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1. Introduction

There has been lot of discussion in RAN WG3 what kind of delay requirements should be applied for IMS signaling e.g. SIP. The SIP signaling can carry various types of payloads even part of the “call control” messages. Other examples of such could be e.g. Messaging and Presence information. This leads to a situation where the SIP message size and delay could vary a lot. This document tries to highlight issues that should be taken account when defining the delay requirement for IMS signaling like SIP, which can be used also for other than pure call control purposes.    

2. Discussions

2.1 Usage of SIP as call control protocol in IMS     

The discussion in RAN3 has been concentrated on the situation where SIP is used to carry call control messages between UE and IMS, and whether the Interactive traffic class RAB as specified by SA2 for carrying SIP messages is enough to assure the adequate delay for this messages. Two basic situations to evaluate the required delay for IMS call control via SIP can be identified:      

1) RAB exists for SIP messages 

The Interactive class RAB to carry SIP messages exist between UE and IMS. 

2) No RAB exists for SIP messages 

No RAB to carry SIP messages exists i.e. a RAB needs to be established before first SIP message can be passed to UE/IMS and causes some additional delay compared to “normal” call control via RRC/NAS connection.

To ensure the same kind of service quality (e.g. when voice service is used) for end user using services via PS/IMS or CS domain the requirements (e.g. delay) for call control signalling should be equivalent in both domains. 

2.2 SIP message sizes in IMS 

The basic assumption is that only one SIP connection is used between UE and IMS. The same SIP methods can carry payloads to make applications and user experience richer – this is the basic functionality of SIP. The SIP method sizes for SIP/SDP is assumed to be some hundreds of bytes, but for carried payload in the SIP messages could be several (tens of) kilobytes. Therefore if the throughput time in UTRAN needs to be achieved for all possible SIP messages the needed transport capacity increases dramatically. 

2.3 Delay requirements for SIP signalling  
In TS24.229 the re-transmission timer (T1 and Timer A) for SIP/SDP between UE and P-CSCF is defined as 2 seconds. Even if this is applicable only when UDP is used, this value could be seen as a working assumption for allowed roundtrip time between UE and P-CSCF. As presented in previous chapter the SIP message size can vary a lot. If the delay requirement has to be met for all SIP messages regardless of the message size it leads to situation where the (guaranteed?) bit rate for the reserved RAB will be quite high.

However, as other SIP methods than SIP/SDP allow longer delay, it would be a waste of capacity to make the resource reservation for the RAB based on the largest message size that can be used by some SIP method with SIP/SDP delay requirement. On the other hand SIP/SDP method allows inclusion of additional payload to INVITE message, which can again increase the message size significantly.   
3. conclusion

Based on the arguments presented in this document it is proposed to verify and agree the required delay for SIP/SDP and other SIP methods before defining the solution, which will have a big influence, not only to current IMS based services, but also future IMS based services and signalling methods.
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