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Introduction

Following up on our past liaison statements on “IMS interconnection Routing” sent out on Dec. 19th 2012 and March 3rd 2013 to 3GPP TSG-CT WG3, i3 forum Technical WS would like to inform GSMA RILTE and 3GPP TSG-CT WG1 and WG3 that we have had further discussions on the topic and would like to share the following information about the SIP Route Header issue.

To prevent possible misunderstandings and to put the discussion into a better defined framework, the i3 forum Technical WS understanding and commercial & strategic aspects are also provided
General Framework on routing
Current implementation in all International Carriers’ networks makes use of what is called Destination of a call/session as an input for routing and charging purposes. Destination can always be found on the tel-uri or sip-uri in the Request-URI field of SIP messages. Based on destination, among any other possible criteria, today Carriers can decide how to treat calls/sessions and route them properly, in compliance with contractual technical and commercial constraints and coherently with charging principles, so that flexibility and arbitrage of traffic is guaranteed.

The introduction of Route Header in IMS-based scenarios leads to a major change on routing and charging criteria, as the actual destination of sessions, for transit networks themselves, cannot always be identified analyzing the Request-URI. To give an example for VoLTE Roaming, as a matter of fact it is expected that Topology Hiding has to be applied in all Inter-IMS NNIs, so accordingly it is expected the Route Header to be in any case populated by Visited PLMN with one or more entries to reach Home PLMN. Coherently with reference IETF and 3GPP Recommendations, information within Route Header has priority for routing purposes and must be analyzed, when present, to discover where to route sessions hop-by-hop. 

As a consequence, introduction of Route Header in Carriers capabilities, in most general case, will  cause 

· implementation of new network features, within existing platforms or new ones

· introduction of new logics in BSS and OSS systems, to be able to charge services coherently with service logics 

· modifications in Provisioning, O&M, OSS/BSS processes on service platforms accordingly with new routing criteria

Up to now realization cost have not been evaluated by the carriers’ world, nevertheless important impacts on Capex and Opex are expected, while benefits cannot be easily estimated as the VoLTE shares are not visible.

These considerations bring to the below questions.
A) Multiple SIP Route Header entries
i3F would like to thank 3GPP CT1  and GSMA RILTE for the additional information provided on the rationale why multiple entries could exist in the SIP Route Header and why multiple SIP Route Headers could be inserted in the relevant SIP message, however there are still two issues related to the presence of multiple entries in the SIP Route header:

1) it makes more difficult to determine which header represents the final destination of the call. As a result, this implies an additional (and useless) complexity in the carriers’ networks.

2) it allows operators and/or upstream carriers within the path could force a “specific route” via a specific downstream carrier. As a result, this would jeopardize the routing choice and thus arbitrage opportunities of Carriers.

Consequently, in compliance with the GSMA statements which call for the maintaining for voice service of the existing business model in a IMS/LTE scenario, it is of primary and nonnegotiable relevance for the Carriers’ community to retain the capability of determining the route of the signaling and media paths towards the intended final destination even when multiple entries are present in the route header.
Question 1
How does the current 3GPP IMS specifications allow:

a.  to meet the Carriers’ community requirement of keeping the freedom of routing and arbitrage in determining the path towards the destination (of course, in compliance with the quality objectives agreed with the customer Service Provider)

b. to identify and determine the final destination (terminating Service Providers) of the call? Does the last entry of the SIP route header contain, in any case, the final destination of the call?
B) Split of signaling and user plane
Considering that for enabling full IMS roaming in mobile networks, a carrier is required to carry only signaling (e.g. registration) or media plus signaling (e.g. voice call), it is i3F intention to keep these two  different interconnection “products” separate. Again, in compliance with the existing international service scenario, the two mentioned services  can have potentially different charging, potentially different transit carriers providing the products (for further study), potentially different routing mechanism and so on.

From 3GPP TS 23.228, section M.3.1.3 (see Annex B) can be deduced, above principle is already enforced however i3F would seek reassurance that this is the correct understanding.

Question 2

i3 forum ask confirmation that, once the signaling variant according to 3GPP TS 23.228, section M.3.1.3 is applied (in the normal i.e. non home-routing case), it is met and kept the Carriers’ community requirement to maintain, for all possible types of “communication call”, (e.g voice call, videocall ….), different interconnection “products” as either signaling only traffic, or user plane traffic with associated signaling.
Actions

i3F kindly asks 3GPP WG CT1 and GSMA RILTE , WG CT3 to consider the above questions and provide feedback.
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Annex A: Detailed discussion on i3Forum position with regards to Voice over IMS roaming support

Business Principles

In line with the decision taken in GSMA and 3GPP, i3F endorses the principle to maintain, for the  voice over IMS roaming service, the same business principles as used for the TDM world. 

Figure 1 depicts the money flow for in the most general case of a subscriber roaming outside his/her home PLMN calling a subscriber who is also roaming outside his/her own PLMN. In the diagram, the i3Forum specifies the role and performs the functionality of the Interconnection (for the voice call)  and signaling provider.
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Figure 1: money flow for subscriber A in Visited network VPLMN A calling subscriber B who is roaming in visited network VPLMN B

Consequences on carriers’ networks
IMS has been selected as the technology for delivering voice service in a full IP environment and the Carriers’ Community is preparing to support a variety of services to support the IMS eco-system including, but not limited to:

· Diameter/SIP signaling (e.g. registration, presence updates, messages)

· Voice Carriers’ Interconnection

· VoLTE Roaming

· HD Video Communication
3GPP, in the framework of IMS-based signalling, has standardized the use of the SIP “Route” Header to provide the called destination number (in the SIP IRU format) and the information to route the call. Specifically, multiple SIP URIs can be inserted into SIP Route Headers to provide carriers with the networks to be used in the routing path. 

This leads to two issues for the carrier community:
1) The carrier arbitrage function could be jeopardised i.e. the SIP Route Headers could be changed/hacked/manipulated by transit carriers.

2) Additional investments are required for soft switches, routing systems and billing systems.

Annex B: Excerpt from 3GPP TS 23.228

M.3.1.3
Flow for originating session with VPLMN routing

The information flows for originating session with VPLMN routing for this scenario is illustrated in figure M.3.1.3.
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Figure M.3.1.3: Example scenario with P‑CSCF located in visited network and with VPLMN routing

1.
The roaming UE sends an INVITE request to the P-CSCF.

2.
P-CSCF forwards the INVITE request to the visited IBCF. Based on operator policy, the P-CSCF adds a reference to the preferred Transit and Roaming Function.

3.
This first IBCF in the VPLMN allocates a TrGW for the media and follows standard OMR procedures when forwarding the INVITE request to allow this TrGW to be bypassed if the INVITE request later returns to the VPLMN and no other intermediate nodes anchor the media before the request returns.

4-5.
The intermediate network and the first IBCF in the HPLMN forward the INVITE request to the S-CSCF. Nodes in the intermediate network and the first IBCF in the HPLMN support OMR and allow their TrGWs to be bypassed.

6.
The S-CSCF performs service invocation.

7.
The S-CSCF performs routing decision, and based on local policy and on the facts that the UE is roaming, a roaming agreement for VPLNM call routing is in place, and home routing is not required, the S-CSCF decides to route back to the VPLMN for call routing. A loopback indicator is included in the INVITE request to inform the VPLMN that this request is being routed back to the VPLMN for call routing. The S-CSCF can also forward UE location information to the VPLMN. If a reference to the preferred Transit and Roaming Function is available in the request, the S-CSCF uses this information to route the session back to the VPLMN. If a reference to the preferred Transit and Roaming Function is not available, the S-CSCF uses a default derived address to the Transit and Roaming Function to route the session back to the VPLMN.


If local policy requires access to BGCF routing data to make the loopback decision for a particular SIP request, then the loopback decision can be performed in the BGCF.

8-9.
The IBCF in the HPLMN and the intermediate network forward the SIP request towards the indicated Transit and Roaming Function in the VPLMN. Functions in the intermediate network support OMR and allow their TrGWs (if any) to be bypassed.

10.
The IBCF in the VPLMN receives the SIP request, notes that the SDP includes an alternative media address within the VPLMN that allows bypass of allocated TrGWs, applies OMR to remove any TrGWs allocated between the VPLMN and HPLMN, and forwards the request to the indicated Transit and Roaming Function.

11.
Based on the loopback indicator, the Transit and Roaming Function detects that this is a loopback request. The Transit and Roaming Function routes the request toward the destination network based on available SIP URI, ENUM lookup, or BGCF routing. The Transit and Roaming Function can use information such as originating UE location to select a nearby egress point for media anchoring.

12.
If the called party is determined to be available in IMS, the call is routed towards the remote end through an IBCF. If the called party is determined to be available in CS, the call is broken out to CS through an MGCF. If the called party is determined to be available in VPLMN, the call is routed to the I-CSCF. The called party information is included in the Request URI when forwarding the request to the next hop.


When forwarding to an IBCF, the Transit and Roaming Function ensures by means of signalling that media is anchored in the VPLMN.

NOTE 1:
In case the called user is an IMS user of the VPLMN then the call will be routed directly to the terminating side, (i.e. I-CSCF of the VPLMN) without traversing an MGCF/IBCF.

13.
The MGCF/IBCF performs normal call routing procedures to route towards the remote network/end.

NOTE 2:
The call will be anchored in the VPLMN (outgoing IBCF), and OMR is not provided towards the terminating side.

14.
The session establishment is completed.

NOTE 3:
During subsequent session establishment signalling, OMR information passed back through the IBCFs and intermediate networks between the VPLMN and HPLMN cause them to release any allocated TrGWs.
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