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Abstract: This contribution asks CT1 on adding the feature of the delivery of original destination URI/number.

1 Introduction

Freephone is one of the major services provided over legacy telephony network, and similar service should also be provided in IMS, as many of the legacy telephony services will be migrated towards VoIP using IMS.

While we investigated the current functionality of IMS, we realized that the following two capabilities are needed in order to support freephone service. These are now clarified as service requirements in TS 22.228 for Release 10, which are:

· delivery of original destination number (i.e. the freephone number, e.g. 800 number) or URI towards the terminating user

· announcement towards the terminating user, prior to connecting session between the two end users

This document would like to focus on the first capability, i.e. delivery of original destination number.
2 Background

In the legacy telephony network, “freephone” numbers are usually allocated to a service profile within the network, rather than to a specific subscription. The “freephone” numbers are translated to a number of a specific subscriber where the requests are to be processed. (see the figure below)
This is to allow the network to dynamically change the behaviour on connecting the request, e.g. the request may or may not be accepted based on time of the request, location; or destined to different recipients (including IVRs) based on geographical reasons; etc. 
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One of the potential problems with such translation mechanism is that the receiver of the call may not be able to recognize the number/URI that the originating user wanted to request to, as one terminating subscriber can (depending on their environment) receive calls destined towards multiple “freephone” numbers.
For example, there may be one call center with a single phone number, but accepts freephone for multiple services, e.g. customer support, inquiry for new products, etc. Therefore, it is useful for the terminating user to be able to know about the original destination number/URI for the incoming session. (see the figure below)
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Extract from TS 22.228 v10.2.0 related to this requirement is shown below:
7.5
Invoking an IP multimedia session

---------------------<snipped>---------------------
7.5.1
Identification of entities

---------------------<snipped>---------------------
It shall be possible for the terminating entity to receive the original destination identity provided by the originating entity, as an optional service.

3 Discussion
As mentioned previously, the original destination number / URI will be translated in the intermediary entity within the network, most likely to be an AS in case of IMS. Therefore, in order to deliver the original destination number / URI towards the terminating UE, we have to consider (1) how to deliver within the network, and (2) how to deliver across Gm reference point on the terminating side.

For (1) how to delivery within the network, there is a related work in IETF (draft-barnes-sipcore-rfc4244bis-03), where the use of “History-Info” header is being extended, and will include the use case for delivering the original destination URI towards the terminating terminal by using “mp” tag which will be inserted within History-Info header.
An extract from the draft dealing with freephone service, or Toll Free Number, is shown below, which basically describes the use case of how “mp” tag should be inserted and be understood as an application specific procedure.
Appendix B.  Detailed call flows

   The scenarios in this section provide sample use cases for the

   History-Info header for informational purposes only.  They are not

   intended to be normative.

--------------------------------------- <snipped> ------------------------------------------
B.11.  Toll Free Number

   Toll free numbers, also known as 800 or 8xx numbers in the United

   States, are telephone numbers that are free for users to call.

--------------------------------------- <snipped> ------------------------------------------
   To find the service number, the UAS can look at the hi-entry prior to

   the first hi-entry with "mp" tag.  Technically call can be forwarded

   to these "special" numbers from non "special" numbers, but with the

   way these services authorize trasnlation, it is not common.

         Alice      Toll Free Service   Atlanta.com          John

          |                |              |                   |

          |    INVITE F1   |              |                   |

          |--------------->|   INVITE F2  |                   |

          |                |------------->|                   |

          |                |              |  INVITE F3        |

          |                |              |------------------>|

                       * Rest of flow not shown *

   F1: INVITE 192.0.2.1 -> proxy.example.com

   INVITE sip:+18005551002@example.com;user=phone  SIP/2.0

   Via: SIP/2.0/TCP 192.0.2.1:5060;branch=z9hG4bK-74bf9

   From: Alice <sip:+15551001@example.com;user=phone>;tag=9fxced76sl

   To: sip:+18005551002@example.com;user=phone

   Call-ID: c3x842276298220188511

   CSeq: 1 INVITE

   Max-Forwards: 70

   Supported: histinfo

   History-Info: <sip:+18005551002@example.com;user=phone >;index=1

   Contact: <sip:alice@192.0.2.1>

   Content-Type: application/sdp

   Content-Length: <appropriate value>

   [SDP Not Shown]

   F2: INVITE proxy.example.com -> atlanta.com

   INVITE sip:+15555551002@atlanta.com SIP/2.0

   Via: SIP/2.0/TCP 192.0.2.4:5060;branch=z9hG4bK-ik80k7g-1

   Via: SIP/2.0/TCP 192.0.2.1:5060;branch=z9hG4bK-74bf9

   From: Alice <sip:+15551001@example.com;user=phone>;tag=9fxced76sl

   To: sip:+18005551002@example.com;user=phone

   Call-ID: c3x842276298220188511

   CSeq: 1 INVITE

   Max-Forwards: 70

   Supported: histinfo

   History-Info: <sip:+18005551002@example.com;user=phone >;index=1,

                 <sip:+15555551002@atlanta.com>;index=1.1;mp=1
   Contact: <sip:alice@192.0.2.1>

   Content-Type: application/sdp

   Content-Length: <appropriate value>

   [SDP Not Shown]

   F3: INVITE atlanta.com -> Joe

   INVITE sip:joe@192.168.1.2 SIP/2.0

   Via: SIP/2.0/TCP 192.168.1.1:5060;branch=z9hG4bK-pxk7g-3

   Via: SIP/2.0/TCP 192.0.2.4:5060;branch=z9hG4bK-ik80k7g-1

   Via: SIP/2.0/TCP 192.0.2.1:5060;branch=z9hG4bK-74bf9

   From: Alice <sip:+15551001@example.com;user=phone>;tag=9fxced76sl

   To: sip:+18005551002@example.com;user=phone

   Call-ID: c3x842276298220188511

   CSeq: 1 INVITE

   Max-Forwards: 70

   Supported: histinfo

   History-Info: <sip:+18005551002@example.com;user=phone >;index=1,

                 <sip:+15555551002@atlanta.com>;index=1.1;mp=1,

                 <sip:joe@atlanta.com>;index=1.1.1;mp=1.1,

                 <sip:joe@192.168.1.2>;index=1.1.2;rc

   Contact: <sip:alice@192.0.2.1>

   Content-Type: application/sdp

   Content-Length: <appropriate value>

   [SDP Not Shown]
As this use case of “mp” tag is applicable to IMS in order to indicate the original destination number / URI for services including the case for “freephone” or toll free service, and also other services such as premium rate service, which meet the stage 1 requirement, we believe that this feature needs to be specified in TS 24.229 as a generic feature for AS, by referencing the draft (draft-barnes-sipcore-rfc4244bis).

Therefore, we would like to ask CT1 to consider the CRs in C1-100813 and C1-100814, where they are intended to specify within TS 24.229 the functionality for delivering the original destination URI/number within the network, which can be applied to any services needing this feature.

For (2) how to deliver across Gm reference point on the terminating side, the above mentioned procedure relies on History-Info header, which is currently NOT assumed to be delivered across Gm reference point due to the structure of the trust domain. 
Therefore, we believe further study is needed on how to deliver the information of the original destination URI/number across Gm reference point on the terminating side.

4 Proposal
It is asked that CT1 consider the issues mentioned in the previous section, and to discuss the related CRs.
