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7.4.2
WIC originating call
Upon receipt of an SDP offer, the eP-CSCF shall:
a)
perform ICE procedures as defined in 3GPP TS 24.229 [3];
b)
not perform OMR procedures; and
c)
generate an SDP offer based on the SDP offer received from the WIC and forward it using the appropriate signalling protocol as described in subclause 7.4.1. The eP-CSCF shall replace the SDP offer with updated SDP provided by eIMS-AGW, which contains the eIMS-AGW IP addresses and ports. The eP-CSCF shall not use bundled media as described in draft-ietf-mmusic-sdp-bundle-negotiation [25], i.e. the eP-CSCF shall remove the SDP group attribute BUNDLE value, and any m- line that in the received SDP offer contained an SDP "bundle-only" attribute, from the SDP offer.

NOTE:
At this point, the eP-CSCF interacts with eIMS-AGW to reserve resources and provide the information needed for media handling. The details of the interaction between eP-CSCF and eIMS-AGW are out of scope of this document.
Upon receiving an SDP offer from the served WIC containing an DTLS-SRTP based media stream with end-to-access-edge protection, i.e. an "m=" line:

-
with the proto field containing the "UDP/TLS/RTP/SAVPF" value as specified in RFC 5764 [6]; and

-
with the SDP "a=3ge2ae:requested" attribute or, if permitted by operator policy, without the SDP "a=3ge2ae:requested" attribute;
the eP-CSCF shall invoke IMS-ALG procedures, shall remove the SDP "a=3ge2ae:requested" attribute, if included, and the SDP fingerprint attribute (defined in RFC 8122 [15]) and shall act as defined in 3GPP TS 24.229 [3] as far as SDP and RTP is concerned.

Upon receiving an SDP answer over the Mw interface, for each DTLS-SRTP based media stream with end-to-access-edge protection of the SDP offer from the served WIC which is accepted in the received SDP answer, the eP-CSCF shall invoke IMS-ALG procedures. In the SDP answer to served WIC, the eP-CSCF
a)
shall use RFC 5763 [5] and shall provide the proto field in the "m=" line withthe "UDP/TLS/RTP/SAVPF" value according to RFC 5764 [6]; and

b)
may additionally, within the same "m=" line, offer TCP transport protocol with appropriate ICE candidates according to RFC 6544 [28].
If the SDP offer contained bundled media as described in draft-ietf-mmusic-sdp-bundle-negotiation [25], the eP-CSCF shall reject the bundling of media, i.e. the eP-CSCF shall not add a SDP group BUNDLE attribute to the SDP answer, and the eP-CSCF shall assign a zero port value to any m- line that in the SDP offer contained an SDP "bundle-only" attribute.
NOTE:
Stage 2 has specified that the architecture does not support media multiplexing that is defined for WebRTC, so the SDP answer sent to the served WIC will not contain bundled media.
* * * Next Change * * * *

7.4.3
WIC terminating call

Upon receiving an SDP offer over the Mw interface with an RTP based media, for each RTP based media, the eP-CSCF:

1)
shall invoke IMS-ALG procedures;

2)
shall perform ICE procedures as defined in 3GPP TS 24.229 [3];

3)
shall not perform OMR procedures; and
4)
in the SDP offer to served WIC:

-
shall indicate the transport protocol according to RFC 5763 [5], with the proto field in the "m=" line containing the "UDP/TLS/RTP/SAVPF" value according to RFC 5764 [6];

-
may additionally, within the same "m=" line, offer TCP transport protocol with appropriate ICE candidates according to RFC 6544 [28]; and
-
shall include the SDP "a=3ge2ae:applied" attribute.

NOTE:
Stage-2 has specified that the architecture does not support media multiplexing that is defined for WebRTC, so the SDP offer sent to the served WIC will not contain bundled media.
Upon receipt of an SDP answer, the eP-CSCF:
a)
shall perform ICE procedures as defined in3GPP TS 24.229 [3];
b)
shall generate an SDP answer based on the SDP answer received from the WIC and forward it using the appropriate signalling protocol as described in subclause 7.4.1;
c)
for each RTP based media of the SDP offer from the remote UE which is accepted in the SDP answer shall remove the SDP fingerprint attribute (defined in RFC 8122 [15]); and
d)
shall act as defined in 3GPP TS 24.229 [3] as far as SDP and RTP is concerned.
* * * End of Changes * * * *

