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Clarification of the use of Header Compression, Stripping  and Removal

Introduction

The purpose of this paper is to provide clarification of the need and uses of the header adaptation schemes defined in the GERAN stage 2 document.

The nature of some packet stream types when considered together with the TDMA nature of GSM provides an opportunity to provide additional transmission optimisation techniques over and above the generic IP header compression techniques standardised by the IETF. 

Given the limited spectral resource available, it is desirable to use the most efficient air-interface transmission scheme possible for each packet stream. This will be different for different types of packet stream.

Speech and Voice Example

For a speech only connection, terminated within the mobile, there is no need for the speech packet header information to be transmitted and so it may be discarded (removed) from the packets before transmission over the air, and does not need to be re-generated at the mobile.

The following diagram shows that the periodicity of speech frames on a speech channel is constant (one every 20ms) thus allowing the header frame number and timestamp to be calculated.

Header stripping can be used to take advantage of the regular nature of voice packets to remove the header completely while still allowing complete regeneration of the header at the mobile.  It should be noted that after unsynchronised handover this assumption may not be made, and that the header information will need to be updated.

Video stream packets are transmitted at irregular intervals as shown in the diagram below, and therefore the timestamp and sequence cannot be assumed. Header compression must be used for video streams because of the need for the timestamp data by any application using the packets.


The Savings

There follows a calculation of the possible percentages of bits lost to headers using both stripping and header compression. 

Stripped Voice Call:

Assuming that a handover occurs every 30 seconds, and context update is 23 bytes long:

23 bytes between handovers for stripping 

Compressed Voice Call:

Assuming that a handover occurs every 30 seconds, and fully compressed header is two bytes long:

20ms/frame => 50 frames/sec => 1500 frames between handover

2 bytes / frame @ 1500 frames =>3000 bytes between handovers for compression

The percentages: 23 bytes out of  (23bytes * 50frames *30secs)

Vs 

    3000 bytes out of (23bytes * 50frames *30secs) 

= 23 / 34500   Vs   3000 / 34500

= 0.06% Stripped   Vs  9% Compressed

In Summary:

Voice IP Stream Connection To Mobile

· VoIP header information not be required for service and can be removed 

· (Header information may need to be transferred at SIP call set-up: FFS)

Voice IP Stream To Remote Device

· VoIP header required since it may be required for routing, or be expected by end application. 

· Similar arguments for stripping as for multi-media stream.

Video IP Stream Connection

· Unpredictable frame update rate: header required with frame timestamp 

· Header must be compressed and delivered.

Multi-media(multi-stream, voice and video)Connection:

Video stream

· unpredictable frame update rate => requires header compression

Voice stream

· predictable frame update rate & therefore IP header fields => header stripping possible

· removal is not possible because the video and voice streams for the multi-media connection must be chronologically synchronised.

· Header compression possible but less efficient than stripping.

Typical IP Connection Scenarios

There follows a number of diagrams showing typical connections which may be configured using GERAN. The diagrams suggest the appropriate header adaptation which would be appropriate for each connection type.

Voice-only Call Terminating In The Mobile Station


Voice-only Call Terminating In Remote Device



Video-only Call Terminating In Either Mobile or Remote Device



Multi-media Call Terminating In Either Mobile or Remote Device
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