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1.
Introduction
RAN1 has worked on the TB sizes and completed a table. There have been three concerns raised during the RAN2 #62 meeting.

· 56 bit TB size occurs only once. This could limit the scheduling flexibility.

· 32 bit TB size does not exist, which is needed for the long BSR transmission.

· TB sizes should be chosen with the typical VoIP packet size into account.

The current TB size table has two entries for 32 bit, therefore the second concern is not valid. However, the first and the last concern are valid ones. This contribution analyzes the issue and proposes a way forward to resolve the those concerns.  
2.
Discussion

56 bit TB size

This is for message 3 transmission. Only one entry is defined in the current table as [3RBs, QPSK, 0.111]. Since the message 3 should be sent with low MCS, the defined one seems fine for most cases. However, a smaller cell might want to schedule more aggressively. We believe it would be nice to have one more entry with higher MCS if there is an entry to replace with. Currently there are two entries of 48 bit TB size which is almost useless in RAN2 perspective. Three byte PDCP SDU is carried within 48 bit TB, which is too small for any user traffic or DCCH message. We assume that one of them could be redefined to 56 bit TB size.  

Proposal 1
· To define one more entry for 56 bit TB in the 1 RB or 2 RB table, whichever is more suitable in RAN1 point of view. 

· One of current 48 bit TB size could be replaced with the new 56 bit TB size.
TB sizes for VoIP
TB size suitable for VoIP could be delivered from the formula below.
TB size = PDCP SDU size after header compression+ PDCP header + RLC header + MAC header
Below are list of noteworthy when VoIP packet size is considered.

· PDCP SDU size after header compression is the sum of the size of the ROHC header and the size of the VoIP frame. 
· The size of the ROHC header is variable depending on the header compression state, mode, used CID and the presence of UDP checksum field.

· The size of the VoIP frame is variable depending on the codec type/mode and used framing mode (OA or BE)

To estimate the most suitable size for the VoIP, the size of each component contributing TB size should be estimated first. Following values/conditions are assumed.
· Each of PDCP header, RLC header and MAC header is 1 byte. 
· Small CID is used. Thus Add-CID octet is either 1 byte or 0 byte.

· Bandwidth Efficient framing is applied. The size of VoIP frame in BE mode is shown in the table 1.
<Table 1> The sizes of VoIP frames in NB/WB-AMR
	NB-AMR
	VoIP frame (bit)
	WB-AMR
	VoIP frame (bit)

	4,75 kbps
	112
	6.6 kbps
	144

	5,15 kbps
	120
	8.85 kbps
	192

	5,90 kbps
	128
	12.65 kbps
	264

	6,70 kbps
	144
	14.25 kbps
	296

	7,40 kbps
	160
	15.85 kbps
	328

	7,95 kbps
	176
	18.25 kbps
	392

	10,2 kbps
	216
	19.85 kbps
	408

	12,2 kbps
	256
	23.05 kbps
	472

	
	
	23.85 kbps
	488


The VoIP packet after header compression is comprised with Add CID octet, ROHC base header and the VoIP frame as shown below.
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Fig 1. The VoIP packet after the header compression

Add CID octet is either 0 byte or 1 byte. UDP checksum is either 0 byte or 2 byte depending on whether it is on or off. The size of ROHC base header lies between 1 byte ~ 60+ byte. Amongst them, almost all packets is the UO-0 (1 byte) or UO- 1(2 byte) or UOR-2 (3 byte) in a normal VoIP communication. That’s because normally only M field is updated during the transition between talk spurt and silent period. 

With the above in mind, table 2 shows the typical MAC PDU size with a typical VoIP packet in it. Note that Add CID is 0 byte and UDP checksum is 2 byte in the table below, meaning that CID 0 is used for the ROHC session and UDP checksum is on.
<Table 2> Typical sizes of VoIP packet in NB-AMR
	CODEC RATES
	　 VoIP frame 
	SIZE 1(+6 byte)
	SIZE 2(+7 byte)
	SIZE 3(+8 byte)

	4,75 kbps
	112
	160
	168
	176

	5,15 kbps
	120
	168
	176
	184

	5,90 kbps
	128
	176
	184
	192

	6,70 kbps
	144
	192
	200
	208

	7,40 kbps
	160
	208
	216
	224

	7,95 kbps
	176
	224
	232
	240

	10,2 kbps
	216
	264
	272
	280

	12,2 kbps
	256
	304
	312
	320


SIZE 1 denotes the size for the MAC PDU containing UO-0 packet, which will occur most frequently. SIZE 2 denotes the size for the MAC PDU containing UO-1 packet, which will occur once in a state transition. SIZE 3 denotes the size for the MAC PDU containing UOR-2 packet, which will occur when M and TS fields need to be updated together. To allow MCS change, Number of [# of RBs, MCS] should be defined per concerned TB sizes. In the first glance, 2 or 3 levels of MCS seem useful. Samsung doesn’t have a strong opinion. For the starting point, following three combinations are proposed per TB size. 
· [1 RB, proper MCS level], [2 RB, proper MCS level], [4 RB, proper MCS level].

Table 3 shows the additional entries to be added when all 17 TB sizes in the table 2 are to be supported. In the table red number indicates that the corresponding TB size needs to be added in the relevant RB table. Blue number indicates that the corresponding TB size is already supported in the relevant RB table. For example, there is no entry for 144 bit TB size in 1 RB, 2 RB and 4 RB table. Thus three new entries are required. All in all, 38 new entries are required. This is clearly too much to ask.
< Table 3>
	TB sizes
	RB tables to have the TB size
	tb sizes
	RB tables to have the TB size

	160
	1
	2
	4
	232
	1
	2
	4

	168
	1
	2
	4
	240
	1
	2
	4

	176
	1
	2
	4
	264
	1
	2
	4

	184
	1
	2
	4
	272
	1
	2
	4

	192
	1
	2
	4
	280
	1
	2
	4

	200
	1
	2
	4
	304
	1
	2
	4

	208
	1
	2
	4
	312
	1
	2
	4

	216
	1
	2
	4
	320
	1
	2
	4

	224
	1
	2
	4
	
	
	
	


To reduce the number of new entries, only part of typical sizes could be supported. If only SIZE 1 (tuned to the smallest VoIP packet size of a given codec rate) is supported, VoIP packet will be segmented sometimes but there will be no padding most of time. If only SIZE 2 or SIZE 3 is supported, the segmentation will occur much less frequently but there will be one or two byte padding most of time. We don’t have a strong preference, but supporting only SIZE 1 seems a bit risky. Following table shows the new combination to be supported if only SIZE 3 is supported. Still 16 new entries are required.
<Table 4> 

	TB sizes
	RB tables to have the TB size

	176
	1
	2
	4

	184
	1
	2
	4

	192
	1
	2
	4

	208
	1
	2
	4

	224
	1
	2
	4

	240
	1
	2
	4

	280
	1
	2
	4

	320
	1
	2
	4


To further reduce the number of new entries, only part of TB sizes for certain codec rates could be supported. As a consequence, other codec rates will be less efficiently supported in padding point of view. It should be noted that in a given limitation on the number of TB sizes and MCS levels it is anyway impossible to have the most efficient set of TB sizes. Table 5 shows the new entries to be supported if only SIZE 3 and the codec set of [5.15 kbps, 6.70kbps, 7.95 kbps, 12.20 kbps] are considered. The number of new entries is 7. 

<Table 5>

	TB sizes
	RB tables to have the TB size

	184
	1
	2
	4

	208
	1
	2
	4

	240
	1
	2
	4

	320
	1
	2
	4


Proposal 2
· To discuss which SIZE and which codec rates shall be considered. 
· As a starting point, entries in the table x (SIZE 3, 5.15 kbps, 6.70kbps, 7.95 kbps, 12.20 kbps) is proposed to be considered. 
3.
Conclusion

Two proposals are made.

Proposal 1
· To define one more entry for 56 bit TB in the 1 RB or 2 RB table, whichever is more suitable in RAN1 point of view. 

· One of current 48 bit TB size could be replaced with the new 56 bit TB size.
Proposal 2
· To discuss which SIZE and which codec rates shall be considered. 
· As a starting point, entries in the table x (SIZE 3, 5.15 kbps, 6.70kbps, 7.95 kbps, 12.20 kbps) is proposed to be considered. 

It is suggested to discuss the proposals. An LS can be sent to RAN1 to inform RAN2’s requests regarding new entries on TBS if the agreement is made.
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