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1 Introduction

At the recent 3GPP WG meetings (i.e. S2 and N1), there have been discussions on how to advance work on 3GPP call control and session management. UMTS core network shall be based on evolved GSM/GPRS core network. This principle applies also to the protocols that will be used in a 3GPP system. 

S2 identified, in the liaison statement to N1 created at its last meeting in Nynäshamn (S2-99150) [1], three alternative approaches for Call Control and Session Management for multimedia services. The excerpt of the relevant statement is as follows; 

The following major alternatives or a combination there-of are identified


a) Enhance GSM Call Control and Session Management by specifying GSM/UMTS specific procedures or using elements from H.323 or other standards.

b) For multimedia services a new CC/SM protocol could be introduced as a peer to GSM/GPRS CC/SM - possibly by reference to other standards (e.g. H.323).

c) For multimedia services a multimedia CC/SM protocol could be run transparently via a PDP-context established using GSM SM which would allow transparent handover and roaming between GSM and UMTS provided that GSM supports the QoS requirements. 

This contribution proposes alternative c) above for UMTS Release 99 CC/SM taking into account the agreed principles and requirements on UMTS CC/SM and considering some typical scenarios based on H.324[2] and H.323[3] calls between IMT-2000 terminals.  

2 Discussion
2.1 Principles and Requirements on UMTS CC/SM

The liaison statement S2-99150 mentioned above listed some principles/requirements on UMTS CC/SM which have also been reflected in Chapter 7 of 23.20[4] as follows;

- GSM/UMTS shall enable the provisioning of multimedia services and with multivendor interworking between UE and network.


- Basic voice and PDP-context establishment shall be based on GSM CC/SM respectively.

- Handover and roaming to and from GSM shall be supported provided GSM is capable of supporting the ongoing media service.


- Ideas, concepts and procedures developed by other fora e.g. other standards bodies such as ITU, IETF etc. shall be included or referenced in the GSM/UMTS CC/SM when found suitable.
 In addition, 3GPP Service Specifications such as 22.00[5] and 22.05[6] specify requirements on UMTS CC/SM to be fulfilled as follows. Note that the following are some examples and do not include all the requirements.
- ability to support all the teleservices mentioned in section 6 of UMTS 22.05 v. 3.3.1 (these include speech, multimedia, facsimile, and others);

- ability to support multiple independent calls simultaneously;

- ability to establish, maintain, modify and release multiparty calls, add party/parties to an existing call, and delete party/parties from an existing call;

- ability to change bearer attributes anytime during the call and not having to specifically indicate the desire to use this capability during the call at call establishment;

- ability to establish and maintain unidirectional bearers - for instance, it may be required to maintain different QoS attributes for uplink and downlink respectively;

- ability to support QoS attributes that are suitable for the transfer of real time multimedia information.

In the following, it is shown that these requirements can be satisfied with the Alternative c) in S2-99150.  This applies not only to the packet mode but also to the circuit mode.

2.2 Examples of Typical Scenarios for Multimedia Control and User Plane
Two typical call scenarios to support multimedia services, H.324 and H.323, respectively, are considered. For an initial consideration, the calls are between the peer multimedia terminals over an IMT-2000 network. As shown  in the following section, the multimedia signalling protocol and data transmission for both call scenarios can be performed end-to-end on the IMT-2000 user plane and is thereby transparent to the IMT-2000 Core Network. The IMT-2000 operators still control the multimedia service towards the end-user by providing the service via a service node (gateway, gatekeeper or application server) inside its own domain. Some other call scenarios e.g. IMT-2000 to ISDN/PSTN and/or IMT-2000 to the IP network can be further elaborated to back-up that the third alternative approach for the CC/SM protocol to support multimedia calls.

2.2.1 H.324M to H.324M Call

The H.324M IMT-2000 terminal initiates the call set-up procedure by sending a 04.08[7] SET-UP message to the originating MSC/VLR.     

After the received 04.08 SETUP message, the originating MSC/VLR sends an ISUP Initial Address Message (IAM) to the terminating MSC/VLR. The terminating MSC/VLR performs a 04.08 SETUP procedure towards the H.324M UMTS terminal. The communication link is now established between the two H.324M endpoints.

The logical channels can now be established using the H.245 open logical channel procedure.

No gateway is needed in this case. This case is simple to support and requires little standardization.

The 04.08 Bearer Capability is used to indicate 64 kbits/s bit transparent case described in GSM 07.01 [8] can be used, as well as H.223[9]/H.245[10]. 

The 04.08 LLC is used to indicate H.223/H.245. This makes the called IMT-2000 mobile terminal activate its H.324M application when receiving the SETUP (LLC:H.223/H.245).
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Figure 1: UMTS H.324M – UMTS H.324M call example

2.2.2 IMT-2000 H.323 to H.323 call
Figure 2 shows a Multimedia Call between two H.323 terminals within an IMT-2000 operator domain. Terminal A and B have performed Gatekeeper Identification and Gatekeeper Registration using a Best Effort (BE) Radio Access Bearer (RAB). Thereafter, the terminal A sets up a Real Time (RT) Radio Access Bearer (RAB) to decrease the time for the H.323 control signalling. This need of a Real Time Radio Access Bearer can be indicated from the terminal application to the mobile terminal through the Application Programming Interface (API). The terminal A performs PDP Context activation (see figure 2) to set up the Real Time Radio Access Bearer. From now on, the established Real Time Radio Access Bearer can be used for H.225.0 RAS control signalling and Q.931 control signalling. After the Real Time Radio Access Bearer is established, the H.323 terminal A performs an Admission Request (ARQ) towards the Gatekeeper. If the terminal A is admitted the Gatekeeper answers with AdmissionConfirm (ACF) otherwise AdmissionReject (ARJ). Terminal A initiates the H.323 connection by sending a Q.931 Setup message to the Gatekeeper when the ACF has been received. The Gatekeeper answers with a Q.931 Call Proceeding to terminal A and sends a Q.931 Setup message to terminal B on a Best Effort (BE) Radio Access Bearer (RAB). Terminal B performs PDP Context Activation to SGSN and GGSN to set up a Real Time Radio Access Bearer and performs an Admission Request towards the Gatekeeper on this Real Time Radio Access Bearer. After this terminal B answers the received Q.931 Setup message with a Q.931 Alert and Connect message to the Gatekeeper on receipt of the Admission ConFirm (ACF) message. The Gatekeeper forwards these two messages to the terminal A. The Real Time Protocol (RTP) is now established between the terminal A and B for transmission of audio, video or data streams (see figure 2). The Gatekeeper relays the data streams but  is not always completely transparent. The Gatekeeper can perform interworking functions e.g. Network Address Translation (NAT) etc between different networks. The voice transcoding is performed end-to-end in the H.323 terminal. 
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Figure 2: IMT-2000 H.323 – H.323 call example
3 COnclusion

Based on the principles and requirements listed above, and based on the study of current GSM CC/SM, 04.08, it is evident, that GSM CC/SM forms a solid foundation for UMTS CC/SM for Release 99. UMTS CC/SM for Release 99 can be developed from GSM CC/SM by introducing some well defined enhancements. This approach is beneficial also from the tight schedule point of view, providing a swift method of creating CC/SM that fulfils the requirements.

In conclusion, existing (and future) multimedia protocols can be supported by the UMTS CC/SM as application layer protocols, with no (or in some instances only minor) impact to UMTS CC/SM.
4 PROPOSAL

It is proposed to add text of Paragraph 2.1 "Principles and Requirements on UMTS CC/SM" and Chapter  3 "CONCLUSION" into section 7.4 "UMTS call control" of UMTS 23.20."
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