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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).  In existing 3GPP specification, TS 23.066, this is done through the inclusion of the Routing Number (RN) in addition to the MSISDN of the called party in the ISUP IAM message. 
This discussion paper proposes that for the purpose of inter-working with external SIP-I networks, parameters npdi (which indicates that number portability database has already been queried) and rn (which carries the routing number information. The routing number is associated with a geographical or mobile telephone number that has been ported out from a donor carrier to another carrier which is analogous to the Routing Number as specified in the ) as defined in IETF RFC 4964 may be supported. 
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**********************SECOND CHANGE*********************************************
12.2
Number Portability

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). 
There are two possible approaches to facilitate this feature in SIP-I based networks:

· Option 1: Number portability information is contained within the encapsulated ISUP IAM message
· Option 2: Support of  rn and npdi parameters defined in RFC 4694 [xx]
Option 1- Number portability information is contained within the encapsulated ISUP IAM message
The routeing number (RN) and MSISDN of the called party are carried within the encapsulated ISUP IAM (according to agreements between networks within a portability domain) and these are used by the GMSC to route the call to the GMSC of the next network (using either the IN-based or MNP-SRF (call-related) solution as specified in 3GPP TS 23.066[yy])  
Option 2- Support of parameters defined in RFC 4694 [xx]
RFC 4694[xx] defines a set of parameters to enable the support of number portability within “tel” URI. These parameters can be passed to the next network node after the number portability database dip has been performed (using either the IN-based or MNP-SRF (call-related) solution as specified in 3GPP TS 23.066[yy])
It is recommended that of the two approaches, option 1 shall be used on the Nc interface while the number portability parameters (rn and npdi) as defined in IETF RFC 4694 may be supported as an option for rendering MNP when inter-working with external SIP-I networks via an IWF. 
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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 12.2.1.e: Successful delivery of a call to a ported number via indirect routing 








Figure 12.2.1.f: Successful delivery for a call to a ported number when indirect routing with reference to the subscription network is used.


































































































































































































































































































































































































