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1. Introduction

In RAN1#68 it was agreed to continue work on the “LTE Coverage Enhancements in Rel-11” SI [1] and the corresponding way forward [2] was prepared to reflect the necessity of PUSCH VoIP and medium data rate improvements. In particular, it was agreed that:
· The minimum gain for consideration of specifying the potential solution is 1 dB for both medium data rate PUSCH and UL VoIP.
· Potential solutions are
· TTI bundling enhancements for medium data rate and VoIP
· Both L1/Higher layer protocols overhead and latency should be considered
In this contribution we discuss potential enhancements and provide the results of coverage evaluation for the LTE uplink VoIP service. We mainly address the coverage enhancements for FDD mode, while the details of the TDD solutions are left for further study. In section 2 we analyze VoIP timing constraints, review LTE Rel. 8 schemes for PUSCH VoIP transmission and discuss potential TTI bundling enhancements. Section 3 provides performance analysis of the considered schemes for different channel models and shows relative SNR gains comparing to the baseline LTE Rel.8/9/10 PUSCH VoIP transmission scheme.
2. PUSCH VoIP Coverage Analysis

2.1. VoIP Timing Constraints
For analysis of the uplink VoIP coverage we assume that the AMR 12.2 kbps codec is used and 36 bytes RLC SDU packets arrive every 20ms. The characteristics of this traffic model imply a number of strict constraints on the PUSCH transmission scheme design and thus need to be taken into account:
· The VoIP packet arrival rate restricts the maximum number of TTIs that can be potentially allocated for the transmission of one VoIP packet (including all HARQ retransmissions). Given the 20ms VoIP packet arrival rate the maximum number of TTIs that may be assigned for transmission of one packet is equal to 20. In this assumption there will be no overlap or concurrency between consecutive VoIP packets and their retransmissions.
· Additionally the VoIP service has certain constraints on the air-interface delay. This constraint has a direct impact on the maximum number of HARQ retransmissions that can be allocated and the HARQ retransmission period. In this contribution we consider a 50ms air-interface delay budget but assume that slight relaxation of this requirement are allowed (e.g. 52ms).
2.2. VoIP Support in LTE Release 8/9/10
In LTE Rel. 8/9/10 the baseline PUSCH VoIP transmission (see Figure 1) exploits TTI bundling to improve coverage. The whole RLC SDU of a VoIP packet is transmitted using one TTI bundle that contains four consecutive subframes (TTIs). The PUSCH allocation in each subframe occupies a single physical resource block (1 PRB) in frequency domain. The HARQ retransmission period for TTI bundled allocations in FDD is equal to 16 subframes. It means that maximum four retransmissions of a TTI bundle can be allocated to satisfy the air-interface VoIP latency constraint of 52 subframes and thus the maximum 16 TTIs are used for transmission of one VoIP packet.
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	Figure 1: LTE Rel.8/9/10 VoIP Transmission with TTI bundling


This transmission scheme is characterized by the maximum value of MCL [3] and used as the reference for the further evaluation. The detailed parameters of this reference VoIP transmission scheme are described in Table 1.

Table 1: Reference LTE Rel. 8/9/10 scheme for PUSCH VoIP transmission
	Max number of HARQ retransmissions
	4

	PUSCH hopping
	ON

	Number of UL RBs
	1

	Modulation/TBS
	QPSK/328 bits

	TTI Bundling
	ON (4TTIs)

	RLC Segmentation
	OFF

	Total number of TTIs
	16


Alternatively the RLC segmentation can be applied for the VoIP packet on top of TTI bundling operation (see Figure 2). In this case the RLC SDU is divided into two RLC PDUs and each subpacket is transmitted in TTI bundling mode. To meet the VoIP delay budget constraints and avoid collisions with the forthcoming VoIP packets maximum two retransmissions can be allowed for each segment of a VoIP packet and thus up to 16 TTIs can be utilized for the transmission of one VoIP packet.
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	Figure 2: LTE Rel.8/9/10 VoIP Transmission with TTI bundling and RLC segmentation


The main drawbacks of VoIP transmission with RLC segmentation are higher L1/L2 overhead due to 24 bit CRC insertion for each VoIP packet segment and additional overhead associated with RLC segmentation. The usage of RLC segmentation can potentially reduce the VoIP air-interface latency however this latency reduction may come at the expense of performance degradation due to reduced time diversity. Thus further in our analysis we focus on TTI bundled transmission without RLC segmentation.

2.3. Potential PUSCH VoIP Coverage Enhancement Candidates
As it was agreed in [2] the potential PUSCH VoIP coverage enhancements should be based on the TTI bundling improvements. Assuming that VoIP packets periodically arrive with 20ms interval the maximum 20 TTIs can be allocated for transmission of one VoIP packet to avoid collisions of new VoIP packets with HARQ retransmissions. The following TTI bundling enhancement options can be considered to improve the UL VoIP service coverage:

· Option 1. Reduced Retransmission Period
The LTE Rel.8 TTI bundle retransmission delay may be reduced from current 16 subframes to 12 subframes (see Figure 3). As a result 5 bundles of 4 TTIs (i.e. 20 TTIs in total) can be transmitted in a 52ms time interval. Assuming that all five retransmission are used for each VoIP packet the 100% subframe utilization can be achieved.
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	Figure 3: Option 1. Reduced retransmission delay (4 TTIs, 5 ReTx)


· Option 2. Extended TTI Bundle Size
Alternatively the baseline 4 TTI bundle size may be increased. For instance the following PUSCH TTI bundling configurations can be potentially considered:
· TTI bundle size - 20 TTIs (single transmission)
The increase of one TTI bundle size up to 20 TTIs will increase the total number of TTIs that can be used for VoIP packet transmission (20 TTIs vs. 16 TTIs in the LTE Rel. 8/9/10). This option may be implemented in several ways. For example the contiguous (see Figure 4) or interleaved TTI bundling allocations (see Figure 5) can be applied.
The contiguous allocation can be alternatively interpreted as a consecutive transmission of five standard TTI bundles. This option is characterized by the minimum latency but may experience performance loss due to lack of time diversity.
In case of interleaved allocation the TTIs of the bundle are interleaved with empty subframes or subframes carrying other VoIP packets. The interleaved option increases transmission interval and channel time/frequency diversity at the expense of the increased VoIP air-interface latency.
The 20 TTI single transmissions may be too robust for some of the UEs. So intermediate HARQ feedbacks (e.g. per each 4 TTI) can be used to enable mechanisms of early termination of VoIP packet transmission and thus enable more efficient usage of the uplink system resources.
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	Figure 4: Option 2. Extended TTI bundle size (20 TTIs, 1 ReTx, Contiguous TTI allocation)
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	Figure 5: Option 2. Extended TTI bundle size (20 TTIs, 1 ReTx, Interleaved TTI allocation example)


· TTI bundle size - 10 TTIs (two retransmissions)
The TTI bundle size equal to 10 subframes can also be defined. In this case only two HARQ retransmissions can be allowed due to VoIP timing constraints. This option also utilizes the maximum number of TTIs however it requires changes to LTE Rel. 8 HARQ timing. To align the HARQ retransmission time with the VoIP packet arrival rate and to meet VoIP timing constraints the retransmission period shall be chosen equal to 20 TTIs or 30 TTIs.
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	Figure 6: Option 2. Extended TTI bundle size (10 TTIs, 2 ReTx)


· TTI bundle size – 8 TTIs (two retransmissions)
The TTI bundle size equal to 8 subframes can also be considered. In this mode, the maximum two retransmissions and only 16 TTIs can be used for VoIP packet transmission. Thus no additional transmission energy gain can be achieved comparing to the baseline LTE Rel. 8/9/10 VoIP transmission scheme. Assuming the LTE Rel.8 HARQ timing the latency of VoIP packet transmission is reduced that may cause performance loss due to lack of time diversity.
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	Figure 7: Option 2. Extended TTI bundle size (8 TTIs, 2 ReTx)


The main features of the discussed TTI bundling improvement solutions are briefly summarized in Table 2.
Table 2: TTI Bundling Enhancements Summary

	Description
	Number of TTIs per TTI bundle
	Maximum number of HARQ ReTx
	Number HARQ processes
	VoIP Air-Interface Latency, 
subframes

	Option 1 
4TTIs x 5 ReTx
	4
	5
	3
	52

	Option 2 

20 TTIs x 1 ReTx, Contiguous pattern
	20
	1
	1
	20

	Option 2 

20 TTIs x 1 ReTx, Interleaved pattern
	20
	1
	2
	40

	Option 2 

10 TTIs x 2 ReTx
	10
	2
	2
	30

	Option 2 

8 TTIs x 2 ReTx
	8
	2
	2
	24


3. Performance Analysis

The performance of the considered TTI bundling enhancements schemes was evaluated in frequency flat (AWGN) and frequency selective channel models (EPA and ETU). The set of Doppler frequencies FD = {0, 7.2 Hz, 72 Hz} has been used to model different user mobility scenarios (0 km/h, 3 km/h and 30km/h) and check sensitivity of uplink VoIP transmission to time diversity. The results of residual BLER link level simulations are summarized in Table 3. The residual BLER requirement equal to 2·10-2 has been applied as was agreed in [3]-[4]. The ideal channel knowledge was assumed in link level analysis to exclude the effect of channel estimation error and check potential coverage gains.
Table 3: VoIP air interface latency and SNR gains satisfying residual BLER requirement equal to 2·10-2
	Scheme
	AWGN
	Stationary

0 km/h, Fd = 0 Hz
	Low Mobility
3km/h, Fd = 7.2 Hz
	High Mobility
30 km/h, Fd = 72 Hz

	
	
	EPA
	ETU
	EPA
	ETU
	EPA
	ETU

	
	LTE Release 8 (SNR, dB)

	Rel. 8 TTI bundling w/o segmentation
	-10.0
	-3.2
	-5.6
	-5.9
	-6.9
	-8.0
	-8.3

	
	Relative SNR gains (MCL gains)

	Option 1
4TTIs x 5 ReTx
	1.0
	1.2
	0.8
	0.8
	1.1
	1.3
	1.2

	Option 2
20 TTIs x 1 ReTx w/ interleaving
	1.0
	0.8
	< 0.5
	< 0.5
	< 0.5
	1.4
	1.1

	Option 2
10 TTIs x 2 ReTx
	1.0
	1.3
	0.7
	< 0.5
	< 0.5
	1.0
	0.9


Observations:
· In frequency flat AWGN channel, all considered schemes provide 1dB gain as it should be expected since the total number of TTIs is increased from 16 TTIs to 20TTIs and thus the energy per information bit is increased on ~ 1dB.

· In frequency selective channels, the performance of considered TTI bundling enhancement schemes depends on the user mobility scenario
· In stationary scenario (EPA and ETU with FD= 0 Hz), the relative SNR gains vary from 0.4 up to 1.3 dB. Two schemes (4TTI, 5 ReTx) and (10TTIs, 2ReTx) show superior performance. In EPA channel model their relative SNR gains slightly exceed 1dB improvement target.
· In low mobility scenarios (EPA and ETU with FD = 7.2 Hz), the observed relative SNR gains are below 1dB that can be explained by the lack of the channel time diversity due to shorter time transmission interval of the considered schemes.

· In high mobility scenario (EPA and ETU with FD = 72 Hz) the observed relative SNR gains exceed 1dB (0.9-1.4dB). The SNR improvement can be explained by increased channel variation in time domain and thus utilization of channel time diversity property.
The provided evaluation results are given in the assumption that slightly relaxed air-interface latency constraints are allowed (i.e. 52ms). If the air-interface delay is strictly assumed to be less than 50ms then the reference Rel.8/9/10 solution will be limited by maximum 3 retransmissions (i.e. 12 TTIs in total) and the Option 1 scheme will be limited by 4 retransmissions (i.e. 16 TTIs in total). At the same time Option 2 schemes based on the increased bundle size will not change. In these assumptions the relative coverage performance gains will be more remarkable. The gains for Option 1 are 1.2 – 1.7 dB and the gains for Option 2 are 1.8–3.0 dB.
4. Conclusions
In this contribution several TTI bundling enhancement schemes were discussed and the results of their link level performance analysis are presented. The considered schemes exploit increased number of TTIs (20 TTIs vs. 16 TTIs in LTE Rel.8) for VoIP packet transmission and thus increase transmitted energy per information bit. It was shown by link level analysis that it is possible to achieve 1dB performance improvement target. For instance, the target 1 dB gain was shown in AWGN channel and frequency selective channels in stationary or high mobility scenarios.
Proposal:
· Continue study of TTI bundling enhancement solutions for PUSCH VoIP coverage improvement.
· Agree on reference LTE Rel.8/9/10 VoIP PUSCH transmission scheme and VoIP timing requirements (i.e. maximum air-interface delay).
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