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Introduction:

The header compression mechanisms have been a subject of IETF discussion and have been improved to achieve better performance on radio links for cellular networks using IP based packet services. In UTRAN, the header compression mechanism resides in PDCP entity and has a compressor and decompressor in the sender and receiver side respectively. One of these header compression mechanisms which has been adapted for UTRAN is ROHC. 

Saying that, there are still some requirements on the RLC link layer to provide services to PDCP/Header-compression to optimise the transmission on the radio link.  ROHC requirements on the link layer are described in [1] and [2]. 

Since the header compression mechanism could incur header corruption and lost packets that will cause the context to be initialised improperly which eventually causing lost packet, an RLC configuration mode functionality is proposed here to minimise this impact. This is effective in the critical phase of building up the compression index, especially for real-time and streaming services. 

Discussion:

General definition of the problem and proposed solution

For real-time conversational and some streaming services RLC-UM is the preferred mode of RLC operation. These services are jitter sensitive, can tolerate packet loss up to a defined error rate (e.g 7*10-3 or less for AMR-NB and AMR-WB 10-4 for the rest as indicated in R2-020702), can operate with a small round trip delay (< 100 ms) on the radio interface, all these and more describes the requirement to fulfil their QoS. 

If we take VoIP as an example; a problem with IP over cellular links when used for interactive voice conversations is the large header overhead.  Speech data for IP telephony will most likely be carried by RTP [RTP].  The VoIP packet received by PDCP will then have an IP [IPv4] header (20 octets), a UDP [UDP] header (8 octets), and an RTP header (12 octets) for a total of 40 octets.  With IPv6 [IPv6], the IP header is 40 octets for a total of 60 octets.  The size of the payload depends on the speech coding and frame sizes being used and may be as low as15-20 octets.

Due to adding Header compression to these IP based packet services we need to look at the requirements of applied HC protocol on the lower layers carrying it, in order to optimise the header transmission between compressor and decompressor. ROHC is the HC protocol chosen to be applied in UTRAN in Rel-4/5. ROCH requirements on link layer are defined in [1] and [2]. 

In ROHC, header size variations and thus packet size variations depend on different factors. Unpredictable changes in the RTP, UDP or IP headers may cause compressed headers to momentarily increase in size, and header sizes may depend on packet loss rate at lower layers. Header size distributions depend also on the mode ROHC operates in. 

From RFC 3095:

Unidirectional mode -- U-mode

When in the Unidirectional mode of operation, packets are sent in one direction only: from compressor to decompressor.  This mode therefore makes ROHC usable over links where a return path from decompressor to compressor is unavailable or undesirable.

In U-mode, transitions between compressor states are performed only on account of periodic timeouts and irregularities in the header field change patterns in the compressed packet stream.  Due to the periodic refreshes and the lack of feedback for initiation of error recovery, compression in the Unidirectional mode will be less efficient and have a slightly higher probability of loss propagation compared to any of the Bidirectional modes.
Compression with ROHC MUST start in the Unidirectional mode. Transition to any of the Bidirectional modes can be performed as soon as a packet has reached the decompressor and it has replied with a feedback packet indicating that a mode transition is desired.

Loss propagation

Loss of headers, due to errors in (i.e., loss of or damage to) previous header(s)or feedback.

Context damage

When the context of the decompressor is not consistent with the context of the compressor, decompression may fail to reproduce the original header.  This situation can occur when the context of the decompressor has not been initialized properly or when packets have been lost or damaged between compressor and decompressor.

Packets which cannot be decompressed due to inconsistent contexts are said to be lost due to context damage.  Packets that are decompressed but contain errors due to inconsistent contexts are said to be damaged due to context damage.

It is proposed here; to use RLC-AM for real-time and streaming services during initial compression phase (and whenever required) especially the transmission of the Full header (where it is sent in U-mode), and up to a defined threshold, and then switch to RLC-UM for the remainder of the packets.
This mechanism leads us to:

· Increase the quality of the transported application ex. Voice by reducing lost and damaged packets due to context damage

· Reduce the compressed header size efficiently and more quickly
However, the RLC-AM could provide services to the PDCP/HC entity, like:

1- Guarantee the transmission at the first stage of building the header, or whenever necessary during the connection.

2- Error free delivery and Unique delivery

3- In sequence delivery

Implementation details:

Threshold definition:

The threshold could be defined by a mode of ROHC header compression (U-mode, O-mode, and R-mode) or State of Compressor and decompressor, compressed packet type (IR, IR-DYN, …etc), length of compressed/uncompressed header or combination of some or all parameters mentioned above and some other parameters could be considered too. The exact definition of the threshold should be discussed further and agreed on if the principle of Switching RLC mode between RLC-AM and RLC-UM is accepted. 

Radio Bearer requirements:

It should be further discussed how this will be mapped on the radio bearer (RB) defined today:

· One common RB and RLC mode for both UL and DL at a specific time, which depends on the optimum values and conditions for both UL and DL defined by the threshold. 

· One RB between each compressor/ decompressor. This means 2 RBs for one RAB, one RB for Uplink (UL) and one RB for Downlink (DL). At a specific time, each RB could have a different RLC mode depending on its threshold.

RLC AM/UM switching functionality:

The aim of the proposal is to use acknowledged transmission whilst packets with full headers and up to the threshold are being sent, and then unacknowledged transmission when packets with compressed headers beyond the threshold are being sent. 

Some different methods are proposed here:

1- RLC AM/UM switching using RRC signalling:

· In this case use RRC signalling to signal RLC AM/UM switching either by modifying existing message (ex. RB reconfiguration message) or defining new message for this purpose.

2- RLC AM/UM switching using predefined RLC configuration:

· Set up and signal the 2 configurations parameters in the RB set-up message, and save them. Trigger RLC AM/UM switching via RRC signalling between the 2 peers and use the stored configuration.

3- RLC AM/UM switching using RLC in-band signalling:

· Instead of switching between separate RLC-AM and RLC-UM entities, we could use a single RLC-AM entity but add some way to use RLC-AM in an 'unacknowledged' manner.

One of the criteria to choose the most proper solution depends on how often the switching will happen, which depends very much of the definition of the threshold. Another criteria is the complexity and efficiency of the solution.

We need to assess the complexity/efficiency of the solutions - and work on more detailed analysis for the future meetings

New functionality/logical entity:

It is also proposed to have a new functionality/or logical entity residing in PDCP layer, which will be responsible for controlling the switching of the RLC modes when required (between RLC-AM and RLC-UM). It will contain the threshold algorithm.

The ROHC (de-)compression entity will have no knowledge of RLC mode; PDCP will have the knowledge only. So the new functionality/logical entity in PDCP decides on the switching depending on some interlayer communication with the compressor/decomressor, and PDCP needs to take an action, again depending on the solution, to inform the appropriate layer about this (RLC or RRC).

This new functionality/ logical entity could also take care of additional requirements requested by ROHC towards the link layer [1] and [2], which might be provided in the this release or future releases of the 3GPP specifications. 

Therefore, it is proposed to handle this functionality/ logical entity as a separate entity within the PDCP layer.

 Conclusion:

When setting–up a real time or streaming IP based packet service with header compression, it is proposed to: 

· Apply RLC configuration mode switching: Use RLC-AM for full header transmission up to a defined threshold, and use RLC-UM for the rest of the data with compressed header for real-time services (conversational or streaming), e.g. Voice (VoIP). 

· Identify a new functionality/ or logical entity in PDCP (sending and receiving sides) related to the compressor/decompressor, which takes care of compression requirements on link layer. For example to decide, the RLC mode to use according to a defined threshold.

We ask RAN2 to :

· Consider the proposal and agree to work on the solution within the scope of the WI “Radio Access Bearer Support Enhancements”

· Decide the release (Rel-5 or Rel-6) to incorporate this proposal.
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