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ABSTRACT 
This document proposes an approach for per-TN routing in IP interconnection. 
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Introduction
IPNNI-2014-61 identified use cases for per-TN routing in IP interconnection. This contribution offers concrete proposals for per-TN.
Discussions in the ATIS/SIP Forum NNI Task Force indicated agreement that:
1.    We will consider the case where the interconnect information is stored in a "registry". Situations where all information is exchanged via a bilateral exchange can then be considered as a special case under the more general "registry" scenario.
2.    It was agreed that we would consider the case where the registry holds a SIP URI (or equivalent) rather than the case where the registry provides the interconnect IP address directly. The IP address of the interconnect point would then be determined by resolving the host name for the SIP URI. There was general agreement that this level of indirection provided a number of benefits.
3.    We will  limit ourselves, at least initially, to the case where the SIP URI is contained directly in the registry. The case where the registry contains an NS record, which would point to the location with the SIP URI, will be left for further study.
4.    We will specify the information that must be exchanged and entered into the registry. (e.g., The SIP URI to TN mapping, the format for this, etc.)
5.    Once the "information to be exchanged" has been specified, we will consider the options for instantiating this information in a “registry”. (We might also consider if this needs to be a single approach or if two can coexist.)
6.    Finally, we will consider how the "per TN" approach will coexist with the aggregate solution (i.e., existing mechanisms). This analysis should show how we can achieve IP interconnection for the case where one service provider prefers per TN routing, but the other uses the aggregate mechanism (i.e., without forcing them back to TDM interconnect).

Accordingly, it is proposed that service providers wishing to provide per-TN routing:
1. As part of bilateral interconnect negotiations provide mappings for SIP URI hostnames to SBC IP addresses. 

2. Populate registry records for TNs available for IP interconnection with the appropriate SIP URI. The URI will be a full SIP URI (e.g., sip:+13036614567@example.mso-a.com;user=phone ) but without number portability information.

The registry must insure that only the provider of record for the number as defined by LERG/NPAC can populate a corresponding record. 

Service providers electing to use the per-TN routing information will:

1. Provision the hostname – IP address mappings into their internal DNS (A or AA records). 
2. Provision TN-URI mappings from the Registry into their internal routing servers. If the routing server is accessed via a SIP query, the SIP URI may be directly populated. If the routing server is accessed via an ENUM query, the SIP URI is encapsulated into a NAPTR record. 

This provisioning process is illustrated in Figure 1 below. The Figure shows the registry instantiated in the NPAC but alternate registry implementations (using different provisioning mechanisms than the SOA/LSMS) are possible.
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Figure 1
On call origination, the originating service provider will query their routing server and obtain the corresponding SIP URI for numbers available for IP interconnect. They will resolve the hostname from the URI in their internal DNS to obtain the IP address of the terminating provider’s ingress SBC.
 The call flow is shown in Figure 2 below:
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1. SP2 Caller dials destination number

2. SP2 S-CSCF queries internal route server and SP2 route server responds with a URI passed back to S-CSCF

3. SP2 S-CSCF resolves the hostname in the SIP URI to obtain the IP address of an agreed upon SP1 ingress SBC

4. A SIP INVITE is sent to egress SBC of SP2 that has layer 3 connectivity to the ingress SBC of SP1

5.  The SIP INVITE is forwarded to the SP1 ingress SBC.

6.  and 7. SP1 terminates the call to its end user.
� There may be alternate approaches to combining the bilaterally exchanged URI-IP address mappings and the TN-URI mappings obtained from the Registry and combining them in a routing server for session establishment.
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