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Foreword

This Technical Report has been produced by the 3rd Generation Partnership Project (3GPP).

The contents of the present document are subject to continuing work within the TSG and may change following formal TSG approval. Should the TSG modify the contents of the present document, it will be re-released by the TSG with an identifying change of release date and an increase in version number as follows:

Version x.y.z

where:

x
the first digit:

1
presented to TSG for information;

2
presented to TSG for approval;

3
or greater indicates TSG approved document under change control.

y
the second digit is incremented for all changes of substance, i.e. technical enhancements, corrections, updates, etc.

z
the third digit is incremented when editorial only changes have been incorporated in the document.

Introduction

Mobile telephony devices and voice services continue to develop and evolve and their associated minimum performance requirements and test methodologies also need to stay relevant and representative of quality demands.

While many advances were made in Rel. 11 to the acoustic requirements and test specifications in TS 26.131 and TS 26.132 many items therein were left marked “for further study” and require a final decision by SA4. Additionally, there are new acoustic requirements and emerging tests we may wish to consider in a future release, but require further study before incorporation to our specifications.

This technical report will, first and foremost, address the remaining items presently designated as “for further study” in TS 26.131 and TS 26.132.  

This report will also examine opportunities for new acoustic tests and requirements that help us to better characterise the UE acoustic experience, opportunities to replace existing test methods with others that are more accurate or more efficient and make specific recommendations for their inclusion in existing or new specifications.

1
Scope

The scope of this study is to investigate, first and foremost, the existing items presently designated as “for further study” in TS 26.131 and TS 26.132. 

The investigation will additionally identify, examine and evaluate opportunities for new acoustic tests and requirements that better help characterise the UE acoustic experience, opportunities to replace existing test methods with others that are more accurate or more efficient and to make specific recommendations for their incorporation inclusion in existing or new specifications.

While many advances were made in Rel 11 to the acoustic requirements and test specifications in TS 26.131 and TS 26.132 many items therein were left marked “for further study” and require a final disposition by SA4 including

· NB & WB Stability loss, Headset UE (TS 26.131 Sections 5.6 & 6.6)

· NB & WB Delay, Wireless Headset (TS 26.131 Section 5.12.2.2 & 6.11.2.2)

· NB & WB Echo control (“double-talk”) characteristics (TS 26.131 Sections 5.13 &6.12, TS 26.132 Section 8.11)

· Handset, Headset, Handheld hands-free, Desktop and vehicle mounted hands-free are all marked FFS

· NB& WB Free-field measurements for vehicle-mounted hands-free (TS 26.132 Section 7.2.3 & 8.2.3)

· NB & WB Idle Channel Noise, Sending/Receiving of test signal  (TS 26.132 Section 7.3.1, 7.3.2, 8.3.1 & 8.3.2 )

Additionally, there are new acoustic requirements and emerging tests that may be considered in a future release, but require further study before incorporation to our specifications. It has been anticipated that topics in this area would include, but would not be limited to, an evaluation of

· Time-variant user behaviour 

· Additional UE usage environments

· New or refined test methods for existing requirements

· Acceptance of updates (if any) to existing ETSI and ITU-T dependencies 

Coordination with other SDOs, such as ITU-T SG 12 and ETSI STQ among others, is also reported.
2
References

The following documents contain provisions which, through reference in this text, constitute provisions of the present document.

-
References are either specific (identified by date of publication, edition number, version number, etc.) or non‑specific.

-
For a specific reference, subsequent revisions do not apply.

-
For a non-specific reference, the latest version applies. In the case of a reference to a 3GPP document (including a GSM document), a non-specific reference implicitly refers to the latest version of that document in the same Release as the present document.

[1]
3GPP TR 21.905: "Vocabulary for 3GPP Specifications".

[2]
3GPP TR 41.001: "GSM Release specifications".

[3]
3GPP TR 21 912 (V3.1.0): "Example 2, using fixed text".

…

[x]
<doctype> <#>[ ([up to and including]{yyyy[-mm]|V<a[.b[.c]]>}[onwards])]: "<Title>".

3
Definitions, symbols and abbreviations
3.1
Definitions

For the purposes of the present document, the terms and definitions given in TR 21.905 [1] and the following apply. 
A term defined in the present document takes precedence over the definition of the same term, if any, in TR 21.905 [1].

example: text used to clarify abstract rules by applying them literally.

3.2
Symbols

For the purposes of the present document, the following symbols apply:

<symbol>
<Explanation>

3.3
Abbreviations

For the purposes of the present document, the abbreviations given in TR 21.905 [1] and the following apply. 
An abbreviation defined in the present document takes precedence over the definition of the same abbreviation, if any, in TR 21.905 [1].

<ACRONYM>
<Explanation>

4
Rel.11 “For Further Study” Items

4.1
[Stability loss, Headset UE]
[…]

4.2
[UE Delay, NB & WB Wireless Headset]

[…]

4.3
[NB & WB Echo control (“double-talk”) characteristics]
4.3.1 Results from a study on NB Echo control (“double-talk”) characteristics using P.835 methodology 
4.3.1.1 Background

In Release 11 of TS26.132, new methods for evaluation of echo control characteristics were introduced, Clauses 7.11 and 8.11.  However, corresponding requirements were not defined in TS26.131.  

A subjective listening test based on methods from Recommendation ITU-T P.835 was conducted in order to provide some data for purposes of investigating possible requirements.
Instead of a conversational test, or talking and listening test, this report provides results from listening only test, so participants did not experience echo while talking, only while passively listening.  Below are presented results of the subjective evaluation of real speech double talk test, for 12 devices, in both handset and handheld speakerphone for narrow band.
4.3.1.2 Test Method & Results

4.3.1.2.1 Methods

The categories defined in Clauses 7.11, Figure 17b5, (copied below for convenience) and Table 2c, and 8.11, Figure 19b5, and Table 2g, are described in perceptually-relevant terms.
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Figure [xxxx]: Classification of echo canceller performance

Table <xxx>: Categories for echo canceller performance classification

	Category
	Level difference (ΔL)
	Duration (D)
	Description

	A1
	-4 dB ≤ ΔL < 4 dB
	
	Full-duplex and full transparency

	A2
	-15 dB ≤ ΔL < -4 dB
	
	Full-duplex with level loss in Tx

	B
	ΔL < -15 dB
	D < 25 ms
	Very short clipping

	C
	ΔL < -15 dB
	25 ms ≤ D < 150 ms
	Short clipping resulting in loss of syllables

	D
	ΔL < -15 dB
	D ≥ 150 ms
	Clipping resulting in loss of words

	E
	ΔL ≥ 4 dB
	D < 25 ms
	Very short residual echo

	F
	ΔL ≥ 4 dB
	25 ms ≤ D < 150 ms
	Echo bursts

	G
	ΔL ≥ 4 dB
	D ≥ 150 ms
	Continuous echo


4.3.1.2.1.1 Rating scales

The impairments in categories A2, B, C, and D can be understood as distortions of the uplink speech.  In contrast, the impairments in categories E, F, and G can be understood as intrusions of residual or continuous echo.  Based on these observations, the rating scales of P.835 [4], SIG, BAK, and OVRL, as shown in Figures below, were adopted for this listening evaluation.  In this study, the BAK rating scale was used to quantify the level of intrusiveness of any echo.  In other P.835 studies, the BAK rating scale has been more typically used to quantify the level of intrusiveness of background noise.
[image: image4.emf]
Figure [XXX] (Figure 5/P.835), Speech signal rating scale

[image: image5.emf]
Figure [xxxx] (Figure 6/P.835) Background rating scale

[image: image6.emf]
Figure [xxx] (Figure 7/P.835) Overall quality rating scale
It was anticipated that the impairments in categories A2, B, C, and D, would be related to ratings on the SIG (speech distortion) scale, and that impairments in categories E, F, and G would be related to the ratings on the BAK background intrusiveness scale.

4.3.1.2.1.2 Speech Source 
The speech source used is Segment 2 (four sentences) of the current double talk test, British English from Recommendation ITU-T P.501.  This includes two male and two female talkers.  While this is rather limited in comparison to some subjective tests, the exact signal and conditions of 7.11 are used to facilitate direct comparisons with the objective measures.  For each presentation and rating, a single sentence was presented (total of four sentences, from two male and two female speakers).
4.3.1.2.1.3 Reference Signals
For the SIG dimension, the Wiener-filter based reference system proposed in [5] and used in [6] was used.  While this reference system has been primarily used as a reference for noise suppression, as many echo control systems provide echo suppression using a multi-band attenuation mechanism, it seems reasonable to use that reference system in this context.  Expert listening to the reference system and the distortions introduced by the devices exhibiting higher levels of impairments in the A2, B, C, and D categories indicated qualitatively similar perceptions. Four levels of Wiener-filter-based distortion, similar to those used in P.835 tests for noise suppression and judged by expert listeners to span the range from 1 to 5, were used.
For the BAK dimension, recordings of echo were made on a device with the ability to disable the AEC system, and to capture signals at the microphone.  To acquire the BAK echo component, the signal defined in TS 26.132, Clause 7.11.1, for use in the receiving direction was injected into the input of a network simulator.  The resulting echo signal from the device was recorded at the microphone of the device.  The level of the receiving signal was adjusted to yield a range of echo levels.  To construct the BAK references, the speech and echo signals were mixed at a range of Speech to Echo Ratios (SER): 0, 12, 24, and 36 dB SER.   It is noted, in Figure 5, that the resulting range of BAK scales using these SER values is somewhat compressed to below 2.5 MOS.  Use of an alternative range of SER (e.g. 0, 24, 36, 48 dB) may provide a more uniform range of BAK scores.
Three additional reference signals consisting of a combination of Wiener-filter distortion and echo, with increasing levels of both, were also constructed, resulting in a total of 11 impaired references (4 Wiener-filter, 4 echo-only, 3 Wiener-filter and echo).  Clean speech was used as the twelfth reference signal.

4.3.1.2.1.4 Listening mode and level
Presentation was made monaurally, at 79 dB SPL, using closed-back Sennheiser HD-280 Pro headphones, without any additional equalization. 

4.3.1.2.1.5 Listening Panel
Results are reported for a listening panel that consisted of 32 naïve listeners, native speakers of American English, all with self-reported normal hearing.

Listeners were presented with a practice block of signals including references for familiarization with the task.  The rating scales described in Clause 4.3.1.2.1.1 above were used.

4.3.1.2.1.6 Measurement Set up

As noted above, the measurements were taken corresponding to the method defined in Clause 7.11 of TS 26.132.  To clarify the relationships between input signals and measurements used in the listening-only test, schematic depictions of the input signal paths and measurements are provided below, with the single talk configuration shown in Figure XX and the double-talk configuration shown in Figure YY.
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Figure XX, Signal paths for single talk configuration
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Figure YY, Signal paths for double talk configuration

In the double talk configuration, there is a double talk situation at the terminal, as indicated by the dotted line enclosing the signals in sending and receiving direction (note that the methods in TS 26.132 include provisions to time-align the acoustic signals at the terminal).

In both Figures XX and YY, the dotted box enclosing a portion of the Uplink measurement indicates that portion of the test signal that is used in the listening-only experiments.

In the single talk configuration, there is no possibility of impairment of the uplink measurement/listening file due to the presence of the downlink.  In contrast, in the double talk configuration, the signal in the receiving direction is present simultaneously with the signal in the sending direction.  There is the possibility of impairment of the speech in the sending direction due the action of the echo canceller in the terminal.  Also, there is the possibility of the presence of residual echo induced by the receiving signal in the uplink measurement and listening file.
4.3.1.2.1.7 Test Conditions
Twelve commercially-available devices were tested using the methods of TS 26.132, Clause 7.11, in both handset and hand-held speakerphone modes to obtain test stimuli.  Recordings of Segment 2 in both single-talk (ST) and double-talk (DT) conditions were collected and used for testing.

A total of 48 listening conditions, comprised of 12 UEs, 2 use cases (handset and hand-held speakerphone) and 2 echo conditions (single-talk and double-talk), were tested.  A fully balanced design using all four sentences was used, resulting in 192 votes per condition.

4.3.1.2.2 Results
Results for the reference signals are shown in Figures 4, 5, and 6.  The error bars indicated 95th percentile confidence intervals, based on 34 participants.

[image: image9.emf] 

Figure 4 Speech distortion varies, no echo

[image: image10.emf] 

Figure 5 SER varies, no speech distortion

[image: image11.emf] 

Figure 6 Speech distortion and SER vary

From Figures 4, 5, and 6, it can be seen that the selected reference systems result in listeners’ using the full range of the scales, with good separation of the SIG and BAK scales for the NS and SER references respectively. 

 4.3.1.2.1.3 Results for test conditions, Handset mode

Figures 7, 8 and 9 show the ratings for 12 devices in handset, SIG, BAK, and OVRL, respectively.  The error bars show 95% confidence intervals.  Blue bars show single-talk (no echo) while red bars show ratings for double-talk (with echo.  The test conditions are as defined in Clause 7.11.

[image: image12.emf] 

Figure 7 SIG ratings for Handset mode

The SIG ratings for all devices in ST are uniformly high, as might be expected.  A few devices, I and K, show significant SIG degradations in double talk.

[image: image13.emf] 

Figure 8 BAK ratings for Handset mode

The BAK ratings for all devices in ST are also uniformly high (except possibly device B).  A few devices, G and L, show significant BAK degradations in double talk.
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Figure 9 OVRL ratings for Handset mode

The OVRL ratings for all devices in ST are also uniformly high.  A few devices, G, I, K, and L, show significant OVRL degradations in double talk, consistent with the results in Figures 7 and 8.

4.3.1.2.1.3 Results for test conditions, Hands-held Hands-free mode
Figures 10, 11 and 12 show the ratings for 12 devices in hand-held hands-free, SIG, BAK, and OVRL, respectively.  The error bars show 95% confidence intervals.  Blue bars show single-talk (no echo) while red bars show ratings for double-talk (with echo.  The test conditions are as defined in Clause 7.11.
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Figure 10 SIG ratings for Hand-held Hands-free mode
The SIG ratings for all devices in ST are generally high with the possible exception of devices B, G, and I. As might be expected, the SIG results in doubletalk for hand-held hands-free mode show substantial impairments, with a relatively large range from 3.0 (device A) to nearly 1.0 (Device G).
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Figure 11 BAK ratings for Handheld Speakerphone mode
The BAK ratings for all devices in ST are show some reduction over handset mode, with more devices showing performance below 4.0 (devices A, B, and I.  For double talk, the BAK results are fairly consistent, above 3.0, with the exception of relatively poor performance of device H and relatively good performance of device J.
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Figure 12 OVRL ratings for Handheld Speakerphone mode
The OVRL ratings for all devices in ST are show some reduction over handset mode, with more devices showing performance below 4.0 (devices A, B, G, and I).  The OVRL results for double talk have more variability, driven primarily by the large variation in SIG scores.

The correlation between sending only tests based on recorded distortions and the perception in during live conversation is not known (ITU-T P.831). Hence, the correlation of the results from this listening test and the category classification need further study.
4.3.2 Comparison of predictions from objective metrics to subjective double talk ratings

4.3.2.1 Background and metrics

In TS 26.132, computational methods are provided to compute the categories and levels described in 4.3.1.2.1 from real-speech recordings from terminals.  In this clause, the eight categories and corresponding defined in Table <xxx> for echo canceller performance are compared to the subjective ratings reported in 4.3.1.2.2.  In addition to the categories and levels from TS 26.132, two additional metrics are considered.  The first is found in Recommendation ITU-T P.502, revised Amendment III [xx], defining a method for computing the attenuation in the sending direction under double-talk conditions, As,DT.  The second is found in Recommendation ITU-T P.863 [xx].  While the application to impairments resulting from double-talk is not explicitly within scope of P.863, it has been used for this purpose in some instances.

4.3.2.1.1 Method for P.863 computations
For P.863 computations, guidance from P.863.1 clause was followed. The four sentences of segment 2 of the double-talk test signal from TS 26.132 were grouped sequentially into two sentence-pairs.  The reference signal for the P.863 NB mode was the full-band source, filtered by a NB filter according to P.863.1 Table 3.  The reference signal for the P.863 SWB mode was the full band source, filtered by a SWB filter according to P.863.1 Table 3.  The validation tests defined in P.863.1 clause 8.8 were passed, with both sentence-pair references scoring 4.50 for MOS-LQOn and 4.75 for MOS-LQOw.  For each test condition, the P.863 scores MOS-LQOn and MOS-LQOw were computed using the uplink measurements from that test condition, grouped into two sentence-pairs.  The MOS-LQOn and MOS-LQOw for the test condition are reported as the average of the scores for each of the two sentence-pairs from the measurements for that condition.
4.3.2.2 Comparison of metrics to subjective SIG ratings

Table 1 contains summary values for the fit of the above-described metrics to the SIG DT ratings for both HS and HHHF combined.

Table 1 Summary of model fits for SIG DT

	SIG
	R2
	correl.
	rmse
	ANOVA  F

	3GPP
	Atten Class
	DT class A1
	0.963
	0.981
	0.256
	<0.0001

	
	
	DT class A2
	0.329
	0.574
	1.091
	0.0034

	
	
	DT class B
	0.591
	0.769
	0.851
	<0.0001

	
	
	DT class C
	0.921
	0.960
	0.375
	<0.0001

	
	
	DT class D
	0.693
	0.832
	0.739
	<0.0001

	
	Echo Class
	DT class E
	0.000
	0.021
	0.577
	0.9216

	
	
	DT class F
	0.153
	0.391
	1.226
	0.0590

	
	
	DT class G
	0.000
	0.000
	1.303
	na

	
	Atten Level
	DT level A1
	0.680
	0.825
	0.754
	<0.0001

	
	
	DT level A2
	0.668
	0.817
	0.767
	<0.0001

	
	
	DT level B
	0.589
	0.767
	0.854
	<0.0001

	
	
	DT level C
	0.718
	0.847
	0.797
	<0.0001

	
	
	DT level D
	0.811
	0.901
	0.580
	<0.0001

	
	Echo Level
	DT level E
	0.000
	0.004
	1.332
	0.9837

	
	
	DT level F
	0.199
	0.446
	1.192
	0.0289

	
	
	DT level G
	0.000
	0.000
	1.303
	na

	P.502
	As,DT
	0.812
	0.901
	0.578
	<0.0001

	P.863
	MOS-LQOn
	0.989
	0.994
	0.189
	<0.0001

	
	MOS-LQOw
	0.848
	0.921
	0.518
	<0.0001


Table 1 reports the R2, correlation, rmse, and ANOVA results for the Class (% frames) and Level (dB atten) according to the 3GPP analysis, the Sending attenuation analysis As,DT of updated Appendix III of P.502, and both MOS-LQOn and MOS-LQOw according to P.863.  

These results show that the best single predictor of the SIG results for both HS and HHHF taken together is the P.863 MOS-LQOn (correlation 0.994, rmse 0.189) followed by the 3GPP DT Class A1 (correlation 0.981, rmse 0.256).  Scatter plots are shown in Figures 1, 2, 3, and 4, where filled symbols are for HHHF and open symbols are for HS.
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Figure 1 Scatter plots, SIG DT by 3GPP DT Class
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Figure 2 Scatter plots, SIG DT by 3GPP DT Level
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Figure 3 Scatter plot, SIG DT by P.502 As,dt
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Figure 4 Scatter plots, SIG DT by P.863
Since several of the 3GPP metrics appear to have some predictive capability, the analysis was extended to include the SIG ratings in Single Talk (ST) as well.  An optimal (in Akaike Information Criterion sense) linear combination of the 3GPP metrics is compared to P.863 MOS-LQOn for the combined SIG ratings.  The linear combination of Class B, C, and D was AIC optimal (AIC=21.0098), with scatter plot and fit for this model shown in Figure 5
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Figure 5 Scatter plot and fit to SIG DT & ST, by 3GPP

Figure 6 provides a scatter plot and fit to the combined SIG DT & ST ratings by P.863 MOS-LQOn.  In Figures 5 and 6, red symbols are for DT and green symbols are for ST, while filled symbols are for HHHF and open symbols are for HS.
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Figure 6 Scatter plot and fit to SIG DT & ST, by P.863

For P.863, linear fit (red line) and 3rd order polynomial fit (green line), according to P.1401 are provided.  Details of the fits shown in Figures 12 and 13 are provided in Table 2.

Table 2 Fits to SIG DT & ST

[image: image39.emf]R
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correl. rmse ANOVA  F AIC

0.946 0.973 0.279 <0.0001 21.010

linear 0.915 0.957 0.341 <0.0001

3rd order 0.977 0.988 0.182 <0.0001

P.863 MOS-LQOn

3GPP Optimal

SIG DT & ST


The 3rd order mapping of MOS-LQOn appears to provide the best overall prediction of combined SIG ratings for combined ST and DT.

4.3.2.3 Comparison of metrics to subjective BAK ratings

Table 3 contains summary values for the fit of the above-described metrics to the BAK DT ratings.

Table 4 Summary of model fits for BAK DT
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correl. rmse ANOVA  F

DT class A1 0.733 0.856 0.452 <0.0001

DT class A2 0.441 0.664 0.654 0.0004

DT class B 0.532 0.729 0.598 <0.0001

DT class C 0.544 0.738 0.590 <0.0001

DT class D 0.352 0.593 0.204 0.0022

DT class E 0.073 0.270 0.841 0.2007

DT class F 0.318 0.564 0.722 0.0041

DT class G 0.000 0.000 0.855 na

DT level A1 0.471 0.686 0.636 0.0002

DT level A2 0.391 0.625 0.682 0.0011

DT level B 0.393 0.627 0.681 0.0010

DT level C 0.461 0.679 0.641 0.0003

DT level D 0.523 0.723 0.604 0.0001

DT level E 0.075 0.274 0.841 0.1941

DT level F 0.223 0.472 0.187 0.0199

DT level G 0.000 0.000 0.855 na

A

s,DT

0.510 0.714 0.612 0.0001

MOS-LQOn 0.782 0.884 0.408 <0.0001

MOS-LQOw 0.738 0.859 0.447 <0.0001

P.863

Atten Class

P.502

Echo Class

Atten Level

Echo Level

BAK DT

3GPP


For BAK (intrusiveness of echo), the correlations reported here are generally higher than in [xx] as in that report, the analysis was restricted to only HHHF, whereas the results in Table 4 include both HHHF and HS.  As there can be no echo in the ST condition, an AIC-optimal linear combination of the 3GPP components was performed.  Figure 7 shows scatter plots and fits to this optimal combination (Class B and C) and the P.863 MOS-LQOn.
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Figure 7 Scatter plot, BAK DT by 3GPP (left) and P.863 MOS-LQOn (right)

For P.863, linear fit (red line) and 3rd order polynomial fit (green line), according to P.1401 [8] are provided.  Details of the fits shown in Figure 7 are provided in Table 5.

Table 5 Fits to BAK DT
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correl. rmse ANOVA  F

0.641 0.801 0.536 <0.0001

linear 0.772 0.879 0.408 <0.0001

3rd order 0.784 0.885 0.426 <0.0001

BAK DT

3GPP Optimal

P.863 MOS-LQOn

.

The 3rd order mapping of MOS-LQOn appears to provide the best overall prediction of combined BAK ratings for DT, in terms of correlation.  The rmse for the 3rd order mapping is somewhat higher than the rmse for the linear mapping. 
4.3.2.4 Comparison of metrics to subjective OVRL ratings

[Editor’s note:  Contributions on this subclause are forthcoming.]
4.3.2.5 Summary of comparison of metrics to subjective ratings for double-talk

Clause 4.3.2 compares subjective results for double talk to three classes of metrics.  For speech distortion, SIG, the best single-value predictor among the set considered is the MOS-LQOn according to P.863 [5], with a 3rd order polynomial remapping.

In contrast to SIG, for echo intrusiveness, BAK, the metrics investigated here do not perform as well.  This may be due to the specifics of the UEs used, their echo behavior, or it may be due to spectral aspects of the echo signal that are not captured in the metrics examined here.  However, the best performing metric is again MOS-LQOn according to P.863 [5].
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5
New Acoustic Tests 

5.1
[Time-variant user behaviour]

[…]

5.2
[Additional UE usage environments]

[…]

5.3
Results from a study on positional robustness tests and background noise simulations 

5.3.1 General
Following current standards for acoustic handset testing, a mobile phone shall be positioned according to [1]. The annex of [1] defines how to position a handset for artificial ears of type 3.3 which should correspond to typical human usage of a handset. It furthermore defines how to select different positions.
This position does not cover all possible human holding positions of a mobile phone handset today. 

More extreme positionings are not covered by existing 3GPP specifications.  This section presents an evaluation of an alternative “down position”. This position where the phone is tilted downwards might be used by people when not really concentrating on positioning the phone the proper way. Users may have little awareness of the impact on speech quality when using the phone in this way since there is no acoustical feedback in sending which would help them to relocate the phone back in a proper position. In some cases the other party on the call may provide feedback that the other user is hard to understand which may indicate to re-position the phone. But this is not intuitively understood by all users. 

The positioning effects in sending are illustrated using analyses in silence and in background noise situations. Additionally, two types of background noise simulations are compared for the evaluation 
5.3.2 Setup

A calibrated system consisting of HATS HMS II.3 (head and torso simulator), MFE VI.1 (analogue/digital reference interface) and a 3G radio tester (Rohde & Schwarz CMW 500 with analogue audio output / audio board) according to Figure 1 was used. Four modern mobile phones from four different manufacturers in wideband operational mode (AMR-WB, 12.65kbit/s) were used. Table 1 provides some technical data on these devices under test (DUT). It is not known if any device uses one, two or more microphones e.g. for noise cancellation.

	Device
	Year of production
	Size

	A
	2013
	12.4 cm x 5.9 cm x 0.8cm

	B
	2012
	13.7 cm x 7.1 cm x 0.9cm

	C
	2011
	10.0 cm x 5.0 cm x 1.0cm

	D
	2014
	13.9 cm x 7.1 cm x 0.9cm


Table 1: Information on different DUTs
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Figure 1: Test setup for evaluation

5.3.2.1 Handset Mounting

The DUT was mounted with HEAD Handset Positioner IV (HHP IV), capable of  automatically placing a clamped-in handset in a wide range of standard or user-defined positions. The different mounting positions are illustrated with a mockup phone (which was not part of the evaluation) in the following photos.
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	(a) Position I: Handset position for flat handsets (see text)
	(b) Position II: Alternative 'Vertical' position (see text)

	Figure 2: Mounting of handset


Figure 2a shows the mockup phone with a handset positioning for flat handsets (0°, 0°, 5°) denoting the positioning delta from the standard HATS position for (A, B, C) in ITU-T P.64.

Position I: 
	MECRP (delta from actual ECRP)

	Axis
	Delta [mm]

	ye
	0

	ze
	0


	Angle settings

	Angle
	Delta from standard angle [°]

	A
	0

	B
	0

	C
	5


This mounting is named “norm” in the following sections.

Figure 2b shows an alternative version of mounting. The handheld positioner was set to the delta angles (A, B, C) = (45°, 0°, 5°) . Additionally, a larger distance between mouth and DUT was simulated; this was realized by shifting the device 1 cm higher than the default mounting. This shift takes into account that the dimensions HATS as defined in [8] are felt to be too small compared to the head size of many people today and such the distance from mouth to microphone and the cheek shadow effect might not be properly taken into account in tests. To some extent this shadowing effect can be compensated in sending by shifting the DUT. In order to provide a better separation to the existing positions, this new alternative position is named “vertical” in the following sections.
Position II:

	MECRP (delta from actual ECRP)

	Axis
	Delta [mm]

	ye
	0

	ze
	10


	Angle settings

	Angle
	Delta from standard angle [°]

	A
	45

	B
	0

	C
	5


For both mountings, an application force of 8N was used.

5.3.2.2 Background Noise Systems

For the generation of background noise during the measurements two different simulation approaches were used: the new simulation technique described in TS 103 224 [5] and the present industry standard described in ES 202 396-1 [6]. Both systems were set up and equalized in a small, mostly non-reverberant room (RT60 < 100ms). The next two paragraphs summarize the properties of these two systems.

5.3.2.2.1 Equalization process according to ETSI ES 202 396-1

	[image: image47.emf]

	Figure 3: Setup for equalization according to ES 202 396-1. The green checkmarks show where the frequency response is correctly equalized (note that only the magnitude is taken into account)


Figure 3 shows the setup used for the system described in ES 202 396-1. It uses four loudspeakers placed around the HATS and additionally a subwoofer. The goal is that the frequency response of the background noise corresponds between 50 Hz to 10 kHz at the two ears of the HATS to the original recording.

Both left and right loudspeakers respectively are handled as a group and one FIR-Filter is calculated for each side automatically. To compensate for the crosstalk between both sides IIR filters are adjusted for each side manually. It has to be emphasized that the phase of the signal is not equalized and that in addition to that every loudspeaker introduces an individual delay. This creates a more diffuse sound field in the vicinity of the HATS.

With the equalized system binaural recordings can be played back and used as background noise during measurements. When doing hands-free measurements the system has to be equalized with the HATS and after that the DUT has to be positioned at the position of the HATS.

The HEAD acoustics implementation HEAD Automated Equalization for Background Noise Simulation in Laboratories (HAE-BGN) of this standard was used for this evaluation.

5.3.2.2.2 Equalization process according to ETSI TS 103 224

	[image: image48.emf]

	Figure 4: Setup for equalization according to TS 103 224. The green checkmarks show where the frequency response is correctly equalized (note that also the phase is taken into account up to a frequency of about 2kHz)


As it can be seen in Figure 4 in TS 103 224 eight loudspeakers are used for generating the background noise. This system achieves a close-to-reality simulation of the frequency responses of the background noise at a minimum of eight positions around the HATS. For this purpose 64 FIR filters are calculated automatically from the impulse responses between every loudspeaker and every microphone (8x8). These filters also ensure that the characteristics of the simulated sound field corresponds to the original situation also in-between the microphone positions up to 2 kHz regarding magnitude and phase. The locations of the microphones are selected such that a close to real sound field is generated close to the HATS which makes the sound field less diffuse and brings it closer to reality.

After equalization, recordings which were made using the same 8 positions can be reproduced. For hands-free measurements, the microphone array has to be positioned at the position of the DUT in hands-free position (cf. [5]).

The HEAD acoustics implementation HEAD 3-dimensional Playback of Acoustic Sound Scenarios (3PASS) of this standard was used for this evaluation.

5.3.2.2.3 Background noises

Four different background noises were selected for this evaluation:

· Road noise
(~ 71 dBSPL(A))

· Train Station (~ 78 dBSPL(A))

· Full-size Car 130 km/h (~ 68 dBSPL(A))

· Cafeteria noise (~ 69 dBSPL(A))

Those background noises were recorded simultaneously with the microphone array described in TS 103 224 for handset setup as well as for hands-free setup. In addition to that, a binaural recording was also made for the system from ES 202 396-1. Thus the same noises can be played back on both systems.
5.3.3 Measurement Results

5.3.3.1 Measurements in Silence Condition

Figure 5 shows the frequency responses (1/12th octave resolution) for each device. The green curves indicate the transfer functions in normal position, red curves were measured with the alternative vertical position. Beside a constant offset for devices A-C, all devices show issues in the upper frequency region (> 2 kHz). Device D at least tries to compensate the absolute level difference, the lower frequency content almost match in both positions.
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Figure 5: Frequency Responses for different devices and positionings.

Table 2 shows some more typical metrics for measurements under silence conditions for each device which can describe these differences by single values:

· Sending Loudness Rating (acc. to ITU-T Rec. P. 79)

· TOSQA 2001 (WB mode, electrical recording)

· POLQA according to ITU-T P.863, Version 2.4 (fixed active speech level of 73dB SPL)

The absolute values are given in the column “norm”, the difference to the vertical position is given as “vert. - norm.”.
	
	
	DUT A
	DUT B
	DUT C
	DUT D

	
	
	norm.
	vert.-norm.
	norm.
	vert.-norm.
	norm.
	vert.-norm.
	norm.
	vert.-norm.

	Sending Loudness Rating
	[dB]
	10.15
	+4.43
	7.44
	+3.31
	7.36
	+4.62
	8.64
	+3.14

	TOSQA2001 (WB)
	[MOS]
	3.61
	-0.12
	3.61
	-0.37
	3.74
	-0.22
	3.37
	-0.23

	P.863 (POLQA)
	[MOS]
	3.90
	-0.23
	3.89
	-0.07
	3.75
	-0.24
	3.79
	+0.06


Table 2: Metrics for sending direction per device

All loudness ratings increase by at least 3.1 dB (up to 4.6), which is mainly caused by the modified frequency responses shown in Figure 5. The large differences in the spectral domain are not leading to huge differences in the speech quality measures TOSQA and POLQA. In fact, all MOS scores decrease for POLQA as well as for TOSQA when comparing normal vs. vertical position. The maximum difference for POLQA is ‑0.24 for Device C, whereas the largest difference for TOSQA is found for device B (‑0.37). Please note that the effect of decreased loudness is not captured by TOSQA and POLQA, because a constant listening level of 73 dB (A) SPL was set. 

5.3.3.2 Measurements with Ambient Noise 

The following tables provide the results according to TS 103 106 [7] for each device and each positioning. Each MOS value is determined as the average over 16 American English test sentences taken from annex C of [7]. Note that MOS values as well as the calculated differences are round to one decimal place. 

[image: image53.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.6 -0.5 3.7 -0.4 0.1 0.2

N-MOS 4.0 -0.4 4.0 -0.3 0.1 0.2

S-MOS 3.9 -0.4 4.0 -0.4 0.1 0.1

G-MOS 2.8 -0.5 2.9 -0.5 0.1 0.1

N-MOS 3.4 -0.3 3.4 -0.2 0.1 0.1

S-MOS 3.1 -0.5 3.2 -0.6 0.1 0.0

G-MOS 3.8 -0.3 3.9 -0.3 0.1 0.1

N-MOS 4.0 -0.3 4.2 -0.3 0.2 0.2

S-MOS 4.1 -0.2 4.2 -0.2 0.0 0.0

G-MOS 3.7 -0.4 3.8 -0.4 0.1 0.0

N-MOS 3.6 -0.5 3.8 -0.5 0.2 0.1

S-MOS 4.1 -0.2 4.2 -0.2 0.0 0.0

HAE 3PASS 3PASS - HAE

A

Roadnoise

TrainStation
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Table 3: TS 103 106 S-/N-/G-MOS values for device A
[image: image54.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.3 -0.9 3.5 -0.8 0.1 0.2

N-MOS 3.2 -0.4 3.4 -0.4 0.2 0.2

S-MOS 3.9 -1.0 4.0 -0.9 0.1 0.2

G-MOS 2.6 -0.7 2.8 -0.8 0.2 0.1

N-MOS 2.6 -0.4 2.8 -0.4 0.2 0.2

S-MOS 3.4 -0.9 3.5 -1.0 0.1 0.0

G-MOS 3.6 -0.4 3.7 -0.4 0.1 0.1

N-MOS 3.3 -0.3 3.4 -0.2 0.1 0.2

S-MOS 4.1 -0.4 4.2 -0.4 0.1 0.1

G-MOS 3.2 -0.6 3.3 -0.7 0.1 0.0

N-MOS 2.5 -0.3 2.6 -0.3 0.1 0.1

S-MOS 4.1 -0.7 4.1 -0.8 0.0 -0.1
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Table 4: TS 103 106 S-/N-/G-MOS values for device B
[image: image55.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.7 -0.6 3.8 -0.6 0.1 0.1

N-MOS 4.5 -0.5 4.6 -0.5 0.0 0.0

S-MOS 3.7 -0.6 3.8 -0.6 0.1 0.1

G-MOS 2.9 -0.7 3.0 -0.8 0.1 0.0

N-MOS 3.8 -0.8 3.9 -0.9 0.1 0.1

S-MOS 3.0 -0.5 3.1 -0.6 0.1 0.0

G-MOS 4.0 -0.5 4.1 -0.5 0.1 0.1

N-MOS 4.6 -0.5 4.7 -0.3 0.1 0.2

S-MOS 4.0 -0.4 4.1 -0.5 0.0 0.0

G-MOS 3.9 -0.5 3.9 -0.6 0.0 0.0

N-MOS 4.6 -0.4 4.6 -0.5 0.0 -0.1

S-MOS 3.9 -0.5 4.0 -0.4 0.0 0.1
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Table 5: TS 103 106 S-/N-/G-MOS values for device C
[image: image56.emf]DUT BGN Value norm.vert.-norm.norm.vert.-norm.norm.vert.

G-MOS 3.8 -0.5 3.9 -0.4 0.1 0.1

N-MOS 4.8 -0.7 4.8 -0.7 0.0 0.0

S-MOS 3.7 -0.2 3.8 -0.1 0.1 0.2

G-MOS 3.0 -0.7 3.2 -0.7 0.2 0.2

N-MOS 3.6 -0.8 4.1 -0.8 0.6 0.6

S-MOS 3.3 -0.6 3.3 -0.5 -0.1 0.0

G-MOS 3.8 -0.3 4.0 -0.3 0.2 0.2

N-MOS 4.0 -0.5 4.8 -0.4 0.9 1.0

S-MOS 4.1 -0.1 3.9 -0.1 -0.2 -0.2

G-MOS 3.6 -0.4 3.7 -0.5 0.1 0.1

N-MOS 3.6 -0.7 4.0 -0.9 0.4 0.1

S-MOS 4.0 -0.1 4.0 -0.1 0.0 0.0
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Table 6: TS 103 106 S-/N-/G-MOS values for device D
The decrease of S-/N-/G-MOS for the vertical position is observable for all devices. The minimum and maximum differences between vertical and normal position for each category is shown in Table 7. In overall, scores decreases at least by 0.1 and up to 1.0 MOS for S-, N- and G-MOS.

When using the two different background noise simulation systems very similar scores are obtained for S-, N- and G-MOS in the normal position with a tendency to slightly bigger differences in the vertical position. An exception here is device D. This device shows significant differences between the playback systems, for both positions. N-MOS scores increase up to 1.0 for the background noise simulation according to TS 103224. Since the sound field reproduction system according to TS 103224 provides  an accurate sound field reproduction at the location of the hand-held terminal (in contrast to an almost diffuse noise field generated when using ES 202 396-1 which does not reproduce the physical characteristics of the real sound field at the location of the terminal)  it can be assumed that these results might represent more accurately the “real life” behavior of this device.
	
	Min. Diff.
	Device
	BGN
	Max. Diff
	Device
	BGN

	G-MOS
	-0.3
	A
	Car
	-0.9
	B
	Road

	N-MOS
	-0.2
	A
	Train Stat.
	-0.9
	D
	Cafeteria

	S-MOS
	-0.1
	C
	Car
	-1.0
	B
	Train Stat.


Table 7: Minimum/maximum differences 
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