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1.
Introduction
LTE Coverage Enhancements SI has progressed over the past months. The agreed scope, evaluation methodology and assumptions are summarized in [1]. The results and conclusions on the coverage evaluations are summarized in [2]. In RAN1#68 meeting, according to the approved way forward [3], the following proposals are agreed:
· The coverage improvements for medium data rate PUSCH and UL VoIP should be investigated.
· 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
· Coverage enhancements are evaluated further based on above listed potential solutions
In this contribution, we focus on VoIP coverage enhancements. We study the TTI bundling agreed in RAN1#68 meeting as a potential solution and provide results and our views on possible coverage enhancements for VoIP.
2. Discussion on potential coverage enhancements
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).
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. 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 slightly below 1dB increase on available signal energy. In Releases 8-10, this can be achieved by increasing maximum number of HARQ transmission to five, at price of increasing maximum transmission latency to 68 ms. 
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.
To increase available signal energy more than 1 dB, maximum transmission of more than 20 subframes per VoIP packet can be considered. For example, 8 subframe bundling with maximum of 3 HARQ transmissions allows for 24 subframe maximum transmission per VoIP packet. It is also relatively straightforward to standardize 8 subframe bundling on top of current 4 subframe bundling. 
3. Evaluation
Maximum coupling loss was evaluated according to assumptions in [1]. EPA channel was used with UE 3 km/h velocity. 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 coverage gain. It is also noted that 8 subframe bundling with 3 HARQ transmissions, which provides up to 24 subframe transmission per VoIP packet, achieves 1.2 dB coverage gain. 
Table 1. MCL evaluation for VoIP AMR 12.2 kbps.
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Release 8   

Bundling  

8 subframe  

bundling  

Performance  target   2%rBLER   2%rBLER   2%rBLER  

Max number of HARQ retransmissions   3   1   2  

PUSCH hopping   ON   ON   ON  

TTI bundling   4 ms   10 ms   8 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   - 5,3  

(8) Received sensitivity (dBm)   - 120,5   - 121,4   - 121, 7  

MCL(dB)    143,5   144,4   144,7  

1 0 subframe  bundling  


Based on the results, we see that maximum transmission per VoIP packet needs to be over 20 subframes to go beyond 1dB coverage gain. However, 24 subframe maximum transmission per VoIP packet exceeds VoIP packet inter-arrival time of 20ms. As said, 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 can cause that VoIP latency requirement is exceeded. 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. Hence, the VoIP packet accumulation on UE buffer requires specific evaluations in case of 8 subframe bundling with 24 subframe maximum transmission per VoIP packet. To study the issue further, we evaluated the 8 subframe bundling in EPA channel with 0 km/h velocity. The required SINR for 2% residual packet error rate is -4.6 dB. The degraded performance of static channel compared to the values presented for 3 km/h in Table 1 is due to lack of time diversity during VoIP packet transmission. We also evaluated the portion of channel realizations where UE buffer started to accumulate so that more than 2% of packets exceeded the latency requirement. The portion of such channel realizations remained below 2% for SNR of -3.5 dB or above. We see that this aspect requires further studies when coverage enhancements for VoIP are considered. 
4.  Conclusions
In this contribution, we considered potential coverage enhancements for VoIP. Based on the evaluation of TTI bundling agreed in RAN1#68 meeting, we have the following observations: 
Observation 1: The coverage gain remains below 1 dB with 20 subframe maximum transmission per VoIP packet

Observation 2: The coverage gain exceeds 1 dB with 24 subframe maximum transmission per VoIP packet

Observation 3: VoIP packet accumulation to UE buffer in static environment requires further studies when subframe bundling with 24 subframe maximum transmission per VoIP packet is considered. 
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