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Introduction
Number portability refers to the ability of a mobile subscriber to change mobile network subscription within a portability domain whilst retaining his/her original MSISDN(s). 
This discussion paper proposes that when number portability is supported both within 3GPP networks and when inter-working with external SIP-I networks, parameters npdi and rn as defined in IETF RFC 4964 may be supported.

This discussion paper also considers the call flows for various scenarios involving number portability. 
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12.2
Number Portability

The number portability parameters (rn and npdi) as defined in IETF RFC 4694 may be supported as an option for rendering MNP in the 3GPP SIP-I based network.

12.2.1 MNP-SRF based number portability
The following figures illustrate call flows for the MNP-SRF-based solution scenarios as described in 3GPP TS23.066 [yy]
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12.2.2 IN-based number portability

The following figures illustrate call flows for the IN-based solution scenarios as described in 3GPP TS23.066 [yy]
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Figure a: Successful Delivery of a call to a non-ported subscriber or number ported into the network
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Figure b: Successful delivery of a call to a ported number via direct routeing where call is originated in subscription network
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 Figure b: Successful delivery of a call to a ported number via direct routeing where call is originated in subscription network
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Figure c: Successful delivery of a national mobile originated call to a ported number via direct routing.
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Fid d: Successful delivery of a national mobile originated call to a number not known to be ported via direct routing.





Figure e: Successful delivery of a call to a ported number via indirect routing 








Figure f: Successful delivery for a call to a ported number when indirect routing with reference to the subscription network is used.
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Figure g: Successful delivery of a call to a ported number using Query on HLR Release (QoHR).
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Figure h: Unsuccessful delivery of a call to an unallocated number, using Query on HLR Release (QoHR)
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Figure i: Successful delivery of call to ported number  using Terminating call  Query on Digits analysis
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Figure j:  Sucessful delivery of call to a non-ported number, using Terminating call Query on Digit analysis (TQoD) 
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Figure k: Successful delivery of a call to a ported number using Originating call Query on Digits Analysis
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Figure d: Successful delivery of a national mobile originated call to a number not known to be ported via direct routing.
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