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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

1
Scope

In the context of support of roaming for voice over IMS, the GSM Association has decided that local breakout in the visited network will be needed (see GSMA PRD IR.65 [6]). This is because local breakout can be regarded as one cornerstone to allow the replication of the charging principles on which CS roaming is based on. However there are several other aspects that need to be considered e.g. the split/bundling of user and control plane, capturing of SDP information needed to generate charging records, to make such principles applicable to voice over IMS roaming.

This study item will therefore investigate solutions for the provision of voice over IMS in roaming scenarios that facilitate the realization of a charging model that replicates the principles of CS model. 

It will be studied whether changes to the core 3GPP specifications are needed and if so which ones. The study will focus on IMS layer and not EPC aspects.

As some of the aspects of the roaming are outside the scope of 3GPP (e.g. decision to anchor media or control plane, interaction with carrier networks, roaming agreements) this study will be performed in close cooperation with the GSM Association which may provide additional requirements and guidance during its development.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
 3GPP TR 21.905: "Vocabulary for 3GPP Specifications".
[2]
 3GPP TS 23.002: "Network Architecture".

[3]
3GPP TS 23.228: "IP Multimedia Subsystem (IMS); Stage 2".

[4]
3GPP TS 23.079: "Support of Optimal Routeing (SOR); Technical Realization"

[5]
3GPP TS 23.066: “Support of Mobile Number Portability (MNP); Technical realization; Stage 2”

[6]
GSMA PRD IR.65: "IMS Roaming and Interworking Guidelines", version 4.0, GSM Association

3
Definitions, symbols and abbreviations

3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply. A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

example: text used to clarify abstract rules by applying them literally.

3.2
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].

<ACRONYM>
<Explanation>

4
Requirements
Editor’s note: requirements in this section are subject to be updated according to input provided by the GSMA.

4.1
Service control requirements

The solution shall:

· Ensure that the service control is performed by the HPLMN (e.g. to cater for the case where the destination address is modified).  The service control is retained by the HPLMN also in the case where the destination network is the same as the VPLMN where the roaming user is.

· Allow to reach a user whose number has been ported to a different PLMN using the same resolution mechanism adopted by the VPLMN for their own users.

NOTE:
The implementation of number portability [5] may be different depending on the country.

It shall be possible, based on roaming agreements, to provide the signalling breakout of the IMS voice call from the VPLMN.

4.2
VPLMN requirements

The solution will be such as to allow the VPLMN to support outgoing voice over IMS calls from inbound roamers:

· towards any kind of destination network, i.e. CS (e.g. GSM, UMTS, ISDN, POTS) or PS (e.g. TISPAN, 3GPP IMS) network

· using any kind of interconnection it might require, i.e. legacy CS (e.g. ISUP, SIP-I) or PS (e.g. IPX, direct connection) interconnection

 The solution will be such as to allow supporting incoming voice over IMS calls to outbound roamers:

· from any kind of originating network, i.e. CS (e.g. GSM, UMTS, ISDN, POTS) or PS (e.g. TISPAN, 3GPP IMS) network

· using service aware interconnection 

4.3
SRVCC requirements

The application of a Single Radio VCC procedure to the roaming UE shall not result in changes in the user charging.

4.4
Media plane considerations

The solution should consider the case where the HPLMN requests the user plane to be anchored in the HPLMN.

4.4.1
Optimal Routing

The solution shall be such as to permit the application of Optimal Media Routing as specified in [2], [3]. This is in line with GSM where the support of optimal routing [4] is optional. 
5
Solutions Alternatives
5.1 V-CSCF

5.1.1 Reference Architecture
Figure 5.1-1 provides an alternative IMS Voice roaming architecture using a V-CSCF functionality that provides the VPLMN call routing.  This functionality required to route the call back through the VPLMN, correlated the call legs, and provide dynamic routing in the VPLMN to any breakout point (IP or PSTN interconnects). 
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Figure 5.1-1: IMS Voice Roaming architecture alternative.

NOTE: 
The V-CSCF can be functionality within existing functional entities (e.g. P-CSCF, IBCF). 

5.1.2 Functional Entities
5.1.2.1 V-CSCF
Editor’s note: It is left open whether the V-CSCF will need to be a new separate functionality in the architecture or whether it can be a functionality specified as part of existing functional entities (e.g. P-CSCF, IBCF). The intention is not to create a new node. 

The V-CSCF includes functionality to: 

-
Provide dynamic selection of breakout function in the VPLMN, by providing HPLMN with V-CSCF function to be used. 

-
Provide CDR generation and correlation. 

-
Provide breakout points to any type of interconnect network (CS/PSTN or IMS). 

-
Provide breakout for both E.164 numbers and SIP URIs.

6
Alternatives Assessment and Conclusions
Annex A:
CS voice Charging and interconnection principle – high level description

A.1
General Business Logic

Figure 1 depicts a generalized CS voice roaming scenario where the calling party (UE_A) is roaming in a visited network (VPLMN_A) and where also the destination (UE_B) is roaming. It should be noted however that the same charging and interconnection principles remain valid also when the destination is not roaming or is a fixed network (PSTN). Considering that for voice over IMS the application server executing the service is in the home network, the closest CS call case is that where a camel interaction between the Visited network where the calling party is and the home network of the calling party exists.
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Figure A.1-1: generic routing of media plane and control plane for a CS voice call

From charging and interconnection principles point of view the scenario depicted in Figure 1 contains of 4 fully independent business transactions:

a) Roaming relation between Home A and Visited A (regulated by the respective roaming contract)

b) Interconnect relation between Visited A and Home B (regulated by interconnect agreements, typically cascaded through one or more carriers)

c) Interconnect relation between Home B and Visited B (regulated by interconnect agreements, typically cascaded through one or more carriers)

d) Roaming relation between Home B and Visited B (regulated by the respective roaming contract)


NOTE:
Home B and Visited B also have a roaming relation (Roaming Contract). However, in this scenario the roaming relation is irrelevant and remains in the background in regard to the applied business transactions.
It is important to respect the commercial independence of all business entities involved in the above scenario. In CS those 3 transactions are independent also from a technical point of view. From a commercial point of view it is virtually impossible to agree obligations in one contractual relation that are predetermined by technical decisions linked to another contractual relationship.

The billing of User A is subject to operator policies and therefore it is not further discussed in this paper.

A.2
Payment flows

Figure X.2-1 shows relevant money flows relevant for interconnection call originated by a user (UE A), whilst roaming in a visited network (VPLM A) calling a subscriber  (UA B) of HPLM B who is roaming in VPLMN B. The Figure X.2-1 illustrates the four business relations described in the previous section.
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Figure A.2-1: cascade billing for interconnect and roaming charging for a CS voice call with both calling party and called party roaming outside their home PLMN.

The three important aspects to keep in mind are:

1. The charging levied by VPLMN A is towards the HPLMN of UE_A is a function of the destination number dialled by UE_A. However, if the HPLMN of UE_A, via CAMEL interaction, modifies to the destination number, the inter-operator charging is based on the actual destination conveyed by the "CAMEL Destination number". 

2. the parties involved in carrying the call, be them IPX carrier, mobile operator or transit network apply the so called "cascade billing" so that each node charges the node from where it receives the traffic and is charged by the node to which the traffic is sent (“termination fee” principle).  This “termination fee” principle is based on actual termination of the media, not based in signalling traffic. There are two distinct sets of termination fees, one set covers the transport of media from VPLMN A to HPLM B, the other for the transport of media from HPLMN B to VPLMN B.

3. Charging must be deterministic.
A.2.1
Deterministic charging

From 1. it can be deduced that the VPLMN_A, for the purpose of charging, does not need to be aware of any further redirection of the call performed by the destination network. Anyway it is not granted whether VPLMN_A will be informed about redirections invoked due to call forwarding or any other service in the course of the further call set-up. In this context it is important to ensure that charging remains deterministic (3.). VPLMN_A (and UE_A) should only be charged according to the Interconnect relation between VPLMN_A and HPLMN_B. In case HPLMN_B decides to redirect the call (e.g. due to roaming, call redirection, answer phone), this should be the sole responsibility of HPLMN_B.

A.2.2
IPX Voice Hubbing

Mobile operators generally only have direct connection to a handful of destination networks, so they rely on the carrier services. For the purpose of packet voice interconnect the GSMA has specified the IPX and IPX Voice Hubbing. IPX Voice Hubbing will be provided by carriers and is necessary to support interconnection with the several hundreds of possible destinations.

The IPX cloud is created by a number of international IPX networks. The IPX specification has defined 3 levels of involvement of the IPX provider in the connection of a voice call:

· Pure Transport (simple IP connectivity, non-service aware)

· Service Hub (here IPX Voice Hubbing).

· Service Transit (special case for direct Interconnection with service awareness, which is less relevant in this context)

In both the Service Transit and Service Hub cases the IPX provider is aware of the type of service being handled, thus enabling the application of cascading responsibilities (e.g. for billing, SLAs, fault clearing, etc.). When both signalling and media planes transverse the same IPX network, such network is commonly referred to as IPX Proxy. 
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