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Introduction of ROHC for enhanced Gb

1. Introduction

The enhancement of the Gb interface to support conversational traffic class [1] is the focus of the enhanced Gb feasibility study.  Conversational IP traffic will require the support of a header compression scheme to reduce the overhead of the RTP/UDP/IP packets to a reasonable level.  This is widely expected to be the RObust Header Compression Scheme developed by the IETF [2]

As part of this study, this paper examines the benefits of introducing ROHC, and the gains and impacts of introducing the network side compressor/decompressor in the BSC or in the SGSN. 

The paper also looks at the potential issues in inter-working with UTRAN/GERAN Iu mode.  A potential problem that has been identified is the need for context transfer at inter-RAT handover.  This is examined in section 4.

ROHC may also be used for streaming services,  so the paper examines the different use cases described in 3GPP TS 26.234 Annex J for streaming services and elaborates upon the required coding schemes/multislot capabilities which will enable an MS to support said services.  This analysis is provided for information.

2. Options for Introduction of ROHC into enhanced Gb

There are two main options to be studied for the introduction of ROHC into eGb.  The first is the placement of the compressor in the BSC or SGSN, and the second is whether to use context transfer between ROHC entities in the network or to use context re-initialisation. 

Placement of the ROHC entity in the network

The current architecture of the Gb interface specifies that all compression (header and data) of N-PDU’s occurs in the SGSN in the SNDCP entity.  In UTRAN, the compression occurs in the PDCP entity in the RAN.  

Locating the ROHC entity in the RAN offers the advantage of a lower RTT (thus reducing the amount of context information to be stored in the ROHC entity for schemes which have feedback mechanisms) and an anticipated improvement to the performance of the compression scheme.  However, it also requires a ROHC context transfer whenever an inter-BSC handover occurs instead of  after each inter-SGSN handover which adds to the complexity and frequency of the signalling in the network.  In UTRAN and GERAN Iu mode, this signalling may be transferred across the I-ur(g) interface which is not available in eGb.

Context transfer

This context transfer mechanism is used to prevent the re-initialisation of the ROHC entities in both the network and the MS and reduce or remove the associated signalling that this requires
.  Initial evaluation in this paper indicates that some form of context transfer would dramatically reduce the increase in bandwidth that occurs during the initialisation/refresh procedure in all cases, but for inter-RAT PS handover, context transfer is FFS due to complexity and possible interworking issues

3 Simulation of ROHC operation in a network

Simulation environment

ROHC can operate in one of three modes – unidirectional (U), bi-directional optimistic (O) or bi-directional reliable (R).  Simply put, the difference between these modes is the amount and structure of the feedback between the peer ROHC entities and the requirement to receive that feedback information.  As you increase the round trip time, it is expected that the performance of the compression algorithms will decrease due to a longer wait before the feedback is received.

In a realistic operating scenario, the MS compressor will move between U, O and R modes based on feedback received in the ROHC inband signalling until a “best” mode of operation is selected.  Our simulations look at the performance of each mode over approximately 2000 packets. 

The simulation was performed over an idealised (lossless) link adding a round trip delay to simulate transmission and processing time in the CN and RAN using IPv4.  There is no consideration of handover, mobility or any SIP signalling required to maintain/establish the call in the simulation.  The ROHC compressor used in the simulations is a standardisation implementation used in RMRL for performance and interoperability tests, while the data used in the simulation is a model of a VoIP call of 2000 packet duration.  The call has had IP ID jitter
 added to simulate other applications being active on the MS during the VoIP call.

Simulation Results

The results shown in the table below give the average size of the compressed header (in octets) over the duration of the call.  This should be compared with the size of the uncompressed RTP/UDP/IP header of 40 octets.

	
	ROHC entity location

	ROHC mode of operation
	BSC (150 ms RTT)
	SGSN (250 ms RTT)

	Unidirectional (U)
	3.0
	3.0

	Bi-directional Optimistic (O)
	2.6
	3.8

	Bi-directional Reliable (R)
	2.7
	3.0


Table 1 Compressed header sizes for compressor in RAN or SGSN

As can be seen in Table 1, the level of compression of the IP header  provided by ROHC in each instance is between 91 and 93 percent, with very little relative difference based on the location of the compressor.  Note that the Unidirectional mode of operation is entirely unaffected by the difference in locations, since there is no feedback mechanism between the peer ROHC entities and there are no losses on the link.

An additional point of note needs to be presented regarding the identification of contexts in ROHC.  In the case where context number (CID) 0 is used, there is no signalling of this between the ROHC entities.  A consequence of this is that only a single ROHC link can be maintained between the MS and the network.

If a CID with a value of between 1 and 15 is used, then an additional octet is included in the ROHC header to carry this information. 

The results above assume that only a single ROHC entity is created in an MS, and if it is expected that multiple ROHC contexts will be required, an additional octet should be included in all the values above to represent this.

It is to be noted that the results in the case of an non error-free link are expected to show a significant shift in the results, showing the U mode of operation as providing less robust performance due.  This is expected since there is no feedback and it is more probable that a compressor/decompressor operating in U mode will lose integrity because of uncorrected errors introduced by the radio conditions.

Effect of IR (Re-Initialisation)

Initialisation and re-initialisation happens at call set up, whenever the compressor and decompressor have lost synchronisation and in U mode to periodically re-align the contexts.  The re-initialisation process consists of the compressor sending IP packets with a more verbose IP header, and some ROHC specific information to the decompressor to allow the two entities to identify the static/dynamic information in the IP header.  This information is continuously sent until an ack is received.  The re-initialisation procedure can be seen in Figure 1.  The rate at which this occurs during a call depends upon the error rate and mode of operation but the results shown in table 2 in our simulation (again for a lossless link),show that the situation occurs in U mode more frequently than in O and R mode.
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Figure 1: Re-initialisation procedure

	
	Compressor location

	
	SGSN
	BSC

	
	# of IR events
	Duration (packets)
	# of IR events
	Duration (packets)

	U mode
	4
	7
	4
	7

	O mode
	1
	12
	1
	7

	R mode
	1
	12
	1
	7


In the majority of cases shown in table 2, there is a single IR event which corresponds to the initial context negotiation at call setup.  In the case of the U mode compressor there are three additional context refreshes caused by periodic transit to the IR state to ensure compression integrity.  The duration and frequency of these periodic refreshes in U mode are configurable Table 2.   Results showing frequency and duration of IR events.

in the ROHC entity.  In O and R mode, the duration of the event is the time it takes to receive the first acknowledgement, and the frequency depends upon the failure of the two ROHC entities to maintain synchronisation.

Obviously the more often these events occur the higher the average bandwidth required will be.

During these IR events, the bandwidth required by the data stream increases dramatically as can be seen below.  For O and R mode, the duration of the IR process is a function of the RTT.

If the simulation were run over more accurate representation of a GPRS link, it is possible that the increase in RBER would lead to a higher number of IR events.  

Example Bandwidth increase

Assuming AMR 7.4kbps has a payload as described in [4] § 4.3.5.1, an average RTP/UDP/IP compressed header size of 3 octets (see Table 1) and neglecting LLC overhead.  

Required data before IR = 4 octets (header) + 20 octets (RTP payload) = 24 octets per AMR frame ≡ MCS-2 (9.6 kbps)
Required data during IR = 41 octets (header) + 20 octets (RTP payload) = 61 octets per AMR frame ≡ MCS-6 (24.4kbps)

A marked increase in the amount of resources at the Um interface can be seen for a full refresh.  How these extra resources are assigned is ffs, but the following options are possible:
1) Allow RLC in the BSC, upon detection of larger packets destined for/originating from the MS, request additional resources for the MS.  

2) Dynamically step up the MCS to the next available in the family which can support the increased data rate

3) Assign initial resources that can transfer any potential increased data rate due to additional overhead of full IP packets (negates the reason for header compression)

4) Do nothing and drop packets to maintain the data rate at the same level while IR is ongoing.

5) At inter-SGSN handover, assign additional resources to allow for the IR/IR-DYN that is known to take place.

Option 1 will probably not meet the time requirements and the first few DL packets will be dropped due to the short TTL of the LLC frames.  Option 2 seems feasible in the DL, but in the UL since  the network is in control of resource allocation and coding rate, so the QoS will not be maintained in UL.  Options 3 and 4 do not appear realistic, since option 3 negates the purpose of header compression and the call quality degradation in the case of option 4 is probably too high.  Option 5 will solve the problem for the IR/IR-DYN which occur following handover, but not those caused by error conditions, if any.

We assume that for handover, there will be IR packets in both directions as the new compressor will be filling in the dynamic context and the new decompressor has its dynamic context initialised.  However, in other cases, there is no obvious reason to expect IR packets in each direction to be correlated.

Segmentation

ROHC provides a segmentation mechanism which may be employed in GERAN to maintain a more consistent N-PDU size that is passed to lower layers  It is possible to specify at ROHC setup the allowed packet sizes that ROHC will use.  The segmentation mechanism described in [4] may be used in e.g. the case where ROHC occasionally generates large headers (e.g. while the compressor is in IR state).  

In [4] it is advised that any other lower layer segmentation mechanism should be used in preference to the one provided by ROHC, and GERAN should decide whether to use the segmentation provided in ROHC, or to provide one at LLC or RLC/MAC.  The contributions on LLC/SNDCP reduction have all proposed to remove all unnecessary functions from LLC, including segmentation.

Hence it is FFS whether the standardisation of ROHC in GERAN will use the provided  segmentation mechanism or a lower layer mechanism, or whether segmentation is even needed.

4 Context transfer 

Context transfer is used in UTRAN at handover to reduce the amount of IR packets sent, and thus keep the bandwidth changes at to a minimum.  The context can be described as containing two distinct groups:

1) Static information (IP address, port number) does not change through the duration of the call

2) Dynamic information (IP ID, RTP sequence number etc…) has the potential to change throughout the call

If the dynamic information is to be transferred in the context, then the time taken t for handover will add “jitter” to the dynamic information.  Whether the peer compression entity will be able to decompress the exchanged information after a given time t is not known at this time.

To reduce complexity, it may be more suitable to transfer only the static portion of the header information, and allow an IR-DYN (dynamic initialisation/refresh)  to take place.  Performing the IR-DYN procedure will reduce the amount of increased bandwidth to approximately 50% of that shown above for the full IR procedure:

Required data during IR-DYN = 23 octets (header) + 20 octets (RTP payload) = 43 octets per AMR frame ≡ MCS-4 (17.2 kbps)

Context transfer and Inter Rat Handover.

The major architectural difference between the proposed solution for eGb and UTRAN/GERAN Iu mode is the functional split between the CN and RAN.  In eGb the generally accepted viewpoint is that the functional split will not be changed regarding ciphering and other functions of LLC/SNDCP.  However, many of these functions are, in UTRAN, located in the RAN.

This leads to complexities during the inter RAT handover in the PS domain as the ROHC context may need to be moved from the  2G SGSN to the t-RNC during the course of the handover procedure.  

The solutions available are:

1) ROHC context is re-initialised on inter-RAT handover

2) SGSN directly provides the information to t-RAN and vice versa

3) SGSN provides information to the s-RAN which translates it to a format understandable to the t-RAN and vice versa.

The recommendation by UTRAN in [6] is that no context transfer is used in inter-RAT handover.  Instead, the ROHC contexts are re-initialised in the new cell.

Whether we follow the solution put forward by RAN 2 in [6] requires further discussion, within GERAN and also with RAN2.  One factor in that needs to be considered in this discussion is the amount of inter-RAT handovers that are perceived in a future network.  Again, the balance between complexity of solution against increased bandwidth needs to be considered.5 Conclusions and open issues

ROHC Introduction

It is proposed to only transfer the static information during ROHC context transfer as there is a risk that dynamic information will be “stale” after 150ms (7 packets) and receipt of an incorrect packet using the old context info will cause an IR event.  Transfer of static info will require an IR-DYN procedure, but this requires less additional bandwidth than the full IR procedure.

Whether GERAN will use the segmentation mechanism provided within ROHC or use a lower layer segmentation mechanism (either at LLC or RLC/MAC is FFS)

It is proposed that higher rate coding schemes be used in order to maintain the required data rate during IR.  However, if this is not possible, more resources should be allocated in order to meet the bandwidth and QoS requirements of the conversational traffic.

It is proposed to consider context transfer in the case of inter-RAT handover.  Whether the RAN2 proposal is suitable for GERAN is TBD

Streaming Use cases (annexe A)

For small RTP packets, the ROHC generates the best reduction of length (35 Byte). The transparent mode in LLC/SNDCP generates an additional improvement by 1-2 coding schemes.

A similar effect can be reached by the packetisation of several AMR/AAC samples into one RTP packet. The delay of 200ms seems to be acceptable for streaming applications; but not for conversational services.

For large RTP packets like video packets the benefit decreases very much. 

· The header reduction is less efficient because of the increased payload length.

· The slight reduction of LLC PDU size does not suit to the big granularity of the EGPRS coding schemes.
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Annexe A:  Use case analysis

The section intends to check the proposed optimisations of the Gb path by use cases for streaming applications.

Considered improvements to overhead are:

· Robust Header Compression (ROHC),

· Transparent mode of LLC/SNDCP (TM ) (0 bit overhead form LLC/SNDCP).

The working assumptions for this analysis are as follows:

· The use cases were taken from TS 26.234 Annex J (still under discussion).

· IPv4 only is considered to reduce the number of cases.

· In the tables, the term “Minimal Coding Scheme” is used for a scenario with optimal radio link conditions. In normal case, lower coding schemes must be used (on more timeslots).

The list of use cases considered are:

· Voice only (AMR-NB 12.2 kBit/s),

· Voice high-quality / music low quality (AMR-WB 23.85 kBit/s),

· Music high quality (MPEG-4 AAC 96 kBit/s),

· Video Streaming (MPEG-4 64 kBit/s).

1] Voice Only (AMR-NB 12.2 kBit/s)

In this use case, two variants are considered: transmission of 1 or 10 AMR frames per packet. The latter one has been proposed to reduce the end-to-end overhead of the RTP transport.

1 AMR frame per packet

There is one AMR frame/RTP packet sent every 20ms.

	
	No optimisation
	With ROHC
	With ROHC and TM

	Length RTP packet
	74 Byte
	40 Byte
	40 Byte

	Length LLC PDU
	84 Byte
	50 Byte
	40 Byte

	Reduction 
of LLC PDU
	0%
	40%
	52%

	Minimal Coding Scheme
	MCS-9
	MCS-5
	MCS-4


10 AMR frames per packet

There is one RTP packet sent every 200ms.
	
	No optimisation
	With ROHC
	With ROHC and TM

	Length RTP packet
	362 Byte
	327 Byte
	327 Byte

	Length LLC PDU
	372 Byte
	337 Byte
	327 Byte

	Reduction 
of LLC PDU
	0%
	9%
	12%

	Minimal Coding Scheme (10 RLC blocks)
	MCS-4
	MCS-3
	MCS-3


2] Voice high quality / music low quality (AMR-WB 23.85 kBit/s)

In this use case, two variants are considered: transmission of 1 or 10 AMR frames per packet. The latter one has been proposed to reduce the end-to-end overhead of the RTP transport.

Remark: the low quality music may be used in during advertisements (background music with speech).

1 AMR frame per packet

There is one AMR frame/RTP packet sent every 20ms.
	
	No optimisation
	With ROHC
	With ROHC and TM

	Length RTP packet
	104 Byte
	69 Byte
	69 Byte

	Length LLC PDU
	114 Byte
	79 Byte
	69 Byte

	Reduction 
of LLC PDU
	0%
	31%
	39%

	Minimal Coding Scheme
	MCS-8
	MCS-7
	MCS-5


10 AMR frames per packet

There is one RTP packet sent every 200ms.
	
	No optimisation
	With ROHC
	With ROHC and TM

	Length RTP packet
	662 Byte
	627 Byte
	627 Byte

	Length LLC PDU
	672 Byte
	637 Byte
	627 Byte

	Reduction 
of LLC PDU
	0%
	5%
	9%

	Minimal Coding Scheme (10 RLC blocks)
	MCS-5
	MCS-5
	MCS-5


3] Music high quality (MPEG-4 AAC 96 kBit/s),

The focus is on streaming of AAC packets at the bit rate of 96 kbit/s and a sampling frequency of 48 kHz. A frame is composed of 1024 samples and packets are made of one frame. The RTP packetization follows RFC 3016

1 AAC frame per packet

 There is one RTP packet sent every 20ms.
	
	No optimisation
	With ROHC
	With ROHC and TM

	Length RTP packet
	217 Byte
	192 Byte
	192 Byte

	Length LLC PDU
	227 Byte
	202 Byte
	192 Byte

	Reduction 
of LLC PDU
	0%
	11%
	15%

	Minimal Coding Scheme (2 TS)
	MCS-8
	MCS-7
	MCS-7


4] Video Streaming (MPEG-4 64 kBit/s).

The codec in this case has a bitrate of 48 kbit/s and a frame rate of 10 frames/s together in the same channel with an AMR at 7.95 kbit/s with 10 frames per packet.

There is sent one RTP packet for video every 100ms and one RTP packet for audio every 200ms. There is only one PDP context.

	
	No optimisation
	With ROHC
	With ROHC and TM

	Length RTP packet
Video

Audio
	
640 Byte

252 Byte
	
605 Byte

218 Byte
	
605 Byte

218 byte

	Length LLC PDU

Video

Audio
	650 Byte

262 Byte
	615 Byte

228 Byte
	605 Byte

218 Byte

	Reduction of LLC PDU
Video

Audio
	0%

0%
	5%

13%
	7%

17%

	Minimal Coding Scheme (2 TS)
	MCS-7

	MCS-6

	MCS-6
















































� Of the order of 7 uncompressed IP packets in each direction with an additional 1-2 octets of in-band signalling per packet for this configuration


� IP Jitter is a product of two or more applications using the same sequence number generator of an IP stack.  This can lead to sequence numbers in the ROHC compressor not being concurrent, which requires the compressor to compensate by occasionally sending the sequence number uncompressed.
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