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Abstract

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

To support Number Portability in a 3G network and when interfacing to other PSTN networks using SIP-I the number portability parameters as defined in IETF draft-ietf-iptel-tel-np-11 are needed. These are the Routing Number(rn) and the Number Portability Dip Indicator(npdi) parameters. It is proposed that these parameters be supported as a national option. 
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11.2
Number Portability


The number portability parameters (rn and npdi) as defined in IETF draft-ietf-iptel-tel-np-11 [xx] shall be supported as a national optional.















































































































