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5.9
Handling of RTCP streams

5.9.1
General

The IMS-ALG and the IMS-AGW shall support control via the Iq interface of the specific RTCP behaviour associated to an RTP flow.

When the IMS-ALG requests the IMS-AGW to reserve transport addresses/resources for an RTP flow, the IMS-ALG should also request the IMS-AGW to reserve resources for the corresponding RTCP flow, but may alternatively request the IMS-AGW not to reserve resources for the corresponding RTCP flow. When the IMS-ALG requests the IMS-AGW to reserve transport addresses/resources for a non-RTP flow, the IMS-ALG shall not request the IMS-AGW to reserve resources for an RTCP flow. 

To request the IMS-AGW to reserve resources for an RTCP flow, the IMS ALG shall provide the RTCP handling information element with a value indicating that resources for RTCP shall be reserved.

To request the IMS-AGW not to reserve resources for an RTCP flow, the IMS ALG shall either provide the RTCP handling information element with a value indicating that resources for RTCP shall not be reserved or omit the RTCP handling information element.

If the IMS-AGW receives the indication to reserve RTCP resources, the IMS-AGW shall allocate a local port with even number for an RTP flow and shall allocate the consecutive local port with odd number for the associated RTCP flow, and it shall send and be prepared to receive RTCP packets. 

If the IMS-AGW receives the indication to not reserve RTCP resources, or if it does not receive any indication at all, it shall not allocate an RTCP port when allocating a port for an RTP flow. The IMS-AGW shall not send any RTCP packets and shall silently discard any received RTCP packets.

When RTCP resources are requested, the IMS-ALG may also specify:

-
the explicit RTCP transport address information element containing the remote RTCP port, and optionally the remote address, where to send RTCP packets; if not specified, the IMS-AGW shall send RCTP packets to the port contiguous to the remote RTP port; and
-
bandwidth allocation requirements for RTCP, if the RTCP bandwidth level for the session is different than the default RTCP bandwidth as specified in IETF RFC 3556 [6].

The explicit RTCP transport address information element contains the "a=rtcp" SDP attribute (as specified in IETF RFC 3605 [7]) received within the SDP body. The explicit RTCP transport address information element is only allowed for remote endpoints and shall not be used for the local endpoint. When the IMS-ALG requests the IMS-AGW to reserve resources for an RTCP flow and provides in addition the explicit RTCP port information element, then the IMS-AGW shall use this network address and transport port as destination when sending RTCP packets towards the remote endpoint.

The IMS-AGW shall return an error if it can not allocate the requested RTCP resources.


5.9.2
RTP/RTCP transport multiplexing

The procedure in subclause 5.9.1 describing the default case of RTP/RTCP transport non-multiplexed scenarios may be extended for the transport multiplexed mode by addition of the RTP/RTCP transport multiplexing information element to indicate to the IMS-AGW that RTP and RTCP traffic shall be multiplexed on a single port (as described in IETF RFC 5761 [60]). The RTP/RTCP transport multiplexing information element may only be sent to the IMS-AGW in combination with the RTCP handling information element with the value indicating that resources for RTCP shall be reserved. The support of these procedures is optional for the IMS ALG and the IMS-AGW. The IMS-ALG shall only use these procedures when knowing support at IMS-AGW side (e.g., via configuration management).

The usage is conditional, given by following restrictions:

1)
The transport multiplexed mode may be only supported for terminations at the access network side of the IMS-AGW.

2)
The transport multiplexed mode shall be only enabled for the local connection endpoint if agreed via SIP SDP offer/answer negotiation with the served UE using:
-
the "a=rtcp-mux" SDP attribute, see IETF RFC 5761 [60], as updated by IETF draft-ietf-avtcore-5761-update [n4]; and/or
-
the "rtcp-mux-only" SDP attribute, see IETF draft-ietf-mmusic-mux-exclusive [n3].

3)
When transport multiplexed mode is agreed with the served UE, then it may be applied in both traffic directions.

NOTE:
The last two conditions enforce a symmetrical usage of RTP/RTCP transport multiplexing in the related network domain (here the access network).
* * * Next Change * * * *

5.20.1
General

The following requirements apply for a "P-CSCF enhanced for WebRTC (eP-CSCF)" and an "IMS-AGW enhanced for WebRTC (eIMS-AGW)":

-
End-to-access-edge security for RTP based media using DTLS-SRTP, subclause 5.11.2.4, shall be supported.

-
End-to-access-edge security for RTP based media using DTLS-SRTP over TCP transport, subclause 5.11.2.5, may be supported.

-
Interactive Connectivity Establishment (ICE), subclause 5.18, shall be supported. ICE for TCP may be supported in addition to offer an alternative transport for UDP based media as specified in subclause 5.18.

-
STUN Consent Freshness, subclause 5.18.4, shall be supported.

-
RTP/RTCP transport multiplexing, subclause 5.9.2 shall be supported.

-
Audio transcoding, subclause 5.13, shall be supported. Video transcoding may be supported.

-
Transcoding to/from the Opus Audio Codec, IETF RFC 6716 [50], subclause 5.13.4, should be supported.

-
Procedures for the eIMS-AGW to act as a data channel endpoint should be supported according to IETF draft ietf-rtcweb-data-channel [61], see subclause 5.20.2.

-
Data channels used for WebRTC to transport MSRP as a data channel sub-protocol, i.e. MSRP data channels between the UE and the eIMS-AGW should be supported according to IETF draft-ietf-mmusic-msrp-usage-data-channel [62] and the procedures in subclause 5.19.6.

NOTE:
Data channels can be used for WebRTC to transport also BFCP, and GTT between the UE and the eIMS-AGW. However, procedures to negotiate the usage of BFCP and GTT and procedures for the eIMS-AGW to act as data channel endpoint for BFCP and GTT are not supported in the present release.

-
The media plane optimization procedures in subclause 5.20.3 may be supported.
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