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Enhancements to Flexible Layer One 

1  Introduction

This document proposes enhancements to the Flexible Layer One concept as described in former GERAN contributions from Ericsson, Nokia and Siemens, similarly to what has been defined in the case of HSDPA (High Speed Downlink Packet Access) in UTRAN. 

In particular it is investigated in section 2 how the Incremental Redundancy concept used in EGPRS can be concatenated with the FLO concept in the context of streaming services with relaxed delay constraints. In addition to that it is proposed in section 3 to include also the modulation type into the FLO concept. Finally section 4 provides an example of applying the proposed enhancements for the FLO design in the case of MPEG-4 multimedia traffic.

2  FLO and Incremental Redundancy 
For streaming services with relaxed delay constraints in general, and for the MPEG-4 multimedia application in particular, or unconstrained delay services, respectively, Incremental Redundancy is believed to identify a powerful and spectrum efficient feature of the physical layer when the channel conditions change rapidly and link adaptation would be too slow to counteract. Therefore the FLO design should include the Incremental Redundancy concept likewise done in the case of HSDPA in UTRAN. 

2.1 Incremental Redundancy Concept in HSDPA
A similar mechanism for Incremental Redundancy to that used in HSDPA could be adopted for use in GERAN FLO. The HSDPA scheme depicted in fig. 1 uses two stage rate matching and bit segmentation to provide different redundancy versions for each retransmission, as depicted below. The HSDPA scheme is designed for use with R=1/3 turbo codes, but the principle is still valid for convolutional codes. In HSDPA a separate signalling channel is used to indicate the redundancy version used. The RLC/MAC headers in GERAN already uses the Coding and Puncturing Scheme (CPS) indicator to signal the redundancy version and this could be reused for FLO.
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Fig. 1 : Two-Stage Rate Matching in HSDPA.

The first stage rate matching algorithm serves to limit the size of the virtual Incremental Redundancy (IR) buffer and hence rate matches NTTI to NIR, where NIR is the number of bits available in the virtual buffer. Thus if NTTI ,i.e. the number of bits per Transmission Time Interval (TTI) for one transport channel before rate matching, is greater than NIR then puncturing is performed, and if NTTI is less than NIR repetition is performed.

If the number of bits available in a radio block 
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 then puncturing is performed in the second rate matching stages. Alternatively if 
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 then repetition is performed in the second rate matching stage. In HSDPA the scheme is designed to puncture different bits by changing the rate matching algorithm initialisation parameters eini, eplus and eminus ,using two additional parameters r and s. These parameters are then signalled to the MS using HS-SCCH physical channel. 

2.2  Incremental Redundancy Concept in the case of GERAN FLO

For GERAN an inband signalling mechanism is preferable. A simpler alternative to the HSDPA scheme is to define a set of redundancy versions, for example

· Redundancy version 1 – Send first group of coded bits coded by convolutional code with CR= 1/3.

· Redundancy version 2 – Send second group of coded bits coded by convolutional code with CR= 1/3.

· Redundancy version 3 – Send third group of coded bits coded by convolutional code with CR= 1/3.

By doing this the existing CPS field in the RLC/MAC header could be used. The most appropriate scheme for GERAN is for further study.

Currently for GERAN FLO only a single 1/3 non-systematic code is defined in the TR for FLO [1], in which all the output bits can be regarded as parity bits. Therefore bit segmentation will not be required. It is also questionable whether or not the size of the virtual IR buffer will be smaller than the maximum encoded TrCH. Therefore the first rate matching stage will be redundant and is not required. Alternatively if multislot support is added to the FLO architecture then the VIR buffer may be smaller than the maximum TrCH size. The architecture is shown in fig. 2 below.

	








Fig. 2 : Proposed Incremental Redundancy architecture for GERAN FLO.

As with HSDPA, the rate matching algorithm requires additional parameters to control the redundancy versions. A simple way to introduce IR is to use the same rate matching pattern generation algorithm as described used without IR but, instead of taking a fixed initial value for the error variable (eini), we vary eini for each redundancy version r (r = 1,..., Nred -1). By doing so, the rate matching pattern is shifted for each subsequent transmission. Thus we obtain an orthogonal set of punctured / repeated bits and as a result a maximum IR gain. Annex A1 contains a derivation of the mechanism by which Incremental Redundancy versions may be supported using the rate matching algorithm defined in [1].

In order to achieve a suitable number of redundancy versions, a comparison to HSDPA is done. In HSDPA 3 bit are allocated for the redundancy version parameter, signalled separately to the TFCI, i.e. the standard allows for 4 redundancy versions for QPSK and even for 8 redundancy versions for 16-QAM. In GERAN we may allow for up to 4 different redundancy versions in case of incremental redundancy. In fact, in the case of EGPRS, incremental redundancy uses the following redundancy versions, i.e. number of puncturing schemes, given in tab. 1:

	Coding scheme
	Modulation type
	Puncturing schemes

	MCS-1
	GMSK
	2

	MCS-2
	GMSK
	2

	MCS-3
	GMSK
	3

	MCS-4
	GMSK
	3

	MCS-5
	8-PSK
	2

	MCS-6
	8-PSK
	2

	MCS-7
	8-PSK
	3

	MCS-8
	8-PSK
	3

	MCS-9
	8-PSK
	3


            Tab. 1 : Number of puncturing schemes for EGPRS coding schemes.

Note that this contribution focuses on IR for EEP support. Hence 2 bit may be required to specify this redundancy version assigned to a certain radio block. Due to the fact, that IR will be used in the PDTCH case only, an RLC/MAC Header is always available, so that those bits for the redundancy version can be reused from the CPS data. Note, the number of retransmissions is not controlled by this parameter and has to be determined based on the QoS of the service.

In the case of EEP with only one transport channel, the number of redundancy versions is unequivocal. It is straightforward to implement IR. The case of IR for UEP support is for further study, as is not yet clear whether UEP will be provided in the case of PDTCH case. 

2.3  Signalling Requirements for IR Acknowledgements 

In fact the usage of Incremental Redundancy is foreseen for streaming services with relaxed delay constraints compared to conversational services in circuit switched mode. Hence IR may be applied to PDTCH channels in dedicated or in shared mode [2].

In this context the definition of the RLC/MAC header is of major interest.

In EGPRS acknowledgements are sent on the PACCH using the EGPRS Packet ACK/NACK downlink message together with RLC/MAC control message header. 

For PDTCH with FLO the existing RLC/MAC header and control messages could be reused. The downlink ACK/NACK messages contain, among other parameters, the following information:

· Final_ACK_indication – this bit is set if all RLC/MAC blocks were successfully received.

· A bitmap indicating ACK/NACK for each block within a given window. Together with the length of the bitmap.

· The start within the retransmission window.

· The downlink TFI being acknowledged

· Buffer out of memory indicator. If set the MS is therefore unable to perform incremental redundancy.

The Packet ACK/NACK also includes parameters to allocate new resources and provide measurement reports.

A similar message could be used on dedicated channels signalled via a TFC dedicated to control messages with a stealing mechanism similar to FACCH. Resource allocation may be an unnecessary part of the message. 

An alternative approach may be to include a fast acknowledgement mechanism for IR signalled via an additional uplink transport channel (TrCH) of a PDTCH / TCH supported by FLO . In case of a PDTCH allocation on the uplink, this would allow a fast ACK/NACK of the MS within the next radio block to the GERAN BSS related to the last radio block. The GERAN BSS would send all possible redundancy versions, until either the MS sends an explicit ACK message or until timeout expiry. 

2.4  Size of the Virtual IR Buffer 
How great can be the delay for data transmission ? How great should be the MS virtual IR buffer ? 

Currently with EGPRS the maximum window size if 1024 when all 8 timeslots are used as defined in 44.060 section 9.1.9. With a single slot a maximum window size of 192 blocks is defined. If a coding rate of 1/1 (after rate matching) were used then the maximum block size would be approximately 1368 (with 24 TFCI bits) for 8PSK. Memory requirement for virtual IR buffer = 1368/8 * 192 = 32kbytes or a maximum (with 8 timeslots) of 8 * 32k = 256kbytes. A buffer of this size is probably already required for EGPRS when considering MCS9. The maximum delay that can be tolerated for data transmission obviously depends on the service and the buffering used at the application level by the RTP protocol.

3  FLO with Flexible Modulation 

In HSDPA 1 bit is signalled for the modulation type (QPSK/16-QAM) on a different physical channel. In GERAN 1 bit for including the existing modulation types (GMSK/8-PSK) or 2 bit for including even future modulation types (e.g. 16-QAM) can be foreseen in the context of transport format definition. 

Hence the inclusion of a flexible modulation type would allow a dynamic switch of the data rate per radio block, which is required for bursty real time data or streaming services and even for speech codecs without the need of reconfiguration commands (e.g. AMR-NB/GMSK FR to AMR-NB/8-PSK HR), using the same source codec. The detection of the modulation type is done in the receiver by blind detection algorithms.

Note, the modulation type for each transport format is signalled at call setup only and therefore needs no signalling during the call.

4  FLO for Multislot Allocations 

In the case of multislot allocations we assume that FLO works separate for each Dedicated Basic Physical SubCHannel (DBPSCH), as proposed in [3], saying that FLO operates either on a fullrate or halfrate Dedicated Basic Physical SubCHannel (DBPSCH), multislot allocations are organised in higher layers. 

This requires segmentation functions in the RLC/MAC header in order to distribute the variable RTP packets among the available basic physical channels. In the case of EEP, the IR mechanism is related to each basic physical channel, hence is related to the FLO operation. The FLO operation on multislot allocations is for further study. 

5  Application of FLO for MPEG-4 

Unlike AMR, video traffic packet size can vary significantly from frame to frame depending upon the amount of temporal and spatial information within each video frame. MPEG-4 does not offer a mode, which makes each MPEG-4 packet approximately the same size. Interleaving could be used to improve the bit error rate performance, but increases the service set up time. IETF recommend that one video frame is contained within one RTP packet. Thus, for video rates up to 640bytes per 100ms, two options exist: either buffering of the RTP packet at the RLC/MAC layer or segmentation using FLO and a TTI of 100ms. However the latter one is currently not considered in [1].

5.1 UEP of MPEG-4 video streams

One of the applications of FLO may be the UEP of MPEG-4 audio and video streams. This chapter lists some open issues concerning the UEP of MPEG-4 video streams.

In MPEG-4 video streams, there are basic configuration data that need high protection and blocks of DCT coefficients that need less protection. 

· If the “data partitioned” mode of MPEG-4 Video is used, each VOP (Video Object Plane – representing one figure of the video) is separated in configuration data (header, motion vector, etc.) and DCT coefficients.

· If “video packets” are used in addition, the varying sizes of VOPs may be restricted to a range of packet sizes.

Both (optional) modes are contained in the “MPEG-4 Visual Simple Profile Level 0” that has been standardised for PS streaming in TS 26.234.

Nevertheless the flexible MPEG-4 coding generates problems:

· The size of DCT coefficients and other parameter is coded with variable length so that frequently used values are coded with fewer bits than rarely used values.

· Additionally, parts (
) of a video figure are coded differently dependent on the changes. Not changing parts of the video figure are coded with1 bit; the coding of changing parts depends very much on the amount of changes (up to 192 bytes for each part).

· So the size of configuration data and DCT coefficients depends on the modifications in the video sequence. Also the relation configuration data - DCT coefficients is variable.

· On the transport level the flexibility causes variable RTP payload sizes. 

· For Variable Bit Rate (VBR) with fixed VOP rate, small packets are sent during low video activity and large packets (or a sequence of smaller packets) during high video activity.

· For Constant Bit Rate (CBR), the variability is reduced by modifying the VOP rate and/or modifying the compression rate. Nevertheless the length of the RTP payload varies up to a higher bound.

· The VOP or video packets do not contain any information about the size of configuration data and DCT coefficients – the sizes can only be derived from an analysis of the VOP/video packet contents itself! 

· The length of a VOP may extend the RLC block size; therefore RLC segmentation may become necessary. The segmentation complicates the UEP.

The further work of standardisation of MPEG-4 and H.26L may provide better support for UEP, but this is ffs.

Additionally a new RTP payload format, which has to be defined, may support UEP by adding subflow information to the RTP payload. For example, it may contain length indicators and priority information for the subflows (e.g. configuration data and DCT coefficients). 


5.2  Variation in RTP header sizes 

RTP headers compressed using ROHC can vary between 1 and 41 octets and can have a 1 octet granularity. This makes the design of FLO to carry RTP packets difficult. Past contributions have assumed fixed sizes of 2,4,6 octets [4].

Consider the following scenario. We have a compressed header of unknown size but varying between 1 and 41 octets. In order to limit the number of formats necessary we choose a header granularity of 6 octets coding header sizes of 1,6,12,18,24,30,36,41. Padding is then used to for header sizes in between those configured within FLO. With 4 AMR modes this leads of 4 x 8 = 32 transport format combinations. A trade between granularity and wasted payload bits has to be made. If the granularity is made to great then the efficiency will be reduced, but the initial signalling load required to configure FLO will be less. Also if a particular services requires a large number of TFCIs then 32 TFCs may be insufficient to provide a good QoS. The optimum configuration is thus dependent on both the packet header and packet payload size profiles. This information is currently not signalled, which makes selection of the optimum FLO configuration difficult.

5.3  Source Data Rates

The source data rate for MPEG-4 transmission is variable [5]. In 3-GPP the IMS server is supposed to limit the source data rate to 64 kbit/s for video and audio in common. The current agreement in 3GPP SA4 is to use a frame rate of 10 video frames per second, hence a video frame is most probably transmitted every 100 ms. For audio the Siemens proposal submitted to SA4 [6] is to bundle 10 AMR frames with source rate 7.95 kbit/s and send them every 200 ms in a separate RTP packet.

However the current default operation of MPEG-4 does not allow assigning a level of importance to the individual codec parameters, e.g. a separation into configuration data and payload (DCT coefficients). There are no indicators for the existing markers available in the RTP packets. Thus Unequal Error Protection (UEP) in GERAN is not yet possible in the MPEG-4 case. However this fact is currently under discussion in 3GPP and a change of behaviour for MPEG-4 codecs as part of IMS might be seen in the near future. 

5.4  GERAN Operation

Consequently video and audio information are sent separately over the air interface. In particular the Flexible Layer One (FLO) will operate on basis of dedicated channels. Both streaming bearers will have an independent design, moreover they operate on different physical channels. Both streams are supposed to be combined and synchronised by RTCP information obtained at the PDP level in the MS.

Hence the working assumption for both data streams delivered from IMS server to GERAN for the moment is, that GERAN receives a packet of up to 640 bytes for video every 100 ms and 252 bytes for audio every 200 ms (no header compression assumed). The task of GERAN is to transmit the RTP packets over the air interface, by fulfilling 

· the delay constraint (i.e. for video 100 ms, for audio 200 ms)

· the quality of service (loss of SDU packets, residual BER).

Note, it is most likely, that GERAN will not overtake the QoS requirement proposed in UTRAN, i.e. SDU error rate of 10-4 and residual BER of 10–5 [6]. These seem neither achievable with the given bandwidth in GERAN, nor necessary. Therefore it is proposed that GERAN defines separate QoS figures based on detailed system evaluation.

5.5 Example for Definition of Transport Formats 
In this section an example is provided for the definition of transport formats for MPEG-4 audio and video streams. Note in this example we do not include header compression by ROHC, neither RLC/MAC header including the redundancy version in the case of IR due to simplification reasons. The depicted approach serves as a basis for future evaluation of the potential of FLO for support of MPEG-4 traffic in GERAN. Note, here we assume IR and FLO to be applied on separate video and audio streams with EEP support.

5.5.1  MPEG-4 video

If we assume a TFCI size of 5 bits, a coded TFCI size of 36 bit [7] and an overall block size of 464 bits for GMSK and 1392 bit for 8-PSK, 428 bits are left for the encoded data in the GMSK case and 1356 bit in the 8-PSK case. These identify the container sizes per 20 ms radio block (RB) per active time slot.

On the other hand, using the above mentioned assumption for the MPEG-4 video codec, see section 5.3, then up to 640 byte are sent every 100 ms to GERAN. Hence a 20 ms radio block in GERAN must deliver source data packets of up to 128 byte size. 

Tab. 2 depicts all transport formats used for FLO in the case of MPEG-4 video, which may be transported over 1, 2, 3 or 4 timeslots, depending on the configuration setup.

The approach taken in this example here is, that we assume data packet sizes as multiple of 4 byte per 20 ms radio block in order to cope with the variable RTP packet size sent by the MPEG-4 codec (see section 5.2), starting with minimum data packet sizes of 6 and 8 byte in the case of short RTP packets with few update information. The first 6 transport formats with smaller packet sizes up to 24 byte are dedicated to GMSK, due to coding rates below 0.5. Generally coding rates below 0.5 are selected due to the low target SDU error rates (around 10-3 to 10-4). For larger packet sizes 8-PSK modulation is selected, in this case for the latter 16 transport formats. Note, that each transport format can be activated in one physical channel, thus MPEG-4 video traffic with up to 640 byte per 100 ms can be distributed over multiple timeslots, each using the same transport format. Hence in this example the maximum video packet information may be sent over 4 timeslots either using transport format 8 without using Incremental Redundancy or transport format 16 using Incremental Redundancy.

Note, the size of the data packet to be carried over GERAN in a radio block of 20 ms must be determined according to the actual channel conditions. However the IR concept ensures that a transport format may work in an efficient way when short-time link degradations occur. 

	Transport Format
	Modulation type
	Source data size per 20ms RB [byte]
	CRC size [bit]
	Tail bits
	Encoder input
	Coding Rate
	Encoder output
	Repetition

rate
	Punctured bits
	Data per RB
	TFCI
	coded TFCI
	bits per RB
	Remarks

	1
	GMSK
	6
	12
	6
	66
	 1/3
	198    
	2
	-32    
	428
	5
	36
	464
	

	2
	GMSK
	8
	12
	6
	82
	 1/3
	 246    
	2
	64    
	428
	5
	36
	464
	

	3
	GMSK
	12
	12
	6
	114
	 1/3
	342    
	2
	256    
	428
	5
	36
	464
	

	4
	GMSK
	16
	12
	6
	146
	 1/3
	438    
	1
	30    
	428
	5
	36
	464
	

	5
	GMSK
	20
	12
	 6
	178
	 1/3
	534    
	1
	106    
	428
	5
	36
	464
	

	6
	GMSK
	24
	12
	6
	210
	 1/3
	630    
	1
	202    
	 428
	5
	36
	464
	

	7
	8-PSK
	28
	12
	6
	242
	 1/3
	726    
	2
	96    
	1356
	5
	36
	1392
	

	8
	8-PSK
	32
	12
	6
	274
	 1/3
	822    
	2
	288    
	1356
	5
	36
	1392
	640 byte throughput by 4 TS, no IR or 8 TS with IR

	9
	8-PSK
	36
	12
	6
	306
	 1/3
	918    
	2
	480    
	1356
	5
	36
	1392
	

	10
	8-PSK
	40
	12
	6
	338
	 1/3
	1014    
	2
	672    
	1356
	5
	36
	1392
	

	11
	8-PSK
	44
	12
	6
	370
	 1/3
	1110    
	2
	864    
	1356
	5
	36
	1392
	

	12
	8-PSK
	48
	12
	6
	402
	 1/3
	1206    
	2
	1056    
	1356
	5
	36
	1392
	

	13
	8-PSK
	52
	12
	6
	434
	 1/3
	1302    
	2
	1248    
	1356
	5
	36
	1392
	

	14
	8-PSK
	56
	12
	6
	466
	 1/3
	1398    
	1
	42    
	1356
	5
	36
	1392
	

	15
	8-PSK
	60
	12
	6
	498
	 1/3
	1494    
	1
	138    
	1356
	5
	36
	1392
	

	16
	8-PSK
	64
	12
	6
	530
	 1/3
	1590    
	1
	234    
	1356
	5
	36
	1392
	640 byte throughput by 2 TS, no IR or 4 TS with IR

	17
	8-PSK
	72
	12
	6
	594
	 1/3
	1782    
	1
	 426    
	1356
	5
	36
	1392
	

	18
	8-PSK
	80
	12
	6
	658
	 1/3
	1974    
	1
	618    
	1356
	5
	36
	1392
	

	19
	8-PSK
	88
	12
	6
	722
	 1/3
	2166    
	1
	810    
	1356
	5
	36
	1392
	

	20
	8-PSK
	100
	12
	6
	818
	 1/3
	2454    
	1
	1098    
	1356
	5
	36
	1392
	

	21
	8-PSK
	112
	12
	6
	914
	 1/3
	2742    
	1/2
	15    
	1356
	5
	36
	1392
	

	22
	8-PSK
	128
	12
	6
	1042
	 1/3
	3126    
	1/2
	207    
	1356
	5
	36
	1392
	 640 byte throughput by 1 TS, no IR or 2 TS with IR


Tab. 2 : Example of transport formats for MPEG-4 video traffic over GERAN
5.5.2  MPEG-4 audio

If we assume a TFCI size of 5 bit, a coded TFCI size of 36 bit [Nokia contribution GERAN#11], and an overall block size of 464 bit for GMSK and 1392 bit for 8-PSK, 428 bit are left for the encoded data in the GMSK case and 1356 bit in the 8-PSK case. These identify the container sizes per 20 ms radio block (RB) per active time slot.

On the other hand, using the proposed AMR codec with 7.95 kbit/s constant bit rate, see section 5.3, then 260 byte are sent every 200 ms to GERAN. Hence a 20 ms radio block in GERAN must deliver source data packets of 26 byte size. 

Tab. 3 depicts all transport formats used for FLO in the case of MPEG-4 audio, which is to be transported over one halfslot or one fullslot or 2 fullslots, depending on the configuration setup.

The approach taken in this example here is, that we assume data packet sizes as multiple of 13 byte per 20 ms. The most robust transport format may occupy 2 time slots to deliver each 130 byte per 200 ms. No Incremental Redundancy is possible in this case, as is valid for the second transport format. For transport formats with increased data packet sizes Incremental Redundancy is possible, that is the transmission may stop earlier than the 200 ms interval ends when a new audio packet is sent to GERAN.

Note, the size of the data packet to be carried over GERAN in a radio block of 20 ms must be determined according to the actual channel conditions. However the IR concept ensures that a transport format may work in an efficient way when short-time link degradations occur. 

	Transport Format
	Modulation type
	Source data size per 20 ms RB [byte]
	CRC size

[bit]
	Tail bits
	Encoder input
	Coding Rate
	Encoder output
	Repetition rate
	Punctured bits
	Data per RB
	TFCI
	coded TFCI
	bits per RB
	Remarks

	1
	GMSK
	13
	12
	6
	122
	 1/3
	366    
	2
	304    
	428
	5
	36
	464
	2 TS, no IR

	2
	 GMSK
	26
	12
	6
	226
	 1/3
	678    
	1
	250    
	428
	5
	36
	 464
	1 TS, no IR

	3
	GMSK
	39
	12
	6
	330
	 1/3
	990    
	1/2
	67    
	428
	5
	36
	464
	1 TS, IR

	4
	8-PSK
	26
	12
	6
	226
	 1/3
	678    
	2
	 0    
	1356
	5
	36
	1392
	1 TS, no IR

	5
	8-PSK
	39
	12
	6
	330
	 1/3
	990    
	2
	624    
	1356
	5
	36
	1392
	1 TS, IR

	6
	8-PSK
	52
	12
	6
	434
	 1/3
	1302    
	1
	 -54    
	1356
	5
	36
	1392
	1 TS, IR

	7
	8-PSK
	52(2*26)
	2*12
	2*6
	2*226
	 1/3
	2*678    
	1
	0    
	1356
	5
	36
	 1392
	1/2 TS,no IR

	8
	8-PSK
	65
	12
	6
	538
	 1/3
	1614    
	1
	258    
	1356
	5
	36
	1392
	1 TS, IR

	9
	8-PSK
	78
	12
	6
	642
	 1/3
	1926    
	1
	570    
	1356
	5
	 36
	1392
	1 TS, IR

	10
	8-PSK
	91
	12
	6
	746
	 1/3
	2238    
	1
	882    
	1356
	5
	36
	1392
	1 TS, IR

	11
	 8-PSK
	104
	12
	6
	850
	 1/3
	2550    
	1
	1194    
	1356
	5
	36
	1392
	1 TS, IR

	12
	8-PSK
	104(2*52)
	2*12
	2*6
	2*434
	 1/3
	2*1302    
	1/2
	2*(-54)    
	1356
	5
	36
	1392
	1/2 TS, IR


Tab. 3 : Example of transport formats for MPEG-4 audio traffic over GERAN
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Annex A1: Rate Matching Algorithm Description (Source: Ericsson)

In this Annex we present an alternative description of the rate matching algorithm, which was proposed by Ericsson during an offline discussion on the rate matching algorithm to be included in the TR for FLO [1].

Notation used:
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Number of bits in an encoded block before rate matching on TrCH i with transport format combination j.
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, where m=0,…, 
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-1. The bits in an encoded block before rate matching on TrCH i with transport format combination j.


[image: image11.wmf]j

i

N

,

D



If positive, 
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 denotes the number of bits that have to be repeated in a radio segment on TrCH i with transport format combination j in order to produce a radio frame.


If negative,
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 denotes the number of bits that have to be punctured in a radio segment on TrCH i with transport format combination j in order to produce a radio frame.


If null, no bits have to be punctured nor repeated, i.e. the rate matching is transparent and the content of the radio frame is identical to the content of the radio segment on TrCH i with transport format combination j.
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Semi-static rate matching attribute for transport channel i.
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Intermediate calculation variable (denotes the start position in the CCTrCH block of the punctured or repeated radio frame from TrCH i when using TFC j).

For each radio block using transport format combination j, the number of bits to be repeated or punctured (Ni,j within one encoded block for each TrCH i is calculated with the following equations:
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for all i = 1 … I
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for all i = 1 … I

The rate matching rule is as follows:

if 
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-- puncturing is to be performed


for p=0 to 
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puncture bit 
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  where 
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end for

else if 
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-- repetition is to be performed


for p=0 to 
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repeat bit 
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where 
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end for

else


-- 
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 = 0


do nothing
-- no repetition nor puncturing

end if.

Annex A2 : Extension of Rate Matching Algorithm for Incremental 

  Redundancy

The following derivation shown details the mechanism by which Incremental Redundancy versions may be supported using the rate matching algorithm defined in the current FLO TR [1]. The derivation is based on the alternative description of the algorithm shown in Annex A1.

if p =0 to |(Nij|-1, puncture bit bim with 
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the last bit to be punctured would be
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For puncturing
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(the number of bits to be punctured cannot be higher than the total number of bits), therefore
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and therefore
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So, the last bit is never punctured (unless all bits are punctured). Therefore it is possible to have at least two puncturing patterns. Furthermore, when
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then three puncturing patterns will be possible. This leads us to two alternative proposals. Firstly, we define the new puncturing algorithm as
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In the first case we define the following Incremental Redundancy versions depending upon the ratio Nij/|(Nij|.

For                  
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and for            
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Alternatively, the number of Incremental Redundancy schemes could be limited to two. In the first redundancy version, puncturing starts add the beginning of the block working forwards, and in the second version at the end of the block and working backward. Thus,

For the 1st redundancy version
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and for the 2nd redundancy version
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For repetition the only limiting factor is if all bits are repeated. In this case the second redundancy version would also repeat all the bits within an encoded transport block. Using a similar analysis to the one above we find that

if 
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