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Abstract

When  hearing  ourself  through  headphones,  as  we  speak,  we  hear  the  frequency 

response of the audio equipment, the room and even the frequency response of our 

body. Sound that travels inside us in form of vibrations is called bone conducted sound 

(BC). This type of sound is more apparent to us when we cover our ears, or put on 

headphones.  Our knowledge of BC is  a factor that may help us understand how to 

equalize a speakers voice to  their  headphones for optimal  comfort.  The aim of this 

study is to find an EQ-setting that is preferred in terms of comfort. A listening test was 

conducted, with four different EQ-settings (one of them being flat) being presented to 

twenty one subjects. There appeared to be no statistical significance to the results. Most 

subjects are consistent in what they think sounds “sharp” and “dull”. But there is a large 

grey-zone  for  the  most  comfortable  setting.  Further  research  in  the  area  is 

recommended, we need to gain more knowledge about how people experience their 

own voice through headphones. As we aquire that knowledge, we have the possibility to 

greatly enhance the level of comfort for inexperienced radio speakers.
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Introduction

When we speak,  we hear  something  that  no  other  person  hears,  namely  our  voice 

transmitted via internal resonances and bone conduction. This plays a big part in our 

perception of our voice. Bone conduction has been investigated a lot through history, 

not least in a medical context, contributing to the field of hearing aid. This research will 

look at peoples preference of equalizing to their own voice, hearing it the very same 

time as they speak. A major contribution to this preference is of course the frequency 

response  of  the  room  and  the  audio  equipment  used,  such  as  microphone  and 

headphone.

Background

In order to understand the perception of one's own voice through headphones, we must 

have knowledge of headphone design and how it affect us. The headphone frequency 

response may be expected to be as flat as possible. But previous studies have shown 

that there is not really a standard among different manufacturers on how a headphone 

responds in the frequency domain. It is very much up to each manufacturers taste how 

they will  tailor a headphones frequency response, as this quote states:  “A palate  of  

different frequency responses is available to cater for individual preferences, and each  

manufacturer  has  its  own headphone  philosophy  with  frequency  responses  ranging  

from flat to free field and beyond” [1].

It is necessary to determine what characteristics are important when hearing one's own 

voice through headphones while speaking. First of all, when we refer to our perception 

of our voice,  it  is always in the context of some kind of reverberant  room. This is 

because  we  have  the  collective  opinion  that  “an  anechoic  room  is  not  the  ideal 

surrounding for talking” [2]. Just by putting on headphones we reduce our perception of 

room acoustics, thus creating a more anechoic feeling. Further on, we also reduce our 

perception of the acoustical sidetone (the air conducted sound traveling from mouth to 

ear), so our attention is drawn more to the sounds that reaches us internally, i.e bone 

conducted.

An effect which we usually never give any thought, and is unconsciously accustomed to 
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from the moment we start to speak, is the so called Lombard effect. It can be described 

by the typical scenario of raising one's own voice when in a loud environment. The 

opposite scenario also exists, and is highly relevant in for example a radio interview 

context, where the guest may be hearing him-/herself  a little to loud than would be 

comfortable and therefore reducing the speaking volume [2]. Take a moment to reflect 

on this profound effect, as it can be assumed to have a presence in most radio situations, 

where the guest is inexperienced with hearing him-/herself.

Bone conduction vs Air conduction

The line between when a sound is air conducted (AC) or bone conducted (BC) is not so 

clear;  BC sounds at  low frequencies  with  high  amplitude  introduce  a  phenomenon 

known as vibrotactile  excitation,  thus making the stimuli  multimodal  [3].  There are 

certain differences between AC and BC sounds. One of them is the rate of which the 

perceived  loudness  increases;  BC  sounds  tend  to  increase  faster  compared  to  AC, 

particularly at low frequencies. This might have to do with the multimodal nature of BC 

sounds at lower frequencies. BC is mainly perceived through the basilar membrane. A 

person who is deaf in one ear can still perceive AC sounds in that ear, when the sound 

has  the  certain  level  that  induces  BC.  This  phenomenon  is  known  as  interaural  

attenuation [3]. It has been proven that a single AC stimuli has the power to cancel out 

multiple BC stimuli, thus indicating that “both AC and BC are linearly combined and  

transmitted along the hearing pathway” [4]. By having this knowledge about human 

hearing, we can clearly see that what we assume is “flat” only can be so on a paper 

specifying  data  that  was  collected  with  a  measurement  microphone.  And  that  our 

hearing is subjected to far greater complexity.

In the spectral domain, BC seems to color our perception of our own voice by adding 

energy mainly around 1 kHz. Experiments has shown that the two lowest resonances on 

measured on skulls of living human test subjects were in the ranges of 828-1164 Hz and 

981-1417 Hz. However, the way in which vibrations travels in our skulls are far more 

complex,  with  different  damping  coefficients  and  directions,  and  to  determine 

characteristic features in the spectral domain can be seen as a clue in a large puzzle [4]. 

It is not possible to simulate one's own hearing by summation of AC and BC sounds. 

One explanation might be that the BC stimuli differed in some ways from the real BC 
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sound that the subjects always hear when speaking [4]. In a typical radio situation – 

wich is what the listening test of this research is trying to simulate – there is BC that 

occurs when a person speaks and BC that occurs when the (AC) sound is played back 

into the ears, thus creating new BC input.

The radio situation

Listening to one's own voice through headphones, while speaking, is a situation that is 

very common in broadcasting. For example, a radio guest – either by him-/herself or by 

encourage from the host – in almost all cases puts on headphones. Even at times when it  

actually may not even be necessary,  as it  is seen as a common practice.  Of course, 

certain conditions demand the use of headphones, like for example when two guests – 

with one on them on a telephone link – will have to hear and talk to each other. But if  

the situation is radio guest(s) that gets interviewed by a host, and everyone is in the 

same studio, the need for headphones really is not there, from a technical standpoint. If 

you  take  self-comfort  into  consideration,  though,  the  purpose  of  headphones  may 

become clear in some cases. It can be both a solution and an obstacle for people with 

low self esteem, in that it  can have the same function as a mask at a masquerade – 

something you can hide behind and, partly depersonalized, thus open up yourself more. 

On the other hand, if the volume in the headphones is over a certain level, the guest 

may be subjected to the Lombard effect – the effect of adapting our speaking volume to 

the sound level that we perceive – and consequently speak in a much quieter tone than 

the guest would normally do. Nervousness is also a factor that can contribute to the 

lowering of one's voice, and it probably is very individual what kind of level changes in 

self-feedback that amplifies or reduce this nervousness.

In most cases, this is the way things works in radio studios. To make the interview 

situation a comfortable experience for the guest, it is important for the host and sound 

technicians to have knowledge about how people perceive their own voice. There is a 

difference in this self-perception for only listening to a recording of one's own speaking 

voice versus listening while actively speaking. The major element that contribute to this 

difference is bone conduction (BC), the transmission of sound via bones in our body. 

BC has been shown to be a complex mechanism that needs much more research before 

we can claim to fully understand it, since there are so many factors to it. Air conducted 
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(AC) sound, however, is easier to study. The acoustical sidetone – the sound going from 

mouth to ear via air transmission – is AC. The acoustical side tone is another factor that  

is present in the experience of hearing oneself while actively speaking, but not when 

listening to a pre-recording of one's own speech. This is because the acoustical sidetone 

has  different  frequency characteristics at  the microphone position than it  has  at  the 

position of the listeners ear. In a radio context, where cardioid microphones is the norm, 

the proximity effect plays a large role for the guests perception of him-/herself, since 

the proximity effect makes low frequencies increase in level when speaking close to the 

microphone. Speaking loud and clear and close to the microphone is also a common 

thing that radio hosts have to remind first time or naïve guests, making the proximity 

effect part of the “radio sound”.

Research question and purpose

The purpose of  this  study is  to,  in  a  radio context,  gain knowledge about  listeners 

experience  of  their  own  voice,  hearing  it  as  they  speak.  This  would  be  useful 

knowledge, especially if there is an auxiliary output option on the mixing desk that can 

be processed separately from what is going to air.  Then we have the opportunity to 

enhance the level of comfort for inexperienced radio speakers. Since there are many 

variables affecting the listeners perception, further research sould be made, based on the 

same fundamental question as this study: what kind of spectral balance is considered to  

give  the  highest  level  of  comfort,  when  people  hear  their  own  voice  through  

headphones while speaking?

Method

This researchs hyphothesis is that what is perceived as the most natural spectral balance 

is  considered  as  the  most  comfortable.  An  EQ-setting  that  compensates  for  the 

increased bass response – that is from 1) the cardoid microphone pattern and 2) from 

the  fact  that  the  subject  is  wearing  headphones,  thus  focusing  more  on  the  bone 

conducted sound, wich involves more bass than treble frequencies – is assumed to be 

considered as the most natural.
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A listening test  was designed that consisted of preference judgements regarding the 

comfort and written motivations for each judgement. In a radio studio, compressing the 

signal from the speaker microphone is standard, so even if this study focuses on spectral 

balance,  a  compressor  was  used  in  conjunction  with  different  types  of  equalizer 

settings, to simulate a radio situation (for compressor setting, see picture in appendix).  

The local chosen for the listening test was a small, very isolated and acoustically dead 

room in Musikhögskolan in Piteå (picture in appendix). The equipment used for the 

listening test was a Mac Book Pro with Logic Pro X, RME Fireface 800 audio interface, 

Thuresson CM402 large diaphragm multi-pattern condenser microphone (wich has a 

close to flat frequency response), a Royer PS-101 metal pop-filter and a pair of Sony 

MDR-7506  headphones  (frequency  chart  in  appendix).  The  microphone  was  set  to 

cardioid pattern.

Pre-test and initial setup

In order to find four EQ-settings, a pre-test was conducted, with the author acting as a 

test subject. The purpouse of the pre-test was to equalize the signal so that the voice 

was perceived as close as “normal” as possible, i.e how it was perceived in the same 

room without the headphones on. By assuming that a “normal” sounding signal would 

have a little less bass and a little less treble than the flat signal from the microphone, the 

pre-test would result in four different EQ-settings: 1) flat, 2) less bass, 3) less treble and 

4) a combination of two and three. The expected results for this study was that people 

generally would prefer an as “normal” sound as possible,  which alternative four, as 

sated previously would, be. This because the bass reduction would compensate for the 

increased bass response that is from 1) the cardioid microphone pattern and 2) from the 

fact that the subject is wearing headphones, thus focusing more on the bone conducted 

sound, wich involves more bass than treble frequencies. If this “hyped” spectral balance 

is not compensated for, listeners might be disturbed. Alternatively, people might on the 

other hand have some kind of an idea how “things should sound” in a situation like this, 

and therefore prefer a more “hyped” spectral balance, in this case more like the flat EQ-

setting.

In the pre-test,  the pop filter was placed 5 cm from the microphone, and the author 
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spoke very close to the pop filter. By speaking and listening critically, the four EQ-

settings,  including  the  flat  one,  was  determined.  The  author  would  speak  with  the 

headphones on, and then take them off. By talking with the headphones off, the author 

focused  on  the  main  differences  in  the  bass  and  treble  areas  of  the  voice.  These 

differences was then compensated for with the equalizer. With the high pass at 150 Hz, 

the  bass  region  of  the  voice  was  perceived  similar  to  how it  sounds  in  the  same 

environment, but with the headphones off. In the treble region, the best compensation 

was  perceived  when  a  high  shelving  filter  was  activated,  with  a  -12  dB  cut.  So, 

ultimately, the four EQ-settings used for the listening test became:

1. -12 dB cut at 5 kHz with high shelving filter (abbreviated HSC).

2. -12 dB high shelving at 5 kHz and 150 Hz high pass filter with 

24 dB/oct. (abbreviated HSC+HP).

3. Flat.

4. 150 Hz high pass (abbreviated HP).

In Logic, a project was set up with twelve tracks. The twelve tracks represented six 

unique pairings of the four different EQ-settings, labled pair number “n” and letter A 

and B. Pre-listening was activated on each track so that switching between A and B for 

each pair  was  made simply by clicking the  on the  track  in  question.  The software 

equalizer used for the test was Logics built in Channel EQ. A compressor – also Logics  

standard – followed the equalizers with the same setting for each channel (see picture). 

It was set up to provide as litte coloration to the signal as possible, while still giving a  

typical “radio” compression. A typical radio compression is, in the authors experience, a  

usual  setting  that  was  standard  when  the  author  worked  at  SR (Swedens  National 

Radio). The maximum gain reduction when speaking in a loud voice was -8 dB (a 

picture in the appendix section shows the compressor settings). The four settings were 

not  loudness  compensated.  All  faders  were  at  zero  and  the  microphone  gain  and 

headphone level were never altered after the pre-test.

Test subjects

A written invitation was sent to students at Musikhögskolan in Piteå. The target was 

students at various program at the school – audio engineering included. But a large 

majority of the test subjects were gathered by confronting them directly at the school. 



10

Of the twenty one subjects in the test, eleven are male students at the audio engineering 

program. Seven are female students at the same program, and the other three are female 

students at the experience production program.

Playback order

The four EQ-settings were combined to make six unique pairs. Upon completion of the 

first test, the first pair (the first two tracks in the Logic Pro X project setup), was moved 

to the last playback position. This procedure ensured that playback position for a pair 

was always moved. even if all the others followed the same pattern. After the sixth 

subject completed the listening test, the pairs were inverted, so that A became B and 

vice versa. By doing this, six more subjects could do this kind of pattern with some 

elimination  of  the  risk,  that  certain  result  would  be  the  product  of  one  EQ-setting 

following  another.  For  the  remaining  subjects,  a  latin  square  was  calculated  to 

randomize the order of the pairs, with the same procedure of inverting pairs after the 

first six trials.

The test procedure

When a subject walked in the room, he/she received oral instructions about their task. 

They were told that they would be left alone in the room for some time, during which  

the subjects themselves had to switch between the six A/B pairs of EQ-settings, by 

clicking  on  the  track  in  question.  But  first,  they  had  to  fill  out  a  short  pre-test 

questionnarie (see appendix section) that required them to specify their age, gender, 

education prior to the one that they now take part in and lastly if they had any known 

hearing damage. Three subjects wrote that they have mild tinnitus, the rest have healthy 

hearing. They were told to write an evaluation after the test; answer questions about if  

they perceived the differences between the pairs as big and what they thought was the 

hardest part about the listening test. Next, the subjects compared A and B in the first  

pair, then rated on an AB7 scale (see appendix section), also on paper, which one they 

preferred  with  regards  to  comfort.  The  AB7  scale  are  designed  to  be  used  when 

comparing two things against each other. The subjects can give a score ranging from 

minus three to plus three, where zero would indicate that a subject do not prefer one 

alternative over the other. Minus three would indicate that a subject prefer A much more 

over B, and plus three vice versa. After the rating of the first pair, the subjects were  
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encouraged to motivate with some sentences why they preferred one over the other. 

Then repeat the procedure for the next five pairs.

When the listening/judging part  was over  – this  took between 10-20 minutes  – the 

subject walked out of the room and handed the written papers to the research leader, 

and the listening test could be considered done. Often, a short discussion about the test 

occurred afterwards.

Results

In order to collect the results, and to test it for significance, some basic calculation of 

the data and a two-sample, two-tailed t-test was performed. The total points for each 

EQ-setting were first calculated by summing all AB7 scale points from all trials. The 

two-sample t-test was done to all six unique pairings and the significance level was set 

to 0.05/6. This was a Bonferroni correction to avoid type 1 errors, that would otherwise 

influence  the  results  when  making  comparisons.  When  the  t-test  was  created,  the 

variance was assumed to not differ between all four EQ-settings. But no formal test for 

differences in variance was performed.

Picture 1.  Formula for the two-sample t-test, used for comparing pairs of EQ-

settings. The x's are representing the mean scores for the two settings. Letter s  

are standard deviation, letter n are the number of subjects.
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Table 1. The two-sample t-test showed that there is no statistical significance to  

the results.

As the table show, there is no statistical  significance to the results. The comparison 

between EQ 2 and 3 would have statistical significance, if the significance level had 

been 0.05.

Also, each collected paper was carefully studied to discover words that was used more 

often to describe an EQ-setting, or the difference between two given settings. The most 

popular words were counted. A table was created that displays the popularity of these 

words (many of them with similar meanings combined) for every EQ-setting. The table 

presented below is constructed so that each row represent a word or group of similar 

words.  Each  column  represent  an  EQ-setting  and  the  numbers  are  how  often  the 

words/group of words occurred for a particular EQ-setting.

Table  2.  The over all  most  popular words and their occurence  in  each EQ-

setting.

What is interesting here is the rating of “comfortable”, wich is very much the core of 

this study. As Table 2 shows, the first EQ-setting was mostly described as the most 
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comfortable and natural of the four. But as Table 1 shows, the third EQ-setting received 

the most points, and was described as the most detailed. From the evaluation of the 

listening test, some subjects wrote that they perceived most EQ-settings as “harsh” in 

the first half of the listening test, but later got more and more used to it. It is important 

to note that the describing words are a mix of descriptions of the difference between two 

given EQ-settings and single EQ-settings. Some subjects pointed to the fact that there 

was a quiet rumble present when no high pass filter was activated.

Discussion

The order of the paired EQ-settings may have affected the results, as it has one type of 

order for the first ten subject, and a second one for the other eleven. The first type 

included only  moving down the  very first  pair,  replacing the  last,  making the next 

subject start on the previous subjects second pair. This was good because each subject 

started on a unique pair, but the rest was the same. There is a risk that some ratings  

could have been influenced by the fact  that a certain EQ-setting was preceeded by 

another. But as the task was to do a paired comparison, this risk is very small. A bigger 

influence on the result would in that case be the fact, as stated in the results section, that  

some subjects perceived most  EQ-settings as “harsh” in the beginning. Still,  a latin 

square should have been performed to randomize the playback order for all subjects. 

Another thing that could have possibly affected the results, was the low rumble that 

some subjects reported hearing It may have drawn the subjects attantion away from the 

task. As mentioned previously in the results, some subjects detected a low rumble when 

no high pass filter was activated. This could very well draw the attention away from the 

task. Or as one subject answered, “B wasn't particularly enjoyable, but still better than 

A, who had a low rumble”.

Because the subjects rated the third EQ-setting highest, but described the first as the 

most comfortable, one can argue the success of the oral instructions. Many subjects 

wrote in the post-test evaluation that it was hard to formulate an opinion about what 

they preferred,  since  each EQ-setting  had many advantages  and disadvantages.  The 

AB7 scale (see picture in the appendix section) could contain the word “comfortable” 

instead of “better”, to make an assessment scale for just one quality.
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Some subjects had a hard time putting into words what they heard, not least the three 

that did not study audio engineering. Also, some subjects could for example feel that 

none of the settings in certain pairs was to prefer. Then, the idea of a thourough pilot 

study may be adequate. Given enough test subjects in a pilot study, a general picture 

would come forth as what people generally might want to hear, and then base the EQ-

settings on that, instead of strictly theoretical knowledge. It was necessary to look at the 

subjects motivations for their preferred EQ-settings. There was consistency in the usage 

of the terms “sharp” and “dull”. There was not as big of a consistency in the terms of 

“comfort”.

Originally, the test was to be designed for only naïve listeners, because the goal was to 

enhance the level of comfort for people that is not very used to hear their own voice 

through headphones, or never might have done so. Partly therefore, the EQ-settings are 

all quite different from each other. When it was hard to attract potential subjects that did 

not study sound engineering, the decision was made to include those as well. What is to 

be considered is that all people, and sound engineers not at least, have some kind of 

pre-defined picture of what they think “sounds best”. This can at times collide with 

what they might think “feel best”. To see in an easy way the distinction between these 

two, one has to look at the words that people uses to describe a stimuli. For example “(it  

sounds) sharp, (it feels) natural”, and so on. Usually, words that describe how a sound 

“sounds” are of a more objective/technical character, whereas words used to describe 

the feeling of a certain sound characteristic are more subjective/emotional. In this case, 

it  was important to look at all the comments for each pair,  to see how the subjects  

described the main differences and why they preferred one over the other. It became 

even  more  important  to  look  at  these  comments  after  the  significance  test  was 

performed,  since  it  showed  that  there  was  no  significance  to  the  results.  But  the 

combination of the different word could be made in a better way. Some groups of words 

seems to contain more positive and more negative variants of the same characteristics, 

such as “dull” and “soft”. A clear distinction could have been made between words that 

more or less describe how a sound “sounds” and how a sound “feels” – to separate 

objective/technical and subjective/emotional descriptions.

The original idea was for the test to take place in a radio studio at Sveriges Radio, SR 
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(Swedens  National  Radio),  or  a  radio  studio  at  the  school  (they  are  quite  similar, 

equipment wise). The local SR stations have a large homogenity in microphone and 

headphones choices in their studios. But by placing it in a small, relatively dead room, 

it was possible to simulate a radio studio. Though the microphones used in SR studios 

can be proved to have a specific frequency response, the choice for this listening test 

was to have a very neutral microphone, so that the result could be applied to many other 

microphone choices. The limitations of using the Sony MDR-7506 headphones, is that 

they have a frequency response that is more or less perceived as sharp. The only reason 

for its participation in the listening test, was their big popularity in the audio world in 

general, and in radio studios in Sweden especially.

The verbal instructions of the test could have been completely written, with the only 

oral part being something like “any questions on that?” With much of the info about the 

test  being  given  orally,  the  risk  is  higher  for  subtle  changes  of  each  test  subjects 

conditions.

The  compressor  that  was  inserted  on  every  channel  after  the  equalizer,  naturally 

affected the frequency response to some extent, depending on what type of voice that 

was affecting the compressor. This can be seen as a flaw in the validity of the research 

(since its focus is on spectral balance, or more precisely, EQ-settings). But if there were 

to  be  no  compression  at  all,  then  one  can  argue  the  concept  of  the  whole  radio 

simulation idea.

The  test  results  might  have  been  different  if  loudness  compensation  had  been 

performed. Since all settings except the flat one removed certain parts of the signals 

spectral content, a decrease in loudness would happen. Even if the compression might 

even out such differences, it could be a good idea to loudness compensate. A way to do 

this could be by sending pink noise to the equalizer and the compressor following it. 

Then make sure that the loudness is the same for all four EQ-settings.

Further research

In  the  future,  this  problem  should  be  investigated  more  in-depth.  There  were  two 

evident problems in this research: most subjects reported that they heard a profound 
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difference between all pairs, and at times was either “loved or hated”. The vast majority 

of  the  subjects  were  experienced  listeners.  Therefore,  they  probably  have  heard 

themselves in headphones some times before. By performing a pilot test, with many 

different EQ-settings, some optimal EQ-settings for an official test may be rightfully 

determined. By including many naïve subjects, who perhaps never even have heard a 

recording of their own voice, a significant result may be obtained that can be used to 

enhance the live radio experience for people that are foreign to the situation. For future 

studies on this topic, an assessment scale could be used to assess certain qualities. These 

qualities can for example be the five adjectives/group of adjectives that occurred the 

most throughout the listening test.

Conclusion

The main findings of this study is that most people is consistent in what they think 

sounds “sharp” and “dull”.  But  there is  a large grey-zone for the most comfortable 

setting; it is harder to know what feels best than knowing what sounds best. The air 

conducted sound, is reduced when headphones cover our ears. Thus we focus more on 

bone conducted sound. The research hypothesis was “what is perceived as the most 

natural spectral balance is considered as the most comfortable”. In order to achieve this, 

certain spectral exaggerations had to be compensated for. These exaggerations were the 

results of 1) the cardoid microphone pattern and 2) the fact that the subject is wearing 

headphones, thus focusing more on the bone conducted sound, wich involves more bass 

than treble  frequencies.  The EQ-settings  were created in  a  pre-test,  with the  author 

acting as  the  only subject.  An alternative  hypothesis  was that  “people  have  a  clear 

picture of what constitutes a good, nice sound and that is often a 'hyped' one”. The most 

comfortable  setting  could  not  be  proven  in  this  study.  Though,  settings  with  less 

information in treble were perceived as more comfortable.
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Appendix

Picture 2.  The setup for the listening test. The subjects would receive oral  

instructions, then sit for themselves and compare the pairs as the research  

leader walked out of the room.

Picture 3. The frequency response of the Sony MDR-7506 headphones. Taken  

from http://www.headphones.com

http://www.headphones.com/
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Picture  4. The  compressor  that  was  on  each  channel,  set  up  to  be  as  

transparent as possible while still providing a typical “radio” compression.  

When speaking in a loud voice, the maximum gain reduction was -8 dB.

Picture  5.  The  AB7  scale,  translated  from  Swedish,  where  subjects  was  

instructed to put a ring around one of the seven vertical lines, thus giving  

each EQ-setting a score ranging from -3 to 3.
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Subject information

Gender:____________________

Age:_______________________

High School program:__________________________________________

_____________________________________________________________

Other type of education:________________________________________

_____________________________________________________________

Any known hearing damage?____________________________________

_____________________________________________________________

Picture 6. The questionnarie that the subjects were required to answer before  

starting the listening test.


