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Overview

The intent of this contribution is to replicate measurements presented in [1] and [2].  However, results for delay in clean (no jitter/loss) conditions were different from those reported previously so that voice quality measurements and jitter profiles were not use.  
Results are presented here as indicative of the range of variation that can be seen, and should be considered in discussions on requirements.

Measurement set up
The hardware set up generally follows that from [1].  As no network impairments were tested, the MFE IX network impairment simulator was not activated.  No clock synchronization was used.  
One LTE network simulator was used, with AMR-WB 12.65kbps.  Two samples of the same DUT, labelled A and B, were tested.

Method
The method of 3GPP TS 26.132, clause 7.10, both the separate Sending and Receiving direction, and the Echo/loopback method were used.  Ten repeated measurements were made, without restarting the UE between measurements.
For one DUT, A, the buffer setting in MFE-VIII.1 was adjusted between the recommended 100ms and 0ms, with results presented separately.

Results, Sending direction
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Figure 1  Delay measurements, Sending direction

Figure 1 shows the results for the measurements in the sending direction.  The repeated results are quite stable.  The results for the two devices are consistent.  When the buffer is set to 0ms, the results are expectedly lower, about 92ms on average.  

	
	A, 0ms
	A, 100ms
	B, 100ms

	Average
	118.6
	210.5
	210.7

	Minimum
	118.0
	209.5
	209.3

	Maximum
	119.1
	211.1
	211.4

	Standard Deviation
	0.36
	0.49
	0.61


Table 1 Statistics for Sending Delay

Results, Receiving direction
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Figure 2 Delay measurements, Receiving direction
	
	A, 0ms
	A, 100ms
	B, 100ms

	Average
	522.4
	495.4
	554.2

	Minimum
	285.6
	273.7
	273.5

	Maximum
	746.6
	773.5
	754.0

	Standard Deviation
	203.7
	228.9
	196.6


Table 2 Statistics for Receiving Delay
Figure 2 shows that the delay in the Receiving direction varies substantially, from a minimum of about 273 ms to a maximum of about 774ms.  This behavior is seen for both devices, and both values of the buffer setting.

Results, using speech

Figure 3 shows that the delay in the Sending and Receiving direction, using the speech signal defined in [2].  In this case, the entire signal comprised of 20 sentences was transmitted, and the delay in each direction was estimated using the cross-correlation method of 3GPP TS 26.132, clause 7.10, but applied separately to each individual sentence.
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Figure 3 Send and Receive delay measured using speech
Comparing Figure 3 with Figures 1 and 2, it can be seen that the Send delay (Figure 1) and Receive delay (Figure 2) show nearly identical behavior.
Results, Loopback
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Figure 4 Delay measurements, Loopback

	
	A, 0ms
	A, 100ms
	B, 100ms

	Average
	595.3
	535.4
	383.7

	Minimum
	279.3
	283.3
	215.5

	Maximum
	759.3
	683.5
	743.5

	Standard Deviation
	204.4
	185.5
	211.9


Table 3 Statistics for Loopback Delay
Figure 4 shows a similar range of delay as seen in the Receiving direction, Figure 2, from a minimum of about 216 ms to a maximum of about 759 ms.  Again, the range of delay values is consistent between the two devices and for both values of the buffer, using the CSS test signal.
Discussion

The results presented here are, in clean conditions, qualitatively different from those presented in [1].  For comparison, Figure 3 (delay between source signal and ear recording in the clean channel condition) is reproduced below:

[image: image5.emf]Delay vs. Time


t/s





0.1


0.15


0.2


0.25


0.3


0.35


0.4


Time/s


0


25


50


100


125


150




Delay vs. Time t/s



0.1 0.15 0.2 0.25 0.3 0.35 0.4

Time/s 0 25 50 100 125 150


Figure 3 from [1]:  Delay versus time between source signal and ear recording.

The results for Sending direction are consistent with the previously reported results, but the results for Receiving direction and for Loopback are dramatically different.

Given that to date, data has been presented on an extremely small number of devices, two or three in total, the source proposes there is an insufficient basis to support setting requirements at this time.
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