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*** Change 1 ***

6.2.1
General

The session setup for RTP transported media shall determine for each media: IP address(es), RTP profile, UDP port number(s); codec(s); RTP Payload Type number(s), RTP Payload Format(s) and any additional session parameters.

An MTSI client shall only offer a single RTP profile per media stream. This profile shall be the most suitable for the media, see below for further recommendations for each media type. The MTSI client shall be capable of receiving an SDP offer containing both AVP and AVPF offers in order to support interworking. If an MTSI client gets a media or the complete session rejected when using AVPF, it should re-invite replacing all AVPF with AVP on all media lines where it did not receive explicit indication that AVPF was accepted.

*** Change 2 ***

6.2.2.1
General

For AMR or AMR-WB encoded media, the session setup shall determine what RTP profile to use; if all codec modes can be used or if the operation needs to be restricted to a subset; if the bandwidth-efficient payload format can be used or if the octet-aligned payload format must be used; if codec mode changes shall be restricted to be aligned to only every other frame border or if codec mode changes can occur at any frame border; if codec mode changes must be restricted to only neighbouring modes within the negotiated codec mode set or if codec mode changes can be performed to any mode within the codec mode set; the number of speech frames that should be encapsulated in each RTP packet and the maximum number of speech frames that may be encapsulated in each RTP packet.

If the session setup negotiation concludes that multiple configuration variants are possible in the session then the default operation should be used as far as the agreed parameters allow, see clause 7.5.2.1. It should be noted that the default configurations are slightly different for different access types.

An MTSI client offering a speech media session for narrow-band speech and/or wide-band speech should offer SDP according to the examples in clauses A.1 to A.3.

An MTSI client shall at least offer AVP for speech media streams. An MTSI client should also offer AVPF for speech media streams. RTP profile negotiation shall be done as described in clause 6.2.1a.

Session setup for sessions including speech and DTMF events is described in Annex G.

*** Change 3 ***

7.2
RTP profiles

MTSI clients shall transport speech, video and real-time text using RTP (RFC 3550 [9]) over UDP (RFC 0768 [39]). The following profiles of RTP shall be supported for all media types:

-
RTP Profile for Audio and Video Conferences with Minimal Control (RFC 3551 [10]), also called RTP/AVP;

The following profiles of RTP shall be supported for video and should be supported for all other media types:

-
Extended RTP Profile for RTCP-based Feedback (RTP/AVPF) (RFC 4585 [40]), also called RTP/AVPF.

The support of AVPF requires an MTSI client in terminal to implement the RTCP transmission rules, the signalling mechanism for SDP and the feedback messages explicitly mentioned in the present document.

For a given RTP based media stream, the MTSI client in terminal shall use the same port number for sending and receiving RTP packets. This facilitates interworking with fixed/broadband access. However, the MTSI client shall accept RTP packets that are not received from the same remote port where RTP packets are sent by the MTSI client.

*** Change 4 ***

7.3.2
Speech

MTSI clients in terminals offering speech should support AVPF (RFC 4585 [40]) configured to operate in early mode. When allocating RTCP bandwidth, it is recommended to allocate RTCP bandwidth and set the values for the "b=RR:" and the "b=RS:" parameters such that a good compromise between the RTCP reporting needs for the application and bandwidth utilization is achieved, see also Annex A.6. The value of "trr-int" should be set to zero or not transmitted at all (in which case the default "trr‑int" value of zero will be assumed) when non-compound RTCP (see clause 7.3.5) is not used.

For speech sessions it is beneficial to keep the size of RTCP packets as small as possible in order to reduce the potential disruption of RTCP onto the RTP stream in bandwidth-limited channels. RTCP packet sizes can be minimized by using non-compound packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application. RTCP compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 4 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session. RTCP non-compound and semi-compound packet sizes should be at most as large as 1 time and, at the same time, shall be at most as large as 2 times the size of the RTP packets (including UDP/IP headers) corresponding to the highest bit rate of the speech codec modes used in the session.

For speech, RTCP APP packets are used for adaptation (see clause 10.2).

*** Change 5 ***

Annex A (informative):
Examples of SDP offers and answers

A.0
General
Most SDP examples shown in this Annex show usage of the AVPF RTP profile and SDPCapNeg even though these features are optional for speech and text.

*** Change 6 ***

A.1.1.1
Only AMR-NB supported by MTSI client in terminal

In this example, the MTSI client in terminal wishes to establish an AMR speech-only session with RTCP turned off. One RTP Payload Type (97) is defined for the bandwidth-efficient payload format. In this case, the MTSI client in terminal supports mode changes at any time, mode changes to any mode and mode change restrictions.

Table A.1.1: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97
b=AS:29

b=RS:0

b=RR:0


a=rtpmap:97 AMR/8000/1

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



a=ptime:20

a=maxptime:240


Comments:

The UDP port number (49152) and the payload type numbers (97) are examples and the offerer is free to select other numbers within the restrictions of the UDP and RTP specifications. It is recommended to use the dynamic port numbers in the 49152 to 65535 range. RTP should use even numbers for RTP media and the next higher odd number for RTCP. It is however allowed to use any number within the registered port range 1 024 to 49 151. The receiver must be capable of using any combination of even and odd numbers for RTP and RTCP.


It is important that the MTSI client in terminal does not define any mode-set because then the answerer is free to respond with any mode-set that it can support. If the MTSI client in terminal would define mode-set to any value, then the answer only has the option to either accept it or reject it. The latter case might require several ping-pong between the MTSI clients before they can reach an agreement on what mode set to use in the session. This would increase the setup time significantly. This is also one important reason for why the MTSI clients in terminals must support the complete codec mode set of the AMR and AMR-WB codecs, because then a media gateway interfacing GERAN or UTRAN can immediately define the mode-set that it supports on the GERAN or UTRAN circuit switched access.

Since the MTSI client in terminal is required to support mode changes at any frame border and also to any mode in the received media stream, it does not set the mode-change-period and mode-change-neighbor parameters.

The mode-change-capability and max-red parameter are new in the updated AMR payload format [28]. With mode-change-capability=2, the MTSI client in terminal shows that it does support aligning mode changes every other frame and the answerer then knows that requesting mode-change-period=2 in the SDP answer will work properly. The max-red parameter indicates the maximum interval between a non-redundant frame and a redundant frame. Note that the maxptime and max-red parameters do not need to be synchronized.


With the combination of ptime:20 and maxptime:240, the MTSI client in terminal shows that it desires to receive one speech frame per packet but can handle up to 12 speech frames per packet. However, no more than 4 original speech frames can be encapsulated in one packet.

A suitable SDP answer from another MTSI client in terminal is shown in Table A.3.0.

*** Change 7 ***

A.3.1a
SDP answer from an MTSI client in terminal when only narrowband speech was offered

These SDP offers and answer are likely when the offering MTSI client in terminal (or other client) only supports narrowband speech (AMR) and wishes to establish a speech-only session with RTCP turned off.

The SDP offer included in this example is identical to the SDP offer shown in Table A.1.1.

Table A.3.0: SDP example

	SDP offer

	m=audio 49152 RTP/AVP 97
b=AS:29

b=RS:0

b=RR:0



a=rtpmap:97 AMR/8000/1

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



a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97
b=AS:29

b=RS:0

b=RR:0

a=rtpmap:97 AMR/8000/1

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

a=ptime:20

a=maxptime:240


Comments:

The SDP answer contains only one encoding format since 3GPP TS 24.229 [7] requires that the answerer shall select exactly one codec for the answer. Since both MTSI clients in terminals support the same configurations for narrowband speech, it is likely that the selected configuration included in the answer is identical to the configuration in the offer and that no mode-set is defined by the terminating client.

The conclusion from this offer-answer procedure is that the offerer can only send AMR encoded speech to the answerer using the bandwidth-efficient payload type with RTP Payload Type 97, since this was the only configuration included in the answer. The answerer sends AMR encoded speech to the offerer using the bandwidth-efficient payload format, in this case RTP Payload Type 97.

Even though both MTSI clients in terminals support all codec modes, it is desirable to mainly use the codec modes from the AMR {12.2, 7.4, 5.9 and 4.75} mode set because the transport layer functions are optimized for these codec modes.

For similar reasons it is also desirable to encapsulate only 1 speech frame per packet, even though both MTSI clients in terminals support receiving several frames per packet.


*** Change 8 ***
A.3.2b
SDP answer from an MTSI client supporting only AVP

An MTSI client supporting only AVP must be capable of receiving an SDP offer with AVPF. The example in Table A.3.1b shows a possible SDP answer with AVP and RTCP turned off. The SDP offer shown in Table A.3.1b is identical to the SDP offer in Table A.1.2, with the exception that bandwidth information has been added.

Table A.3.1b: SDP answer example with AVP

	SDP offer

	m=audio 49152 RTP/AVP 97 98 99 100

b=AS:41

b=RS:0

b=RR:2000

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

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

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

a=rtpmap:98 AMR-WB/16000/1

a=fmtp:98 mode-change-capability=2; max-red=220; octet-align=1

a=rtpmap:99 AMR/8000/1

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

a=rtpmap:100 AMR/8000/1

a=fmtp:100 mode-change-capability=2; max-red=220; octet-align=1

a=ptime:20

a=maxptime:240

	SDP answer with AVP

	m=audio 49152 RTP/AVP 99

b=AS:29

b=RS:0

b=RR:0

a=rtpmap:99 AMR/8000/1

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

a=ptime:20

a=maxptime:240


Comments:

When creating the SDP answer, RTP Payload Types 97 and 98 are removed since AMR-WB is not supported. RTP Payload Type 100 is also removed since the answerer is required to include only one encoding format in the SDP answer. This also means that the media bandwidth attribute in the SDP answer is set to 29 kbps instead of 41 kbps as declared in the SDP offer. The MTSI client in terminal also sets the RTCP bandwidth attributes to 0 to indicate that it will not use RTCP in the session.

Even though both MTSI clients in terminals support all codec modes, it is desirable to mainly use the codec modes from the AMR [12.2, 7.4, 5.9 and 4.75] mode set because the transport layer functions are optimized for these modes.
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