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1 Introduction

This paper discusses the call control mechanisms and the support of multi-media in UMTS. It suggests a starting point for how the evolved GPRS network can be developed to deliver the traditional circuit switched ‘streaming’ (call) type applications by applying a call control mechanism between the UE and the network.  It suggests that the call control signalling towards the Mobile Terminal is common for all network types.

2 Architecture options for operators

A number of architecture options are available for operators of UMTS from a GSM/GPRS basis with current MSC functionality (GSM 04.08 CC) supporting circuit switched communications and GPRS supporting basic packet communications.  The current division is for separate CS and PS domains, with limited scope to mix the two domains.

Many operators have been progressing the opportunity for the IP networks (wired and wireless) to support both packet based communications (as contemporary GPRS) and also to support real time streaming applications from a single network technology infrastructure. The ongoing QoS work is investigating how the GPRS architecture (IP networks) can be evolved and enhanced to support real time streaming applications.  This also enables operators to support streaming applications over the IP based network, however a control mechanism is needed to enable the real time streaming applications to be controlled.

3. CC protocol functional requirements

The current GSM 04.08 CC call control mechanism is a good starting point for this requirement and could be enhanced further to enable a radio efficient control mechanisms for the support of communications including basic telephony, data and more enhanced multi-media within UMTS.

This strategy enables a number of different architecture options within UMTS allowing operators to use evolved/legacy GSM/GPRS networks, GSM CS only networks etc to deliver UMTS communications.  The mobile terminal should perceive the networks as the same regardless of the network operator’s architecture, this also enables all standard terminals to support the common CC protocol, with the 

Call control signalling towards the Mobile Terminal being common for all network types.

This also enables standard terminals to be supported by different network types to enable roaming between the different network types, mass market terminal production and high user confidence that their services and features will be supported and operate correctly regardless of the supporting network’s architecture topology. Common CC will also ease interworking requirements to external/other networks 

It is recommended that no separation of CS or PS is used regarding CC aspects and the CC component for UMTS is derived to enable terminal operation via a variety of network architectures.

4. Potential architecture (for packet domain support)
This paper suggests a starting point for how the evolved GPRS network can be developed to deliver the traditional circuit switched ‘streaming’ (call) type applications by applying a call control mechanism between the UE and the network.  

(Note this is only an initial view of the architecture and it may need enhancement and further study).
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FIGURE 1 Example of an IP based architecture for Call and Multi-Media Control 

Note CC server name is FFS and also functional location of CC server and associated functionality is also FFS

4.1 Outline Description:

UTRAN

The UTRAN provides the radio access mechanisms for UMTS

SGSN/GGSN

The SGSN/GGSN functionality is an extension of contemporary functionality within 03.60 etc including:

Tunnelling, charging, location management, security aspects (related to the RNC), support for QoS based sessions.  CAMEL linkage is required to enable (IP) based pre-paid services, Roaming (fraud) control and CAMEL control of location based applications.

CC Server /VLR 

Note CC server name ffs and also functional location of CC server and associated functionality also ffs

To enable communications to be controlled, managed, charged in relation to the mobile environment the Call Control signalling will run transparently via the UTRAN and GSN to the CC Server. 

A starting point for the CC/multi-media control signalling would probably be 04.08CC, this can be enhanced to cover the multi-media control aspects.

The CC server functionality may be viewed as similar functionality to the CC aspects of the contemporary GSM VMSC, catering for the management and control of originating communications, the CC Server also holds information of the users ‘CS’ service profile (enabled/subscribed features, conditional call forwarding etc).  This is likely to be IMSI based as per contemporary GSM mechanisms.

For terminating communications the CC Server will be used to interact with the mobile station for the control and management of the local part of the communications, this will also involve the conditional call forwarding control aspects and features such as call hold etc.

The CC Server will also hold CAMEL SSF related information, including: the O_BCSM to reflect communications state to the CSE (MO comms), and an O_BCSM to reflect communications state to the CSE for (conditional forwarded) Mobile terminated communications.

GK/GIN: Gatekeeper/Gateway Interrogating node 
The GK/GIN is used to interrogate the HLR regarding the routing of MT Communications, and can be viewed as similar to the contemporary GMSC 'CC‘ functionality.

The GK/GIN is also used to handle CAMEL SSF related information such as the T_BCSM to reflect the MT call state to the CSE, and also an O_BCSM to reflect communications state to the CSE for (unconditional/not reachable forwarded) Mobile terminated communications.

MGCF

The Media Gateway Control Function provides call control functions, which enable interworking to, for example, the ISDN/PSTN legacy networks.  The ISUP (or equivalent) signalling (from the PSTN/ISDN) will functionally terminate at the MGCF.

Incoming and Outgoing Gateways

The incoming gateway is the bearer gateway where mobile terminated communications will be delivered from the ISDN/PSTN legacy networks, the ISUP (or equivalent) signalling (from the PSTN/ISDN) will functionally terminate at the MGCF.

The Outgoing gateway is the bearer gateway where communications from the IP based network will be delivered to the PSTN/ISDN.  ISUP (or equivalent) signalling will be functionally originated at the MGCF.

HLR

The HLR will support the usual GSM HLR functions.

gsmSCF 

The gsmSCF is the CAMEL server (SCP), and can also be considered to encompass ‘network internal’ IN functionality.  The gsmSCF will provide:

-
CAMEL service control for outbound roamers to legacy GSM networks.

-
Support for Originated (and forwarded) IN/CAMEL processing via the CC Server based SSF/BCSM.

Support for terminated (and forwarded) IN/CAMEL processing via the GK/GIN based SSF/BCSM.

Support for GPRS based Camel features via SGSN interactions.

5.
Example call flows and operation

5.1 Mobile Originated Callflow to GSM/ISDN/PSTN
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FIGURE 2 Example architecture for MO Call to GSM/ISDN/PSTN
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FIGURE 3 Example of a MO call flow to GSM/ISDN/PSTN 

In this example, a mobile originated call to GSM/ISDN/PSTN destination network is considered using call control signalling based on GSM 04.08 CC between the mobile (UE) and the network (CC server).  It is recognised that further study is needed.

The call control messages from the UE are sent transparently via the UTRAN, SGSN, and GGSN to the “CC server” in the network. In the control plane, the CC server/VLR functionality is similar to that of GSM VMSC/VLR. It is assumed that a signalling tunnel (possibly based on the GTP protocol) has been established beforehand, for example at Routing Update time, between the SGSN and the GGSN and also the GGSN and the CC server.  The CC server has an associated VLR function which provides functions similar to that in GSM such as storing subscription information (Camel CSI, etc.).  This information is retrieved from the HLR.   

The mobile sends a Setup message to the network containing the destination called party number, required bearer capability etc.  The Setup message is handled in the CC server.  If the subscription to originating CAMEL is applicable, a dialogue to the CAMEL server is opened.  The number delivered from the CAMEL server is used to make the connection to the called destination network.

The ongoing QoS work in GPRS to support real time streaming capability is assumed to be applicable for establishing the user plane connections The CC server analyses the Setup message bearer capabilities etc. and derives the necessary QoS parameters for setting up the user plane connection.  The user plane connection towards mobile is then established from the GGSN to the SGSN and to the UTRAN. A connection from the GGSN to the outgoing gateway is also established.

5.2 Mobile Terminated Calls from GSM/ISDN/PSTN
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FIGURE 4 Example architecture for MT Call from GSM/ISDN/PSTN
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FIGURE 5 Example architecture for MT Call from GSM when in a Visited PLMN

It should be noted that the architectures and flows within section 5 are only high level and shown for information to illustrate the basic concept of operation.  More detailed work is needed to enable the GSM/GPRS evolution and further support of services and features to be provided.

6. Proposal
It is proposed that:

· The Call Control protocol used in an evolved GPRS network supporting real time services such as voice and multimedia is developed based on the GSM 04.08 CC protocol. 

· A common Call Control protocol for both packet and circuit switched domains of UMTS will ensure compatibility of mobile terminals (UE) operating with both R99 networks and the later phases of UMTS (e.g. Release 2000). Mechanisms should be included within R99 standards to ensure that R99 mobile terminals can operate with later phases of UMTS.
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