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1. Introduction
The RAN1/2 work of LTE coverage enhancements WI has been 97% completed, and the only left issues is RAN1 CRs based on RAN1 agreements and RAN2 LS [1]. Our companion contribution in [2] gives high-level analysis of RAN4 impact for this WI. In this contribution, we discuss demodulation performance requirements for UL VoIP and medium data rate PUSCH with enhanced TTI bundling. 
2. Performance requirements for UL VoIP
Nowadays VoIP is becoming more and more important with evolution of LTE network deployment. However, as described in [2], PUSCH (12.2 kbps VoIP) suffers coverage issues compared to other DL/UL channels. UL enhanced TTI bundling introduced in Rel-12 could fully utilize 4
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5=20 TTIs for a VoIP packet, given that VoIP packet arrives at interval of 20ms. Therefore, it is a very useful technique for UL VoIP coverage enhancement, which is beneficial for improving network performance and UE experience.
2.1. Lower SNR working point for UL VoIP with enhanced TTI bundling
Among the existing PUSCH demodulation tests, the lowest MCS configuration is QPSK with 1/3 code rate, and the maximum number of HARQ transmissions is 4, hence the effective code rate could be reduced to (1/3)/4=1/12 after HARQ soft combining. 

For VoIP transmission with enhanced TTI bundling, we make the following assumptions:

· For one voice packet with AMR 12.2 kbps, TBS=328
· Layer 1 CRC overhead is 24 bits
· For PUSCH, there are 12 subcarriers
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12 OFDM symbols =144 avaiable REs per PRB pair

· QPSK modulation is used, i.e., 2 information bits are carried per RE
· Allow 5 HARQ transmission for each 4-TTI bundle, thus 20 TTIs can be utilized for one TB
Then the code rates for VoIP with enhanced TTI bundling can be obtained: 
· For 1RB allocation, code rate =
 (328+24)/(1442
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20) = 11/180 

· For 2RB allocation, code rate =
 (328+24)/(1442
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2) = 11/360
· For 3RB allocation, code rate =
 (328+24)/(1442
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3) = 11/540
It is seen that the effective code rates for VoIP with enhanced TTI bundling are significantly lower than that for the existing test cases, thus the required SNR is expected to be much lower. 
Proposal 1: Introduce new demodulation requirements for UL VoIP with enhanced TTI bundling to verify the performance of BS implementations (including channel estimation, MIMO detection and turbo decoding) under low SNR working points.
2.2. Performance measure point
There are two options for the performance measures of UL VoIP: 30% and 70% of maximum throughput, 2% residual BLER after retransmission.
30% and 70% of maximum throughput
Information bit throughput was used as RAN4 demodulation performance measure of data channel firstly in HSDPA work item, due mainly to the following reasons [3, 4]:
· HARQ and IR combining were introduced for HSDPA. 
· Design target of HSDPA was to improve peak and average data rates. 
· Compared with traditional metric of initial BLER for WCDMA, the throughput measure could involve the HARQ operation directly and reflect the true bit rate for data service.

For LTE, the PUSCH demodulation performance is specified in terms of 30% and 70% of maximum throughput for fixed reference channels. 
2% residual BLER after retransmission (rBLER)

Report ITU-R M.2134 defines the requirements for VoIP service [5]:

· 98% of the VoIP packets should be delivered successfully to a user. Otherwise, the user is defined to have experienced a voice outage. 
· Source rate of VoIP is assumed to be fixed as 12.2 kbps.
According to the above definition, 2% rBLER is used as VoIP evaluation metric in RAN1. And rBLER is defined as the residual BLER after retransmission:
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where A is the number of incorrectly decoded TBs after n-th retransmission, and n is the maximal number of HARQ retransmission. B is the number of transmitted TBs (retransmission for the same TB are not counted separately).
Observation 1: Considering the service characteristics and requirements for VoIP, 2% rBLER is a more meaningful performance measure point.
Although the definitions of relative throughput and rBLER are different, there may be another question: if one BS can pass the demodulation tests measured by a certain percentage of maximum throughput, can we say it can also meet the requirements measured by rBLER? If yes, to limit RAN4 standard impacts, it may be better to re-use the existing performance measure of relative throughput. 
Next, some initial link-level simulations are conducted to find an answer to the question. Simulation parameters are listed in Table 1. The simulation curves for relative throughput and rBLER under various SNRs are given in Figure 1, and the required SNRs to achieve 30/70% throughput and 2% rBLER are provided in Table 2. 
Table 1. Link-level simulation parameters

	Parameters
	Values

	Transport block size
	328

	RB allocation
	3 RB

	MCS
	7, QPSK modulation

	Channel model
	EPA 5Hz 

	Antenna configuration
	1Tx 2Rx

	MIMO channel correlation level
	Low correlation

	Noise model
	AWGN

	Channel bandwidth
	20 MHz

	Channel estimation
	Practical channel estimation

	Receiver
	MRC

	Cyclic prefix
	Normal

	TTI bundling
	ON, bundle size = 4TTI

	HARQ RTT
	12ms (enhanced TTI bundling)

	Maximum number of HARQ re-transmissions
	Two cases: 0 and 4
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(a) Relative throughput versus SNR (dB) *                         (b) rBLER versus SNR (dB)
Figure 1. Link-level simulation results

Table 2. Required SNRs to achieve 30/70% throughput and 2% rBLER
	Required SNR (dB)
	30% TP *
	70%TP *
	2%rBLER

	4-TTI bundle, without re-transmission
	-8.34
	-5.01
	1.62

	4-TTI bundle, maximum 4 re-transmissions, RTT=12ms
	-9.72
	-5.76
	-5.83


Note *: If one TB is successfully decoded with the reception of the first 4-TTI bundle, the relative TP is recorded as 100%. 

It is seen from Figure 1(a) that the relative throughput curve for VoIP without re-transmission is close to the one for VoIP with maximum 4 re-transmissions. In contrast, Figure 1(b) shows noticeable difference in rBLER performance between VoIP without re-transmission and VoIP with maximum 4 re-transmissions. Moreover, obvious gaps exist between the required SNRs to achieve traditional 30/70% relative throughput and 2% rBLER respectively, as shown in Table 2. 
Then we analyze the impact of HARQ on relative throughput and rBLER results. For simplicity, assuming there is only one TB, the relative throughput and rBLER after x-th transmission are given in Table 3. A larger number of HARQ re-transmission will result in a lower true bit rate and relative throughput. At the same time, the rBLER is recorded as 0 once the TB is successfully decoded, regardless of whether HARQ re-transmission is performed. 
Table 3. Comparison of relative TP and rBLER metrics
	If the TB is successfully decoded after x-th transmission,
	Relative TP
	rBLER

	x = 1
	100%
	0

	x = 2
	1/2=50%
	0

	x = 3
	1/3=33.3%
	0

	……

	If the TB is not successfully decoded after the maximal number of HARQ transmission,
	0%
	1


Based on the simulation results and analysis, we have the following observation.
Observation 2:
· From the performance point of view, obvious gaps exist between the required SNRs to achieve 30/70% relative throughput and 2% rBLER respectively.
· The gap is very variable under different simulation assumptions, e.g., different HARQ transmission number.
Furthermore, proposal 2 is given below based on observation 1 and observation 2:
Proposal 2: Use 2% rBLER as the performance measure point for UL VoIP with enhanced TTI bundling.
2.3. New demodulation tests for UL VoIP
2.3.1 Fixed Reference Channels
As stated in section 2.1, the TBS is 328 for one voice packet with AMR 12.2 kbps. Typically, 1 to 3 RBs can be allocated to deliver UL VoIP service. 1RB and 3RB allocations represent the extreme cases: 
· 1RB case: least DMRS samples, low SNR working point 
· 3RB case: lowest SNR working point with lowest code rate
Proposal 3: Introduce new demodulation requirements for UL VoIP with 1RB and 3RB allocation, and define the corresponding FRCs, e.g., FRC 1 and FRC 2 in Table 4.
Table 4. Proposed new FRCs for VoIP demodulation requirements
	Reference channel
	FRC 1
	FRC 2

	Allocated resource blocks
	1
	3

	DFT-OFDM Symbols per subframe
	12
	12

	Modulation
	QPSK
	QPSK

	Code rate
	11/9*
	11/27*

	Payload size (bits)
	328
	328

	Transport block CRC (bits)
	24
	24

	Code block CRC size (bits)
	0
	0

	Number of code blocks - C
	1
	1

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

	Total number of bits per sub-frame
	288
	864

	Total symbols per sub-frame
	144
	432

	Note *: code rate per TTI


2.3.2 Antenna configurations

For the existing PUSCH performance requirements, six types of antenna configurations are covered: 1Tx 2Rx, 1Tx 4Rx, 1Tx 8Rx, 2Tx 2Rx, 2Tx 4Rx, 2Tx 8Rx. Uniform linear arrays (ULA) are used for 2Rx and 4Rx antenna case, and cross polarized antennas (CPA) are used for 8Rx antenna case. In addition, the existing 2Tx PUSCH tests are designed to verify the performance with two-layer spatial multiplexing. For cell edge UEs with enhanced TTI bundling, it seems difficult to employ spatial-multiplexing transmission mode. 

Proposal 4: Antenna configurations for UL VoIP demodulation requirements include 1Tx 2Rx, 1Tx 4Rx and 1Tx 8Rx. Uniform linear arrays (ULA) are used for 2Rx and 4Rx antenna case, and cross polarized antennas (CPA) are used for 8Rx antenna case. 
2.3.3 Channel bandwidths
The existing PUSCH performance requirements are specified for each of the six channel bandwidths. The applicability of performance requirements with different channel bandwidths are defined in section 8.2.1.1 of TS 36.141 and quoted below:
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A test for a specific channel bandwidth is only applicable if the BS supports it.

For a BS supporting multiple channel bandwidths and not supporting carrier aggregation only the tests 

for 

the lowest and the highest channel bandwidths

 supported by the BS are applicable.

For a BS supporting carrier aggregation only the CC combination with largest aggregated bandwidth 

and the largest number of component carriers is used for the test. For this CC combination the tests 

using full PRB allocation FRC are conducted on per CC basis and measured by the required SNR 

levels corresponding to the bandwidths used on the different CCs.

For a BS supporting carrier aggregation the tests with 

single PRB FRC are conducted on any single 

component carrier only

.


Proposal 5: Cover all the six channel bandwidths for UL VoIP demodulation requirements, i.e., 1.4 MHz, 3 MHz, 5 MHz, 10 MHz, 15 MHz and 20 MHz. Define the applicability for conformance tests in TS 36.141 as follows:
· A test for a specific channel bandwidth is only applicable if the BS supports it.

· For a BS supporting multiple channel bandwidths and not supporting carrier aggregation only the tests for the lowest and the highest channel bandwidths supported by the BS are applicable.
· For a BS supporting carrier aggregation the tests with single and three PRB FRC are conducted on any single component carrier only.
2.3.4 Propagation conditions and CP length
To guarantee VoIP performance in typical scenarios, we propose the following propagation conditions:

· EVA 5Hz: medium delay spread, low UE velocity 
· ETU 70Hz: high delay spread, medium UE velocity
· ETU 300Hz: high delay spread, high UE velocity
Note that these conditions are also used for the existing single RB tests in TS 36.104. Additionally, performance requirements under ETU 70Hz and ETU 300Hz conditions are not applicable for Local Area BS and Home BS.
Proposal 6: Propagation conditions for UL VoIP demodulation requirements are: EVA 5Hz, ETU 70Hz and ETU 300Hz. Performance requirements under ETU 70Hz and ETU 300Hz conditions are not applicable for Local Area BS and Home BS.
Proposal 7 is made with respect to the CP length:
Proposal 7: Use normal CP for UL VoIP demodulation requirements.
3. Performance requirements for medium data rate PUSCH 
As described in [2], since the resource allocation restriction of NPRB ( 3 is removed, enhanced TTI bundling could be applied to medium data rate PUSCH (384kbps) with increased scheduling flexibility. When combined with 4-TTI bundle, RTT of both 16ms and 12ms can be adopted. 
For medium data rate PUSCH, performance benefits of enhanced TTI bundling include: 
1) Larger block encoding gain: Compared with the TBS of N for data transmission without TTI bundling, a bundle of 4
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N bits per TB can get larger coding gain.

2) Lower upper layer and layer 1 CRC overhead: For TTI bundling, there are only one RLC SDU for four bunled TTIs, so the overhead including the RLC/MAC header and CRC is much decreased

3) Lower PDCCH and PHICH overhead: The bundled TTIs are treated as a single UL resource assignment where a single UL grant and a single PHICH ACK/NACK are required.
Considering the first point, RAN4 already has tests for large TBS of more than 384
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4, thus no new demodulation tests are needed. In addition, no impact on baseband demodulation requirements is observed due to the benefits from the second and third points.

Proposal 8: No new demodulation requirements are needed for medium data rate PUSCH with enhanced TTI bundling.
4. Conclusion

In this contribution, we analyzed the impact on PUSCH performance requirements due to the introduction of enhanced TTI bundling. Proposals 1 to proposal 7 were made for UL VoIP performance requirements:
Proposal 1: Introduce new demodulation requirements for UL VoIP with enhanced TTI bundling to verify the performance of BS implementations (including channel estimation, MIMO detection and turbo decoding) under low SNR working points.
Proposal 2: Use 2% rBLER as the performance measure point for UL VoIP with enhanced TTI bundling.
Proposal 3: Introduce new demodulation requirements for UL VoIP with 1RB and 3RB allocation, and define the corresponding FRCs, e.g., FRC 1 and FRC 2 in Table 4. 
Proposal 4: Antenna configurations for UL VoIP demodulation requirements include 1Tx 2Rx, 1Tx 4Rx and 1Tx 8Rx. Uniform linear arrays (ULA) are used for 2Rx and 4Rx antenna case, and cross polarized antennas (CPA) are used for 8Rx antenna case. 
Proposal 5: Cover all the six channel bandwidths for UL VoIP demodulation requirements, i.e., 1.4 MHz, 3 MHz, 5 MHz, 10 MHz, 15 MHz and 20 MHz. Define the applicability for conformance tests in TS 36.141 as follows:
· A test for a specific channel bandwidth is only applicable if the BS supports it.

· For a BS supporting multiple channel bandwidths and not supporting carrier aggregation only the tests for the lowest and the highest channel bandwidths supported by the BS are applicable.
· For a BS supporting carrier aggregation the tests with single and three PRB FRC are conducted on any single component carrier only.
Proposal 6: Propagation conditions for UL VoIP demodulation requirements: EVA 5Hz, ETU 70Hz and ETU 300Hz. Performance requirements under ETU 70Hz and ETU 300Hz conditions are not applicable for Local Area BS and Home BS.
Proposal 7: Use normal CP for UL VoIP demodulation requirements.

Proposal 8 was made for medium data rate PUSCH performance requirements:
Proposal 8: No new demodulation requirements are needed for medium data rate PUSCH with enhanced TTI bundling.
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TS 36.141:
A test for a specific channel bandwidth is only applicable if the BS supports it.
For a BS supporting multiple channel bandwidths and not supporting carrier aggregation only the tests for the lowest and the highest channel bandwidths supported by the BS are applicable.
For a BS supporting carrier aggregation only the CC combination with largest aggregated bandwidth and the largest number of component carriers is used for the test. For this CC combination the tests using full PRB allocation FRC are conducted on per CC basis and measured by the required SNR levels corresponding to the bandwidths used on the different CCs.
For a BS supporting carrier aggregation the tests with single PRB FRC are conducted on any single component carrier only.
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