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1. Introduction

This contribution proposes a new architecture alternative that allows the combination of IMS with CS bearers. 

The proposed solution is oriented on the IMS/CBS approach (as defined in S2-043225), i.e. it uses SIP signalling and IMS logic residing in the network to set up a session that will use a circuit-switched bearer to carry the media. 

Basic end to end call flows are provided with an indication of the most relevant differences against  Alternative A.

2. Discussion on existing IMS/CBS solution

Currently in TR 23.899 v.0.3.0, Alternative A already suggests different ways of combining IMS services with CS bearers.

Alternative A – “End To Gateway configuration” (sec. 6.1.3.2, 6.1.3.3) uses SIP signalling and IMS logic residing in the network in order to set up a session on a CS bearer.  From this perspective, it can be considered relevant in the scope of IMS/CSB solutions.

From the call flows provided for Alternative A “End To Gateway”, it results that in an end-to-end call flow each AS/IMS Domain is in charge of the use of CS bearer within its domain. 
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Figure 1 Example of a complete call path for the Alternative A / End To Gateway Configuration.

A number of issues are associated with such alternative.

VoIP and Multiple ASs involved in the chain

· a “VoIP segment” is always needed in order to complete a CS call from UE1 to UE2. While IP Conversational QoS availability may not be an issue within a single PLMN, this could represent a more stringent requirement for the inter-Operator PLMN traffic case.
· a double gateway traversal and multiple transcoding is required on the CS plane if a TDM or ATM transport is the operator choice

· two different A. Servers always need to be in the SIP signalling path to complete a CBS call even between UEs of the same PLMN, implying longer set up delays and complexity.

SDP manipulation

· AS (CBCF) needs to replace CSB offer with a VoIP SDP, or viceversa; SDP “replacement” is not aligned with the 3GPP principles for end-to-end codec negotiation where CSCFs are not allowed to tamper with the SDP message bodies, according to IETF-3GPP harmonization for SIP compliancy. Moreover as agreed by 3GPP (SP-020842, “Response to IETF Concerns on SIP and IMS Interoperability”) “The SIP compliant way to perform any such SDP modifications requires a B2BUA.  B2BUAs cause some of the side effects identified by IETF and also are less performance efficient than pure SIP proxies and can break Signaling Transparency. ”  

AS (CBCF) awareness of CS events

· From the text captured in the TR so far, it is not clear to what extent the CBCF is “aware” of events pertaining to CS bearers; CBCF awareness of “CS events” may be a key feature to handle the interaction of IMS/CSB logic with some CS Supplementary Services, in case CS and IMS logic are not aligned. E.g. in case a Call Forward on Busy is operated at UE2’s VMSC, it should be possible to signal this event back to the AS (CBCF) in order for it to redirect the SIP INVITE and complete the IMS session toward the CS-redirected endpoint).

On the other hand, Alternative A – “End To End configuration” (sec. 6.1.3.4) allows to set up a session on an End to End CS bearer, but does not include any IMS network residing logic to trigger this. From this perspective, it cannot be considered relevant in the scope of IMS/CBS solutions, since the Operator will never be able to operate a control on whether to insert a CS bearer in the call.

The following architecture allows the capability to associate an end to end CS bearer to an IMS session (like in Alternative A – “End To End configuration”), whilst mantaining a network based IMS control (like in Alternative A – “End To Gateway configuration”). From this last perspective, it can be considered relevant in the scope of IMS/CBS solutions.

3. Proposal of an alternative IMS/CBS solution

3.1 Architecture principles

The proposed architecture combines IMS sessions with an end to end CS bearer, instead of a PS bearer, to support a voice media.

The basic principle is the capability of the IMS AS in the HPLMN of the originating UE, to perform a 3rd Party Call Control towards both session end points over the CS bearer. 

3rd PCC can be invoked by an IMS AS via OSA API or via SIP signalling. An Interworking Function (IWF) in the network is used to map the 3rd PCC into two CS Call Setup (network to client direction). Based on the actual mechanism used for 3rd PCC (OSA API vs SIP signalling), the IWF may be an OSA SCS / MSC or a MGCF. In Figure 2, a generic IWF function is used to show how the 3rd PCC is performed, regardless of the actual mechanism used. 

The IMS AS in the terminating HPLMN is not involved in the 3rd PCC, but it can still be invoked in order to check the SIP signalling for policy and charging purposes. 
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Figure 2  Architecture configuration overview 
The basic steps necessary to perform an IMS session setup requiring a Circuit Bearer are described hereafter. 

· Negotiation is based on the capability to indicate Circuit Bearers within a Media Component of a Session Description: this indication includes an E.164 address (possibly in the ‘c=’ line). 

· The Originating client that is capable of supporting IMS/CSB for voice services specifies in the SDP its E.164, as indicated above. The Originating client SIP signalling will be routed via a PSI introduced in the Request-URI towards the HPLMN IMS/CSB AS.

· The IMS/CSB AS residing in UE1 HPLMN routes SIP signalling to UE2 HPLMN S-CSCF. 3rd PCC will be performed by the IMS/CSB AS, on receipt of the SIP answer from the UE2 client. IMS/CSB can decide from the UE1 and UE2 SDP whether a CS bearer is needed or not. 

· if a CS bearer is needed, the IMS/CSB AS performs a 3rd Party Call Control towards the two CS endpoints of the IMS session (UE1 and UE2). E.164 number for UE1 is derived by SDP ‘c=’ line; UE2 E.164 can be derived: by the tel:URI included in SIP Signalling itself, if any; or by IMS/CSB AS interrogations to DNS/ENUM database; or by the SDP ‘c=’ line introduced in the 183 Session Progress by the UE2. 

· an Interworking Function in the network will map the IMS/CSB AS 3rd PCC into two CS Call Setup (network to client direction), which will be through-connected at the MGW. The IWF may be an OSA SCS/MSC or a MGCF/MGW. The IWF will setup the CS legs with a “no alerting” indication which could be used in order to perform the correlation between the CS call and IMS session in the terminal.The “no alerting” indication is currently specified for the GSM/UMTS networks; however it’s an optional feature.
· In the following, we assume that the IWF is a MGCF and that the signaling between IMS/CSB and the IWF is SIP. 

· Traditional ISUP CS signalling is used as bearer control protocol to establish a CS call towards each session end point.
Note that:

· only one IMS/CSB AS need to be involved in the SIP signalling path to invoke a CS connection. Also a mechanism to ensure that terminating PLMNs’ AS do not invoke itself a 3rd PCC is to be defined (e.g. on the base of Request-URI value of the SIP INVITE and the CSB indication in the SDP). 

· Note that no AS needs to be invoked in UE2 HPLMN for specific IMS/CSB purposes.The terminating PLMNs’ AS can still be invoked for other ISC interactions (e.g. policy,…). E.g. the terminating IMS PLMN will still have to be able to police IMS session initiations and modifications, in case it does not accept the CSB SDP.

· Differently from Alternative A, SDP is not tampered with by any CSCF or AS.

· In line with RFC 3725 “Best Current Practices for Third Party Call Control (3pcc) in the Session Initiation Protocol (SIP)”, the IMS/CSB AS originates two sessions and acts as a central point for signalling, having complete control over the SIP session and over the CS bearer legs.  The IMS/CSB AS is intended to be always “aware” of the service provided, i.e. the AS can handle IWF reports on the events which are occurring on the CS domain. 

· The solution does not require modification to the CS domain nor to the CSCF/MGCF.
3.2 Example Call flows

This section presents two example call flows based on the above mechanism. For simplicity, not all IMS and CS domain nodes are shown. Signalling flows relevant to the trigger of CS bearer are coloured differently from traditional IMS Signalling.

All the call flows are referred to a general inter-operator case; however only interactions with IMS/CSB AS are shown.

3.2.1 Voice-only IMS session set up

In Figure 3, UE1 sends an INVITE message specifying only the media audio in the SDP, and indicating the capability to handle Circuit Bearers. The S-CSCF in HPLMN recognizes that an IMS/CSB AS for Combining CS bearer is needed. An IWF is triggered by the IMS/CSB AS in order to establish two 24.008/ISUP MT calls towards UE1 and UE2 in 3PCC. 

The overall session control is kept at IMS level. The IMS/CSB AS can be always aware of the events which are occurring on the CS domain thanks to IWF  reports.

An upgrade of the session to eventually add a PS component can be performed using standard IMS signaling, as for normal procedure in TS 23.228.
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Figure 3  Example call flows for voice-only IMS Session Set up

3.2.2 Multimedia (voice + data) IMS  session set up

In Figure 4, UE1 sends an INVITE message specifying audio and another generic media in the SDP. For the media audio the capability to handle Circuit Bearers is indicated. The S-CSCF in HPLMN recognizes that an IMS/CSB AS for Combining CS bearer is needed.

An IWF is triggered by the IMS/CSB AS in order to establish two 24.008/ISUP MT calls towards UE1 and UE2 in 3PCC.

The overall session control is kept at IMS level. The IMS/CSB AS can be always aware of the events which are occurring on the CS domain thanks to IWF reports. 
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Figure 4 Example call flows for a generic IMS Session Set up including voice media

4. Proposal

The above introduced architecture shows an alternative way to combine IMS with CS bearers which: 

· Uses an IMS AS control to decide whether to combine or not a CS bearer with an IMS session

· Allows the setup of a CS bearer end to end without requirements on a specific transport technology (TDM, ATM,IP) in the core network

· Does not require SDP manipulation 

· Allows the IMS AS to be aware of the events which are occurring on the CS domain

· Allows set up of multimedia IMS sessions (including voice), and the set up of voice-only IMS sessions that can be later updated to multimedia IMS sessions.

It is proposed to include Section 3 within the “Architectural Alternative” section of TR as “Alternative C”, under a new subsection 6.2.
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