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Notice:
This contribution has been prepared by TELUS Communication Inc. to assist the Network Working Group as basis for discussion. This should not be construed as a binding proposal on TELUS Communications Inc. Specifically, TELUS Communications Inc. reserves the right to request amendments, modifications or to withdraw of this contribution at any time. 

INTRODUCTION

At the Dec 10, 2002 NTWG meeting TELUS tabled a contribution that addressed the results of the NTWG’s NTRE012 in an effort to capture new information allowing for closure of TIF 8.  At this meeting some participants made several comments and expressed concern with TELUS’ proposal.  To avoid any misunderstandings, TELUS requested the commenting parties submit their concerns in the form of contributions.  No contributions were submitted for the January 21, 2003 NTWG meeting therefore this contribution can not address these concerns.  Instead it is being submitted with each of the 21 questions and the NTRE012 discussions/conclusions being addressed.    

The 21 Questions 

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,??

Current status as per NTRE012:


The report states that the NTWG attempted to “establish functional equivalence of CS & IP network elements” but did not reach consensus.  It was also suggested that the NTWG try and develop a document that would map VoIP elements to circuit switched (CS) functions for NTRE003.  This activity is pending.  The following are the outstanding items documented in NTRE012 for this question:

1. A working document to supplement NTRE003 with a list of VoIP network elements.

2. A presentation by Telcordia to clarify how the Local Exchange Routing Guide (LERG) process will handle IP network element definition.

TELUS response:



Q1:

This question asks whether new names will be required for new elements in the Voice over Internet Protocol (VoIP) networks.  The answer is yes.  Telcordia recognized this requirement and incorporated two new element names along with their corresponding Network Entity Codes in BR 795-100-100 COMMON LANGUAGE Location Codes (CLLITM Codes) Description for Location Identification.  One of the new names is the Call Agent (Network Entity Code CA(x)) and the other is the Trunk Gateway (Network Entity Code GT(x)).  Telcordia describes the Call Agent as providing call control, translations and routing functionality whereas the Trunk Gateway provides a conversion between the CS environment and the packet environment.       

Q2:

In the NGN environment there are numerous suppliers of equipment including Nortel and Lucent.  Telcordia updates their documents from time to time to capture changes including adding new vendors and/or products.  These are found in BR-751-100-460 COMMON LANGUAGE Location Codes (CLLITM Codes) – Switching System Codes.  

NTRE012:

NTRE012 states that functional mapping of CS & IP elements was unsuccessful since a consensus could not be reached.  After reviewing this result TELUS is not surprised with this outcome since accurately predicting the future architecture for the toll and local network functionality is virtually impossible.  TELUS anticipates that with the current regulatory regime, operations support systems, billing systems, etc. that functionalities such as end offices, local tandems and access tandems, just to name a few, will continue.  This may change as these factors change but for the foreseeable future this appears to be unlikely.  Toll and local CS elements will be replaced with VoIP elements but functionalities will probably stay the same where the interconnection is at CS.    

Two other items were identified in NTRE012 as action items.  The first was to develop a list of new VoIP elements and the second is to have a presentation by Telcordia regarding the LERG.  As mentioned in NTCO 230 a review of Telcordia documents BR-751-100-460 and BR 795-100-100 and the LERG reveals that a list of VoIP elements is established and being used in the LERG today.   Therefore, NTWG should not develop a new document but should use the existing Telcordia documents. As for the second issue, a presentation is not required since the LERG is currently being populated with the VoIP elements identified in BR-751-100-460 and BR-795-100-100 and the existing LERG process remain intact.

TELUS recognizes that some participants may wish to continue discussing functional architectures but this should be done in the context of VoIP to VoIP interconnection instead of under this TIF which is geared for CS to CS (with  VoIP components) interconnections.

               --------------------------------------------------------------------------------

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

Q4:
Subsystem Number – How can subsystem numbers be assigned to functionalities residing in an IP device (i.e. non CCS7 Signalling Point)?
Current status as per NTRE012:


The NTWG reach consensus “that Point Codes need to be assigned to the CCS7 Signalling Gateway.  It was also agreed that Subsystem Numbering would be required for functionalities residing in IP devices that are required to interwork with the PSTN“ (NTRE012 section 3.2).
TELUS respnse:


Q3:


In NTCO 230 TELUS previously stated:

“The statement quoted above “Point Codes need to be assigned to the CCS7 Signaling Gateway” is inaccurate.  Gateways, whether they are signaling, trunk or access do not necessarily have point code designations, rather the device/processor controlling these gateways are the elements that are assigned points codes.  For example a Call Agent that controls numerous gateways would be assigned a point code, not the gateways themselves.  These point codes are an essential part of the SS7 signaling architecture and are only used in a call when a TDM network is involved.”  

To answer Q3, Point Codes will be assigned to switching entities so that CCS7 signaling gateways can be accessed via the existing CISC developed, CRTC approved CS to CS interconnection arrangements. 

Q4:

This question asks how subsystem numbers can be assigned to VoIP elements.  The use of subsystem numbers between a CS network and a network with VoIP elements will remain the same as between CS to CS networks.  This means that interworking will continue to process TCAP messages as per existing CISC developed, CRTC approved interconnection arrangements.  

NTRE012:

NTRE012 states that Point Codes and Subsystem Numbers are to continue being used when the VoIP elements “interwork with the PSTN”.  TELUS continues to agree with this consensus. 

               --------------------------------------------------------------------------------

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

Q6:
Industry Information Sources – What are the public sources for VoIP network information (ref: Appendix A of NTRE003)?  (CS networks use the LERG)  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?

Current status as per NTRE012:
In NTRE012 the NTWG concluded:  “While all agreed that LECs, regardless of their technologies, would use existing mechanisms (i.e., NTRE003 and LERG) to interchange network change information, there were insufficient information or solutions put forth by the members to clearly understand the way LERG would reflect VoIP network architecture information as part of the PSTN network.”
Also included in NTRE012 was the following statement: “…the Executive Director of CRTC reminds all Canadian telecommunications service providers that the LERG should be utilized to exchange network information between carriers.”
TELUS response:


Q5:

This question asks what would constitute a network change in a VoIP network and what impact would it have on an interconnecting network.  There are many elements constituting a VoIP network including but not limited to a Call Agent, a Trunk Gateway, a Line Gateway, a Signaling Gateway and routers.  Changes may occur to any or all of these elements but not all will affect interconnections to carriers.  Changes in Call Agent, Trunk Gateway plus changes to point codes necessitate notification.  Changes to Line Gateways and routers do not impact interconnections and therefore do not require notification.

Q6:

This question asks about the sources for VoIP information and how nonVoIP carriers access them.  Sources for VoIP network information are the same as those for CS network information, i.e. the LERG and the information exchanged between LECs as per NTRE003 Appendix B.  

Q7:

This question asks if more information needs to be exchanged over and above that specified in NTRE003 Appendix B.  The answer is no.  The forms specified for exchanging information are adequate to provide enough information for interconnection even when VoIP elements are involved and generic enough to include provisions for new element types.  No modification of this form is required. 

Q8:

Question 8 involves uncertainty regarding the LERG being used when a networks employs VoIP elements.  It also questions VoIP CLECs participation in the LERG.  As indicated above (see questions 1 and 2), Telcordia has incorporated what they deem as relevant VoIP elements into the LERG already.  As for VoIP carriers using the LERG, the CRTC’s Executive Director has answered this question clearly in her letter on August 29, 2000 instructing all service providers to use the LERG.  This letter can be viewed at http://www.crtc.gc.ca/archive/eng/Letters/2000/lt000829.htm. 

NTRE012:

The NTWG indicated that because of the uncertainties of device functionalities and definitions that it was difficult to know what devices needed to be identified in the LERG and the documents specified in NTRE003 Appendix A.  With the adoption of codes for Call Agents and Trunk Gateways into BR documents and the LERG, it is clear that Telcordia believes these to be the important elements that other carriers need to know about when interconnecting.  With this understanding, the uncertainties expressed by the NTWG about information exchange should be reduced; that the LERG and NTRE003 Appendix A documents are equipped to provide the necessary information between carriers.

The one outstanding item listed in NTRE012 regarding a presentation on the LERG is not necessary.  Every carrier should have experts that deal with the LERG regularly, therefore, any information needed by individual participates should be readily available internal to their own organizations.

               --------------------------------------------------------------------------------

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?

Current status as per NTRE012:


Section 3.4 of NTRE012 states “The NTWG agreed that forecast information would be based on NAS, using NTRE003 consensus guideline.”  
TELUS response:

Q9:


Question 9 is concerned with the forecasting of VoIP loops.  A VoIP “loop” can support more than one customer but the NTWG agreed that forecasts would be on a NAS (Network Access Service) basis according to the NTRE003 Part 2 guidelines.

Q10:

Question 10 asks about the traffic measurements on a VoIP line.  VoIP loops will be monitored for bandwidth consumption that can be converted to a CCS quantity.  

NTRE012:

The NTWG agreed that the guidelines for forecasting in a VoIP environment would remain as those specified in NTRE003 Part 2.  

               --------------------------------------------------------------------------------

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?

Current status as per NTRE012:


Section 3.5 of NTRE012 states the NTWG agreed “World Zone I numbering” will be used.

TELUS response:

Q11:


Question 11 asks about the possibility of calls between voice sets and IP stations and the addressing of these devices.  Assuming that an IP station is a VoIP telephone set and a voice set is a CS telephone then the answer is yes, a call will complete via interconnections as per existing standards without any addressing problems.  They will use the World Zone 1 numbering plan (E.164) across interconnections.  TELUS supports the continued use of E.164 numbers for LEC customers whether the LEC uses CS or VoIP technologies.

Q18:

This question asks if VoIP networks can adhere to World Zone 1 numbering and rate center/Telecom Decision CRTC 92-12 arrangements.  VoIP networks can adhere to both these regimes.      

NTRE012:

The NTWG agrees that World Zone 1 numbering will be used.  TELUS fully supports this consensus.

               --------------------------------------------------------------------------------

Q12:
Protocol Conversion – Protocol conversion is required to convert IP signalling 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 signalling 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 signalling between the LEC end office and the IXC. Similar to item 3 above, this signalling 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?

Current status as per NTRE012:


Section 3.6 of NTRE012 states “The NTWG agreed that IP LECs and IXCs have the same obligation as CS LECs and IXCs with respect to protocol declaration and testing as well as other technical interface specifications developed by CISC.”
.

TELUS response:

Q12:


This question concerns protocol conversion requirements between the CS and VoIP networks.  Signaling in a VoIP network utilizes internal signaling protocols that will require conversion to CCS7 signaling before being sent to a CS network.  The NTWG determined that this conversion is similar to the situation in a CS environment where internal switch signaling is converted to CCS7 signals.  The NTWG agreed there are no concerns regarding the process of converting VoIP signaling to the CCS7 protocol. Q13:

Question 13 asks if CRTC approved CNAM standards and test plans be maintained in VoIP networks.  VoIP networks can support both the ISUP GN and TCAP methods.  The NTWG stated that adherence to either ISUP GN and/or TCAP CNAM standard is a requirement per the minimum message consensus.  .

Q14: 

This question asks about if the existing process for exchanging point codes information so various services can be interchanged between networks will be maintained?  The NTWG agreed that it would.

Q19:

Question 19 is a collection of questions regarding the performance of the Signaling Gateway as a PCD and the compatibility of the VoIP networks in a CCS7 environment.  The issue of signaling gateways being a PCD is addressed in Q12 and dismissed as not being one.  The issues of CCS7 compatibility was discussed by the NTWG resulting in the group concluding that interworking between CS and VoIP networks is required and that all carriers conform to the CISC developed, CRTC approved CCS7 minimum message set signals.  

Q20:

Question 20 points out that TICO128a specifies ISUP signaling for call set up and tear down then asks whether CS to VoIP network interconnection will use this same method?  The NTWG agreed that this is a mandatory requirement for any CS to VoIP interconnection just like adherence to the CISC developed, CRTC approved minimum message is a requirement.  

Q21:

Question 21 indicates that TICO145b specifies the use of CCS7 for interconnection between IXCs and LECs then asks if VoIP networks be able to maintain the same protocols and methods for toll interconnections.  The NTWG agreed that CS to VoIP interconnections must maintain the current toll interconnection requirements.  

NTRE012:

The NTWG has agreed that the interconnection between CS and VoIP networks is via the existing interconnection standards, where the interconnection is at a CS level supported by CCS7.  There should be no indication at the interconnection point that there are VoIP elements on either side of the connection; it should look like a CS to CS interconnection.  

               --------------------------------------------------------------------------------

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?

Current status as per NTRE012:


The NTWG has not explored the issue of LEC’s providing IXCs blocking type reports for common trunk groups in great detail.  It was uncertain if a LEC using NGN equipment could actually reproduce this type of report since blocking is not a metrics that NGN networks measure.  NTRE012 reports the “Investigation of VoIP network performance measures and reporting” is an outstanding item for the NTWG to address. 

TELUS response:

Q15:


Question 15 asks about performance measurements on common trunk groups that carry both ILEC and IXC toll from class 5 switches to access tandem switches.  There are various standards bodies such as ITU-T and ANSI T1, to name a couple, investigating Quality of Service (QoS) parameters on VoIP networks.  To date none of these standards are finalized.    TELUS recommends that QoS parameters for common toll trunk groups be adopted from approved standards when they do become finalized.  

Q16:

Question 16 is almost identical to question 15 therefore refer to the above response.

NTRE012:

The topic of QoS on common trunk groups is only one of the concerns the NTWG should investigate as carriers introduce VoIP elements into the industry.    As this happens the Canadian telecommunication community must set QoS metrics based on industry standards.  TELUS suggests that discussion on all QoS issues be initiated.  Since this is a very complicated and important undertaking it is appropriate that a new TIF dedicated to only QoS issues in all parts of the VoIP network be created and the issue of QoS on common trunks be transferred to it.  

               --------------------------------------------------------------------------------

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

Current status as per NTRE012:


This issue was discussed at length with several proposals for alternative interpretations of the existing interconnection arrangements being brought forward.  In spite of all this discussion, the NTWG did not reach a consensus.  There was no recommendation as to how to continue and try resolving this issue. 

TELUS response:

Q17:


Question 17 asked how IX traffic would be delivered.  As TELUS indicated in NTCO230 and reiterated in a number of responses above, the existing interconnection requirements developed by CISC and approved by the CRTC are still valid and must be adhered to.

NTRE020:

Question 17 spurred lengthy discussions regarding interconnection architectures when VoIP elements are adopted into carrier’s networks.  It is TELUS’ position that interconnection architectures that deviate from the current local interconnection framework are policy issues that are out of scope for CISC.  PN2001-126 is an example of this.  TELUS believes the current regulatory regime, operations support systems, billing systems, etc. will continue the need for end office, local tandem and access tandem functionalities thus will probably not require any change in interconnection architectures.

               --------------------------------------------------------------------------------

CONCLUSION

At the last face-to-face meeting there were concerns about the TELUS rationale for recommending closing TIF 4.  TELUS asked for these concerns to be put forward in the form of a contribution so there would be not understanding of the issues.  This did not happened at the last NTWG meeting.  Therefore, this contribution addressed each question in detail in an attempt to deal with the other participants issues.  

In conclusion, TELUS is still of the opinion that all the concerns brought forward in TIF 4 have been adequately addressed.  The consistent message from the NTWG over the past two plus years of debate is that the interconnection between a CS network and a network containing VoIP components is still CCS7 CS.   Therefore, TELUS recommends that this TIF be closed and that any VoIP to VoIP interconnection topics, such as QoS, be discussed in new, dedicated TIFs.     
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