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Discussion / Decision
1.
Introduction
LTE Coverage Enhancements SI has progressed over the past months. In RAN1#68bis meeting, a way forward [1] has been agreed based on evaluation results done according to the agreed evaluation methodology and assumptions presented in [2]. Following items were listed in the agreed way forward: 
Observation based on results so far:
· The coverage of medium data rate PUSCH and UL VoIP can potentially be improved by approximately 1 dB by TTI bundling enhancements relative to R10 techniques
Next step of SI until RAN1#69:
Further investigate the details of TTI bundling enhancements for UL VoIP and medium data rate PUSCH, and the investigation should at least consider:
· Standard impact
· Analysis of network impacts e.g. VoIP capacity, identification of the scenarios in which the enhancements are useful (system level simulations are not mandatory) 

· Latency:
· Max around 50 ms for VoIP 
· For medium data rate, proponents should provide latency target assumption or statistics for their simulations
In this paper we discuss the potential ways to improve coverage for UL VoIP and medium rate PUSCH via TTI bundling and share our views according to the evaluation and analysis.
2. Coverage enhancement for VoIP

In our previous contribution [3] we show the coverage gain from enhanced TTI bundling is 0.9 dB, i.e., approximately 1 dB, with 20 subframe maximum transmission per VoIP packet. 4 TTI bundling in Release 8 with maximum of 4 HARQ transmissions, resulting in 52 ms maximum transmission latency, is used as baseline. We see that TTI bundling can be increased to maximum transmission of 20 subframes per VoIP packet with small standard changes by using the existing 4 TTI bundle in Release 8 as basic building block. The standard impact from enhanced TTI bundling must be balanced with the modest gains, i.e., standard impact should remain small. This purpose is well serviced by re-using already standardized bundling mechanisms as much as reasonable.
To further increase available signal energy, maximum transmission of more than 20 subframes per VoIP packet can be considered.  E.g., 8 subframe bundling with maximum of 3 HARQ transmissions allows for 24 subframe maximum transmission per VoIP packet. However, 24 subframe maximum transmission per VoIP packet exceeds VoIP packet inter-arrival time of 20ms. There is a risk of collision between previous VoIP packet that is still transmitted and following VoIP packet on the same HARQ process. This means that VoIP packets may start to cumulate on UE Tx buffer. This may be the case especially with static or almost static UEs where radio channel varies slowly and radio channel may fade for long time. In our previous contribution [3], we showed with simulations that the transmission time exceeds frequently the VoIP packet arrival interval in the case of static UE and 24 subframe maximum transmission per VoIP packet, causing UE buffer accumulation and dramatically increased latency. As VoIP coverage should be robust for slowly moving or static UEs, 24 ms maximum transmission per VoIP packet does not seem to be feasible.
Observation 1: As VoIP coverage should be robust for slowly moving or static UEs, 24 ms maximum transmission per VoIP packet does not seem to be feasible.

Effective coding of a VoIP packet after subframe bundling and HARQ retransmission comprises repetition to a large extend. On other hand, repetition coding can be replaced with spreading, which in turn can be used to create orthogonal resources for CDMA. Orthogonal CDMA can be used to reduce inter-cell interference by allocating different orthogonal resources e.g. to different sectors of eNB. This of course requires that UEs configured with CDMA are preferably grouped on the same PRBs on different sectors.
Speaking in more concrete terms, Release 10 PUCCH Format 3 forms a good base for CDMA channelization for VoIP. The number of coded bits carried by Release 10 PUCCH Format 3 over 20 subframes is 960 bits. This value fits well with the size of VoIP packet of 328 bits, resulting roughly 1/3 coding over 20 subframes (+ processing gain). Single code block is mapped over the bundled subframes. The use of OCC is reasonably robust against additional timing errors between sectors.. The low-rate inter-cell orthogonal CDMA approach based on Format 3 could be considered as an enhancement for interference limited environments as a potential future topic in later LTE releases.
Observation 2: The repetition schemes having low overhead, e.g., low-rate inter-cell orthogonal CDMA approach based on Format 3 could be considered as an enhancement for interference limited environments for VoIP as a potential future topic in later LTE releases.
3. Coverage enhancement for Medium data rate
LTE provides an efficient link adaptation via AMC, HARQ and RLC segmentation. Due to the high efficiency of LTE, it is difficult to find reasonable ways to improve coverage for delay tolerant interactive services like web browsing. Hence, potential options for coverage improvements need to be carefully evaluated and gains balanced against expected pains. That means standard impact needs to be balanced with the significance of expected gains. As one step of this balancing, approximately 1 dB gain requirement was agreed in RAN1#68bis. By relaxing the limitation on 1-3 PRB locations and on support of 16-QAM modulation, Release 8 TTI bundling might also applicable to medium data rate service. However, we see that also other changes are needed. For example, definition of TB size needs to be changed to support coding rates that are reasonable for medium data rate also with bundling. Also a new bundling configuration needs to be introduced due to different TBS definition - medium data rate bundling enhancements cannot be simple extensions to existing Release 8 subframe bundling solution. We see that TTI bundling for medium data rate requires larger standard changes than bundling enhancements for VoIP.
When moving towards cell edge, typical RLC PDU sizes decrease and relative portion of packet overhead increases. In other words, segmentation can create significant overhead with smaller PDU sizes. Smaller PDU sizes mean also that the efficiency of turbo coding is reduced. Subframe bundling can improve the situation on both of these aspects. However, the gains are less significant at the higher required throughput of medium data rate than they are for VoIP. This is also the motivation for the evaluations – to see how much gains can be achieved with subframe bundling for medium data rate. Focusing on UL traffic for web browsing, we see that the target is to enhance coverage for reasonably moderate data rate.

In our previous contribution [4] we showed 0.5 dB bundling gains from 2 subframes over the unbundled Release 8 transmission. In here we provide further evaluation results for 4 and 8 subframe bundling. The used simulation assumptions are listed in Table 1 (Appendix). Adaptive modulation and coding is used with iBLER target of 10% and 5 bytes RLC overhead is assumed. The results are shown in Figure 1 for throughputs ranging from 100 to 500 kbps. Hence, the shown throughput range matches well with medium data rate. Results in Figure 1 show coverage gain of 0.8 dB for 4 subframe bundling and 1.0 dB for 8 subframe bundling at 384 kbps date rate. Meanwhile, 21% throughput gain is achieved with 4 subframe bundling and 24% throughput gain with 8 subframe bundling at SNR of -1 dB. Based on the results, we see that extending subframe bundling to 8 subframes is not reasonable due to marginal gain of 0.2 dB.
Observation 3: Bundling of 4 subframes provides 0.8 dB gain or 20% throughput gain for medium data rate.

Observation 4: Extending subframe bundling to 8 subframes is not reasonable due to marginal further gain of 0.2 dB for medium data rate.
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Figure 1. Throughput for medium data rate with iBLER 10%.
4.  Summary
In this contribution, we considered potential coverage enhancements for VoIP and medium data rate. We see that standard impact from enhanced TTI bundling must be balanced with the significance of expected gains, i.e., standard impact should remain small. Based on the evaluation and analysis, we have made the following observations: 
Observation 1: As VoIP coverage should be robust for slowly moving or static UEs, 24 ms maximum transmission per VoIP packet does not seem feasible.

Observation 2: The repetition schemes having low overhead, e.g., low-rate inter-cell orthogonal CDMA approach based on Format 3 could be considered as an enhancement for interference limited environments for VoIP as a potential future topic in later LTE releases.

Observation 3: Bundling of 4 subframes provides 0.8 dB gain or 20% throughput gain for medium data rate.
Observation 4: Extending subframe bundling to 8 subframes is not reasonable due to marginal further gain of 0.2 dB for medium data rate.
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Appendix 

Table 1. Simulation assumption

	Parameter
	Values used for evaluation

	Number of Tx antenna at the UE
	1

	Number of Rx antenna at the eNB
	2

	UL receiver type
	MMSE

	Channel estimation
	Practical 

	max. HARQ transmissions 

(no bundle/4TTI/8TTI)
	8/4/4

	RTT (no bundle/4TTI/8TTI)
	8ms/16ms/16ms

	HARQ process (no bundle/4TTI/8TTI)
	8/4/2

	PRB size
	4

	Radio Channel
	EPA, 3km/h

	iBLER target
	10%

	RLC segmentation overhead [byte]
	5

	Frequency hopping
	On, subframe based hopping

	Modulation and coding selection
	adaptive















































































































































































































































































































































