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E.2
Control plane interworking

E.2.1
General

In addition to the control plane Interworking between SIP and ISUP or BICC, interactions between the H.245 signalling at the CS side and SIP/SDP signalling are described. 
The establishment of the H.223 multiplexing protocol and the subsequent H.245 signalling procedures take place after the set-up and both-way through-connection of the CS bearer.

E.2.2
Functionalities required in the MGCF for multimedia calls support

In addition to the control plane Interworking between SIP and ISUP or BICC, the MGCF needs to mediate interactions between the H.245 signalling or MONA (Media Oriented Negotiation Acceleration) procedures at the CS side and SIP/SDP signalling at the IMS side. The interactions between H.245 signalling or MONA procedures and SIP/SDP signalling should aim at avoiding media transcoding by selecting the same codec for the CS side and the PS side.

NOTE1:
Detailed procedures for the mapping between SDP parameters and H.245 parameters are not specified in the present release.
NOTE2:
The MGCF/IM-MGW should support the AVPF transport [109]. The MGCF indicates support of AVPF using the SDP Capability Negotiation mechanism and the detail procedures are specified in 3GPP TS 24.229[9].
* * * End of Change * * * *
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