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1. Overall Description:

SA4 have been discussing the UE handling defined in TS 24.229 Clauses 6.1.2 and 6.1.3 and have identified a few statements that seem unclear and may, in the worst case, cause problems to maintain a reliable real-time text session. The requirements in question are included below.

The following paragraph is found in Clause 6.1.3:

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 payload and indicate only the selected codec for the related media stream.

In SDP (RFC4566) the following description of a=rtpmap is found:

      a=rtpmap:<payload type> <encoding name>/<clock rate> [/<encoding

         parameters>]

         This attribute maps from an RTP payload type number (as used in

         an "m=" line) to an encoding name denoting the payload format

         to be used.

When combining these two, it can be interpreted that the SDP answer is only allowed include only one source codec and also only one RTP Payload Type number.

The following paragraph is found in Clause 6.1.2:
Upon receiving an SDP answer, which includes more than one codec for one or more media streams, the UE shall send an SDP offer at the first possible time, selecting only one codec per media stream.

When combining this with the description of a=rtpmap in SDP, it can be interpreted that the originating UE should, in case the received SDP answer contains multiple codecs and/or payload types, remove all but one codec and payload type.
In TS 26.114, the following SDP offer is used for real-time text:

m=text 49154 RTP/AVP 110 108

a=rtpmap:110 red/1000/1

a=rtpmap:108 t140/1000/1

a=fmtp:110 108/108/108

Application layer redundancy (‘red’) is here used to ensure low character error rate. If the SDP answer can only include one RTP Payload Type then the answering UE would have to remove ‘red’ and keep only ‘t140’. This would lead to high character error rates when packet losses occur. Since ‘red’, and other similar simple redundancy formats, do not add much complexity, it would be beneficial to allow such redundancy format to be used in the same media stream as a source codec.
If the intention is to allow only one RTP Payload Type for each media stream then this will also mean that it becomes impossible to use DTMF (telephone-events) and speech (e.g. encoded with AMR) in the same media stream. DTMF can be seen as a “source codec”, i.e. similar to other speech codecs. However, DTMF coding is not very complex and SA4 therefore believes that there should not be any problems allowing DTMF and a speech codec in the same media stream. This is also how DTMF is used in TS 26.114 Annex G.
Further background information is found in S4-100777 (attached).

2. Actions:

To TSG-CT WG1 group.

ACTION: 
SA4 asks CT1 to provide guidance on how to interpret the requirements in TS 24.229 Clauses 6.1.2 and 6.1.2 by answering the following questions:
Q1: Is the intention to have only one RTP Payload Type, and thereby only one codec/format, for each media stream?

Q2: Is it acceptable to use a payload format for redundancy together with a payload format for a source codec in the same media stream?
Q3: Is it acceptable to use DTMF and another source codec (e.g. AMR) in the same media stream?

3. Date of Next TSG-??? Meetings:

TSG-SA WG4 Meeting #62
Jan 10 – 14
Berlin, Germany.

TSG-SA WG4 Meeting #63
Feb 14 – 18
Sanya, P.R. of China
