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1. Introduction

VoIMS RAB is assumed to be treated in service agnostic manner, meaning that no particular consideration will be given to deciding RLC PDU sizes. 

[1]indicates that around 80 msec will be consumed to process a voice frame in UTRAN uplink. This is caused mainly by processing delay in UE and Node B and interleaving delay in UE, so it has nothing to do with buffering delay.

It is general assumption that at least 250 msec end-to-end delay should be guranteed to ensure comfortable user perception, so VoIP packet should be served as soon as it generated. 

Given that one RLC SDU is transmitted during a TTI, RLC PDU size affects frame-fill efficiency very much. 

This paper analyzes expected RLC SDU sizes of VoIP RAB, and frame-fill efficiency when they are carried …

2. RLC SDU size estimation
PDCP compresses IP/UDP/RTP packet with ROHC protocol and delivers compressed packets to RLC entity. Then a RLC SDU comprises with following components.

RLC SDU = PDCP header + ROHC feedback header + ROHC base header + ROHC extension header + UDP checksum + AMR payload

Below table summarizes above headers. 

<Table 1>

	HEADERS
	SIZE
	FIELDS
	NOTE

	PDCP header
	1 
	PDU type, PID 
	-

	ROHC feedback header
	ACK
	2
	Pkt type, code, Feedback 1
	Used to acknowledge normal updates

	
	ACK with mode change
	3
	Pkt type, code, Feedback 2
	Used in the initial phase

	
	NACK
	3
	Pkt type, code, Feedback 2
	Used to negatively acknowledge

	
	REJECT option
	4
	Pkt type, code, Feedback 2, option
	Used to reject a configuration offered by compressor.

	ROHC base header
	R-0
	1
	6 bit SN
	Used in normal situation

	
	R-0-CRC
	2
	7 bit SN, 7 bit CRC
	Used to update RTP sequence number

	
	R-1
	2
	6 bit SN, M, X, 6 bit TS
	When M changes, or when extension needed.

	
	R-2
	3
	6 bit SN, M, X, 6 bit TS, 7 bit CRC
	Used to update reference values

	ROHC extension header
	Ext 0
	1
	SN, TS
	Used to signal bigger SN or TS 

	
	Ext 1
	2
	SN, TS
	Used to signal bigger SN or TS

	
	Ext 2
	3
	SN, TS
	Used to signal bigger SN or TS

	
	Ext 3
	variable
	-
	Used to update any of dynamic field value

	UDP checksum
	2
	-
	In IPv6, UDP checksum is always turned on, and sent uncompressed.

	AMR Payload 
	Speech
	32
	
	During talk spurt, every 20 msec

	
	SID
	7
	
	During silent period, every 160 msec


Actually above table does not capture all possible formats especially of ROHC feedbacks and ROHC Ext 3, though the number of combinations is already 20.

· Number of possible SDU sizes = number of possible ROHC header size * number of AMR payload = 10 * 2 = 20

· Range of possible ROHC header sizes = 3 byte (ROHC base header + UDP checksum) ~ 12 byte (4 byte ROHC feedback hdr + 3 byte ROHC base hdr + 3 byte ROHC ext hdr + UDP checksum)

20 different SDU sizes seems too many to be efficiently handled in UTRAN, but not all of them will be used. Indeed only small part of them will be used during a ROHC session. 

Let’s look at how ROHC works in a rather simplified example. Only uplink is considered.

· UE/compressor sends consecutive IR packets to RNC/decompressor at the initial phase. This continues for a round trip time. 
· After then UE/compressor goes to the SO state and starts to sends R-0 packet until it needs to update reference value for RTP SN. 

· When RTP SN reference value is about to be updated, UE/compressor sends m1 R-0-CRC packets. m1 is a ROHC configuration parameter. 

· When UE/compressor receives ACK from RNC/decompressor, it sends R-0 again. 

· Meanwhile, when the UE/decompressor receives e.g. R-0-CRC from RNC/compressor, UE/compressor piggyback ACK in ROHC packet. 

· Meanwhile, when the UE/compressor needs to update RTP TS reference value, it sends R2-Ext 3. We can eliminate this case if we use timer-based compression of RTP TS [RFC 3095 4.5.4] 

· Meanwhile, when the UE/compressor needs to update any of dynamic field value, it sends R2-Ext 3. But this is quite unlikely event that dynamic fields other than RTP SN and RTP TS changes in point to point pure VoIP communication. 

· At the boundary of talk spurt/silent period, UE/compressor sends R-2 to update M value.

From above, we can assume following ROHC packets to be used most of time. Please note that IR-DYN is included just for safety reason.

· IR : it is used to initialize the context of the decompressor. 

· IR-DYN : it is used to initialize the dynamic part of the context. 

· R-0 : it is used to signal 6 LSBs of RTP SN. It is the most frequently used packet. 

· R-0-CRC : it is used to update reference value of RTP SN. It is sent for m1 packets when (64 – pRTT
) packets are sent since the last acked reference.

· R-2-Ext3 : In cases when  UE/compressor needs to signal more LSBs of the RTP SN, R-2-Ext3 packet is sent. 

· R-2 : At boundary of talk spurt/silent period, compressor sends R-2 packets to signal changed M

· R-0-ACK : When UE/decompressor receives R-0-CRC or R-2-Ext3, it piggyback acknowledgement in e.g. R-0 packet. 

Table 2 gives estimated sizes and the ratios of each ROHC packets with the following assumptions,.

· CID 0 is allocated, so there is no Add CID octect in ROHC header

· RTT between UE and RNC is assumed to be 160 msec, therefore pRTT is 8.

· m1 is 3.
· Sufficient CRC protection is given to the packet so that residual bit error is negligible. Therefore NACK is not used.

· RTP TS is compressed by timer-based compression, so there is no need to update RTP TS.

· Talk spurt and silent period is alternating every 1 second.

· Dynamic part other than RTP SN, RTP TS and M
 never change. 

<Table 2>

	Packet type
	Size

	Ratio
	Note

	IR
	63
	
	8 consecutive IR packets are transmitted during an initial phase

	IR-DYN
	15
	0.01
	When compressor does not know how decompressor’s context is corrupted, IR-DYN is sent. This is indeed very rare case in R-mode in conjunction with CRC protected radio interface, ratio of 0.01 is assumed as a wild guess.

	R-0
	3
	0.867
	This will be sent except when other packets are sent. During a normal operation, 61 R-0 packets and 3 R-0-CRC packets will alternate. 

	R-0-CRC
	4
	0.044
	During a normal operation, 61 R-0 packets(including R-0-ACK) and 3 R-0-CRC packets will alternate.

	R-2
	5
	0.040
	This packet is sent twice per second. So the ratio is 2/50

	R-2-Ext3
	7
	0.010
	This packet is sent when compressor does not receive ACK for R-0-CRC burst. This happens when 3 consecutive packets are lost. ratio of 0.01 is assumed as a wild guess.  

	R-0-ACK
	5
	0.029
	It is sent to acknowledge R-0-CRC burst, therefore 3 R-0-CRC packets are generated per 64 packets.


Assuming 10 minute’s 12.2 kbps AMR coded VoIP call with talk spurt/silent period alternating every 1 second, table 3 gives RLC SDU sizes and number of occurrence. PDCP header is assumed ‘not present’.

<Table 3>
	RLC SDU
	Size
	Number of Appearances
	Appearances ratio

	IR-speech
	95
	8 
	0.00%

	IR-DYN-speech
	47
	1500 
	0.89%

	R-0-speech
	35
	118961 
	77.02%

	R-0-CRC-speech
	36
	17625 
	3.92%

	R-2-speech
	37
	6000 
	3.56%

	R-2-Ext3-speech
	39
	1500 
	0.89%

	R-0-ACK-speech
	37
	4406 
	2.61%

	IR-DYN-SID
	22
	188 
	0.11%

	R-0-SID
	10
	14871 
	9.63%

	R-0-CRC-SID
	11
	2203 
	0.49%

	R-2-SID
	12
	750 
	0.44%

	R-2-Ext3-SID
	14
	188 
	0.11%

	R-0-ACK-SID
	12
	551 
	0.33%


SID is being generated during silent period
3. Frame fill efficiency: Padding Ratio in case of 12.2 kbps AMR
The frame-fill efficiency of the PS conversational RAB defined in 34.108 is listed in the table 4.

Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB uses 3 TB sizes; 928, 312, 104 bit.
Padding ratio is the ratio between payload size of PDUs for a SDU and the overall size of PDUs for a SDU, and calculated as below.
Padding Ratio of a RLC SDU = 1 – [(RLC SDU size + n ( RLC header size + 2 ( Length Indicator size) / RLC PDU size ( n]
where Length indcaotor size and RLC header size are 8 bit, and the n is the number of RLC PDUs for the RLC SDU.

For example, the padding ratio of a IR-speech is

Padding Ratio =  1 – [(768 + 1 ( 8 + 2 ( 8) / 920 ( 1] =  0.1391
Weighted padding ratio is the padding ratio multiplied by the appearance ratio of corresponding RLC SDU type. 
<Table 4>
	RLC SDU  Type
	RLC SDU Size
	RLC PDU configuration
	Padding ratio
	Weighted Padding Ratio

	IR-speech
	768
	928
	14.66%
	0.00%

	IR-DYN-speech
	384
	928
	56.03%
	0.50%

	R-0-speech
	288
	312
	0.00%
	0.00%

	R-0-CRC-speech
	296
	928
	65.52%
	2.57%

	R-2-speech
	304
	928
	64.66%
	2.30%

	R-2-Ext3-speech
	320
	928
	62.93%
	0.56%

	R-0-ACK-speech
	304
	928
	64.66%
	1.69%

	IR-DYN-SID
	184
	312
	33.33%
	0.04%

	R-0-SID
	88
	312
	64.10%
	6.17%

	R-0-CRC-SID
	96
	312
	61.54%
	0.30%

	R-2-SID
	104
	312
	58.97%
	0.26%

	R-2-Ext3-SID
	120
	312
	53.85%
	0.06%

	R-0-ACK-SID
	104
	312
	58.97%
	0.19%

	Net Padding Ratio
	14.64%


We observe in the table that 104 bit transport block size which is supposed to serve silent period is never used. That’s because 104 bit is too small even to contain the smallest silent period packet.

The required RLC PDU size of R-0-SID = RLC header size (=8 bit) + RLC LI size(=16 bit) + PDCP header size (= 8 bit) + ROHC base hdr (= 8 bit) + UDP checksum (= 16 bit) + SID (=56 bit) = 112 bit. 

Proposal 1) 104 bit Transport block size should be replaced by 112 bit transport block size.
Resulting padding ration is shown in table 5

<Table 5>
	RLC SDU  Type
	RLC SDU Size
	RLC PDU configuration
	Padding ratio
	Weighted Padding Ratio

	IR-speech
	768
	928
	14.66%
	0.00%

	IR-DYN-speech
	384
	928
	56.03%
	0.50%

	R-0-speech
	288
	312
	0.00%
	0.00%

	R-0-CRC-speech
	296
	928
	65.52%
	2.57%

	R-2-speech
	304
	928
	64.66%
	2.30%

	R-2-Ext3-speech
	320
	928
	62.93%
	0.56%

	R-0-ACK-speech
	304
	928
	64.66%
	1.69%

	IR-DYN-SID
	184
	312
	33.33%
	0.04%

	R-0-SID
	88
	112
	0.00%
	0.00%

	R-0-CRC-SID
	96
	312
	61.54%
	0.30%

	R-2-SID
	104
	312
	58.97%
	0.26%

	R-2-Ext3-SID
	120
	312
	53.85%
	0.06%

	R-0-ACK-SID
	104
	312
	58.97%
	0.19%

	Net Padding Ratio
	8.46%


4. Frame fill efficiency: Padding Ratio in case of multi-rate AMR operations
In AMR VoIP, mode change is requested by the peer vocoder, using CMR(Codec Mode Request) field in AMR payload header[RFC 3267 3.3]. Therefore it is possible that VoIMS UE adjust its codec mode to obey a request from the peer entity. One example would be when REL 6 UEs are doing ARM VoIP without a vocoder in between, then each UE may try to adjust peer UE’s codec mode according to radio condition (or according to the reception quality). 

Below table lists the size of AMR payload including AMR header in Bandwidth efficient mode.

<Table 6>

	Frame Type
	Frame content (AMR mode, comfort noise, or other)
	CLASS A
	CLASS B
	CLASS C
	Total Size

	0
	AMR 4,75 kbit/s
	42
	53
	0
	112

	1
	AMR 5,15 kbit/s
	49
	54
	0
	120

	2
	AMR 5,90 kbit/s
	55
	63
	0
	128

	3
	AMR 6,70 kbit/s (PDC-EFR)
	58
	76
	0
	144

	4
	AMR 7,40 kbit/s (TDMA-EFR)
	61
	87
	0
	160

	5
	AMR 7,95 kbit/s
	75
	84
	0
	176

	6
	AMR 10,2 kbit/s
	65
	99
	40
	216

	7
	AMR 12,2 kbit/s (GSM-EFR)
	81
	103
	60
	256

	8
	AMR SID
	39
	0
	0
	56


It is clear that frame fill efficiency would be harmed if codec mode changes during a call, because the size of SDUs generated from other codec modes are smaller than that generated by the 12.2 kbps codec. 

For example padding ratio of 7.4 kbps mode is listed below.
<Table 7>
	RLC SDU  Type
	RLC SDU Size
	RLC PDU configuration
	Padding ratio
	Weighted Padding Ratio

	IR-speech
	672
	928
	25.00%
	0.00%

	IR-DYN-speech
	288
	312
	0.00%
	0.00%

	R-0-speech
	192
	312
	30.77%
	23.70%

	R-0-CRC-speech
	200
	312
	28.21%
	1.10%

	R-2-speech
	208
	312
	25.64%
	0.91%

	R-2-Ext3-speech
	224
	312
	20.51%
	0.18%

	R-0-ACK-speech
	208
	312
	25.64%
	0.67%

	IR-DYN-SID
	184
	312
	33.33%
	0.04%

	R-0-SID
	88
	112
	0.00%
	0.00%

	R-0-CRC-SID
	96
	312
	61.54%
	0.30%

	R-2-SID
	104
	312
	58.97%
	0.26%

	R-2-Ext3-SID
	120
	312
	53.85%
	0.06%

	R-0-ACK-SID
	104
	312
	58.97%
	0.19%

	Net Padding Ratio
	27.42%


The net paddig ratio of [928, 312, 112] for 7.4 kbps is around 32 % meaning that about 1/3 of a RLC PDU is filled up with padding bits. This is not very different for other codec modes, of which padding ratios are listed in the table 8. 
<Table 8>

	Codec Type
	Net padding ratio

	AMR 4,75 kbit/s
	41.10%

	AMR 5,15 kbit/s
	38.82%

	AMR 5,90 kbit/s
	36.54%

	AMR 6,70 kbit/s (PDC-EFR)
	31.98%

	AMR 7,40 kbit/s (TDMA-EFR)
	27.42%

	AMR 7,95 kbit/s
	23.48%

	AMR 10,2 kbit/s
	12.16%

	AMR 12,2 kbit/s (GSM-EFR)
	8.46%

	Average Net padding ratio
	27.50%


It is observed from the above table that padding ratio of codec modes other than 12.2 kbps are too high to be used in the air interface. 
5. Enhancing frame-fill efficiency

We observed that frame fill efficiency will be severely harmed in AMR multi-rate operation with the current RAB combination for PS conversational defined. 
There may be 2 alternatives to enhance the efficiency.

1. to disallow multi rate operation of AMR codec. codec negotiation is performed by SDP in VoIP, so this approach may require change of the specifications governed by IETF. Moreover it is not clear whether we can do this without affecting other communication link’s efficiency

2. to make RNC aware of AMR VoIP RAB, and defines efficient RLC PDU sizes to cope with AMR multi-rate operation.    

For the second approach, we may define number of PDU sizes customized to a codec mode or codec modes. To see how much gain we could have with the second approach following 4 configurations are assumed. 
Configuration 1

· Modified  PS RAB configuration defined in 34.108. 

· 3 RLC PDU sizes = [928 bit, 312 bit, 112 bit]

· 4 TBS sizes = [0 x 928, 1 x 112, 1 x 312, 1 x 928]

Configuration 2

· RLC PDU sizes are tuned to R-0-speech-6.70, R-0- speech-12.2 and R-0-SID. 
· 3 RLC PDU sizes = [312 bit, 200 bit, 112 bit]

· 6 TBS sizes = [0 x 312, 1 x 112, 1 x 200, 1 x 312, 2 x 312, 3 x 312]

Configuration 3
· RLC PDU sizes are tuned to R-0-speech-6.70, R-0- speech-7.95, R-0- speech-10.2 , R-0- speech-12.2, R-0-ACK-speech-12.2 and R-0-SID. 
· 6 RLC PDU sizes = [328 bits, 312 bit, 272 bit, 232 bit, 200 bit, 112 bit]

· 9 TBS sizes = [0 x 312, 1 x 112, 1 x 200, 1 x 232, 1 x 272, 1 x 312, 1 x 328, 2 x 312, 3 x 312]

Configuration 4
· RLC PDU sizes are tuned to R-0-speech-4.75, R-0-speech-5.15, R-0-speech-5.90, R-0-speech-6.70, R-0- speech-7.95, R-0- speech-10.2 , R-0- speech-12.2, R-0-ACK-speech-12.2 and R-0-SID. 9

· 10 RLC PDU sizes = [328 bits, 312 bit, 272 bit, 232 bit, 216 bit, 200 bit, 184 bit, 176 bit, 168 bit, 112 bit]

· 13 TBS size = [0 x 312, 1 x 112, 1 x 168, 1 x 176, 1 x 184, 1 x 200, 1 x 216, 1 x 232, 1 x 272, 1 x 312, 1 x 328, 2 x 312, 3 x 312]

Table 8 shows the average padding ratio of those configurations.
<Table 9>

	Codec mode
	Net padding ratio of config.1  (4 TBSs)
	Net padding ratio of config.2  (6 TBSs)
	Net padding ratio of config.3  (9 TBSs)
	Net padding ratio of config.4 (13 TBSs)

	AMR 4,75 kbit/s
	41.10%
	13.97%
	13.86%
	0.37%

	AMR 5,15 kbit/s
	38.82%
	10.76%
	10.64%
	0.34%

	AMR 5,90 kbit/s
	36.54%
	7.23%
	7.23%
	0.44%

	AMR 6,70 kbit/s (PDC-EFR)
	31.98%
	4.07%
	2.32%
	0.96%

	AMR 7,40 kbit/s (TDMA-EFR)
	27.42%
	27.11%
	6.04%
	0.56%

	AMR 7,95 kbit/s
	23.48%
	23.02%
	1.97%
	1.80%

	AMR 10,2 kbit/s
	12.16%
	11.68%
	1.78%
	1.61%

	AMR 12,2 kbit/s (GSM-EFR)
	8.47%
	6.08%
	1.32%
	1.15%

	Average padding ratio
	27.50%
	12.99%
	5.64%
	0.90%


From the table it is shown that more TBS sizes we have, More efficient frame fill efficiency is achieved. 

Proposal 2) it is proposed to discuss;
· Whether multi-rate operation should be considered
· If so, how many TBSs should be defined for a VoIMS RAB

· For which codec mode do we  want to tune TBS sizes 

6. Conclusions
It is shown that currently defined TBS sizes for PS conversational RAB is not efficient in a sense that;
· 104 bit transport block is never used in case of PDCP header configured as ‘present’.

· In average almost 1/3 of a RLC PDU is padded in AMR multi-rate operation. 

It is also shown that padding ratio is enhance from 27.50 % to 5.64 % when 5 more TBSs are defined. 
It is proposed to discuss above aspects, and to define new PS RAB configuration for VoIMS. RAB configurations of configuration 1/2/3/4 are presented in the annex.
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Annex. A: RAB configuration with 4 TBSs.  : No consideration is given to AMR multi-rate operation 
Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB 
	Higher layer
	RAB/Signalling RB
	RAB

	PDCP
	PDCP header size, bit
	8

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	920, 304, 104

	
	Max data rate, bps
	46000

	
	UMD PDU header, bit
	8

	MAC
	MAC header, bit
	0

	
	MAC multiplexing
	N/A

	Layer 1
	TrCH type
	DCH

	
	TB sizes, bit
	928, 312, 112

	
	TFS
	TF0, bits
	0x928

	
	
	TF1, bits
	1x112

	
	
	TF2, bits
	1x312

	
	
	TF3, bits
	1x928

	
	TTI, ms
	20

	
	Coding type
	TC

	
	CRC, bit
	16

	
	Max number of bits/TTI after channel coding
	2844

	
	Uplink: Max number of bits/radio frame before rate matching
	1422

	
	RM attribute
	180-220


Annex. B: RAB configuration with 6 TBSs.  : tunned to 12.2 kbps, 6.7 kbps 
Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB 
	Higher layer
	RAB/Signalling RB
	RAB

	PDCP
	PDCP header size, bit
	8

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	304, 192, 104

	
	Max data rate, bps
	45600

	
	UMD PDU header, bit
	8

	MAC
	MAC header, bit
	0

	
	MAC multiplexing
	N/A

	Layer 1
	TrCH type
	DCH

	
	TB sizes, bit
	320, 200, 112

	
	TFS
	TF0, bits
	0x312

	
	
	TF1, bits
	1x112

	
	
	TF2, bits
	1x200

	
	
	TF3, bits
	1x312

	
	
	TF4, bits
	2x312

	
	
	TF5, bits
	3x312

	
	TTI, ms
	20

	
	Coding type
	TC

	
	CRC, bit
	16

	
	Max number of bits/TTI after channel coding
	?

	
	Uplink: Max number of bits/radio frame before rate matching
	?

	
	RM attribute
	?


Annex. C: RAB configuration with 9 TBSs.  : tunned to 12.2 kbps, 10.2 kbps, 7.95 kbps, 6.7 kbps
Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB 
	Higher layer
	RAB/Signalling RB
	RAB

	PDCP
	PDCP header size, bit
	8

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	320, 304, 264, 224, 192, 104

	
	Max data rate, bps
	45600

	
	UMD PDU header, bit
	8

	MAC
	MAC header, bit
	0

	
	MAC multiplexing
	N/A

	Layer 1
	TrCH type
	DCH

	
	TB sizes, bit
	328, 312, 272, 232, 200, 112

	
	TFS
	TF0, bits
	0x312

	
	
	TF1, bits
	1x112

	
	
	TF2, bits
	1x200

	
	
	TF3, bits
	1x232

	
	
	TF4, bits
	1x272

	
	
	TF5, bits
	1x312

	
	
	TF6, bits
	1x328

	
	
	TF7, bits
	2x320

	
	
	TF8, bits
	3x320

	
	TTI, ms
	20

	
	Coding type
	TC

	
	CRC, bit
	16

	
	Max number of bits/TTI after channel coding
	?

	
	Uplink: Max number of bits/radio frame before rate matching
	?

	
	RM attribute
	?


Annex. D: RAB configuration with 9 TBSs.  : tunned to all codec modes
Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB 
	Higher layer
	RAB/Signalling RB
	RAB

	PDCP
	PDCP header size, bit
	8

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	320, 304, 264, 224, 206, 192,176, 168, 160, 104

	
	Max data rate, bps
	45600

	
	UMD PDU header, bit
	8

	MAC
	MAC header, bit
	0

	
	MAC multiplexing
	N/A

	Layer 1
	TrCH type
	DCH

	
	TB sizes, bit
	328, 312, 272, 232, 216, 200,184, 176, 168, 112

	
	TFS
	TF0, bits
	0x320

	
	
	TF1, bits
	1x112

	
	
	TF2, bits
	1x168

	
	
	TF3, bits
	1x176

	
	
	TF4, bits
	1x184

	
	
	TF5, bits
	1x200

	
	
	TF6, bits
	1x216

	
	
	TF7, bits
	1x232

	
	
	TF8, bits
	1x272

	
	
	TF9, bits
	1x312

	
	
	TF10, bits
	1x328

	
	
	TF11, bits
	2x320

	
	
	TF12, bits
	3x320

	
	TTI, ms
	20

	
	Coding type
	TC

	
	CRC, bit
	16

	
	Max number of bits/TTI after channel coding
	?

	
	Uplink: Max number of bits/radio frame before rate matching
	?

	
	RM attribute
	?


Annex. E: RAB configuration with 6 TBSs.  : tunned to 12.2 kbps achieving  1.66 % padding ratio
Transport channel parameters for Conversational / speech / UL:42.8 kbps / PS RAB 
	Higher layer
	RAB/Signalling RB
	RAB

	PDCP
	PDCP header size, bit
	8

	RLC
	Logical channel type
	DTCH

	
	RLC mode
	UM

	
	Payload sizes, bit
	320, 304, 104

	
	Max data rate, bps
	45600

	
	UMD PDU header, bit
	8

	MAC
	MAC header, bit
	0

	
	MAC multiplexing
	N/A

	Layer 1
	TrCH type
	DCH

	
	TB sizes, bit
	328, 320, 112

	
	TFS
	TF0, bits
	0x312

	
	
	TF1, bits
	1x112

	
	
	TF2, bits
	1x312

	
	
	TF3, bits
	1x328

	
	
	TF4, bits
	2x312

	
	
	TF5, bits
	3x312

	
	TTI, ms
	20

	
	Coding type
	TC

	
	CRC, bit
	16

	
	Max number of bits/TTI after channel coding
	?

	
	Uplink: Max number of bits/radio frame before rate matching
	?

	
	RM attribute
	?











































































































� pRTT is the number of packets that are sent during a round trip time


� Other dynamic fields are Traffic class, Hop Limit, Next header and Payload Type. Traffic class has limited usage in IPv6, and there is no realistic reason to change the field during a session. Hop limit has some possibility of changing, but in the uplink it is constant. If we consider ptp VoIP with IPsec disabled, IP header extension is not needed. We exclude the possibility of changing payload type during a session. please note that rate change is not signaled in payload type field, but in AMR header. 


� this includes UDP checksum field which is appended at the end of ROHC header.
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