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1.
Introduction
RAN2 is currently in charge of a Study Item on RAB enhancement for support of IMS (see [1]). In this document we are discussing a few topics which are not addressed in the TR.
2.
VoIP Traffic Description
The current assumption within RAN2 is that voice will be encoded using AMR. This is due to the fact that this codec already needs to be supported on all 3GPP terminals. 

Encoding of AMR voice into RTP packets has been specified in [2]. In this RFC two different modes are defined, a bandwidth efficient mode and a byte-aligned mode. In the byte-aligned mode, each piece of information, including headers, is byte aligned and is mostly intended for streaming applications where delay tolerance is higher (allows use of redundancy and interleaving) and where transmitter complexity could be an issue (centralized server). In the case of 3GPP, only the bandwidth efficient mode seems to be relevant.

AMR data frames are generated every 20ms. The RFC allows the transmission of one or several voice frames in a single packet. However, for the purpose of VoIP, only the single voice frame per packet case would be able to deliver the desired delay characteristics.

Overhead:

· CMR: Codec Mode Request is sent in-band (in RTP rather than RTCP), piggy-backed on voice frames. It is a 4bit field.

· Payload table of contents (ToC): indicates the format of voice frames included in the packet. Such frames could correspond to different time-instants as well as different audio channels. A 6bit field needs to be added for every additional voice frame.

Below we are providing the encoded AMR payload sizes, assuming that the bandwidth efficient mode is used and that there is one voice frame per packet as would most likely be the case in a VoIP system: 

	Codec Mode
	Class A
	Class B
	Class C
	# bits per slot
	# bits w/ Overhead
	# bytes w/ Overhead

	AMR_12.20
	81
	103
	60
	244
	256
	32

	AMR_10.20
	65
	99
	40
	204
	216
	27

	AMR_7.95
	75
	84
	0
	159
	176
	22

	AMR_7.40
	61
	87
	0
	148
	160
	20

	AMR_6.70
	58
	76
	0
	134
	144
	18

	AMR_5.90
	55
	63
	0
	118
	128
	16

	AMR_5.15
	49
	54
	0
	103
	120
	15

	AMR_4.75
	39
	56
	0
	95
	112
	14

	AMR SID
	39
	0
	0
	39
	56
	7

	NULL
	0
	0
	0
	0
	0
	0


According to the RFC, no payload will be sent during DTX. [1] on the other hand suggests that a payload would be sent anyway (see sections 4.2, 4.2.1). It might be useful to align the TS with the RFC in this regard.

3.
L2 Considerations

3.1
Support for unequal error protection

AMR frame bits can be categorized in terms of classes. The AMR decoder can cope with undetected errors on Class B and C bits, and also it can tolerate higher error rates on these bits than on class A bits. Therefore, class B and C bits do not need to be covered by a CRC.

In the 3GPP architecture, QoS attributes, such as BLER target, code-rate and CRC size are defined on a per transport channel basis. It is therefore only possible to select these attributes with a granularity of one transport block.
In the case of VoIP, the RAN will receive a single packet from the higher layers. In order to provide different QoS to a fraction of this packet, the transmitter would need to break the packet down into multiple parts and send each of them on a different transport channel. At the receiver, the parts would need to be rebuilt before the packet can be delivered to the higher layers. 

In addition to the doubtful benefits that unequal error protection/detection would provide, this scheme could therefore run into a number of problems:

· RAN would need to make assumptions about the application frame format.

· Re-constructing the packets would require some means for the data from different transport channels to be aligned somehow. This may be easier or harder depending on the RLC mode.

Therefore, we would suggest to assume that unequal error protection and detection will not be used in support of VoIP.
3.2
RLC Considerations
In the case of VoIP, RLC-AM is out of the question, as the delay requirements are too tight to allow for re-transmissions. Therefore, the only remaining alternatives are to use RLC-UM or RLC-TM.

Frame alignment

RLC-UM provides all the necessary functionality to support arbitrary SDU sizes: segmentation, concatenation and padding. However, the use of segmentation and concatenation is a mixed blessing. Indeed, if a higher layer SDU is segmented into two frames, the probability that it would be lost is equal to the probability that either of the PDUs would be lost. In order to achieve a given SDU error rate, it will therefore be necessary to operate at half the TTI error-rate than if the frames were aligned. Therefore, when handling SDUs that have equivalent sizes to the payload that can be transmitted in one TTI, it would be preferable to align the two so as to reduce the resulting SDU error rate.

In the table below, we are providing link level simulation results illustrating the average power requirement for 12.2kbps AMR voice (full-rate only) depending on the BLER target that is used:

	Target FER
	Channel Model
	Velocity
	SHO
	Geometry
	Av. TX Ec/Ior
	Impact of FER target

	0.50%
	Ped B
	3
	2
	0
	-13.9234
	109.53%

	1%
	Ped B
	3
	2
	0
	-14.3188
	100.00%

	2%
	Ped B
	3
	2
	0
	-14.8372
	88.75%

	0.50%
	Ped B
	3
	N
	0
	-13.5266
	113.99%

	1%
	Ped B
	3
	N
	0
	-14.0953
	100.00%

	2%
	Ped B
	3
	N
	0
	-14.4393
	92.38%

	0.50%
	Veh A
	30
	2
	0
	-15.5884
	108.08%

	1%
	Veh A
	30
	2
	0
	-15.926
	100.00%

	2%
	Veh A
	30
	2
	0
	-16.3284
	91.15%

	0.50%
	Veh A
	30
	N
	0
	-15.4966
	111.70%

	1%
	Veh A
	30
	N
	0
	-15.9771
	100.00%

	2%
	Veh A
	30
	N
	0
	-16.3793
	91.15%


The path profile used is coming from the enhanced uplink methodology document. Note that operating at a 0.5% BLER requires about 10% more power than operating at 1%, and that similarly operating at 1% BLER requires 10% more power than operating at 2% BLER. 

Currently, the RLC specification assumes that SDUs will be concatenated whenever possible. It might be useful to introduce a configuration that prioritizes instead the transmission of SDUs in a single TTI. 
Note also, that the current LI based scheme only indicates the end of an SDU. Therefore, if the previous PDU is lost, it will not be possible to know if the entire SDU was received or not. The special LI can be used for that purpose, but would result in one more byte of overhead (3% of the 12.2kbps payload) per SDU. The current RLC-UM control information, SN and LI, supports ranges that are larger than what is needed for support of VoIP. For example, the single byte LI can be used with PDU sizes as large as 1000 bits. It would be possible to instead reduce this maximum to 500 bits and use one of the bits in the header to indicate whether the beginning of the SDU is included in this PDU. Similarly, the RLC-UM sequence number supports the loss of up to 127 consecutive PDUs. This is overkill considering that voice will likely be run with a BLER target of 1%. Therefore, we would propose to review the RLC-UM headers in view of enabling more efficient support for aligning the SDU transmission with a TTI.

RLC-TM

Using RLC-TM would alleviate the problems of RLC overhead and of frame alignment. However, it would require the UTRAN to know the set of PDU sizes that it will need to support. This set would depend both on the SDU sizes produced by the application and on the overhead produced by RoHC. RoHC already provides some means for setting preferred header sizes, however it cannot be mandated to stick to these. As for the application, the QoS architecture would need to be modified to allow applications to negotiate the set of SDU sizes to use.
Also, since occasionally it would be necessary to transmit SDUs that are bigger than the maximum payload that can be sent in a single TTI (e.g. voice frame with uncompressed header), it may be necessary to have the possibility to map data on either an RLC-TM or an RLC-UM entity for the same radio bearer.
CRC size

In the test configurations used until now, a 12 bit CRC is used for CS voice or video and a 16 bit CRC is used for data. When RLC-UM is used, un-detected errors on the sequence number always cause an erroneous SN wrap-around and therefore result in a ciphering state de-synchronization. This means that, assuming that the sequence number will always be affected when a frame error occurs, a VoIP call could be maintained on average for:

4096 (CRC space) / 50 (frames per second) / 0.43 (voice+SID activity) / 0.01 (target BLER) = 19051 secs = 5.3 hrs
Considering the number of calls out there and the fact that the loss of ciphering synchronization cannot be detected by UTRAN, this is probably too low. One possibility would be to increase the CRC size to 16 bits, thus extending the average call time to: 5.3 * 16 = 84.4 hrs. Another possibility would be to set up a receive window for RLC-UM, going from VR(US) to VR(US)+WindowSize. Any PDU received with a sequence number outside the receive window would be discarded. This scheme would fail if WindowSize consecutive PDUs are lost. For VoIP however, where a single PDU is sent per TTI, a window size of 32 would give an average call time of 5.3 * 128/32 = 21.2 hrs with pretty much zero probability that the error condition would occur.
4.
Conclusions

In this document we discussed a number of topics and propose the following:
· Agree to assume that bandwidth efficient mode is used for AMR frame formatting;

· Agree that Null AMR frames will not result in the generation of VoIP packets;
· Agree to not support unequal error protection for VoIP

· Consider optimizing RLC-UM for support of aligning SDU transmissions with TTIs.

· Consider the possibility of introducing support of RLC-TM for PS bearers

· Consider the possibility of defining a configurable receive window size for RLC-UM to reduce the probability of ciphering de-synchronization due to an erroneous CRC check.
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