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Introduction

As the IM subsystem design and procedures begin to stabilize, the number of SIP messages exchanged over the air interface and their large size is becoming a factor in efficiently on the air-interface. SIP procedures will not be as efficient as their  04.08 counterparts. If mechanisms are not added to reduce the size of these messages, there is a risk that the cost to operate a session over the IM subsystem may become more expensive than most subscribers are willing to pay, thus minimizing the value which the IM subsystem can provide

Discussion

Figure 1 shows an example of a Mobile initiated session establishment flow (taken from 24.228v050) and Table 1 displays the contents of the first INVITE message. Note that Figure 1 shows that up to 12 SIP messages are exchanged over the air interface (a much larger number than used in 04.08) and Table 1 shows that the INVITE message could be as large as 1000 octets. 

This number of messages coupled with the typical length of a SIP message places a strenuous burden on bandwidth over the air interface, which remains a scarce and expensive resource.

The situation in GERAN networks is even more severe particularly in optimised voice mode when in call Signaling messages will need to “steal” voice bandwidth resulting in reduced audio quality or even audio mutes.

Another concern is that the size and number of message involved, will result in longer delays as compared to current circuit switched set-up times, for all IMS procedures.

In the 10-11 April 2001 SA WG2/GERAN meetings, Nokia also submitted a discussion paper on SIP compression highlighting many of the issues from the GERAN perspective.  That paper presented four main concerns, namely:

· Core compression / decompression algorithms – where compression is usually achieved by removing the redundancy in the uncompressed text messages, often replacing it with a pointer to an appropriate reference in a “dictionary” known by both compressing and decompressing entities.  

· “Dictionary” management functions.  This includes synchronisation, since correct mapping to/from original text is possible only if both the compressor and decompressor have access to the same information.

· Compressor / decompressor signalling to enable functions such as “dictionary” update, synchronisation etc.  

· Mapping to the 3GPP architecture.  This determines the 3GPP nodes between which the SIP compression will take place, currently possibilities are between the UE and RAN; between the UE and GSN;  between the UE and P-CSCF.  Compression could take place at either one or more of these levels in order to achieve maximum compression ratios. Signalling mechanisms between these nodes and other 3GPP entities may also need to be introduced.

The paper concluded that solutions which further boost the compression ratio are required, as the resulting compressed SIP messages are still too unwieldy in comparison to functionally equivalent GSM 04.08 messages, due the large size of the original SIP messages. 

A SIP/SDP aware compression scheme compresses/decompresses using knowledge of the SIP/SDP protocol syntax, resulting in more efficient compression ratios when coupled with a text compression scheme.

Furthermore, there is a need for the CN groups (e.g. CN1) to start investigating in this area.

Proposal

That SA2 agree that compression of SIP/SDP messages is required in the Rel 5 IM subsystem architecture over the air interface.

That SA2 consider the possibility that generic text compression could take place either between the UE and P-CSCF, the UE and GSN, or the UE and RAN but further detailed study is required before an appropriate place can be selected.
That SA2 consider the possibility of the use of a SIP/SDP aware compression scheme between UE and P-CSCF in the Rel 5 IM subsystem architecture when selecting appropriate places in the architecture for compression to take place.

That detailed investigation of SIP compression schemes is required by CN1
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Figure 1 – Mobile Origination (session leg)

Table 1: INVITE (UE to P-CSCF)

INVITE sip:+1-212-555-2222@home.net;user=phone SIP/2.0

Via: SIP/2.0/UDP [5555::aaa:bbb:ccc:ddd]

Supported: 100rel 

Remote-Party-ID: “John Doe” <tel:+1-212-555-1111>;privacy=off

Proxy-Require: privacy

Anonymity: Off 

From: “Alien Blaster” <sip:B36(SHA-1(+1-212-555-1111; time=36123E5B; seq=72))@localhost>;


tag=171828

To: sip:B36(SHA-1(+1-212-555-2222; time=36123E5B; seq=73))@localhost 

Call-ID: B36(SHA-1(555-1111;time=36123E5B;seq=72))@localhost 

Cseq: 127 INVITE 

Contact: sip:[5555::aaa:bbb:ccc:ddd]

Content-Type: application/sdp 

Content-length: (…)

v=0

o=- 2987933615 2987933615 IN IP6 5555::aaa:bbb:ccc:ddd

s=-

c= IN IP6 5555::aaa:bbb:ccc:ddd 

b=AS:64

t=907165275 0

m=video 3400 RTP/AVP 98 99

a=qos:mandatory sendrecv 

a=rtpmap:98 H261

a=rtpmap:99:MPV

m=video 3402 RTP/AVP 98 99

a=rtpmap:98 H261

a=rtpmap:99:MPV

a=qos:mandatory sendrecv 

m=audio 3456 RTP/AVP 97 96 0 15

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv 

m=audio 3458 RTP/AVP 97 96 0 15

a=rtpmap:97 AMR 

a=fmtp:97 mode-set=0,2,5,7; maxframes=2

a=rtpmap:96 G726-32/8000

a=qos:mandatory sendrecv
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