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1. Introduction
This contribution presents an analysis what Transport Block sizes are useful for VoIP in LTE, to help understanding whether or not there is a need to align the TB sizes currently agreed in [11] for TS 36.213 [2] with the expected MAC PDU sizes for VoIP.

2. Background
R2-083503 [10] included a discussion on the topic, and proposed to optimize TB sizes based on:

· AMR codec mode set {5.15, 6.7, 7.95, 12.2 kbps};

· ROHC header overhead, 6 octets (possibly also 4 and 5 octets) ;
The mode set indicated may not be the most suitable one to consider when optimizing TB sizes entries for VoIP; it may be more useful to optimize for AMR {4.75, 5.9, 7.4, 12.2 kbps} and for AMR-WB {6.6, 8.85, 12.65 kbps}. These were the modes that were used when optimizing the TB sizes for UTRAN and are the modes most expected to be supported by UEs.
Furthermore, it may not be necessary to optimize for more than one ROHC header size, as close to 98% of the compressed headers are expected to be 3 octets for both IPv4 and IPv6; one additional octet could be considered to move that size up to 4 octets.

In section 2.1, we provide our analysis regarding what TB sizes are useful for VoIP while section 2.2 discusses whether further optimizations are needed based on this analysis.

2.1. Transport Block sizes for VoIP
Support for ROHC profile 0x0001 (ROHC RTP)[8] is mandatory for IMS-capable UEs; it can thus be assumed that header compression is configured and used for IMS VoIP services. Consequently, the size of the MAC PDU for a VoIP packet is the sum each of the following elements:
MAC header:
a 1 octet MAC header is assumed, i.e. R/R/E/LCID sub-header (no multiplexing and no MAC control element) [1].
RLC header:
a 1 octet RLC header is assumed, i.e. FI/E/SN UMD PDU header with 5-bit SN [2].
PDCP header:
a 1 octet PDCP header is assumed, i.e. DC/SN Data PDU header with 7-bit SN [3]. 
ROHC header:
The size of the compressed header mainly depends on the behavior of the RTP flow (i.e. how well the change behavior matches the established and expected change pattern), how the ROHC channel (PDCP) is configured and to some extend what mode is used (for RFC3095-based profiles only [8]).

Using the following assumptions:

· PDCP is configured to use the small CID space;

· the compressor associates the VoIP RTP flow with CID=0 (i.e. no overhead for that CID);

· the 2 octet UDP checksum is non-zero (always true for IPv6);

· the RTP flow is mostly well-behaved (e.g. routing changes and reordering in the network before compression are rare) and a PLR around 1% (as per TS 23.203 [5]):
· roughly 98% of the packets are expected to be Packet Type 0 (PT-0), i.e. 3 octets;

· approximately 1,5% of the packets are expected to be Packet Type 2 (PT-2), i.e. in the order of 6 to 20 octets depending on how the implementation adjusts the RTP TS to RTP SN relation e.g. at the beginning or at the end of a silence period;
· the remainder are expected to be larger IR packets, i.e. in the order of 40-50 octets for IPv4 and 60-70 octets for IPv6. 

The above assumes that compression operates in the Optimistic Mode (O-mode); otherwise for roughly every 60 VoIP packets at least one additional octet will be added to the PT-0 (R-0-CRC).
· If optimized TB sizes should consider only the most frequent case, i.e. 3 octets ROHC header.

Extra space in the TB size in the uplink can be used to include a MAC Padding BSR which could be useful information to the eNB scheduler, while for the downlink MAC CEs can be inserted.
RTP payload

The size of the RTP payload depends on the codec mode and the type of frame, either Octet-Aligned or Bandwidth-Efficient [9]. The RTP payload includes the CMR (4 bits) and one ToC entry (6 bits) for each speech frame; overhead related to octet-alignment for entire payload depends on the format:
Bandwidth-Efficient (BE) payload format:

	CMR (4 bits)
	ToC (6 bits)
	Speech frame
	Padding


Octet-Aligned (OA) payload format:

	CMR

(4 bits)
	Padding

(4 bits)
	ToC
(6 bits)
	Padding

(2 bits)
	Speech frame
	Padding


The total size of the RTP payload is thus the sum of the size of the AMR frame with either 10 bits (CMR + ToC) for the BE payload format or 16 bits (2 octets) for the OA payload format. 
Therefore, the resulting RTP payload sizes are as listed in the tables below, assuming that the bandwidth-efficient payload format is used with 1 speech frame/packet.
	NB-AMR
	Speech frame (bits)
	RTP Payload (bits)
	MAC, RLC, PDCP Headers (bits)
	ROHC header (bits)
	Total

TB size (bits)
	Prio

	4,75 kbps
	96
	112
	24
	24
	160
	A

	5,15 kbps
	104
	120
	24
	24
	168
	-

	5,90 kbps
	120
	128
	24
	24
	176
	A

	6,70 kbps
	136
	144
	24
	24
	192
	-

	7,40 kbps
	152
	160
	24
	24
	208
	A

	7,95 kbps
	160
	176
	24
	24
	224
	-

	10,2 kbps
	208
	216
	24
	24
	264
	-

	12,2 kbps
	248
	256
	24
	24
	304
	A

	SID
	40
	56
	24
	40*
	120
	A


	WB-AMR
	Speech frame (bits)
	RTP Payload (bits)
	MAC, RLC, PDCP Headers (bits)
	ROHC header (bits)
	Total

TB size (bits)
	Prio

	6.6 kbps
	136
	144
	24
	24
	192
	A

	8.85 kbps
	184
	192
	24
	24
	240
	A

	12.65 kbps
	256
	264
	24
	24
	312
	A

	14.25 kbps
	288
	296
	24
	24
	344
	-

	15.85 kbps
	320
	328
	24
	24
	376
	B

	18.25 kbps
	368
	392
	24
	24
	440
	-

	19.85 kbps
	400
	408
	24
	24
	456
	-

	23.05 kbps
	464
	472
	24
	24
	520
	-

	23.85 kbps
	480
	488
	24
	24
	536
	B


Note (*): 
For the SID, because the change between RTP SN and RTP TS differs from when the speech code is active, a 5 octets ROHC header (UOR-2) is assumed instead of 3 octets.

Note:
For WB-AMR, the same SID size is assumed.
Note:
The column labeled “Prio” indicates:

A = if TB size are optimized, these sizes should be given highest priority;
B = if TB size are optimized, these sizes could be considered;
2.2. Optimizing TB Sizes for VoIP

In the table above, the column with the Total TB sizes and the column marked “Prio” is what should be used when considering VoIP-related optimizations [12] to TS 36.213 [2]

 REF _Ref203559127 \r \h 
[11].
The codec modes labeled with A are part of the active set for configurations 0-5 which are common between radio access technologies for circuit-switched (CS) voice in UTRAN and GERAN, as specified in TS 26.103 table 5.7-1 [6] for AMR-WB. The set of AMR modes marked with “A” is mandatory for CS-capable UEs and are most likely to be used in LTE as well for IMS VoIP services. For UEs that support both AMR and AMR-WB, all modes marked with “A” will be supported. They are mandatory for media gateways.
In addition, if there is room for further optimization of the TB sizes, the following RTP payload sizes could be considered when application bundling is used:
AMR

4.75
2 frames/packet
=> 26 bytes, 208 bits

4.75
3 frames/packet
=> 39 bytes, 312 bits

5.9
2 frames/packet
=> 32 bytes, 256 bits (note: same as AMR122 with 1 frame/packet)

5.9
3 frames/packet
=> 47 bytes, 376 bits

AMR-WB

6.6
2 frames/packet
=> 35 bytes, 424 bits

8.85
2 frames/packet
=> 47 bytes, 376 bits
3. Conclusion
Some adjustments based on this analysis can be found in RAN1 CR R1-083062 [12]. 
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