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1. Summary
Results of a UE speech quality testing with fading channel conditions and a number of LTE PHY/MAC layer configuration options at the system simulator is reported. These configuration options and impairments allow testing of the UE at a condition more approximate to those experienced in field use, providing a better assessment of the actual performance of the UE for VoLTE calls. The source invites companies interested in the topic to review the results and discuss possible configurations of interest in the context of E_LTE_UED work item and/or FS_SEATS.
2. Background

The desire to test UE speech quality and delay, in conditions representative of commercial VoLTE services, led to the development of new packet delay and loss profiles in the ART_LTE work item. These profiles, described in 3GPP TS 26.132 Annex E.2 [1], attempt to simulate a number of LTE radio optimizations (e.g. SPS, DRX) that were not available in conventional LTE system simulators at the time of that work item.
In the current E_UED_LTE work item, support of LTE radio optimizations is part of the scope, provided that these features are implemented [2]. Such optimizations can be used in combination with RTP based network impairments to provide a realistic end-end packet delay and loss condition for testing. In addition to more realistic packet delay and loss conditions, there are a number of other arguments in favor of audio/acoustic testing with actual MAC/PHY layer configurations. For example, the power consumption state of the UE changes with the use of DRX, which can affect audio and modem DSPs. Eventual synchronization between audio, encoding and the network may also act differently for some devices depending on the presence of scheduling. Finally, some operators already require speech quality testing under these conditions but lack of uniform guidance from 3GPP results in conflicting test plans and requirements.
Typical system simulators used in combination with 3GPP TS 26.132 testing now feature integrated capabilities that were once limited to advanced protocol testers. Such functionalities include:
· Connected Discontinuous Reception (cDRX)

· Semi-Persistent Scheduling (SPS)

· Hybrid Automatic Repeat Request (HARQ)
· Internal RF channel fading capabilities.

This contribution uses some of these functionalities to reports on tests and results of an UE.
2. Measurement Setup
The test setup used for the measurements consists of:

· A Rohde & Schwarz CMW500 system simulator.
· A HEAD Acoustics MFE VI audio front-end.
· A HEAD Acoustics ACQUA measurement application with integrated ITU-T P.863 (POLQA) MOS-LQO score calculation.

· The software versions for the test equipment used is reported on Table 1.
Table 1 - Software versions for the test equipment used

	CMW 500 software configuration


	Base:
	V3.5.40

	Audio:
	V3.5.10

	LTE:
	V3.5.30.10

	DAU:
	V3.5.30.5

	HEAD Acoustics

	Audio Front End
	MFE VI.I

	ACQUA
	V3.3.2

	POLQA
	V2.4


The device under test is a development platform UE. Tests were conducted over the headset jack analog audio interface. The speech coding used for testing was EVS 24.4kbps.

Figure 1 shows the complete test setup used:
Figure 1 - Test setup
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3. Test Methodology

The test methodology is consistent with 3GPP TS 26.132 clause 8.10.4.3: Speech Quality Loss in Conditions With Packet Arrival Time Variations and Packet Loss, except that the packet arrival time variations and packet loss are given by the actual operation of scheduling, HARQ, DRX and RF Channel Fading instead of a simulated RTP stream.

For this contribution, results for one radio access technology, scheduling configuration and fading profile are reported, at multiple Additive White Gaussian Noise RF signal to noise ratios. This was done in order to balance the range of packet loss conditions spanned by the tests, and the limited time available for the experiments.
In addition to objective speech quality scores (MOS-LQOswb) produced by the ITU-T P.863 tool, the initial BLER for each test condition was also monitored in the system simulator and reported with the results.
With respect to the particular results presented in this contribution, the configuration for the system simulator used is provided in Table 2. The source welcomes discussions on other appropriate settings that are more representative of actual VoLTE operation.
Table 2 - Configuration of system simulator used in testing

	RF Scenario


	Radio Access Technology
	Frequency Domain Division (FDD)

Long Term Evolution (LTE R8)

	Cell Configuration
	Single Input Single Output (SISO)

	Scheduling Configuration


	Scheduling Type (Note 1)
	Reference Measurement Channels (RMC) as defined in 3GPP TS 36.521-1 [3]

	Radio Resources:
	Number of Resource Blocks: 50 (UL & DL)
1st Resource Block Position: Low

Modulation: QPSK (UL & DL)

Transport Block Size Index: 6 UL & 5 DL

Throughput: 3.953 Mbit/s DL & 5.160 Mbit/s UL

	UL HARQ
	Number of HARQ Transmissions: 3

	DL HARQ
	Number of HARQ Transmissions: 3

	Connected DRX
	According to 3GPP TS 36.521-3 [4], table H.3.6-2.

	ROHC (Note 2)
	Not Enabled

	TTI Bundling (Note 3)
	Not Enabled

	Internal Fading Settings


	Multipath propagation conditions
	Fading Profile: Extended Pedestrian A

Doppler Frequency:  5Hz

MIMO Correlation: Low
3GPP TS 36.101 Annex B [5]

	Additive White Gaussian Noise SNR
	15dB, 12.5dB, 10dB, 7.5dB, 5dB, 2.5dB, 0dB

	Speech Encoding Settings

	Speech Codec 
	Enhanced Voice Services (EVS)

	EVS Start Mode
	EVS Primary

	HF-only
	Not Present

	Discontinuous Transmission (DTX)
	Enabled

	DTX-recv
	Enabled

	Bandwidth
	Super Wideband (SWB)

	Bit-rate
	Max: 24.4kbps / Min: 24.4kbps

	CMR
	Not Present

	Channel Aware Mode
	Disabled


Note 1: The system simulator used for these tests also supports Semi-Persistent Scheduling. Semi-Persistent Scheduling is representative of actual VoLTE calls. However, when operating the device under test with SPS, only fading conditions with limited Block Error Rate (BLER) produced sustainable voice call connections. This may be due to the limited throughput available in SPS, but further studies are needed. In addition, the operation of HARQ was not available in the system simulator when testing with SPS. This requires further discussion.
Note 2: ROHC is disabled in this test following the default configuration for system simulator. However, ROHC has impact on delay and radio resources during a voice call. It is of interest to study the effects of enabling ROHC for future studies.

Note 3: TTI Bundling is also of interest for VoLTE testing as it can reduce delay in bad channel conditions. Testing of TTI Bundling can be considered in future contributions.

4. Results
Table 2 reports the results obtained for each of the 20 sentence pairs for both MOS-LQOswb scores and average delay within the sentence pair. Averaged results and standard deviation are calculated by discarding the first sentence pair (for the purposes of convergence of JBM). The initial BLER (BLER before HARQ re-transmissions) is also reported for each of the AWGN test conditions. When the AWGN SNR reached 0dB and initial BLER=90%, the call was not sustainable and results are therefore not reported.
Table 3 - Objective Speech Quality and Delay in Downlink over electrical headset jack for different AWGN SNRs. EVS 24.4kbps SWB - EPA 5Hz Low fading profile, RMC Scheduling and 3 HARQ transmissions.
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initial BLER 6% 15% 26% 47% 65% 6% 15% 26% 47% 65%

Sentence Pair

1 147.7 137.4 138.6 137.9 137.9 4.6 4.6 2.8 3.5 2.3

2 138.1 131.7 138.2 147.9 141.7 4.7 4.6 4.5 4.1 3.0

3 137.9 137.7 137.8 137.9 150.4 4.7 4.6 2.8 3.5 1.8

4 138.7 139.3 137.5 138.0 140.7 4.4 4.4 4.3 2.5 2.2

5 137.4 137.4 134.4 137.9 143.5 4.6 4.5 3.5 2.9 1.4

6 137.7 138.1 138.2 138.3 143.7 4.7 4.6 4.5 3.6 1.6

7 137.8 137.1 146.8 137.7 158.5 4.6 4.6 3.0 3.9 2.3

8 138.7 137.6 137.3 138.4 143.6 4.4 3.2 4.1 3.4 2.3

9 137.6 137.4 137.8 137.7 142.1 4.6 4.6 3.8 2.5 1.8

10 138.4 138.3 138.3 138.5 145.7 4.7 4.7 4.5 2.9 2.1

11 137.1 137.9 137.8 148.5 144.2 4.7 4.7 4.4 3.4 1.7

12 137.8 138.3 137.4 137.8 144.3 4.2 4.4 2.5 2.6 1.5

13 137.8 137.7 137.4 147.6 151.5 4.5 4.5 3.9 2.3 1.3

14 138.2 138.2 138.3 138.2 140.6 4.7 4.7 4.7 3.4 1.5

15 137.9 137.9 137.9 137.8 138.3 4.7 4.7 3.8 3.6 1.8

16 138.3 137.9 137.5 142.0 138.5 4.4 4.1 4.2 2.3 2.8

17 137.8 137.3 138.1 144.8 137.6 4.5 4.5 4.5 2.8 1.7

18 138.2 138.3 138.4 138.3 142.5 4.7 4.7 4.6 3.7 2.0

19 137.1 137.7 137.8 138.5 143.2 4.7 4.6 4.3 2.7 2.7

20 138.9 138.3 137.9 138.3 152.5 4.4 4.5 3.6 2.1 1.7

AVG 138.0 137.6 138.1 140.2 144.4 4.6 4.5 4.0 3.1 1.9

STDEV 0.5 1.5 2.2 3.8 5.2 0.1 0.3 0.6 0.6 0.5

Average Delay (ms) MOS-LQO

swb


5. Analysis
a) A wide range of packet loss conditions could be achieved with the various AWGN SNRs. The MOS-LQOswb scale was almost entirely spanned, indicating that is possible to exercise the system with a wide range of quality conditions while sustaining a call.

b) For the EPA 5Hz Low fading profile used, only conditions with SNR >= 10dB produced a residual BLER consistent with QoS Class Identifier 1 (QCI1) budgeting, i.e. < 1% of packet error loss rate (PLER). 
c) The call could not be maintained when testing with SPS scheduling at AWGN SNRs lower than 10dB. For the RMC scheduling the call could be maintained for AWGN SNRs up to 0dB. Appropriate testing scenarios with SPS is under study.
d) An increase in average delay and its standard deviation is observed for lower AWGN SNRs. This is consistent with the higher incidence of HARQ re-transmissions. Because of the long averaging of frame delays per sentence pair, some of the granularity in the delay measurement is lost and the effects of HARQ are not so obvious from the results.

6. Conclusions

· Measurements of speech quality and delay with a UE running the EVS speech codec at 24.4kbps were successfully completed in different fading channel conditions and radio optimizations.
· With the availability of typical VoLTE RF connection configurations in the system simulator, a more realistic evaluation of the UE speech quality and delay performance can now be evaluated.
· Further studies and discussions are necessary to determine the appropriate configurations and test scenarios of interest.
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