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ABSTRACT 
This proposes changes/modification to section 1 of the IP Interconnection document.


NOTICE

This is a draft document and thus, is dynamic in nature. It does not reflect a consensus of the ATIS-SIP Forum IP-NNI Task Force and it may be changed or modified. Neither ATIS nor the SIP Forum makes any representation or warranty, express or implied, with respect to the sufficiency, accuracy or utility of the information or opinion contained or reflected in the material utilized. ATIS and the SIP Forum further expressly advise that any use of or reliance upon the material in question is at your risk and neither ATIS nor the SIP Forum shall be liable for any damage or injury, of whatever nature, incurred by any person arising out of any utilization of the material. It is possible that this material will at some future date be included in a copyrighted work by ATIS or the SIP Forum.  

* CONTACT: Martin Dolly; email: md3135@att.com; Tel: (609) 903-3360
Scope, Purpose, & Application

1.1 Scope

This document was developed under a joint  ATIS and SIP Forum collaboration. The document defines an IP NNI Standard with an emphasis on VoIP and other Multimedia services to be addressed in subsequent releases.
The objective of this document is to:

1. Define a reference architecture that sets forth the common functional entities necessary for SIP Service Provider [SSP] to SIP Service Provider Interconnection.  This reference architecture will be from the perspective of the interconnection points between carriers and will not deal with implementation details inside the networks on either side of the IP-NNI.

2. Specify the exact specifications (including IETF RFCs, 3GPP, and other existing standards) associated with these protocols that must or should be supported by each element of the reference architecture. Where required, the options that MUST or SHOULD be supported within a given standard will also be specified.

3. Specify customary methods for negotiating protocols, protocol extensions, and exchanging capability information between SSP’s.  Specify consensus methods of formulating SIP protocol messages where multiple options exist in standards.

4. Specify the exact presentations of Fully Qualified Domain Names in “From:” and “To:” fields including use of TEL URI format, including PAI.

5. For IP originated Calls, specify the preferred header [SHOULD] for Calling Name data [CNAM], and specify how that data is presented to the terminating proxy including format, syntax and processing of such data. Note: The expectation is that the signaling of CNAM would not survive interworking to SS7.

6. Define mandated support for underlying transport [e.g. UDP, TCP, SCTP].

7. Specify an audio codec selection strategy that minimizes the need for transcoding and a transcoding strategy that balances the workload between originating and terminating carrier.

8. Define strategies for DTMF and Fax support.

9. Specify call loop detection and avoidance methods.

10. Define common Quality of Service objectives including network overload and congestion notification and processing mechanisms.

11. Investigate issues surrounding known interoperability problems (e.g. PRACK [RFC 3262], early media, ptime, etc.). 

1.2 Purpose

IP Interconnection among service providers is significantly increasing as the Transition of the PSTN from SS7/TDM to SIP/IP networks progresses.  Current deployments of SIP/IP in the core carrier networks have exposed operational and implementation differences on how IP for SIP traffic works ‘on the wire’. These differences complicate interconnection, and in some cases require ‘protocol normalization’ to achieve full interoperability. The call control protocol SIP [RFC 3261] is defined in the IETF and further refined in profiles developed by 3GPP or ATIS that reflect regional and/or national differences in implementation.  There are hundreds of IETF SIP and 3GPP specifications that are open to interpretation, creating ambiguity in the detailed options that are implemented. This often requires Session Border Controllers or I-CSCF proxies to spend unnecessary processing reconciling the signaling between service providers and resolving those ambiguities. Time and effort is also required to document the differences and configure the SBC or I-CSCF proxy to implement the necessary changes to the on the wire protocol. 

The purpose is to identify a baseline set of features that should be common to all IP-NNI implementations for voice service.  In addition,  gaps or ambiguities are identified in existing standards and request that those gaps be addressed by the responsible Standards Development Organization [SDO]. 
This specification defines which standards and options must be supported.  They will provide SSP’s with a precise description of the IP-NNI in the areas where the standards leave multiple options, or where the existing specifications are ambiguous.  
In addition, this specification will increase requirements [i.e. MAY, SHOULD, MUST] where operational experience indicates that such enhancements are necessary to support full interoperability.
1.3 Application

This standard is defined for North America deployments, but may be applicable for deploy
ments outside North America..
