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1.
BACKGROUND

This report was drafted under Task Identification Form NTTF014, initiated on July 14, 2004, with the objective to develop an IP-to-IP interconnection interface guideline that will consider the following:

1. Interconnection between telephony service providers under the jurisdiction of the CRTC.

2. The functionalities of the approved CCS7 minimum message set.

3. Service functionalities to be supported and the information that needs to be exchanged across the network-to-network interface.
4. IP standards and protocols that are commonly used for carrier-to-carrier interconnections.  The initial focus will be on the Session Initiation Protocol, but other protocols will not be excluded.  Carrier specific implementation requirements will not be considered in this TIF.

5. Relevant standards-developing bodies and current IP standards development processes within these standard bodies.

In Telecom Decision CRTC 97-8, Local Competition, the Commission encouraged efficient, technologically neutral interconnection arrangements of competing networks to the benefit of all subscribers.
In Telecom Decision CRTC 2005-28, Regulatory framework for voice communication services using Internet Protocol (paragraph 366), the Commission stated “Given that the ILECs and other service providers are already deploying VoIP technology and that this trend is expected to continue, the Commission considers that, for reasons including improved network efficiency, standardized IP-to-IP interconnection is an important issue that needs to be resolved as IP becomes more prevalent in the market”.

Noting that Network Working Group (NTWG) had already undertaken the task of developing IP-to-IP interconnection interface guidelines, the Commission, in Telecom Decision CRTC 2005-28, Regulatory framework for voice communication services using Internet Protocol, decided that it should first review the guidelines issued by CISC and then determine any further course of action, as required.  In the same Decision, the Commission directed CISC to file, by November 2005, IP-to-IP interconnection interface guidelines, along with a report detailing its progress as well as any outstanding issues.
This report summarizes the consensus reached within the NTWG with regard to IP-to-IP interconnection between two service providers who wish to deliver and receive voice traffic in native IP format.

2.
SCOPE
In the early stage of this TIF, it was suggested that many other issues may need to be re-examined in the native IP interconnection environment.  Such issues included, but were not limited to, Quality of Service (QoS), Security, Point of Interconnection and interconnection architectures.  After much deliberation, the NTWG was of the view that while technical implications can be studied; many if not all, of the issues involved regulatory policies that were developed in the TDM environment.  Such policy discussion is clearly outside the scope and mandate of the CISC working groups and should be dealt with by the Commission.  Therefore, NTWG members agreed that the scope of this task will examine IP interconnection within the current regulatory framework.

The IP interconnection interface protocol described herein, for the purpose of this report, focuses mainly on the signalling protocol used by the interconnection service providers to receive and to deliver voice traffic.  The following diagram depicts the overall scope:
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Figure 1:  Scope of the Report

This report does not address the following:

· Physical interconnection configurations,
· Network architecture,
· Quality of service, and
· Security.
3.
PROGRESS TO DATE
Based on discussions at the NTWG, it was agreed that the Session Initiation Protocol (SIP) would be the initial focus to examine/develop IP to IP interconnection guidelines as they relate to the Minimum Message Set (MMS), approved by the Commission, for CCS7 interconnection:

I. Basic CCS7 Call Control as specified in TICO128a and based on the message sets ANS T1.111(1992) Message Transfer Part, and ANS T1.113(1992) ISDN User Part;

II. Calling Line Identification Presentation & Restriction Services as specified in TICO135 with the format and permissible field values of the Calling Party Number as specified in Chapter 3 of ANSI T1.113(1992) ISDN User Part;

III. Call Forward Services as specified in TICO136 according to the formats and procedures of Section 7 o0f ANSI Standard T1.611-1991, Supplementary Services for non-ISDN Subscribers;

IV. Call Management Services as specified in TICO118A according to the service descriptions and protocol specifications for the call management features in Bellcore technical references: CLASS Feature: Automatic Callback-TR-NWT-000227 Issue 2 March 1991; and

V. Calling Name as specified in TICO119C according to ANSI T1.641- Calling Name Identification Presentation and ANSI T1639-Calling Name Identification Restriction to support the ISUP and TCAP methods (under “multi-laterally supported services” pursuant to Telecom Order 98-40).

During the course of the NTWG deliberations, 5 contributions pertinent to the approved Minimum Message Set (MMS) were received outlining the protocol parameters and call flow for the following:

· Basic Call set up and take down,
· Call Forwarding Busy,
· CLID Presentation and Restriction Services,
· Calling Name Presentation and Restriction Services, and

· Call Management Services pertain to Automatic Recall (AR), Automatic Callback (AC), and Screening List Editing (SLE).

Based on the contributions and subsequent discussions, the following highlights the initial conclusions of the NTWG:

· The SIP protocol is able to transfer the signalling messages required to implement the approved MMS between service providers.
· SIP provides more than one way to transmit the required feature information (e.g., the use of envelop or header information versus SIP extensions, to transmit CLID or Calling Name).  A default arrangement has not yet been defined.

NTWG has identified IETF, CableLabs, and ATIS as sources of SIP-based relevant technical documentation.  To date the NTWG has based its work on IETF RFCs, ATIS (PTSC-SAC) and CableLabs (PacketCable).  The NTWG plans further consideration of the technical documentation produced by the above mentioned organizations and other bodies, together with Commission guidance on policy issues, in order to provide additional guidelines for IP-to-IP interconnection.
4.
RECOMMENDATIONS
The NTWG recommends the establishment of the following IP-to-IP interconnection guideline:
IP-to-IP interconnection should support the Minimum Message Set, approved by the Commission, for CCS7 interconnection.
During its deliberations, the NTWG identified issues that require the Commissions’ guidance such as Interconnection Architecture, QoS, Security and what entities are qualified for interconnection.  The NTWG will be investigating these issues further and communicate its specific concerns to the Commission in 1Q06.

The NTWG requests that the Commission accept the recommendation in this report.
REFERENCES
· The following contributions form the basis for the guidelines proposed:

	RTS Inc.
	The Minimum Message Set for IP-IP Interconnection
	NTCO0324

	MTS Allstream
	SIP Equivalent for Calling Line Identification Presentation and Restriction Services, as specified in TICO135 with the format and permissible field values of the Calling Party Number as specified in Chapter 3 of ANSI T1.113 (1992) ISDN User Part.
	NTCO0331

	Bell Canada
	Typical Call Flow using SIP for VoIP at the NNI
	NTCO0333

	Rogers Telecom Inc.
	Calling Name mapping for IP to IP Interface Proposal
	NTCO0334

	Cogeco Cable Inc. and CCTA
	Proposed examples of SIP Call management messages as a basis of comparison for the CSS7 minimum required message set
	NTCO0336


· IETF RFC 3261 SIP:  Session Initiation Protocol.  (Internet Engineering Task Force Standard Track Request for Comments)
· ATIS PTSC-SAC Issue S009 NNI Interconnect Standard.  (Alliance for Telecommunication Industry Solutions, Packet Technologies and Systems Committee, Signalling Architecture and Control).
· CableLabs PacketCable™ CMS to CMS Signaling Specification.
· PKT-SP-CMSS-104-730.  (Call Management Services)
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