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SIP – Session Initiation Protocol

CSCF – Call State Control Function

PDP – Packet Data Protocol

At the latest joint S2 - N1 meeting in Helsinki, output LS on "Call control between the UE and CSCF  (Call State Control Function – the entity in the network that includes a SIP server) within R00 architecture" (S2-000659) was generated.  It is based on their discussion of call control issues for use between the UE and CSCF of the R00 architecture, where the decision was made:  ‘For MultiMedia type services delivered via the PS Domain within the R00 architecture, a single call control protocol shall be used between the user equipment UE and the CSCF.’ (‘The single protocol applied between the UE and the CSCF (over the Gm reference point) within the R00 architecture will be based on SIP.‘).

MExE terminals would benefit by being SIP compatible.  An API between the application and session management for multimedia applications could do this (Multimedia includes voice over PS domain).

Description of SIP 

A new IN element in the network (the CSCF server - figure 1), it is a registry for IP multimedia services.  It contains a register of available services within the network and corresponding sets of parameters for each.  It is in the IP multimedia (IM) domain and communicates with other multimedia elements, above the IP layer (figure 2).  SIP communicates, on a client server  model, using a structure similar to email headers.

Example SIP operation:

· UE sends a SIP command to the CSCF (SIP has a basic command set, eg invite, ack, bye, cancel, options, regester).

· CSCF looks up which service has been requested and returns a set of predefined PDP context parameters to the UE.

· UE uses the returned PDP context parameters for establishing/controlling a PDP context.

Without SIP and a CSCF, the UE would have to decide which PDP context parameters to use (eg QoS).  With SIP, the PDP context parameters are predefined for a range of services (eg multimedia voice, multimedia video, etc.).  The services are registered on the CSCF.

Advantages of SIP:

· Only a high level description of the service is required (eg multimedia voice)

· New service descriptions can be introduce as the network develops.

· Network parameters for multimedia service can be optimised for the network (eg  realistic QoS parameters stored and updated as the network develops).

· The UE does not need to translate service requests into specific network parameters (allows simple low power terminals).

· UE obtains the PDP context parameters and is still inn control of lower layer the signalling.

Alternatives to SIP:

· Quick rollout of new services if UE can determine the network (PDP) parameters by itself.

· If the network cannot support the request (eg QoS requested) then signalling and control is slower (ie UE must negotiate parameters with the network several times before success).


Figure 1 – SIP network (basic)


Figure 2 – SIP protocol stack (partial)












Figure 3 – example MExE/SIP using QoS negotiation
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