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1 Introduction

This permanent document contains use cases, justification, requirements and working assumptions for the Work Item on enhanced acoustic testing.

The WI on Enhancements and Addition of Audio Tests to 3GPP TS 26.131 and 26.132 based on S4-(10)0381 should be finalized by Release 10.
2 Diffuse field method used in Handset and Headset mode
2.1 Justification
Currently all measurements are calculated according to the ERP (Ear Reference Point). The Diffuse field calculation is mainly a different method to calculate the results of the measurement.
As in other standards (e.g. ETSI, ITU)Wide Band speech measurements are performed according to the diffuse field, therefore incorporating this method into the SA4 specifications would harmonise the results and be future proof.
The overall advantage of using diffuse-field correction for handset/headset use cases is a more intuitive relation between the measured curve and the subjective impression. Overall sending+receiving frequency responses (sensitivity/frequency characteristics) can be designed with various objectives. 
A classic starting point is the objective of neutral transmission with reference to real-world conversations (ortho-telephonic reference). The overall response must then be partitioned between the sending and the receiving sides. 
For wideband, 3GPP has in Rel. 8 introduced the recommendation of a flat sending response and the necessary response shaping on the receive side as appropriate for handset and headset (while not necessary for handsfree) use cases. For handsfree measurements using HATS, the free-field correction curve for the specific HATS type being used, is relevant with the objective that a neutral transmission is producing a flat measured response curve. For handset and headset modes, the correction from the individual HATS type (including reflection and diffraction effects from the HATS itself) is of less interest since the sound is emitted directly at the ear. 
A standardized correction curve with the objective that a measured flat response curve should produce, on an average human subject, a perceived neutral transmission. It is reasonable to consider a compromise between a multitude of incidence angles, which motivates using diffuse-field rather than free-field correction.
2.2 Requirements
· An alternative to the DRP-ERP correction should be used (e.g. P.58 diffuse field curve) to harmonise with other terminal standards (e.g. ETSI 103 737/739).

2.3 Working Assumptions

· The method of diffuse field has advantages over free field.

· A standard diffuse field curve should be used. Deviation from a standard curve should be justified.

· The diffuse field test set up shall be adopted as a replacement for ERP methodology for handset and headset modes.
· It should be noted that deviations from the classic starting point described above can be motivated due to assumptions of non-anechoic conditions, various incidence angles, spectral balance when using low-pass and high-pass filters etc.
3 Sending direction
3.1 Justification
Various environmental conditions for the local user may make the conversation inconvenient or even impossible when a terminal device has insufficient sending quality. Methods of evaluating Sending Quality may include:
· Frequency response characteristics 
· Loudness Ratings, linearity of SLR (to be further discussed).
· Performance in noisy conditions.
· Switching characteristics and activation time

· Distortion

3.2 Requirements

· Test Method is objective, reasonably comprehensive and is performed under realistic conditions.
3.3 Working Assumptions

· Issues in sending direction are identifiable, relevant to user experience and network efficiency..
4 Receiving direction
4.1 Justification
Various environmental conditions at both, the local and the distant user may make the conversation inconvenient or even impossible when a terminal device has insufficient receiving quality. Methods of evaluating Receiving Quality may include:
· Frequency response characteristics

· Loudness Ratings linearity of SLR (to be further discussed).
· Switching characteristics and activation time

· Performance in noisy conditions

· Distortion
· Artificial bandwidth extension (for further study)
4.2 Requirements

· Test Method is objective, reasonably comprehensive and is performed under realistic conditions.
4.3 Working Assumptions

· Issues in receiving direction are identifiable, relevant to user experience and network efficiency.
5 Test Case for Delay measurements
5.1 Justification
If the speech delay is excessive, the conversational Speech will cause dissatisfied users, (ITU-T REC. G.114 (05/2003) chapter 4). Various network elements but also the terminal’s delay give their portion to the overall delay. With the introduction of Media Gateways in networks, the delays in the network will inevitably increase due to its system architecture. Terminal devices with high delay will then add to the system such that the overall delay becomes unacceptable. Therefore the delay of the terminal device needs to be determined and sufficient requirements need to be defined.
5.2 Requirements

· The test method is objective and reproducible
· The test method is comparable across different DUTs and Test equipments
5.3 Working Assumptions

· Robust Testing of the delay performance of a terminal included into the SA4 specifications.

· The part of the overall delay generated by the phone should be reduced to a sufficiently defined minimum.
6 Double Talk Performance
6.1 Justification
Party A is talking and the party B wants to interrupt. If the double talk performance is bad, party A can completely suppress party B. Party B would not get the floor. 
6.2 Requirements

· The test method is objective and reproducible
· The test method should also consider the Echo and Switching characteristics.
6.3 Working Assumptions

· Testing of the Doubletalk performance of a terminal included into the SA4 specifications.

7 Extended Single Talk Performance (acoustic echo control)
7.1 Justification
When the remote party speaks it will hear its own speech with some delay (see item 5) again. This is quite dependent on volume, spectrum and background noise. Echoes do not only cause a negative customer experience but also a waste of network resources, when e.g. speech compression is implemented in the network links: Echo prevents an efficient implementation of statistical multiplexing on network links (Speech compression) and DTX.
7.2 Requirements

· Test Method is objective, reasonably comprehensive and is performed under realistic conditions.
7.3 Working Assumptions

· All Echo characteristics are sufficiently controlled.
8 Background Noise
8.1 Justification
Advanced terminal noise suppression systems are of benefit to both mobile users and operators. It can eliminate adverse interaction of noise signals with speech codecs that detract from the subjective listening quality and, could facilitate the operation of DTX functionality, increasing network capacity and terminal battery life.
Sufficient suppression of the background noise is one of the essential improvements and would enrich the user experience when talking to a mobile phone in noisy environment.
Background noise suppression may operate in the sending and receiving direction.
8.2 Requirements

· Test Method is objective, reasonably comprehensive and is performed under realistic conditions.
· Tests required for different kind of background noise (Café, train station, concert…).
· Test method should cover both NB and WB.
8.3 Working Assumptions

· Enhancements of terminal background noise performance testing will be included into the SA4 specifications.
· Noise suppressor should preserve the voice signal while suppressing the noise. (To be further discussed).

· Adequate background noise generation method can be specified.
9 Rational and explanations of some of the changes to 26.131 (Rel-10)

· In general, where appropriate, the prose text is changed to mathematical expressions:
e.g. “less than or equal to” with “≤”
· Furthermore (also for the sake of a better implementation of requirements) it was agreed that the spoken value is within the limit or tolerances. (i.e. only “≤” or “≥” is used)
· A Frequency mask figure has been added to tables (where appropriate) to enhance the visibility of the values.
· Ear reference point (ERP) is changed to earDrum Reference Point (DRP) with diffuse-field corrections as this is the more advanced measurement method (and also uniquely used for the Wideband sections)

Narrowband sections (Clause 5.1 to 5.9)

Clause 5.2.3
· A higher nominal RLR value for vehicle-mounted Hands free is requested because of the louder environment this device is likely to operate (3 dB differences to Desktop hands-free).
It can also assumed that people tend to speak louder using hands-free in this environment

· Recommended RLR max value for both (Desktop and Vehicle-mounted) is also following this difference.

Clause 5.2.4
· Nominal value of RLR to follow the ETSI mandated value (9dB) but also to keep the original tolerances (18dB to 2 dB), hence the new values.

· Recommended RLR max set to 2 dB due to enhancements in the technology (but no normative value defined).

Clause 5.2.5
· Adding nominal RLR for binaural headset (lower value required than the mono head set)

Clause 5.3.2
· For the NB section the level of single frequency disturbances is recommended to be ≤ ‑60 dBPa(A), whereas a values of ≤  ‑64 dBPa(A) is stated to be a performance objective.
This differs from the WB section intentionally as in clause 6.3.2 a value of ≤ ‑60 dBPa(A) is normative.
Clause 5.4.2
· Measurement and normative values is mandatory for am application force of 8N. However measurements (without normative values) for application forces of 2N and 13N is optional.
(This will be stated in the related Test method defined in 26.132)

Clause 5.7.4 (and 5.7.5)
· The recommendation to set back the volume control to nominal value (if TCLw is less than 55 dB) is stated due to the far-end user impact. (the far-end used should also be protected from bad experience)

Wideband sections (Clause 6.1 to 6.9)

· Generally all changes of the narrowband are mirrored for the wideband
Clause 6.2.4
· In difference to narrowband, a normative vale is stated (this was already the case). Recommended RLR max set to 2 dB

Clause 6.3.2
· Within the EAAT work item Tdoc S4-100724 proposes to delete section 6.3.2.2 receiving noise level in 1/3-octave band and proposes to add a new requirement for narrowband and wideband idle channel noise in sending and receiving direction:
“No peaks in the frequency domain higher than 10 dB above the average noise spectrum should occur.”
· The changes to 26.132 will request that the spectral plot of the related measurement shall be provided as the Performance Objective.

Clause 6.4.2
· Values in the table are enforced but are under evaluation. The values are expected to be modified taking into account that the change from ERP to DRP with diffuse field correction is not reflected in the table.
This is reflected in a Note.

Clause 6.5.2
· More advanced figure; limiting the Sidetone delay to 5 ms.
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