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Abstract 
Assistive listening devices (ALD) are used to assist communication in classes for hearing 
impaired students. The ALD is a system of external microphones which transmit the sound 
directly to students' hearing aids. A microphone can either be placed close to the mouth or 
centrally placed and used by several persons at the same time. Sound quality of a listening 
device can be described as sound-transmission quality where maximal quality means that 
there is no difference between input and output. From a wider perspective, this output can be 
the perceived quality of speech where a high speech quality matches given expectations, 
demands and necessities. A focus on participatory learning environment in Swedish hearing 
impaired classes has brought out new perspectives on ALD solutions. The purpose of the 
studies reported in this thesis was to develop a methodical framework for the evaluation of 
classroom ALDs. Communication quality is suggested as a conceptual basis for the 
evaluation. Communication quality is an extension of the sound quality concept and 
emphasizes student participation and peer interaction. As a pedagogical parallel, sound quality 
emphasizes a more cognitive view of learning whereas communication quality emphasizes 
participatory learning. By using room acoustic modelling and auralization in listening tests it 
was possible to evaluate aspects of room acoustics, signal processing techniques, speech and 
masking signals, and binaural advantage. A self-assessment approach was also used and a 
questionnaire was developed based on the Speech, Spatial and Qualities of Hearing Scale 
(SSQ). It was found that students in hearing impaired classes prefer using only their hearing 
aids over using an ALD. Retrieving information about the acoustic environment was 
important for the students. The microphone distance has a significant effect when comparing 
different ALD solutions. Listening effort depended on degree of hearing loss rather than the 
use of different technologies. Today’s hearing aids offer the best communication quality but it 
is also apparent that ALDs are preferred by students in some situations. Determining the ALD 
design specifications which can best benefit students is needed. The methodological 
framework described is promising for continuing studies developing and assessing classroom 
ALD. 
 
 
Keywords: Communication acoustics, Speech hearing, Spatial hearing, Sound quality, Speech 
intelligibility, Assistive listening devices, Hearing impaired classes, Hearing impaired 
students. 
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1 Introduction 

1.1 Background 
To assist communication in hearing impaired classes microphone and sound transmission 
systems are used. There are different technical solutions available and these will in this thesis 
be denoted as assistive listening devices (ALD). An ALD acts as a complement to the 
students' hearing aids. In Sweden the signal from a classroom ALD is most often transmitted 
via an induction loop system to a telecoil built into a hearing aid. A student using hearing aids 
can choose from one of two modes: M and T. In M-mode the student listens to sounds 
received by the hearing aid microphone and in T-mode the student listens to sounds picked up 
by an ALD. Use of FM systems is increasing, which send a signal to a radio receiver attached 
to, or built into, the hearing aid. Some hearing aids also have an additional mode where the 
signal from the telecoil or the FM receiver is mixed together with the signal from the hearing 
aid microphone (MT mode or M-FM mode). There are also students with a cochlea implant 
attending in classes for hearing impaired students. Some cochlea implants have a T-mode and 
can receive signals from an external microphone. 
 
The work presented is in connection with Dialogprojektet. It is a project with the effort to 
change the learning environment of Swedish hearing impaired classes in order to promote a 
more dialogue-oriented and participatory learning environment (Wennergren, 2004). Interest 
in the impact of ALD solutions on student communication prompted this research which looks 
at ways of evaluating and developing ALDs.  

1.2 Communication and participation 
There are two paradigms in the study of communication; process and semiotic (Fiske, 1990). 
The process paradigm sees communication as transmission of messages where it is important 
to analyze the obstacles between the sender and receiver together with the communication 
skills of the people involved. In the semiotic paradigm communication is to produce and 
exchange meanings. This paradigm emphasizes how messages interact with people to produce 
meaning. A misunderstanding is not necessarily caused by a communication failure; cultural 
differences may be creating a barrier between sender and receiver. Three components are 
fundamental in order to communicate; social and cognitive knowledge (contents), linguistic 
rules (form) and pragmatic rules (use) (Prutting, 1982). The pragmatic rules coordinate the 
exchange of meaning in a conversation. 
 
Participation and the exchange of meanings in a conversation are important elements in a 
dialogue-oriented and participatory learning environment. Research by Eriksson and 
Granlund (2004) found that the definition of participation by 500 Swedish students with 
disabilities was that it was to have an experience of being a part of, an ability to act in a 
situation and availability of choices. In other studies of participation interaction differences 
between students with disabilities and students without disabilities have been found. Students 
with disabilities interact to a greater extent with the teacher and to a lesser extent with peers 
when compared to other students (Almqvist et al., 2004). A difference was also reported 
concerning hearing impaired students in ordinary schools (Tvingstedt, 1993). Supplementing 
this is a discussion of student interaction patterns in hearing impaired classes (Wennergren, 
2004; Wennergren, 2005). 
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1.3 Communication acoustics 
A growing field in acoustics is communication acoustics (Blauert, 2005). This field focuses 
on communication technology (transmission of speech), models of human sound perception 
and assesses quality of communication technologies from different perspectives. The words 
communication and acoustics highlight the topic of this thesis. Communication comes from 
the Latin word communicare meaning to impart, share, or make common. Acoustic stems 
from the Greek verb ακούειν which means to hear. In communication acoustics Jekosch 
(2005) has included a semiotic perspective in sound quality. 

Sound quality 
Two different sound quality perspectives have been described: product-sound quality and 
speech quality (Blauert and Jekosch, 2003):  
 

"Product-sound quality is a descriptor of the adequacy of the sound attached to a 
product. It results from judgements upon the totality of auditory characteristics of the 
sound - the judgement being performed with reference to the set of those desired 
features of the product which are apparent to the users in their actual cognitive, 
actional and emotional situation" 

 
"Speech quality is the result of an assessment of the adequacy of a speech sample - 
considering all of its recognized and nameable features and feature values - namely, 
as to which amount this speech sample complies with a reference arising from aspects 
such as individual expectations and/or social demands and/or pragmatic necessaries 
- considering all recognized and enable features and feature values of the reference" 

 
There is one important difference between the two definitions. For product-sound quality it is, 
from a semiotic perspective, the product that gives a message about its quality. For the speech 
quality definition it is the sound itself that is of importance not the sound generator. Speech 
quality is the assessment given a reference. In a speech transmitting system the reference is 
typically the voice of the speaker. The quality is then referred to as sound-transmission quality 
where maximum quality is no difference between input and output (Blauert and Jekosch, 
2003). The sound quality of sound-reproducing systems (loudspeakers, headphones, and 
hearing aids) has been investigated by Gabrielsson and colleagues. Together with an overall 
impression of quality seven perpetual dimensions were revealed from adjective ratings. These 
were: fullness (Swedish: fyllighet), loudness (ljudstyrka), brightness (ljushet), softness 
(mjukhet), nearness (närhet), spaciousness (rymdkänsla) and clarity (tydlighet) (Gabrielsson 
and Sjögren, 1979; Gabrielsson et al., 1988).  

Communication quality 
Assessing classroom assistive listening devices (ALD) communication quality is suggested as 
an extension of the sound quality concept where student participation and peer interaction is 
emphasized. 

Binaural advantage 
Listening with two ears instead of one is central for sound perception. There are both 
recognition and localization advantages gained through listening with two ears, referred to as 
binaural advantages. Better recognition capability is for three reasons (Dillon, 2001): head 
diffraction, binaural squelch and binaural redundancy. The head diffraction benefit is because 
it is possible for a listener to depend more on the ear where the difference between speech and 
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noise is easier to interpret. Binaural squelch relies on the brain taking advantage of differences 
between the different signals to the ears. These two effects are denoted dichotic effects, where 
dichotic means that different sounds are presented to each ear. There is also an advantage 
when the same signal is presented to both ears (diotic listening) named binaural redundancy. 
The advantages listening with two ears instead of one ear are also considered when deciding 
whether to prescribe one or two hearing aids. It has been shown that advantages with two 
hearing aids when compared to one hearing aid (bilateral advantage) are considerable in 
difficult multi speaker situations and of less importance in more simple situations (Noble and 
Gatehouse, 2006). There are also bilateral advantages in sound quality. Balfour and Hawkins 
(1992) found a bilateral preference for overall impression and the seven previously described 
perceptual dimensions found by Gabrielsson et al. (1988). The strongest preference for a 
bilateral capacity was found for overall impression, fullness, and spaciousness. 
 
It is of importance to consider any bilateral advantage when evaluating an ALD. Since an 
ALD provides a monophonic signal dichotic effects can not be expected (Dillon, 2001). 

1.4 Objectives 
The purpose of this thesis was to develop a methodical framework for evaluating classroom 
assistive listening devices (ALD). The evaluation was performed in relation to 
communication quality. An overall objective was to divide communication quality into 
measurable features. More specifically the objectives were: 
 

1. Model the output from a ALD using room acoustic modelling and signal processing 
techniques 

2. Investigate acoustical and signal processing effects and ALD solutions in listening 
tests 

3. Develop a questionnaire for the self-assessment of ALDs  
 
The work only concerns ALD use in classes for hearing impaired students who use hearing 
aids.  
 
Objectives 1 and 2 are addressed in Paper A, Objective 2 in Paper B and Objective 3 in Paper 
C. 

2 Communication quality 
In Paper A communication quality is defined as:  
 

1. Speech intelligibility, 
2. Ambient sounds: a) Annoyance b) Feeling of presence  
3. Parameters concerning student performance given the aim and task of the pedagogical 

situation, e.g. participation. 
 
The first dimension originates from the basic function of an ALD to assist students in their 
comprehension of speech. The second dimension addresses two aspects of ambient sounds in 
a classroom. The first aspect is annoyance or disturbance from ambient sounds. The second 
aspect, feeling of presence, is the positive effect of receiving information from the 
surrounding environment. The feeling of presence is also discussed with regard to sound-
transmission quality where presence is a measure of the plausibility of reproduced sound 
(Blauert and Jekosch, 2003). 
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Kramer et al. (1995) have identified five basic auditory disability factors: 1) distinction of 
sounds, 2) intelligibility in noise, 3) auditory localization, 4) intelligibility in quiet and 5) 
detection of sounds. The difference between the distinguishing and detecting sounds is 
emphasized. Detection of sounds reflects situations where the information about the 
acoustical environment is important, whereas distinction refers to the timbre of the perceived 
sound. Gatehouse and Noble (2004) developed a questionnaire which measures a wide range 
of hearing disabilities. The questionnaire is referred to as the Speech, Spatial, and Qualities of 
Hearing scale (SSQ) where the range of hearing is divided in three sections: Speech hearing, 
Spatial hearing and Other Qualities. Speech hearing covers various listening situations of 
differing difficulty. The Spatial hearing section concerns the ability to locate sound events and 
perception of sound in space. The Other Qualities grouping contains issues concerning 
segregation of sounds, identification of other persons and their mood, listening effort, and 
sound quality judgments such as clarity and naturalness. 
 
When compared to the three dimensions used to define communication quality in paper A, the 
different factors of hearing presented above place a stronger emphasis on auditory localization 
and detection. The distinction or segregation of sounds is also different between the two. SSQ 
is further more strongly connected to speech quality and the plausibility of reproduced sound 
previously discussed for speech transmission quality, e.g. naturalness and the identification of 
other persons or their mood. The third dimension in Paper A’s definition of communication 
quality adds a pedagogical context to the ALD assessment. This dimension is not described or 
assessed in further detail in Paper A. Rather, it should be described as a design with functions 
where peer interactions are possible and the students experience a high degree of 
participation. Interaction can be viewed from a usability or flexibility perspective. There are 
also measurable features which make interaction easier. The relation between interaction and 
localization is described by Noble et al. (1995). They found that disadvantages of localization 
disability can lead to confusion of sounds, loss of concentration and of a wish to escape 
settings where this occurred. The importance of retrieving information about the 
surroundings, i.e. ability to localize sound events, is analogous discussed concerning 
directional microphones in hearing aids. The inability to detect off-axis acoustic signals can 
cause communication isolation (Stadler and Rabinowitz, 1993). Also having important 
implications for student performance and socialization are findings that show that difficulty in 
identification of other persons and their mood is correlated with the experience of handicap 
and a reluctance to engage in conversation (Gatehouse and Noble, 2004). This demonstrates a 
relationship between interaction and the plausibility of reproduced sound in assessment of 
speech transmission quality. 
 
Speech intelligibility and sound quality are often seen as separate dimensions. Through a 
semiotic approach, the previously defined speech quality is also associated with the 
intelligibility of speech. However, high speech quality and high speech intelligibility are 
sometimes contradictory factors. This can be seen in the low-frequency region which has been 
shown to be important for hearing aid sound quality; at the same time it resulted in a reduction 
in intelligibility (see review in Gabrielsson et al. 1988). Gabrielsson et al. (1988) found that 
sound quality measures are better at distinguishing between sound-reproducing systems when 
compared to intelligibility measures. 

3 Method 
In Paper A a methodical approach was developed where the output of an assistive listening 
device (ALD) was modelled. The output of different ALD solutions was then evaluated in a 
listening experiment. The same approach was used in Paper B where a binaural ALD was 
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evaluated in a listening experiment. In Paper C a questionnaire was developed to evaluate the 
ALD used in hearing impaired classes.  

3.1 Modelling an ALD 
A methodical approach for modelling an ALD is illustrated in Figure 1. In a room model the 
acoustic properties are set together with source and receiver characteristics. Simulation is 
performed and the outcome represents the sound received by an ALD. The next step in the 
modelling applies the ALD signal processing, e.g. amplification and noise reducing filters. 
The receiver characteristics (in this case the microphone setting of the ALD) can either be 
directly modelled in the room acoustic model (Paper B) or applied during post-processing 
(Paper A). To fully model the complete ALD system it will be necessary to include the 
influence of the characteristics of the transmission, e.g. induction loop system. This last step 
has not been included in the work presented. 
 

Room acoustic 
model

Anechoic sources
• Speech
• Ambient sounds

Speech, speech-spectrum noise, 
structure-borne noise, etc.

Signal processing
(ALD and trans-
mission system)

Output

Properties
• Dimensions
• Acoustic properties
• Source directivity
• Receiver model

Omni directional - Binaural

 

Figure 1. A methodical approach for modelling an assistive listening device (ALD). 
 
The methodical approach enables evaluation of the effects and interaction effects of speech 
and masking characteristics, room acoustics, ALD processing techniques, and transmission 
systems characteristics. 

Room acoustic modelling 
The software CATT Acoustics1 was used for room acoustic modelling. The software is based 
on ray tracing. Thousands of rays are transmitted from a source point. The absorption and 
diffusion coefficients for each surface a ray encounter result in a description of the sound 
paths between source and receiver. It is often appropriate to keep a room model simple both 
concerning reliability and implantation issues. However, there is a risk of a lack of diffuse 
                                                 
1 CATT-acoustic v8 Room acoustic prediction and desktop auralization. URL:http://www.catt.se. 

http://www.catt.se
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reflections resulting in an unreliable simulation when the model is too simple (Dalenbäck, 
1995). A good indicator of too low a level of diffusion in the model is to compare estimated 
reverberation time from the ray tracing and a theoretical estimation based on reverberation 
time (Eyring formula). 
 
The directivity of the source is important when modelling a speech source. In Papers A and B, 
the directivity index of a singer was used (Marshall and Meyer, 1985). Another important 
feature is the receiver model. Different microphone settings and directivity patterns are 
possible. A binaural receiver model which represents the characteristics of a human listener is 
an option. 

3.2 Listening tests 
The listening experiments performed in Papers A and B assessed speech intelligibility. To aid 
in the later description of these the two experiments the methods used to measure speech 
intelligibility are discussed below. 

Speech intelligibility measures 
Speech intelligibility is commonly evaluated using word recognition testing where the number 
of correctly repeated phonemes, words or sentences is measured. The stimuli are presented in 
the presence of masking sound. The result of a word recognition test is often expressed in 
terms of the level difference between the target sound and the masker where a subject is able 
to correctly repeat a certain percentage of words, e.g. 50% or 80%. A commonly used list of 
sentences in Sweden is Hagerman’s sentences (Hagerman, 1982). The sentences consist of 
five low redundant words with the structure: name, verb, number, adjective and substantive. 
To capture a more natural situation such as a listener in a noisy environment trying to 
understand a spoken message the just-follow-conversation (JFC) method has been suggested 
(Hygge et al. 1992; Larsby and Arlinger, 1994). The JFC test is performed by letting a listener 
adjust the level of speech or masker until they are just able to follow what is being said. This 
is perhaps how most listeners will react when trying to understand what is being said, e.g. by 
moving closer to a listener. Larsby and Arlinger (1994) found a good correlation between JFC 
and 50% speech recognition test score when using speech as masking signal; the correlation 
was poor when using filtered noise as a masker. 
 
Two important aspects need to be kept in mind when evaluating the results of word 
recognition tests. Word recognition tests do not assess the intelligibility or understanding of a 
spoken message. The test evaluates speech recognition and is also called a discrimination test. 
In the context of this thesis it is important to remember that hearing includes both audition 
and cognition (Hällgren, 2005). It is not necessarily the case that speech recognition is 
reduced in a difficult listening situations, i.e. the audition performance is not decreased. 
However the cognition performance may differ as reported by Hällgren et al. (2005). 
Perceived effort in relation to performance on a word recognition test is therefore significant. 
Also with respect to cognition, it is a difference between hearing and remembering what has 
been said. For the deteriorative effect of noise on memory see e.g. Hygge et al. (2003) and 
Boman (2004). 

Listening experiments 
Through using the methodical approach, described earlier, the effects and interaction effects 
of room acoustics, signal processing techniques, speech signals, and masking signals were 
investigated. The experiment was based on a two level factorial design, see Table 1. The 
speech target was a recording of a woman reading a story. As described in Table 1, two 
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different noise maskers were used. The reverberation time for the two different classrooms 
(both with dimensions 7x8.5x3 m) are described in Table 2. The adjusted level difference 
between the speech and noise masker in a JFC-test was measured together with an annoyance 
rating of the masking sound. Ten adult subjects with normal hearing participated in the 
experiment. 

Table 1. Variables in the experimental design. 
  -1 1 

A Room acoustic properties Room 1 Room 2 
B Microphone distance 0.75 m 1.5 m 
C Masking signal SSN1 SBN2 
D Amplifier Linear Compression 
E Microphone directivity Omni Array 

1Speech-spectrum random noise; low-pass filtered white noise with a frequency 
spectrum approximating the long-term average spectrum of speech. 
2Structure-borne noise; a 0.25 seconds long recording of a metal cylinder striking 
a wooden table 
 

Table 2: Reverberation time (T-30 [s]) for Room 1 and Room 2 in the experiment. 
 Octave (Hz) 
 125 250 500 1k 2k 4k 
Room 1 0.73 0.57 0.61 0.58 0.58 0.57 
Room 2 0.35 0.58 0.60 0.50 0.46 0.36 

 
 
As previously discussed, there are benefits from listening with two ears. These benefits are 
diminished when using an ALD. A second listening experiment was performed to investigate 
listening improvements using a binaural ALD. An omni directional and a binaural receiver 
model were compared using a word recognition test. Hagerman’s sentences with continues 
speech as background sound was used. Subjects rated their perceived effort on an eleven-
point scale. A classroom (7x8.5x3 m) was modelled where the target source and the receiver 
were placed on opposite sides of a table. Two masker sources were positioned 60 degrees on 
either side of the target source. Twelve hearing impaired students (10-15 years old) 
participated in the experiment. In the experiment the student listened with their two hearing 
aids and the sound was presented by two loudspeakers placed in front of the listener. Cross-
talk cancellation technique was used to control the presentation of stimuli to each ear. The 
technique cancels out the left loudspeaker sound to the right ear and vice versa. This enables a 
presentation of a binaural recorded sound (dichotic listening). For the omni directional 
receiver model the same monophonic signal was presented to both ears (diotic listening). 

3.3 Self-assessment 
To measure how hearing abilities effect daily living self-assessment is preferable when 
compared to speech recognition tests (Schow and Gatehouse, 1990). Assessing disability and 
handicap, the experienced of inabilities and disadvantages, self-assessment is necessary 
(Noble, 1998). Studies of participation stress self-assessment since participation is the 
experience of participation and activity (Eriksson and Granlund, 2004; Björk-Åkesson and 
Granlund, 2004). 
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The Speech, Spatial, and Qualities of Hearing scale (SSQ) was considered suitable framework 
on which to base a questionnaire assessing communication quality of classroom ALD. The 
questionnaire focused mainly on working situations in classrooms and is summarized in Table 
3. Each question asked for responses for the M-mode and for the two ALD solutions 
described in Table 4. The classrooms were equipped with an induction loop system. Potential 
use of the MT-mode was not considered in the study. Fifteen students (10-15 years old) 
participated in the study. Twelve of the students also participated in the previously described 
listening test where a binaural ALD was evaluated.  

Table 3. Questionnaire design. 

Speech hearing 
1. Dialogue (conversation with one other person) 

a) Quiet classroom  (0 Not at all - 10 Perfectly) 
b) Noisy background  (0 Not at all - 10 Perfectly) 
c) Speech in the background  (0 Not at all - 10 Perfectly) 

2. Group discussion (conversation in a group round a table) 
a) Quiet classroom  (0 Not at all - 10 Perfectly) 
b) Noisy background  (0 Not at all - 10 Perfectly) 
c) Speech in the background  (0 Not at all - 10 Perfectly) 

3. Dialogue and simultaneously following  (0 Not at all - 10 Perfectly) 
another conversation 

4. Group discussion where the conversation  (0 Not at all - 10 Perfectly) 
switches quickly from one person to another 

Spatial hearing 
6. Locate sound events in a room 

a) Direction  (0 Not at all - 10 Perfectly) 
b) Distance  (0 Not at all - 10 Perfectly) 

7. Locate where speaker is sitting without (0 Not at all - 10 Perfectly) 
looking 

8. Determine the movement of someone walking  (0 Not at all - 10 Perfectly) 
in a room 

9. Externality of sounds (0 In the head - 10 Out there) 
Other Qualities 

5. Ignoring interfering sounds  (0 Not at all - 10 Perfectly) 
10. Experience simultaneous sounds as separate  (0 Not at all - 10 Perfectly) 

entities 
11. Recognize people by their voices  (0 Not at all - 10 Perfectly) 
12. Detection of mood from another’s voice   (0 Not at all - 10 Perfectly) 
13. Perceived effort when listening to one student (0 Not at all - 10 Extremely) 
14. Perceived effort when following a group  (0 Not at all - 10 Extremely) 

conversation 
15. Artificial or unnatural  (0 Not at all - 10 Extremely) 
16. Pleasantness  (0 Not at all - 10 Perfectly) 

 

Table 4. The three modes evaluated in the questionnaire. 
Mode Description 
M Only using hearing aids 
Tlong A central device placed in between the users with an omni directional 

microphone, e.g. on a table similar to a teleconference phone 
Tshort ALD systems with short microphone distance, e.g. wearable and hand-

held microphones or linked table microphones 
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The questionnaire was completed during interviews, led by the author, which took place at the 
students’ schools. The interview approach was preferred as it helped to ensure that the context 
of each question was understood. A neutral interview style was used so as to not to influence 
response choices. The questionnaire ended with three open questions where the students were 
asked to describe in which situations they preferred to use each of the three modes. 

4 Results and discussion 
For the self-assessment of hearing aids and assistive listening devices (ALD) averages for the 
three sections; Speech hearing, Spatial hearing and Other Qualities, were computed. An 
Analysis of variance (ANOVA) was performed to evaluate differences between the three 
modes M, Tlong and Tshort described in Table 4. Mean values together with 95% Tukey 
confidence intervals are shown in Figure 2. A discussion of the results for all three papers in 
relation to speech hearing, spatial hearing and other qualities follows.  
 

 
Figure 2. Mean and confidence intervals of the three questionnaire sections; Speech hearing, 
Spatial hearing and Other Qualities, for the three modes M, Tlong and Tshort described in Table 

4.  

4.1 Speech hearing 
As seen in Figure 2, there were no significant differences found between ratings of the 
different modes for the average of the Speech hearing section. The ability to follow a dialogue 
and a group conversation in different background sound conditions; quiet, constant noise and 
speech, were further analyzed. The students were divided into two groups according to their 
pure tone average (PTA): moderate loss - PTA below 55 dB HL and severe loss - PTA above 
55 dB HL. An interaction was found between ratings of mode for the two different levels of 
hearing loss. The interaction effect is shown in Figure 3. Differences between the modes are 
shown for students with moderate hearing loss who rated Tlong as 1.9 lower than M and as 1.5 
lower than Tshort, respectively. Students with severe hearing loss rated the modes equally. 
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Figure 3. Interaction of Mode (M, Tlong and Tshort) and Hearing loss (moderate and severe) for 

the coupled speech item. 

 
The just-follow-conversation (JFC) listening experiment found a significant effect for 
microphone distance. The difference in level between the continuous speech and masking 
sound had to be 3 dB higher when the distance between speaker and microphone was doubled 
from 0.75 m to 1.5 m. 
 
A hearing impairment reduce the ability to separate speech from background noise. The 
reduced ability is greater when the background noise is competing speech. This is due to a 
reduced ability to take advantage of spectral and temporal dips (e.g. Hygge et al., 1992 and 
Moore, 2003). Student self-assessment of the ability to follow conversation dropped 
significantly when there was background noise. The effect interacted with level of hearing 
loss. Students with a severe hearing loss had a larger difference between constant noise and 
speech masker, see Figure 4. In the JFC experiment normal hearing subjects participated in 
similar assessments. There it was observed that a masker with temporal dips (structure-borne 
noise) could have a higher level as compared to a noise masker (speech spectrum noise) for 
the ability to follow a conversation. The structure borne noise was also perceived as more 
annoying. 
 
When using an ALD the advantage of two hearing aids instead of one (bilateral advantage) is 
reduced. Noble and Gatehouse (2006) showed that there is a bilateral advantage for difficult 
listening situations and for listening effort. Preference in difficult listening situations for only 
using hearing aids when compared to an ALD was however not found in the questionnaire 
study. The result from the listening experiment evaluation using a binaural ALD is presented 
in Table 6. There was no difference between an omni directional receiver model (diotic, i.e. 
same monophonic signal presented to both ears) and a binaural receiver model (dichotic) 
regarding both word recognition and perceived effort during the word recognition tasks. 
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Figure 4. Interaction of Masking background (quiet, noise and speech) and Hearing loss 

(moderate and severe) for the coupled speech item. 

Table 6. Word recognition and perceived effort for the diotic (same monophonic signal 
presented to both ears) and dichotic (binaural stimuli where different sound is presented to 

each ear) Hagerman test. 
  Median Mean SD [Min,Max] 

Diotic 0.86 0.80 0.17 [0.44,0.96] 
Word recognition

Dichotic 0.90 0.84 0.15 [0.44,0.98] 
Diotic 6 6.4 2.3 [3,10] 

Perceived effort 
Dichotic 7 6.6 2.4 [3,10] 

 
 
The result was also analysed in regard to hearing loss as shown in Table 7. Hearing loss is 
often classified in five groups; mild - PTA 27-40 dB HL, moderate - PTA 40-55 dB HL, 
moderately severe - PTA 55-70, severe - PTA 70-90 and profound – PTA >90 dB HL 
(Goodman, 1965). In paper B the subjects were arranged in three groups; mild hearing loss - 
PTA less then 40 dB, moderate hearing loss - PTA between 40 and 70 dB, and severe hearing 
loss - PTA greater then 70 dB. In Paper C hearing loss was categorized as: moderate loss - 
PTA below 55 dB HL and severe loss - PTA above 55 dB HL. The results from word 
recognition with the hearing loss categorization from Paper C are shown within parentheses in 
Table 7. The subjects were also divided in two groups depending on their asymmetry of 
hearing loss. Asymmetry was defined as an interaural PTA difference equal or more than 10 
dB (average of the hearing levels at 0.5, 1, 2, and 4 kHz). A significant difference was found 
for asymmetry of hearing loss. Word recognition was better for the binaural model compared 
to the omni directional microphone for the three students with asymmetrical hearing loss, i.e. 
dichotic effect was found when compared to diotic listening, see Table 7.  
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Table 7. Table of means for word recognition and perceived effort due to different hearing 
loss characteristics. 

  Hearing loss 
  Mild Moderate Severe Symmetrical Asymmetrical 

Diotic 0.94 0.74 (0.82) 0.82 (0.78) 0.83 0.71 Word 
recognition Dichotic 0.90 0.83 (0.84) 0.83 (0.84) 0.84 0.85 

Diotic 4.0 6.5 (4.7) 7.7 (8.4) 6.3 6.7 Perceived 
effort Dichotic 4.5 6.3 (5.0) 8.7 (8.6) 6.5 7.0 

 
 
It has been argued that binaural redundancy (diotic summation) is more relevant concerning 
bilateral advantage than effects due to dichotic listening (Day et al., 1988). The reason is the 
reduction in dichotic effects, especially for individuals with a severe hearing impairment. On 
the contrary, bilateral advantage has been shown irrespective of hearing level (Day et al., 
1988) and, according to (Dillon, 2001), bilateral advantage is greatest for those individuals 
with severe hearing impairment. In defining binaural squelch with respect to monaural 
listening the diotic summation is one component (Dillon, 2001). In a study by Cox and Bisset 
(1984), subjects with a hearing impairment who had a 3 dB binaural advantage could not 
distinguish between diotic and dichotic stimuli; which subjects with normal hearing managed. 
To draw conclusions about any advantage in using a binaural ALD it will be necessary to test 
the effects of binaural squelch and diotic summation separately. 
 
Low correlation was found between word recognition scores and self-assessment of Speech 
hearing, which emphasizes that word recognition is a discrimination test rather than a speech 
intelligibility test. 

4.2 Spatial hearing 
As shown in Figure 2 the students’ rated their spatial ability differently for the three modes. 
Significant difference found for the ability to localize a sound source in the three dimensions; 
angle, distance and movement, were: Only using hearing aids was rated as 2.3 higher than 
Tlong and 3.3 higher than Tshort. The mean rating of Tlong is higher but not significantly higher 
than Tshort. The result supports the conclusion that with an ALD a decreased bilateral 
advantage in the spatial domain is present.  
 
In the word recognition study on binaural advantage a fix speaker position and two fix masker 
position were used. In future studies, the speech source and masker will alter more similar to a 
multi speaker situation where bilateral advantages are considerable. It is further preferable in 
addition to recognition include spatial hearing assessments, e.g. localization abilities of 
sources. Localization abilities are important for the ability to engage in group discussions. 
Poor localization ability results in confusion of sounds, loss of concentration and was a wish 
to escape settings where this was happening (Noble et al, 1995). Correlation between 
localization abilities and segregation of sounds and listening effort in group conversation were 
found in the self-assessment of ALDs. 

4.3 Other Qualities 
Student reports of listening effort varied by level of hearing loss. In self-assessments subjects 
with severe hearing loss (PTA above 55 dB HL) perceived listening effort was 3.9 higher than 
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for subjects with moderate hearing loss (PTA below 55 dB HL). Higher perceived effort for 
subjects with severe hearing loss was also found during the word recognition test, see Table 7.  
 
Indications were found for better ability to recognize people by their voices and to identify a 
person’s mood from voice using hearing aids when compared to Tlong. As discussed by 
Gatehouse and Noble (2004), difficulty in identification of other persons and their mood is 
correlated with the experience of handicap and a reluctance to engage in conversation. 
Concerning sound quality judgments of naturalness, there was no difference in ratings of 
naturalness and pleasantness between the two ALDs. 

4.4 Mode preference 
The assessment of technology through interviews yields valuable quantitative and qualitative 
data. As described above, differences between two ALD solutions (T-mode, see Table 4) and 
only using hearing aids (M-mode) were found. In general, M-mode was the most highly rated 
of the three. The result was unambiguous for Spatial hearing responses but less so for 
responses for Speech hearing and Other Qualities. For Speech hearing the ratings between 
modes interacted with hearing loss. Differences in Speech hearing were only found for 
students with moderate hearing loss who rated Tlong lower then the two other modes, see 
Figure 3. 
 
Qualitative data was received for the three open questions at the end of the questionnaire 
where the students were asked to describe in which situations they preferred to use each of the 
three modes. M-mode was the option most commonly used in the classroom. The answers 
correlate with hearing loss where Tshort was preferred by some students with severe hearing 
loss. These observations could be put in relation to findings by Gabrielsson et al. (1988), 
where hearing aid users preferred aids with good speech quality rather than with high speech 
intelligibility. A reasonable conclusion is that students prefer their hearings aids due to their 
better sound quality and T-mode is only occasionally used even if speech intelligibility may 
be better.  
 
Different strategies are apparent in noisy classrooms. Some students prefer using T-mode 
which implies that T-mode lowers the ambient noise which makes it easier to hear. Others 
cope better with a noisy classroom and prefer using M-mode which also argues that the 
students have a greater need to know what is going on around them. Concerning the 
differences between the two ALDs, one student feels safer with Tlong because it picks up more 
background noise. As previously discussed, there is a relationship between localization 
abilities and confusions of sound which is associated with a need to escape places where 
sounds seem mixed up together. 

4.5 Further considerations 
From a quantitative perspective there are a low number of observations in the studies which 
limits the generalization of the results. Further studies are needed to validate the results. To 
control for different induction loop settings in future studies evaluating the use of ALDs, it is 
advisable to measure and control for the induction loop in the classrooms. The combination of 
a quantitative and qualitative approach is powerful. High correlation was found between 
perceived effort in word recognition test and self-rated listening effort. The correlation 
validates the students' ability to image listening situations while answering a questionnaire.  
 
The JFC listening experiment in Paper A was performed with normal hearing adults. The 
main objective was however to develop tools to evaluate classroom ALD in listening tests. 
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The experimental design can further be improved. The different design variables were not 
well balanced when compared to each other, e.g. there was a large difference between the two 
types of masking sound and only a slight difference in acoustic properties between the two 
rooms. Hawkins and Yakullo (1984) showed interesting results regarding bilateral advantage, 
microphone directivity and reverberation: a) Bilateral advantage (2-3 dB) was independent of 
microphone and reverberation b) Directional microphone advantage (3-4 dB) was 
independent of hearing aid but dependent on reverberation c) Reverberation effect was larger 
than either the binaural or directional microphone effect. Concerning classroom ALD, the 
effects and interaction effect of microphone characteristics and room acoustic design need to 
be further exploit. 

5 Conclusions 
In general, the condition of only using the hearing aid received the highest ratings in 
classroom situations. The responses for mode preference also showed that the students prefer 
to use only their hearing aids in the classroom. An ALD is preferred under some conditions 
and some students feel that the ALD with a short microphone distance improves 
understanding. Microphone distance is of importance evaluating differences among ALDs. 
Speech recognition advantages were not found applying a binaural receiver model to an ALD. 
Better spatial ability was found when using hearing aids when compared to the use of ALDs. 
The result argues for a bilateral advantage in the spatial domain. While hearing aids offer the 
best communication quality at this time it also appears that students do want to use ALDs in 
some classroom situations. It is important to consider that sound quality often is preferred 
over speech intelligibility. Further, the ability of localizing and retrieving information about 
acoustic environment is important for the students. 
 
The methodical approach developed where the output of an ALD is modelled is a powerful 
tool for the evaluation of different technical outcomes. The combination of listening test and 
self-assessment fills a key role in quality assessment. The communication quality concept 
emphasizes the importance of participation and peer interaction which in turn means that it is 
necessary to assess student experience for data. Determining design specifications of ALDs 
and identifying the conditions where ALDs are most effective are next steps in finding 
optimal communication quality in classrooms for hearing impaired students. 

5.1 Future work 
Three areas for future work have been identified. These are: 

• Continue self-assessments of classroom assistive listening devices using the developed 
questionnaire. 

• Design listening experiments which can better resemble various listening conditions, 
e.g. multiple speakers. Together with continuing assessments of speech intelligibility, 
a stronger focus lies on localization ability and sound quality. It is also important to 
add the characteristics of an induction loop, a FM system or any other transmission 
system to the model. The methods can also be used to evaluate teleconferencing 
systems which facilitates side conversations. 

• Investigate the effects and interaction effect of assistive listening device solutions and 
room acoustic properties. Knowledge which has general application to, e.g. 
teleconferencing and Internet voice/video. 
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Communication quality for students with a hearing impairment: An experiment 
evaluating speech intelligibility and annoyance 

Johan Odelius, Örjan Johansson, Anders Ågren 
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New pedagogical views on assistive listening devices have enlightened the technology’s impact on 
communication patterns among students with a hearing impairment. The objective of this study was to 
find methods to evaluate assistive listening devices supporting a more dialogue-oriented and participatory 
learning environment. With this approach a three-dimensional communication quality definition was 
proposed. The dimensions are: 1) Speech intelligibility 2) Ambient sounds; annoyance and feeling of 
presence 3) Parameters concerning the students' performance given the aim and task of the pedagogical 
situation. In this experiment dimensions 1 and 2 were evaluated, where dimension 2 concerned 
annoyance. Speech intelligibility was assessed using just-follow-conversation (JFC) tasks performed by 
normal hearing subjects. The task consisted of adjusting the level of a masker until the listener felt he or 
she just could understand what was being said. In conjunction with the JFC task, the subjects were asked 
to estimate the annoyance of the masking signal on an eleven-point scale. The speech and masking signals 
were filtered by impulse responses generated in a room acoustic model. Design variables were: A) Room 
acoustic model; two acoustic properties B) Distance between speech source and microphone; 0.75 m or 
1.5 m C) Noise masker; speech-spectrum random noise or structure-borne noise D) Microphone 
directivity; omni-directional or delay-and-sum beamformer E) Amplifier; linear or compression. 

1 Introduction

The effort to change the learning environment for 
students with a hearing impairment has enlightened the 
technology’s impact to communication patterns in the 
classroom. Supporting a more dialogue oriented and 
participatory learning environment has, thus, changed 
the attitude towards and the requirements of assistive 
listening devices [1]. 
The basic function of an assistive listening system is to 
enhance the speech in order to maintain acceptable 
speech intelligibility. According to this specific 
requirement, the sound quality of a listening device is 
more adequate termed sound-transmission quality. In a 
wider perspective, the output could also be analysed 
concerning the quality of the speech, where, according 
to Blauert and Jekosch [2], high speech quality is to 
which amount of the sound itself is suitable to match 
given expectations, demands and necessaries. 
Regarding speech-transmission quality, Blauert and 
Jekosch also discusses perceptual, behaviour and 
psychological measures to sound transmission or 
reproducing systems. The sense of presence has been 
proposed measuring the amount of involvement. 
The quality parameters discussed so far have focused 
on the speech as the signal of interest. Choosing an 
assistive technology, e.g. a teleconference system, with 
the purpose to improve the students’ possibilities to 
discuss and interact, there is a prominent risk that 
higher levels of ambient sound sources are picked up. 
In a classroom, ambient sounds could be categorized 
into three types: 

Activity noise: Speech, footsteps, chairs, tables, doors, 
etc.
Installation noise: Ventilation, computers and other 
equipment. 
External noise: Schoolyard, adjacent classrooms, 
traffic, etc.
According to Lundquist [3], activity noise is often 
considered the most annoying. Footsteps, chairs, and 
tables are examples of structure-borne noise, which, 
due to their temporal characteristic, may be a critical 
part of the sound climate in the classroom [3]. 
The most obvious aspect of ambient sounds is 
annoyance. Since sound is a carrier of information, 
another aspect could be the positive effect of receiving 
information about the acoustical environment and what 
happens in the surroundings. Analogous, directional 
microphones in hearing aids are sometimes discussed 
concerning communication isolation, i.e. the inability 
to detect off-axis acoustic signals could cause 
communication isolation [4]. The importance of 
auditory presence is also discussed regarding Virtual 
Reality technology [5]. Consequently, the feeling of 
presence concerning booth speech and ambient sounds 
is of interest judging upon the quality of a listening 
device. One must thus realize the reduced ability 
among individuals with a hearing impairment to locate 
and suppress competing sound sources. 
Based on concepts behind sound quality adding a 
pedagogical interactive perspective, three dimensions 
are proposed defining communication quality in the 
context of assistive listening devices for students with a 
hearing impairment. The three dimensions are: 
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1) Speech intelligibility 

2) Ambient sounds; a) Annoyance b) Feeling of 
presence 

3) Parameters concerning the students’ performance 
given the aim and task of the pedagogical 
situation, e.g. participation. 

One could argue about to which extent the proposed 
definition fulfil the features of speech quality. In the 
proposed definition, the requirement in focus is how 
the students recognize and comprehend the acoustical 
events in a classroom rather than judging upon the 
speech signal itself. 
Speech intelligibility is commonly assessed as 
percentage correctly repeated phonemes, words or 
sentences. To capture the more natural situation, where 
a listener, in a noisy environment, tries to understand a 
spoken message, the just-follow-conversation (JFC) 
method has been utilized [6-8]. The test is performed 
by letting the listener adjust the level of speech or 
masker until he or she is just able to follow what is 
being said. This is perhaps how most listeners will 
react when trying to understanding what is being said, 
e.g. by moving closer to listener [6]. Higher speech-to-
noise ratio is needed in a JFC test compared to a 50-
percetage speech recognition test, on average 10.5 dB 
[6] or 11.5 dB [8]. It should also be noticed that good 
correlation between the methods were achieved using 
speech as masking signal. The correlation was, 
however, poor when using filtered noise as a masker. 
As concluded by Hygge et al. [7], subjects with a 
hearing impairment are equally affected by speech and 
noise backgrounds in a JFC test. Normal hearing 
subjects are, on the other hand, less affected by 
background speech than by noise. This is explained by 
the reduced temporal resolution for subjects with a 
hearing impairment. Moore [9] has summarized the 
outcome of several studies showing the amount to 
which the speech reception threshold (SRT) in 
background sounds is higher for subjects with a 
cochlear hearing loss. According to Moore, the 
difference in SRT is 6-12 dB and 2.5-7 dB, 
respectively, using speech and speech-shaped noise as 
background sound. 
The objective of this study was to develop a method for 
evaluation of an assistive listening device regarding 
communication quality in a real environment. An 
experiment, where normal hearing subjects evaluated 
speech intelligibility and annoyance, was performed to 
investigate the effects and interaction effects of room 
acoustics, signal processing techniques, speech signals, 
and masking signals. Speech intelligibility was 
assessed using a JFC approach and ambient sounds 
were assessed concerning annoyance. 

2 Method

The methodical approach is shown in Figure 1. The 
speech and masking signals were filtered by an impulse 
response generated from a room acoustic model. The 
output signal was then generated using signal 
processing techniques, i.e. simulating the output of an 
assistive listening device. The computations were done 
in Matlab. 

Room acoustic
model

Signal
processing

Speech signal
Masking signal

Output 
signal

Figure 1: The principal approach of the method. 

The experiment was based on a two level factorial 
design (25) divided into two blocks. Design variables 
were; (A) room acoustic properties, (B) microphone 
distance, (C) masking signal, (D) amplifier, and (E) 
microphone directivity. The variables are compiled in 
Table 1.  

Table 1. Variables in the experimental design. 

-1 1 

A Room acoustic properties Room 1 Room 2 

B Microphone distance 0.75 m 1.5 m 

C Masking signal SSN1 SBN2

D Amplifier Linear Compression 

E Microphone directivity Omni Array 
1Speech-spectrum random noise. 2Structure-borne noise. 

Response variables were; (I) adjusted masker level in 
the JFC-test, and (II) annoyance rating. The adjusted 
masker level was analysed as the A-weighted signal-to-
noise ratio, SNR(A), of the input signals. 

 (1) erkmas
Aeq

speech
Aeq LLASNR )(

2.1 Subjects

Ten normal hearing subjects, five women and five 
men, participated in the experiment. The age of the 
subjects ranged from 26 to 52 years (M=34 years). 

2.2 Stimuli

2.2.1 Speech signal 
The speech signal was a recording of a woman reading 
a continuous story from a fiction book. The equivalent 
A-weighted sound pressure level, LAeq, was set to 55 
dBA (Leq = 62 dB), which is the standard speech 
spectrum level for normal vocal effort [10]. 
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2.2.2 Masking signal 
Speech-spectrum random noise (SSN): Low-pass 
filtered white noise with a frequency spectrum 
approximating the long-term average spectrum of 
speech (-12 dB/octave with cut-off frequency at 1 
kHz). In steps of 1 dB, twenty-one SSN signals were 
generated where LAeq varied from 48-68 dBA. 
Structure-borne noise (SBN): A 0.25 seconds long 
recording of a metal cylinder striking a wooden table. 
The characteristic of the signal is shown in Figure 2. 
The impulse was repeated with frequency 2.5 Hz. As 
for SSN, twenty-one signals in steps of 1 dB were 
generated. LAeq varied from 64-84 dBA.

Figure 2: The recordings of one beat of a metal 
cylinder at a wooden table plotted in time and its 1/3 

octave spectrum. 

2.3 Room acoustic model 

A rectangular classroom 7x8.5x3 m was modelled, 
with two acoustic properties, using the software CATT 
[11], see Figure 3. The reverberation times are defined 
in Table 2. 

Sound
source

d=0.1 m

hmic=1.0 m

h

r

Microphone
array

Figure 3: A schematic picture of the room acoustic 
model. 

Table 2: Reverberation time T60 (s). 

Octave (Hz) 

125 250 500 1k 2k 4k

Room 1 0.73  0.57 0.61 0.58 0.58 0.57 

Room 2 0.35 0.58 0.60 0.50 0.46 0.36 

An array of 5 microphones, sensor spacing d=0.1 m, 
was placed in the middle of the room arranged in a 
vertical row at a height from 1-1.4 m. The speech and 
masker source was placed according to Table 3. 
Marshall and Meyers [12] directivity index of a singer 
was used for the speech sources, see Table 4. The noise 
source was omni directional. 

Table 3: The positions of the speech and masker 
sources in the room acoustic model, see Figure 3. 

Height, h Radius, r Angle, 

Speech 1 1.2 m 0.75 m 15˚

Speech 2 1.2 m 1.5 m 8˚

Masker 1.6 m 3.5 m 10˚

Table 4: Directivity index of the speech sources by 
octave bands. 

 Octave (Hz) 

125 250 500 1k 2k 4k

DI (dB) 2.2 3.0 5.3 0.6 2.1 5.1 

The revised speech-transmission-index (STIr) [13] was 
66.7 in room 1 and 68.0 in room 2. The signal source 
was placed 1 m from the microphone at a height of 1.2 
m. Increasing the microphone distance from 0.75 m to 
1.5 m, the SNR(A) was decreased 4.3 dB. 

2.4 Amplifier

A linear amplifier and an amplifier utilizing 
compression were assessed. The compression 
parameters were chosen as shown in Table 5. 

Table 5: Compression setup. 

Threshold Ratio Attack time Release time 

65 dB 5:1 10 ms 100 ms 

2.5 Microphone directivity 

The microphone at the height of 1 m was used as the 
omni directional alternative. The microphone array 
output was processed using a delay-and-sum 
beamformer. The beamformer was steered to 12 ,
corresponding to a source at height 1.2 m and radius 1 
m. The beamformer was implemented applying time 
delays, which for the nth microphone is given as 

m/s 3435,,1sin)1( cn
c
dn

n  (2) 

To avoid spatial aliasing the sensor spacing must be 
less than half the wavelength. Consequently, spatial 
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aliasing occurred for frequencies above 1700 Hz. The 
directivity index of the array, computed at a distance of 
1 m, is shown in Table 6. 

Table 6: Directivity index of the array by octave bands. 

Octave (Hz) 

125 250 500 1k 2k 4k

DI (dB) 0.1 0.8 3.1 6.2 8.3 5.6 

2.6 Procedure

The listening experiment was carried out in an 
anechoic room. Sound stimuli were presented using 
headphones. Dividing the 25 design into two blocks, 
each subject performed 16 test runs randomly arranged 
in each block. All subjects performed a training session 
of two runs. The stimuli used in the training session 
were randomly picked from the 16 test runs, where one 
stimulus contained a SSN masker and one contained a 
SBN masker. In the JFC task the subjects were 
instructed to adjust the level of the background sound 
until they, with full concentration, were able to follow 
what was being said. Using a computer interface the 
subjects were able to adjust the masking signal in 1 dB 
or 3 dB steps within the 20 dB dynamic range of each 
masker. All stimuli were 30 seconds long and the 
adjusted value was registered at the end of each 
stimulus. In conjunction with each JFC task, the 
subjects were asked to estimate the annoyance of the 
masking signal on an eleven-point scale. The 
experiment could be illustrated as in Figure 4. 

A-B-C
D-E

Speech

Output

Gain

Masker Gain JFC-task

Annoyance
rating

Figure 4. A schematic picture of the experimental 
procedure. A-E denotes the five design variables. 

The following instructions were given to the subjects: 
“You will be listening to a women reading from a book 
in 16 sequences of each 30 seconds. The female voice 
will be presented together with background sounds. 
The background sounds are either noise or a 
”knocking”-sound. Your task is to listen to the voice 
and adjust the level of the background sound to a level 
where you with full concentration can follow what is 
being said. Your adjusted value will be registered when 
30 seconds have passed. When you are finished 
adjusting the level your task is to rate the annoyance of 
the background sound.”

3 Result

3.1 Just-follow-conversation 

The group average of adjusted SNR(A), Equation (1), 
for the different masking sounds are shown in Figure 5. 

Figure 5. Adjusted SNR(A) for the SSN and SBN 
masker. The index from 1 to 16 is defined in Table 7.

Table 7. The definitions of the test conditions. 

1 Room 1 0.75 m Linear Omni 

2 Room 2 1.5 m Linear Omni 

3 Room 2 0.75 m Compression Omni 

4 Room 1 1.5 m Compression Omni 

5 Room 2 0.75 m Linear Array 

6 Room 1 1.5 m Linear Array 

7 Room 1 0.75 m Compression Array 

8 Room 2 1.5 m Compression Array 

9 Room 2 0.75 m Linear Omni 

10 Room 1 1.5 m Linear  Omni 

11 Room 1 0.75 m Compression Omni 

12 Room 2 1.5 m Compression Omni 

13 Room 1 0.75 m Linear Array 

14 Room2 1.5 m Linear Array 

15 Room 2 0.75 m Compression Array 

16 Room 1 1.5 m Compression Array 

The average of the adjusted SNR(A) was -11.3 dBA 
(Range: -29 to 7 dBA). The average of SNR(A) for the 
SSN masker and the SBN masker was -1.5 dBA 
(Range: -12 to 7 dBA) and -21.0 dBA (Range: -29 to  
-9 dBA), respectively. 
Analysing the estimated effects of the design variables, 
microphone distance (B) and masker (C) were the only 
factors with a significant effect (p<0.05). There were 
no significant interaction effects or a block effect. The 
effects are presented in Figure 6. The estimated effect 
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of factor B was 3.3 dBA and regarding factor C the 
estimated effect was -19.5 dBA. The significant effects 
imply that when the microphone distance was 
increased from 0.75 m to 1.5 m the listener needed 3.3 
dB better SNR(A) in order to follow the conversation. 
Further, the listener needed 19.5 dB lower SNR(A) for 
the SBN masker compared to the SSN masker.  

Figure 6. Estimated effects in the just-follow-
conversations test.

3.2 Annoyance

The averaged annoyance was 7.2, measured on the 
eleven-point scale. The only significant effect (p<0.05) 
was type of masker (C), where the estimated effect was 
2.4. Thus, the subjects estimated the annoyance 2.4 
point higher for the SBN masker compared to the SSN 
masker. The estimated effects are shown in Figure 7. 

Figure 7. Estimated effects regarding the annoyance 
ratings.

4 Discussion

In accordance with the 4.3 dB deterioration in SNR(A), 
the listener needed 3.3 dB higher SNR(A) to 
comprehend what was being said when the microphone 
distance was increased to 1.5 m. The importance of 
microphone distance imply that despite the big 
potential in different signal processing techniques 
microphone distance is essential for speech 
intelligibility concerning assistive listening devices. 
However, since there was no significant effect applying 
the microphone array, one could conclude that the 
microphone array utilized in the experiment was not 
well suited for this application. The result could be 

explained by the frequency dependent gain and spatial 
aliasing for high frequencies. Figure 5 indicates that 
the array performed better at the microphone distance 
of 0.75 m compared to 1.5 m. The impact of 
compression to speech intelligibility is disputed, see 
e.g. [9]. In this experiment it could be concluded that 
the compression had no impact on speech 
intelligibility. Since compression is used to match the 
restricted dynamic range of the listener, the effect of 
compression is more adequate evaluated using subjects 
with a sensorineural hearing loss. It could also be 
noticed that compression, due to the slow performance, 
presumable had a modest impact on the SBN masker. 
The small differences in room acoustic properties did 
not result in a significant effect. Studies [14, 15] have 
argued that the most important factor to room acoustic 
design is background noise. This implies that the 
variations in room acoustics must be more prominent 
to produce effects in comparison to the effect of 
ambient noise level. 
The 19.5 dBA higher allowed noise level for the SBN 
masker could be explained by the difference in its 
temporal characteristics compared to the SSN masker. 
The result is in agreement with previous studies [7], 
where normal hearing subjects performed better when 
the masker was speech compared to a speech-spectrum 
noise masker. Previous studies also conclude that 
subjects with a hearing impairment are equally affected 
by speech and noise maskers. Consequently, the 
difference between SBN and SSN will probably be 
smaller for subjects with a hearing impairment. 
The SBN masker was rated 2.4 point more annoying 
than the SSN masker. The correlation between the 
level of the adjusted masker and the annoyance ratings 
was significant (r=0.62). The higher rated annoyance 
due to the SBN masker is thus partly a consequence of 
the higher levels adjusted in the JFC test. However, the 
increased annoyance ratings could be considered small 
in relation to the 19.5 dBA difference in adjusted 
masker level. 
Since the listeners only could adjust the level within 
the 20 dB dynamic range, one must consider the 
number of times when the masker level was adjusted to 
the maximum or minimum level. The maximum 
masker level was used 19 times (12%) and the 
minimum masker level was used 24 times (15%). All 
the maximum masker levels and 14 of the minimum 
masker levels occurred when the SBN masker was 
used. There was no such skewed distribution 
concerning the other design variables. Consequently, 
there might be effects not captured in the experiment, 
especially concerning the SBN masker. 
In addition to the concluded importance of microphone 
distance and type of masker, the experiment has shown 
the potential of the proposed method. Increasing the 
possibility to find significant effects, some 
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improvements regarding the experimental design must 
be considered. Besides increasing the number of 
subjects, it would be preferable not to have such a big 
difference in characteristics of the masking signals. A 
better structure-borne sound is thus needed. It is also 
important to have a wider adjustable dynamic range. 
Another important aspect is to find a better response 
variable that captures the features of the sound 
presented to the listener. 
To fully evaluate the different effects, it would be 
interesting to present the processed sound to subjects 
with a hearing impairment using an induction loop 
system and the hearing aid induction pick-up coil. 
Simultaneously the sounds would be reproduced using 
loudspeakers. Accordingly, the subjects would judge 
upon the quality of the output of the device in the 
actual acoustical environment. This approach will also 
more easily enable the subjects to rate additional 
dimensions to communication quality. 
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ABSTRACT

The objective of the study was to evaluate effects on speech intelligibility using a binaural assistive listening 
device. A word recognition test, with two continuous speech maskers, was performed comparing an omni 
directional and a binaural recording. The stimuli were presented at 5dB signal to noise ratio. In conjunction, the 
degree of perceived effort was rated on an eleven-point scale. Twelve hard of hearing students, fitted 
bilaterally, participated in the study. The subjects listened with their hearing aids and the stimuli were 
presented, utilizing cross-talk cancellation technique, by two loudspeakers in front of the listener. The stimuli 
were generated using the room acoustic modelling software CATT. A rectangular classroom was modelled, 
where the source of the target speech and the receiver were placed on opposite sides of a table, at a distance of 
1.3 m and 0 degrees azimuth. The two speech maskers were positioned at a distance of 2.6 m and at 60 and 300 
degrees azimuth, respectively. An omni directional and a binaural receiver model were used, which resulted in 
a comparison between diotic and dichotic presented stimuli, respectively. No significant dichotic advantage in 
word recognition and perceived effort was found. 

1. INTRODUCTION

The study origin from a project concerning assistive listening device (ALD) in Swedish hearing impairment 
classes. The signal from an ALD is transmitted to the hearing aids using, most commonly, an induction loop or 
a FM system. The students have the opportunity to listen using their hearing aid microphone (M-mode) or 
using the external ALD microphone (T-mode). Assume a student is bilaterally fitted and uses the same mode 
on both aids. Then M-mode will result in dichotic listening, i.e. a different sound is presented to each ear. 
Using T-mode identical sounds are presented to both ears, which is termed diotic listening. 

Binaural advantage, defined as the advantage of listening with two ears instead of one, can be viewed in 
terms of recognition and localization [1]. Recognition can be expressed as a signal to noise ratio (SNR) 
difference in a speech intelligibility task. There are three reasons for this difference [1]; head diffraction, 
binaural squelch and binaural redundancy. Head diffraction benefit is due to the possibility to attend to the one 
ear with the better SNR. Binaural squelch relies on the brain taking advantage of differences between the 
different signals to the ears. The total dichotic effect of head diffraction and binaural squelch compared to 
listening with one ear is about 5 dB, averaged over all directions [1]. The brain can also take advantage 
combining two identical signals, i.e. diotic listening, and this is referred to as binaural redundancy or diotic 
summation. Improvement in SNR of 1-2 dB has been reported [1,2].  

A SNR difference due to binaural squelch is also referred to as binaural intelligibility level difference 
(BILD). BILD increases with increasing difference in azimuth between target speech and noise masker [3]. 
Type of noise masker is of importance, where two speaking voices increase BILD about 2 and 5 dB compared 
to white noise and one speaking voice, respectively [4]. BILD decrease for people with hearing loss, where the 
greatest reduction occurs with a severe hearing loss and with the greatest asymmetry of hearing loss [1]. In a 
study [2], the BILD was 9.8 dB for normal hearing, 7.1 dB for symmetrical hard of hearing, and 7.2 or 4.2 dB 
for asymmetrical hard of hearing, depending whether the noise masker was moved to their good or bad side, 
respectively. 
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Binaural advantages have been an issue regarding bilateral versus unilateral hearing aid fitting, so-called 
bilateral advantage. Advantages have been shown in several studies, e.g. [5-8]. It has also been shown that the 
bilateral advantage is considerable in difficult multi speaker situations (cocktail-party) and of less importance 
in more simple speech situations [9]. This result highlights the roll of localization regarding speech 
intelligibility in real life situations. The same study also showed bilateral advantage with respect to listening 
effort.

Since an ALD system (including induction loop or FM system) today provide a monophonic signal, 
advantages from dichotic effects can not be expected [1]. The only binaural advantage using ALD is thus diotic 
summation. Models of binaural processing have been developed and utilized in noise reduction filters [3]. 
Advanced signal processing can accordingly account for some aspects of binaural advantage. Another approach 
would be to develop a binaural ALD. The approach requires a different transmission system between ALD and 
hearing aids than those in use today. Overlooking that problem and other practical problems, binaural ALD can 
be evaluated in listening tests utilizing modelling software and auralization. 

The objective of this study is to evaluate the effect on speech intelligibility using a binaural ALD. This was 
carried out doing a speech intelligibility comparison between an omni directional and a binaural receiver model 
in the room acoustic modelling software CATT [10]. 

2. METHOD

Speech intelligibility was assessed with a word recognition test using Hagerman sentences [11] with continues 
speech as background sound. In conjunction the perceived effort was rated on an eleven-point scale. Stimuli 
were generated in a classroom model using CATT.  

2.1. Subjects

Twelve hard of hearing students, six girls and six boys, participated in the study. The age of the subjects ranged 
from 10 to 15 years (mean 12.3 years). The participating students were fitted bilaterally and their unaided best 
ear pure-tone average (PTA, average of the hearing levels at 0.5, 1, and 2 kHz) ranged from 31-75 dB (mean 52 
dB, SD 14 dB). Three subjects had an interaural asymmetry equal or more than 10 dB (average of the hearing 
levels at 0.5, 1, 2, and 4 kHz [12]). 

2.2. Room acoustic model 

A rectangular classroom 7x8.5x3 m was modelled in CATT, see Figure 1. The target source and the receiver 
were placed on opposite sides of a table, at a distance of 1.3 m and 0 degrees azimuth. Two masker sources 
were positioned at a distance of 2.6 m and at 60 and 300 degrees azimuth, respectively. The room was 
furnished and absorption and diffusion coefficients were set to create normal room acoustic characteristics see 
reverberation times in Table 1. T-30 is derived from ray tracing using least-square fits to the decay in the 
interval -5 to -35 dB. T-30 was computed as an averaged over three microphone positions spread through out 
the room using an omni directional source in the middle. The Eyring formula based reverberation time, EyrT, is 
computed from the mean free path, calculated from all trays, and the mean of all absorption values encountered 
[10]. A large difference between T-30 and EyrT indicate a lack of diffuse reflection. 

Two receiver models were utilized in CATT; one omni directional and one binaural. ITA kunstkopf 
artificial head was used as binaural model [10]. The directivity index of a singer [13] was applied to all sources, 
see Table 2. 

Joint Baltic-Nordic Acoustics Meeting 2006, 8-10 November 2006, Gothenburg, Sweden  BNAM2006-2



Figure 1: Classroom model in CATT.

Table 1: Reverberation time in the CATT modelled classroom. T-30 is derived from ray tracing and EyrT 
is based on Eyring formula.

Octave (Hz) 
125 250 500 1k 2k 4k 8k

T-30 [s] 0.41 0.49 0.45 0.42 0.40 0.34 0.31
EyrT [s] 0.33 0.35 0.33 0.28 0.23 0.19 0.15

Table 2: Directivity index of the sound sources by octave bands.

Octave (Hz) 
125 250 500 1k 2k 4k

DI (dB) 2.2 3.0 5.3 0.6 2.1 5.1

2.3. Stimuli

A Hagerman sentence consists of five words with the structure <name> <verb> <number> <adjective> 
<substantive> [11]. The target sentences were presented together with two continuous speech maskers. The 
continuous speech was a recording of a woman reading a continuous story from a fiction book. The Hagerman 
sentences and the speech masker were convoluted in CATT using the two receiver models. Three different 
parts of the recording were generated at both masker positions. Hence, six different pairs of speech maskers 
were used. The masker pairs were then added to the target sentences and, for both receiver models, the sound 
pressure levels were adjusted to create a 5 dB SNR. The sound pressure level of the binaural signal was 
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computed as the mean between left and right channel. For the omni directional receiver model the same signal 
was used in both left and right channel. 

The two test conditions, the omni directional and the binaural receiver model, are denoted as diotic and 
dichotic, respectively. 

2.4. Procedure

The listening experiment was carried out in a room at Hörcentralen at Alvikskolan in Stockholm. The room 
measured 2x2.8x1.9 m and data is specified in Table 2. The background noise level, 23 dB(A) and 57 dB(C), 
imply a presence of low frequency noise. 

Table 2. Specifications of the room where the listening experiment was performed.

Octave [Hz] 
125 250 500 1k 2k 4k

Reverberation time [s] 0.20 0.15 0.07 0.07 0.07 0.06

Background noise: 23 dB(A) and 57 dB(C) 

Instead of using T-mode, M-mode and cross-talk cancellation technique was used in order to enable 
dichotic listening. The two channel stimuli were presented, utilizing Lexicon MC-1, by two ADAM-S2A 
speakers in front of the listener. Subjects with the opportunity to differ the directionality of their hearing aid 
microphones were asked to use the omni directional feature. 

Before the word recognition test, Hagerman sentences were presented to the subjects at 65 dB SPL. The 
purpose was to familiarize the subject with the testing material and a possibility to adjust the amplification. It 
should also be mentioned that before the listening experiment, the subjects participated in an interview study 
regarding their use and experience of ALD. 

Three word recognition tests were conducted, each containing 10 Hagerman sentences. As previously 
described, this paper focuses on two of these tests; the diotic and dichotic presented stimuli. The third test was 
a Hagerman test with a noise masker and will not be discussed in this paper. The order of the three tests was 
randomly assigned to each subject. The six different pairs of speech maskers that were generated were used in 
random order. Two training sessions precede the three tests, where the stimuli consisted of five sentences 
together with speech masker and noise masker, respectively, at random order. 

Each word recognition test was then carried out as follows. The masker was present at all time. Using a 
computer interface, the subject received a visual indication before each Hagerman sentence. After the last 
sentence, the subject rated the perceived effort on an eleven point scale.

3. RESULT

The results of the diotic and dichotic word recognition tests, respectively, are presented in Table 3. 
Response variables are percent corrected repeated words for all ten Hagerman sentences and rated perceived 
effort (eleven point scale). For each subject the paired difference was defined as the diotic test minus the 
dichotic test. One of the subjects with a moderate hearing loss was excluded in the analysis. The subject’s 
result was considered insufficient due to low word recognition. 

The null hypothesis, i.e. no difference between diotic and dichotic test condition, could not be rejected with 
regard to both word recognition and perceived effort.
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Table 3. Word recognition and perceived effort for the diotic and dichotic Hagerman test.

Median Mean SD [Min,Max] t-Test

Diotic 0.86 0.80 0.17 [0.44,0.96] 
Dichotic 0.90 0.84 0.15 [0.44,0.98] Word recognition

Paired diff. -0.04 0.09 [-0.18,0.08] p=0.16
Diotic 6 6.4 2.3 [3,10] 

Dichotic 7 6.6 2.4 [3,10] Perceived effort

Paired diff. -0.3 1.1 [-2,2] p=0.43

A one-way ANOVA was performed to see whether there were any significant effect due to PTA and 
interaural asymmetry. Concerning best ear PTA, the subjects were arranged in three groups; mild hearing loss 
PTA less then 40 dB, moderate hearing loss PTA between 40 and 70 dB, and severe hearing loss PTA greater 
then 70 dB. As previously described, interaural asymmetry was defined as PTA difference, average of the 
hearing levels at 0.5, 1, 2, and 4 kHz, equal or greater than 10 dB. The mean results are shown in Table 4.  

Table 4. Table of means for word recognition and perceived effort due to different hearing loss 
characteristics.

Hearing loss
Mild

(N=2)
Moderate

(N=6)
Severe
(N=3)

Symmetrical 
(N=8)

Asymmetrical 
(N=3)

Diotic 0.94 0.74 0.82 0.83 0.71
Word recognition

Dichotic 0.90 0.83 0.83 0.84 0.85
Diotic 4.0 6.5 7.7 6.3 6.7

Perceived effort
Dichotic 4.5 6.3 8.7 6.5 7.0

There were no significant differences in degrees of hearing loss. Though, the results indicate a higher rated 
perceived effort with increasing hearing loss. Concerning degrees of interaural asymmetry, there is a significant 
(p<0.05) difference in dichotic advantage between the groups. Further, the dichotic scores are significantly 
(p<0.05) better compared to diotic test condition for subjects with an asymmetrical hearing loss. There were no 
significant differences in perceived effort between the groups. 

4. DISCUSSION AND CONCLUSION 

The loss of dichotic bilateral advantage, i.e. head diffraction effects and binaural squelch, must be put in to 
respect discussing signal to noise ratio (SNR) advantages using an assistive listening device (ALD). However, 
it has been argued that diotic summation is more relevant concerning bilateral advantage than effects due to 
dichotic listening [7]. The reason is the reduction in dichotic effects, especially for individuals with a severe 
hearing impairment. On the contrary, bilateral advantage has been shown irrespective of hearing level [7] and, 
according to [1], bilateral advantage is greatest for those individuals with severe hearing impairment. Defining 
binaural squelch in respect to monaural listening, diotic summation is one component of binaural squelch [1]. 
In one study [14], hard of hearing subjects who obtained a 3 dB binaural advantage could not distinguish a 
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diotic presented stimuli from a dichotic presented stimuli, which normal hearing subjects managed. The results, 
concerning the word recognition test, could be seen as a verification of the null hypothesis, i.e. no difference 
exists between the diotic and dichotic test condition. The result of bilateral advantage irrespective of hearing 
level was also supported. In order to draw any conclusion regarding the advantage using a binaural ALD, it 
would be preferable to test the effects of binaural squelch and diotic summation separately. 

Degree of asymmetry has been shown not to affect the bilateral advantage [7]. Concerning word 
recognition scores, this study showed a significant difference in dichotic advantage between the groups of 
different degrees of interaural asymmetry. Subjects with an asymmetrical hearing loss had significant higher 
score when the stimuli were presented dichoticly than when it was presented dioticly. 

Due to the reported bilateral advantage with respect to listening effort [9], one could assume a lower rating 
in perceived effort in the dichotic test compared to the diotic test. This advantage could not be seen in this 
study. There were no significant difference in perceived effort due to degree of hearing loss and asymmetry. 
The results indicate a higher rated perceived effort with increasing hearing loss both in the diotic and dichotic 
listening condition. 

One must keep in mind the low number of subjects that participated. The, to the listeners, unfamiliar 
binaural processing in CATT must also be considered together with the use of cross-talk cancellation 
technique. Further, the modelled situation with a fix speaker position and two fix masker position could be 
discussed. Alternatively, the speech source and masker will alter more similar to a multi speaker situation 
where bilateral advantages are considerable. 

5. REFERENCES

[1] Dillon, H., Hearing Aids, Boomerang Press, Sydney, and Thieme, Stuttgart, 2001. 
[2] Bronkhorst, A. W., and Plomp, R. "Binaural speech intelligibility in noise for hearing-impaired listeners", 

Journal of the Acoustical Society of America 86: 1374-1383, 1989. 
[3] Blauert, J., Spatial Hearing: The Psychophysics of Human Sound Localization, Rev. edition, MIT Press, 

Cambridge, Massachusetts, 1997. 
[4] Carhart, R., Tillman, T. W., and Greetis, E. S. "Perceptual Masking in Multiple Sound Backgrounds", 

Journal of the Acoustical Society of America 45: 694-703, 1969. 
[5] Markides, A., Binaural Hearing Aids, Academic Press, London, 1977.  
[6] Festen, J.M., and Plomp, R. "Speech-reception threshold in noise with one and two hearing aids" Journal

of the Acoustical Society of America 79: 465-471, 1986. 
[7] Day, G. A., Browning G. G., and Gatehouse, S. "Benefit from binaural hearing aids in individuals with a 

severe hearing impairment", British Journal of Audiology 22: 273-277, 1988. 
[8] Köbler, S., and Rosenhall, U., "Horizontal localization and speech intelligibility with bilateral and 

unilateral hearing aid amplification", International Journal of Audiology 41: 395-400, 2002. 
[9] Noble, W., and Gatehouse, S., "Effects of bilateral versus unilateral hearing aid fitting on abilities 

measured by the Speech, Spatial, and Qualities of Hearing scale (SSQ)", International Journal of 
Audiology 45: 172-181, 2006. 

[10] CATT-Acoustic v8 Room Acoustic Prediction and Desktop Auralization. URL: http://www.catt.se 
[11] Hagerman, B., "Sentences for testing speech intelligibility in noise", Scandinavian Audiology 11: 79-87, 

1982.
[12] Noble, W., and Gatehouse, S. "Interaural asymmetry of hearing loss, Speech, Spatial and Qualities of 

Hearing Scale (SSQ) disabilities, and handicap", International Journal of Audiology 43: 100-114, 2004. 
[13] Marshall, A. H., and Meyer, J. "The directivity and auditory impression of singers", Acoustica 58: 130-

140, 1985. 
[14] Cox, R. M., and Bisset, J. D, "Relationship between Two Measures of Aided binaural Advantage", 

Journal of Speech and Hearing Disorder 49: 399-408, 1984. 

Joint Baltic-Nordic Acoustics Meeting 2006, 8-10 November 2006, Gothenburg, Sweden  BNAM2006-6

http://www.catt.se


C





 1

Self-assessment of classroom assistive listening devices  
 
 

Johan Odelius, Örjan Johansson 
 

Division of Sound and Vibration, Department of Human Work Sciences 
Luleå University of Technology 

 
 

Abstract 
Self-assessment of hearing aids and classroom assistive listening devices (ALD) was carried 
out in Swedish classes for hearing impaired students. A questionnaire based on the Speech, 
Spatial, and Qualities of Hearing scale (SSQ) was developed. The questionnaire was 
completed by 15 students who used bilateral hearing aids and who were attending classes for 
hearing impaired students. The questions had response choices for three modes: a) Only 
hearing aids, b) ALD with an omni directional microphone placed between users and c) ALD 
with a short microphone distance, e.g. hand-held microphones. The questionnaire was 
completed during interviews. At the end of the interview the students were asked to describe 
in which situations they preferred to use each of the three modes. In general, higher ratings 
were given to only using hearing aids when compared to the two ALDs. The result was 
unambiguous for Spatial hearing. For Speech hearing the ratings between modes interacted 
with hearing loss. Perceived listening effort depended on the degree of hearing loss; greatest 
effort was put forth by students with severe hearing loss. ALDs are infrequently used in the 
classroom, however some students report that they hear best using an ALD with a short 
microphone distance. There is a need for a more effective ALD that supports peer interaction 
and maintains speech intelligibility and sound quality. 

1 Introduction 
To assist communication in classes for hearing impaired students external microphone 
systems (assistive listening devices or ALDs) are a standard tool. The sound picked up by an 
ALD is transmitted to the students’ hearing aids; in Sweden most often using an induction 
loop system. In Swedish hearing impaired classes there has been an effort to promote a more 
participatory learning setting. The ALD’s ability to handle peer interaction was emphasized 
(Wennergren, 2004). Questions as to how students use these ALDs made it apparent that there 
is a need for evaluations and development of these communication systems. Communication 
quality is suggested as a conceptual basis for the evaluation (see also Odelius et al, 2005). 
 
Communication quality is an extension of the sound quality concept and, within the context of 
ALD, emphasizes student participation and peer interaction. Sound quality is assessed in 
relation to individual expectations and references (Blauert and Jekosch, 2003). Blauert and 
Jekosch also addressed speech quality in terms of assessment where the character of the 
speech sounds and the character reference allows for quantification of quality. In a speech 
transmitting system the reference typically is the voice of the speaker. The quality is then 
referred to as sound-transmission quality and maximum quality is a non-deviating output from 
input (Blauert and Jekosch, 2003). Gabrielsson et al. (1988) have showed that sound quality 
measures are more sensitive in distinguishing between sound-reproducing systems when 
compared to intelligibility measures. 
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It is also of importance to consider bilateral advantages when evaluating ALDs. Since an 
ALD provides a monophonic signal any advantages from head diffraction or binaural squelch 
can not be expected (Dillon, 2001). Advantages arsing from differences between sounds to 
each ear (dichotic listening). Bilateral advantage due to binaural redundancy is possible, i.e. a 
small advantage gained by listening with two ears even though the same sound is presented to 
each ear (diotic listening). 
 
To measure how hearing abilities effect daily living self-assessment is preferable when 
compared to pure tone averages and speech recognition scores (Schow and Gatehouse, 1990). 
A questionnaire developed to measure hearing disabilities is the Speech, Spatial, and Qualities 
of Hearing scale (SSQ) (Gatehouse and Noble, 2004). The SSQ is divided into three sections: 
Speech hearing, Spatial hearing and Other Qualities. Speech hearing covers various listening 
situations of different difficulty levels. There are also questions which relate to binaural 
functions, e.g. the ability to listen to several speech streams simultaneously. The Spatial 
hearing section concerns the ability to locate sound events and perception of sound in space. 
The Other Qualities category contains issues concerning segregation of sounds, recognition, 
listening effort and sound quality judgments, e.g. naturalness. SSQ has been used to assess 
hearing aid benefits and bilateral advantage (Noble and Gatehouse, 2006). That study found 
that two hearing aids are advantageous in difficult multi speaker situations and of lesser 
importance in more simple listening situations. Bilateral advantage was also found with 
respect to localization and listening effort. Noble and Gatehouse (2004) also found differences 
in spatial hearing from SSQ data concerning interaural asymmetry of hearing loss. 
 
For the evaluation of classroom ALDs a self-assessment approach was used. In relation to 
communication quality it was considered suitable to base a questionnaire on the Speech, 
Spatial and Qualities of Hearing Scale (SSQ). The objective was to: 1) investigate the use of 
ALDs in hearing impaired classes, 2) compare the students’ assessments of different ALD 
solutions and their hearing aids and 3) investigate hearing aid preference due to loss of 
bilateral advantage when using an ALD. Peer interaction was measured using the self-
assessment of group discussions and performance of localization tasks.  

2 Method 

2.1 Subjects 
Fifteen students (9 boys and 6 girls) from two schools in Sweden that have hearing impaired 
classes participated in the study. Of the total, 13 students came from the same school. The 
mean age of the subjects was 12.4 years (ranging from 10-15 years). The students used 
bilateral hearing aids and their unaided best ear pure-tone average (PTA, average of the 
hearing levels at 0.5, 1, and 2 kHz) ranged from 31-93 dB HL (mean 54 dB, SD 17 dB). Three 
subjects had an interaural asymmetry equal or more than 10 dB (average of the hearing levels 
at 0.5, 1, 2, and 4 kHz). 
 
Hearing loss is classified in five groups; mild, moderate, moderately severe, severe, and 
profound (Goodman, 1965). In this study the students were divided into two categories; 
moderate loss - PTA below 55 dB HL and severe loss - PTA equal or above 55 dB HL. 

Questionnaire 
Based on the Speech, Spatial, and Qualities of Hearing Scale (SSQ) developed by Noble and 
Gatehouse (2004) a questionnaire which focused mainly on working situations in classrooms 
was developed. Each question used an eleven point response scale from 0 to 10 and asked for 
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responses for the microphone (M) mode and for the two ALD solutions described in Table 1. 
The classrooms were equipped with an induction loop system where the signal is received by 
a telecoil built into the hearing aid (T-mode). Some hearing aids have an additional mode 
where the signal from the telecoil and the hearing aid microphone is mixed together (MT-
mode). In this study the use of M-mode and T-mode was assessed and the MT-mode was not 
considered. Items 15 and 16 pertained only to the ALDs. The purpose was to see if there were 
differences in rating the two ALDs when using their hearing aid as the subject's sound quality 
reference. The questionnaire is described in Table 2 and is presented as a whole in Appendix 
A. The questionnaire was completed during interviews led by the author and took place at the 
students’ schools. The interview approach was preferred and ensured that the context of each 
question was understood. A neutral interview style was used so as to not to influence response 
choices. The last three questions were open-ended; the interview approach became 
particularly informative. The students were asked to describe in which situations they 
preferred to use each of the three modes. The answers were written down by the students and 
additional notes were taken by the author. 

Table 1. The three modes evaluated in the questionnaire. The classrooms were equipped with 
an induction loop system. 

Mode Description 
M Only using hearing aids 
Tlong A central device placed in between the users with an omni directional 

microphone, e.g. on a table similar to a teleconference phone. 
Tshort ALD systems with short microphone distance, e.g. wearable and hand-

held microphones or linked table microphones 
 

2.2 Statistical analysis 
Four statistical analyses were performed on the questionnaire data as described below. As 
anticipated, scores from some of the questionnaire items did not have a normal distribution. 
Items which deviated from normality were negative skewed (std. skewness below -2.0) and 
not “peaked” or “flat” (std. kurtosis within ±2.0). One subject whose answers were only for 
the M-mode was excluded from analyses comparing the different modes. 

Descriptive statistics 
To describe a general view of the difference in ratings between the modes (M, Tlong, and Tshort 
as described in Table 1) a one way analysis of variance (ANOVA) was performed for an 
average of each of the three sections; Speech hearing, Spatial hearing, and Other Qualities. 
Other Qualities Items 15 and 16 were not included and Items 13 and 14 were added in 
reversed scale. 
 
Descriptive statistics were presented in mean and standard deviation. Other Qualities Items 
13, 14 and 15 were analyzed in reversed scale, i.e. rating 10 is always indicating greater 
ability. Mean values were also compared to SSQ data presented by Noble and Gatehouse 
(2006). The correspondence between questionnaire items and original SSQ questionnaire 
items is described in Appendix B.  

Intercorrelation 
The correlation among items was calculated using Spearman rank correlation. 
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Table 2. Questionnaire design 

Speech hearing 
1. Dialogue (conversation with one other person) 

a) Quiet classroom  (0 Not at all - 10 Perfectly) 
b) Noisy background  (0 Not at all - 10 Perfectly) 
c) Speech in the background  (0 Not at all - 10 Perfectly) 

2. Group discussion (conversation in a group round a table) 
a) Quiet classroom  (0 Not at all - 10 Perfectly) 
b) Noisy background  (0 Not at all - 10 Perfectly) 
c) Speech in the background  (0 Not at all - 10 Perfectly) 

3. Dialogue and simultaneous following of  (0 Not at all - 10 Perfectly) 
another conversation 

4. Group discussion where the conversation  (0 Not at all - 10 Perfectly) 
switches quickly from one person to another 

Spatial hearing 
6. Locating sound events in a room 

a) Direction  (0 Not at all - 10 Perfectly) 
b) Distance  (0 Not at all - 10 Perfectly) 

7. Locating where speaker is sitting without (0 Not at all - 10 Perfectly) 
looking 

8. Determining the movement of someone walking  (0 Not at all - 10 Perfectly) 
in a room 

9. Externality of sounds (0 In the head - 10 Out there) 
Other Qualities 

5. Ignoring interfering sounds  (0 Not at all - 10 Perfectly) 
10. Experiencing simultaneous sounds as separate  (0 Not at all - 10 Perfectly) 

entities 
11. Recognizing people by their voices  (0 Not at all - 10 Perfectly) 
12. Detecting mood from tone of voice  (0 Not at all - 10 Perfectly) 
13. Perceived effort when listening to one student (0 Not at all - 10 Extremely) 
14. Perceived effort when following a group  (0 Not at all - 10 Extremely) 

conversation 
15. Artificial or unnatural  (0 Not at all - 10 Extremely) 
16. Pleasantness  (0 Not at all - 10 Perfectly) 

 

Analyze of variance 
A two-way ANOVA was performed for each item for the factors Mode (M, Tlong, and Tshort) 
and Hearing loss (moderate and severe). Significance level was set at 5%. F test is robust to a 
skewed distribution (Montgomery, 2001) and the underlying assumptions of ANOVA were 
considered to be met. 
 
Speech hearing Items 1a-c and 2a-c are, in fact, the same question answered in six different 
conditions: Type of conversation (dialogue and group conversation) and Masking background 
(quiet, constant noise and speech). Instead of analyzing these items separately, these items 
were coupled for a four-way ANOVA with Type of conversation and Masking background 
added as factors together with Mode and Hearing loss. Spatial hearing Items 6a-b and 8 are 
judgments of localization in three dimensions: angle, direction and movement. These items 
were also coupled for a three-way ANOVA with Localization dimension added as a factor 
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together with Mode and Hearing loss. Perceived listening effort was answered in two 
conditions; dialogue and group conversation. These two items were coupled for a three-way 
ANOVA by adding Type of conversation as a factor.  

Validation 
The questionnaire was validated by correlating the data with the subjects' word recognition 
scores. Spearman rank correlation was used. The word recognition tests were performed after 
the questionnaire interview with 12 of the subjects. The tests are briefly described in the 
following paragraph; a more detailed description may be found in (Odelius et al, 2006). 
 
Ten five word sentences were presented at a 5 dB signal-to-noise ratio with continuous speech 
as a masking sound. The percent of correctly repeated words and perceived effort was 
measured. The stimuli were generated using room acoustic modelling software. Two test 
conditions were used; an omni directional receiver model presented the same monophonic 
signal to both ears (diotic) and a binaural receiver model (dichotic). 

3 Results 

3.1 Descriptive statistics 
The average of each of the three sections; Speech hearing, Spatial hearing, and Other 
Qualities, was analyzed with regard to the three modes defined in Table 1. Mean values 
together with 95% Tukey HSD intervals are shown in Figure 1. The only significant 
difference is the better spatial ability for the M-mode compared to the two T-modes. 
 

 
Figure 1. Mean and confidence intervals for the mean score at each questionnaire section; 

Speech hearing, Spatial hearing and Other Qualities. 
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Descriptive statistics for the three modes are shown in Table 3. Deviations from a normal 
distribution are shown in the table. Missing values were caused by either difficulty 
understanding the questions, a question a subject could not answer or a question not 
answered. For example, some of the classrooms had thick carpets making it difficult to hear 
people walking, see Item 8. Subjects using those classrooms could not adequately answer the 
question. Descriptive statistics for M-mode at the two levels of hearing loss are shown in 
Table 4 together with SSQ ratings from previous study by Noble and Gatehouse (2006). In 
general the students' ratings were higher when compared to the presented SSQ data, especially 
for Speech hearing Items 1 and 2. 
 

Table 3. Descriptive statistics for each of the modes in Table 1. 

  M (N=14) Tlong (N=14) Tshort (N=9) Total (N=38) 
  mean SD mean SD mean SD mean SD missing

Speech hearing               
1a* 9.2 1.1 7.8 2.1 8.3 1.9 8.5 1.8 0 
1b 7.9 1.5 7.1 2.0 7.3 2.2 7.5 1.9 0 
1c 7.0 1.9 6 2.4 7.1 2.3 6.7 2.2 0 

2a* 9.0 1.4 7.6 2.4 8.1 2.9 8.3 2.2 0 
2b* 8.0 1.6 6.6 2.1 7.7 2.4 7.5 2.1 0 
2c 6.1 2.4 5.5 1.9 6.0 2.7 5.9 2.3 1 
3 4.7 2.2 4.8 2.3 4.9 3.0 4.9 2.5 1 
4* 7.2 2.3 6.4 2.8 7.5 2.7 7.0 2.6 1 

Spatial hearing               
6a 7.5 2.3 5.9 3.1 3.8 2.7 6.1 3.1 1 
6b 6.4 1.9 4.7 2.4 4.0 3.0 5.3 2.6 1 
7 7.1 2.6 5.7 2.6 5.3 3.8 6.3 3.0 2 
8 7.3 2.2 5.4 3.1 4.8 2.7 6.2 2.9 7 
9* 8.2 2.0 6.6 3.0 5.8 4.1 7.1 3.0 4 

Other Qualities               
5 6.9 2.6 5.8 2.6 7.4 2.6 6.7 2.6 0 

10 7.0 2.2 5.1 2.4 5.4 3.7 6.0 2.8 2 
11* 8.8 2.1 7.3 2.9 7.8 2.7 8.0 2.6 0 
12 8.3 2.1 6.5 2.6 7.7 2.0 7.5 2.4 0 
13 5.7 2.7 6.0 2.7 6.7 3.6 6.1 2.9 1 
14 6.0 3.2 5.6 2.9 5.7 3.4 5.9 3.1 0 
15 - - 5.8 2.8 6.1 3.7 - - - 
16 - - 5.1 2.8 4.6 3.6 - - - 

*Normality assumption not met (std. skewness above ±2) 
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Table 4. Descriptive statistics for M-mode at different level of hearing loss. SSQ is the 
corresponding item rating from data presented by Noble and Gatehouse (2006). The 

correspondence is shown in Appendix B. 

  Moderate (N=8) Severe (N=7) 
  mean SD mean SD 

SSQ 

Speech hearing         
1a 9.4 1.0 9.1 1.3 8.6 
1b 8.4 1.6 7.6 1.3 4.8 
1c 8.6 1.1 5.6 1.4 5.5 
2a 9.5 1.1 8.6 1.4 6.5 
2b 8.3 2.0 7.9 1.1 4.2 
2c 7.4 2.2 5.0 2.0 4.2 
3 6.0 2.7 4.0 2.0 5.1 
4 7.9 2.6 6.7 1.8 6.8 

Spatial hearing         
6a 8.6 2.2 6.6 2.0 6.2 
6b 7.1 2.3 6.0 1.5 6.5 
7 7.8 2.9 6.7 2.3 5.4 
8 7.9 2.5 7.0 2.0 6.4 
9 9.0 2.0 7.6 2.0 6.3 

Other Qualities         
5 7.9 2.4 6.1 2.8 5.4 

10 8.0 2.3 6.1 1.6 6.8 
11 9.1 2.5 8.6 1.3 7.4 
12 9.0 2.5 7.6 1.4 7.0 
13 7.7 2.1 3.7 1.4 5.7 
14 8.8 1.4 3.4 2.0 5.7 

 

3.2 Intercorrelation 
Table 5 presents the correlation among items including all three modes. The items 
intercorrelate, especially within each section. There were no correlations between Speech 
hearing and Spatial hearing items, except for a correlation between Item 1a and Item 8. 
Dialogue conversations (Item 1) correlated with the ability to ignore ambient sounds (Item 5). 
Listening tasks with competing speech (Items 1c and 2c) correlated with listening effort 
(Items 13 and 14). Conversation where the word switches quickly (Item 4) correlated with 
Other Qualities Items 5, 10, 13 and 14. These four items were about the ability to ignore and 
segregate sounds and the listening effort. High correlation was found between Spatial hearing 
items (expect Item 9) and Other Qualities Items 10, 11 and 12, segregation of sounds, 
recognize voices and detecting mood from voice, respectively.  
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Table 5: Spearman rank correlation between items for the data including all three modes. 
    
  Speech hearing  Spatial hearing  Other Qualities 
Speech hearing       
1a) Dialogue in quiet  1b, 2a, 2b  8 5, 10 
1b) Dialogue in noise  1a, 1c, 2a, 2b, 2c, 3    5, 10 
1c) Dialogue in speech  1b, 2b, 2c, 4    5, 13, 14 
2a) Group conv. in quiet  1a, 1b, 2b     
2b) Group conv. in noise  1a, 1b, 1c, 2a, 2c, 4     
2c) Group conv. in speech  1b, 1c, 2b   13 
3) Listen to two speech streams  1b     
4) Conv. that switches quickly  1c, 2b    5, 10, 13, 14 
Spatial hearing       
6a) Locate angle    6b, 7, 8  10, 11, 12, 14 
6b) Locate distance    6a, 7, 8  10, 11, 12, 14 
7) Speaker localization    6a, 6b, 8  10, 11, 12 
8) Determine movement  1a  6a, 6b, 7  5, 10, 12 
9) Externality of sounds       
Other Qualities       
5) Ignore ambient sounds  1a, 1b, 1c, 4  8 10, 12 
10) Segregate sounds  1a, 1b, 4  6a, 6b, 7, 8  5, 11, 12, 14 
11) Recognize voices    6a, 6b, 7  10, 12, 13, 14 
12) Detect mood from voice    6a, 6b, 7, 8  5, 10, 11, 14 
13) Effort of dialogue  1c, 2c, 4    11, 14 
14) Effort of group conv.  1c, 4  6a, 6b  10, 11, 12, 13 

Plain font correlations of 0.50-0.59; bold font correlations 0.60-0.69; bold underlined font 
correlations above 0.70 

 

3.3 Analysis of variance 
The analysis of variance (ANOVA) for Speech hearing, Spatial hearing and Other Qualities 
found the following effects: 

Speech hearing 
Coupled speech hearing item. Significant main effects were Mode, Masking background and 
Hearing loss. Two significant interaction effects were also found. The first was between 
Masking background and Hearing loss. Subjects with severe hearing loss were more 
negatively affected by the masking speech, see Figure 2. Significant differences were: 
Subjects with severe hearing loss rated a speech masker as 2.1 lower than a noise masker and 
as 3.0 lower than quiet. Secondly, the interaction effect of Mode and Hearing loss was 
significant, see Figure 3. Subjects with moderate hearing loss rated Tlong as 1.9 lower than M 
and as 1.5 lower than Tshort, respectively. Subjects with severe hearing loss rated the modes 
equally. 
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Figure 2. Interaction of Masking background and Hearing loss for the coupled speech item. 

 
Figure 3. Interaction of Mode and Hearing loss for the coupled speech item. 

 

Spatial hearing 
Coupled spatial hearing. The main effects of Mode and Hearing loss were significant. M 
was rated as 1.7 higher than Tlong and 3.0 higher than Tshort, see Figure 4. Subjects with 
moderate hearing loss rated their spatial ability as 1.2 higher than subjects with severe hearing 
loss. 
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Figure 4. Main effect of Mode for the coupled spatial item. 

 

Other Qualities 
Listening effort. The effect of Hearing loss was significant. Subjects with severe hearing loss 
perceived listening effort was 3.9 higher than for subjects with moderate hearing loss. 
 
Ignoring interfering sounds (Item 5). There was a significant main effect of Hearing loss. 
Subjects with moderate hearing loss rated their ability to ignore interfering sounds as 1.7 
higher than subjects with severe hearing loss. 
 
There were no significant effects for Items 10, 11, and 12. Due to indications of a Mode 
effect, a one-way ANOVA with Mode as a factor was performed for M and Tlong only. The 
ability to segregate sounds (Item 10) was rated as 1.9 higher for M compared to Tlong 
(p<0.05). Detecting a person’s mood from voice (item 12) was rated as 1.8 higher for M 
compared to Tlong (p<0.1). 
 
There was no significant difference in quality ratings between T-modes for naturalness (Item 
15) and pleasantness (Item 16). A significant effect of Hearing loss for naturalness was found. 
Subjects with moderate hearing loss rated the ALDs’ naturalness as 4.8 higher when 
compared to subjects with severe hearing loss. 

3.4 Mode preference 
The three open questions on mode preference showed that the students most often prefer 
using M-mode and they tend to only use T-mode in some specific situations, e.g. a teacher 
reading aloud or a teacher talking about something important. The mode preference depends 
on hearing loss. There are two students with moderate loss who prefer M at all time and, at 
the other end, there are two students with severe hearing loss who prefer to use Tshort. 
 
The students' answers differed regarding preferable mode in noisy classrooms. Some students 
preferred using T-mode when the classroom is noisy while others prefer M-mode. One 
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student emphasized a preference for Tlong compared to Tshort; the Tlong was perceived as 
making it possible to hear events in the surrounding area: “ … one feels safer”. 

3.5 Questionnaire data correlation with word recognition 
The results from the word recognition test are shown in Table 6. The results are based on 11 
of the 12 students who participated in the test (for details see Odelius et al, 2006). Table 6 is 
different than the previous presented data by Odelius et al. (2006) since a different hearing 
loss categorization was used. In Table 7 the correlations between the results for M-mode and 
the two word recognition assessments are shown. The listening effort ratings in the 
questionnaire and perceived effort in the word recognition tests were on an 11 point scale 
where 10 corresponded to extreme effort. There were no correlations between word 
recognition scores and Speech hearing items. Word recognition scores in the diotic test 
condition correlated with Spatial hearing items and the ability to segregate sounds (Item 10) 
and to detect a person’s mood from voice (Item 12). In the dichotic test condition there was a 
high correlation with sound segregation and also a correlation with the ability to detect mood 
from voice. Perceived effort in the word recognition tests correlated with listening effort 
(Items 13 and 14), dialogue performance in masking speech (Items 1c), ability to recognize 
voices (Item 11) and ability to detect mood from voice (Item 12). Especially high correlations 
were found between perceived effort and listening effort in group conversations. 
 

Table 6. Table of means for word recognition and perceived effort due to different hearing 
loss characteristics. 

  Hearing loss 
   Moderate Severe Symmetrical Asymmetrical 

Diotic 0.82 0.78 0.83 0.71 Word 
recognition Dichotic 0.84 0.84 0.84 0.85 

Diotic 4.7 8.4 6.3 6.7 Perceived 
effort Dichotic 5.0 8.6 6.5 7.0 

 
 

4 Discussion 
The low number of observations in the study limits the generalization of the results. 
Subdividing the subjects by hearing loss adds to the uncertainty. However, reasonable effects 
are shown and the assessment of technology in interviews gives both quantitative and 
qualitative data of importance. The high correlation between perceived effort in word 
recognition tests and rated listening effort validates the students' ability to image listening 
situations while answering a questionnaire. The lack of correlation between word recognition 
scores and Speech hearing items emphasizes that word recognition is a discrimination test 
rather than a speech intelligibility test. This also is indicated by the correlation between word 
recognition scores and the ability to segregate sounds. 
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Table 7. Spearman rank correlation between items (M-mode) and the word recognition test. 

  Diotic Dichotic 
  Recogn. Effort Recogn. Effort 
Speech hearing        
1a) Dialogue in quiet         
1b) Dialogue in noise         
1c) Dialogue in speech    -0.65*   -0.62* 
2a) Group conv. in quiet         
2b) Group conv. in noise         
2c) Group conv. in speech         
3) Listen to two speech streams        
4) Conv. that switches quickly         
Spatial hearing        
6a) Locate angle  0.61* -0.58     
6b) Locate distance  0.56      
7) Speaker localization         
8) Determine movement  0.65      
9) Externality of sounds        
Other Qualities        
5) Ignore ambient sounds         
10) Segregate sounds  0.58  0.84* -0.59 
11) Recognize voices    -0.64*   -0.58 
12) Detect mood from voice  0.60* -0.60 0.58 -0.79* 
13) Effort of dialogue    0.66*   0.57 
14) Effort of group conv.    0.85*   0.90* 

* correlation is significant at the 0.05 level (2-tailed). 
 

4.1 Hearing in noise 
The ability to follow a conversation decreased in the presence of ambient noise with masking 
speech being the most difficult condition. The deteriorating effect of masking speech 
increased for subjects with severe hearing loss. The results are in agreement with several other 
studies and where the difference between ambient noise and masking speech was attributed to 
a lessened ability to take advantage of spectral and temporal dips (e.g. Moore, 2003). 

4.2 Comparing modes 
In general, of the three modes described in Table 1 the M-mode has the highest ratings. This 
preference was unambiguous for Spatial hearing responses but less so for responses for 
Speech hearing where the ratings between modes interacted with hearing loss. Differences in 
Speech hearing were only found for students with moderate hearing loss who rated Tlong lower 
then the two other modes, see Figure 3. 
 
Both differences between the three modes and the different levels of hearing loss were found 
for Other Qualities items. Comparing the two T-modes, one could expect a better ability to 
ignore interfering sounds using a short microphone distance, since a longer microphone 
distance increases the ambient sound level. A difference in mean was found in favour for the 
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ALD with a short microphone distance but the difference what not significant. It was however 
found that students with moderate hearing loss rated their ability to ignore interfering sounds 
higher than students with severe loss. Perceived listening effort did also only depend on the 
subject's hearing loss. Although not significant, the difference between M-mode and Tlong in 
the ability to recognize people by their voices and to detect a person’s mood from voice 
indicates that the ALD’s sound quality is lower. It is more difficult to hear the fine textures in 
speech. As discussed by Gatehouse and Noble (2004), difficulty in identification of other 
persons and their mood is correlated with the experience of handicap and a reluctance to 
engage in conversation. Concerning sound quality, there was no difference in ratings of 
naturalness and pleasantness between the two ALDs.  
 
The answers to the three open questions on mode preference revealed that M-mode is most 
commonly used in the classroom and T-mode is only preferred in some situations. The 
answers correlate with hearing loss where Tshort is preferred by some students with severe 
heing loss. These observations could be put in relation to findings where hearing aid users 
preferred aids with good speech quality rather than with high speech intelligibility 
(Gabrielsson et al. 1988). In the context of this paper, a reasonable conclusion is that students 
prefer their hearings aids due to their better sound quality and an ALD is only occasionally 
used even if speech intelligibility may be better.  
 
Different strategies are apparent where some students prefer using T-mode when the 
classroom is noisy and where others prefer M-mode. The first strategy implies that T-mode 
lowers the ambient noise level. The second strategy implies that the student copes better with 
noisy situations using M-mode and that there is a greater need to know what is happening 
around them. Concerning the differences between the two ALDs, one student feels safer with 
Tlong because it picks up more background sounds. The importance of mode preference due to 
the ability to retrieve information about an acoustic environment is in agreement with reported 
relationships between auditory localization and functional impairment. Poorer localization 
abilities resulted in confusion of sounds, loss of concentration and a wish to escape settings 
where this was happening (Noble et al, 1995). It can further be hypothesized that the 
preference for M-mode is due to the lack of control over one’s own perception when using 
external microphones. 
 
When judging the T-mode it is not only the device that is evaluated, the loop system and the 
hearing aid telecoil adjustments affect performance. In future studies it is therefore advisable 
to measure and control for the induction loop in the classrooms where participating students 
work.  

4.3 Binaural advantage 
Spatial ability was rated higher for M-mode than for T-mode. This result supports the 
conclusion that with an ALD there is a decreased bilateral advantage in the spatial domain. 
Noble and Gatehouse (2004) have found differences in spatial hearing concerning interaural 
asymmetry of hearing loss. Differences between subjects with asymmetrical and symmetrical 
hearing loss were not analyzed. The main objective was to see differences between modes and 
an analysis of interaction effects between asymmetry and mode was not feasible due to the 
small numbers of subjects and unbalanced group regarding asymmetrical hearing loss. 
Binaural advantages in terms of recognition were not as evident when compared to Noble and 
Gatehouse’s (2006) findings. In their research subjects were reported as benefiting from 
bilateral fittings when compared to monolateral fittings in difficult listening tasks and also in 
perceived listening effort. Preference for M-mode for Speech hearing which benefits from 
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binaurality and listening effort was not found. A better ability to segregate sounds for M-
mode compared to Tlong was however found. 

5 Conclusions 
In general, the condition of only using the hearing aid received the highest ratings in 
classroom situations. The result was unambiguous for Spatial hearing where the hypothesis of 
hearing aid preference due to loss in binaural advantages when using an assistive listening 
device (ALD) could be confirmed. For Speech hearing the ratings between modes interacted 
with hearing loss where differences only were found for students with moderate hearing loss.  
 
Students prefer to use only their hearing aids in the classroom and an ALD is preferred under 
some conditions. The introduction of an ALD with longer microphone distances in classes for 
Swedish hearing impaired students is because it is perceived as facilitating peer interaction. 
Moving the microphone from by the mouth to a table helps with spatial orientation but, in 
turn, some subjects with severe hearing loss prefer an ALD with a short microphone distance. 
The results did demonstrate that there are two factors that are important to consider when 
thinking about ALD use. These are that: 1) sound quality is preferred over speech 
intelligibility and 2) localizing and retrieving information about acoustic environment is 
important for the students. 
 
While hearing aids offer the best communication quality at this time it also appears that 
students do want to use ALDs in some classroom situations. Self-assessment is a promising 
approach for determining what combination of design and function that will best benefit 
students. Further studies are needed which evaluate ALDs and listening conditions in 
classrooms for hearing impaired students.  

6 References 
Blauert, J. and Jekosch, U. (2003). Concepts behind sound quality: Some basic 
considerations. Inter-noise 2003, Seogwipa, Korea. 

Dillon, H. (2001). Hearing Aids. Sydney: Boomerang Press ; Stuttgart: Thieme. 

Gabrielsson, A., Schenkman, B. N., and Hagerman, B. (1988). The effect of different 
frequency responses on sound quality judgments and speech intelligibility. Journal of Speech 
and Hearing Research, 31:166–177. 

Gatehouse, S. and Noble, W. (2004). The Speech, Spatial and Qualities of Hearing Scale 
(SSQ). International Journal of Audiology, 43:85–99. 

Goodman, A. (1965). Reference zero levels for pure-tone audiometer. ASHA, 7:262–263. 

Montgomery, D. C. (2001). Design and Analysis of Experiments. John Wiley & Sons, 5th 
edition. 

Moore, B. C. J. (2003). Speech processing for the hearing impaired: successes, failures, and 
implications for speech mechanisms. Speech Communication, 41:81–91. 

Noble, W. and Gatehouse, S. (2004). Interaural asymmetry of hearing loss, Speech, Spatial 
and Qualities of Hearing Scale (SSQ) disabilities, and handicap. International Journal of 
Audiology, 43:100–114. 

Noble, W. and Gatehouse, S. (2006). Effects of bilateral versus unilateral hearing aid fitting 
on abilities measured by the Speech, Spatial, and Qualities of Hearing Scale (SSQ). 
International Journal of Audiology, 45:172–181. 



 15

Noble, W., Ter-Horst, K., and Byrne, D. (1995). Disabilities and handicaps associated with 
impaired auditory localization. J. Am. Acad. Audiol., 6:129–140. 

Odelius, J., Johansson, Ö., and Ågren, A. (2005). Communication quality for students with a 
hearing impairment: An experiment evaluating speech intelligibility and annoyance. Forum 
Acousticum, 2005, Budapest, Hungary.  

Odelius, J., Johansson, Ö., and Ågren, A. (2006). Effects on speech intelligibility using a 
binaural assistive listening device. Joint Baltic-Nordic Acoustics Meeting, 8-10 November 
2006, Gothenburg, Sweden. 

Schow, R. L. and Gatehouse, S. (1990). Fundamental issues in self-assessment of hearing. 
Ear and Hearing, 11(5):Supplement 6–16. 

Wennergren, A. (2004). Communication quality for hard of hearing students in learning 
situations. IFHOH 7th World Congress, July 2004, Helsinki, Finland. 

 
 



 16

Appendix A: Questionnaire 
The questionnaire liberally translated from Swedish: 
 
1. You are sitting at a table in the classroom and are talking to a friend in your class. 

a) Can you hear what your friend is saying if the classroom is quiet? (0 Not at all - 10 
Perfectly) 

b) If there are some noise1 in the background, can you then hear what your friend is 
saying? (0 Not at all - 10 Perfectly) 

c) If there are other students talking nearby, can you then hear what your friend is 
saying? (0 Not at all - 10 Perfectly) 

 
2. You are sitting in a classroom and are talking to three other students round a table.  

a) Can you hear what the others around the table is saying if the classroom is quiet? (0 
Not at all - 10 Perfectly) 

b) If there are some noise1 in the background, can you then hear what the others round 
the table is saying? (0 Not at all - 10 Perfectly) 

c) If there are other students talking nearby, can you then hear what the others round the 
table is saying? (0 Not at all - 10 Perfectly) 

 
3. Can you listen to what two other student are talking about at the same time as you are 

talking to a friend in your class that sits next to you? (0 Not at all - 10 Perfectly) 
 
4. You are sitting round a table with three other students. The word switches quickly 

between the other three students. Can you easily follow the conversation without missing 
the beginning of what the others are saying? (0 Not at all - 10 Perfectly) 

 
5. When you are talking to a friend in your class can you easily ignore other sounds and the 

sounds from others talking in the classroom? (0 Not at all - 10 Perfectly) 
 
6. You are sitting at a table in the classroom. You hear something happening, e.g. someone 

that drops a book or a chair that falls, can you decide where in the room it happened?  
a) Decide the right direction (0 Not at all - 10 Perfectly) 
b) Decide the right distance (0 Not at all - 10 Perfectly) 
 

7. When you hear that someone starts to talk in the classroom, can you then without 
looking decide where that person is sitting? (0 Not at all - 10 Perfectly) 

 
8. If someone is walking in the classroom, can you determine the direction they are 

walking? (0 Not at all - 10 Perfectly) 
 
9. There are a lot of sounds and things happening in your classroom. Do you hear the 

sounds as if they were inside you head or as if they are in the classroom?  
(0 In the head - 10 Out there) 

 
10. Can you segregate the different sounds from each other2? (0 Not at all - 10 Perfectly) 
 
                                                 
1 Explained as a constant noise source, e.g. fan, overhead. 
2 Resulting from previous question. 
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11. If another student starts to talk, do you immediately recognize the voice and know who 
the student is? (0 Not at all - 10 Perfectly) 

 
12. Can you determine by another student’s voice if they are happy, sad, surly or tired? 

(0 Not at all - 10 Perfectly) 
 
13. How much effort must you put to hear another student in the classroom?  

(0 Not at all - 10 Extremely) 
 
14. How much effort must you put to follow a conversation with three other students in the 

classroom? (0 Not at all - 10 Extremely) 
 
15. When you listen in T-mode, do you think the sound has a unnatural or artificial quality? 

(0 Not at all - 10 Extremely) 
 
16. When you listen in T-mode, do you think the sound is pleasant? 

(0 Not at all - 10 Perfectly) 
 
 
Ending question: 
Which situation or situations in the classroom do you definitely prefer using the (M-mode, 
first T-mode, and second T-mode)? 
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Appendix B: Questionnaire SSQ relation 
 

Item  Original SSQ item1  Average2

1a Dialogue in quiet Speech 2  Talk with one person in quiet room  8.55 
1b Dialogue in noise Speech 5  Talk with one person in background noise  4.80 

1c Dialogue in speech Speech 11  Follow one conversation when many 
people talking  5.54 

2a Group conv. in quiet Speech 3  Talk with five people in quiet with vision  6.48 
2b Group conv. in noise Speech 4  Talk with five people in noise with vision  4.19 
2c Group conv. in speech Speech 4  Talk with five people in noise with vision  4.19 

3 Listen to two speech streams Speech 14  Follow one person speaking and telephone 
at same time  5.07 

4 Conv. that switches quickly Speech 12  Follow conversation without missing start 
of new speaker  6.81 

6a Locate angle Spatial 3  Lateralize a talker to left or right  6.45 
6b Locate distance Spatial 8  Judge distance from footsteps or voice  5.36 
7 Speaker localization Spatial 2  Locate speaker round a table  6.44 

8 Determine movement Spatial 11  Identify lateral movement from voice or 
footsteps  6.33 

9 Externality of sounds Spatial 14  Internalization of sounds  5.35 
5 Ignore ambient sounds Qualities 19  Ability to ignore competing sounds  6.21 

10 Segregate sounds Qualities 2  Sounds appearing jumbled  6.82 
11 Recognize voices Qualities 4  Identify different people by voice  7.42 
12 Detect mood from voice Qualities 13  Judging mood from voice  6.96 
13 Effort of dialogue Qualities 18  Effort of conversation  5.73 
14 Effort of group conv. Qualities 18  Effort of conversation  5.73 
1Described fully in (Gatehouse and Noble, 2004). 
2Average from bilaterally aided subjects in (Noble and Gatehouse, 2006). 
 






