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Proposals on Open Issues for Header Removal

1.  Introduction

In the recent work on header removal, there is a proposal that the entity responsible for regenerating RTP packets may use local information alone to populate the RTP header fields appropriately. That proposal would provide the “minimal” functionality required for Header Removal to work. This contribution builds on that work with the aim of helping to reach closure on a “minimal” profile for the Header Removal topic in time for the June Functional Package.

Some factors have not yet been considered in existing contributions, however. This paper is intended to progress the work; it addresses the handover case and how it affects the ability of Regenerating Entities[1] to continue to reconstruct RTP packet sequences, and makes some proposals to specify RTP/RTCP processing within the GERAN that have not been covered so far.

2. Use of Local Data in RTP packet Regeneration

The current view(as expressed in [2]) is that "When regenerating RTP-packets at the network side, the BSS can base the time stamp on the time elapsed since the start of the call. The sequence numbers can also be generated correctly if there is no packet loss".

One could draw an assumption from this:

The destination transcoder will process the AMR frames as received. It will use just the AMR frames to generate audio; the SSRC, timestamps, and sequence numbers carried in the RTP headers are ignored other than to ensure ordered delivery. The fact that an IP network and RTP packet processors are used to deliver the AMR frames to the transcoder is not significant.

Whilst this assumption is generally valid, there are some situations that remain to be considered.

Generally, the destination of downstream RTP packets will use the SSRC, timestamps, and sequence numbers to control playout of the audio traffic. GERAN has no control over this process, where the destination is NOT an entity within the GERAN (for example, if it is a remote PC connected to the Internet).

As RFC1889 (specifying RTP and RTCP) describes the header fields and the way in which they might be used to buffer and correct for intervening network conditions, existing RTP implementations may pre-process the packets prior to passing their content to transcoder entities.

For example, packets may be re-ordered on arrival, and an RTP packet processor may delay delivery onwards to a transcoder until an appropriate time has arrived; this latter may be done, for example, to handle buffering designed to adjust for estimated packet transfer delays or jitter. Finally, incoming packet streams may be demultiplexed based (in part) on the SSRC that the packets contain.

These activities operate correctly, as long as each RTP packet is stamped and sequenced, and has a defined SSRC inserted correctly on creation. This is normally not a problem, but this may be difficult for upstream traffic in the face of handover or if errors are encountered that result in incorrect header values being used in RTP packets received.

2.1.  RTP Generation and Handover

When a handover between BSS occurs, the Regenerating Entity in the next Base Station continues the generation of an existing sequence of RTP packets. Thus:

(i)
The local time clock assumed by the Regenerating Entities must have a common rate; this would be expected to be the case.

(ii)
Current values used for the timestamp and sequence number for a given received AMR frame must be known at both the current and subsequent Regenerating Entities. This would seem to imply some data transfer.

(iii)
The SSRC used by the current Regenerating Entity for a given call must be known by the Subsequent one; it will have to place this value into every RTP packet it generates for the continuing call.

As long as the GERAN Optimised Speech Bearer service scenario assumes that there is a single media stream to (or from) a MS at any one time, then the SSRC might be implied from the IP address allocated for this RTP packet flow. 

However, RFC1889 (section 8, paragraph 2) warns of the problems that occur if there can be more than one media flow between pairs of end points at once. In this case some other identifier must be chosen, and this has to be known by any Regenerating Entity that is to process these streams.

2.2. RTP Generation Proposals

o
We suggest that there will only be a single media stream originated at a given MS at any one time when the Optimised Speech Bearer is in use. Thus it is possible to imply the SSRC from the Source IP address to be used in RTP packets, and so no extra information need be passed to any subsequent Regenerating Entity on handover; it will base the SSRC on the source IP address it is to use for the UDP packets.

o
However, it does appear that current values for the timestamp and sequence number associated with a given AMR speech frame should be transferred, and this requires a message to be sent from one Regenerating Entity to the next.

3.  RTCP Message Generation

RTCP generation or processing is not considered in the recent proposal. As this data is normally exchanged as part of RTP traffic procedures, it has remained an open issue. This section is intended to address how this might be handled within a GERAN Header Removal (and Regeneration) scheme.

RTCP message generation and processing suffers similar problems to those encountered with RTP when handover occurs during a call. The following sub-sections cover the Sender and Receiver Reports, followed by the other RTCP messages (SDES and BYE).

3.1.  RTCP SR/RR Message Generation and Handover

For Sender Report messages, the count of octets and packets sent since the start of the call must be available, together with the latest timestamp used. In the face of handover to a subsequent Regenerating Entity, this new entity must also have this information. One assumes that all Regenerating Entities have access to a source of absolute time, as this is also inserted into a Sender Report.

For Receiver Report messages, an estimate of inter-arrival jitter is sent, together with the count of packets lost, the fraction lost, and the highest sequence number received. The inter-arrival jitter will be difficult to calculate after handover, as the intervening path through the network may introduce a "step change" in the transit time, and the counts used to make the estimate would have to be made available at the subsequent entity.

Both of these mean that providing upstream RTCP messages in the face of handover requires a transfer of what may be a considerable volume of information between Base Stations.

3.2.  Generation of other RTCP messages

Given the current assumption that no support data is to be sent over the Um interface (only the AMR frames are delivered, and no "side data" is transferred at any point in the call between peer Extraction and Regenerating Entities), any Regenerating entity will have to rely on information it has locally to generate any SDES messages, if these are to be created. If no such information is available, then it follows that it cannot generate such messages.

By implication, any information available at one side of the Um interface is discarded. If this is not desired, then some other procedure[3] may be introduced to transfer this extra information; such a procedure might be expected to occur only during the start of a call, and so the cost might not be considered great. However, specifying the details of such procedures might delay closure and so will be deferred for now.

Similarly, as RTCP BYE messages are not used in some Voice over IP systems, it seems inappropriate to require these to be generated in GERAN. The MS and Base Station will be aware of the termination of a Radio Allocation, and could use this to generate such a BYE message. However, this need not be mandatory on all GERAN systems, and can be left as an implementation option.

3.3.  RTCP Proposals

o
RTCP SR and RR messages should not be provided by GERAN due to the high volume of data that would need to be transferred between Base Stations.

o
Similarly, it is difficult to see what useful information could be carried within SDES messages without further procedures, so these should also not be generated.

o
Finally, BYE is not often used in existing VoIP systems, so it need not be generated by GERAN.

o
In summary, it is proposed that the benefit for remote end points of generating upstream RTCP messages is outweighed by the complexity of transferring the required information between Base Stations, so that GERAN Header Removal Entities will not be required to generate any RTCP messages

4.  Summary

This contribution has made some proposals for the behaviour of Header Removal entities within GERAN, refining earlier work.

We have suggested that RTCP messages not be generated, and that there is a requirement for transfer of a small amount of information from one Base Station to the next during handover. Although only introduced here, specifying how this data is transferred is a task that can realistically be dealt with in the near future.

The topic of packet processing in the face of speech frame loss or corruption over the Um interface has not yet been addressed. We would suggest that this remains the major open issue for discussion on the topic of Header Removal prior to the June Functional Package.
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