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Abstract

The IETF RFC 4244 provides procedures to record the history of the Request-URI. As the SIP request is routed toward the destination, each call diversion and SIP redirection is recorded within in the History-Info header. The recorded information may also provide reason for the modification of the previous Request-URI value. This enables subsequent nodes to enable services that may take advantage of this information. This also enables interworking of this call history into ISUP call diversion parameters.

It is proposed that the use of the History-Info SIP header as defined by RFC 4244 be mandatory.
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11.1
Supplementary Services

Editor's note: The section is to define the impacts on supplementary services.

11.1.x
Call Diversion
IETF RFC 4244 [xx] provides procedures to record the history of the Request-URI. As the SIP request is routed toward the destination, each call diversion and SIP redirection is recorded within in the History-Info header. The recorded information may also provide reason for the modification of the previous Request-URI value. This enables subsequent nodes to enable services that may take advantage of this information. This also enables interworking of this call history into ISUP call diversion parameters.

The use of the History-Info header as described in IETF RFC 4244 [xx] shall be mandatory. The History-Info SIP header shall be updated whenever call diversion occurs within the SIP network and interworked to and from ISUP.















































































































