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Discussion / Decision
1.
Introduction
LTE Coverage Enhancements SI has progressed via email discussions over the past months. The agreed scope, evaluation methodology and assumptions were summarized in [1]. The results and conclusions on the coverage evaluations are summarized in [2]. In [2], it is proposed to investigate coverage enhancements for medium data rate and VoIP in UL with first priority.
In this contribution, we present our views on possible coverage enhancements for VoIP.
2. Discussion on potential coverage enhancements
On the email discussions, UL VoIP was identified as a potential limiting factor, especially with relaxed performance targets for PRACH / RA Msg3. For example, we reported 2.6 dB MCL difference between VoIP with 2% residual packet error rate and RA Msg3 with 10% residual BLER for 144 bit TBS.  

In LTE Releases 8-10, subframe bundling is supported. Four consecutive subframes are used in the bundling. Resource allocation is restricted to 3 PRBs or less. Frequency hopping can be applied to provide for diversity. This means that each VoIP packet can be transmitted on up to 16 subframes with maximum of 4 HARQ transmissions, resulting in 52 ms maximum transmission latency in FDD (excluding time required for encoding and decoding). This is illustrated in Figure 1 in Appendix. 
Most basic mechanisms to increase VoIP coverage are simply to increase available signal energy or reduce interference. Increase on signal energy in a coverage limited situation can be achieved only by increasing effective maximum transmission time per VoIP packet, as the UEs are already transmitting at maximum output power. When the transmission time per VoIP packet is considered, two requirements need to be kept in mind:
· 98% radio interface tail latency should not exceed 50 ms [3].
· VoIP packets arrive at interval of 20 ms [3]. If maximum transmission time per VoIP packet exceeds 20 ms, next VoIP packet may arrive before the corresponding HARQ process has completed transmission of previous packet. This can lead to situation where excessive latency cumulates from packet to packet, especially for static UEs. Hence, we see that maximum transmission time per VoIP packet should be kept on 20 ms or less.  

There is only little room for further VoIP coverage enhancements as Release 8 already supports 16 subframe maximum transmission time per VoIP packet. If further improvements are desired, increasing maximum transmission time per VoIP packet from 16 subframes to 20 subframes in the case of FDD provides roughly 1dB increase on available signal energy. In Releases 8-10, this can be achieved by increasing maximum number of HARQ transmission, at price of increasing maximum transmission latency to 68 ms. Alternatively VoIP packet can be segmented and transmitted on two parallel HARQ processes. However, segmentation has its own drawbacks:

· Segmentation can result in 24 ms transmission time per VoIP packet when maximum of 3 HARQ transmissions is assumed

· Residual BLER target needs to be decreased to maintain the 2% packet error rate target, which already consumes a portion from available gains. 
· Segmentation increases RLC overhead. 
· Segmentation is also more prone to latency increase due to PHICH/PDCCH errors than bundling.

If coverage improvements for VoIP are desired, we see enhanced support for up to 20 subframe transmission time per VoIP packet as a potential coverage enhancement that can be considered for VoIP. On other hand, we also see that it requires some standardization efforts, as changes to HARQ process pattern as well as on HARQ RTT seem inevitable in order to meet the latency requirement. The different HARQ RTT for the coverage enhancement can easily create scheduling conflicts with other UEs following normal HARQ RTT. eNB scheduler can avoid such conflicts by reserving some PRBs for UEs configured with VoIP coverage enhancement for semi-persistent or PHICH triggered retransmissions.

Proposal 1: 
Consider further studies on changes to HARQ RTT, HARQ process number and to the number of bundled subframes for enhanced support of up to 20 subframe transmission time per VoIP packet.
The 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. As an example on FDD, bundling of 10 subframes with 30 ms HARQ RTT and 3 HARQ processes may be considered for further studies.  This is illustrated in Figure 2 in Appendix.
Proposal 2: 
Consider further studies on use of PUCCH Format 3 type of structure for VoIP.
3. Evaluation
3.1 Coverage gain
Maximum coupling loss was evaluated according to assumptions in [1]. The results are shown in Table 1. It can be noted that the transmission of single VoIP packet over up to 20 subframes provides 0.9 dB gain. It is also noted that slightly better MCL is achieved if the number of RS symbols per slot is 1 instead of 2, as used on PUCCH Format 3.

Table 1. MCL evaluation for VoIP AMR 12.2 kbps.
[image: image1.emf]Release 8 

Bundling

Proposal with 

1 RS per slot

Proposal with 

2 RS per slot

Performance target 2%rBLER 2%rBLER 2%rBLER

Max number of HARQ retransmissions 3 1 1

PUSCH hopping ON ON ON

TTI bundling 4 ms 10 ms 10 ms

RLC segmentation OFF OFF OFF

Number of UL RBs 2 1 1

(4) Interference margin

 (0 dB is mandatory)

0 0 0

(5) Occupied channel bandwidth (Hz) 360000 180000 180000

(6) Effective noise power (dBm) -113,4 -116,4 -116,4

(7) Required SINR (dB) -7,1 -5,0 -4,9

(8) Received sensitivity (dBm) -120,5 -121,4 -121,3

MCL(dB)  143,5 144,4 144,3


To study the issue further, SINR distributions were simulated for evaluation Case 3 for Release 8 subframe bundling with 2 PRB allocation and for 1 PRB allocation with grouping of cell edge UEs on the same PRBs over the cells. The system was assumed to be fully loaded with frequency reuse of 1/1. Results are presented in Figure 1. In the first case (blue curve), cell edge VoIP was mixed with other traffic. It can be seen that 98% coverage area probability cannot be met for -7.1 dB SINR requirement, although Po setting with full path loss compensation was quite VoIP coverage optimised sacrificing cell capacity for that. In the second case (red curve), cell edge VoIP UEs were grouped on the same PRBs over the cells, and SINR-based PC with full path loss compensation was used. The same SINR target is used for all the UE and the SINR target was optimized for coverage area probability of 98%. It can be noted that over 98% coverage area probability can be reached for -5 dB SINR requirement. Additionally, the cell capacity loss due to strict power control is limited to PRBs used for cell edge VoIP UEs.   
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Figure 1. SINR CDF with (red) and without (blue) SINR-based PC.
3.2 Expected impact on the network
Due to different HARQ RTT, there can be scheduling conflicts with legacy UEs for semi-persistent or PHICH triggered transmission. By allocating VoIP UEs configured with coverage enhancement on a separate set of PRBs, scheduling conflicts can be easily avoided. Grouping is also beneficial from PC viewpoint. Such coordinated grouping of VoIP UEs over the cells is also beneficial as it allows for inter-cell interference reduction between sectors of eNB via use of CDMA. 
3.3  Specification impact
The proposals require some standardization efforts. The standardization effort is expected to remain reasonable, as the existing LTE structures can be utilized. Foreseen changes include changes related to HARQ process pattern (number of  HARQ process numbers, number of bundled subframes, and timing of HARQ signaling), modifications needed to PUCCH Format 3 to adopt it as a PUSCH format (e.g. resource allocation, interleaving, channelization) as well as related higher layer configurations.
4.  Conclusions
In this contribution, we considered potential coverage enhancements for VoIP. We noted that there is only limited room for further coverage improvement for VoIP which cannot be reached with simple solutions. If coverage improvements for VoIP are desired, we propose for further study:
 Proposal 1: 
Consider further studies on changes to HARQ RTT, HARQ process number and to the number of bundled subframes for enhanced support of up to 20 subframe transmission time per VoIP packet.
Proposal 2: 
Consider further studies on use of PUCCH Format 3 type of structure for VoIP.
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Figure 2. Illustration on HARQ processes.

