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7
Bearer control

The media control is based on declaration of terminal media capability sets in SDP part of appropriate SIP messages. The usage of bearer bandwidth can be effectively controlled by adjusting the media type encoder bit rates. 

7.1
Bandwidth

The bandwidth information of each media type shall be carried in SDP messages in both session and media type level during codec negotiation, session establishment and resource reallocation. Note that for RTP based applications, ‘b=AS:’ gives the RTP "session bandwidth'' (including UDP/IP overhead) as defined in section 6.2 of [3].

The bandwidth for RTCP traffic shall be described using the "RS" and "RR" SDP bandwidth modifiers at media level, as specified by [28]. Therefore, a conversational multimedia terminal shall include the "b=RS:" and "b=RR:" fields in SDP, and shall be able to interpret them. There shall be a limit on the allowed RTCP bandwidth for a session signalled by the terminal. This limit is defined as follows:

· 4000 bps for the RS field (at media level);

· 3000 bps for the RR field (at media level).

7.2
QoS negotiation

The QoS architecture and concept is specified in 3GPP TS 23.107 [9]. The end-to-end QoS framework involving GPRS and UMTS is specified in 3GPP TS 23.207 [10]. The applicable general QoS mechanism and service description for the GPRS in GSM and UMTS is specified in 3GPP TS 23.060 [11].

7.3
RTP receiver

The RTP receiver implementation and functionality including lost and delayed packet processing as well as jitter buffer is out of scope of the present document.

Only for a bidirectional point-to-point voice over IP session with conversational QoS requirements using the AMR or the AMR-WB codec, where no synchronization with other RTP transported media is required,   the RTP receiver should request the RTP sender not to send RTCP. The RTP receiver should set the SDP bandwidth modifier RS (see Clause 7.1) to zero in sent SDP. When the media is put on hold,, and the former RTP receiver wishes to detect link aliveness, it should re-negotiate the RTCP bandwidth with the RS SDP bandwidth modifier value greater than zero. When media is resumed, the RTP receiver should turn off the RTCP sending again through a re-negotiation of the RTCP bandwidth with an RS SDP bandwidth modifier equal to zero.
In all other cases, it is not recommended that an RTP receiver disables RTCP by setting the   SDP bandwidth modifiers equal to zero.

7.4
RTP sender

The RTP sender implementation is strongly recommended to include an RTCP implementation. RTCP packet sending is also strongly recommended. 
However, an RTP sender receiving SDP with the SDP bandwidth modifier and RS set to zero should not send RTCP. If a sending of RTCP is required (e.g. if synchronization with other RTP transported media or transport feedback due to lack of end-to-end QoS guarantees is needed), the RTCP sender should re-negotioate the usage of RTCP by sending SDP with RS SDP bandwidth modifier greater than zero. 

For voice over IP sessions, the RTP sender should avoid optional parts of RTCP compound packages to keep the RTCP packet size as small as possible according to RFC 3550 [3] and to minimise possible impacts on RTP transmission . Furthermore, RTCP packets should be scheduled in order to make the best usage of silence periods. If a silence period starts, an RTCP packet scheduled at a future time should be sent immediately. The next RTCP packet shall be scheduled according to the normal rules in RFC 3550, as if the just sent packet had been sent at the originally scheduted time  . In cases where the session would benefit from sending more RTCP feedback during silence, it is allowed to use up to two times the negotiated RTCP bandwidth. A voice over IP terminal should choose with care the values of the RTCP bandwidth with SDP modifiers, in order not to produce a too high RTCP packet rate and have a minimal impact on the RTP speech quality.

************************** End of second amendment *****************************
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