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As complementary information to the new WID related to Interworking for ISUP Called IN number and Original called IN number this discussion paper intend to present the technical solution proposed.

1. Problem statement

In PSTN/ISDN, the called IN number and original called IN number parameters defined as optional parameters in ITU-T Q.763 can be populated in an ISUP message when number translation is performed for services (e.g. freephone, premium rate number). These ISUP parameters are used for delivering the history information of the original destination number(s) to the terminating side, where the original destination number(s) is required in order to enable an expected service.
On the other hand, in IMS network, the history information of the original destination identity(ies) can be populated in the History-Info header field with the optional "mp" header field parameter, when a number translation equivalent to that of PSTN is performed for a service at the application server (AS).

However, it is impossible to deliver the original destination number between IMS network and PSTN/ISDN according to the current TS 29.163, where no interworking procedure for the corresponding parameters at the MGCF is specified. Then, the services commonly provided in both IMS network and PSTN/ISDN (e.g. freephone) cannot be interworked between these networks. In the current TS 29.163, only the call diversion service uses the History-Info header field.

Additionally, in current TS 24.229, an AS can populate the original destination identity into the History-Info header field with "mp" parameter header field, when the AS changes the Request-URI. The AS can add a cause URI parameter for retargeting due to CDIV supplementary services but there is no possible indication for an AS performing service number translation.

2. Objective

The objective of this work item is to have a new interworking procedure for the ISUP “Called IN number” and “Original called IN number”. 

3. Proposed solution

As a proposed solution, it has been submitted an Internet-Draft http://tools.ietf.org/html/draft-mohali-cause-for-services-00.

Following is a summary of the Internet-draft with some explanations:
RFC4458 defines a "cause" URI parameter as having predefined values for Redirecting reasons as a mapping from ITU-T Q.732.2-5 Redirecting Reasons.  
                +---------------------------------+-------+

                | Redirecting Reason              | Value |

                +---------------------------------+-------+

                | Unknown/Not available           | 404   |

                | User busy                       | 486   |

                | No reply                        | 408   |

                | Unconditional                   | 302   |

                | Deflection during alerting      | 487   |

                | Deflection immediate response   | 480   |

                | Mobile subscriber not reachable | 503   |

                +---------------------------------+-------+

The "cause" URI parameter is to be used in SIP or SIPs URI. In particular, it may appear in the History-Info header defined in [RFC7044] that MUST be added in retargeted requests.

This usage is described in TS 24.604 for CDIV service and in TS 29.163 and TS 29.165 for redirection information interworking.

The proposed solution is to create a new predefined value for cases when the retargeting is caused by a specific service action leading to a called number translation.
                +---------------------------------+-------+

                | Service Type                    | Value |

                +---------------------------------+-------+

                | Service number translation      | 380   |

                +---------------------------------+-------+

This new value will used in a 'sip:' or 'sips:' URI inserted in the History-Info header field [RFC7044] when the interworking of ISUP "called IN number" and "original Called IN number" parameters is performed.

In a second step and as a consequence, this new value will also be used for interworking at I-NNI and finally an Application Server (AS) applying a Service number translation would be able to add this new cause value to the History-Info entry. Hence, the target of the INVITE request would be able to find the initial service requested by the calling user.
4. Example
History-Info:

   <sip: ToolFree_service_number>;index=1,

   <sip: callcenter_addr;cause=380>;index=1.1;mp=1
5. Security Considerations
The security considerations in [RFC4458] apply.

A privacy service that performs the "Privacy: header" Service RFC3323 must remove the cause URI parameter from the URI.  
Privacy of the parameters, when they form part of a URI within the History-Info header field, is covered in [RFC7044].


