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This document contains the final answers to the questions generated at the Joint Experts’ Group (JEG) meeting (Geneva, 29-30 April 1999) from the meeting of ITU-T Study Group 2, Working Party 1/2, which was held in Stockholm on 22-29 September 1999.
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At the last SG2 meeting in Geneva May 1999, it was agreed that contributions were required to provide a first draft of a proposed service description for the FFS (Full Feature Service) prior to this meeting. No such contributions has yet been received by Q.10/2, and we have therefore decided to expand the scope of the study for numbering of VoIP, to the “Naming, Numbering and Addressing for Interworking between E.164 - and IP- address based networks”.

Annexed to this liaison is the WP1/2 Q.1/2s and Q.2/2s final answers to the questions generated at the Joint experts meeting (JEG) in Geneva 29-30 April 1999. The final answers were generated at the WP1/2 meeting in Stockholm 22-29 September 1999. Please note that all the reference to the ETSI Tiphon project is removed from the answers, since no further contributions from ETSI Tiphon members were received.

For your information we have also agreed in principle to reserve a shared country code (CC) for future international non commercial trials with a 3-digit trial identifier (TI) that identifies the specific trial to be performed. The structure of the subsequent digits (SN) is up to the trial applicant to define. Criteria and guidelines for the reservation of such resources are under development by Q.1/2.

Attachment: Answers from WP 1/2, Qs. 1/2 and 2/2 to the questions from the JEG meeting 
(Annex 1 to Part II, COM 2-R 66)

Attachment

(to Annex 7.1)

Answers from WP1/2 Q.1/2 and Q.2/2 to the questions from the JEG meeting 
All the answers given refer to the interworking of calls from circuit switched networks (CSNs) to IP-based networks, unless specified otherwise. 

The answers given below refer to the worst case scenario for all naming/numbering options i.e.:

a)
Utilizing numbers from geographic (national) areas without any identification of VOIP or VOIP providers.

b)
Utilizing numbers from global service series with a flat (unstructured) global subscriber number.

c) Utilizing numbers from the shared Country Code for Networks without any identification of VOIP.

The answers are based on the information provided as of May 1999/Stockholm WP1/2 meeting.

Q.1:
Why is a global code considered necessary for a test? Can the testing be done in a more controlled/limited environment with the same results?

A1:
A request has been received for a global numbering resource to support international roaming and global service provider portability in an environment of IP-based networks. In order to test this, some form of global numbering resource is being requested. The test can be done in a more controlled/limited environment as long as the available numbering resource is defined as a global numbering resource. Note that national resources are available to VOIP, however these do not satisfy their stated needs.

Q.2:
Is carrier selection possible for calls to VOIP numbers? Since the proposed numbering plan is "flat" there is no carrier nor network identification in the number - so how can you select either? 

A2:
Carrier selection takes place nationally, and is always under the control the national administration.

Carrier selection to VOIP numbers is possible irrespective of what numbering resource is utilized for VOIP. Carrier selection, which is a national matter, is performed either through the use of a carrier selection code/prefix located in the start of the dialling sequence as described in the annexed supplement, or as preselection without any changes to the existing dialling procedures. Carrier selection does normally not require any analysing of the dialled E.164 number, and functions equally well on all numbering options.

The degree of control of carrier selection on the part of both the originating caller and the terminating IP telephony user is dependent on the numbering resources allocated to VOIP. Specifically:

•
The use of national geographic numbering resources would ensure that existing carrier selection techniques that are in place nationally would remain in force. That is, calls would be transported by the carrier of choice of the calling party to the IP gateway in the terminating country.

•
In the global resource scenario, calls should be routed to an IP gateway (to query a database) as quickly/early as possible as final destination routing cannot occur until the IP address has been derived from the IP gateway. Calling party carrier selection would only apply up to the IP gateway.

•
The third proposed VOIP numbering scenario is the utilization of Network ICs which are/or will be allocated to the IP Network operators. In this case the calls will be routed directly/or as directly as possible to the Network operator. Other than the carrier selection in the predelivery to the Network operator, which may be controlled by the calling party, the carrier selection post hand-off to the Network operator is totally in the control of the Network operator. 

Q.3:
What is unique about this proposed numbering resource?

A3:
This resource (which is assumed to be a Global numbering resource allocated to VOIP) is unique in the following ways:

•
it has the potential to facilitate global service provider portability for VOIP;

•
it could be allocated to the ITU TSB for the international telecommunications sector to provide VOIP;

•
it could provide a standardized numbering length globally for all participating VOIP users;

•
it has the potential to identify that the call is destined to a VOIP user;

As a consequence of utilizing an E.164 resource the impacts are as follows:

•
it would require major efforts to develop and operate a numbering administration system;

•
to support the ubiquitous global service provider portability, a major real time database system will be required.

Q.4:
Does the nature of the E.164 resource (global code, shared code with two digit network IC, or part of a national numbering scheme) have an impact on the resolution of an E.164 address to an IP address?

A4:
No, in all cases a complete translation is required to convert the E.164 number to an IP address. 

The type of resource allocated will/could impact "where" this translation will occur. Specifically national resources, which do not have "VOIP" identification, will be translated into IP addresses in the terminating country i.e. the called geographic country. Whereas, a call to a global resource will need to be translated as close to its point of origination as practicable as no final destination information is available prior to translation.

Q.6:
With respect to IP to PSTN access - do we need an E.164 Country Code for this (for the IP side)?

A6:
No, existing and future "telephony" terminals will always have E.164 numbers allocated to them by their originating telephony service providers. Therefore they are accessible via these E.164 numbers from the "IP side". However, if CLI presentation services are implemented, an E.164 number would arguably have to be presented to allow return calls to be made.

Q.9:
Does the resolution methodology envisage handling the millions of address permutations that may be possible and if so how?

A9:
The numbering resource administration system required to manage "millions of address permutations" has yet to be developed. A major undertaking is anticipating to put into place such an administrative system, and the organization to manage it (ITU TSB?). Handling the "millions of address permutations relates to the resolution methodology" is a database structuring and dimensioning task, that will be solved by the available experts.

Q.10:
What form of address resolution is envisaged and would the assignment of a global resource as opposed to a national resource make any difference?

A10:
In all cases a complete translation is required to convert the E.164 number directly or indirectly to an IP address to find the necessary and required routing information.

With reference to the different regulatory situations that exist between the countries, the address resolution would have to satisfy the national requirements for the creation of an international resource.

The type of resource allocated will/could impact "where" this translation will occur. Specifically national resources, which do not have "VOIP" identification, will be translated into IP addresses in the terminating country i.e. the called geographic country. Whereas, a call to a global resource will need to be translated as close to its point of origination as practicable as no final destination information is available prior to translation.

Q.14:
Are management and routing criteria for IP traffic being developed to ensure that developing countries are not disadvantaged?

A14:
Management and routing schemes for VOIP have not yet been developed, and is for further study.

Q.19:
Is number portability a special issue for VOIP compared with portability for PSTN numbers?

A19:
Service provider portability on global basis is one of the main features of the VOIP implementation of international roaming service/VOIP as seen by the TIPHON project. Clearly the allocation of a Global resource to be shared by all VOIP users would facilitate global service provider number portability. On the contrary the use of national or Network resources will complicate the provision of global number portability.

Note. Global resources are by definition non geographic, therefore location portability is inherent.

Q.21:
If VOIP expands to include multimedia services will service provider portability be supported?

A21:
Yes, if it is practicable and defined in any future service description.

Q.23:
Would the assignment of an E.164 Country Code for VOIP make it possible to identify the origin and destination of calls to and from VOIP users for the purpose of accounting and traffic measurement?

A23:
The assignment of a global resource which at this time is presumed to be "flat" and therefore contains no obvious identification of subnetwork elements or countries. Any requirement to "identify the origin and destination of calls to and from VOIP" would need to be specified in order to ensure that such requirements can be incorporated in the design of the numbering/addressing plan and its management system.

Note. All the information needed for the mentioned identification, will be located in the database(s) that handle the necessary translations.

Q.24:
What methods are envisaged to guarantee the identification of the VOIP user both as the originating party and the destination party?

A24:
At this time no methods have been developed as no requirements have been specified. However each VOIP subscriber will be identified by a unique E.164 number, which could support this identification.

Q.28:
From a charging and accounting viewpoint what are the implications of a flat numbering structure for VOIP following an E.164 Country Code? Can the destination network identify the origin network in any way?

A28:
See answers to Q.23 and Q.24. A flat numbering scheme by definition contains no "easily recognizable components to allow determination of any network/customer components involved. Fundamentally this demands the analysis of the complete number by a database system to determine any intelligence from the flat number. If there are requirements for analysis beyond those required for network routing, these must be clearly identified.

Q.35:
How can the gateways or interworking points be identified?

A35:
See response to Q.28. It is the originating service provider's responsibility to determine how to route the call to the gateway between the circuit switched network and the IP-based networks. Gateways and interworking points in the CSNs are normally identified by national or international routing addresses/numbers as is done for the Global services that are in use or have been specified so far.

Q.37:
What ability within the IP infrastructure will be in place to enable tracing and other legally necessary capabilities including emergency call handling as found today in the PSTN?

A37:
The means of providing these capabilities is yet to be defined. 

Q.40:
Who should be eligible to receive international numbering resources should it be limited to ITU members and ROAs?

A40:
SG 2 has developed comprehensive guidelines and Recommendations (e.g. E.164 and E.164.1) which govern "who should be eligible to receive international numbering resources". This can and will be revisited if new factors are created by the introduction of interworking between E.164 networks and IP-based networks.

Answers from WP1/2 Q.2/2 to the questions from the JEG meeting 
The questions on routing and interworking identified in the “Report of JEG” (TD GEN-44) were discussed at the SG2 meeting in May, and the following answers given:

Q.7
The report of SG 2 (COM 2-R 42 November 1998) indicates that the relationship between VOIP and the PSTN is not interworking but the draft Recommendation E.ip suggests that it is interworking. Could this apparent conflict be clarified please?

A.7
There may be a misinterpretation of the work of Q.2/2 on interworking between PSTN and IP networks.  E.MM does discuss interworking on a routing technology level, although it does not address any issues of service interworking (any such issues on service interworking would be discussed in Q10/2).

Q.8
With regard to interworking, has consideration been given to past examples of interworking to ascertain/determine solutions to meet the VOIP requirement?

A8
Consideration has been given to past examples of interworking, although these are largely public-private network interworking examples.  E.MM addresses public network interworking using network-to-network interfaces.

Q.11
What are those technical routing measures that eliminate any possibility of bypassing the national operator in all possible scenarios of operation to respond to the demands of national sovereignty?

A11
No recommendations are being made to affect the possibility of by-pass in any way.

Q.12
Is the connectivity between the IP-based network and the PSTN different from a traditional PL (private line) connection into the PSTN? E.g. must the IP-based network pass the same signalling into the PSTN as a voice PL circuit would pass? Do the IP-based lines connect to the same type of ports on the PSTN switch as voice PL into PSTN?

A12
Question is confusing, there can be several interpretations.  As in Q8, the public-private network interfaces are different from the public-public interfaces.  Furthermore, public-private interfaces are currently not addressed in Q.2/2 and in E.MM.

Q.13
What are the network components end to end for the proposed global Country Code/IP capability? For all proposed scenarios and for multiple permutations if appropriate. Could examples be provided of what types of users and providers could be involved e.g. calling party type of service (CPE, PC), ISP, IP backbone provider, PSTN transport provider, PSTN local network provider, called part (PC, CPE,etc.)?

A13
These issues are addresses in Recommendation E.MM and also in a planned new Recommendation E.callrouting, which will identify and recommend options for routing calls when using international routing addresses.
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