20 speech frames in each RTP packet

· Application layer redundancy up to 200%
4.3 To Section 6.3.2.1, Session Setup Procedures, SDP usage, Speech

Session setup should determine:

· If the operation needs to be restricted to a more limited codec mode set
· If codec mode changes needs to be restricted to only every 40 msec
· The RTP Payload Type numbers that shall be used

· If the AMR bandwidth-efficient or the octet-aligned payload format must be used for each defined RTP Payload Type

· How many speech frames that should be encapsulated in each RTP packet
· The maximum number of speech frames that may be encapsulated in each RTP packet
For many sessions, it is likely that the session setup negotiation concludes that multiple configurations can be used. In this case, the recommendations in Section 6.5.1.1 apply.
4.4 To Section 6.5.1.1, Media Flow for Speech

This section describes how the voice media should be packed during a session. These requirements are recommendations that apply if the session setup negotiation does not define anything else.
For a UE using HSPA:
· If AMR is used, then the used codec modes should be one of the modes within the {AMR122, AMR74, AMR59 and AMR475} mode set
Note: The RLC PDU sizes are optimized for these AMR modes, ‎[2]
· If AMR-WB is used, then the used codec mode should be one of the modes within the {AMRWB12.65, AMRWB8.85 and AMRWB6.60} mode set
Note: The RLC PDU sizes are optimized for these AMR-WB modes, ‎[2]
· DTX shall be used
· In the transmitted media

· Codec mode changes should be performed only every 40 msec

· Codec mode changes should be performed to neighbouring mode

· In the received media

· Shall accept codec mode changes at any time within the defined mode set
· Shall accept codec mode changes to any mode within the defined mode set

· The in-band signalling in the AMR payload format should be used for request codec mode changes within the defined mode set

· The AMR bandwidth-efficient payload format should be used

Note: The RLC PDU sizes are optimized for the bandwidth-efficient payload format, ‎[2]
· Should send one speech frame encapsulated in each RTP packet

· Should request receiving one speech frame encapsulated in each RTP packet

Note: The RLC PDU sizes are optimized for 1 frame per packet, ‎[2]
· The receiver shall accept any number of frames per RTP packet up to the maximum limit as defined by session setup
For a UE using EDGE:
· If AMR is used, then the used codec modes should be one of the modes within the {AMR122, AMR74, AMR59 and AMR475} mode set
Editor’s note: The transport mechanisms for MMTel in EDGE are currently being discussed in GERAN. This recommendation may change.
· If AMR-WB is used, then the used codec mode should be one of the modes within the {AMRWB12.65, AMRWB8.85 and AMRWB6.60} mode set
Editor’s note: The transport mechanisms for MMTel in EDGE are currently being discussed in GERAN. This recommendation may change.
· DTX shall be used
· In the transmitted media

· Codec mode changes should be performed only every 40 msec

· Codec mode changes should be performed to neighbouring mode

· In the received media

· Shall accept codec mode changes at any time within the defined mode set

· Shall accept codec mode changes to any mode within the defined mode set

· The in-band signalling in the AMR payload format should be used for request codec mode changes within the defined mode set

· The AMR bandwidth-efficient payload format should be used

· Should send 2 speech frames encapsulated in each RTP packet

Editor’s note: The transport mechanisms for MMTel in EDGE are currently being discussed in GERAN. This recommendation may change.
· Should request receiving two speech frames encapsulated in each RTP packet
· The receiver shall accept any number of frames per RTP packet up to the maximum limit as defined by session setup

For a UE using Generic Access:
· If AMR is used, then the used codec modes should be one of the modes within the {AMR122, AMR74, AMR59 and AMR475} mode set

· If AMR-WB is used, then the used codec mode should be one of the modes within the {AMRWB12.65, AMRWB8.85 and AMRWB6.60} mode set

· DTX shall be used

· In the transmitted media

· Codec mode changes should be performed only every 40 msec

· Codec mode changes should be performed to neighbouring mode

· In the received media

· Shall accept codec mode changes at any time within the defined mode set

· Shall accept codec mode changes to any mode within the defined mode set

· The in-band signalling in the AMR payload format should be used for request codec mode changes within the defined mode set

· The AMR bandwidth-efficient payload format should be used

· Should send between 1 and 4 speech frames encapsulated in each RTP packet when application layer redundancy is not used

· Should send between 1 to 12 speech frames encapsulated in each RTP packet when application layer redundancy is used
· Should request receiving 1 to 12 speech frames encapsulated in each RTP packet

· Should request receiving redundant speech frames

· The receiver shall accept any number of frames per RTP packet up to the maximum limit as defined by session setup

· The receiver shall accept redundant speech frames
For a UE where the access type could not be determined, the configurations used in the session should be the same as for the HSPA access type.
5 Proposal

Approve the proposed text to be included in the MMTel TS.
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