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This contribution has been prepared by Cogeco Cable Inc. to assist the Network Working Group in the development of an IP-to-IP interconnection interface guideline (TIF14). This should not be construed as a binding proposal by Cogeco Cable Inc. Specifically, Cogeco Cable Inc. reserves the right to make amendments, modifications or withdraw this contribution at any time.

BACKGROUND
1. In its decision 97-8 and 2005-28, the CTRC directs service providers under its jurisdiction to address VoIP interconnection: 
“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. Given that the ILECs and other service providers are already deploying VoIP technology and that this trend is expected to continue, the Commission considered 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.  

The Commission noted that CISC had already undertaken the task of developing IP-to-IP interconnection interface guidelines.  While MTS Allstream had requested that instead of delegating this issue to CISC, the Commission be directly involved in matters related to IP interconnection, the Commission decided that it should first review the guidelines issued by CISC and then determine any further course of action, as required.”

The ensuing task NTTF014 has for objective to develop an IP-to-IP interconnection interface guideline which considers 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 and the functionalities of the approved CCS7 minimum message set.

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.
While the first NTTF014 report (NTRE035) addresses mainly point number two and partially point number four of NTTF014 considerations, this contribution focuses on all NTTF014 considerations proposing a default set of parameters to invoke when mutual agreement between parties cannot be reached. 
INTRODUCTION
2. In order to establish an IP-to-IP interconnection interface guideline that will be acceptable to all parties, a minimum set of technical default parameters has first to be agreed. Accomplishment of this task, by NTWG participants, has started by first demonstrating in NTCO0324, NTCO0331, NTCO0333, NTCO0334, and NTCO0336, that a SIP based NNI signalling protocol would support the NTWG agreed minimum SS7 message set. NTWG report NTRE035, while containing the details of this agreement, does not identify which SIP based standard and related extensions are to be used, nor includes all technical parameters that have to be considered.  In this regards defining a set of minimal technical parameters constitutes the next logical step. This set of default parameters would allow for successful exchange of VoIP packets and agreed minimum SS7 call features.
3. This new contribution is a follow-up to NTCO0347. First, a new table, filled with a minimum set of default technical parameters is proposed. Cogeco considers these parameters being efficient and sufficient enough to allow for VoIP interconnection between carriers. Secondly, the state of advancement of NTTF014 objective is examined in order for Cogeco to recommend a final course of action for proper termination of the TIF.  
TABLE OF CONTENT
4. When trying to define an IP-to-IP interconnection interface guideline, many interconnection schemes or standards, including SIP as their base signalling protocol, will come into play. This is inherent to the nature of IP which provides an almost infinite set of possibilities in term of services or features. Some of these interconnection schemes are already standardized, while others are in the process. Most of these SIP based standards use SIP extensions for replication of SS7 messages and reproduction of TDM call features.  
5. The same thing can be anticipated for other technical parameters that have to be considered for delivery of IP-to-IP interconnection. Physical support material, such as fiber and copper, as well as quality of services (QoS) parameters, such as TOS, DIFFserv, and MPLS, are part of a number of interconnection parameters that can vary from one interconnecting partner to another. Therefore, before VoIP interconnection becomes reality, a minimum set of technical parameters will need to be previously negotiated and agreed upon.
6. In the event that parties cannot reach agreement on interconnections parameters the following table proposes a default set of predefined parameters:
	OSI model
	Parameters
	Default

	Layer 5 and above
	NNI signalling
	SIP2.0 (RFC3261);
RFC(3323) A Privacy Mechanism for the Session Initiation protocol

and RFC(3325) Private Extensions to the Session Initiation Protocol for Network Asserted Identity within Trusted Networks

	
	Codec
	G.711 μ-law

	
	Bearer Traffic
	RTP (RFC3550)

RTCP (RFC3550)

	Layer 4
	NNI signalling
	UDP or TCP (Auto-negotiated between the interconnecting SIP proxies)

	
	Bearer traffic
	UDP (RFC768)

	Layer 3
	Routing protocols
	BGP-4 (RFC4271)

	
	QoS
	Negotiable


	
	IP version
	IPv4 (RFC791)

	Layer 2
	VLAN
	Negotiable¹

	
	Layer 2 QoS
	Negotiable¹

	
	Interface protocol
	Ethernet (802.3z)

	
	Interface Speed
	GiGEthernet (Minimum Value
)

	Layer 1
	Interface transport
	Negotiable¹


NTTF014 STATE OF ACHIEVEMENT:
7. NITTF014 objective is to develop an IP-to-IP interconnection interface guideline which considers 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 and the functionalities of the approved CCS7 minimum message set.

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.

8. Consideration 1: This consideration is related to a policy issue that should be dealt by the Commission upon receipt of the NTWG letter mandated by decision 2006-16.

9. Consideration 2: The functionalities of the approved CCS7 minimum message set have been defined in Keith Richardson’s contribution NTCO0324 (RTS Inc., The Minimum Message Set for IP-IP Interconnection).
10. Consideration 3: Service functionalities to be supported and the information that needs to be exchanged still need clarifications as per FCI Broadband contribution NTCO0356.
11. Consideration 4: This contribution proposes IP standards and protocols that are commonly used for carrier-to-carrier interconnections (Contribution table). As an example, Bell Canada has accepted BGP-4 as such a candidate in contribution NTCO0352 (Bell Canada, VoIP Interconnect). Some work is still required to clarify the use of these protocols, but since generally they are the most used or generally accepted, minimal work is still required.

12. Consideration 5:  Relevant standards-developing bodies have been identified and current IP standards development processes within these standard bodies have been examined. It has been found that a common trend exists between these group and that it is the Session Initiation protocol (SIP).   

CONCLUSION
13. Cogeco suggests that if mutual agreement between parties cannot be reached, a default set of technical parameters should be imposed. To that effect such a default set is presented.

14. Cogeco believes that at this point most of the relevant information has been gathered and that one or two rounds of contributions be allowed before proceeding with the redaction of the final report.   
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*** End of Document ***
�  Means that most standard can be accommodated by any party 


� The minimum interconnection speed would be 1 GiGEthernet. Upgrading to many GiGEthernet will be done when the current VoIP interconnection interface is at 70% of its total capacity. Multiple GiGE must work in load-sharing mode otherwise upgrading to a 10 GiGEtherent becomes mandatory. 
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