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1. Introduction

Currently R00 architectures (“scenarios”) to support Release 99 circuit-switched terminals in an all-IP network are under discussion. 

In this TDoc we propose an extension of the R00 reference architecture for support of CS terminals in addition to the proposals [2] and [3]. This proposal is described in chapter 2.

To come to an architectural solution, the identification of (independent) key issues had proven (for R99 23.20) to be a good working approach. Therefor we identify several key issues and compare them.

2. Proposed Architectural Option

The current R00 reference architecture bases on GPRS bearer services as defined in R99 for provision  of real-time and multimedia services. This approach enables end to end IP applications of the latest technology more or less independent of the GPRS bearer services. And, on the other hand it gives the network operator the possibility to offer real-time services. The multimedia and real-time services are mainly provided by adding new components to the PS domain (call state control function, multimedia resource function, user mobile server,...).

It is proposed to keep the extensions in the architecture for cs voice  mainly independent from the entities of the current reference architecture for IP based terminals. This should ease the provision of R99 features for CS terminals in the R00 all-IP network and is already suggested by [2]. We propose three new elements in the network architecture, the CS- server, the CS gateway and the G-MSC functionality (composed of MGCF, MGW and SG).

Furthermore,  it should be possible to evolve an R99 network towards an all-IP R00 network. Therefore, we propose not to alter the Iu interface (in contrast to [3]).

Gateways are enabling in the all-IP infrastructure the interworking of IP services with the PSTN/ISDN. To provide services  for CS terminals the reference architecture  should use the same gateways as the functionality is comparable. This is in contrast to [2], where a specific CS-media gateway is required.

Alternatively there is the possibility to Interwork 04.08 to IP signalling(e.g. H.323). This would only require one CS-Gateway/Call Agent, but no CS-Server, no special G-MSC functionality and no ISUP over IP tunnelling. The Figure below discusses the proposal wit separated control for packet and circuit. As will be discussed in the key issue section, both solutions have their merits.

2.1. CS Server

The CS server contains the CS CC and VLR functionality. In this respect it corresponds roughly to the “call server” function in [3] and the “MSC server” in [2]. The interface to the UTRAN is the CS control plane of Iu interface (RANAP). The CS server controls the CS gateway. Furthermore, signalling is performed with the G-MSC functionality.For this signalling interface  towards legacy networks the CS-Server preferably uses ISUP signalling.  The CS Server anchors the signalling plane for the duration of the cs connection.

2.2. CS Gateway

This gateway performs the media conversion from Iu (AAL2) to RTP/IP. If voice transcoding is required (potentially for HO to R99 3G-MSC or GSM) it would be performed by the CS Gateway. Although functionally distinct, the CS Gateway might well be integrated with the SGSN (e.g. for OAM reasons).

The CS-GW anchors the user plane for the duration of the cs connection.

2.3. G-MSC functionality

Fore incoming calls there must be one access point (G-MSC functionality) to the mobile network which decides whether the call should be delivered via the ps domain or via the cs domain. The decision should be based on an HLR interrogation.

For incoming calls from the PSTN/ISDN we introduce an E-G-MSC, which enables ISUP – CAP interworking and other ISUP services for incoming calls from PSTN.

For incoming calls from the Multimedia IP network, the G-MSC functionality resides in the CSCF. Therefor a new signalling interface to the CS server is required for incoming “Multimedia IP network” -> CS terminals calls. and for inter-domain mobile to mobile calls.

We propose to keep the G-MSC functionality separate for Multimedia IP network (on CSCF) and PSTN/ISDN incoming calls (E-G-MSC). 
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3.  Key issues

Different architectural proposals exist for the support of circuit-switched services in an all-IP architecture. The proposals have similarities in several respects, and some differences. We discuss now the issues where the proposals differ.

3.1. User plane for circuit-switched services in core network

a. Voice/”AAL2-type multiplexing layer”/IP [2]

This feature has only been mentioned during the presentation of [2]. Interpretation of it may not be fully correct.

Circuit-switched voice is transported in an “AAL2-like”, connection-oriented multiplex layer.

Voice over IP (via PS domain) and VoAAL2/IP (via CS domain) are distinct, that means the media gateways (denoted as only one element in [2]) are different. In addition, the media gateway control protocol is not standard. 

b. Voice/RTP/UDP/IP/GTP/IP [3]

The user plane for CS services uses the GPRS user plane between SGSN and GGSN to go via the Gi interface. The mobility management is performed via the call server and the GPRS mobility management of the GTP tunnel is not used. In CS-only mode attach is then not done with Packet Mobility management but with circuit mobility management.

c. Voice/RTP/UDP/IP [4]

The user plane uses a standard VoIP protocol stack between the CS Gateway and the E-G-MSC.It is not UMTS specific. No mobility is required for that link as the CS Gateway is anchored. Signalling is independent of this transport plane and can be ISUP as proposed. Alternatively, multimedia call control protocols can be used.

d. Discussion and conclusion

Option a may provide a good transport resource efficiency (details not known) but leads to a closed, UMTS specific solution.

Option b leads to a high overhead by the GPRS protocol stack without using it  as mobility management is performed beyond GPRS anyway.

Option c uses standard protocol stack. It allows market-driven adaptation to future industry-standard solutions. 

We propose to adopt c.

3.2. User plane interworking UTRAN->CN

All three proposal do not impact the UE<->CN user and control plane as defined for R99 CS terminals. Therefor an interworking with the VoIP core network architecture takes place. The proposals differ in the allocation of the interworking function.

a. Gateway in the UTRAN (proposed in [3])

In this proposal a CS-GW is introduced in the UTRAN. Only Iu-ps exists.

b. Gateway in the Core Network (proposed in [4] (and [2]?)

No change in RNC required.

c. Discussion and conclusion

With the Gateway in the UTRAN a change in functional distribution between core network and UTRAN takes place. That means one of the main investments in R99, namely the Iu interface, is fundamentally changed, thus hindering a sensible evolution from R99. We propose that R99 UTRAN can be connected to the all-IP R00 core network and evolve with minimum changes taking into account the short time period between deployment of R99 and R00 .

We propose that at least option b is adopted to enable inter-operation of the R99 UTRAN with all-IP R00 core network.

3.3. Call Control protocol for CS services in all-IP core network

a. Logically separate call control for CS call control (04.08/ISUP) and IP-based call control (CSCF) [2] and [3])

In all proposed architecture CS call control and IP-based call control are completely separated. “MSC-server” communicate via ISUP protocols in the IP core network for calls from /to PSTN and with multimedia protocol for call to ps subscribers via the interface to the CSCF.

b. Combined architecture (CSCF)

In this option 04.08 signaling is interworked to IP-based signaling (e.g. H.323) so that only one IP-type signaling protocol is used in the core network

c. Discussion and conclusion

Combined CC for CS and PS calls has the following advantages

1. Only one common IP-based CC is run in the core network (accounting, OAM, interworking)

2. Due to the interworking to IP-based CC this architecture enables that the operators could run their mobile core network just like an access network.

3. The only entity of the packet domain which requires changes to support cs terminals would be the cs gateway. No additional equipment would be necessary.

Separate CC for CS and PS calls has following advantages

1. It allows to use the well-established ISUP-CAMEL interworking for the existing CAMEL services.

2. It allows an independent development of the two service domains.

3. It enables IP transport within GSM core network, inherently offering all GSM SS and interfaces

4. It assures the provision of a R99 similar set of features for CS terminals in the R00 all-IP network. 

In the all-IP architecture a choice between the two options needs to be made. Both approaches have their merits. We propose that this key issue is left for further study.

4. Conclusion

We propose the following:

1. The architecture proposed in chapter 2 is added to [1] 5.2.3 as third alternative

2. A new chapter 5.2.3.x “Key issues of the architecture to support of R99 CS terminals” is created based on 3 (without the conclusion on every chapter)

3. The conclusions on each key issue is accepted. 
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