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�
Introduction





The subject of Voice over IP (VoIP) was discussed at a number of NTWG meetings.  At the August 10 meeting it was agreed to investigate how VoIP networks would interchange network and architecture information with conventional circuit switched (CS) based networks.





This contribution discusses VoIP issues as they relate to Network WG activities and proposes a framework to address these interworking issues between VoIP networks and CS networks.





Background





As Network/Technology evolves, service providers will deploy services using non-CS technology.  Some service providers have indicated that they plan to deploy VoIP technology to provide services to their customers.  To ensure smooth implementation of VoIP/CS (or any other type of technology) interconnection, there is a need to examine whether existing documentation developed in the NTWG or other fora are applicable to the VoIP/CS interconnection environment, since these documents were developed with CS technology in mind only.





Examples of VoIP related Issues Pertinent to NTWG





The following highlights some of the potential issues. They are not intended to be exhaustive.





Existing Network Interface Specifications





VoIP networks interconnect with CS networks through the use of gateways where the IP characteristics are not apparent to the conventional voice networks.  The two types of networks are interconnected using conventional trunks and CCS7 signaling links at the gateway points. The gateway translates the circuit switched signals into IP packets and vice versa.  With the interconnection occurred at the circuit switched interface points, it is generally assumed that the same set of CS interface specifications can be used.  However, NTWG needs to review these existing specifications and confirm that the set of Commission approved specifications are indeed applicable to the VoIP/CS environment.  For example, terms such as switches and point codes are used in some existing specifications and it is not entirely clear how these terms are related to the VoIP networks.





Interconnection of VoIP networks in native mode





The need to develop interface specifications for the support of direct interconnection between VoIP networks was raised at a NTWG meeting. While the NTWG has the mandate to develop interface specifications, they should only be selected from standards developed by standard writing bodies such as CSA, ANSI or ITU or other industry accepted bodies such as the Internet Engineering Task Force (IETF). 





There are a number of VoIP protocols currently being developed by these organizations. They are at various stages of development.  For example, ITU H.323 (Standards on Audiovisual and Multimedia Systems for packet-based communication systems) was adopted last year. Examples of other protocols currently being developed are   


SIP (Session Initiation Protocols) and MGCP (Media Gateway Control Protocols). 





Another point to be noted is whether an end-user of the VoIP network will be identified using IP address, telephone address or both. The addressing issues should also be dealt with from an interconnection standpoint.





At this time, it appears to be premature for the NTWG to develop direct VoIP interface specifications.  The NTWG will be in a better position to assess the status of VoIP protocol development when Francois Menard (Consultant – participant in the NTWG) makes his presentation to NTWG on the status of VoIP standards and related issues. 





Feature Interworking and Minimum Message Set





The gateway function of the VoIP network can be characterized as a protocol converter that converts the IP protocol into CCS7 signaling and messages across the interface and passes them to the CS network.  While the use of protocol conversion is allowed based on CRTC Order 98-40, its use in relation to the minimum message set should be reviewed. 





For example, for Calling Name, a VoIP based CLEC should also indicate whether it uses an ISUP/GN method or TCAP method. The Calling Name mixed mode interworking issues currently being debated in TITF006 are also applicable to VoIP.  Therefore, VoIP Calling Name discussion should be part of the TIF 6 CNAM activities.





As mentioned in the previous section, the interface specifications that define the minimum message set should be examined to ensure their applicability for VoIP.





Traffic & Performance





To ensure proper network planning, the Commission already approved a number of consensus reports that were developed by the NTWG, such as, Forecast information Interchange.  However, the definitions and terminology that describe performance level and traffic parameters of a CS network do not readily apply to a VoIP network.  One example is the Schedule 3 of the CLEC-IXC agreement where a CLEC is required to provide on an exceptional basis, performance reports on common transport trunk groups that experience call blocking above a certain threshold.  In the case of a VoIP CLEC, there is a need to determine if there is a requirement (and how if appropriate) to relate call blocking to factors such as packet delay which is more applicable to describe the performance characteristic of a packet network.





Network Information Interchange





In order to facilitate interconnection between LECs and between CLEC and IXCs, the NTWG has developed consensus reports defining the process and format for the interchange of network architectural information as well as forecast information.  Again, these documents are developed with CS technology in mind.  With the introduction of IP technology to support PSTN voice services, these existing documents must be reviewed and modified, as required, to support network interconnection where IP technology is involved.





 


Proposal and Process





The following outlines the general steps that could be followed in identifying and resolving potential interworking issues:








Step 1: Review Existing Documentation





To determine if the existing documentation (attachment) requires further amendment to accommodate VoIP/CS interconnection





Step 2: Definition and Terminology





Based on review of the existing documentation, determine if the definitions, terminology and information used for CS technology are applicable to VoIP.  For example, 





Point codes, call blocking, translation types, network element types, etc.








Step 3: Amendments to Existing Documentation or new Documentation





To develop, if required, amendments to reflect VoIP/CS interworking requirements.  This may include conversion or mapping of VoIP parameters onto CS parameters, and vice versa.  As well, where amendments to the existing document prove to be difficult, new documents may have to be developed.





Step 4: Unique to VoIP





To identify and to develop any unique documentation that may be required as a result of VoIP interconnection. 





Recommendation





It order to accommodate interconnection between VoIP and CS Networks, the proposed work activities as identified in Step 1 to Step 3 should be completed by yyyy-mm-dd.  Any unique requirement should then be dealt with in a second phase.  A new TIF should be opened to provide focus for the NTWG as well as to track the progress of this activity.   





The following activities are proposed. It is also recommended that the NTWG establish timelines for these activities.





Phase 1:  (Step 1 to Step 3)


Identify documents to be reviewed


Review documents and provide recommendation


Agreement of recommendations & proposed change format


Develop amendments/changes to existing documents





Phase 2: (Step 4)


Develop unique documentation for direct VoIP interconnection, if required.








�
Attachment  - Network WG Consensus Documents





NPRE007.DOC - 21KB - Joint Build Facilities Principles and Processes (NPTF002) - (approved by Commission 6 April 1998)





NTRE002B.DOC - 142KB - Joint Build Facility Consensus Report (NTTF002) - approved by Commission 8 September 1999





NTRE003.DOC - 179KB - Network and Forecast Information Exchange Consensus Report (NPTF004/5) - approved by Commission 8 September 1999





NTRE004.Doc - Carrier Obligation on LNP Processing Consensus Report (TITF002) - approved by Commission 8 September 1999





TIRE008.DOC - 20KB - Ten Digit Global Title Translation Responsibility (TITF002) - (approved by the Commission 24 July 1998)





TIRE009.DOC - 16KB - CCS7 Minimum Message Set - Consensus Report (TITF003) - (approved by the Commission 24 July 1998)





TIRE012.DOC - 16KB - Payphone Identification (TITF009) - (Commission approved 8 April 1999)





TICO062c.DOC - 34KB - Call Completion to a Portable Number Spec (TITF002) - (approved by Commission 6 April 1998)





TICO70a.DOC - 111KB - LNP Query-Response Network Capability Spec (TITF002) - (approved by Commission 6 April 1998)





TICO076g.DOC - 139KB - Calling Name Protocol Conversion spec (TITF006) - (WG consensus document 26 Jan 1999)





TICO118d.DOC - 166KB - CMS feature specification (TITF003) - (approved by Commission 8 Dec 1998)





TICO119c.DOC - 122KB - Calling Name Specification (TITF006) - (approved by Commission 8 Dec 1998)





TICO128a.DOC - 85KB - Basic Call Control Interface Spec (TITF005) - (approved by the Commission 8 Dec 1998)





TICO131c.DOC - 38KB - ISDN Call Control Spec (TITF008) - (Commission approved 8 April 1999)





TICO135.DOC - 135KB - Calling Line Identification Spec (TITF005) - (approved by the Commission 8 Dec 1998)





TICO136.DOC - 122KB - Call Forward Interface Spec (TITF005) - (approved by the Commission 8 Dec 1998)





TICO140b.DOC - 21KB - Default and Pre-Determined Routing (TITF002) - (approved by Commission 8 Dec 1998)





TICO145b.DOC - 186KB - Basic Toll Interface Spec ( TITF001) - (Commission approved 8 April 1999)
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