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1. Introduction

· A new ETSI test plan for wireless terminal acoustic performance based on listening, talking and conversational quality aspects is being considered for adoption by 3GPP and GCF.
· The proposals call for adoption of several of the tests specified in ETSI TS 103 737, ETSI TS 103 738, ETSI TS 103 739 and ETSI TS 103 740 documents.
· The present contribution identifies sections of the ETSI test plan that need further review before adoption by 3GPP TS 26 131 and 132. In addition, recommendations for actions are made for each of the areas identified.
2. General Comments
· We believe that adding new quality parameters that enhance the conversational experience is an important step towards improving the QoE of the mobile telephony system and, in general terms, agree with the breadth and scope of the ETSI documents.
· We consider that a number of issues with the proposed test methodology must be worked out before large scale adoption by e.g. 3GPP or GCF.
· We have identified a number of proposed tests that need review. The list is not exhaustive and is intended to foster discussions and actions to improve the set of tests proposed.

· The comments in the present document are made in terms of narrowband testing, using ETSI TS 103 737 as a reference but are valid in terms of wideband as well. Specific comments, applicable to other modes (wideband, hands-free, etc), are indicated in the document.
· Should we consider GSM/CDMA/WCDMA/CD2000/TD-SCDMA system together in order to achieve interoperability?

3. Areas for review and suggestions for improvement in ETSI TS 103 737 v1.1.1 (11-2009)
3.1 Review of “Section 5.2 Set-up for terminals”
This section does not mention the use of the type 3.2 LL and type 3.2 HL couplers. While preferred, the use of HATS necessitates a large investment and a larger laboratory space. It is also known that HATS does not offer the same reliability and repeatability as the type 3.2 couplers, and many OEMs still prefer to use a high-leak coupler for receive measurements (at least during the acoustical development stages).
3.1.1 Recommendations
Without prejudice of correlation to user experience (it is possible to correlate the different couplers to different amounts of force used on HATS), we suggest that the use of the type 3.2 ear simulators are maintained in the future versions of the standard.

3.2 Review of “Section 5.4 Test signals”
While it is the intent of the ETSI standard to be transparent to the type of access network (e.g. CDMA, GSM, WIMAX, etc.), it is known that the EVRC family of vocoders used in CDMA networks does not handle well many of the test signals in ITU-T P.501, substantially attenuating the signals depending on frequency and amplitude content. 
Although 3GPP mandates the use of the AMR-NB 12.2kbps vocoder for testing, it is possible that modern speech enhancement techniques implemented in the device also suffer from the same problem with signals that are not speech like. In addition, it makes sense to promote a better alignment of the requirements between 3GPP and 3GPP2 for network interoperability and reduced tuning efforts. The development of new test signals and methods in the context of updating ITU-T P.501 and P.502 is therefore a necessary step before porting the requirements from ETSI into 3GPP.
The pictures below show the comparison of the spectrum for the original PCM signal at -16dBm0 and an EVRC processed version (with offline encode/decode) for both the voiced and unvoiced segments of the CSS burst (ITU-T P.501 section 5.2.1). It can be seen that around 10dB of attenuation is introduced during the unvoiced part. This problem is not present with a real or speech like signal (e.g. P50).

The “Voice like composed signals in frequency” from section 5.2.4 of ITU-T P.501 is also shown in simulations with both EVRC and EVRC-B vocoders. It is seen that different levels of attenuation happen at different signal amplitudes and frequencies.
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3.2.2 Recommendation
Start the development of potential test signals that are not affected by modern speech enhancement techniques and vocoders to update ITU-T P.501 and ITU-T P.502 standards.
3.3 Review of “Section 6.1 Send and Receive frequency responses”
The section on send and receive frequency response introduces the concept of diffuse-field based receive measurements. This calls for a flat frequency response target in the send direction and a flat diffuse-field equalized in the receiving direction. 
In the narrowband case, we believe the use of the diffuse-field based receive measurements pose a challenge when connections are made to existing systems where some amount of slope is allowed in the send frequency response. Some companies have also manifested concern on level changes between the different equalization techniques and how does that apply to the Idle Channel Noise calculations.
In the wideband case, ETSI’s proposed receive frequency response mask have been derived by doing an envelope around 9 different frequency responses that obtained a MOS-LQS > 3.6 on a study conducted by Deutsche Telekom Labs and HEAD Acoustics. See picture below:
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We believe the receive FR mask limits will cause confusion over what is the preferred response, with people potentially rolling off the high frequencies and adding a dip around 1.5kHz to “follow the mask”. Furthermore, we believe there are several factors in the conduction of this study that need further review before application of its results in a mobile telephony environment. Examples include: 
· The method of presentation of test signals to the subjects that was used(diotic using headphones)
· Differences in the individual test subject’s HRTF when compared to HATS.

· The form factor of the terminals used for the testing and earpiece position (desktop and cordless phones as opposed to mobiles).

· The limited amount of frequency response shapes utilized.

· The scope of language and conditions for the test signals (are the preferred responses agnostic to the choice of test signal?)

· The choice of MOS-LQS = 3.6 as a target (why was 3.6 chosen and not e.g. 4.0 or 3.2?).
3.3.1 Recommendation
We suggest maintaining the existing masks and measuring methods for narrowband (using DRP-ERP and maintaining type 3.2 couplers) to support compatibility with existing systems. 
Although, in principle, we agree with the potential use of diffuse –field based measurements in wideband, we recommend the removal of the dip introduced in the lower limit of the receive frequency response mask and the roll-off at high frequencies until further studies can be conducted to cover the points mentioned above.
3.4 Review of “Section 6.3.3 - D-factor”
As explained in section 6.3.3 of ETSI TS 103 737, D-Value no longer gives meaningful results with respect to the terminals ability to reduce background noise. For instance, the metric does not contemplate potential attenuation to the speech signal introduced by the noise suppressor that could happen in the presence of noise and does not contemplate adaptive techniques that need the presence of speech to fully exercise the enhancement. At the same time, the proposed replacement method (described in ETSI EG 202 396 series) needs additional review (as explained later in this document) before it can be ported to 3GPP.
3.4.1 Recommendation
We recommend the creation of a CR to replace the D-Value based method that exists in 3GPP TS 26.131 with the SNRI, NPLR and DSN methods outlined in ITU-T G.160. These methods will quantify the amount of noise reduction as well as speech attenuation to the signal and serve as an immediate replacement to D-Value. 
When porting these methods to the mobile terminal space, the method of acquisition of the test vectors is analogous to what is used in the ETSI EG 202 396 series, using a reference microphone positioned at the location of the primary mobile terminal microphone to capture the “unprocessed speech” vector.
Note that this method does not quantify speech quality per se and is a temporary solution while the problems identified in ETSI EG 202 396 are solved.
3.5 Review of “Section 6.5 - Send and Receive distortion methods”
We believe the method suggested for distortion measurements (which are similar to what is used in 3GPP TS 26.131 today) have its background on codec and electrical distortion measurements, bearing poor (if any) correlation to the actual distortion of a wireless terminal. It must be emphasized that the scope of 3GPP TS 26.131 is to quantify the terminal performance which, in terms of distortion, include things like transducer rub and buzz, microphone short term clipping and rattling of plastics. 

The use of a sine wave test signal does not excite the terminal transducers in the same way as a speech signal due to the difference in crest factor and therefore this metric has little or no correlation to the user experience.

Furthermore, even with the proposed activation signals, modern voice enhancement techniques may not work well with sine waves creating potential problems during testing and certification stages.
As a final comment, TS 103 737 specifies measurement of distortion as a function of frequency, but doesn’t specify volume setting, which could be critical.
3.5.1 Recommendation
We suggest the start of a work item in 3GPP to develop a distortion measurement method that employs complex, speech-like signals. A few of these methods have been proposed in recent 3GPP meetings and need further investigation.
3.6 Review of “Section 6.7 - Double talk performance (Attenuation Range in Send Direction during Double Talk)”
In general, it has been a common complain across OEMs that the results obtained with the method utilized in section 6.7.1 of ETSI TS 103 737 are difficult to interpret. 
In specific, for mobile terminals hands-free mode, very few (if any) devices are able to achieve full duplex category under nominal usage conditions (device at 30cm from MRP with an RLR = 6dB). While this is possible from the point of view of the echo canceller, it would be really hard to achieve such a condition in an actual modern mobile terminal, given the amount of distortion introduced by the mobile loudspeaker amplifier and transducer in an attempt to meet the loudness requirements. As a result, the current classification scheme essentially put all wireless speakerphone terminals in the same performance criteria (Type 3), even though some do perform better than others from a subjective listening point of view.
Because such classification and methods were derived for desktop speakerphones where a much larger and linear transducer is available, we believe they should be reviewed in light of current wireless devices.

3.6.1 Recommendation 

We propose the development of a new measurement method involving the use of speech like signals and temporal evaluation. The basis for the method goes as follows:
1 - A real speech signal (e.g. number counting sequence) is played on the near-end through the mouth simulator (single talk condition).

2 – The signal in send direction is recorded at the POI and the level variation over time is obtained (single talk condition).

3 - The same near end signal is played again, this time with an uncorrelated real speech signal applied in the far end at the POI (double talk condition).

4 – The signal in the send direction is recorded and the level variation over time is again obtained (double talk condition).

5 - Both resulting Level ×Time curves are time aligned and the Attenuation × Time curve is obtained by subtracting the double talk condition result from the single talk one.
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This method produces the “AH,S,dt x time” curve as a result. The maximum attenuation can be directly compared to the limits established in ITU-T P.340 for classification of the terminal into Type 1, Type 2a, Type 3, etc. 

However, we feel that a new metric, more suited to the actual range of attenuation observed in mobile speakerphones, can be established based on the resulting curve. This can be the subject of a new work item within 3GPP.

Other advantages of the method proposed include the detection of short temporal echo components (in the form of negative attenuation) that sometimes are not captured by the TCLw measurement, and the ability to subjectively evaluate the degradation through the listening of the files (real speech). It is also possible to modify this method to include P.50 signals so it is agnostic to language dependencies.

An analogous method can be used for the evaluation of the “Attenuation Range in Receive Direction during Double Talk AH,R,dt.” Specified in section 6.7.2 of ETSI TS 103 737, although this type of attenuation is much less common in mobile terminals.

3.7 Review of “Section 6.9.2 - Speech Quality in the Presence of Background Noise”
The methodology presented in this section (from ETSI EG 202 396-3) was originally developed when traditional single microphone noise suppression techniques represented the state of the art technology in mobile terminals. We have found that the current implementation of the method can produce erroneous results for prediction of speech quality with modern enhancement techniques (e.g. CASA, microphone arrays, pitch tracking, etc.). The error is typically very large and can be easily identified. In several cases an S-MOS-LQO in the range of 1.0 to 2.0 was reported for conditions that had an S-MOS-LQS > 4.0.

HEAD Acoustics has recognized the issue and is actively investigating a solution. It is not clear how long it will take to fix the problem and if a new training database will be needed.

3.7.1 Recommendation
We recommend a careful study before adopting this method in 3GPP until the issue above can be solved. We look forward to supporting this method in the future, as Speech Quality in the Presence of Background Noise is an important element of a contemporary test plan for wireless terminals.
3.8 Review of “Section 6.11 – Send and receive delay – Round trip delay”
Terminal transmission and reception delay are important metrics from the point of view of user experience. ITU-T G.114 provides guidance on the effect of end-to-end one way delay. The following picture illustrates the relationship between mouth-to-ear-delay, the E-model rating (ITU-T G.107) and user satisfaction in the absence of echo.
[image: image11.emf]
We believe delay to be an important metric to be assessed from a user terminal perspective. There are several elements in a mobile terminal that can add to the total transmission delay:

A/D and D/A conversion and associated processing.
Speech enhancement algorithms.

Packet buffering schemes.

Handling of packets between processor and modem.

From the point of view of user experience, all these effects are important, as they all contribute to the total mouth-to-ear-delay. The total terminal delay in combination with the total network delay provides a metric that can be correlated to user satisfaction as pictured above.
The requirements in the ETSI standard call for the separation of the system delay, tSystem from the measured delay. It further states that the system delay shall be known and is depending on the transmission method and the network simulator. The figures below show the blocks that contribute to the delay in receive and send directions.
[image: image12.emf]
Different blocks contributing to the delay in receive direction
[image: image13.emf]
Different blocks contributing to the delay in send direction
In our opinion, as stated before, we believe that only the total delay introduced by the mobile terminal is relevant from a user experience point of view. From the block diagrams provided in section 6.11, it seems that the intention of the standard is to remove any delay introduced by encoding / decoding operations and handling of packets to the modem. Such delays should be incorporated in the performance metric as well, as they all impact the user experience and conversational quality.

In addition, the delay introduced by the network simulator is not really known. In the case of the CMU200 box for example, there are only estimates provided by Rohde & Schwarz and it is not clear how accurate or repeatable these estimates are when e.g. setting up a new call, using a different unit, using different terminals, etc. 

From the terminal side, there are other things that can affect the total delay as well, such as the battery charge level (e.g. affecting processing speed).
Some companies have also manifested concern on the origin of the delay requirements for the terminal and how they stack up in the total delay budget of a transmission system.

3.8.1 Recommendation
A potential solution is to require that the terminals incorporate a special testing mode where an RF packet loopback is performed at the modem point. In this way, all relevant delays are included and the dependency of the network simulator for this measurement is effectively removed. The figure below illustrates the blocks involved in the path and the loopback point.
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In this way, the measurement is done in a single step and the total terminal delay (Tterminal=Tr + Ts) is the performance metric to be reported. The delay measured with the network simulator can still be taken for the purposes of time alignment when doing other measurements (e.g. double talk, etc.).
ANNEX A – Summary of requirement differences 
We carefully compared the mentioned documents, ETSI TS 103 737 – 103 740, to the latest 3GPP TS 26.131/132, ver. 9, and found discrepancies in the requirements, see table below for a comparison for narrow band handset test scenario. 

	NB Handset & Headset
	　
	
	
	

	ETSI TS
	TC
	Title
	(Vodafone’s observation) Status in 3GPP
	Our observation
	TS 26.131 
	TC

	TS 103 737 (1)
	6.1.1
	Send frequency response
	Identical
	Different
	ver. 9.0.2
	5.4.1

	TS 103 737
	6.2.1
	Send Loudness Rating
	Identical (only Handset)
	Identical (only handset)
	
	5.2.2

	TS 103 737
	6.5.1
	Send Distortion
	Different
	Different
	
	5.8.1

	TS 103 737
	6.4.1
	Send Noise
	Different
	Different
	
	5.3.1

	TS 103 737 (1)
	6.3.1
	Sidetone Masking Rating STMR (Mouth to ear)
	Identical
	Different
	
	5.5.1

	TS 103 737 (2)
	6.6.2
	Terminal Coupling Loss weighted (TCLw)
	Identical
	Partially identical
	
	5.7.4

	TS 103 737
	6.6.1
	Stability Loss
	Identical (only Handset)
	Identical(only handset)
	
	5.6

	TS 103 737
	6.1.2
	Receive Frequency Response
	Different
	Different
	
	5.4.2

	TS 103 737
	6.2.2
	Receive Loudness Rating
	Identical (only Handset)
	Identical (only handset)
	
	5.2.2

	TS 103 737 (4)
	6.5.2
	Receive Distortion
	Different
	Different
	
	5.8.2

	TS 103 737 (3)
	6.4.2
	Receive Noise
	Different
	Different
	
	5.3.2


Remark:

1. Sending frequency response and STMR are found different by comparing TS 103 737 to TS26.131 ver. 9.0.2, marked in red

2. TCLw is found partially identical, marked in orange

3. Difference in receive noise is mainly due to TS 103 737 changed from DRP-ERP to diffuse field correction, marked in light green

4. TS 103 737 specifies measurement of distortion as a function of frequency, but doesn’t specify volume setting, which could be critical
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SND Level versus time – Single Talk (black), Double Talk (red)
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SND Level vs. time  - Attenuation AH,S,dt x Time (Single Talk – Double Talk)
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