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1. Introduction
In RAN4 #71 meeting, test parameters for the new PUSCH performance requirements for FDD LTE coverage enhancements have been discussed [1-7]. The following agreements for test parameters have been made in [8], 

· TBS and Modulation order: 

· 328bits, QPSK

· PRB allocation: 

· 3PRB 

· Channel Bandwidths: 

· In TS 36.104, develop performance requirements for all six channel bandwidths including 1.4MHz, 3MHz, 5MHz, 10MHz, 15MHz and 20MHz

· Antenna configurations (Tx, Rx): 
· In TS 36.104, develop performance requirements for three antenna configurations including (1×2) Low, (1×4) Low, (1×8) Low.

· Propagation channel conditions:  

· EVA5, ETU300

·     New packet generation: 
· Transmitting a new VoIP packet every 20ms 

· Full buffer is not excluded
In this contribution, we present our simulation results based on the agreed simulation assumptions for UL VoIP with enhanced TTI bundling [9], and provide our view for the simulation parameter of new packet generation. 
2. Simulation results
Table 1 provides the required SNRs at 2% rBLER point with ideal implementation for all the test cases for UL FDD VoIP with enhanced TTI bundling. The detailed simulation curves (rBLER versus SNR) are included in the attached excel file for calibration. The simulation assumptions and new FRCs for UL FDD VoIP demodulation tests are listed in the tables 2 and 3 in the Annex, respectively. 

	Number of TX antennas
	Number of RX antennas
	Cyclic Prefix
	Propagation conditions and correlation matrix
	Channel Bandwidth / SNR [dB]

	
	
	
	
	1.4 MHz
	3 MHz
	5 MHz
	10 MHz
	15 MHz
	20 MHz

	1
	2
	Normal
	EVA 5 Low
	-5.83
	-5.98
	-5.81
	-5.71
	-5.68
	-5.76

	
	
	
	ETU 300* Low
	-10.5
	-10.45
	-10.41
	-10.44
	-10.38
	-10.44

	
	4
	
	EVA 5 Low
	-9.73
	-9.84
	-9.75
	-9.61
	-9.71
	-9.74

	
	
	
	ETU 300* Low
	-12.7
	-12.6
	-12.57
	-12.66
	-12.6
	-12.66

	
	8
	
	EVA 5 Low
	-12.81
	-12.83
	-12.9
	-12.92
	-12.91
	-12.78

	
	
	
	ETU 300* Low
	-14.76
	-14.7
	-14.64
	-14.72
	-14.71
	-14.75

	Note*: Not applicable for Local Area BS and Home BS.


Table 1 Ideal simulation results for UL FDD VoIP with enhanced TTI bundling
In the RAN4#71 meeting, we did not make agreement on the issue of the new packet generation. The following two options were discussed. 
· New packet generation: 
· Option1: Transmitting a new VoIP packet every 20ms 

· Option 2: Full buffer is not excluded
In the following, we will analyze these two options through our simulation results. Figures 1-3 show the performance curves of VoIP (option 1) and Full buffer (option 2) transmission in fading conditions for the 10MHz channel bandwidth.
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Figure 1 Performance curves of VoIP and Full buffer transmission for 10MHz, 2Rx
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Figure 2 Performance curves of VoIP and Full buffer transmission for 10MHz, 4Rx
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Figure 3 Performance curves of VoIP and Full buffer transmission for 10MHz, 8Rx

Based on the simulation results in Figures 1-3, we have the following observations:
Observation 1: For EVA5 channel propagation, the rBLER performance of full buffer transmission is better than VoIP transmission for all the antenna configurations. And the performance gap becomes smaller with increase of the number of the receiver antenna.
Observation 2: For ETU300 channel propagation, full buffer transmission has almost the same rBLER performance as the VoIP transmission for all the antenna configurations.
For observation 1, there is the same observation in [4], and the main reason for the rBLER performance gap between the two options described in [4] is the average channel power among the occupied TTIs for option 1 is smaller than that for option 2, resulting in worse rBLER performance for option 1. And the power variation in time for 8Rx is smaller than that for 2Rx, which explains why the performance gap between the two options is smaller in 8Rx case. 
For observation 2, as the higher Doppler frequency brings about the faster channel change in time domain, the average channel power among the occupied TTIs for option 1 is almost the same as that for option 2 when the channel condition is ETU300, so the rBLER performance curves for these two options are almost overlapped.
From the perspective of test equipment, we need to update test equipment to support 4 bundled TTIs and 12 ms HARQ RTT for both these two options in the UL VoIP test with enhanced TTI bundling. Although in the existing PUSCH demodulation test, full buffer for new packet transmission is adopted, but we think the difference in the test equipment complexity between these two options is probably very small. 
From the test time perspective, assuming the same number of VoIP packets transmitted for both options, although the test time for option 2 is shorter as we can transmit multiple new VoIP packets in 20ms, but from the analysis of simulation results in Figures 1-3 described above, we think option 1 will generate a robust result for the minimum requirements in the specification, as in EVA5 channel condition the rBLER performance for option 2 is better than option 1, which is the practical use case for VoIP service. 
Proposal: Transmitting a new VoIP packet every 20ms in the new PUSCH demodulation tests for UL VoIP.
3. Conclusion
In this contribution, we provide our simulation results based on the agreed simulation assumptions for UL VoIP with enhanced TTI bundling, and analyze the two options for the simulation parameter of new packet generation. The proposal is made as follows. 
Proposal: Transmitting a new VoIP packet every 20ms in the new PUSCH demodulation tests for UL VoIP.
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5. Annex

Table 2.
Simulation assumptions for UL FDD VoIP demodulation tests
	Parameters
	Values

	Test metric
	SNR at 2% residual BLER (rBLER)
· rBLER = A/B, where A is the number of incorrectly decoded TBs after retransmission and B is the number of transmitted TB (retransmitted TBs will not be counted repetitively)

	FRC
	FRC 1 in table 2

	PRB size and allocation
	3 contiguous PRBs in the middle of the channel bandwidth. 

· In case the number of RBs in the channel bandwidth is even, the 3 RBs in the middle with lower numbers are to be used. 

	Bundle size
	4 TTIs

	HARQ combining
	Incremental redundancy

	Redundancy version sequence
	0, 2, 3, 1, 0, 2, 3, 1

	HARQ RTT
	12ms

	Number of HARQ processes
	3

	Maximal number of HARQ transmissions (including 1st transmission and re-transmissions)
	5

	Channel Bandwidth
	1.4MHz, 3MHz, 5MHz, 10 MHz, 15 MHz, 20 MHz

	CP
	Normal

	Antenna configuration and correlation matrix
	1x2 Low, 1x4 Low, 1x8 Low

	Propagation conditions
	EVA 5, ETU 300

	Noise model
	AWGN

	Channel estimation
	Practical channel estimation and noise estimation

	Reference receiver
	Practical receiver

	New packet generation
	Transmitting a new VoIP packet every 20ms
· Full buffer is not excluded


Table 3.  New FRC for UL FDD VoIP demodulation tests
	Reference channel
	FRC 1

	Allocated resource blocks
	3

	DFT-OFDM Symbols per subframe
	12

	Modulation
	QPSK

	Code rate
	11/27*

	Payload size (bits)
	328

	Transport block CRC (bits)
	24

	Code block CRC size (bits)
	0

	Number of code blocks - C
	1

	Coded block size including 12bits trellis termination (bits)
	1068

	Total number of bits per sub-frame
	864

	Total symbols per sub-frame
	432

	Note *: code rate per TTI
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