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1. Introduction

In [1], several delay versus time measurements were presented. This contribution discusses the different approaches of these calculations and the source files which can be used.
2. Measurement Setup

2.1. Hardware Setup

The source of the measurement setup is the reference gateway MFE VIII.1 which includes the AMR-WB and receives/transfers audio data from/to the test system ACQUA. It encodes/decodes the audio data to RTP packets and transmits/receives them to/from the network. In order to see the influence of all impairments including any clock drift NO clock synchronization to the DUT was performed. 

The network impairment simulator MFE IX is inserted in between the Ethernet connection of LTE network simulator and the reference gateway MFE VIII.1. This device adds network impairments (packet loss, delay, and jitter) to an Ethernet connection and is controlled via the test system ACQUA. One operational mode is the so called “TCN mode” (trace control for NetEm). Further information can be found in [2]. This mode allows to “playback” a certain pattern of impairments. The start of this pattern is synchronized to the playback of the measurement via a trigger signal generated synchronously with the test signal.

The downlink signal from the terminal is recorded by the artificial ear with DF equalization and performed in the audio measurement frontend MFE VI.1.

An overview about the measurement setup is shown in Figure 1. One LTE capable DUT was used in this measurement series. 

[image: image1.png]HMS II.3

HHP IlI.1
MFE VI.1 Analog
i V Acoustic
AES/EBU
MFE Vi1 A

RF

Ethernet

.t
.t
ot

LTE Radio A
Communication Tester <—--p» =Speech
(with built-in IMS Server) <« --%» =Control





Figure 1: Test setup of VoLTE acoustic testing.
2.2. Source Signals
2.2.1. Real speech

As a real speech test sequence, 8 English test sentences according to ITUT- P.501 [3] were used (2 male, 2 female speakers). The sequences are concatenated in such a way that all sentences are centered within a 4.0s time window, which results in an overall duration of 32.0s. Due to the given delay profiles in TS26.114 [4] and the ones presented in [1], where the duration of a profile was set to 150.0s, the sequences were repeated 5 times (160.0s). For all analyses, the last 10.0s were not taken into account.
The complete source file is shown in figure 2. For POLQA measurements according to [5], the full-band signal is used as the reference file. For playback, the signal is pre-filtered for wideband transmission and the active speech level according to ITU-T P.56 is set to -16.0 dBm0.
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-2 -1.5 -1 -0.5 0 0.5 1 1.5 2
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	Figure 2: Source file used for measurements


2.2.2. Composite Source Signal (CSS)
Single composite source signal bursts according to P.501 [3] (duration 350ms) are concatenated to an overall sequence of 150s. The single burst is repeated 425 times (148.75s), additionally 1 second of initial and final 0.25s of silence is appended.

The signal is well-known and is used in many measurement standards. However, the low periodicity may give inaccurate results when dealing with higher delays which are in range of the single burst duration. The issue is illustrated by the auto-correlation shown in Figure 3.
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	Figure 3: Auto correlation of CSS Signal


2.2.3. Markov speech model process (MSMP)
To avoid the problem with highly correlated source signal, the MSMP signal according to P.501 [3] is also used in the further analyses. This test signal uses trainable Markov-chains for the generation of a speech-like signal.
The preparation of the MSMP according to P.501 signal was as follows:

· Remove pause between 10.2 und 10.7s (500ms)

· Remove pause of 500ms at the beginning

· Delete pause of 600ms at the end

· Resulting signal duration: 21.66 – 0.5 – 0.5 – 0.6 = ~ 20s

· Repeat signal 8x (~160s) and limit duration to 150s

· Apply wideband filtering and set average signal level to -16dbm0
The auto-correlation of the modified MSMP signal is shown in Figure 4.
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	Figure 4: Auto correlation of edited MSMP Signal


3. Modified delay versus time analysis

A general problem with speech signals in the calculation of delay versus time as described in [3] are the pauses within the signal. A cross-correlation analysis will usually fail to determine a clear peak when regarding a block which includes mainly idle noise.

In order to fix this issue, the delay versus time analysis of [3] is modified in the following way:

· For each single cross-correlation block (step size 50ms), the maximum percentage score (which is used to determine the delay peak) is also stored versus time.

· The average maximum score is determined from this series (usually a value 70-80%).

· A threshold is calculated as 75% of this average maximum score (usually a value 50-60%)
· All cross-correlation blocks with a maximum correlation score lower than this threshold is marked as invalid. These blocks probably include no speech / idle noise.

· The delay versus time values within consecutive invalid blocks is replaced by a linearly interpolated delay versus time. For this interpolation, the neighbouring valid delay values are selected.

Figure 5 illustrates the difference of the original and the modified analyses.
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	Figure 5: Comparison of default and modified delay vs. time calculations


4. POLQA delay versus time analysis

The POLQA measurement also provides a delay versus time analysis. In Figure 6, an example is given. No jitter or packet loss was present during this experiment so the delay should not vary over time.
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	Figure 6: Example of POLQA delay vs. time analysis 


For the same speech recording, also the modified delay versus time calculation of section is calculated. The comparison is shown in Figure 7.
	[image: image7.emf]


t/s


0.1


0.15


0.2


0.25


0.3


0.35


0.4


t/s


0


25


50


75


100


125


150


Run 1


Run 2






t/s

0.1

0.15

0.2

0.25

0.3

0.35

0.4

t/s 0 25 50 75 100 125 150

Run 1

Run 2



	Figure 7: Comparison of POLQA and modified delay vs. time analysis 


The comparison with cross correlation method shows clearly the erroneously detected delay drift.
5. Measurement with different test signals
5.1. Measurement with CSS

Figure 8 shows an example measurement with CSS. From the time representation, it can be estimated that the overall measured delay is in the range of exactly one burst. When calculating the cross-correlation with these measured signals, it will not give appropriate results for the base delay. Due to the strong auto-correlation shown in Figure 3, the real delay value cannot be determined algorithmically.
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	Figure 8: Example of CSS with higher delay 


5.2. Comparison of real speech and MSMP

For three profiles clean channel, profile #6 and #12 presented in [1], a comparison between real speech and MSMP signal was measured. The delay versus time analysis was performed with the delay interpolations as described in section 3.
5.2.1. Clean Channel
The measurements for the clean channel are shown in Figure 9.
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	Figure 9: Comparison of MSMP and real speech (clean channel)


5.2.2. Delay Profile #6

The measurements for the delay profile #6 (dly_profile_40msDRX_10pct_BLER) are shown in Figure 10.
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	Figure 10: Comparison of MSMP and real speech (profile #6)


5.2.3. Delay Profile #12

The measurements for the delay profile #12 (dly_profile_40msDRX_10pct_BLER_e2e) are shown in Figure 11.
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	Figure 11: Comparison of MSMP and real speech (profile #12)


6. Conclusions

Even with delay interpolation within the speech pauses, the delay versus time estimation with MSMP shows less unwanted (and probably falsely detected) peaks, especially in profile #6.
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