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Abstract

Number portability is a service that is implemented in many wireline and wireless networks worldwide. See RFC 3482 details of national specific implementations.

The SIP-I based Nc will need to interwork with external SIP-I networks supporting this standard SIP extension. In order to avoid inconsistent SIP-I implementations on either interface of the gateway exchange and to support Number Portability within a 3G network the number portability parameters as defined in IETF RFC 4694 are needed. These are the Routing Number (rn) and the Number Portability Dip Indicator (npdi) parameters.

Support for these parameters in the initial version of SIP-I based Nc will avoid interoperability issues between SIP-I versions that may occur should its introduction be delayed to later SIP-I based Nc version. There is currently no standardized method of supporting Number Portability when the extension as defined by RFC 4694 is not used. It is unclear what information would be used in a SIP-I initial INVITE Request URI in this case. Would it be the true called party number or the routing number provided by number portability dip? If the true called party number is used, then when this is received by a node supporting the RFC 4694 extensions, it will assume the NP dip will not have been performed and do an additional NP dip, thereby delaying call establishment. If instead, the routing number is included, then a node generates the extensions per RFC 4694 generates an INVITE, this will be too will be incorrectly interpreted as the NP routing number will be lost.
It is proposed that the number portability extension parameters per IETF RFC 4694 be supported.
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11.2
Number Portability

The number portability parameters (rn and npdi) as defined in IETF RFC 4694 [xx] shall be supported to allow number portability within the PLMN when using SIP-I based Nc and to reduce interworking complexity by providing consistent procedures between the PLMN and external SIP networks. 











































































































