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1. Introduction

At the ad hoc meeting June 1st-2nd 2010 in Paris, the SQ chairman requested companies to describe their position on matters within the work item “Enhancements and Addition of Audio Tests to 26.131 and 26.132” (EAAT). This document describes our present view on some contributions from meeting #58 that initiated the EAAT work item. The purpose of this document is to facilitate progress within the work item.
2. Comments to addition of new test cases (doc S4-100204)
Document 204 is a proposal for a work item which was subsequently modified to the 381 document. The detailed text of 204 is not commented here, only the proposed new parameters, see also GCF liaison statement S4-100307.

In case 3GPP decides to expand the scope from “minimum performance requirements” to something broader, we welcome new parameters in case they sufficiently related to the end-user experience and can be measured with relevant, repeatable and reproducible methods, as stated in the EAAT work item description. 

Linearity of SLR

It is at this point not clear what results can be considered as good or bad from a user experience point of view why inclusion at this point is questionable.
Sidetone delay

The parameter is in our opinion relevant from and end user perspective. To our knowledge, no automatic method has been presented. Results are subject to interpretation of the test engineer. We recommend this to be solved before including requirements.

Switching characteristics and activation tests

The parameters are in our opinion relevant from an end-user perspective, also indicated in ITU-T recommendations. Methods using real speech and automatic analysis should be used.
ALC (automatic level control) tests

It is at this point not clear what results can be considered as good or bad from an end-user experience point of view. Dynamics processing can be used with various purposes and with very different behavior depending on the desired outcome. Some test methods use artificial test signals and the results are heavily affected by for instance noise suppression. We do not support including such tests at this point.
Simulation of realistic background noise according to ETSI EG 202 396-1
The method uses two-channel recordings reproduced on 4.1 channel speaker system. Front and back speakers use identical signals and the left and right signals can have relatively high correlation for some frequencies, in case recordings are made using binaural technique. There are of course inherent interference problems with such a method. The existing TS 26.132 specifies using non-coherent signals when playing background noise with multiple speakers, for good reasons.
“Where more than one loudspeaker is used to produce the desired sound field, the loudspeakers must be fed with non‑coherent electrical signals to eliminate standing waves and other interference effects.”
The ETSI method is mainly motivated by convenience when recording the background noise.  We believe the recording process is not the part of the process that needs to be streamlined; rather the measurement process should be relevant and usable.

The ETSI method is especially poor performing in anechoic conditions (see figure below) while the present TS 26.132 specifies anechoic conditions. The ETSI document mentions introducing delays between the various speakers to de-correlate the signals. This is a workaround for anechoic rooms that will generate a very special sound field and we fear that this will lead to unrealistic results with some algorithms. Consequently, new test rooms would need to be built in many labs in order to somewhat successfully use the ETSI method.
Our proposal is to explore other background noise playback systems, such as four-channel recordings using spaced directional microphones.
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Figure 1 Example of position-dependant sound field of ETSI 202 396-1 style set-up in anechoic conditions..  The graph shows the acoustic spectrum in 1/3rd-octave bands playing pink noise. Since the loudspeaker set-up is calibrated at a different point in space, the expected flat curve (except for effects from head reflections) is now varying with frequency and position due to the interference between speakers. The speakers were in this case, for safety reasons, mounted higher than the ETSI spec proposes and tilted slightly downwards. The problems are especially prominent when shifting the measurement microphone front-back.
red: MRP

green: 10 cm to the right of MRP

blue: 10 cm to the right - 10 cm to the back of MRP

grey: 10 cm below MRP

pink: 10 cm below MRP - 10 cm to the right
Quality of background noise transmission (with near end and far end speech)

The parameters are in our opinion relevant from and end user perspective.  Currently no automatic method has been presented. We think this should be solved. We would also welcome using real speech signals and proper noise playback.
Speech quality with background noise based on a psychoacoustically motivated test method: ETSI EG 202 396-3

Other companies have reported problems with the model. In case these can be solved and a proper noise playback can be used, we welcome the inclusion of these parameters.

Diffuse-field correction

We are in favour of this change (for handset/headset modes). More work is needed to define a new frequency response template when using this correction. The correction curve itself could be sourced from ITU-T P.58. As an alternative, it would be a good opportunity to develop a new correction curve taking into account not only properties of HATS but also of humans.
Extended echo tests

Echo control is important and if proper parameters can be defined, we welcome these. Test methods need to be reliable, especially performance in background noise and time varying echo path may pose challenges.

Conversational Performance

The parameters are in our opinion relevant from and an end user perspective. Attenuation ranges during double talk has for a long time lacked automatic test methods. Solutions have recently been presented, for instance in ITU-T SG12. If such solutions can be applied using real speech signals, we believe appropriate requirements can be written. Rec P.340 makes reference to investigations of MOS figures while varying the attenuation ranges but these may not have a direct relation to attenuation range during double talk why the present classification in P.340 may need to be interpreted with care.
Present methods for echo during double talk can be used for many terminals but it has been reported that the method works less well with some types of processing in some terminals. This needs to be evaluated.

3. Comments to proposed changes of requirements (doc S4-100205)
We have several comments on various details. In order not to lose the context, our comments are embedded as review comments marked with “PI”, inside a copy of the 205 document itself (attached).
On the broad picture we have the following comments:
Adapting requirements from ETSI/STQ to 3GPP

The origin of the proposed changes is ETSI specifications TS 103 737…40 that are written for terminals that are not specifically 3GPP terminals. For instance, terminals for home usage are often larger than many mobile phones and typically include fewer features such as cameras etc. Hence, the available space for acoustic solutions is very different compared to typical 3GPP terminals. User’s expectations on products may also vary between industries. In addition, these ETSI specifications target higher than “minimum performance”, as noted by Nokia in contribution S4-AHQ019.
Some examples are frequency response and loudness ratings for handheld handsfree where the ETSI requirements in practice call for very large solutions. How to adapt to 3GPP?

1) Do not specify any limits, only test methods. While agreeable for some companies, it seems to be difficult to find consensus on this approach, according to discussions in Paris ad hoc meeting 1-2 June 2010. It is also difficult for parameters such as frequency responses to be evaluated without any limits applied.
2) Specify only performance objectives. For some parameters, the performance objectives could be identical to the ETSI specifications to achieve some degree of harmonization between the standards.
3) Specify both minimum performance and performance objectives. To avoid blocking progress by lengthy discussions about what values to use for minimum performance (as feared by some companies), all newly specified limits could be written as “TBD” or proposed values within brackets [] until values can be agreed at a later stage.
4. Comments to proposed changes of test methods (doc S4-100206)

We have several comments on various details. In order not to lose the context, our comments are embedded as review comments marked with “PI”, inside a copy of the 206 document itself (attached).

On the broad picture we have the following comments:

Test method for headsets
The artificial ear for headsets has been for further study in 3GPP and doc 206 proposes to reference P.380. This is a good suggestion but we should make clear that the repeatability on HATS can with many headsets be expected to be relatively poor. P.380 proposes measuring five times and average. Even with this approach, we should have reasonable expectations on the repeatability and also the reproducibility from set-up to set-up or from lab to lab, operator to operator. One solution could be to add a note about these issues; another solution could be to have only recommendations and no requirements. We would also propose allowing type 2 ear simulator for insert earphones, as already specified in ITU-T P.57, but not P.380.
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