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2nd Change

7.5.6.2
Subscribing for the conference event package

Based on local policy, the MGCF may subscribe for the conference event package on behalf of the PSTN/ISDN participant after the participant joins or is added to a conference.

When the conference event package option is implemented, and one of the following events occurs at the MGCF:

-
a 200 (OK) response is received as a response to an initial INVITE request originated by the MGCF, where the Contact header field contains an "isfocus" parameter; or

-
an ACK message is received which acknowledges a 200 (OK) response to the initial INVITE request, and the initial INVITE request is originated by the conferencing AS and contains an "isfocus" parameter in the Contact header field;
then the following steps shall be performed:

1)
a SUBSCRIBE request shall be created according to RFC 4575 [100], as updated by RFC 6665 [138] for SIP specific Event Notifications;

2)
the Request URI is set to the Contact address of the conferencing AS;

3)
the P-Asserted-Identity header field, the From header field and the Privacy header field are set with the same value as:

-
the P-Asserted-Identity header field, the From header field and the Privacy header field in the initial INVITE request originated by the MGCF; or

-
the P-Asserted-Identity header field, the To header field and the Privacy header field in a 1xx or 2xx response sent by the MGCF to the initial INVITE request from the conferencing AS.

3rd Change

7.5.11.0
General

The protocol specification of the Completion of Communications to Busy Subscriber and Completion of Communications by No Reply supplementary services is described in 3GPP TS 24.642 [112].

SIP specific Event Notifications shall be used in accordance with IETF RFC 6665 [138].
End of Changes
