
Proceedings of the First Nordic Conference of Voice Ergonomics and Treatment. Publications of the 

Finnish Association of Speech and Language Research 41, 2009  

 

 

DEVELOPMENT OF AN AUDITORY VIRTUAL ENVIRONMENT 

TO MEASURE THE SPEAKERS COMFORT AND INCREASE OF 

VOICE LEVELS IN LECTURE ROOMS 

 

 

David Pelegrín García, Jonas Brunskog 

Acoustic Technology, Technical University of Denmark 

 

 

 

Introduction 

 

 

Classroom acoustics is a very well documented topic of research. There 

have been many studies trying to optimize the acoustical conditions for the 

students or listeners, based on measures of intelligibility of speech,  signal-

to-noise level differences or optimum reverberation time, e. g. (Bistafa and 

Bradley, 2000; Serra and Biasoni, 1998; Sato and Bradley, 2008).  

However, most of the studies have focused on the listener’s point of view.  

Nevertheless, (Sato and Bradley, 2008) point out that too low 

reverberation times produce excessive vocal strain in the teachers’ voice. 

In the field of logopedics and phoniatrics, it has been stated that the 

teachers’ voice health problems is a major concern,  due to the required 

clinical assistance,  but also due to the financial impact that the teachers’ 

absence produces in the global budget of the country (Verdolini and 

O’Ramig, 2001). Studies have shown that each teacher has an average of 

two days of absence leave every year due to voice problems (Lubman and 

Sutherland, 2001). 

Building regulations and design guidelines (e.g. Hopkins, 2004) have 

been traditionally based upon the maximization of speech intelligibility on 

the listener side. This is often related with very low reverberation times, 

which do not provide the best talking conditions for the teacher. In order to 

improve the teaching environment from the acoustical point of view, it is 

necessary to get a better understanding of the relationship between a 

speaker and the physical environment, by answering the following 

questions: 1) Why do the teachers increase their voices in some lecture 

rooms with very low background noise? 2) Is there any systematic 

relationship between measures of the physical environment and the 

average voice power level used by the teachers? 3) If there is, what are the 



values of these measures that lead the teacher to talk at acceptable levels? 

It is assumed that variations in the voice power level are a good indicator 

of the vocal effort experienced by the teachers. However, other variables, 

obtained from spectral changes, cannot be disregarded and will be taken 

into account in future studies. 

In a pilot study carried at the Technical University of Denmark, 

(Brunskog et al., 2009) investigated the relationship between the voice 

power level used by different speakers in classrooms of different size and 

acoustical conditions, objective measurements in the classrooms and 

subjective evaluations regarding the experience of talking in each one of 

them. They found that the changes in voice level are correlated with the 

size of the room and to the gain produced by the room. A new magnitude 

called ‘room gain’ was introduced to describe this last quality. It measures 

how much the own speech is amplified (in overall levels) at the speaker’s 

ears, with respect to the free-field condition. 

In the same study, it was stated that the speakers increase their voices 

in order to feel comfortable, although it can lead to vocal fatigue. A 

comfortable room for speech was found to be a room that: a) provides 

support to the own voice, and b) helps to project the voice towards the 

audience. 

The present paper is an introduction to the on-going project carried by 

the authors, named Speakers’ comfort and increase of their voice levels in 

lecture rooms, which is the natural continuation of the work described in 

(Brunskog et al., 2009), with the aim of finding more statistically 

significant relationships, due to the fact that in the pilot study only six test 

subjects performed the experiments on six different rooms.  

The project is done in collaboration with the Logopedics, Phoniatrics 

and Audiology Department at Lund University, Sweden, who are in charge 

of doing an epidemiological study with extensive research of the voice 

status of the teachers at the schools in the south of Sweden. The used 

methods are questionnaires and clinical screening using voice accumulator, 

voice sample recordings and high-speed camera to record vocal folds 

vibrations, among other methods. 

In the first stage of research, an auditory virtual environment has been 

designed to carry laboratory experiments which measure speech in 

different situations, namely simulated classrooms of different size, 

reverberation time and support.  

 

 

 

 

 



Cues for voice level regulation 

 

 

The so-called acoustic communication process, which comprises the 

speech production, propagation and perception by the listener, is aided by 

visual cues in the mechanism of speech level regulation, as can be 

experienced in daily life situations when one attempts to speak to people at 

different distances. Thus, the mechanism of speech regulation is 

multimodal, and has both auditory and visual cues as the input. 

(Brunskog et al., 2009) suggest that auditory cues seem to be more 

important than visual cues when the audience is distributed across the 

room. The justification for such affirmation is that the measured changes in 

voice power level are correlated with the logarithm of the volume (which 

means a compensation for the changes in average sound strength and thus 

in level of the reflected sound) and not so much with the cubic root of the 

volume (which estimates the mean distance to the audience, i.e. a visual 

cue). 

Thus, auditory cues involved in the perception of the own voice can 

be regarded into three components, shown schematically in Figure 1, 

according to (Lehnert and Giron, 1995). The first one is the body-

conducted sound, more commonly referred to as bone-conducted sound, 

although the sound propagates also through the muscles and tissues. The 

second one is the air-borne direct sound that is diffracted around the head 

from the mouth to the ears. The third component is the reflected sound, 

which depends on the environment. 

 
Figure 1. Components of the perceived own’s voice  

 

In early studies (Békésy, 1949) investigating the importance of the 

bone-conduction in the perception of one’s own voice, it was found that 

this component and the direct sound were of the same order of magnitude. 

In a more recent study, (Pörschmann, 2000) found similar results and 

estimated the transfer functions of these components. He found that direct 

Body-conduction 

Direct sound 
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sound and body conduction provide acoustic feedback of the own voice for 

frequencies up to approximately 5 kHz. Above that frequency, the only 

component which provides acoustic feedback is the reflected sound. 

Another important auditory cue for voice level regulation is the 

background noise. The speaker tends to raise the voice in the presence of 

noise. This effect is known as the Lombard effect and has been studied by 

many authors, e.g. (Lane and Tranel, 1971). However, for low levels of 

background noise, the voice level does not seem to decrease. The natural 

trend of the speakers is to provide the most comfortable loudness levels to 

the audience. According to (Kobayashi et al. 2007), the optimum speech 

level (measured at the listener position) that minimizes listening difficulty 

is 55 dBA when the background noise does not exceed 40 dBA and 15 dB 

over the background noise for higher values. 

In other words, the relation between the acoustic cues of direct sound 

(air-borne and body conducted) and background noise provides a 

mechanism for speech regulation, described by the Lombard effect. The 

present project aims to relate the auditory cues of reflected and direct 

sound in a similar way, using both field and laboratory measurements. 

 

 

 

Experimental setup 

 

 

An auditory virtual environment has been adapted from (Favrot and 

Bücholz, 2008) in order to carry the voice experiments regarding the 

influence of the teaching acoustic environment on the voice power levels. 

It consists basically of 29 loudspeakers Dynacord BM6 placed in a sphere 

arrangement in a highly damped room (reverberation time below 0.1 s for 

frequencies above 125 Hz). Each loudspeaker has its own amplifier. In 

addition, the voice of the speaker, who is seated in the center of the room, 

is picked by a microphone DPA 4066. PC-based system records the voice 

and does the signal processing routines. The scheme of the system is 

shown in Figure 2. 



 
Figure 2. Overview of the laboratory setup 

 

The system allows us to recreate the acoustics of any classroom in 

real time, or any room in general, modeled with a CAD program (e.g. 

AutoCAD, IntelliCAD...). First, the impulse response with directional 

information is obtained, using an acoustic ray-tracing simulation software 

(Odeon, n.d.). It contains information about the reflections perceived by 

the speaker/listener. For each of them, the level, delay, spectral distribution 

and incidence angle are specified. This is used as the input for a mixed-

order ambisonics decoder described in (Favrot and Bucholz, 2008), which 

generates the impulse responses for each of the 29 loudspeakers. Thus, the 

early reflections are decoded in 4
th

 order ambisonics due to the fact that 

they play an important role in localisation, whereas the late reflections are 

decoded with first order ambisonics, which provides poor localisation, and 

processed in order to make the different signals uncorrelated. 

On the other hand, the signal from the speaker is picked with a DPA-

4066 headworn microphone, which is placed at the middle point between 

the mouth and the ear (Figure 3) and recorded. 

 

 
Figure 3. Placement of the headworn microphone on the speaker 



Because this signal is picked at the near-field, it differs significantly 

from the on-axis speech signal in the far-field (which is required for the 

convolution with the calculated impulse response). A filter that 

compensates for the changes in spectrum is calculated and applied. 

Though, this filter is subject-dependent, because it varies with the size of 

the head, the local geometry, the presence of hair, etc. 

Then, the speaker signal, once transformed into a far-field signal, is 

convolved in real time with each of the 29 channels of the impulse 

response. I.e. all the expected reflections arrive at the ears of the teacher 

with the same delay that they would have in the real situation, provided 

that no reflecting surface is closer than 1.5 m. This is achieved by using the 

convolution engine described in (Adriaensen, 2006), which is a Linux 

implementation of the real-time convolution proposed by (Gardner, 1995). 

All the 29 signals are amplified and sent to the loudspeakers, where 

they sum up at the center of the environment, where the teacher is located, 

to produce a recreation of the sound field in the real situation. The gain in 

the audio chain is adjusted so that the reflected sound is in correct 

proportion to the voice power.  

As all the processing is done at 44.1 kHz and the frequency response 

of the loudspeaker is reasonably flat in the frequencies 100 Hz – 18 kHz, 

no distortion by bandwidth reduction is expected. Listening tests using the 

system indicate that the speech sounds reasonably natural. 

 

 

 

Experimental method 

 

 

Nine different environments are tested in the experiment. They are based 

on three basic classrooms –a small group work room, a medium sized class 

and a big auditorium- with three configurations each. The first 

configuration is with no extra absorption- besides the one provided 

naturally by the students, the second includes ceiling and wall absorption 

in half of the classroom surrounding the teacher, and the last one has extra 

ceiling and wall absorption in the rear half of the classroom (but not 

around the teacher). The absorption coefficient chosen for the extra 

absorption is αw=0.65. The nine different configurations are shown on 

Figure 4. 

 



 
Figure 4. Classrooms tested in the experiment 

With these configurations, a broad range of acoustical parameters that 

cover most of the typical situations in classrooms is achieved. The 

reverberation time, the total support and the volume for each configuration 

are listed in Table 1. The total support is an estimation of the room gain 

(which cannot be calculated directly by the program) and is calculated as 

the difference between the total energy level of the impulse response at     

1 m from the source and the energy level of the direct sound at the same 

distance. An additional environment presented in the experiment is the test 

room, where no additional environment is simulated and it is used as the 

reference. 

 
Table 1. Parameters of the different tested configurations. 

Room V Absorption 
T30 1kHz 

(s) 

Support 

(dB) 

 
 No Extra 1,62 1,2 

Auditorium 21 1174 m
3
 Front 0,64 0,5 

 
 Back 1,4 1,0 

 
 No Extra 1,06 1,6 

Room 019 344 m
3
 Front 0,62 0,9 

 
 Back 0,66 1,3 

 
 No Extra 1,02 2,8 

Meeting Room 130 m
3
 Front 0,4 1,1 

 
 Back 0,66 2,0 

Test Room 68 m
3 

High <0,1 <0,1 

 



The test subjects will be experienced school teachers from the south 

of Sweden. A total of 25-30 subjects will take part in the experiments. The 

subjects are divided in two groups according to their voice status. The first 

is the control group (CG) with 12-15 teachers who do not have voice 

problems or had them in the previous few months. The second group 

includes 12-15 teachers with different vocal disorders.  

An audiometry will be performed to the subjects in order to check for 

possible problems in the perception of the own voice that could lead to 

different voice regulation strategies among the subjects. As stated by (Lane 

et al., 1961), the voice level regulation depends upon the perception of the 

own loudness, which is modified for hearing impaired persons. 

The experiment is conducted with blind tests. This means that the 

subjects cannot see the room where they take the experiment, so they 

adjust their voice levels led just by auditory cues. 

The duration of the test is programmed to be 1 h and 15 min. This 

includes the random presentation of the ten environments sequentially, 

where the test subject is instructed to give a speech (ideally the same in all 

situations) for an audience of 20 students during 4 minutes each time. 

There is a small break of 2 minutes between presentations, when he/she 

has to answer some questions. After 5 presentations, there is a 15 minutes 

break. It is thought that longer durations of the test would produce biased 

results due to vocal fatigue. 

The questions to be answered after each presentation consist in rating 

in a scale from 1 to 7, with natural numbers, different properties of the 

room or the perceived speech. These are the following (in italics): 

Do you consider this room to be good to speak in? It is referred to the 

degree of comfort and how easy it is to speak in the room. Low ratings 

imply that the room is not good to speak in and high ratings that it is. 

Do you feel that you have to increase your voice in this room to be 

heard? This question is deliberately related to the increase of voice power 

and how this is perceived. The answer is between ‘no’, if the subjects think 

they did not increase their normal voice level and ‘yes’ if they had to do it. 

Is there enough support in the room? This question refers to the 

feedback provided by the room, whether the reflected sound is helping to 

project the voice toward the audience. The rating is between ‘bad support’, 

where one cannot hear oneself, and ‘good support’. 

Is the sound natural? This question regards the quality of the 

reproduction system and might help to detect artifacts in the results. The 

score is between ‘artificial’, if one cannot even identify the own voice, to 

‘natural’, if the feeling of being in a real room is total. 

In addition, the subjects can state commentaries or suggestions about 

their experience talking in the environment. 



Thus, the voice recordings will be processed to obtain long-term 

average spectrum. The main feature to extract is the voice power level, 

although changes in spectrum and in fundamental frequency are also 

investigated. The relation between voice power level and speech level in 

the recording is calculated from calibrated measurements in a reverberant 

room, and it is an environment-independent value (though different for 

each frequency band). It is assumed that the signal picked by the subject’s 

microphone corresponds to the direct speech (and not to reflections) and 

that the directivity of the voice does not vary much with level (Giron, 

1996). 

 

 

 

 

Data analysis 

 

 

The goal of analyzing the speech levels and correlating them with different 

measurable parameters of a classroom is to obtain a quantitative prediction 

of the average vocal effort required to speak in that place. Here, the effort 

is assumed to be correlated with the increase of voice power. In addition, 

recommended values of this magnitude (in this study, the room gain is 

proposed) that do not lead to excessive vocal effort need to be studied. 

This quantitative calculation would help in the design phase of schools and 

other public spaces were people make intensive use of the voice addressing 

big audiences. 

 

 

 

Further laboratory work 

 

 

The effect of background noise will be studied in a first stage by 

reproducing stationary background noise, speech-shaped, at different 

levels and different environments. However, this is not a realistic approach 

since the main noise source in classrooms is the students and the noise they 

generate is not stationary. 

With the help of field measurements, the statistics of the students’ 

noise linked to the teachers’ voice will be modeled, and experiment with 

noise that presents speaker-level dependency will be carried. This will 

allow us to calculate the voice effort in different environments with typical 

background noise. 



Another experiment worth of research is the analysis of the visual 

impression in the voice level regulation. I.e. how different audience 

distributions in the same environment would affect the produced levels. A 

virtual reality (VR) system could be easily integrated in the system in order 

to perform these measurements. 
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