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1 Introduction

At the last IP adhoc meeting, Alcatel presented an R00 All-IP Core network capable of supporting R99 CS voice terminals. This contribution explains in more detail the proposed network architecture and lists its advantages. Additionally, some call flows are presented.

2 All-IP Core network architecture option for R00

Proposed all-IP core network architecture for R00

The following figure depicts the proposed architecture for the all-IP core network option for R00. 
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Figure 1 : Proposed network architecture

Differences with current Reference architecture

The differences between the proposed network architecture and the Reference architecture are :

- inclusion of CS-GW (Circuit Switched Gateway) and Call Server in order to support R99 CS voice terminals

- explict drawing of SCP

- explicit drawing of interface E-SGSN and SCP

- explicit drawing of logical signalling interfaces


- between MT and CSCF (Gm-interface is drawn between E-GGSN and CSCF in the current reference architecture of the TR)
- between E-SGSN and Call Server

- renaming of  A-SGW into T-SGW (transport SGW)

General description of the proposed network architecture

The E-SGSN and E-GSSN network nodes will transport, on one or more user specific GTP-tunnels, voice, data and multimedia on IP , thereby achieving true integration of voice and data.  

The UTRAN  is connected to the IP/UMTS core network via an IP-based Iu interface  to the E-SGSN. ; The RNC puts IP-packets from the Core network to the mobile subscriber on a UMTS radio bearer. For packets in the other direction, the RNC removes the UMTS radio bearer  ; however, for R99 CS voice terminals the network instructs the RNC to transform these VoIP packets into UMTS voice radio frames. This transformation is done by means of a CS-GW function in the RNC.

In order to interwork with circuit-switched calls to/from the PSTN, a Gateway is put at the edge of the core network. This Gateway consists of a Media Gateway (MGW) and a Transport-Signalling Gateway (T-SGW). The T-SGW puts call related signalling to/from the PSTN (ISUP) on an IP bearer, and sends it to the Media Gateway Control Function (MGCF). The Media Gateway transforms the circuit-switched voice-stream into a packet-based (IP) voice stream ; it also transcodes  the PSTN PCM voice packets according to an UMTS specific coding mechanism. The Media Gateway is controlled by the Media Gateway Control Function (MGCF) by means of the Media Gateway Control Protocol (MGCP).

This core network supports - besides IP based terminals - also R99 CS voice terminals.

Call Control signalling messages originated by a R99 CS voice terminals are sent, on a signalling tunnel,  - which could e.g. go via the E-SGSN and E-GGSN - to a Call Server.

The Call Server is responsible for the control of calls originated by or terminated to a R99 CS voice terminal ;  for mobile terminating calls it includes a HLR interrogation procedure. 

The Call Server also contains a VLR to hold the mobile subscriber's service data and CAMEL related data ; it handles Mobility Management signalling messages sent by the R99 CS voice terminal ; these messages are sent via the E-SGSN to the Call  Server on a signalling tunnel.

The Call Server also has a well-known MAP interface to the HLR and a CAP-interface to the SCP, which are located in the Home Network .

The Call Server interacts with the MGCF for calls to/from the PSTN, and with the Call State Control Function (CSCF), which is responsible for controlling calls from/to H.323 or SIP based mobile terminals.

The VLR of the Call Server can be accessed by the CSCF . When a H.323/SIP mobile subscriber registers at the CSCF, the CSCF asks the HLR to download the subscriber's service data (such as call barring, ODB, ...) to this VLR. 

This way the call related services of the mobile subscriber are provisioned irrespective of the protocol the mobile subscriber is using to set up the calls (e.g. H323/SIP or 04.08+ CC , which is the enhanced GSM 04.08 CC protocol. The enhancements, which are ffs, may e.g. cover multi-media aspects).
In order to provide interworking between calls to/form the PSTN and calls to/form IP-based terminals (mobile or fixed), the CSCF, the Call Server and the MGCF interact with each other.

3 Advantages of the proposed core network architecture

Our proposed  IP/UMTS network architecture is has following advantages :

· It re-uses the GPRS-backbone

· it re-uses the functionalities provided by the E-SGSN and E-GGSN, such as charging of PDP-contexts, legal interception, SRNS relocation (streamlining) , change of E-SGSN, ...  Similar as to the CSCF, the SRNS relocation mechanism is fully transparent to the Call Server, as both network nodes are placed before the anchor point.  No additional development effort is needed for these functionalities since genuine PS domain mechanisms are used, and these mechanisms are needed anyhow to support the PS part of R99 terminals

· It support R99 CS voice terminals, R99 PS terminals and R00 IP-based terminals.

· It provides a clear split between transport layers and control layers, giving the operator flexibility for the introduction of new network functionalities and enhanced services.

· For R99 CS voice terminals, GSM supplementary services are supported through the use of the Call Server, which also supports CAMEL-based services

· For IP based  terminals, the same set of services can be provided through the CSCF, which has access to the subscriber's 'CS profile' service data (such as call barring, call forwarding, ..).

· It supports the use of UMTS specific bearers for voice on the radio interface (i.e. the UMTS AMR voice radio bearer) by means of a Media Gateway-functionality in the RNC (called CS-GW) thereby optimising the use of the UMTS radio resources. This CS-GW function is needed for R99 CS voice terminals

· Handover with a 2G GSM network or a R99 CS UMTS network is done via a MGW/T-SGW towards these other networks.

4 Example call flows for a R99 CS voice terminal

PS/CS attach of a combined R99 CS and PS terminal
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Figure 2 : Attach of a combined R99 CS/PS terminal

· the mobile station sends a Attach message indicating combined CS/PS attach (RA/LA update) to the E-SGSN.

· The E-SGSN processes the Attach Request message and sends an Update Location Message with the E-SGSN address to the HLR . The HLR downloads the PS subscription data to the E-SGSN. These subscription data contain SMS-related parameters and PDP context subscription data. The HLR is updated with the address of the E-SGSN. 

· After this, the E-SGSN sends an Update Location message to the Call Server. The Call Server is selected by the E-SGSN. 

· The Update Location messages are sent on a signalling link to the Call Server. This signalling link could e.g. be the Gs interface or a GTP-tunnel to the E-GGSN to the Call Server. If the signalling is sent on a GTP-tunnel, the GTP-tunnel is now set-up by means of a PDP context activation by the E-SGSN ; the Call Server stores the IP-address related to this GTP-tunnel (IP address of the signalling link for this mobile).

· At receipt of the Location Update message, the Call Server starts the well-known Location Update procedure towards the HLR. The subscriber data downloaded from the HLR to the Call Server relate to the subscriber 'CS' profile : ODB data, supplementary service data as call barring, call forwarding, CAMEL service data, ... The HLR is updated with the address of the Call Server.

· Acknowledgement signalling messages are sent from the Call Server via the signalling link to the E-SGSN to the mobile station.

The Call Server does not change while the mobile station is attached to the network. When a GTP-tunnel is used as signalling link, no more 'Update Location' procedures from E-SGSN to Call Server need to be done when the mobile subscriber is moving around. All mobility is handled by the E-SGSN and E-GGSN; the Call Server only needs to know the IP-address of the signalling link for the mobile.

Mobile Originated Call from a R99 CS voice terminal to PSTN/ISDN
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Figure 3 : Mobile originated Call from a R99 CS voice terminal to PSTN/ISDN

· the mobile station sends CS domain call control messages to the E-SGSN.

· the E-SGSN sends these call control messages via the signalling link to the Call Server. This signalling link can e.g. be the Gs' interface or a GTP-tunnel. If a GTP-tunnel is used for the signalling link and no such link exists yet, the GTP-tunnel is now set up by the E-SGSN (PDP context activation).

· the Call Server executes the normal call control procedures for mobile originated call set-up : check on authorised services, start of CAMEL-dialogue to SCP, analysis of dialed number, etc ...

· the Call Server instructs the E-SGSN - by means of a "channel assignment" message - to set up a radio bearer with the desired QoS for the transfer of voice and to set up a PDP-context for the transport of Voice over IP packets.

· the E-SGSN returns the IP-address associated with the PDP context for voice to the Call Server. 

· the Call Server instructs the MGC to set up a connection between one of its MGWs and the CS-GW in the RNC. The MG towards the PSTN gets the IP-address of the mobile subscriber, and the CS-GW in the RNC gets the IP-address of the MG towards the PSTN.

· the MGC sends an ISUP IAM message to the T-SGW in order to set up the call towards the PSTN destination.

· Finally, the user plane connection is established.

· when the call is released, the Call Server instructs the E-SGSN to release the radio channel and the PDP context which was used for the transfer of Voice over IP packets.

Mobile Terminated Call from PSTN/ISDN/GSM to a R99 CS voice terminal
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Figure 4: Mobile Terminated Call from PSTN/ISDN/GSM to a R99 CS voice terminal

· the T-SGW connected to the PSTN sends the signalling messages (ISUP) it receives from the PSTN/ISDN/GSM to the MGC. The MGC forwards the signalling messages to the (gateway) Call Server

· the Gateway Call Server starts a CAMEL dialogue and interrogates the HLR to find out the location of the called mobile subscriber. The location of the subscriber is either a CSCF address and/or a Call Server address. We assume here that the subscriber is R99 CS voice capable, so the HLR will have an entry for the Call Server address. The HLR request a roaming number to this Call Server and returns it to the Gateway Call Server.

· the Gateway Call Server forwards the ISUP messages to the Visited Call Server ; routing is done by means of the roaming number.

· the Visited serving Call Server executes the normal call control procedures for mobile terminated  call set-up : check on authorised services, paging of the mobile subscriber,...The Paging message to the mobile subscriber is sent to the E-SGSN via the signalling link.

· when the E-SGSN receives the Paging Response message, the E-SGSN forwards this message to the Visited Call Server via the signalling link. This signalling link is e.g. the Gs' interface or a GTP-tunnel. If a GTP-tunnel is used and no such signalling link exists, the GTP-tunnel is now set-up by the E-SGSN.

· the Visited Call Server instructs the E-SGSN - by means of a "channel assignment" message - to set up a radio bearer with the desired QoS for the transfer of voice and to set up a PDP-context for the transport of Voice over IP packets.

· the Call Server instructs the MGC to set up a connection between one of its MGWs and the CS-GW in the RNC. The MGW towards the PSTN gets the IP-address of the mobile subscriber, and the CS-GW in the RNC gets the IP-address of the MGW towards the PSTN.

· Finally, the userplane connection is established.

· when the call is released, the Call Server instructs the E-SGSN to release the radio channel and the PDP context which was used for the transfer of Voice over IP packets.

5 Proposal

It is proposed that the changes to the Reference network architecture proposed in this contribution are incorporated in section 5 ('Architecture for an all IP PLMN") of TR 23.xyz.
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