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1
Executive Summary

The CRTC Interconnection Steering Committee (CISC) Network Working Group (NTWG) undertook the task in NTTF004, Public Telephone Networks Interconnection Involving IP Technology in an attempt to address concerns and resolve issues with respect to the appropriateness of applying to Internet Protocol (IP) technologies current specifications and other interconnection documents adopted by the NTWG for Circuit Switch (CS) technologies.

Between October 1999 and November 2000, a total of twenty (20) contributions were submitted by various participants, describing their concerns and issues.  Some contributions offered various opinions on how to resolve these issues.

Due to the diversified nature of the concerns and the uncertain nature of regulatory framework governing IP networks, the NTWG agreed to limit the scope of NTTF004 to issues related to interface points between CS and IP networks.  Twenty-one (21) questions, grouped into eight (8) categories, were identified.

The NTWG notes that issues in NTTF004 have not been completely resolved.  The NTWG also notes that tasks in other working groups may be impacted.  This document therefore serves as a status report on NTWG’s investigation into potential impacts on established CISC guidelines due to interconnecting CS and IP networks.

NTWG is of the opinion that further works are required but probably not productive until a more fundamental review of industry policies of the role of emerging technologies have been completed.

2
Background

The emergence of packet-based networks in the public telephony domain has raised general concerns regarding interconnections between different technologies.  In particular, the presence of Internet Protocol (IP) technology based Competitive Local Exchange Carrier (CLEC) has raised concerns with respect to specifications and other interconnection documents that were adopted by the CRTC Interconnection Steering Committee (CISC) Network Working Group (NTWG).  The concerns surround the appropriateness and applicability of existing technical interfaces specifications and network planning consensus documents that were adopted by the NTWG under the Circuit Switched (CS) technology mindset.  A list of relevant documents is attached in Appendix A.

In view of the above, the NTWG resolved that future works include impacts of IP technologies.  In the meantime, the NTWG initiated NTTF004 Public Telephone Networks Interconnection Involving IP Technology to examine questions raised by its members.  It was NTWG’s intent that where the group agreed there is a problem, the work group would develop an appropriate solution and prepare related documentation accordingly.

The following process was adopted by the NTWG:

· Members of the NTWG would table potential issues, with corroborating evidence, questioning the appropriateness of certain dispositions found in specifications or consensus documents previously approved by the CRTC.

· The NTWG would address and resolve any ensuing consensual problem areas.

· Solutions that are the object of a consensus by the NTWG would be documented accordingly and presented to the Steering Committee for approval.

· Where consensus could not be reached, a status report would be submitted to the Steering Committee by the NTWG.

Between October 1999 and November 2000, a total of twenty (20) contributions were submitted by various participants, describing their concerns and issues.  Some contributions offered various opinions on how to resolve these issues.

In order to examine the applicability of existing technical interface specifications and Network Planning Working Group (NPWG) consensus documents, the Network Working Group focused initially on fundamental concerns and issues of:

· comparing and mapping network functionalities between CS and IP technologies,

· definitions of network elements used to describe interconnections, and

· IXC-to-VoIP CLEC interconnection architecture and tariff.

Despite the expansive nature of this discussion, the NTWG members were able to formulate the concerns and issues into twenty-one (21) questions / action items (Appendix B), and agreed on two broad delimiters:

1. The scope of consideration would be restricted to network interface between IP-CS interconnections.  Network interface in the native IP mode was not part of this task.

2. Due to the emergent nature of IP technologies and standards, the attributes of IP-CS interconnections would be examined within the context of well established CS interconnection guidelines.

As of November 2000, it became apparent that many areas of concerns remain un-resolved, and more fundamental issues regarding interconnections needed to be addressed.  Some topics that would be addressed now might have to be re-examined later since the related standards are presently being defined or because new capabilities became available.  Many members were also participants in the Network of Networks Ad Hoc Working Group, resulting in slow progress on this task.  The NTWG therefore decided to issue this status report, based on the format used in contribution NTCO102.  The purpose of this report is to capture the status of the NTWG’s efforts and conclusions to date.

3
Issues, Discussions and Conclusions

3.1:
Network Elements Definitions

Issue

This category deals with the issues of network element names definition and the technology vendors.  Two questions belong in this category.

Q1:
Network Element Name – Various types of switch (EO, Access Tandem, Toll Switches, local tandem) and CCS7 elements are well understood in the CS environment.   Will new element names and definitions need to be developed for VoIP (e.g. Routers, Gateways, etc.)?

Q2:
Technology Type – DMS, Lucent,??

Discussion

· AT&T Canada

· In contribution NTCO070 and NTCO070a, AT&T Canada stated that the only element name of concern to the NTWG, within the currently defined task, is “Gateway”.  In the future, when INM is addressed, many other names may need definition, such as the various servers required to implement a Person Locator type service.  The technologies (DMS, Lucent) should be anticipated.

· Bell Canada

In contribution, NTCO052, NTCO101, Bell Canada made the following comments:

· Based on the review of the NTRE003, (Network Information Exchange and Forecast Information Exchange, approved by the Commission on September 8, 1999) a number of information and network elements need to be clarified in the context of CS-VoIP interconnection.

· Bell Canada acknowledges that the network elements  provided in the NTCO081b (section3.1) are those that are generally used in a VoIP network (see section 3 in contribution 101 for recommendation).

· Bell Canada notes that the technology type should include non-CS equipment manufacturers such as Telcordia, Cisco and others technologies used by VoIP CLECs in Canada (see section 3 in contribution 101 for recommendation).

· Videotron ltee

In contribution NTCO081a, NTCO095, and NTCO100, Videotron:

· Attempt to define an “end office” based on functionalities descriptions found in Telcordia’s document BR-795-100-100

· Noted that element names and definitions are described in VL’s contribution “CLEC-IX Interconnection” NTCO081a. (repeated below)

· Line GateWay (LGW):  The Line GateWay provides the interface between the IP network and the subscriber line.

· Trunk GateWay (TGW):  The Trunk GateWay provides the interface between the IP network and the PSTN.  It supports MF and ISUP trunks.

· SS7 GateWay:  The SS7 GateWay provides the signalling interface between the VoIP network and the SS7 Network.

· Router:  The routers provide connectivity between various network elements, including trunk and line gateways, using the Internet Protocol (IP). 

· Call Agent (CA):  The Call Agent is responsible for establishing and releasing calls.

· These technologies (DMS, Luncent) should be anticipated.

· TELUS

In contribution NTCO102, TELUS stated:

· TELUS believes that network element names should be reflective of their functions as per industry standard bodies such as ITU-T, IETF; and significant institutes such as Telcordia.  Where such definitions are not available due to the lack of comparable functions in the CS networks, CISC should adopt and / or develop consensus definitions until such definitions become available.

· Also, CISC must not modify the definitions of names / functions associated with the traditional circuit switch network as these have existed for many years and are entrenched in regulatory and business processes.  Attempts to change their definitions and associated functions will cause mass confusion in future discussions and impede interconnection development.

· To the extent that the functions can logically apply to IP technology, terms such as End Office, Access Tandem, etc., could be attached to the network element names for the new technology platforms.

Conclusion

There was a diverged view of network element functionalities mapping, and the need to define network elements from IP technologies.  Attempts to establish functional equivalence of CS & IP network elements were initiated but no consensus was achieved on the proposed methodologies.  Some parties thought that attempts to map various technologies are futile where others thought it was essential.  An example is Videotron’s attempt to modify the term “End Office” and “Access Tandem” in accordance to their architecture did not receive consensus since some parties thought it diverged from the widely recognized industry definiton.

Some parties suggested that a working document be created to capture information specific to VoIP networks (e.g., additional network elements such as routers and gateways) that is not included in the current consensus document NTRE003, Network Information Interchange and Forecast Information Interchange.  This working document would be appended to the existing consensus documents for use by the industry.

3.2:
Network Elements Identification

Issue

This category of issues deals with identifying the network elements to the rest of the systems.  Two questions belong in this category.

Q3:
Point Code – How can CCS7 point codes be assigned to IP devices (i.e. non CCS7 Signaling Points)?

Q4:
Subsystem Number – How can subsystem numbers be assigned to functionalities residing in an IP device (i.e. non CCS7 Signaling Point)?

Discussion

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· SS7 Point Codes need only be assigned to Gateways.  While the IP nodes have to have point codes, these need not (and should not) be associated with SS7.  Coordinated assignment of these codes should be addressed in the INM
 task. 

· The functionalities residing in IP devices that are required to interwork with the PSTN will use appropriate conventional SSNs (the actual numbers used are network-specific).  Additional IP functionality, that is unique to the VoIP network, will communicate end-to-end using SIP and SSNs will not be required.

· Bell Canada

In contribution, NTCO101, Bell Canada stated:

· As per contributions NTCO78 and NTCO81b, CCS7 point codes are only assigned to CCS7 gateways.  Bell Canada acknowledges that the assignment to CCS7 gateways is appropriate.

· Videotron ltee

In contribution NTCO100, Videotron stated:

· CCS7 point codes are only assigned to CCS7 gateways.  For more information please refer to VL’s contribution “CLEC-IX Interconnection”  NTCO081a.
· IP devices that interface with CS Network use conventional SSNs.
· TELUS

In contribution NTCO102, TELUS stated:

· Point codes are required to ensure IP-CS inter-network signalling.  As such, point code must be assigned to the Signaling Gateway, but not necessarily to a Voice Gateway.  TELUS believe CS networks do not need to know the addressing beyond the Gateway.

· The use of Subsystem Numbering is required to ensure proper interaction of exchanged services.

Conclusion

There seems to be consensus with respect to the assignment of point codes to Signaling Gateway, and subsystem number to IP devices that intereface with CS networks.  Coordinated assignment of these codes shold be addressed in the INM task.

3.3
Network Interformation Administration

Issue

This category of issues deals with information exchanges when network changes occur.  Four questions belong in this category.

Q5:
Network Changes – What would constitute network changes in a VoIP network? What impact would it has on the interconnecting networks?

Q6:
Industry Information Sources – What are the public sources for VoIP network information (ref: Appendix A of NTRE003)? And how are these sources accessed by non-VoIP carriers?

Q7:
Additional Network Information – Are there any additional network information needs to be interchanged in addition to those in Appendix B of NTRE003?

Q8:
Network Configuration – Will VoIP CLECs participate in the LERG process?  How will the information be input/reflected in the LERG?

Discussion

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· In the task at hand, any network changes would appear to the PSTN as a parameter change at the Gateway.  Such changes would be in the range normally associated with a PSTN network switch – e.g., change the LRN, SS7 Point Code, SSN, etc.  Changes on the VoIP side would be equivalent to adding or changing a remote line peripheral on a conventional switch.

· Non-VoIP carriers have no need to know about changes within a VoIP network, such as assignment of IP point codes.  VoIP Service Providers have an obligation to use the existing vehicles of communication for information that needs to be made known to LECs, such as changes at the Gateway that are apparent to the PSTN.  The existing vehicles are sufficient. 

· No (additional network information needs to be interchanges).  However, additional information will need to be exchanged with the advent of INM.

· A VoIP CLEC should have the same obligations as any other CLEC.

· Bell Canada

In contribution NTCO049 and NTCO101, Bell Canada stated:

· Consensus reports defining the process and format for the interchange of network architectural information as well as forecast information must be reviewed and modified, as required, to support network interconnection where IP technology is involved.

· Bell Canada agrees that public sources, as per NTRE003, are to be used for interchange of network information LECs.

· There are additional network information to be interchanged such as gateways, routers, as indicated in items 1 and 2.

· In a letter issued on August 29, 2000, the Executive Director of the CRTC reminds all Canadian telecommunications service providers that the LERG should be utilized to exchange network change information between carriers.  The LERG is a product of Telcordia Technologies.  It contains data on the current configurations and scheduled changes in local exchange carrier networks.  It is the only common North America-wide vehicle available to telecommunications service providers for exchanging network change notification information.  Therefore all LECs should adhere to the LERG requirements.

· While NTCO081a recognizes the obligations of participation in the LERG process, it is not clear how the information can be reflected.  Information from Telecordia suggested that the North American Industry (e.g. Network Routing Resources Information Committee, NRRIC) is still defining requirements and information that are appropriate for VoIP technologies.  For the benefits of the Canadian Industry, it would be desirable to obtain further information from VoIP CLECs as to what information will be provided in the interim to ensure smooth interconnection implementation.

· Videotron ltee

In contribution NTCO100, Videotron stated:

· Network changes and impact will be the same as for a CS Network switch (e.g. LRN, CCS7 point code, POI, NPA-NXX, etc).
· Referring to Appendix A of NTRE003, a VoIP CLEC will use the same public source as any other CLEC.
· No (additional network information needs to be interchanges), the same rules should apply independently of the technology used.
· That a VoIP CLEC (hence Videotron) has the same obligations as any other CLEC.
· TELUS

In contribution NTCO102, TELUS stated:

· TELUS is of the opinion that these are issues of administrative nature.  As such, all LEC networks need to use existing decisions, processes and CISC consensus reports.  NTRE003 should include the new terms as appropriate.

· The change notification processes should be invoked whenever there are activities that require re-examination of either networks, e.g., changing out a Voice Gateway.  VoIP network information should be stored in industry recognized / accessible database, i.e., LERG

Conclusion

There is a general agreement that CS and IP LECs have the same obligations.  However, there are different views on whether there are additional network information and if they need to be interchanged.  Further discussions are required to come to a conclusion.

3.4
Network Capacity / Forecast

Issue

This category of issues deals with network forecast information and model.  Two questions belong in this category.

Q9:
NAS Forecast – Could VoIP “loop” support more than one customer?  If yes, how would NAS forecast be reflected?

Q10:
CCS per line – If VoIP “loop” can support multiple customers, how would traffic volume be reflected on a per “line” basis?

Discussion

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· This (VoIP “loop” support more than one customer) is probably possible, but is not planned.  However, loops will be supporting more than one equivalent telephone line for the same customer.  Multi-line key systems for residential and small business customers are anticipated.

· A line has a theoretical maximum capacity.  This is apportioned amongst equivalent telephone lines, Internet access, and other types of services using the line.  Each of these is considered an endpoint, and is managed individually by the call agent.  This imposes hard limits on simultaneous associations.

· Bell Canada

In contribution NTCO101, Bell Canada stated:

· It is Bell Canada’s understanding that VL’s VoIP NAS is equivalent to CS NAS.  As such, there is no impact to exchange of forecast information.  However, it is not clear if other LEC using VoIP technology will have the same implementation.

· Videotron ltee

In contribution NTCO100, Videotron stated:

· Like a CS NAS, a VoIP NAS provides one access to the public network.
· TELUS

In contribution NTCO102, TELUS stated:

· All LECs should refer to NTRE003 for the NAS forecast model.  Forecast of IP network traffic should be based on NAS, not loop.  The existing process for traffic reports should be used for all LECs.

Conclusion

Some parties believe that this is more a matter of provisioning.  It is agreed that forecast is to be based on NAS, using NTRE003 consensus guideline.  It is not clear if NTRE003 needs to be modified.  Further discussions are required to reach a conclusion.

3.5
“Call” Address / Number

Issue

This category of issues deals with network forecast information and model.  Two questions belong in this category.

Q11:
Network Address / Telephone numbers – Would calls be allowed between pure IP station vs voice set and will there be addressing issues?

Q18:
Numbering plan – Is there anything within the IP portion of the VoIP networks (that is, behind the Gateway) that makes it difficult to adhere to the World Zone 1 numbering plan?  Is the rate center, exchange concepts as per Telecom Decision CRTC 92-12 maintainable?

Discussion

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· Such calls (IP-to-IP) will be allowed.  All stations will have IP addresses based on phone numbers as the user ID, including those with ordinary voice sets.  The pure IP stations may have an additional IP address which resembles the user’s e-mail address.

· There is no difficulty adhering to the existing numbering plan.  Every endpoint that needs to be accessed by the PSTN will have a traditional TN.  The gateway and subtending call agent will handle all aspects of conversion from TN to IP address.  Adherence to Decision CRTC 92-12, in terms of rate centres, is a provisioning issue.

· Bell Canada

In contribution NTCO101, Bell Canada stated:

· As per VL’s implementation, NANP will be used.

· Videotron ltee

In contribution NTCO100, Videotron stated:

· No (IP-to-IP calls addressing issues), since standard NANP addressing is used.
· No (difficulty to adhere to the World Zone 1 numbering plan).  The rate center and exchange concept are the same as for an ILEC.  VL notes that rate center and exchange concepts are rating concepts and are, therefore, independent of the technology used for call routing.
· TELUS

In contribution NTCO102, TELUS stated:

· All LEC terminating devices must have a World Zone 1 number for a call to terminate within North America.

· All rate center and exchange concepts per Commission decisions are to be maintained.

· With World Zone 1 number assigned to IP end devices, Geographic Number Portability is technically feasible without interconnecting LECs involvement and knowledge  Should there be a process to safeguard against this from happening while the Commission re-examine policy issues related to LNP?

Conclusion

There is consensus that the NANP (World Zone 1) numbering system is to be used for VoIP applications offered by IP LECs interconnected with the PSTN.

3.6
Signaling Protocol Standards and Testing

Issue

This category of issues deals with signaling compatibility between CS and IP networks.  Six questions belong in this category.

Q12:
Protocol Conversion – Protocol conversion is required to convert IP signaling to CCS7 messages.  Will there be protocol conversion issues?

Q13:
CNAM protocol declaration for VoIP network – ISUP/GN vs TCAP (need for CNCF for calling name).  Will the test plan approved by the Commission apply?

Q14:
CSCN process for point code interchange to support Automatic Call Back/Recall – How would it apply to a VoIP network that offers ACB/RC?

Q19:
American National Standard for Telecommunications’ Standards ANS T1.111-1992, ANS T1.113-1992 – The specifications for the CCS7 interface are quite clear that these standards must be met.  For the CNAM PCD it was argued by several LECs that since a PCD is part of the CCS7 network and this network is essential then the PCD should be reviewed by the industry to ensure the specifications are not or would not harm any LEC that is interconnected with the network containing the PCD.  Since the IP – CS Gateway is essentially a PCD from IP to CCS7 (and visa versa) then the industry must be assured that reliability is maintained and undue message processing delay is avoided.  Are the IP – CS Gateways compliant to these standards when facing the CS network?  Are there messages in the CCS7 environment that are not convertible to the IP environment?  Are there messages in the IP environment that are not convertible to the CCS7 environment?  If so then are these message essential to interworking?  Are there messages produced that are not necessary, either CCS7 to IP or IP to CCS7?

Q20:
TICO 128a – This Consensus Report specifies the use of ISUP to connect and release calls from end switch to end switch.  This end switch to end switch signaling procedure may not be applicable to the IP-CS interconnection as the IP equipment may not have CCS7 interface capability.  If this is the case, is something additional required?

Q21:
TICO 145b – This Consensus Report specifies the use of CCS7 signaling between the LEC end office and the IXC. Similar to item 3 above, this signaling procedure may not be applicable to the IP-CS interconnection.  Is something additional required?  The IXC process for settlements utilizes the measuring of time between call set up and tear down, does adding onto the CCS7 control structure of the Gateway and IP network elements impact settlements?  Does the above also have impact on the end to end delay performance?

Discussion

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· This (Signaling Protocol Conversion) is an erroneous assumption.  As discussed in the body of this contribution, the call agent sends a “create connection” request to the gateway and this causes a standard SS7 IAM message to be generated by the gateway.  This is not “protocol conversion”.  There will be no new SS7 messages because of VoIP interworking.

· The CNAM functionality resides entirely within the gateway, at the present time.  The test plan approved by the Commission will apply because nothing new is being introduced.  VoIP LECs will be required to state their intention of using the ISUP or TCAP method.

· These features will work according to the standards adopted by the NTWG.  Alternative method of providing the equivalent functionality may be provided internally, in the native interworking mode.  However, interworking between an internal IP station and a PSTN station will always observe the agreed-upon PSTN rules.

· The fundamental premise of this issue (ANS T1.111-1992, ANS T1.113-1992) is erroneous.  As discussed previously, the gateway is not a PCD.  Therefore, comparisons between the gateway and the CNCF used for CNAM are inappropriate.  The gateway should be expected to meet all the existing SS7 interface requirements, and conformance testing should be carried out on each new vendor’s product to confirm this.   There are messages in the SS7 network whose contents are not currently available to the IP network — e.g., Business Group ID.  All the relevant IP network messages can be satisfactorily converted to SS7 messages (and vice versa) for completion of a call to or from a PSTN station.  The messages that cannot currently be converted are not part of the Minimum Message Set.  Hence, all essential messages can be accommodated. 

· Looking into the VoIP service provider’s network from the PSTN, the end switch for the PSTN is the gateway.  Call setup and takedown on the IP side of the gateway was described earlier, and is equivalent to the processes that take place in a switch with distributed processing.  Nothing additional is required (for end switch to end switch signaling).

· As stated in the previous issue, the end switch for PSTN is the gateway.  Nothing additional is required (for LEC end office and IXC signaling).  The impact of the IP components on the total time for setup and takedown is negligible, especially on the scale used for settlement purposes.  There is no measurable impact on delay performance, one way or the other.  Internet signalling is inherently faster than SS7 signalling because higher speed transport facilities are used for the links — DS1 or higher, versus DS0.

· Bell Canada

In contribution NTCO101, Bell Canada stated:

· Bell Canada acknowleges VL’s statement that it has the same obligation as any other CLEC in this area.  

· Videotron ltee

In contribution NTCO100, Videotron stated:

· There’s no protocol conversion being used for converting IP signaling to CCS7 messages.  It is well explained in AT&T contribution “Interworking VoIP & Circuit Switched Network” NTCO070a.
· VL notes that a VoIP CLEC has the same obligations as any other CLEC.  The test plan approved by the Commission applies to a VoIP CLEC.  VL’s method can be found in TITF006 serial 31.
· In a VoIP network, ACB/RC is working in accordance to the standards adopted by the NTWG.
· No (additional requirement for signaling), the VoIP end switch has a CCS7 gateway interface and therefore the end switch to end switch signaling procedure is applicable.
· VoIP CLEC interfaces to IXCs use CCS7 signaling and therefore the same rules apply. Nothing additional is required.
· TELUS

In contribution NTCO102, TELUS stated:

· For the Gateway to act as a network element (whether it is defined as a protocol convertor or not) interconnected with the CS networks, it  must comply with CISC interconnection specifications, and provide all the necessary conversions between IP and CCS7 messages so that features and services work seamlessly.

· The CNAM declaration must comply with CISC accepted documents.

· The exchange of ACB / RC must comply with CISC accepted documents.

· Reviewing TICO128a and TICO 145b is an administrative issues and TELUS recommends a review of TICO’s after NTWG develop definitive agreement on this task.

Conclusion

It was noted that Signaling points within an IP network is still an open issue within the industry.  However, all agreed that IP CLEC has the same obligation as CS LEC with respect to CNAM protocol declaration and testing.  Further discussions are required to reach a conclusion.

3.7
Performance Measures

Issue

The definitions and terminology that describe performance level and traffic parameters of a CS network do not readily apply to a VoIP network.  This category of issues deals with performance measures of IP networks and translating them into equivalent CS performance measures that are currently enforced.  Two questions belong in this category.

Q15:
Performance metric – Blocking vs Delay (is this a pure standard issue?)  Need to understand what work is being done in the standard body if we are not tackling it – need to follow-up?

Q16:
Common Trunk Group Performance Measurement (from VoIP network to IXC) – How would the performance of the common trunk group be expressed?

Discussion

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· In the current context, blocking can be configured to occur before delay becomes a concern to users.  It is a more complex challenge in an interexchange scenario, but the goal of each service provider should be to cause blocking before noticeable degradation occurs.  This issue would be worthy of further consideration in an INM task.

· The capability exists to express performance in terms of blocking, per the existing guidelines, and this should be the method used.

· Bell Canada

In contribution NTCO101, Bell Canada stated:

· NTCO078 indicated there is capability express performance in terms of blocking.  What is this capability?  Are these accepted by the Industry and are all LECs using VoIP compliance to this capability?  What is VL’s intention in expressing the performance in terms of blocking?

· Videotron ltee

In contribution NTCO060, NTCO078 and NTCO100, Videotron stated:

· Vidéotron’s IP network will provide all the information required from a CLEC by Schedule 3 of the CLEC-IXC agreement.  Vidéotron finds it inappropriate to review or revise the consensus reports on network planning.

· On Blocking vs Delay:  Currently, the performance metric used to measure grade-of-service is conventional blocking.  The measure of delay is a quality-of-service indicator used internally exclusively.  Delay is a quality-of-service parameter which has no impact on the grade‑of‑service and should therefore be excluded from information exchanged between service providers.

· On Common Trunk Group Performance Measurement (from IP based network to IXC):  In a traditional circuit switched (CS) network, calls could block at the access point (NAS) in the serving switch (Dial Tone Speed), at the common toll connecting trunk group and at the delivery trunk group with the IXC.  In Vidéotron (1998) ltée.'s IP technology based network, blocking can only occur at the access point and at the delivery trunk group with the IXC.

· TELUS

In contribution NTCO102, TELUS stated:

· TELUS asserts that same performance levels must be maintained.  Performance measures for CS network common truck group is well establish and should be used as a measure.

· AT&T Canada (MetroNet Communications), in contribution NTCO 070a, indicated that the Call Agent has the capability to estimate the total load and initiates blocking before delay becomes a concern.  It is important that CISC agree on the translation and the threshold so that current performance levels are maintained.

· Performance measures on CS networks must not be differenct than VoIP networks.  Should the Commission wish to revise the performance measure, the appropriate benchmark and resulting measures applies equally to all carriers.

Conclusion

There is a diverged view on performance metric and reporting.  No consensus is reached.  Further discussions are required.

3.8
IXC-IP CLEC Interconnection Tariff

Issue

This issue deals with interconnection between IXC and IP CLEC.  Only one question belongs in this category.

Q17:
IXC Traffic – How would IXCs receive and deliver IX traffic to/from VoIP network?

Discussion

· The Commission staff raised cautions with the NTWG members to distinguish between network planning or technical aspect and the rating or tariff element.

· AT&T Canada

In contribution NTCO070a, AT&T Canada stated:

· The IXC should interface with the gateway as a standard Class 5 switch or local access tandem.

· Bell Canada

In contribution NTCO077, NTCO086, and NTCO101, Bell Canada stated:

· Contribution NTCO077, Bell Canada

· Telecom Decisions 92-12 and 97-8 set out the ground rules for the interconnection between LECs and IXCs.  An IXC can either connect to a LEC’s Equal Access End Office (EO) directly (Direct Connection) or to a LEC’s Equal Access – Access Tandem (AT Connection).  The Commission Decisions regarding interconnection are technology neutral, in that the same rules must be applicable to LECs using CS or VoIP technology.

· In the VoIP situation and depending upon the implementation of the LEC, it is not clear how an IXC will interconnect with the VoIP LEC.  Unlike CS switches, many of the switching functions can be distributed amongst various VoIP elements, which can be placed in a wide geographic area.

· Suggested to map the Common Control (CC) and its sub-tending Gateways (e.g., those Gateways that are under the control of a Gatekeeper as in H.323 case) within an IP network as a single “switch”.  The analogy is that the Common Control of the VoP is similar to a Central Control of a CS switch such as DMS or ESS switches and the Gateways are equivalent to trunk/line modules and remotes of an EO.

· This would allow IXC-CLEC interconnection via a single trunk group if the equipment of this VoIP switch is centrally located.  In a distributed architecture, the VoIP LEC could choose a location as the equivalent "end office" to be used for interconnection to the IXC.  Through this designated location, IXC can receive and deliver its long distance traffic to the CLEC end users served by the distributed VoIP Switch.

· It is not obvious that if there is a requirement for AT equivalent functions in a VoIP network or if the notion of AT is applicable in a packet environment.

· Contribution NTCO086, Bell Canada

· Voice path does not define a switch

· Intra-office calls can involve multiple peripherals

· Intra-office calls can involve multiple exchanges

· Contribution NTCO101, Bell Canada

· As stated in NTCO077, NTCO086 and the working group meeting records (NTTF004), Bell Canada does not agree with VL’s LEC-IXC interconnection configuration.  This issue is similar to the current debate at the NTWG on the definitions of EO and AT (and the associated tariff application), articulated by VTL, who had issued a draft dispute paper.  VTL has indicated on Aug 23rd that “ … VTL advises that it will not pursue work and/or discussions on the subject of CLEC-to-IXC interconnection architecture at the 2000-09-19 NTWG meeting as planned …”

· Videotron ltee

In contribution NTCO078, NTCO081, NTCO081a, NTCO095 and NTCO100, Videotron stated:

· IXC traffic (long distance message) traffic will be delivered to and received from an IXC on a standard SS7 FG 'D', TR-394 compliant, trunk group.  (NTCO095) Proposed the following architecture for IXC-CLEC interconnection:

· LEC-to-IXC End-office interconnection provides the IXC with access to the end users served by that End-office with an FG 'D' trunk group between the LEC's POI in the exchange (wire center area) in question and the IXC's declared POP for that exchange;

· LEC-to-IXC Access Tandem interconnection provides the IXC with access to all the end users served by a group of End-offices (residing in a single physical switch or in standalone switches) with an FG 'D' trunk group between the Access Tandem serving these subtending End-offices and the IXC's designated POP.

· (NTCO081) Telecom decisions CRTC 92-12 and 97-8 clearly state that an IXC can either connect to a LEC’s end office (direct connect) or at the LEC’s Access tandem.  What is not clear is the boundary of an End Office or what defines an End Office for a direct connect service.
· (NTCO081) Proposed that the best approach to determine the boundary of an End Office is to identify the voice path of a call.  (NTCO081a) Suggested that the technology neutrality principle requires that the LEC-IXC interconnection rules be based on functions being performed rather than the equipment performing this function.  The relevant functions are those related to the delivery of voice and not call control.

· (NTCO081a) The proposal (above) conforms with previous CRTC decisions, is consistent with the tariff and pricing principles given in Telecom Decision 92-12, and also consistent with the LEC-LEC interconnection tariff given in Telecom Decision 97-8.

It should also be noted that Videotron issued a dispute on this issue, but later suspended / withdrew the dispute.

· TELUS

In contribution NTCO102, TELUS stated:

· This is a significant issue.  Recommended that this issue be addressed separately and IP CLEC develop their own CLEC-to-IXC architecture and accompanying tariff.

Conclusion

There were lots of discussion and interest on this issue.  There appeared a general agreement of the Commission’s intent under Decisions 92-12 and Decision 97-8, but disagreement over the implementation of those decisions.  The was also a diverged view on the definition of “End Office” and “Access Tandem” under the IP network architecture.  Hence, no consensus was reached regarding both interconnection rules and tariff.  It should be noted that in the two decisions on the Microcell and Clearnet tariffs the Commission stated that they could not charge AT tandem rates at their local switch.  Further discussions are required.

4.
Interim Recommendations

(This section is “under construction”, please skip.)

Insert recommendations from each section, if any, here)

All parties feel that all of the obligations set out by the Commission for LECs must be met regardless of the technology deployed.

· Three areas of concern remain to be rsolved:

a) Network elements definition, description and documentation.

b) Quality of services measurement or common trunk groups in CLEC-to-IXC interconnection to translate the IP network unique characteristics into an agreed upon blocking measure.

c) CLEC-to IXC interconnection architecture.

Most parties feel that the IXC-to-CLEC (VoIP) interconnection architecture is a big issue that may warrant its own task.

NTWG to invite Telcordia to give a review of the current VoIP status within the industry.
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Appendix A:  Relevant Documents and Consensus Reports

The following is a list of documents found on the CISC > Network Interconnection Group > Network > Technical Specifications web site:

http://www.crtc.gc.ca/ENG/PROC_REP/TELECOM/1997/GENERAL/cisf3d0j.htm
3. NPCO118d.DOC – Transiting & EAS Routing Status Report (NPTF001) – (Non consensus report – 3 Nov 1998)

4. NPRE007.DOC – Joint Build Facilities Principles and Processes (NPTF002) – (approved by Commission 6 April 1998)

5. NTRE002B.DOC – Joint Build Facility Consensus Report (NTTF002) – approved by Commission on 8 September 1999

6. NTRE003.DOC – Network and Forecast Information Exchange Consensus Report (NPTF004/5) – approved by Commission on 8 September 1999

7. NTRE004.doc – Carrier Obligation on LNP Processing Consensus Report (TITF002) – approved by Commission 8 September 1999

8. TIRE008.DOC – Ten Ten Digit Global Title Translation Responsibility (TITF002) – (approved by the Commission 24 July 1998)

9. TIRE009.DOC – CCS7 Minimum Message Set – Consensus Report (TITF003) – (approved by the Commission 24 July 1998)

10. TIRE012.DOC – Payphone Payphone Identification (TITF009) – (Commission approved 8 April 1999)

11. TICO062c.DOC – Call Call Completion to a Portable Number Spec (TITF002) – (approved by Commission 6 April 1998)

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

13. TICO076g.DOC – Calling Name Protocol Conversion spec (TITF006) – (WG consensus document 26 Jan 1999)

14. TICO118d.DOC – CMS feature specification (TITF003) – (approved by Commission 8 Dec 1998)

15. TICO119c.DOC – Calling Name Specification (TITF006) – (approved by Commission 8 Dec 1998)

16. TICO120b.DOC – Unbundled Loop type A (TITF004) – (ILEC Loop spec – 30 March 1999)

17. TICO121b.DOC – Unbundled Loop type B&C (TITF004) – (ILEC Loop spec – 30 March 1999)

18. TICO128a.DOC – Basic Call Control Interface Spec (TITF005) – (approved by the Commission 8 Dec 1998)

19. TICO129a.DOC – Unbundled Loop A categories (TITF004) – (ILEC Loop spec – 30 March 1999)

20. TICO130a.DOC – Unbundled Loop B categories (TITF004) – (ILEC Loop spec – 30 March 1999) – Out of scope

21. TICO131c.DOC – ISDN Call Control Spec (TITF008) – (Commission approved 8 April 1999)

22. TICO135.DOC – Calling Line Identification Spec (TITF005) – (approved by the Commission 8 Dec 1998)

23. TICO136.DOC – Call Forward Interface Spec (TITF005) – (approved by the Commission 8 Dec 1998)

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

25. TICO145b.DOC – Basic Toll Interface Spec (TITF001) – (Commission approved 8 April 1999)

Appendix B:  Questions Raised in NTTF004
Q1:
Network Element Name – Various types of switch (EO, Access Tandem, Toll Switches, local tandem) and CCS7 elements are well understood in the CS environment.  Will new element names and definitions need to be developed for VoIP (e.g. Routers, Gateways, etc.)?

Q2:
Technology Type – DMS, Lucent,??

Q3:
Point Code – How can CCS7 point codes be assigned to IP devices (i.e. non CCS7 Signaling Points)?

Q4:
Subsystem Number – How can subsystem numbers be assigned to functionalities residing in an IP device (i.e. non CCS7 Signaling Point)?

Q5:
Network Changes – What would constitute network changes in a VoIP network? What impact would it has on the interconnecting networks?

Q6:
Industry Information Sources – What are the public sources for VoIP network information (ref: Appendix A of NTRE003)? And how are these sources accessed by non-VoIP carriers?

Q7:
Additional Network Information – Are there any additional network information needs to be interchanged in addition to those in Appendix B of NTRE003?

Q8:
Network Configuration – Will VoIP CLECs participate in the LERG process?  How will the information be input/reflected in the LERG?

Q9:
NAS Forecast – Could VoIP “loop” support more than one customer?  If yes, how would NAS forecast be reflected?

Q10:
CCS per line – If VoIP “loop” can support multiple customers, how would traffic volume be reflected on a per “line” basis?

Q11:
Network Address / Telephone numbers – Would calls be allowed between pure IP station vs voice set and will there be addressing issues?

Q12:
Protocol Conversion – Protocol conversion is required to convert IP signaling to CCS7 messages.  Will there be protocol conversion issues?

Q13:
CNAM protocol declaration for VoIP network – ISUP/GN vs TCAP (need for CNCF for calling name).  Will the test plan approved by the Commission apply?

Q14:
CSCN process for point code interchange to support Automatic Call Back/Recall – How would it apply to a VoIP network that offers ACB/RC?

Q15:
Performance metric – Blocking vs Delay (is this a pure standard issue?)  Need to understand what work is being done in the standard body if we are not tackling it – need to follow-up?

Q16:
Common Trunk Group Performance Measurement (from VoIP network to IXC) – How would the performance of the common trunk group be expressed?

Q17:
IXC Traffic – How would IXCs receive and deliver IX traffic to/from VoIP network?

Q18:
Numbering plan – Is there anything within the IP portion of the VoIP networks (that is, behind the Gateway) that makes it difficult to adhere to the World Zone 1 numbering plan?  Is the rate center, exchange concepts as per Telecom Decision CRTC 92-12 maintainable?

Q19:
American National Standard for Telecommunications’ Standards ANS T1.111-1992, ANS T1.113-1992 – The specifications for the CCS7 interface are quite clear that these standards must be met.  For the CNAM PCD it was argued by several LECs that since a PCD is part of the CCS7 network and this network is essential then the PCD should be reviewed by the industry to ensure the specifications are not or would not harm any LEC that is interconnected with the network containing the PCD.  Since the IP – CS Gateway is essentially a PCD from IP to CCS7 (and visa versa) then the industry must be assured that reliability is maintained and undue message processing delay is avoided.  Are the IP – CS Gateways compliant to these standards when facing the CS network?  Are there messages in the CCS7 environment that are not convertible to the IP environment?  Are there messages in the IP environment that are not convertible to the CCS7 environment?  If so then are these message essential to interworking?  Are there messages produced that are not necessary, either CCS7 to IP or IP to CCS7?

Q20:
TICO 128a – This Consensus Report specifies the use of ISUP to connect and release calls from end switch to end switch.  This end switch to end switch signaling procedure may not be applicable to the IP-CS interconnection as the IP equipment may not have CCS7 interface capability.  If this is the case, is something additional required?

Q21:
TICO 145b – This Consensus Report specifies the use of CCS7 signaling between the LEC end office and the IXC. Similar to item 3 above, this signaling procedure may not be applicable to the IP-CS interconnection.  Is something additional required?  The IXC process for settlements utilizes the measuring of time between call set up and tear down, does adding onto the CCS7 control structure of the Gateway and IP network elements impact settlements?  Does the above also have impact on the end to end delay performance?

� Interworking in Native Mode – A hypothetical task postulated as the forum for work on issues identified in NTTF004, proposed by AT&T Canada
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