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7.3.2
Speech

MTSI clients in terminals offering speech shall 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 Reduced-Size 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 Reduced-Size RTCP 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. Reduced-Size RTCP and semi-compound RTCP 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).
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7.3.5
Void











7.3.6
Reduced-size RTCP

MTSI clients should support the use of Reduced-Size RTCP reports [xx]. A Reduced-Size RTCP packet is an RTCP packet that does not follow the sending rules outlined in RFC 3550 [9] in the aspect that it does not necessarily contain the mandated RR/SR report blocks and SDES CNAME items.

An MTSI client that supports Reduced-Size RTCP shall also support AVPF, see Clause 7.2. An SDP offer to use Reduced-Size RTCP shall also offer using AVPF.

When Reduced-Size RTCP is used, the following requirements apply on the RTCP receiver:

-
The RTCP receiver shall be capable of parsing and decoding report blocks of the RTCP packet correctly even though some of the items mandated by RFC3550 [9] are missing.

-
An SDP attribute ”a=rtcp-rsize” is used to enable Reduced-Size RTCP. A receiver that accepts the use of Reduced-Size RTCP shall include the attribute in the SDP answer. If this attribute is not set in offer/answer, then Reduced-Size RTCP shall not be used in any direction.

When Reduced-Size RTCP is used, an RTCP sender transmitting Reduced-Size RTCP packets shall follow the requirements listed below:

-
AVPF early or immediate mode shall be used according to RFC4585 [40].

-
The “a=rtcp-rsize” attribute shall be included in the SDP offer, see Annex A.9a.

-
Reduced-Size RTCP packets should be used for transmission of adaptation feedback messages, for example APP packets as defined in Clause 10.2 and TMMBR as defined in Clause 10.3.

-
When Reduced-Size RTCP is used then two or more RTCP packets should be stacked together, within the limits allowed by the maximum size of Reduced-Size RTCP packets (see clause 7.3.2) (i.e., to form a semi-compound RTCP packet which is smaller than a compound RTCP packet). The RTCP sender should not send Reduced-Size RTCP packets that are larger than the regularly scheduled compound RTCP packets.

-
Compound RTCP packets with an SR/RR report block and CNAME SDES item should be transmitted on a regular basis as outlined in RFC 3550 [9] and RFC 4585 [40]. In order to control the allocation of bandwidth between Reduced-Size RTCP and compound RTCP, the AVPF “trr-int” parameter should be used to set the minimum report interval for compound RTCP packets.

-
The first transmitted RTCP packet shall be a compound RTCP packet as defined in RFC3550 [9] without the size restrictions defined in clause 7.3.2.

The application should verify that the Reduced-Size RTCP packets are successfully received by the other end-point. Verification can be done by implicit means, for instance the RTCP sender that sends an adaptation feedback requests is expected to detect some kind of a response to the requests in the media stream. If verification fails then the RTCP sender shall switch to the use of compound RTCP packets according to the rules outlined in RFC3550 [9].

Examples of SDP negotiation for Reduced-Size RTCP given in Clause A.9a.
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12.7.2.7
RTCP usage and adaptation
The RTP implementation shall include an RTCP implementation. 

MTSI MGWs 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 SDP examples in Annex A.10. 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 Reduced-Size RTCP (see clause 7.3.5) is not used.
For speech sessions, between the MTSI client in terminal and the MTSI MGW, 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 Reduced-Size RTCP packets or using the parts of RTCP compound packets (according to RFC 3550 [9]) which are required by the application.
The MTSI MGW shall be capable of adapting the session to handle possible congestion. For AMR and AMR-WB encoded media, the MTSI MGW shall support the adaptation signalling method using RTCP APP packets as defined in clause 10.2, both towards the MTSI client in terminal and towards the remote network. As the codec in the remote network may or may not support the RTCP APP signalling method, the MTSI MGW shall also be capable of using the inband CMR in the AMR payload. The MTSI MGW shall be capable of detecting whether the remote network is capable of using the RTCP APP signalling method. If this method is not supported then the MTSI MGW shall be capable of moving the AMR rate control signalling (CMR) from RTCP APP packets received, from the MTSI client in terminal, to the inband CMR in the payload that is sent to the remote network. When receiving inband CMR in the payload from the remote network, the MTSI MGW does not need to move the adaptation signalling to RTCP APP packets before sending it to the MTSI client in terminal.

For PCM, G.722 and linear 16 bit PCM encoded media, the MTSI MGW shall support RFC 3550 for signalling the experienced quality using RTCP Sender Reports and Receiver Reports.
For a given RTP based media stream to/from the MTSI client in terminal, the MTSI MGW shall transmit RTCP packets from and receive RTCP packets to the same port number.

For a given RTP based media stream to/from the remote network, the MTSI MGW shall transmit RTCP packets from and receive RTCP packets on the same port number, not necessarily the same port number as used to/from the MTSI client in terminal.

This facilitates inter-working with fixed/broadband access. However, the MTSI MGW may, based on configuration or local policy, accept RTCP packets that are not received from the same remote port where RTCP packets are sent by either the MTSI client in terminal or the remote network.
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A.9
Void


	

	













A.9a
SDP offer/answer regarding the use of Reduced-Size RTCP

This example shows the offers and answers for a session between two MTSI clients controlling the use of Reduced-Size RTCP.

Table A.9a.1: SDP example for Reduced-Size RTCP
	SDP offer

	m=audio 49152 RTP/AVP 97 98

a=tcap:1 RTP/AVPF

a=pcfg:1 t=1

a=rtcp-fb:* trr-int 5000

a=rtcp-rsize

a=rtpmap:97 AMR/8000/1

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

a=rtpmap:98 AMR/8000/1

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

a=ptime:20

a=maxptime:240

	SDP answer

	m=audio 49152 RTP/AVPF 97

a=acfg:1 t=1

a=rtcp-fb:* trr-int 5000

a=rtcp-rsize

a=rtpmap:97 AMR/8000/1

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

a=ptime:20

a=maxptime:240


Comments:

This example allows the use of Reduced-Size RTCP (attribute rtcp-rsize) for the adaptation feedback. Moreover the minimum interval between two regular compound RTCP packets is set to 5000 milliseconds.
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