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1 Introduction

The OMA PoC WG has sent a Liaison Statement to SA2 in which the OMA PoC WG requests 3GPP SA WG2 to investigate the need to give more detailed guidelines addressing the implementation of SIP compression for PoC in order to meet the user requirements for PoC. 

This contribution proposes text that addresses the issues stated in the OMA PoC Liaison. 

2 Discussion
This contribution recognize that SIP signalling transfer transfer delay is dependent on:

· Size of the messages sent over the radio link ( Signaling compression (SigComp) performance

· Available bandwidth over the radio link

Therefore, a new Annex (Annex C) called “SigComp performance requirements" is proposed that discusses required compression ratios to achieve the allowed delay budget.  

3 Proposal

It is proposed to add new references and a new annex C to the draft TR 23.899
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Annex C (Informative): Required SigComp performance

C.1 Introduction
It is recognized that the SIP signalling transfer delay is dependent on:

· Size of the messages sent over the radio link, which is dependent on the performance of the signaling compression algorithm (SigComp, RFC 3320 [14]).

· Available bandwidth over the radio link for signaling, which is dependent on the maximum bit rate attribute settings for the PDP Context used for the PoC control plane traffic. 

This annex contains the analysis of required SigComp performance in order to meet the delay budget for SIP signalling transfer delay presented in Annex B.

C.2 Assumptions

The following assumptions have been used:

· The on demand session using automatic answer is used and the inviting PoC User is given an early “right-to-speak” indication as described in Section 5.3.2.2 and Section B.2.  

· A typical SIP INVITE message in an OMA PoC implementation will have approximately the same size as the SIP INVITE message described as message 1 in Section 7.2.2.1 in 3GPP TS 24.228 [15]. The size of the referred SIP INVITE is 1375 bytes not including UDP (or TCP) and IP overhead, therefore for OMA PoC it is assumed that a SIP INVITE message will be in the order of 1400 bytes including UDP (or TCP) and IP overhead

· A typical SIP 200 OK message in an OMA PoC implementation will have approximately the same size as the SIP 200 OK message described as message 18 in Section 7.2.2.1 in 3GPP TS 24.228 [15]. Therefore for OMA PoC it is assumed that a SIP 200 OK message will be in the order of 800 bytes including UDP (or TCP) and IP overhead

· A SIP 100 Trying message must be sent over the radio link as acknowledgement of the SIP INVITE message. The size of the SIP 100 Trying is 300 bytes including UDP (or TCP) and IP overhead

· The talk burst confirm message is assumed to be 40 bytes including IP and UDP overhead 

· The processing time in the UE to produce and compress a SIP message is 50 ms

· The delays imposed by all involved core network elements, including the core network of the radio access network (i.e. SGSN and GGSN) in a message transfer (IMS Core and PoC AS) are 100 ms.

· The duration between the times the inviting PoC User initiates the PoC session and when he receives a ”right-to-speak” indication should be less than 2.0 seconds, as required in OMA_RD PoC [7].
· All lower estimated delay values presented in Section B.2 apply
C.3 Estimation of SIP compression ratios 

The duration between the times the inviting PoC User initiates the PoC session and when he receives a ”right-to-speak” indication shall be less than 2.0 seconds (2000 ms) according to OMA_RD PoC [7]. It is assumed that all lower estimated delay values presented in Section B.2 applies. This means that a total delay budget of less than 2000 ms –700 ms – 700 ms = 600 ms is assumed for the SIP signalling transfer delay (delay components (3) and (4)). 

Table C.3-1 presents the delay budget given the assumptions presented in C.2.  

Table C.3-1: Detailed description of the delay budget for SIP signalling transfer delay

	Action
	Delay
	Description

	The PoC Client produce and compress a SIP INVITE message 




	50 ms
	

	The PoC Client transmit the SIP INVITE message to the PoC AS:



	*Radio transport delay of SIP INVITE + 100 ms
	*Radio transport delay of SIP INVITE = (SIP message size * Compression ratio) / Bit rate of radio link

	The IMS Core sends a SIP 100 Trying to acknowledge the reception of the SIP INVITE
	**Radio transport delay of SIP 100 Trying
	**Radio transport delay of SIP 100 Trying = (SIP message size * Compression ratio) / Bit rate of radio link

	The PoC AS transmits the SIP 200 OK message to the PoC Client:


	100 ms + ***Radio transport delay of SIP 200OK
	***Radio transport delay of SIP 200OK = (SIP message size * Compression ratio) / Bit rate of radio link

	The PoC AS transmits a talk burst confirmed message to the PoC Client: 
 
	****Radio transport delay of talk burst confirmed message
	****Radio transport delay of talk burst confirmed message = (talk burst confirmed message size) / Bit rate of radio link

	Total SIP signalling transfer delay: 
	50 ms + 100 ms + 100 ms + Radio transport delay of SIP INVITE + Radio transport delay of SIP 100 Trying + Radio transport delay of SIP 200OK + Radio transport delay of talk burst confirmed message < 600 ms
	


The compression ratios of table C.3-2 is calculated by using the expression for the total SIP signalling transfer delay in Table C.3-1, and assuming a bit rate of the radio link used for the PoC control plane traffic
Table C.3-2: Compression ratio as a function of Bit rate of the radio link

	Bit rate of radio link
	Compression ratio

	8 kbps
	> 8.06:1

	16 kbps
	> 3.79:1

	32 kbps
	> 1.84:1

	64 kbps
	> 0.91:1


C.4
SigComp requirements

Given that a low bit rate PS bearer (throughput < 16 kbps) is used for the PoC control plane traffic, SIP signalling compression ratios typically larger than 3:1 is needed to meet the delay requirement stated in OMA_RD PoC [7]. Therefore it can be concluded that:

· The decompression byte code should be stored as a state and should not be sent from the transmitting node to the receiving node in every SigComp message. This implies that a SigComp implementation used for PoC should have a state memory size (SMS, see RFC 3320 [14]) larger than zero. 

· A SMS that is larger than zero enables stateful compression, e.g. dynamic compression or User Specific Dictionary, which probably is needed to obtain sufficient SIP signaling compression efficiency. The User Specific Dictionary (USD) is a locally available state, at the PoC Client. To improve the compression efficiency in the uplink the PoC Client may upload the USD to its IMS Core compartment (see RFC 3320 [14]). To increase the compression efficiency in the downlink, the PoC Client may advertise the locally available state to the IMS Core. The first four bytes of the USD state value is the specific USD identifier string may be used to distinguish the USD state from the decompression byte code uploaded for the Universal Decompressor Virtual Machine (UDVM, see RFC 3320 [14]).
· The initial creation of the SigComp compartment (see RFC 3320 [14]) and exchange and storing of the decompression byte codes should be performed during the non time critical SIP message exchange of the IMS Service Registration. This enables the transmission of compressed SIP messages without the overhead of decompression byte codes even in the first PoC Session after IMS Service Registration.












