3GPP TSG RAN WG1#46

R1-062340
Tallinn, Estonia 

28th August – 1st September, 2006
Source: 
Siemens

Title:
LTE Resource Block size
Agenda Item:
8.2
Document for:
 Discussion
Introduction

During the RAN1 ad-hoc in Cannes last June, considerable discussion took place regarding the resource block size for UTRAN LTE. Up to now, a resource block size of 25 subcarriers has been used during the study item phase, however recently concerns have been raised regarding the applicability of such a block size for VoIP traffic, for which repetition may be expected.
This contribution examines typical VoIP PDU sizes and the impact of a reduced block size on scheduling, control signalling and VoIP traffic.

VoIP traffic profiles

VoIP traffic can be described by regular transmission of small packets e.g. with the AMR 12.2 codec a voice user generates:

· a voice frame every 20 ms during speech spurts

· a SID frame every 160 ms during silence gaps

We consider the following likely PDU sizes:

· 320 bits per voice frame (including  256 AMR header and payload bits [3], 24 ROHC header bits, 40 RLC/MAC header bits)

· 120 bits per SID frame (including 56 SID header and payload bits [3], 24 ROHC header bits, 40 RLC/MAC header bits)
The capacity of a 25, 15 and 12 subcarrier resource blocks (with 0.5msec TTI) is outlined in Table 1. If a higher order modulation of 16 or 64QAM is used, then the code rate becomes 0.24 and 0.12. respectively for SID frames or 0.64 and 0.32 for voice. However efficient VoIP scheduling will probably involve using distributed RBs and persistence (see next section); under such conditions achieving SIRs sufficiently high enough to use 64QAM is unrealistic.

	Modulation
	Coding rate
	Info. bits, RB =25 sub-carriers
	Info bits, RB=15 sub-carriers
	Info bits, RB=12 sub-carriers

	
	
	O/H 1/7
	O/H 2/7
	O/H 1/7
	O/H 2/7
	O/H 1/7
	O/H 2/7

	QPSK
	1/4
	75
	62
	45
	37
	36
	30

	QPSK
	1/3
	100
	83
	60
	50
	48
	40

	QPSK
	2/5
	120
	100
	72
	60
	57
	48

	QPSK
	1/2
	150
	125
	90
	75
	72
	60

	QPSK
	2/3
	200
	166
	120
	100
	96
	80

	16-QAM
	2/5
	240
	200
	144
	120
	115
	96

	16-QAM
	1/2
	300
	250
	180
	150
	144
	120

	16-QAM
	2/3
	400
	333
	240
	200
	192
	160

	16-QAM
	5/6
	500
	416
	300
	250
	240
	200

	64-QAM
	2/3
	600
	500
	360
	300
	288
	240

	64-QAM
	5/6
	750
	625
	450
	375
	360
	300

	64-QAM
	9/10
	810
	675
	486
	405
	388
	324

	O/H (overhead) - percentage of OFDM symbols per 0.5 ms TTI not available for data transmission

	320 bits - the min. TF size required to transmit a voice frame

	120 bits - the min. TF size required to transmit a SID frame


Table 1 Capacity of 25, 15, 12 subcarrier resource blocks for QPSK, 16QAM and 64QAM 

Scheduling for VoIP
Currently there are 3 proposals for L1 DL scheduling signalling described in [1]. Two of these (joint, single coding with resource block map) would impose a limit of 2-3 users scheduled in a TTI. The third does not impose a limit for scheduled users but is power limited. The more users that are time/frequency scheduled in the downlink, the greater is the UL CQI reporting overhead. Furthermore, scheduling gains for VoIP are limited somewhat by the latency requirements of the service.
Thus it is likely that VoIP users will use distributed RBs and be subject to some form of long term scheduling allocations, probably by higher layer (e.g. MAC) signalling and possibly combined with a coarser CQI reporting to enable a slow power control. Such a scheduling strategy would almost certainly not allow for use of the highest order modulation formats (i.e. 64QAM; probably also 16QAM in particular in UL)
Although using a smaller RB size for VoIP users is one possibility for avoiding excessive repetition, it is not the only one. Another possibility for the downlink is to multiplex users at MAC level. Several variations of this principle exist:
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1 Higher layers allocate a long term repeated scheduling allocation to a group of UEs and also indicate which MAC PDUs in each transmission belong to which UE

2 Higher layers allocate a long term repeated scheduling allocation to a group of UEs. In each TTI, a small MAC header indicates allocation of MAC PDUs to UEs

Possibility (1) eliminates the need for a MAC header, whereas (2) allows for more flexibility for the Node B scheduler, since the group of UEs allocated the persistent scheduling can be larger than the amount of UEs receiving a PDU in each TTI; for example users with similar power requirements could be selected.
Two possibilities also exist for encoding the MAC PDUs

1 Code all PDUs jointly with one CRC. Such a method might increase coding gain, but would require retransmissions of all of the PDUs until all UEs have successfully received. The method would be preferable in the case that HARQ is not operated or HARQ is operated with a defined number of retransmissions to reduce ACK overhead.
2 Code MAC PDUs separately with separate CRCs. This method would be preferable as it allows for the HARQ to be operated separately.
In the uplink, the scope for adopting a MAC-multiplexing scheme are more limited; it would be possible if the order and mapping of MAC PDUs are predefined at the same time as scheduling, the PDUs are separately coded and either time or frequency multiplexed. Such an approach would differ from using a lower RB size in that it that the frequency multiplexing within an RB would be specified by higher layers and L1 frequency domain scheduling and signalling would not be affected.

Non Voip traffic

Use of a smaller RB size might yield a small amount of additional scheduling gain, however this would be more than overcompensated by the overhead increase. (In addition to the L1 signalling overhead increase, an increase in CQI overhead in the UL may be necessary to realise the scheduling gains). Furthermore, the number of users that can be scheduled during a TTI is limited by the L1 control signalling capacity and this would reduce severely the ability of the system to realise any scheduling gain.
A smaller block size would, however increase the L1 resource allocation signalling overhead. For the joint coding and individual coding / allocation map signalling described in [1], the resource allocation map would need to be increased in size, leading to an increase in the resource allocation signalling of approximately 40%. For the individual coding / indication of resource within the actually used resource block scheme, there would be no increase in the amount of bits coded but potentially an increase in the UE complexity.

Conclusion

The benefits for VoIP in reducing the block size from 25 to 12 subcarriers is questionable, since the likely scheduling mechanisms for VoIP will probably not allow for use of the higher order modulations, and in cases where QPSK is employed the RB size of 12 sub-carriers is too small to carry a voice frame. Even if there is an issue with the resource block size being too large for VoIP users, a further possibility for that type of traffic is to multiplex PDUs for groups of users at MAC level; this would also be achievable in the uplink with a few constraints.

The disadvantage of a smaller RB size is an increase in signalling overhead with little obvious benefit for non VoIP users.
Thus we propose an RB size of 24 (or 25) subcarriers and considering MAC level multiplexing of VoIP blocks if really necessary.
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