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Pre-Amble
This deliverable is related to sub project 2 (SP2) Adverse Condition in Communication Acoustics, and Work Package 4 (WP4) Telecommunication Systems. The objectives of WP4 are described as follow:
In modern telecommunication more vulnerable user groups (elderly, non-natives, hearing-impaired people) often face difficulties in using these systems. Mobile phones and Voice over Internet Protocol (VoIP) use speech transmission methods that are acceptable for normal listeners, but may give perceptual problems for hard-of-hearing persons. WP4 will provide models and databases, either as input to the standardization activities within ITU, or as a guideline to adapt the equipment at the receiving side to specific requirements of the end user.

WP4 consists of the following tasks:

1. Selection of a model of speech quality in telecommunications
2. Performance tests for different user groups
3. Extension of the prediction model to include different groups of users
4. Development of normative criteria for different groups of users
5. Preparation of guidelines for adapting the equipment to the users’ needs
6. Preparation of a database and demonstrations
T1. Model for speech quality in telecommunications: 

The models, which are currently available within the ITU-T for predicting speech quality, were studied with respect to the input and output requirements (electric/acoustic signals, parameters), the covered network elements (public switched telephone network, PSTN, integrated services digital network, ISDN, VoIP networks, user interfaces), as well as the validity of the provided predictions. On the basis of this analysis, two types of models were selected: First a planning model for estimating listening and conversational quality was identified that allows easy adaptation towards the needs of vulnerable users, the E-model. Secondly, two signal-based models were selected which may be able to predict the effects of signal adaptation on the receiver's side on intelligibility and speech communication quality: PEMO-Q and PESQ. These models will be used for an optimisation of the developed adaptation algorithms. 

The task T1 was finalized in deliverable D-4-1.

T2. Performance tests for different user groups:

Using a communication test bed which is available at DE-IAS, the influence of different transmission channel characteristics on intelligibility and on speech communication quality was studied in detail. Potential transmission characteristics include stationary degradations such as linear distortions and noise, non-linear codec distortions, as well as highly time-variant characteristics like packet loss or clipping. The tests have been carried out with different user groups in order to reflect the user factors related to intelligibility and communication quality, and in (at least) two languages. 
The task T2 was finalized in deliverable D-4-2.

T3. Model extension to include different groups of users:
On the basis of the test results obtained in T2, the previously selected models (network planning model, signal-based models) will be adapted towards selected groups of users. The model extensions will be subject to a verification step which will guarantee that the extended models correctly predict intelligibility and speech communication quality for various types and degrees of hearing impairment. 

The model extension was subject to milestone M-4-4.

The outcome of the tests described in this deliverable will be used for verification of the extended models.

T4. Normative criteria for different groups of users:
With the help of the experiments carried out under T2, normative criteria for intelligibility and for speech communication quality will be set up. The criteria will be expressed in terms of auditory judgements required to be reached, as well as in terms of quality indices provided by prediction models. 

T5. Guidelines for adapting telecom equipment: 

In order to optimally design the transmission channel for the needs of the individual user groups, an adaptation of the equipment at the receiver's side is envisaged. This adaptation will depend on the characteristics of the transmission channel, the characteristics of the user group (especially with respect to hearing capabilities), as well as on the acoustic-electrical characteristics of the user interfaces. It will take into account the acoustic coupling of standard user interfaces to the ears of hearing-impaired users, including different types of hearing aids. Potential interfaces include handset telephones, headsets, as well as hands-free terminals. The optimisation will make use of the signal-based quality models selected and adapted in T1 and T3.

T6. Database and demonstrations: 

With the help of the simulation tool available at DE-TUD-IAS, there will be provided speech material which displays the auditory characteristics of the original and the adapted transmission channel. The speech material, as well as other results obtained in this WP, will be circulated within ITU-T SG12. In this way, telecommunication system providers and service operators become aware of the necessities of hearing impaired users, and can plan their transmission networks accordingly. The results presented in ITU-T SG12 will form a basis for updated and future standards on network planning models as well as on signal-based quality prediction models discussed within this group. The knowledge will be provided to SP5 for implementation on the Internet.

The following deliverables and milestones are related to this deliverable:

D-4-1: Report on the Selection of Quality Models for Telecommunications. (published within the consortium, confidential)

D-4-2: Report on Experiments on the Performance of Normal and Non-normal hearing Listeners for a Range of (Simulated) Transmission Conditions. (published)
D-4-3: Report on Model Performance and Normative Criteria for Different User Groups. 

M-4-2: Database containing auditory test results of hearing-impaired and normal hearing listeners. (done)

M-4-3: Instrumental measuring results. (done)

M-4-4: E-model extension for non-normal hearing listeners for a range of transmission conditions. (done)
M-4-5: Normative criteria for adapting telecom guidelines. (done)

D-4-4: Report on the performance of the extended quality prediction models. (M39)
There are cross links to deliverables from other Work Packages:

D-1-1: Communication self-screening test for two languages operating on a PC-based system.

The problem of FI-Nokia not participating actively to the project work was caught up by the partners within Work Package 4, mainly by DE-TUD-IAS.

Executive Summary

One of the main tasks in HearCom Work Package 4 is the extension of existing models for estimating the quality in telecommunication networks towards hearing-impaired users. In deliverable D-4-1 it was decided that the signal-based model would be PESQ and the parameter-based network planning model would be the E-model. These models were used for work within HearCom WP4. This deliverable describes the second set of tests for the extension and the verification of these models. 

The Preamble in Section ‎1 explains the position of this deliverable within the HearCom project and within Work Package 4. Section ‎1 describes briefly the task executed in this deliverable. 

The tests described in this deliverable mainly examine the effect of combined technical disturbances on the perceived quality perception of normal hearing and hearing impaired subscribers. The combination consists of non-optimum signal level and noise or codecs or codec cascades. Therefore, Section ‎4 is split into two major sections. Section ‎4.1 describes the experiments and the results assessing the speech quality of combined technical disturbances with non-optimum level and noise, like circuit noise or Hoth noise. Those tests were conducted in the German language and performed by HearCom partner DE-HTCH. Section ‎4.2 describes the experiments and the results of measuring the speech quality of non-optimum level and the technical disturbance caused by speech codecs or speech codecs cascades. Those tests were conducted in the Dutch language and were performed by HearCom partner BE-LEU. As the evaluation at both test sites has been done with subject groups having similar hearing profiles, using the same apparatus and similar speech material that has undergone identical processing steps (see Figure ‎4‑3), there are some cross links within Section ‎4.2 regarding Section ‎4.1 Both sections contain descriptions about 

· Method

· Procedure

· Apparatus

· Stimuli

· Subjects

· Results

The experimental part is followed by a discussion in Section ‎5. Again this is split into two major sections. Section ‎5.1 is related to the overall quality of the combination of non-optimum listening level and noise, whereas in Section ‎5.2 we discuss the outcome of the combination of non-optimum level and codecs.

Section ‎6 gives an overview of the dissemination and exploitation of the experimental results, in Section ‎7 we discuss the ethics according to the structure and content of clinical study reports (E3) of the ICH (WHO 2002). From this discussion it can be seen that we did not come across any critical point that needed further discussion. The conclusion of the deliverable is given in Section ‎8.

The most important outcome of the presented listening tests is the data for model verification and that non-optimum level is still the major technical disturbance when it comes to a comparison between normal hearing and hearing impaired users. Moreover, hearing-impaired subscribers still face unsatisfying solutions for coupling the telephone and the hearing aid. Either they are not superior to the direct coupling of a standard telephone handset (without any hearing aid supply), or they are not affordable. 
1 Introduction

Since the first days of telecommunication networks, providers have wanted to know beforehand if their planned network meets the requirement specification. It turned out that these requirement specifications are heavily related to the consumer needs, and that the characteristics of the telecommunication system have to be adapted to the users’ behaviour in the communication situation. Ultimately the quality the user experiences when using the system can only be investigated by observing the user behaviour and asking for his or her opinion.
In principle, there are two types of models for predicting speech communication quality via modern telecommunication systems. On the one hand there are planning models (E-model, SUBMOD) which can be used for transmission planning in order to have sufficient end-to-end transmission quality for the users. Planning models take no notice of the actual speech signal on a line. On the other hand, signal-based models (PEAQ, PEMO-Q, qC, PESQ) are employed to instrumentally predict the subjective (speech) quality of communication channels, such as handset telephony and narrow-band speech codecs. Signal-based models estimate speech quality by comparing the (possibly degraded) output signal with a clean input signal.

All of these models have been validated for normal-hearing users only. In deliverable D-4-1 the existing telephone quality prediction models were analysed for further extension towards hearing-impaired users. It turned out that the E-model as a network planning model and PESQ as signal-based model were the most promising models. These models take into account most of the degradations occurring in traditional networks, e.g. loss, attenuation, frequency distortion, circuit noise, or quantising distortion resulting from pulse code modulation. The latest models cover some important distortions introduced by modern networks, especially the effects of codec cascades and time variant signal degradations like packet loss. To extend the models towards hearing impaired subscribers, several tests have to be conducted to gain enough data for a valid extension. 

Due to the wide variety of hearing dysfunctions, it was necessary to limit our research to a couple of major types of hearing impairment and divide the subjects accordingly into a distinct number of groups that cover as many typical classes of hearing impairment as possible. These groups are expected to represent most of the hearing-impaired people. 

To the knowledge of the authors, all research done so far is restricted to terminal equipment and hearing impaired subscribers to single, network-based technical disturbances. 

This deliverable describes the tests that have been conducted for a number of simulated telephone transmissions with a combination of technical disturbances and a range of hearing-impaired and normal-hearing subjects. The tests were restricted to “overall speech quality” as it turned out from former tests, that speech quality and listening effort correlate with a high coefficient, especially for the hearing impaired subscribers. 
One part of the outcome of the tests will be used for additional model extension, whereas the other part will be used for model verification. The results of the model performance will be subject of deliverable D-4-4.
Experiments

1.1 Assessment of combined technical disturbances: level vs. noise 
This section covers the experiments about non-optimum presentation level and noise, like circuit noise (filtered white noise) or environmental noise (Hoth noise, Hoth, 1941) at the sender side. This noise can be described as a stationary process.
1.1.1 Method

1.1.1.1 Procedure

The extended models are based on the ITU-T Rec. P.800 MOS score procedure. Therefore the tests were designed in a corresponding way.
The drawback of the MOS scale, as proposed in the ITU-T Rec. P-800 is, that it allows just five discrete values, which may be too few to allow participants to discriminate in a convenient way. Therefore, it was decided to turn the five point discrete scale into an equally-spaced continuous scale, as described by Bodden and Jekosch (1996) and shown in Figure ‎4‑2. The mapping function for MOS scores is derived from the tests, by 12 conditions covering the full scoring.  
The labels of the scales were translated according to ITU-T Rec. P.800 (2005). They are noted in Table ‎4‑1 for overall quality.

Table ‎4‑1: Listening-quality scale for English, Dutch, and German language.

	MOS
	English
	Dutch
	German

	1
	Bad
	Slecht
	Schlecht

	2
	Poor
	Matig
	Dürftig

	3
	Fair
	Redelijk
	Ordentlich

	4
	Good
	Goed
	Gut

	5
	Excellent
	Uitstekend
	Ausgezeichnet


The workflow of the experiment was as follows:

1. Giving written and oral instructions about the test and asking for a consent signature of the participant.

2. Audiological screening of the participants, with the “Oldenburger Hörfläche” based on the Oldenburger Measurement Applications (OMA).
3. Overall quality test. Hearing-impaired participants were allowed to set a comfortable listening level of the telephone handset. All participants started with a training set of speech files to accommodate to the test environment and to get familiar with the range of stimuli to be expected during the test. After the training, participants had to rate 140 stimuli for the test. The participants were allowed to take breaks whenever they wanted, but were forced by the software to take at least two breaks during this phase of the test.

4. Rating of additional 12 stimuli on the 5 point absolute category rating scale (ACR) on separate paper to estimate the mapping function. 
5. Final interview and payment.
1.1.1.2 Apparatus

The tests were conducted with the same telephone terminal equipment at the different test locations. DE-TUD-IAS provided standard B7 telephone handsets (Deutsche Post / Deutsche Telekom) with accompanying receivers. One sample handset and terminal equipment is shown in Figure 
Figure ‎4‑1
.
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Figure ‎4‑1: Standard Telephone with B7- Handset.
The loudspeaker and the microphone are directly wired without any 4-2 wire junction
. This allows a direct play-out of the signals to the handset loudspeaker without any intermediate signal processing in the signal path. The frequency characteristics of the handsets were measured and during the processing of the speech files equalizing functions were applied to meet the intermediate reference system transfer function, as given by ITU-T Rec. P.48 (1989). These equalizing functions are part of the receive loudness rating (RLR) as shown in Figure ‎4‑3.
The D/A conversion was done using a PC with RME DIGI96/8 PAD sound card, optically connected with an external 24-bit D/A-A/D converter (RME ADI-8 Pro). The handset was driven by a Tucker Davis HB7 headphone amplifier. 

The test subjects were placed in a silent room with no disturbing background noise and were asked to use the telephone as they normally do in daily life (using their preferred ear). In addition, hearing aid users were asked to position the telephone receiver with respect to the hearing aid as they usually do in daily life. Care was taken that the standard loudness of the telephone signals was calibrated and fixed to 79.3 dB SPL for the standard ISDN connection. 

The loudness at the ear reference point (ERP) is estimated as follows: The LASL,MRP, the mean active speech level at the mouth reference point (MRP) is 1 Pa (= 94 dB SPL) – 4.7 dB SPL. The overall loss between the MRP and ERP for standard telephone calls is 10 dB. This yields an LASL,ERP of 79.3 dB SPL for a standard telephone call. For correct calibration for telephone lines, it is recommended to use a psophometric weighting function.

At the test site, the calibration of this structure was done with a calibration sound file and a voltmeter at the output stage of the amplifier. The calibration file was a 500 Hz sinus. The output of the amplifier had to be measured with the voltmeter and was adjusted to 160 mV. Due to the relation between calibration file and test sound files the resulting loudness corresponded to 79.3 dB SPL. Finally, all partners were asked to have the resulting loudness checked using expert listeners.
During the training phase of the speech quality experiment, hearing-impaired subjects were allowed to change the volume of the telephone signal to a level that was most comfortable to them. During the subsequent measurements of speech quality the selected volume was kept fixed. Normal-hearing subjects were not allowed to change the volume of the telephone signal.

To automate the test DE-TUD developed SQA-UI (software for quality assessment – user interface) based on Matlab 7.1 with the following features:

· Play out sound files according to the test list

· Communication with an external answering box with hardware slider for “overall quality”, and a “next” button
· Write the ratings into an answering matrix 
Figure ‎4‑2 shows a screenshot of the external answering box with German labels.
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Figure ‎4‑2: Scale as used in the test with corresponding ticks in English language and the external answering box with a hardware slider..
The participant had to rate the actual stimulus. After he or she moved the slider, the green button highlighted and the participant was allowed to play the next stimulus, regardless if the actual stimulus had finished or not. By pressing the next button, the present position of the slider was written to the answering matrix. 

1.1.1.3 Stimuli and test conditions
The source stimuli had to fulfil certain requirements:

· Available for both target languages, Dutch and German

· Phrases, around 10 seconds per utterance to allow the participants a stable quality perception
· A validated database, validated speech files, as it was not planned to create and validate own speech databases
· At least 2 male and 2 female talkers to minimise speaker dependency

· Sufficient amount of speech files to allow listening effort ratings

All these requirements were met by the EUROM 1 database which is a direct outcome of the ESPRIT-project 2589 SAM (Chang et al. 1995). The Database was provided by the University College London, Department of Phonetics and Linguistics. The EUROM 1 database offers 2 male and 2 female talkers for each language with different utterances. This means that at least for each condition 4 stimuli with different talker and with different sentences were available for each language. 
The processing of the source speech files was done as follows:

1. Sample rate conversion to fs = 32 kHz

2. IRS filtering (ITU-T Rec. P.48, 1989) at the sender side to simulate the telephone handset microphone characteristics at the sender side

3. Active Speech Level (ASL) normalization for the speech files to ensure same level of the speech for all stimuli. Therefore, speech pauses are excluded by this normalization algorithm
4. Addition of environmental noise by summing pre-filtered Hoth Noise to the speech signal, according to the desired environmental noise level
5. Addition of Circuit Noise, by summing band-passed noise to the speech signal
6. Codec processing stage, depending on the desired type of codec or codec cascade, offline processing was necessary 
7. Addition of Noise Floor (Nfor) of the terminal equipment, by summing Nfor signal to the speech signal

8. RLR filtering, to match the IRS receive characteristics of the transmission line. RLR consists of two parts, one part is the transmission characteristic of the telephone loudspeaker which could not be changed, the other part is the matching filter inside the simulation which equalizes the speech signal towards the given IRS characteristic

9. Storage of the processed speech files, final check of the material
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Figure ‎4‑3: Processing stages used within the telephone line simulator for processing speech files.

Figure ‎4‑3 shows the main processing stages of the speech files and the core elements of the telephone line simulator used for these experiments. Usually, the telephone line simulator is capable of real time processing. However, some codecs were not implemented as real time versions (GSM and AMR). This made it necessary to store the partially processed files, compute the non real-time codecs and then continue with the telephone line simulation. 

Table ‎4‑2: Relevant parameters for an ISDN connection, (one way) according to ETSI ETR 250 (1996).

	Name
	Value

	Circuit Noise, Nc
	70 dB

	Noise Floor, Nfor
	64 dB

	Codec
	G.711, log PCM, a-law

	Packet Loss Probability
	0 %

	Send Loudness Rating, SLR
	8

	Receive Loudness Rating, RLR
	2

	Dr-Factor, Handset Sensitivity
	3

	Pr, Environmental Noise at Receive Side
	35 dBA

	Ps, Environmental noise at Send Side
	15 dBA


The test conditions are based on a standard ISDN connection with parameter settings as given in Table ‎4‑2.

Based on this standard connection, one or two technical disturbances (Effect A and Effect B) were affecting on the telephone transmission. The effects that have been considered are listed in Table ‎4‑3.
Table ‎4‑3: Conditions and technical disturbance (Effect A and Effect B) affecting to the speech signal on the telephone transmission for the “level vs. noise” set.

	No of
	Stimulus
	
	

	cond.
	number
	Effect A
	Effect B

	6
	1-6
	G.711
	RLR = -8, -3, 2, 7, 12, 17

	1
	7
	Ps = 55 (Hoth)
	-

	1
	8
	Ps = 60 (Hoth)
	-

	5
	9-13
	Ps = 65 (Hoth)
	RLR = -8, -3, 2, 7, 12,

	1
	14
	Ps = 70 (Hoth)
	-

	1
	15
	Ps = 75 (Hoth)
	-

	5
	16-20
	Nc = -53
	RLR = -8, -3, 2, 7, 12,

	1
	21
	Nc = -46.5
	-

	5
	22-26
	Nc = -40
	RLR = -8, -3, 2, 7, 12,

	1
	27
	Nc = -33.5
	-

	5
	28-32
	Ps = 65 (Babble)
	RLR = -8, -3, 2, 7, 12,

	1
	33
	Ps = 65 (Hoth)
	noise canceller

	1
	34
	Ps = 65 (Babble)
	noise canceller

	1
	35
	level setting
	-

	1
	36
	level setting
	-

	1
	37
	warm up
	-

	3
	38-40
	mapping
	-


Ps is the room noise at sender side in dBA, here the room noise is either Hoth noise or Babble noise.

Nc is the circuit noise in dBm0p 
 induced by electronics and amplification stages throughout the entire transmission. The circuit noise is limited to the telephone band (300 Hz – 3400 Hz).
RLR is the Receive Loudness Rating. Here the changes of the RLR can be seen as linear amplification stage, where signal amplification in dB can be expressed by the single value RLR. The optimum of RLR is at 2. The concept of RLR is damping, i.e. RLR = 7 means, the signal is damped by 5 dB compared to the optimum presentation level.

The noise cancellation algorithms were implemented according to Ephraim-Malah (noise estimation) type 1.

1.1.1.4 Subjects – German (DE-HTCH)
Three groups of 15-17 subjects per group participated in the experiments at the German test site DE-HTCH. The grouping of subjects was carried out according to hearing loss (HL). Subjects were selected according to three classes of target hearing losses: normal-hearing (NH), moderate sloping HL (moHL), and severe sloping hearing loss (seHL). In the following, the three subject groups will be described in particular.

1.1.1.4.a Normal-hearing listeners

17 subjects (8 females, 9 males) with normal-hearing (defined by hearing loss ( 15 dB at any audiometric frequency, hearing loss = 20 dB at no more than one audiometric frequency between 125 Hz and 8 kHz) participated in the experiments. Subjects were mainly students, aged between 20 and 29 years (mean = 24.8).

1.1.1.4.b Listeners with moderate hearing losses (moHL)
The moHL group consisted of 17 subjects (11 females, 6 males), aged between 16 and 79 years (mean = 64.3). The subjects performed the quality ratings unaided, except for three participants, who felt unable to telephone without their hearing aids. The average hearing loss of this group is illustrated in Figure ‎4‑4. 
1.1.1.4.c Listeners with severe hearing losses (seHL)

15 subjects (6 females, 9 males), aged 23 to 80 (mean = 66.1) with severe hearing losses participated in the experiments. 10 subjects were wearing their hearing aids during the telephone quality measurements, five were used to telephone without hearing aids and thus performed the measurements unaided. Figure ‎4‑5 shows the average audiogram of these subjects.
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Figure ‎4‑4: Average audiogram (solid) with standard deviation (dashed), minimum and maximum hearing threshold (dotted) of the German moderate hearing loss (moHL) subject group.

Figure ‎4‑5: Average audiogram (solid) with standard deviation (dashed), minimum and maximum hearing threshold (dotted) of the German severe hearing loss (seHL) subject group.

1.1.2 Experimental results

1.1.2.1 Effect of presentation level
In the first set of processing conditions, the level of the processed speech at the receiver side was varied in 5-dB steps from -15 dB to +10 dB around the standard level of 79 dB SPL at the receiver ear reference point (for normal hearing subjects), or relative to the individually adjusted, preferred presentation level (for hearing impaired subjects), respectively. Error! Reference source not found. shows averaged subjective quality ratings  for these conditions, obtained from the three German subject groups. 
[image: image18.emf]Figure ‎4‑6: Subjective quality Mean Opinion Scores (MOS) for different speech presentation levels, obtained with three German subject groups with different degrees of hearing losses (HL), indicated by colours. Presentation levels are given relative to the standard level of 79 dB SPL for normal hearing subjects, and relative to the individually preferred presentation level for hearing impaired subjects. Error bars indicate 95% confidence intervals.

(Note that the ratings of all result figures shown in the following were obtained by averaging only across those 14 out of 17 subjects of the moHL group, which performed the measurements unaided, and those 10 out of 15 subjects of the seHL group, which performed the measurements aided.)  
As already observed in the preceding telephone quality listening test (cf. D-4-2), normal hearing (NH) listeners give highest quality ratings around the standard presentation level, as opposed to hearing impaired (HI) subjects, which tend to prefer higher levels. This is especially the case for severe-HL subjects, in spite of the fact that these subjects were wearing hearing aids during the measurements and were allowed to adjust their preferred listening level at the beginning of the test. (The latter also applies to unaided subjects with moderate HL.) Except at preferred levels, MOS from HI subjects are generally lower than MOS of NH subjects, and decrease drastically at lower presentation levels, in contrast to ratings of NH listeners, which are less affected.
1.1.2.2 Effect of noise at sender side
The effect of office noise (Hoth noise) at the sender on the perceived overall quality was investigated in the second set. The results (s. Figure ‎4‑7) show the expected degradation of perceived quality with increasing noise level, in the same manner for all groups of subjects. Unaided HI listeners with moderate HL generally gave highest quality ratings, followed by NH listeners and aided subjects with severe HL. The apparent higher tolerance of moderately HI subjects towards quality degradations, compared to NH listeners, has already been observed in the preceding study (cf. D-4-2).
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Figure ‎4‑7: As Error! Reference source not found., but with MOS for different levels of office noise (Hoth noise) at sender side.
1.1.2.3 Combined effect of noise at sender side and presentation level
The third set of conditions investigated was a combination of the two preceding conditions, i.e. noise and presentation level. A constant office noise (Hoth noise) of 65 dBA was added at the sender side. The presentation level was varied from +10 dB to -10 dB in 5-dB steps around the standard or preferred presentation level.
The measured MOS given in Figure ‎4‑8 reflect this combination as a “superposition” of the two effects observed in the preceding two condition sets: The first component can be seen in generally lower ratings and the same ranking with respect to subject groups (moHL, NH, seHL) as in the second set (Section ‎4.1.2.2 with Figure ‎4‑7), as a consequence of the degrading noise. The variation of MOS with regard to the presentation level is somewhat shifted towards lower presentation levels compared to the results of the first condition set (Section ‎4.1.2.1 with Error! Reference source not found.), possibly as a consequence of the additional noise, that might be perceived less annoying at lower presentation levels. This might result in a “bonus” to the overall quality score at lower levels.
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: As Error! Reference source not found., but with additional office (Hoth noise) noise of 65 dBA at the sender side and at the receiver side.
1.1.2.4 Effect of circuit noise
In the fourth set of test conditions, circuit noise was added to the speech at levels of -53 dBm0p to -33.5 dBm0p in 6.5-dB steps. The results shown in Figure ‎4‑9 correspond strongly to those found in case of additional office and Hoth noise (s. Section ‎4.1.2.2 with Figure ‎4‑7).
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: As Error! Reference source not found., but with MOS for different levels of circuit noise (levels are relative to full scale).
1.1.2.5 Combined effect of circuit noise and presentation level
Another combination of noise and presentation level variation was tested in the fifth and sixth set of test conditions. This time, circuit noise was introduced at two different levels to the speech (at -53 dBm0p in the fifth set, and at -40 dBm0p in the sixth set), and the presentation level at the receiver side was varied once more. The resulting quality ratings presented in Figure ‎4‑10 and Figure ‎4‑11 are similar to those obtained with the third test set, where presentation level and office and Hoth noise were combined (Section ‎4.1.2.3 with Figure ‎4‑8).
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: As Error! Reference source not found., but with additional circuit noise at -53 dBm0p.
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Figure ‎4‑11: As Figure ‎4‑10, but with -40 dBm0p.
1.1.2.6 Combined effect of noises at sender and receiver side, and presentation level 

The seventh test condition set, which once more combines presentation level variation with additional constant-level noise, represents a variant of the third set, described in Section ‎4.1.2.3. Instead of Hoth noise, babble noise was added to the sender side of the telephone line. Results are similar (cf. Figure ‎4‑8 and Figure ‎4‑12).
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Figure ‎4‑12: As Error! Reference source not found., but with additional babble noise at sender side and at receiver side.
1.1.2.7 Effect of noise reduction schemes
The final, eighth set of test conditions addressed the influence of noise reduction algorithms on the perceived telephone speech quality. For this purpose, speech plus office noise (Hoth noise), and speech plus babble noise were processed by a noise reduction scheme based on the algorithm of Ephraim and Mallah (1984, 1985). The quality ratings of unprocessed and noise-reduced speech signals are compared in Figure ‎4‑13. The results show that speech signals containing Hoth noise are stronger enhanced by the noise reduction than those signals containing babble noise. This was expected, since speech-like, fluctuating babble noise is more difficult to separate from the target speech and to suppress by single-channel noise reduction algorithms than the more stationary and less speech-like Hoth noise.
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Figure ‎4‑13: As Error! Reference source not found., but with MOS for different noise and noise reduction (NR) conditions. (noise1: office noise (Hoth noise) at sender side and noise2: babble noise at sender side.
1.2 Assessment of signal enhancement and combined technical disturbances: level vs. codecs
This section covers the experiments about non-optimum presentation level and codecs or codec cascades. The noise is the difference between the original (input) signal and the processed (post-codec output) signal. This noise can be described as a non-stationary process. Besides, signal enhancement methods like time stretching or special signal equalizing are examined in this part of the test.  
1.2.1 Method
1.2.1.1 Procedure

See Section ‎4.1.1.1.
1.2.1.2 Apparatus

The general set-up was according to Section ‎4.1.1.2. However, at BE-LEU the handset was directly connected to a studio audio amplifier (Alesis RA 150), which was capable of driving the handset loudspeaker load of ca 160 Ω. The amplifier input was connected to the output of a high-quality sound card (LynxOne).
1.2.1.3 Stimuli and test conditions
The stimuli were processed as described in Section ‎4.1.1.3, but the technical disturbances varied, as given in Table ‎4‑4.
Table ‎4‑4: Conditions and technical disturbance (Effect A and Effect B) affecting to the speech signal on the telephone transmission for the “level vs. codec” set.

	No of
	Stimulus
	
	

	cond.
	number
	Effect A
	Effect B

	5
	1-5
	G.711
	RLR = -8, -3, 2, 7, 12, 

	5
	6-10
	G.729
	RLR = -8, -3, 2, 7, 12, 

	5
	11-15
	3*G.729
	RLR = -8, -3, 2, 7, 12, 

	1
	16
	AMR4.75
	-

	1
	17
	3*AMR4.75
	-

	1
	18
	GSM-FR
	-

	1
	19
	2*GSM-FR
	-

	1
	20
	AMR4.75*GSM-FR
	-

	5
	22-25
	AMR4.75*G.729*GSM-FR
	RLR = -8, -3, 2, 7, 12, 

	3
	26-28
	Time stretching
	3 modes

	2
	29,30
	Limiting
	2 modes

	2
	31,32
	EQing
	2 modes

	2
	33,34
	Leveling
	2 modes

	1
	35
	level setting
	-

	1
	36
	level setting
	-

	1
	37
	warm up
	-

	3
	38-40
	mapping
	-


Within the two limiting modes, the speech signal was processed as follows:

Limiting 1: 
amplify by +15 dB ( limit at -15 dB relative 0 dBr 
 



( amplify by -15 dB, (the signal gets more dense and less 


dynamics) 
Limiting 2:
limit at -15 dB rel. 0 dBr

The two EQ modes basically evaluated high shelving filters at identical cut off frequencies but with different filter steep, followed by a limiter stage to avoid any clipping. The conditions were processed as follows:

EQ 1:

amplify by -2.5 dB ( high shelf filter at 500 Hz 




with +5 dB/oct. ( limit at -15 dB rel. 0 dBr. 
EQ 2:

amplify by -5 dB ( high shelf filter at 500 Hz with +10 dB/oct. 


( limit at -15 dB rel. 0 dBr.

The two levelling conditions were mainly about the effect of digital clipping and and noise reduction of the noise floor (not Nfor in this case) after signal compression.
Level 1:
amplify by +15 dB ( no limiter (this will cause distortion because of digital clipping) ( amplify by -15 dB (back to normal level)
Level 2:
amplify by +15 dB ( limit at -15 dB rel. 0 dBr ( gate @ -20 dB rel. 0 dBr. (to reduce the amplified noise floor) ( amplify by -15 dB (back to normal level)
1.2.1.4 Subjects

Three groups of 14 to 15 subjects participated in the experiments. The grouping of subjects was carried out according to hearing loss. Subjects were selected according to three classes of target hearing losses: normal-hearing (NH), moderate sloping HL (moHL), and severe sloping hearing loss (seHL). In the following, the three subject groups will be described in particular.

1.2.1.4.a Normal-hearing listeners
15 subjects (12 females, 3 males) with normal-hearing (defined by hearing loss ( 15 dB at any audiometric frequency, hearing loss = 20 dB at no more than one audiometric frequency between 125 Hz and 8 kHz) participated in the experiments. Subjects were mainly students, aged between 21 and 28 years (mean = 22.3).
1.2.1.4.b Listeners with moderate hearing losses (moHL)
The moHL group consisted of 15 subjects (4 females, 11 males), aged between 68 and 84 years (mean = 75.3). The subjects performed the quality ratings unaided. The average hearing loss of this group is illustrated in Figure ‎4‑14. 
1.2.1.4.c Listeners with severe hearing losses (seHL)

14 subjects (7 females, 7 males), aged 45 to 92 (mean = 68.5) with severe hearing losses participated in the experiments. All subjects were wearing their hearing aids during the telephone quality measurements. Figure ‎4‑15 shows the average audiogram of this seHL subject group.
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Figure ‎4‑14:  Average audiogram (solid) with standard deviation (dashed), minimum and maximum hearing threshold (dotted) of the Belgian moderate hearing loss (moHL) subject group.
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Figure ‎4‑15:  Average audiogram (solid) with standard deviation (dashed), minimum and maximum hearing threshold (dotted) of the Belgian severe hearing loss (seHL) subject group.

1.2.2 Experimental results

1.2.2.1 Effect of presentation level
In a first experiment the speech level at the receiver side was varied from -10 dB to +10 dB in steps of 5 dB around the reference presentation level. For normal hearing subjects the reference presentation level corresponded to 79 dB SPL at the receiver ear reference point, whereas for hearing impaired subjects it coincided with the individually adjusted, preferred presentation level. 
Figure ‎4‑16 shows averaged subjective quality ratings  for the above mentioned conditions as obtained from the three Belgian subject groups. Note that rather than a classical 5-point MOS scale, a continuous 6-point scale according to Bodden-Jekosch is used, ranging from 0.0 to 6.0. 
The major conclusions that can be drawn from Figure ‎4‑16 are mostly in agreement with the observations that have been formulated in deliverable D-4-2 and in Section ‎4.1.2.1 of this text:
· Normal-hearing (NH) listeners give highest quality ratings around the standard presentation level of 79 dB SPL. Hearing impaired (HI) subjects on the other hand, seem to prefer presentation levels that exceed the preferred listening level they were allowed to set at the beginning of the test. This effect is most prominent for the subject group with moderate hearing impairment, for which the quality rating always monotonically increases with the presentation level.
· The scores obtained from the severely hearing impaired (seHL) subject group are always lower than corresponding scores for the NH subjects and the moderately hearing impaired (moHL) subjects.
· Whereas scores from hearing impaired listeners clearly decrease if the presentation level is lowered, scores from NH listeners are less affected by changes in presentation level.
· From Error! Reference source not found. and Figure ‎4‑16 it follows that the mean scores obtained from the Belgian NH subject group are clearly lower than the corresponding scores obtained from German NH listeners. 
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Figure ‎4‑16:  Subjective mean quality ratings on a 6-point scale for the ISDN codec as a function of the speech presentation level, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Presentation levels are given relative to the standard level of 79 dB SPL for normal hearing subjects, and relative to the individually preferred presentation level for hearing impaired subjects. Error bars indicate 95% confidence intervals.

1.2.2.2 Combined effect of G.729 speech codec and presentation level

In a second experiment the combined effect of a G.729 speech codec and changes in presentation level has been investigated. Results are shown in Figure ‎4‑17. 
For the reference condition (presentation level 0 dB) we observe a reduction in quality rating relative to the ISDN codec of about 0.25 points for the NH subject group and about 0.2 points for the seHL subject group.  For the moHL subjects there is almost no reduction in quality rating. These findings confirm the observations from deliverable D-4-2, Figure 4-21. 
The same trends are observed as in Figure ‎4‑16 as far as changes in presentation level are concerned: NH listeners prefer presentation levels around the reference of 79 dB SPL, HI subjects on the other hand show a preference for presentation levels higher than their preferred listening level (0 dB reference). On top of that, NH subjects seem to be less affected by changes in presentation level than HI subjects.
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Figure ‎4‑17: Subjective mean quality ratings on a 6-point scale for the G.729 speech codec as a function of the speech presentation level, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Presentation levels are given relative to the standard level of 79 dB SPL for normal hearing subjects, and relative to the individually preferred presentation level for hearing impaired subjects. Error bars indicate 95% confidence intervals.

1.2.2.3 Combined effect of a G.729−G.729−G.729 speech codec cascade and presentation level

In a third experiment a threefold cascade of G.729 speech codecs has been evaluated at different presentation levels. The mean quality rating numbers and 95% confidence intervals are shown in Figure ‎4‑18.
A comparison of Figure ‎4‑17 and Figure ‎4‑18 learns that a threefold G.729 codec cascade offers a considerably reduced quality compared to a single G.729 codec. This is especially true for NH listeners. The reduction observed with HI subjects is less pronounced.
The same trends are observed as in Figure ‎4‑16 and Figure ‎4‑17 as far as changes in presentation level are concerned: NH listeners prefer presentation levels around the reference of 79 dB SPL, HI subjects on the other hand show a preference for presentation levels higher than the preferred listening level (0 dB reference). On top of that, NH and seHL subjects seem to be less affected by changes in presentation level than the moHL subject group.
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Figure ‎4‑18: Subjective mean quality ratings on a 6-point scale for a G.729−G.729−G.729 speech codec cascade as a function of the speech presentation level, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Presentation levels are given relative to the standard level of 79 dB SPL for normal hearing subjects, and relative to the individually preferred presentation level for hearing impaired subjects. Error bars indicate 95% confidence intervals.

1.2.2.4 Combined effect of an AMR 4.75 kbps−G.729−GSM 06-10 speech codec cascade and presentation level

In a fourth listening experiment a cascade of an AMR 4.75 kbps codec, a G.729 codec and a GSM 06.10 full-rate codec has been evaluated at different presentation levels around the reference. The quality rating results are shown in Figure ‎4‑19.
This heterogeneous codec cascade gets lower quality scores compared to the threefold G.729 cascade, and this for all subject groups. This is probably due to the fact that the signal passes through a GSM 06.10 speech codec, which relies on less advanced signal processing technology than the CELP-based G.729 and AMR codecs. Especially NH listeners seem to penalize this type of cascade.     
Similar to Figure ‎4‑16, Figure ‎4‑17 and Figure ‎4‑18, NH listeners prefer presentation levels around the reference of 79 dB SPL and moHL subjects show a preference for presentation levels higher than the preferred listening level (0 dB). However, there is no clear trend anymore for seHL listeners in this case: they no longer assign increasing quality ratings to higher presentation levels.
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Figure ‎4‑19: Subjective mean quality ratings on a 6-point scale for an AMR 4.75 kbps−G.729−GSM 06-10 speech codec cascade as a function of the speech presentation level, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Presentation levels are given relative to the standard level of 79 dB SPL for normal hearing subjects, and relative to the individually preferred presentation level for hearing impaired subjects. Error bars indicate 95% confidence intervals.

1.2.2.5 Effect of different speech codecs and speech codec cascades

In a fifth experiment two speech codec standards and three speech codec cascades are compared, all at the standard presentation level. The results are shown in Figure ‎4‑20.
Best performance is obtained with a single AMR 4.75 kbps codec, offering a quality that is higher than that of a standard ISDN connection (compare with Figure ‎4‑16). The increased preference for AMR 4.75 kbps relative to ISDN is most prominent for HI listeners. These findings do not confirm the observations from deliverable D-4-2, Figure 4-21, unfortunately, which showed a decrease in quality rating for AMR 4.75 kbps compared to ISDN, both for NH and moHL listeners. It is unclear what could explain this observation.

As noted already in deliverable D-4-2, NH listeners seem to suffer more from the GSM 06.10 full-rate codec than moHL subjects. It is interesting to observe that thanks to the more advanced CELP-type of processing, the low-bit rate AMR codec clearly outperforms the GSM 06.10 full-rate codec despite the considerable difference in bit rate, which is 4.75 kbps for the low-bit rate AMR codec and 13 kbps for GSM 06.10.
Figure ‎4‑20 furthermore shows that the more codecs are cascaded, the lower quality is observed. Due to the less advanced signal processing technology that is used, a cascade of two GSM 06.10 full-rate codecs shows inferior ratings compared to a cascade of three AMR 4.75 kbps codecs. Best results are obtained with a cascade of an AMR 4.75 kbps and a GSM 06.10 full-rate codec. Especially NH subjects assign low quality ratings to the GSM 06.10 − GSM 06.10 cascade, a type of connection that nevertheless is commonly used in present-day mobile communication protocols. Also note that NH and seHL listeners qualify the single GSM 06.10 codec similar to a threefold cascade of AMR 4.75 kbps codecs. 
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Figure ‎4‑20: Subjective mean quality ratings on a 6-point MOS scale for different speech codecs and speech codec cascades, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Error bars indicate 95% confidence intervals.

1.2.2.6 Effect of time stretching
In a sixth experiment the effect of different amounts of time stretching has been evaluated. The results are shown in Figure ‎4‑21. 

In comparison with Figure ‎4‑16, a reduced quality is observed for all amounts of time stretching and for all user groups. The larger the stretch factor the poorer is the quality. 

We conclude that listeners don’t seem to appreciate more slowly pronounced speech, probably due to a lack of naturalness. 
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Figure ‎4‑21: Subjective mean quality ratings on a 6-point scale for different amounts of time stretching, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Error bars indicate 95% confidence intervals.
1.2.2.7 Effect of level compression and equalization
In a final experiment different types of level compression and equalization settings have been evaluated. The corresponding mean quality scores and 95% confidence intervals are shown in Figure ‎4‑22. 

The quality scores given to the first type of level limiting, which is labeled ‘Limiting 1’, are similar to the ratings assigned to the ISDN codec (see Figure ‎4‑16), except for the moHL subject group, which rates ‘Limiting 1’ considerably higher than ISDN. The second type of level limiting, labeled ‘Limiting 2’, offers similar quality scores as ISDN for all subject groups.
Equalization setting ‘EQ 1’ is given substantially worse scores than ISDN by NH and seHL listeners. On the other hand, moHL subjects equally rate ‘EQ 1’ and ISDN. Equalization setting ‘EQ 2’ on the other hand, it is clearly worse than ISDN for all subject groups.
Condition ‘Level 1’ is scored considerably higher than ISDN by moHL listeners, is equally rated by seHL subjects, and is scored substantially worse by NH persons. Condition ‘Level 2’ shows the same dependencies, but less pronounced.  
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Figure ‎4‑22: Subjective mean quality ratings on a 6-point scale for different types of level compression and equalization, obtained with three Belgian subject groups with different degrees of hearing losses (HL), indicated by colours and shading patterns. Error bars indicate 95% confidence intervals.

2 Discussion
2.1 Combined technical disturbances: level vs. noise 
Three main observations could be made in the quality scores that have been measured in the present listening test series on the effect of presentation level and additional stationary noise on the perceived quality. 
Firstly, there is a difference between the preferred listening level and the level that gets highest quality ratings from hearing impaired listeners. Although all hearing impaired listeners were allowed to set their preferred presentation level at the beginning of the quality rating tests, higher presentation levels got higher quality ratings. This is especially the case for aided, severely hearing impaired listeners. A possible explanation is that higher levels might increase the speech intelligibility or at least reduce the required listening effort (which has a positive effect on the perceived overall quality), while this requires overall levels that are above most comfortable levels, especially if the speech is accompanied by additional background noise. This has already been observed in the preceding listening test series (s. HearCom deliverable D-4-2).
Secondly, moderately hearing impaired listeners telephoning without hearing aids mostly gave higher quality ratings than normal hearing listeners in conditions containing noise distortions. Again, this is in line with earlier findings (cf. D-4-2). Whether this is due to a reduced audibility of additional noise or to a generally more tolerant attitude of the hearing impaired listeners towards sound quality distortions cannot be concluded form the current results. Since the concerned subject groups did not only differ with regard to hearing loss, but also in age considerably (24.8 vs. 64.3 years on average), it might also be possible that older people are generally less critical with telephone speech quality than younger ones, maybe as a consequence of being used to older telephone lines with lower speech quality.

Thirdly, severely hearing impaired listeners telephoning with hearing aids generally gave the lowest quality ratings. Although the reason for this cannot be concluded to be either the higher hearing loss, or the usage of hearing aids, or a combination of both, since both variables were co-varied, it appears more reasonable to assume that the non-optimal acoustic coupling between telephone receiver and hearing aid microphone could be responsible for the lower perceived quality. In the listening tests, subjects wearing hearing aids were instructed to hold the receiver as they usually do in everyday life. (Inductive, electro-acoustic coupling using telephone coils has not been used.) Quite different ways of holding the receiver towards the hearing aid microphone were observed and documented by photographs. (Photos are not contained in this report. However, exemplary pictures can be found in the preceding report D-4-2.)  Some of the observed receiver positions appeared clearly non-optimal, e.g. some subjects put the receiver closely onto the pinna as people without hearing aids do, although they were wearing hearing aids with behind-the-ears microphones. But even when holding it in a meaningful way, i.e. close to the hearing aid microphone, the acoustic coupling was still sub-optimal in two ways: Firstly, hearing aid microphones are optimised for coupling with free sound fields; secondly, telephone speakers are optimised for near-field coupling with the ear canal. Apart from aspects related to the acoustic quality, it might also be possible that (at least some) aided hearing impaired subjects were feeling generally uncomfortable with the “unnatural” situation of holding a sound source “blindly” into the assumed direction of the hearing aid microphone, being aware that this might not be the optimal way. This might result in a negative bias of the overall quality rating.

2.2  Signal enhancement and combined technical disturbances: level vs. codecs
The following conclusions can be drawn based on the subjective quality evaluation of the different types of speech codecs that have been considered in this report on the one hand, and of the time stretching, level limiting and equalization operations that have been investigated, on the other hand. 
Best performance is obtained with the AMR 4.75 kbps codec, offering improved quality relative to the ISDN protocol for all subject groups. The G.729 codec on the other hand, leads to a reduction in quality with respect to ISDN that is about equally large for all subject groups. The GSM 06.10 full-rate codec provides a clearly lower quality to all subject groups. NH listeners seem to dislike the GSM 06.10 full-rate codec more than moHL subjects.
Cascades of speech compression operations offer a reduced quality compared to single codecs, especially for NH listeners. The reduction that is observed with HI subjects, is less pronounced. The more codecs are cascaded, the lower quality is observed. Especially NH subjects assign low quality ratings to the GSM 06.10 − GSM 06.10 cascade, a type of connection that nevertheless is commonly used in present-day mobile communication protocols. 
Time stretching does not help to improve speech quality: reduced ratings relative to standard ISDN are observed for all amounts of time stretching and for all user groups. The larger the stretch factor the poorer is the quality. Apparently, listeners don’t seem to appreciate more slowly pronounced speech, probably due to a lack of naturalness. 
The investigated equalization settings don’t seem to improve quality for any subject group. Some types of level limiting however, are favorable to HI subjects, especially to moHL listeners, offering substantially higher quality scores than the ISDN standard. Subjects with seHL don’t seem to equally benefit from level limiting giving similar scores as for ISDN. Finally, NH persons produce slightly worse scores compared to ISDN. 

As far as changes in presentation level are concerned, similar trends are observed for almost all test conditions: NH listeners prefer presentation levels around the 79 dB SPL reference, HI subjects on the other hand show a preference for presentation levels higher than the preferred listening level set at the beginning of the test. Furthermore, NH subjects seem to be less affected by changes in presentation level than HI subjects.

Despite all effort to maintain uniformity both across test sites and test runs (deliverable D-4-2 versus present report), important differences in quality scoring are observed for identical test conditions. For instance, the mean MOS scores obtained from the Belgian NH subject group are clearly lower than the corresponding scores obtained from German NH listeners.  These differences could be explained as follows:  
· Despite all effort to maintain uniformity across test sites and test runs, there might have been dissimilarities in the oral instructions given at the beginning of the test, in the test conditions (test equipment, test environment, calibration) and in the subject populations. 
· Several test subjects pointed out that some speakers were annoying and unpleasant to listen to. This might have distracted the subject’s attention from solely assessing the transmission quality and could therefore have influenced the quality rating.
· To achieve uniformity across languages speech fragments were taken from the EUROM 1 database (Chan et al. 1995). The Dutch speech material contained in this database is a collection of sentences with different northern Dutch regional accents. As Belgian test subjects are more familiar with southern Dutch (Flemish) pronunciation, intelligibility problems could have arisen. This might have affected the quality rating.
· Unlike in the first evaluation phase described in deliverable D-4-2, no sentences with truly inferior quality have been presented to the Belgian subjects, i.e. sentences that sounded really bad or were unintelligible. As the participants were encouraged to use the full MOS scale to rate the presented stimuli, the quality rating might have shifted downwards compared to the results obtained from the German subject group and the figures presented in deliverable D-4-2.
The possible influence of annoying speakers and regional accents on the quality rating is inconsistent with the observation that the same speakers and similar speech material have been used during the first evaluation phase described in deliverable D-4-2, which showed contradictory results, i.e. higher mean scores for the Dutch NH group than for the German NH group. Unfortunately, results are difficult to compare as during the first test phase the Dutch NH group consisted of both northern Dutch and southern Dutch (Flemish) test subjects, which was not the case during the present evaluation. Furthermore, in the first test phase a 5-point MOS scale was used, whereas in this report quality ratings are shown on an extended 7-point scale, leading to figures that are not directly comparable.
Dissemination and Exploitation

The results of this report will be presented on international conferences. They will be published in a joined article at the CVHI – 2007 (Conference on Assistive Technology for Visual and Hearing Impaired) under the direction of DE-TUD-IAS. In conjunction with the following deliverable there will be the chance to publish the major outcomes in international journals.

NL-TNO leads in WP4 a “white paper” contribution for the ITU-T Study Group 12 to present the outcome of the tests and the PESQ extension. DE-TUD plans an additional ITU-T contribution on the E-model extension. 

Both contributions may lead to ITU-T recommendations in the near future.

The conclusions drawn from the results will be turned into recommendations, guidelines and/or standards for developers of telecommunication systems. Those recommendations will be published at conferences (e.g. CVHI – 2007) and brought to standardization bodies like the ITU-T. Besides, results will be discussed further within the HearCom project. 

Ethics

In summary, the tests 

· were based on volunteer participants,

· were without hearing loss risk,

· allowed the participants to step down at any time without disprofit.
The discussion within this chapter is according to Chapter 9 of the ICH.

9 Investigational Plan

9.1 Overall Study Design and Plan Description

Please refer to Sections ‎4.1.1 and ‎4.2.1.

9.2 Discussion of Study Design, Including Choice of Control Groups

Please refer to Sections ‎4.1.1 and ‎4.2.1.
9.3 Selection of Study Population

Please refer to Section ‎4.1.1.4 and ‎4.2.1.4.
9.3.1 Inclusion Criteria

Please refer to Section ‎4.1.1.4 and ‎4.2.1.4.
9.3.2 Exclusion Criteria

Please refer to Section ‎4.1.1.4 and ‎4.2.1.4.

9.3.3 Removal of Patients Therapy or Assessment

Participants were allowed to quit the test at any time.

9.4 Treatments

Please refer to Section ‎4.1.1.1 and ‎4.2.1.1.

Table ‎4‑1: Listening-quality scale for English, Dutch, and German language.

	MOS
	English
	Dutch
	German

	1
	Bad
	Slecht
	Schlecht

	2
	Poor
	Matig
	Dürftig

	3
	Fair
	Redelijk
	Ordentlich

	4
	Good
	Goed
	Gut

	5
	Excellent
	Uitstekend
	Ausgezeichnet




9.4.1 Treatments Administrated

None.

9.4.2 Identity of Investigational Products

Telephone terminal equipment was only chosen due to its standard character.

9.4.3 Methods of Assigning Patients To Treatment Groups

Please refer to Section ‎4.1.1.1 and ‎4.2.1.1
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9.4.4 Selection of the Dose in the Study

The ASL SPL at the ERP was at 79 dB SPL. The hearing-impaired participants were allowed to accommodate the loudness of the telephone to their needs at the beginning of the test.

9.4.5 Selection of Dose for Each Patient 

The overall time for the test was ca 90 minutes. 

9.4.6 Blinding

None.

9.4.7 Prior and Concomitant Therapy

In the beginning of the tests there was the possibility of setting the preferred loudness for hearing impaired participants and a training phase of eight stimuli has been included for all participants. 

9.4.8 Treatment Compliance

The test was executed automatically, controlled by the TUD-Answering-Box software and the OMA software.

9.5 Efficacy and Safety Variables

Please refer to Section ‎4.1.1.1 and ‎4.2.1.1
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However, it is the participant’s choice, how hard to press the telephone handset towards the ear and what leakage to allow between the handset and the ear. 

9.5.1 Efficacy and Safety Measurements Assessed and Flow Chart

Please refer to Section ‎4.1.1.1 and ‎4.2.1.1
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9.5.2 Appropriateness of Measurements

Please refer to Sections ‎4.1.1 and ‎4.2.1.

9.5.3 Primary Efficacy Variables

Please refer to Sections ‎4.1.1 and ‎4.2.1.

9.5.4 Drug concentration Measurements.

None.

9.6 Data Quality Assurance

Please refer to Sections ‎4.1.1.2 and ‎4.2.1.2.
Conclusions

Based on the three main findings concerning the effects of presentation level and stationary noise discussed in Section ‎5.1, it may be concluded that 

· Preferred overall levels, yielding most comfortable loudness, and levels providing best quality perception can differ, especially for hearing impaired listeners and acoustically adverse conditions. Thus telephones should allow for easy level adjustment while telephoning.
· Moderately hearing impaired listeners telephoning unaided, or maybe older people in general, seem to tolerate limited distortions of telephone speech more than (young) normal hearing listeners. However, this finding should not be misused to justify lower telephone speech quality demands for hearing impaired or elder people, since speech intelligibility and listening effort might even be stronger affected by low speech quality for this group of listeners than for normal hearing listeners (cf. HearCom deliverable D-4-2).
· Telephoning with hearing aids results in reduced quality ratings. If this is mainly caused by the sub-optimal acoustical coupling between hearing aids and telephone receiver, as used in the presented measurements, and whether the use of special coupling devices such as telecoils results in better perceived qualities cannot be concluded from the present study, but the possibility should be considered. 
Based on the main findings concerning the effects of presentation level and codecs discussed in Section ‎5.2, it may be concluded that 

· Hearing-impaired listeners, especially subjects suffering from a moderate hearing loss, experience a less pronounced quality reduction when exposed to compressed speech compared to normal-hearing listeners. Nevertheless, absolute quality ratings are generally lower than with normal-hearing listeners, especially for subjects with severe hearing losses. Hence, the application of present-day speech compression techniques in voice communication does not seem to additionally harm hearing-impaired listeners relative to normal-hearing subjects, but due to the quality reduction offset they inherently experience as a consequence of the hearing impairment the application of speech compression techniques can bring the overall speech quality and intelligibility to a level that is no longer acceptable. This is especially true if several lower-quality codecs are cascaded.
· Cascading multiple codecs always leads to a further reduction in speech quality. Especially NH subjects assign low quality ratings to the GSM 06.10 − GSM 06.10 cascade, a type of connection that is commonly used in present-day mobile communication protocols. Combinations of speech compression techniques that make use of more advanced CELP-based speech codecs and that will likely to be integrated in protocols in the near future offer a substantially improved quality, especially for normal-hearing listeners, and might prevent the overall quality and intelligibility to drop below a level that is no longer acceptable for hearing-impaired listeners.
· Time stretching does not help to improve speech quality. Apparently, listeners don’t seem to appreciate more slowly pronounced speech, probably due to a lack of naturalness. 
· The investigated equalization settings do not seem to improve quality for any subject group. Some types of level limiting however, are favorable to HI subjects, especially to moHL listeners, offering higher quality scores than the ISDN standard. Subjects with seHL don’t seem to benefit from level limiting as they almost equally rate the considered level limiting variants and ISDN. Finally, NH persons produce slightly worse scores compared to ISDN. We therefore conclude that the integration of dedicated level limiting processing into telephone equipment might improve speech communication for some types of hearing impairment.
· NH listeners prefer presentation levels around the 79 dB SPL reference, HI subjects on the other hand show a preference for presentation levels higher than the preferred listening level set at the beginning of the test. Furthermore, NH subjects seem to be less affected by changes in presentation level than HI subjects. It is therefore expected that the incorporation of easy-to-use on-line level adjustment into telephone equipment will improve speech communication for hearing impaired listeners.
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3 Appendix

Participant’s approval – HearCom WP4

Concerning: HearCom WP4T2L-C experiments

Participant’s approval

This is to confirm that I have been informed sufficiently in writing and in oral about the telephone experiment. 

I declare myself to be in agreement to participate to the experiments.


I declare myself to be in agreement that all data/clinical data of this experiment will be recorded in electronic or paper form. The data will be given to the client* in encrypted form in that way, that there is no way in tracking back my name (there will be no initials or parts of my birth date) for scientific work or the ethic commission of the University of Leuven, as far as it concerns carrying out the experiments. 

           *Client’s Address: 




VU University Medical Center, 




Prof. Dr. T. Houtgast, 




Postbus 7057, 1007 MB Amsterdam; The Netherlands 




(Contractual partner of the European commission)

I declare myself to be in agreement that a member of the client’s board or ethic commission who is authorized and sworn to secrecy is allowed to check my personal data, as far as it is necessary to inspect the experiments. Finally I declare myself to be in agreement that my results from the experiments can be published without the possibility to track back my name. 

I have been informed about the significance and the risks of the experiments. All open questions have been answered and I got one copy of the participant’s information 


Place, 

Date, 


Signature
HearCom Test WP4T2L-C

Dear participant,

Thank you very much for participating to these test series. 

HearCom (www.hearcom.org) is a European project which covers many aspects related to hearing impairment. It also covers problems which hearing impaired may experience while using a telephone. Therefore we do need your help to identify those problems and to rate their impact on hearing impaired.

The aim of these telephone based tests is to fit the telephone better to the needs of hearing impaired users. The goal is to come up with recommendations about telephone connections for standardization bodies or with certain guidelines for developing telephones for hearing impaired users. 

Within this particular test, we want to examine different telephone lines and telephone line improvements. Therefore we will play you different speech files via a normal telephone handset. The speech files have duration of ca 5 – 10 seconds. 
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Fig. 1: Example of a telephone and an answering box used for the tests.

The test contains three parts:

1. In the first part, we would like to know how well you can understand speech. We will measure your hearing threshold and we will make speech reception test. We call this an auditory profile. From that we can estimate how well you can perceive and understand speech.

2. In the second part, we will ask you some questions about what kind of telephones you use in general.

3. During the third part of the test, we would like to get more information about how you perceive a telephone situation. A telephone situation covers the speech of the sender, how well you understand the speech, the noise and the distortions on the telephone line and how loud the connection is. Therefore we play short speech files to you. After each speech file, we would like to know, how you assess the quality of that certain telephone connection. Therefore we would like to ask you to give your judgment via an answering box. Set the slider to the corresponding opinion. After you made your choice, the green “Next” button will light up. By pressing the “Next” button, you play the next sound file.

In case you would like to stop the unfinished test or skip some of the questions, you may do so without giving any reasons. This will not cause any disadvantages for you.

In case you didn’t understand the speech file, please do not get irritated. The test is made in the way that you can not understand everything. It contains bad connections on purpose. The only important thing is, that you give your opinion truthfully and without feeling forced. 

Please take some breaks during the test.

The test operator will ask you to take several breaks lasting some minutes. Beside of that you are free to take your own breaks too. You may drink some coffee, water or juice (please check that at BE-LEU). 

The full test will last approximately 90 minutes; from which 60 minutes will be covered by the listening telephone test (see point 3).

The test will cover three groups with app. 15 participants in each group. The first group is without any hearing impairment. That is used as control group. The members of the second group have a moderate hearing loss, the members of the third group have a severe hearing loss.  All groups will run the same tests with an identical content. 

All experiments are conducted at 



Partner’s address 

Your participation to this test is voluntary. In case you would not like to participate or you would like to stop the unfinished experiment, you are free to do so, without naming any reason. Without your agreement, we will not do any tests on you.

During the test, we will record all the judgments you gave with the answering box. Beside of that, we keep records of your age, gender, profession, and about your telephone habits. All these data will be the basis for scientific work. All data are recorded with a consecutive number. We do not use any parts of the birth date or initials of your name. It is not possible to trace back to your name. In case of a publication, it is not possible to find out your name by any means.

We will pay you XX€ for you participation. Therefore we do need your name and address to claim our expenses. Name and address will be kept on a separate list and will be kept confidential. Third parties do not get the chance to relate experimental data with your address. 

Please ask the test operator after the tests for the payment.

In case there are any questions left, please do not hesitate to ask the test operator.  

Questionnaire (Please remember, everything is anonymous!)







0.1 Participant No.: 
__________
(will be filled by the operator)

0.2 Age:


__________

0.3 Gender:

__________
(m = 1, f = 2)

0.4 Profession:

________________________________________

1.1 How often do you make a phone call? 


□ I make a phone call several times per day. (1)

□ I make a phone call less than 1x per day, but several times per week. (2)


□ I make a phone call less than 1x per week. (3)

1.2 How do you make a phone call from home?


□ I do not call from home. Continue with 1.4 (0)

□ I use a wired telephone. (1)

□ I use a wireless telephone. (2)


Please give reasons for your choice:

______________________________________________________


______________________________________________________

1.3 How are your telephone and your handset made at home?

□ I use a normal telephone and a normal handset. (1)

□ I use a normal telephone but with hands free terminal. (2)

□ I use a special handset or a special telephone or special equipment. (3)

Please state the special features:

______________________________________________________

______________________________________________________

1.4 How do you make a phone call from work?


□ I do not call from work. Continue with 1.6 (0)

□ I use a wired telephone. (1)

□ I use a wireless telephone. (2)


Please give reasons for your choice:

______________________________________________________


______________________________________________________

1.5 How are your telephone and your handset made at work?

□ I use a normal telephone and a normal handset. (1)

□ I use a normal telephone but with hands free terminal. (2)

□ I use a special handset or a special telephone or special equipment. (3)

Please state the special features:

______________________________________________________

______________________________________________________

1.6 How do you make a phone call on your way (cell phone)?

□ I don not call on my way. (0)

□ I use a normal cell phone. (1)

□ I use a special cell phone or special equipment. (2)

Please state the special features:

______________________________________________________

______________________________________________________

2.1 Which improvements you would like to see on your phone?

Please state:

______________________________________________________

______________________________________________________

2.2 How much money would you spend additionally to change your phone according to your wishes? 

Please state:

______________________________________________________

______________________________________________________

2.3 Do you know where you could buy add-ons for your phone or where you could get special phones for hearing impaired?

Please state:

______________________________________________________

______________________________________________________

2.4 Do you use your hearing aid while making a phone call?

□ No. (0)

□ Yes. (1)

Please give reasons for your choice:

______________________________________________________


______________________________________________________

3.1 How long time have you been using a hearing aid?

Please state:

______________________________________________________

3.2 How long have you been using your current hearing aid? 

Please state:

______________________________________________________

3.3 Are you accustomed to your current hearing aid?

□ No. (0) 

□ Yes. (1)

3.3 How many hours per day do you wear your hearing aid?

Please state:

3.4 My hearing aid has special features:

Please state:

______________________________________________________

______________________________________________________

______________________________________________________

______________________________________________________

Auditory Profile HearCom WP4
Name: 
______________________________________________



Number:
________________________

1. Hearing Loss – Oldenburger Hörfläche

□ Printout attached for Oldenburger Hörfläche (if not, please fill 6)

□ Printout attached for SRT (if not, please fill 6)

2. Preferred ear for phone calls?

□ Right
□ Left
1 – 2 

3. Hearing aid used for phone calls?

□ No 
□ Yes
0 – 1 

4. Settings of the hearing aids (add any known setting in addition to 5):





0 – 1 – 2 – 3

Right hearing aid
□n.a./not in use  □in-the-canal □behind-the-ear

Telephone Program
□n.a./not in use  □on  □off □unknown

Feedback Cancel.
□n.a./not in use  □on  □off □unknown

Noise Suppression
□n.a./not in use  □on  □off □unknown
Left hearing aid

□n.a./not in use  □in-the-canal □behind-the-ear

Telephone Program
□n.a./not in use  □on  □off □unknown

Feedback Cancel.
□n.a./not in use  □on  □off □unknown

Noise Suppression
□n.a./not in use  □on  □off □unknown
5. Comments (settings, usage of special features like beam forming, etc. during the experiment or usual usage of special features like tele-coil):

Auditory Profile HearCom WP4

6. Oldenburger Hörfläche and SRT results

Left Ear 
SRT:

________

	    kHz

Iso.
	.125
	.25
	.5
	1.0
	2.0
	4.0
	8.0

	5
	
	
	
	
	
	
	

	4
	
	
	
	
	
	
	

	3
	
	
	
	
	
	
	

	2
	
	
	
	
	
	
	

	1
	
	
	
	
	
	
	


Right Ear
SRT:

________

	    kHz

Iso.
	.125
	.25
	.5
	1.0
	2.0
	4.0
	8.0

	5
	
	
	
	
	
	
	

	4
	
	
	
	
	
	
	

	3
	
	
	
	
	
	
	

	2
	
	
	
	
	
	
	

	1
	
	
	
	
	
	
	


7. Participant Group

□ Normal (1)

Moderate

□ without hearing aid
(2)
□ with hearing aid (3)

Severe

□ without hearing aid
(4)
□ with hearing aid (5)

8. Amplification of the telephone: _______ dB





























































































� A 4-2 wire junction combines the send signal from the telephone and the receive signal towards the telephone (2+2 = 4 wires) to a single line with 2 wires for the telephone line.


� dBm0p: “At the reference frequency (1020 Hz), L dBm0 represents an absolute power level of L dBm measured at the transmission reference point (0 dBr point), and a level of L + x dBm measured at a point having a relative level of x dBr.” (ITU-T Rec. P.10, 2006). The “p” index indicates additional psophometric weighting  (ITU-T Rec. O.41, 1994).


�  0 dBr is the virtual reference point in the middle of the transmission line.
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