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1 Reason for Contribution

The PoC RD defines a number of requirements on the latency for the PoC service, requirements that should be possible fulfill. Since SIP is chosen to be the protocol to use in the control plane, signaling compression should be a mandatory part of the solution, at least in the SIP/IP core. If we remember that GSM/GPRS is one of the possible access methods, it can also be noted that it will be very hard to fulfill these requirements without a very efficient compression of SIP. One suitable mechanism to improve compression efficiency to the needed level of compression is often referred to as dynamic compression. Therefore, in the PoC AD, some level of support for dynamic compression should be described. 

Note that implementation of dynamic compression can be done only supporting RFC3320 (i.e. without referencing RFC 3321). But the definition of ‘dynamic compression’ is given in RFC 3321 and a reference to RFC 3321 would remove the need to describe the concept of ‘dynamic compression’. 

For information: RFC 3321 is a memo that provides information of how certain mechanisms that improves the compression can be implemented.   

This contribution also discusses the PoC performance using no compression, basic compression and dynamic compression.

1.1 Performance of signaling compression in PoC

A simple experiment was conducted to highlight the performance of the signaling compression framework. The signaling flow used is shown in figure 1 and describe a SIP session establishment.
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Figure 1. SIP session establishment.

In this example the industry consortium specification was used to emulate a PoC session set-up and the total amount of data sent over the interface between UE and SIP core was approximately 2500 bytes distributed over 4 SIP messages. 

On a GPRS link using CS-1 and 0% block error rate (8 kbps) this corresponds to a transmission time for the SIP messages of 2.5 seconds. Remember that the PoC RD states that the duration between the times the inviting PoC subscriber initiates the PoC session and when he receives a ”right-to-speak” indication SHOULD typically be less than [2.0] seconds. Hence, if no compression is used on an 8 kbps link, it will be impossible to reach the requirement. 

If basic compression is applied the total amount of data transmitted is in the order of 1200 byte (in average a compression ratio of ~2:1). On a GPRS link using CS-1 and no block error rate (8 kbps) this corresponds to a transmission time for the SIP messages of 1.2 seconds. Remember that in order to find out the real session set-up delay you need to add the terminating side’s set-up time, RAN connection establishment, Core network delays, Service network delays, SIP core processing and terminal related delays. Hence, when only using basic compression it will be hard to meet the requirement. 

If dynamic compression is applied the total amount of data transmitted may be in the order (depends on available memory for storing states, here assumed to be 4k) of 400 bytes (in average a compression ratio of ~6:1). On a GPRS link using CS-1 and no block error rate (8 kbps) this corresponds to a transmission time for the SIP messages of 0.4 seconds. Using dynamic compression the delay requirement can be fulfilled. 

Note that a GSM/GPRS system has four coding schemes CS-1 to CS-4. The channel-coding algorithm allows CS-1 and CS-2 to have the approximately the same coverage as a circuit switched GSM call, while CS-3 and CS-4 is expected to have worse coverage. The coding scheme CS-2 has a maximum throughput of 12 kbps. 
2 Summary of Contribution

The contribution proposes to mandate signaling compression in the SIP/IP core and to add text that state support for dynamic compression. The impact on the latency that no support for: no signaling compression, basic signaling compression and dynamic signaling compression have, is discussed.  

3 Detailed Proposal

2.5 Normative References

	[RFC3221]
	IETF RFC 3221: “Signaling Compression (SigComp) - Extended Operations”, January 2003 URL:http://www.ietf.org/rfc/rfc3221.txt


8.11 Signaling compression

The SIP/IP Core SHALL support signaling compression (SigComp) according to [RFC 3320], [RFC 3485] and [RFC 3486] to reduce the transmission delays. 

The PoC Client and the SIP/IP Core SHOULD compress the SIP signaling according to [RFC 3320], [RFC 3485] and [RFC 3486] to reduce the transmission delays.   

If the PoC Client initiate the signaling compression according to [RFC 3320], [RFC 3485] and [RFC 3486], then the SIP/IP Core SHALL compress the SIP signaling according to [RFC 3320], [RFC 3485] and [RFC 3486].    

It is RECOMMENDED that the PoC Client and the SIP/IP core supports dynamic compression or other SigComp extended operations to improve the compression efficiency and to further reduce transmission delays (for a definition of dynamic compression and a description of other SigComp extended operations see [RFC 3321]).

4 Intellectual Property Rights Considerations

None known.

5 Recommendation

It is recommended that the high-level description in section 3 shall be included in the AD.
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