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1 Introduction 

An overall aim of the project has been to investigate the voice use of teachers in relation to the 
acoustic properties of the classroom, and to study whether speakers take into account auditory cues 
to regulate their voice levels, even in the absence of background noise. The most common means of 
communication in a classroom is speaking and listening. The teacher's voice is thus the tool for 
communicating with the students. The room acoustics in the classroom is the communication 
channel from the speaker to the listener. It affects the quality of the speech signal and thus the 
ability to understand what the teacher says. 

During the last decades, an increasing focus has been put on teachers’ voice and the consequences 
of vocal problems. A study from the mid 90’s on voice and occupations in Sweden identified 
teachers as the most common occupational group at voice clinics, based on the percentage of the 
total number of teachers in the population at that time. The prevalence of voice problems in 
Swedish teachers is, however, largely a substantial number of unrecorded cases since teachers 
rarely seem to seek help for their voice problems. Voice difficulties at work seem to be regarded as 
more of an individual problem – depending on the individual’s innate capacities or voice use or 
“abuse” – than as an occupational hazard. It has been estimated that the yearly costs for sick-days 
and treatment in US teachers amount to US$2, 5 billion. 

There have been many studies trying to optimize the acoustical conditions for the students, in terms 
of measures of the speech intelligibility, signal-to-noise ratios, or reverberation time. Most of these 
studies have focused on the listener, but it has also been pointed out that a low reverberation time 
may affect teachers' voice.  

In a pre-study of the present project, Brunskog et al. (2009), studied the classroom acoustics from 
the point of view of the speaker, and thus tried to relate the voice production process with different 
measurable parameters of the classroom, including the size of the room, acoustical parameters, and 
background noise. It was shown that the voice power used is related to the volume of the room and 
to the support, or room gain, provided at the position of the speaker.  

In the field of voice therapy and phoniatrics, teachers’ voice health problems are of major concern, 
not only due to the required clinical assistance, but also due to the financial impact that the teachers’ 
absence produces in the overall budget of the country. There is a consensus that voice load is an 
important factor for voice problems, resulting from higher fundamental frequency (F0) and higher 
sound pressure level (related to the voice power). 

One of the core concepts in this project is “speakers’ comfort” that is tied to the voice use and the 
speaker’s subjective perception of the voice. It is defined as the subjective impression that talkers 
have when they feel that their vocal message reaches the listener effectively [with no or low vocal 
effort]. In this subjective impression, experienced while hearing and perceiving one’s own voice, 
some attributes play important roles: the voice-support provided by the room and the speech 
intelligibility along with the sensory-motor feedback from the phonatory apparatus. 
 
Although much is known today about teachers’ voices and voice use, only a few studies have taken 
into account the teachers’ ratings of their work-environment in relation to their voice. Even fewer 
have explored the teachers’ voice us in the work environment. Further, the work environment, i.e. 
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the classroom’s air-quality and acoustics, has often been discussed and acknowledged to contribute 
to the vocal load, but these factors have not been very much investigated with the teacher in action. 
One purpose of the present project was thus to investigate the voices and the voice use of teaching 
staffs in their teaching environment and to explore the prevalence of voice problems in Swedish 
teachers. A second purpose was to explore the teachers’ ratings of aspects of their working 
environment that can be presumed to affect vocal behavior and voice and to measure the teachers’ 
voice use in relation to some of those factors. One more purpose was to clinically assess the voice 
function in the teachers with self-rated voice problems and compare it to their vocally healthy 
colleagues. To be able to do comparisons between the teachers, one further objective was to 
develop and assess a self-rating instrument for the rating of throat-related problems in relation to 
voice. The purpose was also to develop room acoustic measures related to the voice regulation, and 
to understand the physical parameters influencing the voice regulation. Finally, the knowledge built 
up in the project should be used to set up recommendations and design criteria for good speaking 
environments. 

The original subprojects have all been carried out. The studies and subprojects of the project can be 
summarized as follows (the papers are included in the appendix to this report): 

Voice Handicap Index – throat (A1) 

 Lyberg-Åhlander V, Rydell R, Eriksson J, Schalén L. (2010)1, Throat related symptoms and 
voice: development of an instrument for self assessment of throat problems. BMC Ear, Nose 
and Throat Disorders, 2010, 10:5. DOI: 10.1186/1472-6815-10-5. 

Prevalence of voice problems (A2) 

 Lyberg-Åhlander, V., Rydell, R. and Löfqvist, A., (2010), Speaker’s comfort in teaching 
environments: Voice problems in Swedish teaching staff. Journal of Voice, in press. 
Corrected proof, available online 26 March 2010. DOI: 10.1016/j.jvoice.2009.12.006 

Etiology of voice problems (A3) 

 Lyberg-Åhlander, V., Rydell, R. and Löfqvist, A. (2011), How do teachers with self-
reported voice problems differ from their peers with self-reported voice health? Manuscript 
submitted for publication.  

Voice level and speaker comfort in real rooms (B1) 

 Brunskog, J., Gade, A.C., Payà-Ballester, G.; Reig-Calbo, L. (2009) 1, Increase in voice 
level and speaker comfort in lecture rooms. Journal of the Acoustical Society of America, 
125, 2072-2083. 

 Pelegrín-García, D. (2011), Comment on “Increase in voice level and speaker comfort in 
lecture room”’. Journal of the Acoustical Socety of America, 129, 1161-1164. 

 Pelegrín-García, D., Smits, B., Brunskog, J, Jeong, C.-H. (2011), Vocal effort with changing 
talker-to-listener distance in different acoustic environments. Journal of the Acoustical 
Socety of America, 129, 1981-1990. 

                                                            
1These papers are pre-studies, but have been finished within the project period. 
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The virtual environment (B2) 

 Pelegrín-Garcia, D, Brunskog, J. (2011), Loudspeaker-based system for real-time own-voice 
auralization. Manuscript. 

 Pelegrín-Garcia, D, Brunskog, J. (2010), Natural variations of vocal effort and comfort in 
simulated acoustic environments. Proceedings of EAA Euroregio 2010, Ljubljana, Slovenia 

 Bottalico, P., Pelegrín-Garcia, D., Astolfi, A., and Brunskog, J. (2010), Measurement of 
vocal doses in virtual classrooms. Proceedings of Internoise 2010, Lisbon, Portugal 

 Brunskog, J., and Pelegrín García, D. (2010), Speaking comfort and voice use of teachers in 
classrooms. Italian Journal of Acoustics, 34, 51-56. 

Loudness of one’s own voice (B3) 

 Pelegrín-García, D., Fuentes-Mendizabal, O.,  Brunskog, J, and Jeong, C.H. (2011), Equal 
autophonic level curves under different room acoustics conditions. Manuscript submitted for 
publication. 

Field study of voice use (C) 

 Pelegrín-García, D., Lyberg-Åhlander, V., Rydell, R., Löfqvist, A. & Brunskog, J.,  (2010), 
Influence of Classroom Acoustics on the Voice Levels of Teachers With and Without Voice 
Problems: A Field Study. Proceedings of Meetings on Acoustics, Vol. 11, ASA. 

 Lyberg-Åhlander, V., Pelegrin-Garcia, D.,  Rydell, R. and Löfqvist, A. (2011), Teacher’s 
Voice Use in Teaching Environments: A Field Study Using Ambulatory Phonation Monitor 
(APM). Manuscript submitted for publication. 

 Pelegrin-Garcia, D., Brunskog, J., Lyberg-Åhlander, V. & Löfqvist, A. (2011), 
Measurement and prediction of acoustic conditions for a talker in school classrooms. 
Manuscript. 

The work of the project will also result in 2 PhD theses, of which one is published at the time of 
writing: Viveka Lyberg Åhlander, Voice use in teaching environments Speakers’ comfort Lund 
university (2011). 

The report has the following structure: Some of the methods being developed and used in the 
subprojects are first briefly described in chapter 2. The main results of the subprojects are then 
summarized in chapter 3. The findings within the project are then discussed in chapter 4. The major 
conclusions are given in chapter 5. Finally, the publications and other ways of 
spreading/implementing the findings of the project are described in chapter 6. 

The project has been done in close cooperation between the Acoustic Technology group at the 
Department of Electrical Engineering, at the Technical University of Denmark (DTU), which is 
responsible for the technical-acoustic experiments and analyzing them, and the Voice Research 
Group at the Department of Logopedics, Phoniatrics and Audiology, Lund University (LU), 
Sweden. The project has been operating through the Sound Environmental Center 
(Ljudmiljöcentrum) at Lund University. 

Informed, written consent was obtained from all subjects and all headmasters of the schools 
included. The protocols have been approved by the Institutional Review Board Lund University (No 
LU 366-01) and by the Regional Review Board (#248/2008).  
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2 Method overview 

During the course of the project, several methodological issues have been considered. Some of them 
are briefly described here. 

2.1 Prevalence of voice problems (A2) 
In Lyberg-Åhlander, V., Rydell, R. and Löfqvist, A., (2010), an epidemiology study, a screening 
questionnaire was developed to assess teachers’ ratings of their working environment and also to 
estimate the prevalence of voice problems in teachers. The questionnaire covered fifty-two items in 
three main domains:1) background information; 2) room acoustics, perception of noise levels and 
other issues related to the environment: (items 1-13); and 3) voice problems, vocal behaviour and 
statements about skills in voice use: (items 14-32). Items in part 1 were answered by yes/no or 
description in free text. The items in part 2 were statements, e.g., “The air in the classroom is dry”, 
which were rated on a scale from 0 to 4, where 0=completely disagrees and 4= completely agrees. 
The items in part 3 were statements, e.g., “I have to clear my throat”, which were rated on a 
frequency-based scale from 0 to 4. Two statements were considered to be index-statements: #1:” 
The classroom acoustics help me talk comfortably” and #32:”I have voice problems”. The 
questionnaire was tested in a pilot study of 63 teachers, all permanent staffs of one high school. A 
reference group attached to the project (experts in occupational and environmental medicine, voice, 
acoustics, and representatives of the teachers’ unions, and building proprietors) also made 
comments. The validity of the questions was also discussed by a group of experienced teachers, 
representing the different teaching levels included in the study. Based on the pilot study and the 
feedback, the questionnaire was revised into its final form. 

The questionnaire was distributed to 487 responders at their collegial meetings. The teachers were 
accessed via the headmasters of 53 randomly selected schools in the region. The choice of 
geographical area was based on a uniform distribution of air pollution, and on an equivalent 
population density. Participation was accepted by 22 schools. The teachers were informed about the 
study at regular, pre-scheduled, compulsory collegial meetings at each school. The questionnaire 
was distributed, completed, and collected during one and the same meeting. The teachers completed 
the questionnaire anonymously. If, however, a teacher was interested in continued participation in 
the project, contact information was obtained on a voluntary basis. All teachers participating at the 
conferences answered the questionnaire. Visits to distribute and collect the questionnaire were 
mainly made from January to April 2009. The questionnaire was completed by 73% of all the 
teachers of all the included schools. Nine of the questionnaires were excluded due to incomplete 
data. Further, eleven questionnaires were excluded since they had mistakenly been given to teacher-
students who had participated in the collegial meetings where the questionnaire was distributed. 
Data from a total of 467 responders (336F:131 M, median age 47, range: 23-69) was thus finally 
evaluated. Teaching staff at all levels were included, except pre-school teachers at pre-schools and 
day-care-centres and teachers at specialised, vocational high schools, due to the large variety of 
teaching premises; see (Table 1) for the distribution of teaching levels.  
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Table 1. Teaching level of 467 teachers 
Teaching level  N teachers 

Junior+intermediate school  203 

Secondary school  108 

High school  156 

 

Based on the ratings of statement #32 “I have voice problems”, the participants were divided into 
two groups. Group I, (N=60) consisted of teachers suffering from voice problems sometimes, often, 
or always. Group II (N=407) included teachers having rated 0-1, i.e., never or only occasionally 
experiencing voice problems. There were no significant differences between the groups for gender 
(Group I 80% F/20% M, Group II 71% F/29% M), age (Group I Md=49,5, Group II Md=46), 
smoking (Group I 10%, Group II 7%), or years of occupation (Group I Md=20, Group II Md=16), 
as shown by a chi square test. 

2.2 Etiology of voice problems (A3) 

The study by Lyberg-Åhlander, V., Rydell, R. and Löfqvist, A. (2011) is prospective, has a case-
control design and aimed at investigating the etiology of voice problems in teachers by exploring 
possible differences between 31 teachers with voice problems and their 31 age and gender matched 
voice healthy colleagues. All participants were recruited among the population of teachers from 
study A2. Planned continuation of the project was explained and 220 of the teachers were interested 
in further participation: n=41 who had rated themselves as suffering from voice problems and 
n=179 who had estimated no voice problems in study A2. The teachers with voice problems were 
matched for age and gender to voice healthy colleagues from the same schools. Ten subjects with 
voice problems were excluded: one due to lack of any control at his school; two smoking subjects 
since it was not possible to find a gender- and age matched smoking control at the school; one 
subject was not possible to reach and six subjects declined to participate due to lack of possibility or 
interest. Finally, two paired groups of teachers were formed: Group I (N=31, 26F/5M) included 
teachers with self-assessed voice problems, with a median age of 51 years (range 24-65) and a 
median time in occupation of 15 years (range 1-40); Group II (N=31, 26F/5M) included teachers 
without voice problems with a median age of 43 years (range 28-61) and median time in occupation 
of 14 years (range 2-39). The pairs came from 12 of the 22 schools in study II. 
The teachers underwent examination of the larynx and vocal folds with a 70 degree rigid 
laryngoscope. A digital documentation system was used, HRES Endocam (Wolf, Germany). First, 
high resolution mode was used for evaluation of organic lesions, adduction and abduction. In high-
speed mode 2000 frames/s were recorded for male subjects and 4000 frames/s for female subjects. 
These recordings were used to evaluate mode and symmetry of vibration at the glottal level. A 
recording of a read text was used for perceptual evaluation of the voice and for acoustic 
measurements. In addition, a standard Voice Range Profile was used to examine the range of 
intensities and fundamental frequencies that a participant could produce. 
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2.3 Voice level and speaker comfort in real rooms (B1) 
For the laboratory experiments, real or simulated (auralizated) rooms can be used. The visual 
impression of the room cannot easily be included in the auralization. This might be a positive aspect 
in many cases, but sometimes it is important to get the visual size of the room and the distance to 
the audience right. Therefore, real rooms have been used for some of the laboratory experiments.  

Within the project, new metrics describing the room acoustic conditions for a talker have been 
introduced. The room acoustic parameters for a talker are related to the possible ways in which his 
own voice reaches his ears. They require the measurement of the airborne acoustic path between the 
mouth and the ears, which is characterized by a room impulse response (RIR) h(t). This airborne 
path has two components: the direct sound, transmitted directly from the mouth to the ears, and the 
indirect sound, coming from reflections at the boundaries. For this reason, the last component is 
also referred to as reflected sound. Two parameters are derived from the RIR measurement, using a 
head and torso simulator (HATS, dummy head), and the relation between the direct and the 
reflected sound, expressed in the quantities room gain and voice support. The background of the 
support measure comes from musical room acoustics, where the concept is used in connection to the 
stage, and is related to the possibility for the musicians to hear themselves when playing. Room 
gain was introduced in Brunskog, J., Gade, A.C., Payà-Ballester, G.; Reig-Calbo, L. (2009). The 
measurement principles were reconsidered and the voice support measure was introduced in 
Pelegrín-García, D. (2011). 

The room gain  was defined as the degree of amplification provided by the room to one’s own 

voice, disregarding the contribution of the own voice which is transmitted directly through the 
body. This is the difference between the total energy level in a room and the direct energy level. 
Originally Brunskog et al. calculate the direct energy level with a RIR measurement in an anechoic 
environment. 

dEERG LLG ,  (1) 

In Pelegrin-Garcia (2011), the voice support is chosen as an alternative measure for the degree of 
amplification of a room to one’s own voice. In this case, the voice support compares the energy 
level of the reflections LE,r with the energy level of the direct sound, extracted from the impulse 
response corresponding to the path between the mouth and the ears. 

  110log10 10/
,,  RGG
dErEV LLST . (2) 

The voice support ranges from -18 dB to -5 dB in normal rooms, whereas the room gain is limited 
to a range between 0 dB and less than 2 dB. 

The RIR has to be measured with a dummy head that contains a loudspeaker at its mouth, used as 
source, and microphones at its ears, used as receivers. To ensure a correct separation of the direct 
and the reflected sound components, it is necessary to place the dummy head more than 1 m from 

RGG
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reflecting or scattering surfaces, measured from the center of the mouth. In this way, there is a time 
gap free of reflections after the arrival of the direct sound. Then, the direct sound component is 

extracted by applying a window , of 5 ms duration, to h(t). The complementary window, 

is applied to h(t) in order to extract the reflected component arriving to the ears. 

An illustration of the signal and the windows is shown in Figure 1. 

 

Figure 1: Example of an IR and windowing applied to extract direct and reflected components. 

The windowed signals  and can be filtered using one-octave bandpass filters 

with center frequencies between 125 Hz and 4 kHz to study the importance of directed and reflected 
sound in the octave bands of interest in room acoustics. These bandpass filters are here generically 
called . Thus, the energy levels  and , for the direct and the reflected components, 

respectively, are: 

  (3) 

 (4) 

The symbol  denotes the mathematical operation ‘convolution’. Furthermore, the total energy level 

after filtering the IR is: 

 (5) 

No reference value is used here, because the absolute value of these energy levels is not of concern, 
but only the difference between values of total, direct and reflected parts. 

Talkers adjust their vocal effort to communicate at different distances, aiming to compensate for the 
sound propagation losses.  In Pelegrín-García, D., Smits, B., Brunskog, J, Jeong, C.-H. (2011), the 
speech from thirteen talkers speaking to one listener at four different distances in four different 
rooms was recorded. The speech signals were processed to calculate measures of vocal intensity, 
F0, and the relative duration of the phonated segments. For each subject, the experiment was 
performed in a total of 16 different conditions, resulting from the combination of four distances 
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(1.5, 3, 6, and 12 m) and four different environments: an anechoic chamber, a lecture hall, a long, 
narrow corridor, and a reverberation room. 

In Brunskog, J., Gade, A.C., Payà-Ballester, G.; Reig-Calbo, L. (2009), both subjective responses 
and objective measures of the room and of the voice level where collected. The range in the 
physical parameters of the six rooms of the study were wide, including small meeting and listening 
rooms; a medium size lecture room; two lager auditoria’s, one with high reverberation time and one 
with low; and a large anechoic room.  

Different instructions to the test subjects were used in different experiments. In Brunskog, J., Gade, 
A.C., Payà-Ballester, G.; Reig-Calbo, L. (2009) each of the speakers held a short lecture (about 5 
minutes). A map test was used in Pelegrín-García, D., Smits, B., Brunskog, J, Jeong, C.-H. (2011). 
The talkers were given a map which contained roughly a dozen of labeled items (e.g. “diamond 
mine”, “fast flowing river”, and “desert”), starting and ending point marks, and a path connecting 
these two points. They were instructed to describe the route between the starting point and the 
finishing point, indicating the items along the path (e.g., “go to the west until you find the harbor”), 
while trying to maintain eye-contact with the talker. There were sixteen maps in total, and a 
different map was used at each condition. The order of the maps was randomized differently for 
each subject. 

2.4 The virtual environment (B2) 

A real-time self-voice auralization system has been developed within the project (Pelegrín-Garcia, 
D, Brunskog, J., 2011). The room, called SpaceLab, consists of 29 loudspeakers placed in a quasi-
sphere around a subject in a highly damped room, The speech signal from the subject in the center 
is picked with a headworn microphone, convolved in real time with the room impulse response 
(RIR) of the environment, and recorded for analysis. As a result, the talker has the impression of 
being speaking in another room.  

A block diagram of the system is shown in Figure 2 left, and in the right is shown a subject being in 
the room. Here, the RIR (stored in 29 WAV files, one for each loudspeaker) is loaded into the 
convolution software jconvolver. This requires the computer modeling of the desired room and the 
calculation of the different transmission paths with a room acoustics simulation software (Odeon). 
The output of Odeon is decoded and encoded in Ambisonics, adjusted to the requirements of the 
system. An equalizer filter is used to correct the biased spectral distribution of the speech signal at 
the head worn microphone. The system is implemented so that background noise can be added. 



10 

 

 

Figure 2: Left: Block diagram of the virtual acoustic system. Right: The auditory virtual 
environment. 

2.5 Loudness of one’s own voice (B3) 

The loudness with which talkers perceive their own voice is called the autophonic rating. Pelegrín-
García, D., Fuentes-Mendizabal, O., Brunskog, J, and Jeong, C.H. (2011) investigated the extent to 
which room acoustics can alter the autophonic rating and induce Lombard effect-related changes in 
voice. A reference sound at a constant sound pressure level (SPL) was presented, and the subjects 
were asked to produce a vocalization (either /a/, /i/, or /u/) with the same loudness as the reference. 
14 subjects took part in the experiment. Each subject produced a total of 60 vocalizations that were 
stored and analyzed to extract the results. 
 
The experimental setup is shown in Fig. 3., which is an alternative earphone implementation to the 
loudspeaker based auditory virtual environment in study B2. The experiment took place in an 
anechoic chamber in order to remove all reflections from the room. The indirect auditory feedback 
was generated by picking the voice from the talker, convolving it with a synthetic impulse response, 
and playing it back via earphones specially designed to minimize the blocking of direct sound and 
preserve the usual bone conduction path. The voice of the talker was picked with a microphone 
located on the cheek at a position 5 cm from the lips’ edge in the line between the mouth and the 
right ear. This signal was sampled using an audio interface, which was connected to a computer 
running the convolution software jconvolver under Linux. The convolution system introduced an 
overall delay of 11.5 ms between the arrival of the direct sound at the ears and the indirect auditory 
feedback generated in the convolution process. The resulting signal was again converted into the 
analog domain and reproduced through the two channels (left and right) of the earphones. Figure 3 
right shows the custom earphones used in the experiment. 
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Figure 3: Left: the experimental setup for equal autophonic level experiments. Rigth: The custom 
earphones 

The experiment was carried out using two different signals as the loudness reference. The first one 
is called “Voice Level Matching Test” (VLMT) which uses recordings from subjects’ own 
vocalizations as a reference, and the second one is called “Tone Level Matching Test” (TLMT). 
The reason for this decision was twofold. First, having a human vocalization as the reference could 
possibly lead to an imitation of the vocal effort, not a replication of loudness. Second, using a pure 
tone could have made the task more difficult because of the mismatch in the perceived sound 
quality of the reference and the vocalization. 

2.6 Field study of voice use (C) 

The field study is a prospective study with a case-control design, which investigated the voice use 
during a typical school day in teachers with voice problems and their voice healthy school 
colleagues, measured with a voice accumulator and a structured diary. For this study, n=28 teachers 
were recruited among the 62 participants in study A2. The pairs worked at the schools with the 
highest frequency of matched pairs, 3 schools, and they formed two groups: Group I: teachers with 
self-assessed voice problems (n=14, 12F:2M median age: 41, range: 24-62), and Group II: teachers 
without voice problems (n=14, 12F:2M median age: 43, range: 28-57). Median years in occupation: 
Group I: 13, range 2-40 and Group II: 18, range: 2-28. The groups did not differ for age or years in 
occupation as shown by a paired t-test.  

In Lyberg-Åhlander, V., Pelegrin-Garcia, D.,  Rydell, R. and Löfqvist, A. (2011), ‘Teacher’s Voice 
Use in Teaching Environments: A Field Study Using Ambulatory Phonation Monitor (APM)’, the 
teachers were registered with the Ambulatory Phonation Monitor 3200 vers. 1.04 (APM)(APM, 
KayPentax New Jersey, USA). The APM uses an accelerometer to measure the skin vibrations of 
the neck that occurs during phonation. Based on the vibrations, the APM software estimates the 
phonation duration, fundamental frequency F0 (in Hz), sound pressure level SPL (in dB), and vocal 
doses. The APM does not record ambient noise, nor record the spoken message. Good accuracy has 
been shown for the APM’s estimation of F0 and phonation duration compared to recordings with 
traditional microphones. It also has a reasonably reliable estimation of the sound pressure level with 
an average error of 3.2 dB (SD 6 dB). 
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Simultaneously with the APM recordings, the noise and voice levels at the teacher’s position were 
measured with a sound level meter Svantek, mod. SV-102. The signals were picked up by a lapel 
microphone at a distance of 15 cm from the teacher’s mouth. The sound level meter was placed in 
the same waist-bag as the APM box (Pelegrín-García, D., Brunskog, J., Lyberg-Åhlander, V., 
Rydell, R., & Löfqvist, A., 2010), ‘Influence of Classroom Acoustics on the Voice Levels of 
Teachers With and Without Voice Problems: A Field Study’. Moreover, the following acoustic 
properties of the classrooms were evaluated background noise level, reverberation time, speech 
transmission index, sound strength and voice support while the classrooms were empty, due to 
logistics. A head and torso simulator (HATS) was used for the voice support measurements, and an 
omnidirectional loudspeaker was used for the other room acoustic parameters. Additionally, the 
geometrical dimensions of the room were measured. The air humidity, room temperature, and the 
carbon dioxide (CO2) contents of the air were simultaneously measured during the work-hours with 
an indoor air quality measuring device. 

3 Results 

The most important results and finding of the subprojects are summarized below. The complete 
results can be found in the papers in the appendix of the report. 

3.1 Voice Handicap Index – throat (A1) 

The aim of this study was to develop and evaluate an instrument that could simplify the patients' 
estimation of symptoms from the throat and to consider their relation to voice problems 
simultaneously. The Voice Handicap Index (VHI) had been in use at the voice clinic in Lund for a 
long period. A new subscale, named “throat scale” was constructed, using the same format, the 
same phrasing, and rating scale as in the VHI. The result, the VHI-Throat (VHI-T) was tested for 
validity, reliability, and test-retest stability. The test-retest reliability of the total VHI-T score was 
estimated with IntraClass coefficient (ICC), =0,968, proving a good reliability of the questionnaire. 
A paired samples t-test revealed no significant differences between the first and second occasion for 
neither the total VHI-T scores, nor the individual subscale in patients and controls. The VHI-T total 
score in all patients assigned to five different diagnose-groups was significantly higher than in the 
voice-healthy controls, thus indicating that the questionnaire separated persons with and without 
voice pathology. The difference in VHI-T scores between the patients and the controls was 
significant also for all subscales. Moreover, there was a good correlation of the test- retest 
occasions: the reliability testing of the entire questionnaire showed an alpha value of r = 0,90 which 
indicates a high degree of reliability, well in line with results reported by others. The Throat 
subscale separately reached an alpha value of r = 0,87, which is also considered a high reliability. 
The VHI-T thus proves to be a valid and reliable instrument for the estimation of self-perceived 
throat and voice problems. The throat subscale seems to reveal symptoms that are common in 
patients but that have not before been possible to uncover with the questionnaires designed for use 
in the voice clinic. The results show that symptoms from the throat are not uncommon in most 
voice diagnoses and that some scoring on the throat scale also occurs in completely voice-healthy 
individuals. 
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3.2 Prevalence of voice problems (A2) 

This study examined how a group of Swedish teachers rate aspects of their working environment 
that can be presumed to have an impact on vocal behavior and voice problems. The secondary 
objective was to explore the prevalence of voice problems in Swedish teaching staff. A 
questionnaire was distributed to the teachers of 22 randomized schools. The results showed that 
13% of the whole group reported voice problems occurring sometimes, often, or always. 

The statements of the questionnaire were subjected to a principal component analysis (PCA). Prior 
to performing the PCA, the suitability of data for factor analysis was assessed. Inspection of the 
correlation matrix revealed the presence of many coefficients of ≥.3. The PCA revealed two 
components of eigenvalues exceeding 1 for the statements about room acoustics explaining 29.7% 
and 10.7% of the variance. There was a moderately strong correlation between the two factors 
(r=,542). For the statements about the voice, four components were found explaining 39,2%, 8.1%, 
7,4%, and 5,7% of the variance. There was a weak positive correlation between components 1 and 2 
(r=,338), 1 and 4 (r=,352) and 2 and 4 (r=,113) and a weak negative correlation between comp 1 
and 3 (r=-,388), 2 and 3 (r =-,306) and 3 and 4(r=-,244). These findings indicate that the items listed 
under each component are highly loaded specifically onto one of these four independent underlying 
components. The loading of the acoustic and environmental statements on the two components of 
the PCA analysis were interpreted as follows: 

• Component one includes the voice function and the interaction of the voice with the class room 
acoustics. 

• Component two can be interpreted as covering external sources influencing the voice use.  

The loading of the voice statements on the four components of the PCA analysis was interpreted as 
follows: 

• Component 1 includes symptoms traditionally considered as early signs of voice problems and can 
most likely be interpreted as such also in this study, in particular due to the inclusion of statement 
32 “I have voice problems” within this component. 

• Component 2 can be viewed as “consequences of voice problems” 

• Component 3 seems to reflect functional/emotional aspects of voice problems 

• Component 4 includes symptoms from the throat. 

Based on the ratings of statement 32 “I have voice problems”, the participants were divided into 
two groups. Group I, (N=60) consisted of teachers having rated 2-4, i.e., suffering from voice 
problems sometimes, often, or always. Group II (N=407) included teachers having rated 0-1, i.e., 
never or only occasionally experiencing voice problems. There were no significant differences 
between the groups for gender or age computed by a chi-square test. There were no differences for 
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smoking; years of occupation, voice training, possibility to rest, or for subject taught. Thus, we 
could not find teaching of any subject to be more hazardous to the voice. 

3.3 Etiology of voice problems (A3) 

This prospective, randomized case-control study compared pairs of teachers from study A2. 
Teachers with self-reported voice problems, n=31, were compared to age, gender and school-
matched colleagues with self-reported voice health. The self-assessed voice function was related to 
factors known to influence the voice: laryngeal findings, voice quality, personality, hearing, psycho 
social and coping aspects, searching for objective manifestations of voice problems in teachers. 
Differences were found for all statements of all subscales of the VHI-T as shown by paired samples 
t-test and for time for recovery after voice problems computed by chi-square test: 2, (7 n=60) = 
17.608, p=0,014. Within the group of teachers with voice problems, 18% had considered change of 
work due to voice problems but none in the voice healthy group, as shown by Fisher’s exact test 
(p=0,029). For the frequency of occurrence of voice problems, a chi-square test showed significant 
differences between the two groups: 2, (5 n=60) = 20.138, p=0,01, Odds Ratio= 3.99, indicating 
that teachers with voice problems were close to four times as likely to rate a high frequency of voice 
problems. There were also significant differences between the groups for voice problems occurring 
without a concurrent upper-airway infection, 2, (2 n=60) = 18,670 p=0.0008, OR=3.60. 
 
Minor morphological abnormalities of the vocal folds were found in 13 subjects (5/31 in Group I 
(teachers with voice problems), 8/31 in Group II (voice healthy teachers)); some remarks on voice 
quality and hearing were made, and also some negative reports of psychosocial well being, but with 
no differences between the groups. The instrumental analyses of voice range (Voice Range Profile ) 
and F0 in running speech did not show any differences between the groups. Further, there were no 
differences between the groups shown by the analysis of the Long Time Average Spectra. The 
ratios of the 0-1 kHz and 1-5 kHz frequency bands and the energy in the frequency band 5-8 kHz 
show that the voices should be considered to be modal to hyperfunctional. 

3.4 Voice level and speaker comfort in real rooms (B1) 

The pre-study by Brunskog, J., Gade, A.C., Payà-Ballester, G.; Reig-Calbo, L. (2009) showed a 
correlation between the physical characteristics of the rooms and the voice power, and with 
perceived quality, such that the room is perceived good or bad to talk in. The parameters in the 
room that primarily affect the voice power are the size of the room and the room gain provided by 
the room. In Pelegrín-García, D. (2011), a simplified and improved method for the calculation of 
room gain is proposed, in addition to a new magnitude called voice support. The new measurements 
are consistent with those of other studies.  However, it turned out to be impossible to replicate the 
room gain measurements of Brunskog et al. in the original rooms of their study, probably due to a 
less stable measurement procedure, so the measurements were repeated. 

The new room gain values differ considerably from the original ones. In order to enable a reliable 
comparison with future studies, the empirical model relating voice power level from the study of 
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Brunskog et al. to the room gain had to be recomputed. The relative voice power level (∆LW) is 
defined as the difference between the overall  LW in a certain room and the overall  LW measured in 
the anechoic room. A simplified linear model of only one explanatory variable is 

 dB5.135.0 RGW GL  .    (6) 

The model predicts a decrease in the expected voice power level with increasing room gain (R2 = 
0.83, p = 0.01).This can be interpreted as: rooms with low room gain demand higher vocal intensity 
from talkers. 

Talkers adjust their vocal effort to communicate at different distances to compensate for the sound 
propagation losses. In Pelegrín-García, D., Smits, B., Brunskog, J, Jeong, C.-H. (2011), the speech 
from talkers speaking to a listener at four different distances in four different real rooms was 
recorded.  The listener moved alternately at positions located at 1.5 m, 3 m, 6 m and 12 m away 
from the talker. This experiment was repeated in four rooms: an anechoic chamber, a reverberation 
room, a long narrow corridor and a big lecture room. The measurements show that speakers raise 
their vocal power when the distance to the listener increases, at a rate of 1.5~2.0 dB per double 
distance (see Figure 6, left). The voice power level produced in the anechoic room differed 
significantly from the other rooms.  

    
Figure 6: Left: Variations in voice power level versus distance. The lines show the predictions of 
the empirical model. Right: Phonation time ratio versus distance. The lines show the predictions of 

the empirical model. 

The measured LW, as a function of the distance and for each of the rooms, averaged across all 
subjects, is shown in Fig. 6 left. In the same figure, the lines show the fixed-effects part of the 
empirical model. LW depends almost linearly on the logarithm of the distance (with slopes between 
1.3 dB and 2.2 dB per doubling distance) and changed significantly among rooms (intercepts 
between 54.8 dB and 56.8 dB). At each distance, the highest LW was always measured in the 
anechoic room. A significant interaction was found between the room and the logarithm of the 
distance, because the variation of LW with distance in the reverberation room (1.3 dB per doubling 
distance) was lower than the variation in the other rooms (1.9 to 2.2 dB per doubling distance).  
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Figure 6 right shows the subject-averaged measured fundamental frequency F0 (data points) and the 
corresponding empirical model (lines) for the different distances and rooms.  F0 changed 
significantly among rooms (intercepts between 119.3 Hz and 123.6 Hz) and had an almost linear 
dependence on the logarithm of the distance, with a slope of 3.8 Hz per doubling distance, identical 
for all the rooms. However, in the anechoic and reverberant rooms, there was less variation between 
the distances of 1.5 m and 3 m than at further distances. F0 in the anechoic room was about 4 Hz 
higher than in the other rooms for all distances. The standard deviation of the intersubject variation 
was estimated at 16.3 Hz, whereas the individual differences in the variation of F0 with distance 
had a standard deviation of 2.95 Hz per doubling distance. 
 

 

Figure 7: Average long-term standard deviation of the fundamental frequency used by talkers at 
different distances to the listener. The lines show the predictions of the empirical model. 
 
The measured standard deviation of the fundamental frequency, F0 , as a function of the distance 
and for each of the rooms, averaged across all subjects, is shown in Fig. 7 The lines in the figure 
show the fixed effects part of the empirical model. F0 changed significantly between rooms 
(intercepts between 19.2 Hz and 23.2 Hz) and had a weak linear dependence on the logarithm of the 
distance, with a slope of 0.63 Hz per doubling distance, equal among the rooms. 
 
As all of the measured parameters vary with distance and acoustic environment, they are potential 
indicators of vocal effort. 
 
Furthermore, the subjects expressed their preference about vocal comfort, stating that the least 
comfortable environments were the anechoic room and the reverberation room. While the analysis 
of the voice levels cannot account for this preference, other parameters might be better suited. The 
phonation time ratio (ratio between duration of voiced segments and total duration of running 
speech) might be appropriated for this purpose. The subjects produce longer vowels in the anechoic 
room and the reverberation room, compared to the two other rooms, either to overcome the poorer 
speech intelligibility at the listener location (in the reverberation room) or due to the raised voice 
levels (in the anechoic room). 
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3.5 The virtual environment (B2) 
 The experiment in the virtual environment aimed to investigate the voice used by a teacher to 
address a group of imaginary students under different simulated acoustics.  
 
In a pre-experiment, Pelegrín-Garcia and Brunskog (2009b) (not included in the appendix, but also 
reported in Brunskog, J., and Pelegrín García, D., 2010), five subjects, aging 23-35 with normal 
hearing and voice status, talked freely in 5 different simulated acoustic environments during 3 
minutes in each of them. The goal was to give a lecture of a familiar topic to an imaginary group of 
30 students located in front of them. In addition, they had to answer a small questionnaire after 
speaking in each simulated room. The results in Figure 8 left show a significant linear dependence 
(R2=0.92) between the changes in voice power level used by the speaker and the voice support 
provided by the room to the talker’s voice, with a slope of -0.65 dB/dB, although the absolute mean 
variations were between 2 and 3 dB. The fundamental frequency used by the talkers changed 
significantly between environments, although it did not follow a linear trend. 

 

Figure 8: Measured relative voice power level versus support, using free speech. Left: Five subject 
(students) and five simulated room (Odeon), dashed line: regression. Right: Five subject (teachers) 
and ten simulated rooms (modified gain), dashed line: regression, solid line: regression from left 

figure.  

The goal of the next experiment, reported in Brunskog, J., and Pelegrín García, D. (2010), was to 
measure the vocal output when the gain of the RIR was changed, and thereby also changing the 
voice support, but keeping the reverberation time fixed. Thus, the different stimuli did not 
correspond to actual simulated rooms, but to a single impulse response with 10 different gains. Five 
teachers talked freely in 10 different simulated acoustic conditions during 3 minutes in each of 
them. The goal was to give a free speech lecture of a familiar topic to an imaginary group of 30 
students located in front of them. The measured variations in voice power level used by subjects are 
shown in Figure 8 right. The trend of the voice power level, indicated by the dashed line, lays very 
close to the voice power level measured in the first pre-experiment (solid line). The slope of the line 
is in this case -0.58 dB/dB. This indicates that the experiment is fairly repeatable, and that the 
acoustic environment can systematically change the vocal behavior. 
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Figure 9: Left: LW versus STV. Right: Number of read words versus T30. Different symbols 
correspond to different subjects. The dashed lines correspond to regression lines calculated with 

linear mixed models 

In the next experiment, thirteen teachers (4 females, 9 males) of secondary school, high school, and 
university, aging 30 to 67 years, participated in the experiment. The teachers did not have known 
voice problems (according to their statements) or hearing loss greater than 25 dB HL below 4 kHz. 
Once they were in the laboratory room, and for each condition, they were instructed to read a text 
during 2.5 minutes, addressing a listener located at a distance of 2 m. A dummy head was located at 
that position to provide the visual distance cue. There were ten experimental conditions, consisting 
of nine different simulated IR and the condition zero of no RIR simulated (and thus corresponding 
to the actual acoustic conditions of the laboratory room). The nine experimental conditions were the 
combination of three different classroom geometries and three different placements of absorptive 
materials in those rooms. Figure 9 shows the measured LW against STV values (left), and the number 
of words versus the T30 (right). The figure shows a large spread among observations. Most of them 
are related to individual factors which only shift the absolute values, while keeping similar 
variations among conditions. The factor “subject” was considered a random effect, and a linear 
mixed model was used to evaluate the dependence of LW with STV, finding a significant relationship 
(p=0.004). An identical procedure was followed to analyze the number of read words (p=0.045). 
The regression lines shown in Fig. 9 correspond to the output of the linear mixed models. The 
sound power level of the voice decreases with the STV, at a rate of -0.21 dB/dB. This rate is smaller 
(in absolute value) than reported in Fig. 8 or found in the pre-study. This deviation can be due to the 
different instructions given to the subjects: One reason for this might be that asking the talker to 
read a text aloud for a listener located at 2 m does not lead to the same voice adjustment as it would 
be required for addressing a group of people at further distances with spontaneous speech.  

Another experiment was carried out at DTU in collaboration with the Politecnico di Torino, 
(Bottalico, P., Pelegrín-Garcia, D., Astolfi, A., and Brunskog, J., 2010), ‘Measurement of vocal 
doses in virtual classrooms’. The goal was to measure vocal doses of speakers under different 
conditions of room acoustics and noise. Vocal doses are a set of measures derived from an 
estimation of the SPL and the fundamental frequency used by a talker during phonation. They are 
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measured with an accelerometer attached to the talker’s neck and an Ambulatory Phonation 
Monitor (APM). 
 
In the SpaceLab, 22 untrained talkers (11 males, 11 females), without self-reported known problems 
with their hearing or their voice, had to read aloud a text passage from “Goldilocks” during two 
minutes under 13 different acoustical conditions. These conditions combined different kinds of 
background noise (traffic, ventilation, or babble noise), at levels ranging from 37 dB to 57 dB, and 
different room impulse responses, obtained by simulation of medium-sized classrooms with T30 in 
the range between 0.33 s to 1.47 s and STV in the range from -17.8 dB to -13.6 dB. There were 
significant differences in Vocal Load Index (VLI) between the conditions with low background 
noise and the conditions with higher background noise. Only when the background noise is 
sufficiently low (LN < 40 dB), there is an effect of different values of STV on the VLI. In this 
situation, conditions with high STV values result in lower Vocal Loading than in conditions with 
low STV. 

3.6 Loudness of one’s own voice (B3) 

An experiment was conducted to obtain the relative voice levels that kept the autophonic level 
constant under different room acoustics conditions described by the parameters room gain and voice 
support. Fourteen subjects matched the loudness level of their own voice (the autophonic level) to 
that of a constant and external reference sound, under different synthesized room acoustics 
conditions. A four way ANOVA reveals that there is a significant effect of the acoustic condition 
(F(8, 652) = 92.4, p < 0.0001), responsible for almost the 90% of the explained variance. Gender 
has also a significant effect (F(1, 652) = 43.2, p < 0.0001), and is responsible for another 5% of the 
explained variance. The variables reference and vowel do not show significant effects. However, 
there are significant interactions between reference and vowel (F(2, 652) = 5.55, p = 0.004) and 
between vowel and gender (F(2, 652) = 5.13, p = 0.006), responsible however, for less than 3% of 
the explained variance. There are no significant interactions between the acoustic condition and any 
other variable. In the additive model, the average relative voice level LZ is -3.3 dB for females, 
whereas it is -2.2 dB for males. Analyzing the voice levels in one-octave bands and with different 
frequency weightings, a set of equal autophonic level curves was generated, Fig. 10. 
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Figure 10: Relative voice levels as a function of the room gain (top row) and the voice support 

(bottom row), for male (left column) and female subjects (right column). The reference value for 
each subject is the voice level produced without simulated reflections. The curves are the best 
fitting models for each relative voice level descriptor. The bars around the points indicate ±1 

standard error. 
 
These curves allow to determine the expected voice level differences in different rooms which are 
purely related to the Lombard-effect or sidetone compensation. An average model for males and 
females together, for unweighted LZ and A-weighted LA  
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From the observation of the measured relative voice levels, it is possible to state that different 
acoustic environments alter the autophonic level for a talker. However, the reverberation time is not 
a good descriptor of the changes in voice level, since it is not directly related to the energy of the 
indirect auditory feedback. Figure 10 describes the changes in voice level that make the talker’s 
voice sound equally loud at their ears when the indirect acoustic feedback is changed. The curves 
for LZ show a constant autophonic level under different room gain conditions (top row), or voice 
support conditions (bottom row). The A-weighted and the one-octave band values follow the same 
general trend of the non-linear model but with different model parameters. In normal rooms for 
speech without amplification (GRG < 1.0 dB) the variations in voice level to keep a constant 
autophonic level are within 2.3 dB, according to model Eq. (7). 
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The main conclusions of the study are as follows: Voice level variations under different room 
acoustics conditions are related to the room gain or the voice support, and not to the reverberation 
time. Typical voice level variations in rooms for speech (GRG < 1.0 dB) to keep a constant 
autophonic level are not higher than 2.3 dB. By comparison with other studies, talkers use other 
cues than loudness to adjust their voice level in rooms, resulting in larger voice variations than 
barely keeping the autophonic level constant. 

3.7 Field study 

The field study examined how classroom acoustics interacts with the voices of 14 teachers without 
voice problems and 14 teachers with voice problems. The assessment of the voice problems was 
made with a questionnaire and a laryngological examination. During teaching, the sound pressure 
level at the teacher’s position was monitored. The teacher’s voice level and the activity noise level 
were separated using mixed Gaussians. In addition, objective acoustic parameters of Reverberation 
Time and Voice Support were measured in the 30 empty classrooms of the study. An empirical 
model shows that the measured voice levels (see Figure 11) depend on the activity noise levels and 
the Voice Support. Teachers with and without voice problems were equally affected by the activity 
noise levels, raising their voice with increasing noise according to the Lombard effect, at an average 
rate of 0.6 dB/dB.  Teachers with and without voice problems were differently affected by the 
Voice Support of the classroom. The results thus suggest that teachers with voice problems are 
more aware of classroom acoustic conditions than their healthy colleagues and make use of the 
more supportive rooms to lower their voice levels. This behavior may result from an adaptation 
process of the teachers with voice problems to preserve their voices. 

 

Figure 11: Comparison of the model and the measured values. Left: Median voice level vs Support. 
Right: Median voice level vs. Median noise level. 

The study aimed at closer investigating the vocal behaviour and voice use in teachers with self-
estimated voice problems and their age, gender and school matched colleagues without voice 
problems, using matched pairs. The teachers’ fundamental frequency, Sound Pressure Level, and 
phonation-time were recorded with an Ambulatory Phonation Monitor (APM) during one workday 
and they also reported their activities in a structured diary. The main hypothesis was that teachers 
with and without voice problems act differently with respect to classroom acoustics and air-quality, 
and that the vocal doses obtained with a voice accumulator would separate the groups. 
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The analysis of the diaries confirms the results of the epidemiological and etiological studies. The 
group with voice problems rated their voice problems during the day significantly worse than their 
voice healthy colleagues, on the Visual Analogue Scale, according to a paired t-test3 (p=0.003). 
This group also rated their degree of vocal fatigue (p=0,007) and loss of air during speech 
(p=0,007) significantly higher than their voice-healthy matched peers. 
 
Teachers with voice problems behaved vocally different from their voice healthy peers, in particular 
during teaching sessions. The time dose (percent of voicing) was significantly higher in the group 
with voice problems as shown by a paired t-test for the entire work-day and specifically for 
teaching. The phonation time for teachers in this material varied between 17-24%. Further, the cycle 
dose (number of cycles) during work-time differed significantly between the groups as shown by a 
paired t-test. The cycle dose varied between activities for both groups as shown by a one-way 
ANOVA and post-hoc comparisons with Tukey HSD test indicated that the mean score for 
”teaching” differed significantly from “preparation/break” for both groups with the higher cycle 
dose for teaching. 
 
Also the F0 pattern, related to voice-SPL differed between the groups. The group with voice 
problems did not raise their F0 with increasing SPL of the voice, whereas the voice healthy group 
raised the F0 with the SPL increase. The voice-problem group either kept the F0 stable or decreased 
it as shown by Figure 12. This is shown by the difference between the groups in the 
 
 
 
 
 
 
 

 

 

 

Figure 12: The sound pressure level and fundamental frequency during teaching. 
 

In Pelegrin-Garcia, D., Brunskog, J., Lyberg-Åhlander, V, & Löfqvist, A. (2011), ‘Measurement 
and prediction of acoustic conditions for a talker in school classrooms’, data from the field 
measurement where used to validate a simplified prediction model of the voice support, 
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where T is the reverberation time, V is the volume of the room, S is the total surface area of the 
room, Q* is the directivity factor of speech in the downward direction and d is the height from the 
ground for the head position of the talker. The two corrections are first the correction ∆LHRTF due to 
the head related transfer function (HRTF) and secondly the correction K between sound power and 
sound pressure level at the receiver. Figure 13 compares the model with the measured values of the 
voice support in the class rooms.  
 

 

Figure 13: Expected versus measured speech-weighted overall values of voice support. The solid 
lines show the regression lines for the predictions and the dotted lines indicate the ideal and 

unbiased prediction lines. 

4 Discussion 

The basic findings within the project and their consequences are briefly summarized here. 

4.1 The environmental factors of vocal load 

The environmental factors affecting the vocal load can be summarized as: voice use, rest and 
recovery, background noise, room acoustics, air quality, and stress and psychological factors 
(Lyberg-Åhlander, V., Rydell, R. and Löfqvist, A. 2010). Teachers' voice problems can be seen in 
the interaction with the environment and exist even if it is not possible to find any clinical evidence 
in teachers with voice problems. In addition, the STV is an important measure for understanding 
voice control. The teachers have something to gain from paying attention to the room acoustics and 
taking advantage of it for their voice use. Teachers with voice problems are more dependent on 
good working conditions and need to learn how to optimize their use of the voice and of the room 
acoustics. Discussions about the use of the acoustic properties of the classroom should be included 
in voice therapy and preventive voice care designed for teachers. Field measurements of the voice 
should be included when exploring occupational voice problems, since it is apparent that voice 
problems arise out of the interplay between the individual and the work environment. 
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Figure 14 shows how the teachers perceived the room acoustics of the classrooms. Most of these 
statements can be related to a too low voice support of the room. 

 

Figure 14: Perception of voice use in relation to the classroom acoustics 
 

Figure 15 shows how the teachers perceived the importance of different noise sources in the class 
rooms. The noise cause by the pupils is the most important one.  

 

Figure 15: Perceived sources of background noise 
 

Figure 16 shows how the teachers express their voice problems. Several typical voice symptoms are 
used. 

There is an 
echo in the 
classroom
16%

The classroom 
is hard to 
speak in
26%

The voice gets 
muffled by the 
classroom 
acoustics
28%

I need to 
increase the 
power of my 
voice even 
with little 
sound in the 
classroom  
30%

Perception of voice use in relation 
to the classroom acoustics

Noise made by 
the pupils 
33%

Noise made by 
the ventilation

24%

Noise from 
audio‐visual 
resources
18%

Noise from 
outside of the 
classroom
25%

Sources of back ground noise



25 

 

 

Figure 16: Perceived voice symptoms in teachers with voice problems 

Figure 17 shows how the teachers the importance of the consequences of voice problems among the 
studied teaches. The most important one are ‘My voice upsets me’ and ‘My voice limits my work’. 
 

 

Figure 17: Perceived consequences of voice problems  in voice affected teachers 

4.2 Voice regulation 

The components of the voice regulation has been studied in subprojects B1, B2, B3 and C, and 
these findings are here summarized in two pie charts, Figs.18 and 19.  

Figure 18 shows the relative importance of background noise level (BNL) and voice support (STV) 
in the voice regulation and voice level. The information is extracted from the field measurements, 
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Pelegrín-García, D., Lyberg-Åhlander, V., Rydell, R., Löfqvist, A. & Brunskog, J.,  (2010), 
‘Influence of Classroom Acoustics on the Voice Levels of Teachers With and Without Voice 
Problems: A Field Study’. The model of voice level (VL) versus BNL showed an average VL 
variation of 18 dB between the lowest and the highest measured BNL. The most important source 
of background noise is that of the activity noise from the pupils. The average variation of VL in the 
measured range of STV was about 9 dB.  

 

Figure 18: The relative effect of noise and room acoustics on the used voice levels 

The estimated causes of the voice regulation are shown in Fig. 19, in terms of VL variation as a 
function of STV when background noise is not present. The estimation is taken from the slopes of 
the room gain (GRG) – VL characteristic in the laboratory experiments in subprojects B1-3. In real 
classrooms, the slope is -13.5 dB/dB (Pelegrín-García, D., 2011). If the distance effect is removed, 
the adjustment is -3.6 dB/dB. From this amount, -1.8 dB/dB correspond to sidetone compensation 
(equal autophonic level) and the same amount correspond to other cognitive effects (Pelegrín-
García, D., Fuentes-Mendizabal, O.,  Brunskog, J, and Jeong, C.H., 2011). 
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Figure 19: Estimated causes of voice regulation as function of voice support, excluding the effects 
due to BNL. 

4.3 Recommendations regarding room acoustic design 

The voice support is a measure relating the room acoustic conditions of a classroom to the teachers’ 
use of their voice. This measure can therefore be used when designing a room. Here there are some 
initial recommendations for voice support: 

 STV < -17 dB: Very low. Teaching in this room is not to be recommended, unless an 
amplification system is used. 

 -17 dB < STV < -14 dB: Low. Amplification system is highly recommended. 

 -14 dB < STV < -9 dB: Good. Recommended values of voice support which can deliver 
optimum acoustical conditions. 

 -9 dB < STV < -6 dB: High. Only advisable in very small classrooms 
 STV > -6 dB: Excessive. Should be avoided. The decrease in voice level due to the sidetone 

compensation is remarkable and produces sensation of discomfort and decreases the voice 
quality. Higher values of STV than -6 dB when using electroacoustic amplification may 
result in a risk of feedback. 

The range “Good” corresponds to the measured STV values in about 75% of the classrooms of our 
study in Sweden (which are considered acoustically satisfactory).  

Using the validated prediction model in Pelegrin-Garcia, D., Brunskog, J., Lyberg-Åhlander, V., 
Rydell, R., & Löfqvist, A. (2011), ‘Measurement and prediction of acoustic conditions for a talker 
in school classrooms’, equation (8), is it possible to relate these recommendations to the volume and 
reverberation time, assuming a typical class room. This is done in Fig. 20. Assuming a typical 
classroom to have a volume of 150 m3, we can say that the reverberation time should not be lower 
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than 0.35 s in order to have STV > -14 dB. For larger rooms a higher reverberation time is 
necessary. 

 

Figure 20: Voice support versus room volume for a room of proportions 28:16:10 according to the 
predictions of the model in Eq. (8), for different values of reverberation time. 

 

5 Conclusions 

The following conclusions can be drawn from the project: 

 The room acoustic conditions themselves have an effect on voice production. This is most 
obvious when the talker is aware of the acoustic environment, as in the following cases: the 
teacher has either week voice or voice problems, or the acoustic environment is unusual 
(e.g. anechoic condition). In addition, high background noise levels induce an increase in 
vocal effort. 

 New acoustic measures, namely the voice support and the room gain, are well correlated 
with the changes in voice level among different rooms. 

 The visually perceived distance between teacher and student accounts to a great extent for 
changes in vocal effort. 

 Voice problems in teachers arise from the interplay of the individual and the environment. 
Teachers with voice problems are more affected by factors in the work environment than 
their voice healthy colleagues. The differences between a group of teachers with self-
assessed voice problems and their voice healthy colleagues were most clearly shown during 
field-measurements of the voice during a typical school day, while the findings from the 
clinical examinations of larynx and voice did not differ between the groups. 

 The results from the prevalence study show that 13% of the teachers suffer from voice 
problems frequently or always. Most teachers however, reported occurrence of symptoms of 
vocal disturbances. Voice-related absence from work was common in both teachers with and 
without voice problems. 
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 Teachers with voice problems are more affected by the room acoustics and by factors adding 
to the background noise than their voice healthy colleagues. Any voice load is troubling for 
the individual who suffers from voice problems. 

 The possibility for voice rest during the school day and also during teaching sessions is 
crucial for teachers with voice problems. The results suggest that teachers with voice 
problems have a higher vocal load during teaching and that this group has fewer 
opportunities for vocal rest and recovery during the school-day. 

 When investigating or diagnosing voice dysfunction, the individual’s self assessment of the 
problems needs to be included. No correlation was found between subjective assessment of 
voice problems and deviations of laryngeal morphology or voice quality. 

6 Publications and diffusion of knowledge from the project 

Apart from the publications discussed so far, included in the appendix of this report, several other 
publications and presentations of the project have been made. There has also been spread of 
knowledge to the public in form of interviews and articles in newspapers and popular science 
magazines. 

Conferences. The project has been presented at several international conferences in voice, acoustics 
or related areas:  

 The pre-study where presented at the International Conference Acoustics, 2008 in Paris 
(Brunskog, J., Gade, A. C., Payá-Ballester, G., Reig-Calbo, L. 2008) 

 The First Nordic Conference of Voice Ergonomics and Treatment 24-25/3 2009 (Pelegrin-
Garcia, D. & Brunskog, J., 2009a; Lyberg-Åhlander, V., Rydell, R.; & Löfqvist, A, 2009) 

 Inter-Noise 2009, Ottawa, Canada (Pelegrín-García, D., Brunskog, J. 2009b) 
 EAA Euroregio 2010, Ljubljana, Slovenia (Pelegrín-García, D., Brunskog, J., 2010) 
 Inter-Noise 2010, Lisbon, Portugal (Pelegrín-García, D., Fuentes-Mendizábal, O., Brunskog, 

J. and Jeong, C.-H., 2010; Bottalico, P., Pelegrín-Garcia, D., Astolfi, A., Brunskog, J. 2010) 
 International Occupational Hygien Association (IOHA 2010), 8th International Scientific 

Confernace, Rome, Italy (Brunskog, J., Pelegrín-García, D., 2010) – an invited keynote 
speech at a workshop 

 The 2nd Pan-American/Iberian Meeting on Acoustics and 160th Meeting of the Acoustical 
Society of America, Cancun, Mexico, 2010 (Pelegrín-García, D., Lyberg-Åhlander, V., 
Rydell, R., Löfqvist, A., and Brunskog, J., 2010) 

The project has been presented at Afa’s noise conference in 2008, 2009 and 2010, at a meeting of 
the Noise Network (‘Människan och bullret’) in 2008 and again in 2010, and at the Voice 
Association's Conference April 2009. The prevalence study were presented at Voice Association's 
conference 24-25/4 2009, the Hearing Association's days 18/10. The Sound Environmental Center 
in Lund had a symposium day focusing on the project in September 2009, Speech comfort, 
acoustics and learning, with oral presentations by J Brunskog, V. Lyberg-Åhlander and D. 
Pelegrin-Garcia. V, together with some invited speakers. Lyberg-Åhlander presented the project at 
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the Swedish Voice Ergonomic Network in January 2010. D. Pelegrin Garcia had an oral 
presentation at the seminar 'Acoustics in school’, organized by the Danish Acoustical Society 
(DAS), Hillerød, Denmark, December 2009. 

Popular science and branch magazines. An early description of the project where published in the 
annual acoustic edition in branch magazine for the building industry Bygg & Teknik in Mars 2008 
(Brunskog 2008). The final outcome of the project where presented in the same magazine in Mars 
2011 (Brunskog, J., Pelegrín-García, D., Lyberg-Åhlander, V., Rydell, R., Löfqvist, A. 2011). 

Radio and newspapers. A number of interviews have resulted in articles and radio spots as follows: 
Vetenskapsradion, SR (11/12 2009); Skolvärden, Lärarnas riksförbund (2009); DIKforum2, 
DIKförbundet (2009); Röstläget, the magazine of the Voice Association (2009); Skolledaren, the 
magazine of the principal’s association (2010); Läkartidningen  (2010); Speech Therapy 
Association's magazine (2010); Forskning och Framsteg3 (nr.2 2010); Skånska Dagbladet (27/3 
2010); Lunds universitet meddelar (LUM) (2010); Östgöta Korrespondenten4 (2010); and the 
information magazine of Ecophon Ecophon Acoustic Bulletin5 (2010). 

More activities. Viveka Lyberg-Åhlander has been asked by some schools to come and talk about 
what can be done to solve the teachers voice problems (among other, Lars-Erik Larsson High 
School in Lund). The teacher education in Kristianstad have invited Viveka Lyberg-Åhlander to 
talk about voice care in teacher's work, and she has been in contact with Ann-Marie Körling6, who 
is a teacher, lobbyist and very often referred person in teaching circles. The acoustic absorber 
company Ecophon (Jonas Christensson) want to involve us in training architecture students. Malmö 
Academy of Music would like that Viveka Lyberg-Åhlander talk to their music student teachers. J. 
Brunskog and D. Pelegrin-Garcia have discussed the project with influential acousticians in 
Denmark such as Dan Hoffmayer, DELTA (being deeply involved in regulations of, e.g., 
classroom), and Claus Møller Petersen, Grontmij|Carl Bro (the head of the Danish Acoustical 
Society), etc. The reference group of the project has also been used as a channel of informing about 
the project. 
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ANOVA Analysis of variance 
APM Auditory phonation monitor 
BNL Background noise level 
F0 Fundamental frequency 
GRG Room gain 
HATS Head and torso simulator 
HL Hearing Loss 
IR Impulse response 
LW Voice power level 
OR Odds ratio 
p p-value 
PCA Principal component analysis 
R2

 Coefficient of determination 
RIR Room impulse response 
SD Standard deviation 
SPL Sound pressure level 
STV Voice support 
T30 Reverberation time measured from a decay of 30 dB 
VHI Voice handicap index 
VHI-T VHI-Throat 
VL Voice level 
VLI Vocal loading index 
LA Relative A-weighted sound pressure level 

LZ Relative overall sound pressure level 
∆LW Relative voice power level 
F0 Standard deviation of the fundamental frequency 
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Research articleThroat related symptoms and voice: development 
of an instrument for self assessment of 
throat-problems
Viveka Lyberg-Åhlander*1, Roland Rydell†2, Jacqueline Eriksson†1 and Lucyna Schalén†2

Abstract
Background: Symptoms from throat (sensation of globus; frequent throat clearing; irritated throat) are common in 
patients referred to voice clinics and to ENT specialists. The relation to symptoms of voice discomfort is unclear and in 
some cases patients do not have voice problems at all. Instruments for patients' self-reporting of symptoms, and 
assessment of handicap, such as the Voice Handicap Index (VHI), are in common use in voice clinics. Symptoms from 
throat are however only marginally covered. Purpose: To develop and evaluate an instrument that could make the 
patients' estimation of symptoms from the throat possible. Further to facilitate the consideration of the relation 
between throat- and voice problems with the Throat subscale together with a Swedish translation of the Voice 
Handicap Index. Finally to try the VHI with the Throat subscale: the VHI-T, for test-retest reliability and validity.

Methods: A subscale with 10 throat related items was developed for appliance with the VHI. The VHI was translated to 
Swedish and retranslated to English. The questionnaire was tried in two phases on a total of 23+144 patients and 
12+58 voice healthy controls. The reliability was calculated with Cronbach's alpha, ICC and Pearson's correlation 
coefficient. The validity was estimated by independent T-test.

Results: The difference in VHI-T scores between the patients and the voice-healthy controls was significant (p = < 0,01) 
and there was a good correlation of the test- retest occasions. The reliability testing of the entire questionnaire showed 
an alpha value of r = 0,90 and that for the Throat subscale separately a value of r = 0,87 which shows a high degree of 
reliability.

Conclusions: For the estimation of self-perceived throat and voice problems the scale on throat related problems 
together with the present Swedish translation of the Voice Handicap Index, (VHI) the VHI-Throat, proves to be a valid 
and reliable instrument. The throat subscale seems to help revealing a category of symptoms that are common in our 
patients. These are symptoms that have not earlier been possible to cover with the questionnaires designed for use in 
the voice clinic.

Background
Patient-reported symptoms together with laryngostro-
boscopy and perceptual analysis of the voice are essential
for the evaluation of voice in logopedic and phoniatric
practice [1,2]. A number of instruments for the self-rating
of voice problems have been developed for use in the
voice clinic. The Voice Handicap Index (VHI) [3] along
with the shortened VHI: VHI-10 [4]; the Voice Activity

and Participation Profile (VAPP)[5]; the Voice-Related
Quality of Life (VrQoL)[6]; the Voice Outcome Survey
(VOS) [7] and the Voice symptom scale (VoiSS) [8] are all
designed for measuring perceived handicap and quality of
life, and perceived limitations of participation and
activity.

Symptoms related to the throat, such as frequent throat
clearing, irritated throat, sensation of globus, or foreign
body are frequently reported by patients suffering from
voice disorders. These symptoms are, however, not spe-
cific and maybe due to a multitude of underlying disor-
ders. In the area of voice, throat symptoms may be
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interpreted either as the cause of functional voice distur-
bances and in reverse they may also be interpreted as a
consequence of voice load or inappropriate vocal behavior
[9]. Apart from vocal behavior, non-specific mucosal
hyperreactivity [10], laryngo-pharyngeal reflux [11],
allergy [12] and mass lesions in the throat region are often
considered as causative factors. Thus, throat related
problems are a rather common concern in patients
referred to voice clinics. To our knowledge, among the
afore-mentioned questionnaires designed for the self-
evaluation of voice problems, only the VoiSS question-
naire includes a number of items addressing pharyngeal
symptoms [8]. To have a complete overview of the voice-
related problems, and to meet the needs of this group of
patients, this type of symptoms should also be better
understood. Three self-assessment scales address only
the issue of throat related symptoms; however, all scales
are designed to measure problems of more diagnose-spe-
cific character, the Glasgow and Edinburgh Throat Scale,
designed for the evaluation of globus [13], the Reflux
Symptom Index [14] and the Pharyngeal Reflux Symptom
Questionnaire (PRSQ) [15], which specifically addresses
reflux.

Our aim with this paper was to develop and evaluate an
instrument that could simplify the patients' estimation of
symptoms from the throat and to consider their relation
to voice problems simultaneously. The Voice Handicap
Index (VHI), a multidimensional, self administered ques-
tionnaire, developed and validated by Jacobson et al. in
1997 [3] has been translated into many languages and is
widely used in clinical work and research, with at least
200 publications up till today. At our clinic, the VHI has
been in use since 2000 along with a subscale designed for
the measurement of throat related symptoms, VHI-T.
The VHI is an instrument that is easy to distribute and to
analyze. We considered it of importance for the patient to
have the possibility to judge all perceived voice- and
throat symptoms in the same manner and within the
same "formula", by keeping to the same rating scale and
number of statements as well as to the way of phrasing
the statements. We therefore choose to follow the struc-
ture of the VHI, which consequently gives the possibility
to use the throat-scale as a supplement to the original
VHI. The present paper thus describes the construction
and validation of a scale on throat symptoms in voice
patients, which may be used as a supplement to the VHI.

Methods
Study design
The study was performed in two phases. During phase 1,
the original VHI was translated, the Throat subscale con-
structed and added to the present Swedish version of the
VHI. Further, the combined Voice Handicap Index-
Throat (VHI-T) was tested for validity and reliability. In

phase 2, the VHI-T was re-validated and retested in a
large patient-control material.

Phase 1: Translation of the VHI, development of the Throat 
subscale. Validity and reliability testing of the VHI-T, 
experts and responders
An informal, diagnostic instrument with questions on
throat related problems has been in use at the phoniatric
department since the early nineties. Following the deci-
sion to construct an instrument that could be combined
with the VHI, the ten symptoms were chosen that had
been the most frequently reported during the period of
use of the informal instrument. These were suggested as a
subscale. The choice of the statements was made in con-
sensus by a panel of experienced phoniatricians and
speech therapists. In congruence with the VHI, the items
were phrased as statements (Table 1). The statements on
throat related symptoms where further commented on
and changes suggested by both a panel of experienced cli-
nicians and by patients as described below.

The VHI covers three different domains of voice prob-
lems (physical, functional, emotional) and consists of
thirty statements, ten in each domain. The statements are
phrased in the way the patients normally would express
themselves. The occurrence of symptoms are estimated
on a frequency-based scale (0 = Never, 1 = Almost Never,
2 = Sometimes, 3 = Almost Always, 4 = Always). In the
original questionnaire by Jacobson et al [3], the state-
ments are mixed. In the layout by Rosen and Murry [16],
the statements are grouped into three separate domains
(commonly called sub scales) with ten statements each.
This layout is, in our opinion, more convenient in clinical
work. For this translation and adaptation of the VHI into
Swedish, the layout proposed by Rosen and Murry was
used [16].

When translating an instrument, it is important not
only to perform a correct translation but also to make a
cross-cultural adaptation of the instrument [17,18]. The
original three subscales of the VHI were translated into
Swedish by a multidisciplinary experienced expert group
of two speech pathologists and three phoniatricians. All
items were discussed and language adjustments were
made to meet the wordings normally used by our
patients.

In purpose to estimate the severity of the self perceived
voice problems a 10 cm Visual Analogue Scale was added
to the questionnaire, where 0 = no voice problems and 10
= maximal voice problems. This parameter has been used
in former studies for estimating the reliability of the VHI
[3,19]. The VHI, along with the Throat subscale, were
then translated and retranslated to and from English by a
professional translator. After a final agreement of the
expert group, the questionnaire was submitted to an
external group of experts, three phoniatricians, six
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speech therapists and one singing teacher for comments
on the usefulness and face validity of the questionnaire.
Simultaneously, a group of ten consecutive patients were
interviewed for comments on the accessibility, the degree
of user-friendliness and comments on possible changes to
the statements. Further, 150 consecutive patients,
referred to the department for voice problems, completed
the questionnaire and commented on it. Adjustments of
the Throat subscale were done accordingly. For example
"I have a sensation of mucus trickling down my throat"
was omitted due to rarely being graded higher than 0 or 1.
The patients' demographic characteristics or diagnoses
were not considered during this phase.

The VHI and the Throat subscale were then submitted
to the first phase of testing after minor adjustments. This
test-retest procedure included another 40 consecutive
patients with voice problems (20 patients with phonaste-
nia and 20 with benign lesions of the vocal folds) and 20
voice-healthy controls from the orthopaedic out-ward
department. All responders were to complete two ques-
tionnaires with at most one week in between. The first
questionnaire was to be completed before the clinical
examination and the second to be returned one week
later. The two questionnaires were completed and
returned in due time by 23 patients (16 F:7 M, median age
54 yrs, range:25-71) and 12 controls (5F:7 M, median age
39, range: 21-71). The testing revealed good reliability.
However some items needed rephrasing. Examples of
changes: the item "my voice causes me to lose income"
(functional scale) that was changed to "my voice restricts
my work-life" due to cultural differences between reim-
bursement systems; "my voice sounds creaky and dry"
(physical scale) which was considered by patients to be
difficult to answer and was changed to "my voice sounds
hoarse" following the phrasing normally used by patients.

Therefore the final version of the questionnaire had to be
tried once more for both reliability and validity (phase 2).

Phase 2: VHI-T, revalidation and retesting
This study is based on VHI-Throat questionnaires, i.e. the
three original VHI subscales (physical, functional and
emotional) along with the Throat subscale. Each maxi-
mum subscale-score is 40 p and the total VHI-T is 160 p.
The questionnaires were collected from 262 persons. The
responders were assigned to four patient groups and one
group of controls. To be included, the responders had to
be older than twelve years and competent to fill out the
questionnaire without help. Twelve/156 patients were
excluded due to no response or late return of the second
questionnaire. Of the controls, 48/106 persons were
excluded due to incomplete questionnaire or late, or no,
return of the second questionnaire. This paper thus
reports data from 144 patients and 58 controls.

The evaluation of the patients was performed at the
Department of phoniactrics, ENT clinic, Lund University
Hospital, by the same three phoniatricians with long-lasting,
close clinical co-operation, and consensus as to diagnos-
tic criteria of voice disorders. The diagnoses were classi-
fied according ICD-10, Swedish version. (Svensk foniatrisk-
logopedisk diagnosklassifikation, approved by the Swed-
ish national board of health and welfare 01012000), based
on clinical history, videolaryngostroboscopy or high
speed filming, and perceptual voice analysis.

The patients were diagnosed with one of the following:
phonastenia (n = 20;defined by vocal fatigue as a cardinal
symptom, without any pathological laryngeal findings,
with or without subjective hoarseness); benign lesions of
the vocal folds (n = 41; 17 polyps; 6 cysts; 5 of each nod-
ules and sulcus glottidis; 3 papillomas; two of each vascu-
lar dilatation in the mucosa or atrophy of the vocal folds;
and one granuloma); neurological laryngeal motility dis-

Table 1: The statements of the throat subscale with corrected item-total correlation.

Statement           Corrected item-total correlation

1 Jag är torr i halsen (My throat is dry) 0.457

2 Jag måste harkla mig (I need to clear my throat) 0.625

3 Jag har mycket slem i halsen (I have a lot of phlegm in my throat) 0.583

4 Jag känner att det sitter något i halsen (It feels as if something is stuck in my throat) 0.683

5 Det svider i halsen (My throat is burning) 0.572

6 Jag känner ett tryck utanpå halsen (I feel a pressure on the outside of my throat) 0.403

7 Det känns som om jag har en klump i halsen (It feels like a lump in my throat) 0.675

8 Jag är irriterad i halsen (I have an irritation in my throat) 0.765

9 Jag har ont i halsen (I have a sore throat) 0.480

10 Jag har rethosta (I have a dry cough) 0.420

Statements are in Swedish, English within brackets
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order (n = 20; 18 cases with unilateral paresis of the vocal
folds and two cases with spasmodic dysphonia); benign
goitre (N = 41; all referred to the clinic for pre-surgery
control), and patients referred for throat problems as car-
dinal symptoms (N = 22), not themselves complaining of
voice problems. The Control group (N = 58) consisted of
out-ward patients from the orthopaedic department, all
reporting voice health and no former contact with voice
clinicians. Table 2 presents demographic data on the
included responders according diagnose.

The patients diagnosed with benign goitre and throat
related problems were only included for the estimation of
the validity. Retesting was not performed in these two
groups. The reason for excluding the retesting of the
benign goiter group was that the patients were to
undergo thyreoid surgery, close after the consultation.
The clinical experience is that this surgery may cause
slight voice and throat complaints. The patient group
with throat problems was included later in the study for
the testing of validity and thus did not take part in the
retesting procedure.

The reliability of the VHI-Throat was evaluated by a
test-retest procedure. The distribution and collection of
the questionnaires were identical to the procedure used
in phase 1. The questionnaire was first administered to all
patients on arriving for their primary consultation at the
phoniatric department, to be completed before the clini-
cal examination. After one week, a new questionnaire was
sent to all the patients, to be completed and returned
within one more week. The Controls completed the ques-
tionnaire at the orthopedic out-ward department. They
were given the second questionnaire at the same occa-
sion, and were asked to return it within two weeks. The
reason for using a different way of distributing the second
questionnaire to the controls, was based on earlier expe-
rience from phase one. Namely, the control persons did
not return the second questionnaire when it was mailed
to them. The compliance improved when the second
questionnaire was handed to the controls after the com-
pletion of the first. The validity of the VHI-Throat was
assessed by comparing the whole group of patients to the
group of controls.

Statistics
The test-retest reliability for the VHI- Lund total scores,
for the values of the subjective voice estimation, and for

the Throat subscale was estimated by calculating the
IntraClass Correlation coefficient (ICC). For the con-
struct validity, independent samples t-tests were used to
compare the average scores of the VHI-Throat total, sub-
jective voice estimation values and the Throat subscale
between patients and controls. The Pearson product-
moment correlation coefficient was used for computing
the correlations between the subscales and the VHI-
Throat total score, the throat subscale and the original
VHI subscales and for estimating the correlation between
the subjective assessment of voice and VHI-Throat total
score. The internal consistency and reliability of the total
VHI-Throat subscale, as well as of the throat subscale,
were calculated with inter-item correlation and Cron-
bach's alpha coefficient. An ANOVA was performed to
further analyze the VHI-T subscales. Analyses were per-
formed using SPSS 15.0 and 16.0 for Windows. Alpha lev-
els were set at 0,05%. (, ICC) and 0,01% (Pearson)

Ethical aspects
The study was approved by the ethical committee at Lund
University (No LU 366-01).

Results
The throat subscale, validation process
The statements of the throat subscale are presented in
Table 2. The face and content validity were tested during
phase 1, see Methods section above. The test-retest reli-
ability of the throat subscale was estimated with ICC: r =
0,871, in 144 patients and 58 controls, proving the scale
to be stable and reliable.
Construct validity and internal consistency
The average score of the throat subscale in all 144
patients (M = 13,5. Sd = 6,8) was significantly different
from that in the controls (M = 6,9 Sd = 5,5), t(178) = 6,8, p
< 0.01, proving the throat subscale to be sensitive enough
to differentiate between subjects with throat problems
and healthy controls (Table 3). The Cronbach's alpha
coefficient for the throat subscale was r = 0,87. In Table 2,
all statements of the throat sub scale are given along with
the corrected item-total correlations, reflecting the
degree to which each statement correlates to the total
score of this scale. The criterion for inclusion of an item
in a subscale is an item-total correlation of > 0.3. As
shown in Table 1, the corrected item-total correlations
for all statements exceeded 0.4, thus indicating satisfac-

Table 2: Demographic data for the five groups of patients and one group of voice healthy controls

Phonastenia Benign lesions Neurolog. disorders Throat rel. Benigngoitre Controls

N 20 41 20 22 41 58

F:M 15:5 30:11 12:8 11:11 30:11 31:27

Median Age (range) 52 (18-69) 45 (13-74) 56 (26-76) 58 (20-73) 48 (19-79) 60,5 (15-80)
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tory correlation of the statements within this subscale.
When item-total correlation was calculated for all items
of the VHI-T (Appendix), the values were somewhat
lower for the throat subscale, however no item scored <
0.3.

VHI-Throat: the VHI questionnaire and the throat subscale, 
reliability and validity
Test-retest reliability, construct validity and internal 
consistency
The test-retest reliability of the total VHI-T score was
estimated with IntraClass coefficient (ICC): = 0,968,
proving good reliability of the questionnaire. A paired
samples revealed no significant differences between the
first and second occasion for neither the total VHI-T
scores (M = 1,6, Sd = 41,6, N = 142), t(141) = 0,464, p =
0,6 nor the individual subscale scores (Throat: (M = 0,9,
Sd = 10,4, N = 142), t(141) = 1,0, p = 0,2, Functional: (M =
0,5, Sd = 12,4, N = 142), t(141) = 0,526, p = 0,6, Physical:
(M = 0,3, Sd = 13,1, N = 142), t(141) = 0,351, p = 0,7,
Emotional: (M = -0,3, Sd = 13,2, N = 142), t(141) = -0,2, p
= 0,8) in patients and controls. The VHI-T total score in
all patients (M = 47,8, Sd = 30,2, N = 144) was signifi-
cantly higher than in the controls (M = 15,3SD = 15,0N =
58), t(191) = 10,2, p < 0.05 (2-tailed), thus indicating that
the questionnaire separated persons with and without
voice pathology. Independent Samples t-tests were also
calculated for the subscales, showing significant differ-
ences between patients and controls for the three original
subscales and the throat subscale. (Table 3) The Cron-
bach's alpha coefficient was r = 0,90 for the total VHI-T
scale and r = 0,93 if the throat subscale would be
excluded. There was a strong correlation between each of
the four subscales and the total score for VHI-T, respec-
tively, as shown by Pearson's correlation coefficient:
throat subscale r = 0,684, functional scale r = 0,921, phys-
ical scale r = 0,931 and emotional scale r = 0,915. A one-
way analysis of variance showed significant differences at

the p < .05 level in subscale scores between the groups of
patients: Throat scale: F(5,193) = 18,4, p = .000; Func-
tional scale: F(5,193) = 48,1, p = .000; Physical scale:
F(5,193) = 57,7, p = .000; Emotional scale: F(5,193) = 37,4,
p = .000. Further analysis with Tukey HSD test for the
Throat scale indicated statistically significant differences
between the mean scores for the phonastenia group (M =
14,8, Sd = 6,3) and the control group (M = 6,9, Sd = 5,7);
between the benign lesions group (M = 15,8, Sd = 6,7)
and the benign goiter group (M = 10,3, Sd = 6,4) as well as
the control group (M = 6,9, Sd = 5,7); between the benign
goiter group (M = 10,3, Sd = 6,4) and throat related group
(M = 19,8, Sd = 5,6); between the neurolog. disorder
group (M = 14,1, Sd = 8,1) and the throat related group
(M = 19,8, Sd = 5,6) as well as the control group (M = 6,9,
Sd = 5,7).

The relation of the throat scale and the VHI
The correlation between the throat scale and the three
original VHI subscales was calculated with Pearson's cor-
relation coefficient: functional scale: r = 0,356 physical
scale: r = 0,544; emotional scale: r = 0,395, thus suggest-
ing a moderate to strong correlation with the physical
scale and a moderate correlation with the functional and
emotional subscales.

The relation of the throat scale to the VHI-T total score
The mean scores of the four VHI-T subscales and the
VHI-T total score for each diagnose group are presented
in Table 4. Table 4 also shows the relation between each
subscale and the total scores of the VHI-T in percent and
thus indicates the dominating subscale or subscales for
each diagnose. The diagnoses follow two different pat-
terns based on the relation between the subscale-scores.
The distribution of the scores for the neurological disor-
ders, benign lesions and phonastenia is even, with close
to 25% for each subscale. The throat subscale scores for
benign goiter and throat-related disorders account for
more than 50% of the total VHI-T score.

Table 3: Results of T-test between patients and voice healthy controls for the VHI-Throat subscales.

M score (Sd) t df P = (2-tailed)

Throat scale Patients 14,5 (7,3)

Controls 6,9 (5,5) 8,1 138 ,001

Functional Patients 9,5 (9,7)

Controls 1,8 (3,4) 8,3 197 ,001

Physical Patients 15,1 (9,8)

Controls 5,4 (5,6) 8,8 178 ,001

Emotional Patients 8,7 (9,5)

Controls 1,3 (3,1) 8,4 194 ,001

Patients n = 144, Controls n = 58
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Subjective estimation of the voice with Visual Analogue 
Scale (VAS)
Test-retest reliability and construct validity
The reliability of the subjective estimation of the voice
was calculated by ICC and showed a moderate-strong
correlation: r = 0,712, N = 202, p < 0,05, proving it as a
satisfactory stable instrument. Calculation with indepen-
dent T-test showed that the difference in the subjective
estimation of the own voice between the patient-group
(M = 43,8 Sd = 31,2 N = 122) and control-group (M =
14,3 Sd = 19,8 N = 58), was significant t(163) = 7,7, p <
0,05. The results indicate that this instrument was sensi-
tive enough to separate patients from controls.
Correlation between estimation of one's own voice and VHI-T 
total score
The correlation between the subjective estimation of the
voice and the total VHI-T was a moderate when tested in
all patients and controls using Pearson's product-moment
correlation coefficient (r = 0.79 n = 202, p < 0.01.) For the
different groups the correlation coefficient varied: Phon-
astenia group (0,48), Benign lesions (0,69), Neurological
group (0,70), Benign Goitre (0,68), Throat related disor-
ders (0,64), and Controls (0,32).

Discussion
The need to estimate throat problems in the voice clinic
In the Swedish healthcare system, patients with a broad
spectrum of voice and voice related problems are diag-
nosed and treated at logopedic-phoniatric departments.
In our daily practice, we have experienced that many
patients report more physical aspects than those covered
by the original VHI domains (functional, physical, and
emotional domains). This was the impetus to create the
throat subscale. Throat problems are ascribed to a multi-
tude of etiologies, are common in voice patients and con-
sidered to be cardinal symptoms in patients with vocal
fatigue. The need of a structured broader aiming instru-
ment, for the self-assessment of the problems patients
report in the voice clinic has also been emphasized by
Deary et al [8] and Glas et al [20]. We share the view of
these authors that the spectrum of patient-reported prob-

lems in the voice clinic is broader than the "classical"
voice symptoms, and are not uncommonly symptoms
that originate from throat.

VHI-Throat, a questionnaire
The VHI-Throat (VHI-T) questionnaire showed good
test-retest reliability, validity and internal consistency.
According to the present results, it seems that the throat
subscale fends for itself as indicated by the Cronbach's
alpha value as well as the corrected inter-item correlation
analysis (see Table 1 and additional file 1) and by the cor-
relation between the throat scale and the original three
VHI subscales. The total score and the scores of the three
original VHI subscales were comparable to those in cor-
responding groups of patients in other studies [4,19,21].
The VHI-T thus seems to be an appropriate tool for clini-
cal use in Swedish speaking populations, also being
patient-friendly and convenient to administer and evalu-
ate.

Our results show that the Throat-subscale in combina-
tion with the VHI is an instrument that may make it pos-
sible to discriminate between voice and throat problems
and to help the patient express both categories of con-
cerns simultaneously. To our knowledge, until today there
has been no instrument developed for the estimation of
the patient's overall description of symptoms in the voice
clinic, where many patients with throat-problems are
referred. A deeper insight in the problems may lead to an
increased understanding of the patient with throat com-
plaints, with or without voice complaints. This knowl-
edge may be helpful in designing the clinical intervention.
However, it does not give us any indication of the origin
of the problems.

Our results from the voice-healthy subjects show that it
is not uncommon to report some symptoms from the
throat. Moreover, our results indicate that patients who
report problems mainly from the throat also have some
complaints on the physical subscale. This is in accordance
with the findings of Belafsky et al, who found a decrease
on the physical subscale after the treatment of laryngeal
reflux [14]. We believe that the VHI-T may become a use-

Table 4: Mean scores of the VHI-T subscales, percentage of the subscales of the total VHI-T scores.

Throat Functional Physical Emotional Tot VHI-T

M (Sd) % M (Sd) % M (Sd) % M (Sd) % M (Sd) %

Neurological N = 20 14 (8) 20 19 (8) 27 21 (6) 30 16 (8) 24 70 (22) 100

Ben. Lesions N = 41 16 (7) 23 16 (9) 22 29 (7) 42 15 (10) 22 70 (27) 100

Phonastenia N = 20 15 (6) 30 10 (7) 20 16 (6) 34 9 (6) 18 49 (19) 100

Ben. Goitre N = 41 10 (6) 52 2 (5) 12 6 (6) 29 1 (4) 8 20 (18) 100

Throat rel N = 22 20 (7) 56 2 (2) 5 10 (7) 28 4 (5) 11 36 (15) 100

Controls N = 58 7 (5) 45 2 (3) 12 5 (6) 35 1 (3) 9 15 (15) 100
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ful clinical instrument that may help to discriminate the
problems that might be either co-existing or occurring
separately. However, sharing the opinion of Verdonck et
al [21], to be able to pin-point the focus of the patient's
problems it might be more rewarding to evaluate the sub-
scale scores of the VHI, rather than the total score.

The way of collecting the second questionnaire (see
methods) might of course have brought bias into the
results. Based on earlier experience, the second question-
naire was given to the voice-healthy controls already at
the completion of the first questionnaire, where the
patients were sent the second questionnaire by mail. Even
though all subjects included returned the second ques-
tionnaire within two weeks, we have no means of know-
ing when the second questionnaire actually was
completed by the controls.

The VHI and the VHI-Throat
The Voice Handicap Index is today widely used in clinic
and research. Despite some recent critical opinions that
the VHI lacks statistically discrete subscales [4], it still
fills the purpose of covering the self perceived voice prob-
lems and also the consequences for the quality of life that
voice disorders may lead to. We have used a Swedish
translation of the VHI in clinic since 2000 and it was
therefore natural to choose the VHI as a base for the
development of the throat subscale.

The use of VHI and other self-reporting instruments
within the voice clinic has had an eye-opening effect since
the patient's own estimation of the symptoms thus has
come more into focus. The VHI-T is designed as an
instrument for the patient to estimate the perceived prob-
lems and, in our experience the throat subscale is a good
complementary tool to the VHI, allowing a better identi-
fication of actual disorders. Consequently, we can better
design more appropriate therapeutic interventions. Some
patients call for medical consultation specifically due to
throat-related symptoms, but quite often the referring
physician may interpret the symptoms as signs of a voice
disorder. The use of the compiled VHI-T may thus direct
the clinician to a more appropriate intervention.

Interestingly, our results indicate that it may be possible
to identify two "profiles" of symptoms characterising dif-
ferent groups of patients. As is evident in Table 4, voice
healthy controls-, benign goitre- and throat-groups
report the lowest total VHI-T scores (15-36) but the per-
centage of their indicated throat problems is high relative
to the total score. Conversely, the patients with benign
laryngeal lesions report the highest VHI-T total score
(70) with rather equal distribution of symptoms over the
four subscales. Further studies are, however, necessary in
order to estimate the usefulness of "profiles" for the clini-
cal evaluation of individual patients. The ANOVA
showed significant differences in the subscale scores
between the patient groups. However, we wish to be cau-

tious in interpretation of these findings. The VHI is a self
rating instrument of symptoms and has as such not been
intended as a differential diagnostic instrument. The dif-
ferences between the patients' "profiles" emerging from
Table 4, may however, be used for evaluating the effect of
therapy within individual patients. Since the results of the
validation of the original VHI-subscales within this study
are in accordance with the results of other studies
[3,21,22] we may suggest that the throat subscale can be
used for clinical and research purposes along with any
validated VHI version.

The subjective estimation of the voice with VAS
The subjective estimations of the voice with VAS showed
good test-retest reliability. Correlations between the sub-
jective estimations of the voice and the overall VHI-T
score were reliable in the whole population but varied
between the different diagnostic groups. Subjective esti-
mation of voice is usually used only for proving the face
validity of the VHI-questionnaire [3,5,19]. We choose to
include this simple measure as a permanent item in the
questionnaire. It gives a quick overview of the patient's
own grading of the voice problems [1].

As in other studies [3,5,19], we also found a good corre-
lation between the average scores from the subjective
estimation of the voice and the total score of VHI-T, how-
ever with varying correlations between the diagnose
groups. A discrepancy between VHI-T and VAS may be
of interest since it may reflect the patient's attitude to his/
her symptoms: a patient who has a combination of high
VHI-T total score and a low value of self-estimation of
the voice may in fact not value the symptoms as a big
trouble while another individual with the reverse rela-
tionship between the self-estimation of the voice and
VHI-T total values the symptoms as less tolerable. This
information cannot be underestimated when taking care
of the patients in voice therapy, not least since it may
actually give a hint of the patient's motivation to complete
the therapy.

Conclusions
The present Swedish translation of the VHI with the sub-
scale on throat-related problems, the VHI-Throat, proves
to be a valid and reliable instrument for the estimation of
self-perceived voice and throat problems. The use of the
throat subscale helps to reveal a category of symptoms
that are common in our patients and that are only mar-
ginally covered in other available instruments. In analogy
with other translations of the VHI, it can be used for both
clinical purposes and for clinical research.
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Speaker’s Comfort in Teaching Environments: Voice

Problems in Swedish Teaching Staff
Viveka Lyberg Åhlander, Roland Rydell, and Anders Löfqvist, Lund, Sweden

Summary: Objectives. The primary objective of this study was to examine how a group of Swedish teachers rate
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aspects of their working environment that can be presumed to have an impact on vocal behavior and voice problems.
The secondary objective was to explore the prevalence of voice problems in Swedish teachers.
Method. Questionnaires were distributed to the teachers of 23 randomized schools. Teaching staff at all levels were
included, except preschool teachers and teachers at specialized, vocational high schools. The response rate was 73%.
Results. The results showed that 13% of the whole group reported voice problems occurring sometimes, often, or al-
ways. The teachers reporting voice problems were compared with those without problems. There were significant dif-
ferences among the groups for several items. The teachers with voice problems rated items on room acoustics and work
environment as more noticeable. This group also reported voice symptoms, such as hoarseness, throat clearing, and
voice change, to a significantly higher degree, even though teachers in both groups reported some voice symptoms.
Absence from work because of voice problems was also significantly more common in the group with voice prob-
lems—35% versus 9% in the group without problems.
Conclusion. We may conclude that teachers suffering from voice problems react stronger to loading factors in the
teaching environment, report more frequent symptoms of voice discomfort, and are more often absent from work be-
cause of voice problems than their voice-healthy colleagues.
Key Words: Environmental loading factors–Voice–Room acoustics–Self-evaluation–Epidemiology–Teachers–Vocal
symptoms–Hoarseness.
BACKGROUND

This article presents the first phase of a project to investigate the
influence of the room acoustics on teachers’ voices and vocal
behavior. The first aim of this study was to examine how a group
of teachers rate aspects of their working environment that can
be presumed to have an impact on vocal behavior and, thus,
also on voice problems. The issues of classroom acoustics are
of special interest. Second, the study investigates the prevalence
of voice problems among Swedish teachers.

The voice is one of the most important tools that a professional
educator has at hand. The voice is used for communicating with
the pupils, that is, discussing, instructing, and clarifying. Thus,
the teacher depends heavily on thevoice, which has to be durable,
flexible, and reliable. Because teachers form one of the voca-
tional groups that have substantial vocal demands in their profes-
sional practice,1–3 they are at risk of voice problems, also when
compared with other vocations.2–6 Fritzell1 concluded more
than 10 years ago that teachers were overrepresented in clinical
populations, because 16.3% of the patients in the waiting rooms
at Swedish voice clinics were teachers, but they made up only
5.9% of the Swedish working population at that time.

Vocal load is commonly seen as one of the most important
causes of voice dysfunction in teachers.7–9 Vocal loading is
a combination of prolonged voice use and additional factors,
such as background noise, acoustics, and air quality, which
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affect the fundamental frequency, mode, and intensity of phona-
tions as well as the external frame of the larynx.8 In a question-
naire study, McAleavy et al10 showed that teachers rated the
following three independent variables as most directly influenc-
ing the vocal health: voice-related behaviors, environmental as-
pects, and the teacher’s anxiety. However, the concept of
environmental influence may cover a variety of aspects, includ-
ing room acoustics. Classroom acoustics has indeed been exten-
sively studied, but there is a lack of studies linking the room
acoustic parameters to the voice produced by the speaker.11 Ac-
cording to Vilkman,8 deficient acoustics may lead to a decrease
in the intelligibility of the speech. Such a decrease in intelligi-
bility is mainly a problem for the listener, but may, in an inter-
active situation, result in repetitions and probably also in
increased voice intensity by the speaker to facilitate the under-
standing of the message. Pekkarinen et al5 and Sala et al12 found
that the acoustic conditions in classrooms were often deficient
because of noise and reverberation, and they also linked the vo-
cal problems of preschool teachers to the room acoustics. The
commonly discussed conditions in Swedish classrooms, not
least in the media, are the high levels of noise caused by the stu-
dents. To be heard above the background noise, the teacher un-
consciously tries to increase the voice intensity, known as the
Lombard effect,13 and, thus, increases the phonatory effort.
An increased phonatory effort results in an increased F0, which
seems to be one of the major contributors to vocal fatigue.9

Brunskog et al11 concluded that a comfortable room from the
speaker’s point of view is the one that provides support for
the voice and helps to project the voice toward the audience.
Furthermore, the changes in voice intensity were correlated
with the size of the room and the gain produced by the room,
where the gain is based on the relationship between the direct
and early reflected sounds.

mailto:viveka.lyberg_ahlander@med.lu.se


TABLE 1.

Teaching Level of 467 Teachers

Teaching level Teachers, N

Junior + intermediate school 203

Secondary school 108

High school 156
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Several authors have studied the prevalence of voice prob-
lems in teachers.6,14–18 There is a general agreement about
the significance of the problem, although the prevalence of
voice problems in professional educators varies among studies.
Roy et al15 found that 29.9% of the interviewed teachers had
suffered from voice problems at some point during their profes-
sional careers. This is similar to the findings of Russell et al,19

where 20% of the teachers were found to have voice problems.
Much larger numbers are reported by McAleavy et al,10 who
found that 67% of the teachers had experienced voice or throat
problems over the past year and, in a recent study by de
Medeiros et al,18 it was found that only one-third of the inves-
tigated teachers were free from voice problems. The picture is
thus fragmented, and the Swedish situation is unknown. Find-
ings from Finland suggest that voice disorders are a growing
problem in teachers.16
METHODS AND PROCEDURES

Questionnaire

A screening questionnaire has been developed to assess teachers’
ratings of their working environment and also to estimate the
prevalence of voice problems in teachers. The questionnaire
covered 52 items in three main domains: (1) background infor-
mation; (2) room acoustics, perception of noise levels, and other
issues related to the environment (items 1–13); and (3) voice
problems, vocal behavior, and statements about skills in voice
use (items 14–32). Most of the questions about voice were taken
from a Swedish validated version of the Voice Handicap Index.
Items in part 1 were answered by yes or no or description in free
text. The items in part 2 were statements, for example, ‘‘The air
in the classroom is dry,’’ which were rated on a scale from 0 to 4,
where 0¼ completely disagrees and 4¼ completely agrees. The
items in part 3 were statements, for example, ‘‘I have to clear my
throat,’’ which were rated on a frequency-based scale from 0 to 4,
in accordance with the scale in the Voice Handicap Index, where
0¼ never, 1¼ occasionally, 2¼ sometimes, 3¼ often, and
4¼ always. The questionnaire was tested in a pilot study of 63
teachers, all permanent staff of one high school. A reference
group attached to the project (experts in occupational and envi-
ronmental medicine, voice, acoustics, and representatives of the
teachers’ unions, and building proprietors) also made comments.
The validity of the questions was also discussed by a group of
experienced teachers, representing the different teaching levels
included in the study. Based on the pilot study and the feedback,
the questionnaire was revised into its final form.
Selection of teachers and schools

Teaching staff at all levels were included, except preschool
teachers and teachers at specialized, vocational high schools,
because of the large variety of teaching premises; see Table 1
for the distribution of teaching levels.

The teachers were accessed through the headmasters of
a number of schools in the region. The schools were randomly
selected from a restricted geographical area. The choice of the
area was based on a uniform distribution of air pollution and
also on an equivalent population density within the area. Of
the 53 schools contacted, 22 accepted to participate in the study.
A permission to distribute the questionnaire was obtained from
the headmaster of each school. The teachers were informed
about the study by one of the authors (V.L.Å) at regular, pre-
scheduled, compulsory collegial meetings at each school. The
questionnaire was distributed, completed, and collected during
one and the same meeting. The teachers completed the ques-
tionnaire anonymously. If, however, a teacher was interested
in continued participation in the project, contact information
was obtained on a voluntary basis. All teachers participating
in the conferences answered the questionnaire. The question-
naire was thus completed by 73% of all the teachers of all the
included schools. The visits were mainly made from January
to April 2009.
Subjects

The distribution of age, gender, and years in vocation for the
467 teachers is presented in Table 2. Only a small number
were current smokers—36 out of 467 subjects—whereas 158
had given up smoking during a time period ranging from 0 to
more than 10 years. Thirty percent of the teachers—146 out
of 467—did not report any main subject in teaching, being gen-
eral teachers, specialized in certain age groups. The largest
group reporting a main subject was that of teachers teaching
language (20%), followed by natural sciences (11%) and social
sciences (9%).
Statistics and ethical considerations

A statistical power analysis based on a 20% prevalence of voice
problems suggested that completed questionnaires from 398
teachers were required with a 5% margin of error. The statistical
analyses were computed using SPSS 16.1 (SPSS, Inc., Chicago,
IL). Because of the cross-sectional design of the study, no cor-
relations are computed within the material. Factor analysis,
principal component analysis (PCA), was used to uncover
underlying factors and establish interactions among the an-
swers. To assess the appropriateness of the material for PCA
analysis, the correlations among the items were calculated.
The eigenvalue according to Kaiser’s criterion explains the
amount of the total variance explained by a factor and needs
to exceed 1.0. Factors were obtained with a Varimax rotation
and Kaiser normalization. The chi-square test and the Mann-
Whitney U-test were used for further statistical analyses.
The alpha level for all statistical analyses was set to P < 0.05.
The study has been approved by the Institutional Review Board
at Lund University (#248/2008).



TABLE 2.

Distribution of Gender, Age, Years in Occupation, and

Smoking in 467 Teachers

N

Gender,

F/M

Age,

Years

Smoking,

N

Years in

Occupation

467 336/131 M: 47

R: 23–69

36 M: 17

R: 0–43

Abbreviations: M, mean; R, range.
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RESULTS

Data from 487 questionnaires were collected. Nine of the ques-
tionnaires were excluded because of incomplete data. A ques-
tionnaire was considered incomplete if lacking information
on gender, age, or occupation. Eleven questionnaires were
excluded, because they had been handed in by teacher students
attending the collegial meeting and, thus, were not in focus of
this study. A total of 467 questionnaires were evaluated in
this study. Some items were left unanswered by a small number
of teachers, as is common in questionnaire surveys (between
zero and seven teachers/item) (Tables 3–5). These question-
naires were also included in the analysis.
Factor analysis of the questionnaire

The statements 1–13 on acoustics and environmental items and
14–32 on voice items were subjected to a PCA. Before perform-
ing the PCA, the suitability of data for factor analysis was
assessed. Inspection of the correlation matrix revealed the pres-
ence of many coefficients equal to or greater than 0.3. The PCA
revealed two components of eigenvalues exceeding 1 for the
statements about room acoustics, explaining 29.7% and
10.7% of the variance. For the statements about the voice,
four components were found explaining 39.2%, 8.1%, 7.4%,
and 5.7% of the variance.

The PCA for the statements about room acoustics revealed
two components, with items 1–6, 8, and 13 strongly loading
on the first component and items 7, 9, and 10–12 strongly load-
ing on the second component (Table 6). There was a moderately
strong correlation between the two factors (r¼ 0.542). These
findings indicate that the items listed under each component
are highly loaded, specifically, onto one of these two indepen-
dent underlying components.

The interpretation of the first component is the voice function
and the interaction of the voice with the classroom acoustics.
The second component can be interpreted as covering external
sources influencing the voice use.

As shown in Table 7, the PCA for the statements about the
voice revealed four components, with items 15–19, 24, and
32 strongly loading on the first component, items 22–24 loading
on the second component, items 14,19, 20, 21, 23, 26–28, and
32 loading on the third component, and items 25, 29, 30 and
31 loading on the fourth component. There was a weak positive
correlation between components 1 and 2 (r¼ 0.338), 1 and
4 (r¼ 0.352), and 2 and 4 (r¼ 0.113) and a weak negative
correlation between components 1 and 3 (r¼�0.388), 2 and
3 (r¼�0.306), and 3 and 4 (r¼�0.244). These findings
indicate that the items listed under each component are highly
loaded, specifically, onto one of these four independent
underlying components.

The interpretation of the PCA analysis for the voice
statements is that component 1 includes symptoms classically
considered as early signs of voice problems and can most likely
be interpreted as such also in this study, in particular, because of
the inclusion of statement 32, ‘‘I have voice problems,’’ within
this component. Component 2 can be viewed as ‘‘consequences
of voice problems,’’ whereas component 3 seems to reflect
functional or emotional aspects of voice problems; this compo-
nent also includes statement 32. Component 4 includes
symptoms from the throat.
Analysis of separate items and grouping of teachers

with and without voice problems

Prevalence of voice problems. As shown in Figure 1,
37.2% of the teachers reported occasionally occurring to
always-present voice problems (statement 32); 24.4% reported
voice problems occurring occasionally; and 12.8% reported
problems occurring sometimes–always (2–4), and of those,
3.2% reported voice problems occurring often or always (3–4).

Teachers with and without voice problems. Based on
the ratings of statement 32, ‘‘I have voice problems,’’ the partic-
ipants were divided into two groups. Group I (N¼ 60) con-
sisted of teachers having rated 2–4, that is, suffering from
voice problems sometimes, often, or always. Group II
(N¼ 407) included teachers having rated 0–1, that is, never
or only occasionally experiencing voice problems. There
were no significant differences among the groups for gender
(group I: 80% F/20% M; group II: 71% F/29% M), age (group
I: Median (Md)¼ 49.5, group II: Md¼ 46), smoking (group I:
10%, group II: 7%), or years of occupation (group I: Md¼ 20,
group II: Md¼ 16), as shown by a chi-square test.
Items on background aspects

School level, size of class, and number of teachers in

class. The teachers were distributed among the school levels
investigated: 44% of the whole group of teachers taught
junior/intermediate level, 23% at secondary school level, and
33% at high school level. The most common class size, reported
by 81% of the teachers, was groups of 25–30 pupils. Most of the
teachers taught alone (78%). However, it is increasingly com-
mon to teach in teams at the early levels. Team teaching with
one or two colleagues was reported by 21% of the teachers.

The chi-square test revealed significant differences in class
size between group I—teachers with voice problems—and
group II—teachers without voice problems; the former had
smaller classes. There were no significant differences between
groups I and II in school level and number of teachers in class.
The details of distributions and the results of the chi-square test
are summarized in Table 3.

Possibility to rest during workday. The possibility to take
a pause during the working day when needed was reported by



TABLE 3.

Comparison Between Teachers With Voice Problems (Group I) and Those Without Voice Problems (Group II) on

Background Items

Question

Group I %

(N¼ 60)

Group II %

(N¼ 407) c2 P-Value

School level

Junior/intermediate 45 43 (3, N¼ 467)¼ 10.331 NS

Secondary 27 23

High school 28 34

Group size

1–6 22 7 (2, N¼ 467)¼ 13.514 0.001

7–15 7 8

15–30 71 85

No. of teachers in classroom

1 75 78 (3, N¼ 467)¼ 1.889 NS

2 21 16

3 3 5

>3 0 1

Possibility to take a break 20 28 (1, N¼ 460)¼ 1.458 NS

Voice training 40 35 (1, N¼ 467)¼ 0.596 NS

Voice demanding spare time 22 26 (2, N¼ 466)¼ 0.595 NS

Referral for voice help 38 8 (1, N¼ 463)¼ 47.591 0.000

Sick leave 35 9 (1, N¼ 466)¼ 33.274 0.000

No. occasions of sick leave

1 10 4

>2 23 5 (1, N¼ 56)¼ 1.576 NS

Smoking

Yes 10 7 (2, N¼ 467)¼ 1.424 NS

No 52 60

Have quit smoking 38 33

Asthma 17 8 (1, N¼ 466)¼ 5.314 0.021

Asthma medication 13 6 (1, N¼ 39)¼ 0,031 NS

Strong scents 37 21 (1, N¼ 464)¼ 8.000 0.005

Other hyperreactivity 12 7 (1, N¼ 40)¼ 1.184 NS

Hearing aid 10 2 (1, N¼ 464)¼ 11.859 0.001

Job satisfaction

Great 52 49 (3, N¼ 466)¼ 0.897 NS

Broadly 36 41

Not too good 12 9

Not at all 0 1

Voice amplification 3 1 (2, N¼ 464)¼ 4.778 NS

Differences were analyzed with the chi-square test.

Abbreviation: NS, not significant.
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25%. As shown in Table 3, no significant differences were
found in the possibility to take a pause between the two groups.

Previous voice training. A little more than one-third, 35%,
of the teachers reported having trained their voice. The context
of the training varied, but the majority, 24%, reported having
had some training during their teacher education and 5% of
those also in combination with singing lessons. The amount
and content of the voice training is, however, unknown. Singing
lessons had been attended by 11%, of whom 5% attended more
than occasionally. The frequency of voice training did not differ
between the two groups.
Voice load during leisure time. One-fourth, 25%, of the
group reported activities during leisure time that the teachers
themselves classified as vocally demanding, 12% in musical
contexts (ie, choir singing/band playing), 8% within sports,
and 5% in other activities (ie, study circles, acting, etc). There
was no significant difference among the groups for this variable.

Earlier voice problems: sick leave and referral to pro-

fessional help. Within the whole group, 12% reported hav-
ing been sick-listed because of voice problems, 7% of those,
more than once. Referral to professional help because of voice
problems was also reported by 12%. However, in the group with



TABLE 4.

Distribution of the Ratings in Percent of Statements on Acoustics and Environment for Group I (N¼ 60)—Teachers With

Voice Problems—and Group II (N¼ 407)—Teachers Without Voice Problems

Acoustical and Environmental

Statements N 0 (%) 1 (%) 2 (%) 3 (%) 4 (%) z P

1. The class-room acoustics help me talk comfortably.

Group I 60 25 30 33 7 7

Group II 402 11 25 39 18 7 �3.319 0.001

2. There is an echo in the class-room.

Group I 59 29 29 20 17 5

Group II 403 36 28 23 10 3 �1.489 0.137

3. The class-room is difficult to talk in.

Group I 60 10 19 39 25 7

Group II 407 23 29 29 16 3 �3.521 0.000

4. I need to increase the power of my voice to make myself heard even with just a little noise in the class-room.

Group I 60 5 14 25 37 19

Group II 407 17 28 27 20 8 �4.595 0.001

5. The class-room air feels dry.

Group I 60 7 17 20 26 30

Group II 407 17 18 28 24 12 �3.377 0.001

6. My voice gets muffled by the class-room acoustics.

Group I 58 9 14 46 26 5

Group II 404 19 23 35 21 2 �2.584 0.010

7. There is a draught in the class-room even when the door is closed.

Group I 60 23 22 15 27 13

Group II 404 40 25 13 13 9 �3.114 0.002

8. The noise made by the pupils is noticeable in the class-room.

Group I 59 5 12 19 34 30

Group II 405 8 14 25 28 25 �1.602 0.109

9. The noise from the ventilation is noticeable.

Group I 60 12 29 22 17 20

Group II 404 24 24 20 20 12 �1.903 0.057

10. The noise from audio/visual resources is noticeable.

Group I 60 35 19 21 15 10

Group II 404 37 27 17 11 8 �1.004 0.315

11. The noise coming from outside of the class-room is noticeable.

Group I 60 17 18 30 23 12

Group II 405 19 24 24 22 11 �0.883 0.377

12. I have problems with my hearing.

Group I 59 37 18 17 14 14

Group II 406 37 21 15 13 13 �0.012 0.990

13. The class-room acoustics has influence on my way of talking (with the pupils present).

Group I 58 21 8 14 29 28

Group II 406 28 16 26 18 12 �3.278 0.001

Grades: 0¼ completely disagree to 4¼ completely agree.

The z and P values for the Mann-Whitney U-test comparing the groups are also provided.
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voice problems, 38% reported having contacted professional
help, and 35% had had one or more periods of sick leave.
The corresponding percentages for the group without voice
problems were 8% and 9%, respectively, and these were statis-
tically significant differences.
Asthma, asthma medication, and hyperreactivity.

Asthma was self-reported in 9% of the teachers and its med-
ication in 7%. The medication consisted to 5% of corticoste-
roids. Hyperreactivity to strong scents was reported in 23%
of the teachers, and ‘‘other hyperreactivity’’ was reported
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in 8%, most stating reaction toward pollen. The statistical
analyses revealed significant differences between the group
with voice problems and that without voice problems for
asthma (17% vs 8%) and for hyperreactivity to strong scents
(37% vs 21%). The use of medication did not differ among
the groups.

Hearing. Within the whole group of teachers, 13% agreed
completely that they had hearing problems (see later and Table
4), but only 3% of the entire group used a hearing aid. The sta-
tistical analysis showed a significant difference among the
groups in reporting the use of hearing aid, with 10% of the
group with voice problems reporting use of hearing aid versus
2% in the group without voice problems.

Job satisfaction. Most of the teachers reported great (49%)
or broad (41%) satisfaction with their work. Moderate satisfac-
tion was reported by 9%, and 0.2% reported not being satisfied
at all. There were no significant differences found among the
groups in terms of job satisfaction.

Voice amplification. Only eight teachers out of 464 (2%) re-
ported that they used voice amplification—two teachers in
gymnastics, four in music, one in special education, and one
Montessori educator. There was no difference among the
groups in terms of the use of voice amplification.

Classroom acoustics and environmental items

Within the group, 38% (ratings: 0–1) disagreed that the class-
room acoustics help the teacher to talk comfortably. The distri-
bution of the ratings is shown in Figure 2.

The results for environment and acoustics were analyzed
with the Mann-Whitney U-test, and the results are summa-
rized in Table 4. There were significant differences between
the two groups for the following statements—1: ‘‘The class-
room acoustics help me talking comfortably’’; 3: ‘‘The
class-room is difficult to talk in’’; 4: ‘‘I need to increase the
power of my voice to make myself heard even with just a little
noise in the class-room’’; 5: ‘‘The class-room air feels dry’’; 6:
‘‘My voice gets muffled by the class-room acoustics’’; 7:
‘‘There is a draught in the class-room even when the door is
closed’’; and 13: ‘‘The class-room acoustics has influence on
my way of talking (with the pupils present).’’ In the news
media, the noise caused by the pupils is often discussed as
a problem to both staff and pupils. In the present results,
92% of the teachers agreed on the presence of noticeable
noise from the pupils (Item 8). Furthermore, the perception
of disturbance from other noise sources, such as ventilation
noise (Item 9), noise from technical equipment (Item 10),
and noise from outside the classroom (Item 11), received
a moderate to strong agreement by the entire group, however,
with no statistical differences between the two groups.

Within the whole group of teachers, 80% (ratings: 2–4)
agreed moderately or completely on the following state-
ments—1: the help of the classroom acoustics; 4: the need for
increasing the power of the voice for making oneself heard;
5: the feeling of dryness of the classroom air; 6: the voice get-
ting muffled by the classroom acoustics; and 11: occurrence of
noise from outside the classroom.
Voice items

The results of the comparison between the groups with (group I)
and without (group II) voice problems for the statements on
voice are presented in Table 5. The comparisons were analyzed
with the Mann-Whitney U-test, and they proved to be signifi-
cant for all statements within the voice section (Items 14–31).

Among the statements covering early signs of voice prob-
lems, throat clearing and hoarseness were most frequently re-
ported in the entire group (80% and 74%, respectively).
Throat clearing was also the most reported symptom occurring
frequently (sometimes–always) within the group (39%).

The psychosocial factors are not in focus in this phase of the
project. One single item on ‘‘job satisfaction’’ was used to
provide information about the work-related psychosocial well-
being of the teachers. There were, however, no significant differ-
ences between the group with voice problems and that without
voice problems, as shown in Table 3. The occurrence of stomach
discomfort, occasionally discussed as stress related, differed
significantly among the groups, with a higher frequency in the
group with voice problems.
DISCUSSION

One aim of this study was to examine why some teachers do get
voice problems, whereas others, under similar circumstances,
do not, and also to explore the teachers’ view on factors within
their work environment that might influence the voice. The
results show that the group of teachers with voice problems sig-
nificantly differed from that without voice problems in their rat-
ing of most of the aspects of environment and room acoustic
under investigation. This result may, thus, suggest that teachers
with voice problems are influenced by these factors. Further-
more, the results indicate that the teachers with voice problems
show a higher frequency of ‘‘classical’’ symptoms of voice attri-
tion than the group reporting no voice problems, with symp-
toms, such as hoarseness, throat clearing, and a feeling that
the voice limits their work. The prevalence of voice problems
in this group of teachers was 13%. These findings of the prev-
alence of voice problems in teachers agree with those of other
studies6,19,20 and, thus, shows that the experiences of teachers
in Swedish schools is similar to those of the teachers elsewhere.

Our definition of voice problems was the teacher’s own rating
of the statement ‘‘I have voice problems.’’ That is, a teacher was
considered to suffer from voice problems if the rating was 2 or
more on the frequency-based scale, indicating that the problems
occurred ‘‘sometimes,’’ ‘‘often,’’ or ‘‘always’’ (Figure 1). It is,
thus, important to keep in mind that the dividing of the teacher
group into two groups, one group with voice disorders and one
without voice disorders, is an interpretation of the answers.
Like the present study, most other studies on voice problems
of teachers are based on questionnaires, which mainly indicate
the subjective view of the individual teacher. It is, however, dif-
ficult to compare the results of different studies because of dif-
ferences in methods and, above all, because of the definition of
voice problems, as pointed out by some authors.18,19,21

The PCA analysis revealed two factors in the section on class-
room acoustics. The first one expressed the voice function and



TABLE 5.

Distribution of the Ratings in Percent of Statements on Voice for Group I (N¼ 60)—Teachers With Voice Problems—and

Group II (N¼ 407)—Teachers Without Voice Problems

Voice Statements N 0 (%) 1 (%) 2 (%) 3 (%) 4 (%) z P

14. I need voice amplification.

Group I 58 83 3 9 5 0

Group II 404 92 4 2 1 1 �2.410 0.016

15. I need to clear my throat.

Group I 59 5 14 32 42 7

Group II 406 21 45 27 7 0 �7.824 0.000

16. My voice sounds hoarse.

Group I 60 3 15 42 38 12

Group II 406 29 46 20 4 0 �8.771 0.000

17. My voice can suddenly change when I talk.

Group I 59 15 24 35 24 2

Group II 407 40 39 18 2 0 �6.263 0.000

18. I need to strain to make my voice work.

Group I 60 10 8 37 37 8

Group II 405 47 37 13 2 0 �9.475 0.000

19. My voice limits my work.

Group I 59 15 25 36 20 4

Group II 406 64 28 6 2 0 �9.139 0.000

20. I avoid certain tasks due to my voice.

Group I 60 43 25 17 8 7

Group II 407 83 14 1 0 0 �7.798 0.000

21. Due to my voice the pupils have trouble hearing me.

Group I 60 35 40 20 5 0

Group II 406 79 18 3 0 0 �7.678 0.000

22. I have wanted to stay at home due to problems with my voice.

Group I 60 47 23 27 3 0

Group II 407 83 14 3 0 0 �6.850 0.000

23. Others ask what is wrong with my voice.

Group I 60 62 23 12 3 0

Group II 404 94 5 1 0 0 �8.151 0.000

24. I have stayed at home due to problems with my voice.

Group I 60 65 22 12 2 0

Group II 407 85 12 2 0 0 �3.988 0.000

25. I have a sensation of discomfort in my throat.

Group I 60 10 23 30 34 3

Group II 405 56 30 12 2 0 �9.110 0.000

26. My voice upsets me.

Group I 60 8 27 43 14 8

Group II 407 83 14 3 0 0 �13.437 0.000

27. I run out of air when I talk.

Group I 60 47 18 20 12 3

Group II 406 79 16 4 1 0 �6.064 0.000

28. My voice makes me feel incompetent

Group I 60 48 15 22 15 0

Group II 401 88 9 2 0 0 �8.360 0.000

29. My throat is burning.

Group I 59 32 29 20 19 0

(Continued )
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TABLE 5

Distribution of the Ratings in Percent of Statements on Voice for Group I (N¼60)—Teachers With Voice Problems—and

Group II (N¼407)—Teachers Without Voice Problems (Continued )

Voice Statements N 0 (%) 1 (%) 2 (%) 3 (%) 4 (%) z P

Group II 407 71 22 6 1 0 �6.847 0.000

30. It feels like a lump in my throat.

Group I 60 37 25 23 12 3

Group II 407 72 20 6 2 0 �6.280 0.000

31. I have sensations of gastritis

Group I 60 50 20 20 8 2

Group II 407 72 14 9 4 1 �3.500 0.000

32. I have problems with my voice.

Group I 60 0 0 75 22 3

Group II 407 72 28 0 0 0

Grades: 0¼ never, 1¼ occasionally, 2¼ sometimes, 3¼ often, and 4¼ always.

The z and P values for the Mann-Whitney U-test comparing the groups are also provided.
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the interaction of the voice with the acoustics of the classroom.
The second component covered external sources influencing
the voice. For the voice part, four factors emerged. The first fac-
tor represented early symptoms of voice problems; the second,
consequences of voice problems; and the third, functional and
emotional aspects of voice problems. These three correspond
to the three subscales of the Voice Handicap Index.22 The fourth
factor was related to problems of the throat. Our clinical experi-
ence suggests that it is adequate to have some irregular problems
from the throat without experiencing a voice problem.
Room acoustics and environmental issues

There are a small number of studies linking voice problems in
teachers to the acoustic conditions of the classroom.5,12 A few
studies have also investigated the teachers’ subjective opinion
of factors influencing the voice.10,23,24 Somewhat surprisingly,
the room acoustics has, in these studies, been rated by the
teachers as factors of minor importance. This might be the re-
sult of the concept of ‘‘acoustics’’ being a rather broad one, giv-
ing rise to various connotations in laymen. The statements in the
present questionnaire were formulated in collaboration with
both professionals in the field and teachers to produce a phrasing
as close as possible to the one that would be used by a layman
but still professionally adequate.

One of the more central statements of this study is statement
‘‘The classroom acoustics helps me talk comfortably.’’ A signif-
icant difference between the ratings of the two groups was
found; the group with voice problems disagreed more with
this statement. This is an interesting finding underpinning the
results by Brunskog et al,11 whose findings indicate that the
voice power level is correlated with the support that the room
provides to the speaker, called Room Gain. It is not possible
to conclude from these results that insufficient room acoustics
causes voice problems, but we may speculate that a person
with voice problems might be more dependent on the Room
Gain and is also more sensitive to acoustic- and environment-
related disturbances. The ratings of the two groups differed
significantly also for items 3, 4, and 13, indicating that the class-
room acoustics cause adjustments of the vocal behavior. For
a person without voice training, a common strategy of adjust-
ment is to increase the voice intensity level and also the funda-
mental frequency. An increase of F0 contributes to the voice
load and often leads to vocal fatigue.9 Could it be that some
of the differences between teachers with voice problems and
those without problems can be partly explained by individual
differences in the intuitive skills of using the inherent room
acoustics for the support of the voice?

One additional factor of the environment may be the humid-
ity of the classroom air. The dry air seems to affect teachers with
voice problems more than those without them. According to
Vinturri et al,25 female speakers report more voice symptoms
in dry air than in more humid air. Because the Swedish weather
is cold from November to March, indoor heating often contrib-
utes to a dry indoor climate.
Voice symptoms in teachers

The differences between the teachers with and without voice
problems were significant for all items in the voice section.
The group with voice problems reported a frequent occurrence
of symptoms of vocal fatigue, such as hoarseness, throat clear-
ing, and voice change. The teachers in this group also stay at
home more frequently or want to stay at home. This group
also reports their voice as a limiting factor in their work. From
the results of this study, we cannot tell anything about the num-
ber of teachers who have changed their working situation or
even changed occupation. However, the surprisingly large num-
ber of teachers within group I, who teach in smaller groups,
might indicate that there are a number of teachers who have
changed their work tasks to avoid a very heavy voice load.

Interestingly, although there was a significant difference be-
tween the two groups, 87% of the entire group, who answered
that they did not experience a voice problem, still reported
a combination of symptoms, however, with a lower frequency,
such as throat clearing, hoarseness, and voice change, clinically



TABLE 6.

Pattern Matrix From PCA Analysis for Acoustical/Environmental Statements 1–13

Statement Component 1 Component 2

3. The class-room is difficult to talk in. 0.763

4. I need to increase the power of my voice to make myself heard even

with just a little noise in the class-room.

0.757

13. The class-room acoustics has influence on my way of talking (with

the pupils present).

0.739

8. The noise made by the pupils is noticeable in the class-room. 0.726

1. The class-room acoustics help me talk comfortably. 0.619

2. There is an echo in the class-room. 0.559

6. My voice gets muffled by the class-room acoustics. 0.532

5. The class-room air feels dry. 0.431

10. The noise from audio/visual resources is noticeable. 0.721

7. There is a draught in the class-room even when the door is closed. 0.625

9. The noise from the ventilation is noticeable. 0.599

11. Noise coming from outside of the class-room is noticeable. 0.586

12. I have problems with my hearing. 0.439
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considered to constitute a voice disorder. Furthermore, 8% had
been in contact with professional help. These findings are in ac-
cordance with the studies where comparisons have been made
between teachers and other occupational groups with lower
voice demands.2,4,26,27 Teachers in general, thus, seem to report
a higher frequency of voice symptoms than do the others. The
definition of ‘‘problem’’ is, thus, crucial here. One might spec-
ulate that voice problems might be seen as an occupational
hazard and not a personal matter by the teachers and, as such,
nothing to really act on. But, to whom does the problem really
belong? A small number of studies have shown a negative effect
of the teacher’s disordered voice on the pupils’ learning abil-
ity.28,29 Is then the issue of voice problems in teachers only
an occupational and personal matter? This raises the issue of
TABLE 7.

Pattern Matrix From PCA Analysis for Voice Statements 14–32

Statement Com

16. My voice sounds hoarse.

15. I need to clear my throat.

17. My voice can suddenly change when I talk.

18. I need to strain to make my voice work.

32. I have problems with my voice.

24. I have stayed at home due to problems with my voice.

22. I have wanted to stay at home due to problems with

my voice.

23. Others ask what is wrong with my voice.

28. My voice makes me feel incompetent.

21. Due to my voice the pupils have trouble hearing me.

20. I avoid certain tasks due to my voice.

19. My voice limits my work.

14. I need voice amplification.

27. I run out of air when I talk.

26. My voice upsets me.

29. My throat is burning.

31. I have sensations of gastritis.

30. It feels like a lump in my throat.

25. I have a sensation of discomfort in my throat.
a thorough voice education for teacher students and for teachers
already at work.

Voice-related absence from work

Our results show that teachers with voice problems are absent
from work because of voice problems more than those without
voice problems (35% vs 9% of sick leave). Even more striking
are the 30% within the group with voice problems who have
wanted to stay at home because of voice problems, compared
with 3% in the other group. However, according to results
from other studies, teachers who do not report voice problems
also stay at home more often compared with nonteachers.2,15,19

Additionally, group I reports voice problems as a limitation to
its work. Both groups are broadly satisfied with their work;
ponent 1 Component 2 Component 3 Component 4

0.803

0.795

0.764

0.587

0.378 �0.305

0.932

0.859

0.443 �0.410

�0.769

�0.725

�0.697

0.304 �0.599

�0.496

�0.447

�0.424

0.707

0.668

0.662

0.466 0.568



FIGURE 1. Distribution of the answers in percent for statement 32,

‘‘I have voice problems,’’ in 467 teachers.
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hence, the voice problems are probably not used as an excuse
for absence. We may conclude that teachers often are bothered
by the voice function. We may also conclude that absence from
work because of voice problems is a reality in teachers’ every-
day life. In our opinion, voice-related problems in teachers
should be viewed as a work-related problem and treated as
such when discussing the work environment in schools.

Factors possibly influencing voice load

A number of factors are often discussed as contributing to voice
load and, as such, to have an impact on voice problems. Gender
is one of these, with female teachers more at risk of voice prob-
lems than male teachers.6,19,30 Our results, however, did not
show any significant differences in the aspect of gender among
the groups. The number of pupils in the classroom is also con-
sidered to contribute to voice load, with an increasing numbers
of pupils viewed as resulting in higher load. Our results show
significant differences between the groups with and without
voice problems, but somewhat surprisingly, with the largest dif-
ference in percent for the smallest size of group: 1–6 students
(22% vs 7%). The explanation may be that teachers experienc-
ing voice problems have already changed their work tasks to
decrease the voice problem. Asthma and respiratory allergies
are also commonly discussed factors contributing to voice prob-
lems in teachers.27,31 The present results agree, because signif-
icantly more teachers in the group with voice problems reported
asthma. However, these results have to be interpreted with cau-
tion. Asthma may be misdiagnosed and sometimes include
other breathing problems that are not asthmatic. There is also
a risk of asthma being auto-diagnosed. The inhalation of corti-
costeroids has been shown to be a possible cause of voice prob-
lems.32,33 The voice symptoms in the investigated group might
obviously be ascribed to the use of inhaled corticosteroids.
However, the data in this study are self-reported; hence, the
information on medicaments is sparsely detailed and has to
FIGURE 2. Distribution of the answers in percent for statement 1,

‘‘The class-room acoustics help me talking comfortably,’’ in 467

teachers.
be interpreted with caution. Moreover, there were no significant
differences regarding the use of medication among the groups.
Thus, it is not possible from the results of this study to tell
whether the voice symptoms are caused by the medication or
by the asthma and allergy themselves. Hyperreactivity to strong
scents was also more prevalent in the group with voice prob-
lems. Hyperreactivity is a complex phenomenon that, in some
cases, seems to lead to subjectively and, sometimes, also objec-
tively perceived hoarseness.34 Problems with hearing have also
been shown to be a contributing factor to voice problems in
teachers.31 Even though significantly more teachers in group I
stated the use of a hearing aid, the present results do not support
the earlier findings of the influence of hearing difficulties on
voice problems, because there were no significant differences
among the groups for the item on problems with hearing.

Methodological issues

A common way of investigating voice problems in teachers is to
compare teachers with nonteachers.2,4-6,19,20,26,27,35 In this
study, we have used a different approach. We choose to com-
pare the differences within the entire group of subjects, compar-
ing teachers who reported voice problems with those who did
not, a design used earlier by Gotaas and Starr31 and Rantala
and Vilkman.36

In analogy with Gotaas and Starr,31 we used a frequency-
based rating scale for judging the voice items. A frequency-
based scale shows the absence, presence, and frequency of
occurrence of a problem, but it does not tell anything about the
duration of the problem. However, according to Simberg et
al,16 the memory factor may influence the results when a time-
based rating is used. The reason is that the subject may better
remember recent voice episodes, and this approach may, thus,
result in a higher prevalence if the episodes have occurred close
to answering the questionnaire. The frequency-based scale used
here may reduce the influence of the temporal aspect and rather
mirror the current, overall impression of the occurrence of
episodes of voice problems in the individual teacher.

When comparing the self-report-based studies, it is important
to consider the response rate. As discussed by Simberg et al,16

the method for distributing the questionnaire may have a signif-
icant effect on the number of responses. In earlier studies, the
response rate has varied between 29% and 98%, with higher
rates in studies where interviews were made over the phone
or with a questionnaire distributed ‘‘face to face.’’ The present
study had a response rate of 73% by using a face-to-face manner
of distribution, with one of the authors attending prescheduled,
compulsory, collegial meetings at the schools. As a conse-
quence, the questionnaire was completed by all the teachers
attending the meetings. Teachers not participating were absent
from the meetings because of sickness or vacation. Although
we do not have any information on the cause of the absence,
it is possible that some teachers were absent because of voice
problems. We may, however, presume that the present data
are reasonably unbiased by individual teachers’ special interest
in voice or voice disorders. As to the participating schools, we
are not familiar with the individual headmasters’ motives of
acceptance or rejection of the schools’ participation in the
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study. However, the rejections to participate have often been
accompanied by explanations of heavy workload and tight
schedules and also that many investigations are currently being
performed in Swedish schools.
CONCLUSIONS AND FUTURE RESEARCH

We can conclude that the teachers participating in this study
agreed on several aspects of working environment as being no-
ticeable in their work. The results also show that 13% of the
teachers suffer from voice problems sometimes, often, or
always. The differences within the group of teachers indicate
that the group with voice problems agreed on perceiving aspects
of the room acoustics and other environment-related issues to
a significantly higher degree than was reported by the group
without voice problems. Vocal symptoms were reported in the
entire group, however, significantly more in the group consider-
ing itself to have a voice problem. Voice-related absence from
work is common in both teachers with and without voice prob-
lems. The conclusion is that the teachers with voice problems
are more dependent on good working conditions and in learning
how to optimize the use of their voices and the room acoustics.
The findings suggest that discussions about the use of the pre-
requisites of the classroom should be covered during voice ther-
apy with teachers. The findings also indicate that vocal training
during teacher education is a necessity. In this study, we did not
make any laryngeal analyses or voice recordings. They are,
however, planned for the next phase of the study to further un-
derstand the underlying factors of voice problems in teachers.
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Abstract 

Objectives  
This randomized case-control study compares teachers with self-reported voice problems, to age, 
gender and school-matched colleagues with self-reported voice health. The self-assessed voice 
function is related to factors known to influence the voice: laryngeal findings, voice quality, and 
personality, psycho social and coping aspects, searching for causative factors of voice problems in 
teachers.  

Methods 
Subjects, 31 teachers with self-assessed voice problems and 31 voice healthy colleagues recruited 
from a teacher-group in an earlier questionnaire study, underwent examinations of the larynx by High-
Speed Imaging and Kymograms; voice recordings; Voice Range Profile; audiometry; self assessment 
of voice handicap and voice function; teaching and environmental aspects; personality; coping ; 
burnout, and work-related issues. The laryngeal and voice recordings were assessed by experienced 
phoniatricians and speech pathologists.  

Results 
The group with self-assessed voice problems had significantly longer recovery-time after voice 
disorders, and scored higher on all subscales of the voice handicap index.  

Conclusions  
The results show that the cause of voice dysfunction in this group of teachers with self-reported voice 
problems is not found in the vocal apparatus or in psychosocial aspect within the individual. The 
individual's perception of a voice problem seems to be based on a combination of the number of 
symptoms and of how often the symptoms occur, along with the time for recovery. The results also 
underline the importance of using self-assessed reports of voice  dysfunction.
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BACKGROUND AND AIM 
This paper is a sequel to our epidemiological study of voice problems in Swedish school teachers [1] 
that examined the influence of working environment on teachers’ voices and vocal behavior. Here, we 
look at etiological factors that may differentiate teachers with self-reported voice problems from 
teachers without any such problems. Voice problems are common in teachers and teachers are at high 
risk of voice disorders compared to other occupations; this has been shown in a number of studies [1-
12]. There is a general agreement that vocal load is the major cause of voice problems in the teaching 
staff. The vocal loading that occurs in the daily-life of teachers has several causes [13]. Long teaching 
hours, poor room acoustics, and bad air quality are seen as the leading causes of voice problems in 
teachers. Psychological and emotional aspects may also contribute to voice disorders [14-18]. 
Teachers commonly work in a stressful environment with high vocal and psychological demands and 
an increasing number of students along with noticeable cut-downs of resources in Sweden. It is often 
argued that the physical and psychosocial environment influences voice disorders in teachers, but there 
are, as far as we know, only a few studies that have investigated this relationship [1, 19, 20].  
 
Several studies [8, 11, 21, 22], have investigated the relationship between self-reported voice problems 
in teachers and objective findings, primarily laryngeal structures, laryngeal function, and voice quality. 
They suggest, however, that the relationship is not all that clear. Rantala et al. [23-25] investigated the 
relationship between subjective complaints and objective acoustic measures in a group of teachers and 
reported lack of correlation between the subjective complaints and the objective measurements. A 
recent study by Tavares and Martins [26], did however indicate a connection between laryngeal 
findings and reports of hoarseness in a teaching population and Gotaas and Starr [27] found voice 
quality to correlate to reports of voice fatigue at certain time-points.  
 
Teachers have high occupational voice demands. They need a flexible voice to instruct, discipline, 
clarify, and for attracting interest and attention. The increased voice load and the voice load’s impact 
on the voice are evident when teachers are compared to occupational groups with lesser occupational 
voice demands [8, 11, 28]. However, commonly, not all the staff at a work place is affected by voice 
problems. Thus, the aim of the present study is to compare teachers with self-reported voice problems 
to age, gender and school-matched colleagues with self-reported voice health. We relate the self-
assessed voice function to factors known to influence the voice function: laryngeal findings, voice 
quality, and personality and psycho social circumstances. In addition, we investigate the teachers’ 
estimation of their voice function and test their hearing, aiming at investigating possible causative 
factors of voice problems in teachers. The study has a case-control design with the source population 
being the group of teachers investigated in the earlier study [1]. 
 

MATERIALS AND METHODS 

Subjects 

All participants were recruited from the population of teachers who participated in our earlier cross-
sectional questionnaire survey. All the teachers at 22 schools (n=467) present at pre-scheduled 
collegial meetings, completed a questionnaire on environment and voice [1]. Planned continuation of 
the project was explained and the teachers were asked if they were interested in participating, and 220 
of them were. 

Matching of subjects and controls 
Among the subjects willing to participate in the present study, one group of the subjects was recruited 
among the 41 teachers who, in the questionnaire study, rated themselves as suffering from voice 
problems. Since it was important to find pairs of cases and controls working at the same school, we 
searched for possible case-control pairs at the included schools. One subject was excluded due to lack 
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of any control at his school. In addition, two smokers were excluded since it was not possible to find a 
gender- and age matched smoking control at the school. The remaining 38 subjects were contacted by 
phone and were informed both orally and in writing about the examination procedures. One was not 
possible to reach and six subjects declined to participate. Two subjects had changed occupation and no 
longer worked as teachers. Four declined further participation due to lack of time or interest. A total of 
31 teachers with voice problems ended up in the study. 
 
For each subject a control-subject (n=31) was selected from the same school, among those teachers 
who had estimated no voice problems in the questionnaire study (n=179). The pairs were matched for 
gender and, as closely as possible, for age. 
 
Two paired groups of teachers were thus formed: Group I (N=31, 26F/5M) included teachers with 
self-assessed voice problems, with a mean age of 48,7 years (Sd=10,7) and a median time in 
occupation of 15 years (range 1-40); Group II (N=31, 26F/5M) had teachers without voice problems 
with a mean age of 44,6 years (Sd=9,9) and median time in occupation of 14 years (range 2-39). All 
the participants had given their written consent to participate in the study. The pairs came from 12 of 
the 23 schools from the earlier epidemiological study.  

Examination procedure 
The teachers were examined at the Department of Logopedics, Phoniatrics and Audiology at 
Lund University Hospital between May 2009 and February 2010. Written information about 
the examination procedures was e-mailed to all teachers before the examination and was 
repeated orally by one of the authors (VLÅ) at the time of the examination. All teachers were 
subjectively free from upper airway infections and allergies at the time of examination. In 
most teachers, the examinations were performed during ordinary work weeks and after 
school-hours; however, three came for the examination at a day off work. The order of 
examinations followed the same routine of voice recordings, laryngeal examination and last 
the phonetogram/voice range profile (VRP). There was no fixed order between answering the 
questionnaires and the audiometry.  

Recordings and analyzes 

Larynx and the vocal folds 
The teachers underwent examination of the larynx and vocal folds with a 70 degree rigid 
laryngoscope. A digital documentation system was used, HRES Endocam (Wolf, Germany). First, 
high resolution mode was used for evaluation of organic lesions, adduction and abduction. In high-
speed mode 2000 frames/s were recorded for male subjects and 4000 frames/s for female subjects. 
These recordings were used to evaluate mode and symmetry of vibration at the glottic level. 
Kymograms were calculated at the mid portion of the membraneous vocal fold. The examinations 
were performed without local anesthetic in 56/62 subjects, but in six cases: three subjects and three 
controls Xylocain spray was used (1-3 doses of 10 mg each). All examinations were performed by one 
of the authors (RR), who was unaware of which group each participant belonged to. 

Analyzes of Larynx and vocal folds 
The recordings were coded and randomized. The final evaluation of the recordings was made in 
consensus by two experienced phoniatricians unaware of the grouping of the subjects. Following 
clinical practice, the guidelines by the Committee on Phoniatrics of the European Laryngological 
Society (ELS)[29], and suggestions by Kendall [30] for high-speed imaging, a protocol was 
constructed to assess the following (brackets refer to the presentation of results): 
 

• The morphological structure of the vocal folds (Table 1) 
• Asymmetry of posterior larynx: The position of the corniculate tubercles during phonation and 

rest [31]. (Tables 1 and 2) 
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• The symmetry and periodicity of vocal fold vibration of the right and left vocal fold 
separately. (Table 1) 

• The activity of the false vocal folds (Table 1) 
• The degree and type of glottal opening at maximal closure (Tables 3 and4) 
• The propagation and amplitude of the mucosal wave of the right and left vocal fold separately. 

(Table 1) 
• The symmetry and periodicity of vocal fold vibration of the right and left vocal fold 

separately. (Table 1) 
• The phase difference/periodicity: variations in the vibratory cycle, possibly causing 

asymmetrical closure. (Table 1) 
• The Open Quotient in percent of the glottal cycle (time of open phase/time of vibratory cycle). 

(Fig.1) 
 

The glottic open phase and phase difference were assessed from kymograms. All parameters were 
judged on a four-point scale (0, no deviance; 3, severe deviance) except for the degree of glottal 
closure which was judged on a six point rating scale according to Södersten and Lindestad [32] and 
the pattern of glottal closure which was also categorized according Södersten and Lindestad [32]: 

• A: spindle shaped incomplete closure, closure at the vocal processes. 
• B: spindle-shaped incomplete closure at the posterior third of the folds, closure at the vocal 

processes.  
• C: Spindle-shaped incomplete closure at the anterior third of the folds, closure at the vocal 

processes.  
• D: Spindle shaped incomplete closure at the posterior and the anterior thirds of the folds, 

closure at the vocal processes and at the middle of the membranous portion (“hourglass”). 
 

To assess inter rater reliability, eight randomly selected recordings were analyzed twice.  

Voice 
The voice was signal was digitized at 16 kHz with 16 bit resolution in a sound-proof booth during the 
reading of a standard text (the Northwind and the Sun) using Soundswell Core 4.0 + Soundswell 
Voice 4.0, (Hitech Development AB, Täby, Sweden) and a head-worn microphone (MkE2 Sennheiser, 
www.sennheiser.com), placed 30 cm from the mouth. Due to a change of computer equipment, five of 
the voices were recorded on MiniDisc (Sony MDS-101), with the same microphone. All recordings 
were made by one of the authors (VLÅ).  

Perceptual rating of voice quality 
The voice recordings with a total duration of app. 45 s each were organized in three differently 
randomized “lists” so that all 62 voices were presented in different order on each list. A panel of three 
experienced voice-pathologists rated all voices in consensus on a Visual Analogue Scale (VAS) which 
was presented through the Spruce listening test: Judge 2.0 (Hitech Medical, Täby Sweden). The voices 
were judged for five parameters, defined  according to Hammarberg: hyperfunction, breathiness, vocal 
fry, hard glottal onsets, and instability [33]. In addition, Grade of Voice Disorder was estimated in 
analogy with the GRBAS scale [34]. The choice of parameters was limited by the number of 
parameters possible to present in the Judge application. The judges were given written information 
with instructions to listen to each voice at a maximum of three times. They were also instructed not to 
return to a voice that already had been rated. The judges were further instructed to comment on other 
aspects than those presented through the Judge application, and in such cases add the comments to a 
protocol. The results were then calculated for overall differences and intra class correlations.  
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Voice Range Profile 
A maximum phonetogram (Voice Range Profile, VRP) was performed with the teacher standing in 
front of a laptop computer and recorded on a real-time phonetograph Phog 2.5 (Hitech Medical, Täby 
Sweden) with a head-worn microphone (AKG C420) at a distance of 7 cm from the lips. The 
phonetogram (VRP) was always recorded last during the examination process to avoid possible 
laryngeal fatigue. 
According the guidelines by the European Union of Phoniatricians [29] the signal was corrected to 
equal 30 cm distance from the mouth. The teachers phonated with glissandos on the vowel /a/ trying to 
cover as large an area as possible in frequency and SPL with connected contours. The teachers started 
at a habitual fundamental frequency gliding downwards to the softest phonation and thereafter, 
keeping as soft phonation as possible, working upwards through the frequency range towards the 
highest possible frequency. The procedure was then repeated in loud voice. When this was completed, 
the teacher was asked to fill out blank spots and try to “connect” the contours. The teachers were free 
to take the time they needed to complete the VRP. The glissando was practiced a few times before the 
recording started. All instructions and prompting was carried out by the same author (VLÅ). 
The analysis of the VRP followed the procedure described in Ma et al. [35]. All VRPs were measured 
by the same author (VLÅ). Four boundary points were analyzed for each recording: the highest 
frequency, the lowest frequency, the maximum and minimum intensity. The maximum area, in 
semitones x dB, and the frequency ranges were automatically calculated by the Phog 2.5 software. 

Analyzes of F0 and LTAS 
The sound-files were explored with the help of Soundswell Voice™ and the fundamental frequency 
was calculated for each voice. A long-time average spectrum was made to obtain information on the 
voice source, in particular the tilt of the source spectrum [36]. For the analysis, silence and periods of 
unvoiced sounds were eliminated. For the latter, a comparison was made of the spectral levels below 
and above 1 kHz. If the lower frequency band dominated a frame, this frame was retained as voiced; 
otherwise, it was discarded.  The ratio of energy in the frequency bands 0-1kHz and 1-5 kHz was 
calculated. This measure provides information on the tilt of the source spectrum, i.e., how rapidly the 
amplitude of the higher partials decreases. The second one was the energy in the frequency band 5-8 
kHz. A large amount of energy in this band can be a sign of noise due to an incomplete glottal closure 
[37]. 

Audiometry  
Audiograms were obtained by the same audiologist. The equipment used was a GSI16 (Grason-Stadler 
Inc.) audiometer together with one pair of Telephonics TDH-39P supra-aural earphones with MX-
41/AR cushions.  The equipment was calibrated in accordance with IEC 60318-3 and ISO 389-1(IEC, 
1998c;ISO 2003). Test stimuli were pure tones of 1-2 seconds duration (35 ms rise and fall times). The 
following test order was used: 1000, 1500, 2000, 3000, 4000, 6000, 8000, 500, 250 and 125 Hz. 
Audiometry was conducted in accordance with ISO 8252-1[38] using the manual descending 
technique (-10/+5 dB). The threshold was defined as the lowest level where three responses had been 
recorded. The test was performed in a double-walled soundproof booth (complying with the maximum 
permissible ambient sound pressure level as specified in ISO 8252-1) during one session [38]. The 
mean value of 500, 1000, 2000, 4000 Hz was calculated for each ear. The sound pressure levels for 
3000, 4000 and 6000Hz were also analyzed separately. 

Subjective assessments 

Questionnaires  

Voice Handicap, Self assessment of voice, voice- and teaching related aspects and environment 
The teachers were asked to complete the Voice Handicap Index-Throat (VHI-T) [39], which consists 
of the original three VHI subscales (physical, functional and emotional aspects on voice problems 
[40], along with a subscale on throat related problems. Each subscale consists ten statements and the 
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occurrence of symptoms are estimated on a frequency-based scale (0=Never, 1=Almost Never, 
2=Sometimes, 3=Almost Always, 4= Always). The total sum of this scale might thus be 160 p. A self-
assessment of current voice problems and was included, assessed on a 100 mm VA-Scale. In addition, 
the subjects were asked about demographics and teaching circumstances (posture, native tongue and 
the language(s) of the students); voice problems during teaching (frequency of voice problems, time of 
voice recovery, if problems occur with or without a simultaneous cold), and teaching environment 
(changes made in teaching style or teaching environment due to voice problems, smell in classroom). 
These questions were answered on a separate questionnaire. 

Demand-control and support  
Aspects related to work were measured with the Job Content Questionnaire (JCQ). The JCQ is a self-
administrated instrument designed to measure social and psychological characteristics of work 
according to the high demand/low control model of job strain development and covering issues 
relevant to work demands such as decision making, social interaction etc.[41, 42] 
The 26 questions, rated on a four-graded rating scale (1=disagrees completely, 4= agrees completely), 
comprise the dimensions of job control, job demands, and job support. The job demands, control, and 
support variables are further dichotomized into high and low categories based on current means from a 
large population study [43].  
JCQ has been widely used for research, at least 70 publications are presented up to date, however only 
two in teachers [44, 45] and none in relation to voice problems. The JCQ has been translated and 
assessed for stability in 23 languages until today [42].  

Burnout or exhaustion disorder 
A frequently discussed problem the society today is burnout or exhaustion disorders [46]. Melamed et 
al.[47] cite the definition by Shirom [48] of burnout “as the chronic depletion of an individual’s 
coping resources”(47, pp 1). He characterizes burnout by the constellation of emotional exhaustion, 
physical fatigue, and cognitive weariness. This syndrome does not overlap with any other clinical 
syndromes such as depression or anxiety [48] and it is conceptually distinct from a temporary state of 
fatigue, which passes after a resting period. To investigate the possible symptoms of burnout the 
Shirom-Melamed Burnout Questionnaire (SMBQ) was used [48]. This self-administered instrument 
consists of 22 questions rated on a frequency based eight graded rating-scale (0-7). The overall 
burnout index is computed as the mean value of four subscales comprising cognitive weariness, 
emotional and physical exhaustion, tension, and listlessness. 

Coping 
The way the individual copes with stressful situations has also been discussed to be a cause of voice 
problems [49] and an effect on emotions caused by the vocal disabilities [50]. The Utrechtse Coping 
List (UCL, 51) in its short form with 22 questions was used to investigate this aspect. Muelenbroek et 
al [52] have used the longer version for investigations of voice problems in teacher students. The 
subscales used in the present paper were passive avoidance, depressive reactions, and active reactions.   

Personality. 
Baker [53] notes that the role of personality in the origin of voice problems has long been of great 
interest and various measuring methods have been used to investigate this issue. To investigate the 
possible role of personality in this population of teachers, the two subscales “Psychic Trait Anxiety” 
and “Adventure seeking” from the Swedish Universities Scale of Personality (SSP, 54) were used, 
providing a rough estimate of the commonly used dimensions of neuroticism and extraversion, 
respectively. The SSP items were rated on a four-grade scale, ranging from ‘does not apply at all’, to 
’applies completely’. 
 
The questionnaires were registered and analyzed in SPSS and the results compared within the pairs 
with paired samples t-tests; chi2 tests and in SAS for Exact Odds Ratios (OR). 
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Statistics and ethical considerations 

The statistical analyses were computed using SPSS 18.1. For most continuous variables, paired 
samples t-tests were calculated, for the comparison of the assessment of voice quality the Wilcoxon 
signed rank test was used due to skewed distributions. For the discrete outcomes variables, 2-sided χ2 
tests were used, with exception for the aspect “Thoughts about change of work”, which was analyzed 
by Fisher’s exact test due to the expected frequency in one cell being below the recommended 
frequency of five. The OR calculations for paired samples were performed by SAS® 9.2 for Windows 
with the lowest level as reference. The inter rater reliability was calculated for each parameter 
separately, with Intra Class Correlation (ICC). Spearman’s rho was used for the computing of 
correlations. The alpha level for all statistical analyses was set to P < 0.05. The study has been 
approved by the Institutional Review Board at Lund University (#248/2008).  

RESULTS 

Demographics 

A paired samples t-test revealed significant differences in age between the groups: Group I (M=48,7  
Sd=10,7) and Group II (M=44,6 Sd 9,9) t(30)=2,503, p=0,018. There were no significant differences 
found between the groups for time in occupation as concluded by a paired samples t-test. 

Larynx and vocal folds 

Most aspects could be rated in all subjects. However, and as shown in Tables 1-6, the number varies 
somewhat between parameters. The inter-rater reliability of the doubled recordings was r=0,851, 
calculated with Intra Class Correlation. There were no statistically significant differences between the 
pairs for any aspect. Morphological changes (Table 1) were found in eight subjects (13%), five in 
Group I (scaring of mucosa, left vf; paresis of left vf; hypoplasia of hemilarynx; contact granuloma, 
left; vf thickening of the lower border and hypertrophy false vf, left side) and three in Group II (Dry 
and hyperemic mucosa; minimal thickening of right vf; false left vf hypertrophy/cyst) shown not 
significant. Tables 1-4 and Fig. 1 present the results of the assessment of the high-speed recordings. 
 
 

Figure 1. Distribution of the open quotient in 31 teachers with voice problems (Group I) and 31 teachers with 
healthy voices (Group II 
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Table 1. Number of subjects’ assessed laryngeal status according high-speed recordings in 31 teachers with 
voice problems (Group I) and 31 teachers with healthy voices (Group II). 0= no deviance, 3= severe deviance.  

Parameter 0 1 2 3 Total 
      

Morphological changes 
GI 
GII 

 
26 
25 

 
3 
6 

 
2 
0 

 
0 
0 

 
31 
31 

Ab-adduction of VFR 
GI 
GII 

 
27 
27 

 
1 
3 

 
2 
0 

 
0 
0 

 
30 
30 

Ab-adduction of VF L 
GI 
GII 

 
24 
26 

 
3 
4 

 
2 
0 

 
0 
0 

 
29 
30 

Corniculate tub. Rest 
GI 
GII 

 
19 
23 

 
6 
7 

 
2 
0 

 
2 
0 

 
29 
30 

Corniculate tub. Phon 
GI 
GII 

 
16 
10 

 
13 
20 

 
1 
1 

 
1 
0 

 
31 
31 

Mucosal wave ampl. R 
GI 
GII 

 
18 
13 

 
8 

14 

 
5 
4 

 
0 
0 

 
31 
31 

Mucosal wave ampl. L 
GI 
GII 

 
20 
18 

 
6 

12 

 
2 
1 

 
3 
0 

 
31 
31 

Mucosal wave, propagation R 
GI 
GII 

 
15 
12 

 
9 

11 

 
7 
8 

 
0 
0 

 
31 
31 

Mucosal wave, propagation L 
GI 
GII  

 
18 
17 

 
4 
9 

 
6 
5 

 
3 
0 

 
31 
31 

Phase difference 
GI 
GII 

 
23 
23 

 
6 
8 

 
0 
0 

 
1 
0 

 
30 
31 

False vocal cords act R 
GI 
GII 

 
19 
21 

 
9 
6 

 
2 
3 

 
1 
0 

 
31 
30 

False vocal cords act L 
GI 
GII 

 
13 
16 

 
15 
11 

 
2 
2 

 
1 
1 

 
31 
30 

 

Table 2. Position of the most anterior corniculate tubercle in 31 teachers with voice problems (Group I) and 31 
teachers with healthy voices, (Group II) 

 Right Left No difference Total 
Group I 8 7 16 31 
Group II 12 7 11 30 
 

Table 3. Distribution of assessed degree of closure in two groups of teachers: N=31 teachers with voice 
problems (Group I) and N=31 teachers with healthy voices (Group II). 1-6 denotes increasing degree of 
incomplete closure. 

Degree of 
closure 

1 2 3 4 5 6 Total 

Group I 6 17 5 1 1 1 31 
Group II 8 10 11 1 1 - 31 
Total 14 27 16 2 2 1 62 
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Table 4. Number of subjects with deviating pattern of glottal closure in two groups of teachers. Group I: 
teachers with voice problems N=31 and Group II: teachers with healthy voices N=31 A: spindle shaped 
incomplete closure, closure at the vocal processes. B: spindle-shaped incomplete closure at the posterior third of 
the folds, closure at the vocal processes. C: Spindle-shaped incomplete closure at the anterior third of the folds, 
closure at the vocal processes. D: Spindle shaped incomplete closure at the posterior and the anterior thirds of 
the folds, closure at the vocal processes and at the middle of the membranous portion (“hourglass”).  

Type of closure A B C D Total 

Group I 2 4 0 3 9 
Group II 1 2 0 3 6 
Total 3 6 0 6 15 

Voice 

The results are based on 31 teachers in Group I and 30 teachers in Group II. Unfortunately, the voice 
recording of one of the controls could not be analyzed due to technical problems. The inter rating 
reliability of the three voice-lists was calculated for each parameter and varied between r=0,728- 
r=0,886 according to the ICC. The ICCs for all parameters are shown in Table 5.  
 

Table 5. Intra Class Correlations (ICC) of the Inter-rating reliability of the auditory perceptual voice ratings.  

Parameter ICC 
Hyperfunction 0,886 
Breathiness 0,861 
Vocal fry 0,879 
Hard Glottal Attacs 0,728 
Instability 0,801 
Grade of voice disorder 0,853 
 
The assessment of voice quality is summarized in Table 6, presenting the average values for the 
groups. The assessments were made on a 100 mm Visual Analogue Scale, however the software 
returns the ratings as of 1000 mm. As is evident from Table 6, there were no significant differences 
found between the groups for any of the voice quality aspect, as shown by the Wilcoxon signed Rank 
test.  

Table 6 Mean values of voice parameter judgments for N=30 teachers with voice problems (Group I) and 31 
teachers with healthy voices (Group II), assessed on a 1000 mm VA-Scale (see text for clarification).  

Parameter Group I, Group II 
Mean (Sd) Mean (Sd) 

Hyperfunction 46 (98) 61 (106) 
Breathiness 95 (128) 45 (67) 
Vocal Fry 67 (69) 103 (101) 
Hard glottal attacs 23 (62) 13 (18) 
Instability 11 (29) 8 (37) 
Grade of voice disorder 78 (124) 65 (65) 
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Voice Range Profile, F0 and Long Time Average Spectrum analyzes 
Table 7 presents the measurements of the VRP and F0.  No significant differences were found 
between the pairs, neither for women nor for men for any of the measures.  
 

Table 7. Values of Voice Range Profiles (VRP) and for F0 in running speech: Area dB (semitones*dB), 
minimum and maximum dB, minimum and maximum F0 (Hz) F0 in running speech for women and men in two 
groups of teachers. Teachers with voice problems (Group I) and teachers without voice problems (Group II). All 
average values.  
 Group I Group II 

F 
N=26 

M 
N=5 

F 
N=26* 

M 
N=5 

VRP 
 

Area Area 828 
(254) 

822 
(246) 

868 
(198) 

906, 
(131) 

F0 
statistics 

F0 362 
(67) 

230 
(44) 

370 
(54) 

230 
(31) 

Min 
F0 

118 
(18) 

73, 
(13) 

115 
(19) 

67 
(11) 

Max 
F0 

1004 
(277) 

750 
(221) 

1006 
(204) 

666 
(146) 

SPL 
statistics 

SPL 69 
(7) 

(70) 
(8) 

69 
(4) 

72 
(4) 

Min 
dB 

50 
(4) 

56 
(18) 

48 
(3) 

50 
(4) 

Max 
dB 

94 
(9) 

94 
(11) 

93 
(7) 

98 
(7) 

Running 
speech 

F0 203 
(21) 

131 
(12) 

199 
(13) 

127 
(12) 

*running speech: n=25, see text.  

Audiometry 

The results of the audiograms are based on audiograms from 22 teachers from Group I and 29 controls 
from Group II. Thus, a group-wise comparison was made. There were no significant differences 
between the groups at any other level. Tinnitus was reported by seven persons, three in Group I, and 
four in Group II. The use of hearing aid was reported by three participants, two in Group I, and one in 
Group II.  
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Questionnaires 

Voice Handicap Index-Throat, Self-assessment of voice problems and VAS judgment 
The paired samples t-test revealed statistically significant differences for all four subscales of the VHI-
T as well as for VHI-T total. The results are summarized in Table 8. 

Table 8. Mean and t and p values for paired samples t-test along with Odds Ratios for VHI-T in two groups of 
teachers: Teachers with voice problems (Group I, N=31) and teachers without voice problems (Group II, 
N=31). 

Subscale Group I  

M(Sd) 

Group II  

M(Sd) 

t(df) p OR 

Throat  15,3 (5,9) 8,7 (5,0) 5,451 (29) 0,0001 1,43 

Physical  13,8 (8,6) 6,7 (6,6) 4,394 (29) 0,0001 1,27 

Functional 8,5 (7,0) 2,5 (3,6) 4,199 (29) 0,0001 1,26 

Emotional 9,0 (9,5) 1,7 (3,2) 4,248 (29) 0,0002 2,03 

VHI-T Total 46,7 (22,2) 19,3 (15,0) 6,406 (29) 0,0005 1,93 

 
The teachers rated their over-all voice problems on a 100 mm Visual Analogue Scale. A paired 
samples t-test revealed significant differences between the groups, Group I (M=34, Sd=23,0) and 
Group II (M=13 Sd=16,3), t(25)=4,890 p=<.001, OR= 1,12.  
 
For the frequency of occurrence of voice problems, a chi-square test showed significant differences 
between the two groups: χ2, (5 n=60)=20.138, p=0,01, OR= 3.99, the OR indicating that teachers with 
voice problems were close to four times as likely to rate a high frequency of voice problems. The 
occurrence of voice problems is shown in Table 9 . There were also significant differences between 
the groups for voice problems occurring without a concurrent upper-airway infection, χ2, (2 
n=60)=18,670 p=0.0008. OR=3.60, as shown in Table 10.  
 

Table 9 Occurrence of voice problems in two groups of teachers. Teachers with voice problems (Group I) and 
teachers without voice problems (Group II). 

% % No 
voice probl 

Every 
year 

<once a 
month 

>once a 
month 

Every week Every day % 

Group I 
(N=31) 

0 32 6 26 19 16 100 

Group II 
(N=29) 

34 41 7 14 3 0 100 

 
 

Table 10 Occurrence of voice problems in teachers who have voice problems without a simultaneous upper-
airway infection. Teachers with voice problems (Group I) and teachers without voice problems (Group II), in 
percent. 

 Every year <once a 
month 

>once a 
month 

Every 
week 

Every day % 

Group I 
(N=26) 

27 (7) 4 (1) 27 (7) 23 (6) 19 (5) 100 (26) 

Group II 
(N=10) 

40 (4) 20 (2) 30 (3) 0 10 (1) 100 (10) 
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A Chi-square test also revealed significant differences between the groups for the time-span for voice 
recovery χ2, (7 n=60)=17.608, p=0,014, cf. Table 11 with OR= 2.03. 

Table 11 Time for recovery from voice problems in two groups of teachers, teachers with voice problems (Group 
I) and teachers without voice problems (Group II), in percent. 

 No voice 
probl 

One hr 
or less 

A couple 
of hrs 

Over 
night 

Weekend Holiday Never  % 

Group I 
(N=31) 

0 13 10 27 23 17 10 100 

Group II 
(N=29) 

34 17 7 24 7 10 0 100 

Teaching and environmentally related issues 
Fisher’s exact test showed differences (p=0,029 ) between the case-control pairs for considerations 
about changing occupation due to voice problems, where 18% in group I had considered a change of 
occupation but none in group II, OR=2,03. No further differences were found within the pairs for 
either social status, number of children, age, or time in occupation. Nor were there any differences in 
most teaching related aspects. Most teachers taught in their native language and stood up during 
teaching. Most students were speaking the same language as the teacher. Similarly, there were no 
differences in changes in teaching methods or teaching environment due to possible voice problems. 

Control-demand-support, burnout, coping and personality 
No differences were found within the pairs for symptoms of burnout syndrome (SMBQ), personality 
traits (SSP), or for coping strategies (UCL) using paired-samples t-tests. The mean values for SMBQ-
global were: Group I=2,7 (Sd1,0) and Group II=2,5 (Sd1,1) which can be compared to reference 
scores of 3.2 for females and 2.9 for males in a Swedish, healthy population [55]. However, among the 
three main dimensions Job Demand, Job Control and Job Support of the Job Content Questionnaire 
(JCQ), significant differences were found for the sub-scale “Job-Control”: Group I (M= 3,48 Sd=,20) 
and Group II (M=3,27 Sd=,29), t(28)=3,047 p=0,005. The ratings of Job Demand and Job Support 
were found non significant. Job Demand: Group I (M= 2,84 Sd=,51) and Group II (M=2,72 Sd=,45), 
t(28)= 0,946 p=0,352  Job Support: Group I (M= 3,79 Sd=,35) and Group II (M=3,78 Sd=,06), 
t(28)=3,047 p=0,888. 
 
As shown by the t-test, the ratings of “Job Demands” are moderately and equally high in both groups 
while “Job Control” is significantly higher in Group I. The JCQ results were summarized through 
combinations of the dichotomized ratings of the three main dimensions Demand, Control and Support, 
in order to define a specific work situation: High demands and low control is defined as “Job Strain”, 
high demands and high control form the category “Active”, low demands and low control is defined as 
“Passive”, and low demands and high control form the category “Relaxed”. In addition, low support 
(support from colleagues and management) in combination with “Job Strain” is defined as “Iso-
strain”, a particularly unfavorable work situation. Table 12 shows the distribution of the subjects 
according this classification. A larger number of teachers from Group I are found in the “Active” 
category, where a combination of high demands and high control is represented, while more of the 
teachers in Group II are found in “Job Strain” category due to ratings of high demands and low 
control. However, the chi-square and Fisher’s exact test showed no significant differences in Job strain 
(p=0,056) between the groups. Iso-strain was not found for any teacher.  

Table 12. Number of teachers for each category of the JCQ. Group I: teachers with voice problems and Group 
II: voice-healthy teachers. Percentages in brackets. For further explanation, see text.  

 Job strain Relaxed Active Passive Total 
Group I 1 (3,2) 11 (35) 18 (58) 1 (3,2) 31 (100) 
Group II 6 (20) 10 (33) 11 (36) 3 (10) 30* (100) 
*The result of Group II is based on questionnaires from 30 teachers, due to one questionnaire not completed.  
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Correlations  

Correlations were computed with Spearman’s rho for aspects that could be expected to correlate: 
frequency of symptoms, voice quality ratings, age, morphological findings and recovery time. Almost 
all correlations were below .5 for most aspects. These are weak to moderate correlations and are thus 
not presented. However, in individuals from Group I who had deviant morphological laryngeal 
structure (top row in Table I), the correlation between the rating of morphological structure and Grade, 
VHI-T, and Recovery time were: structure and grade: 0.577; structure and recovery-time: 0.866 and 
structure and VHI-T: 0.881. Grade, VHI-T and recovery for the controls with remarks on laryngeal 
structure did not correlate.  
 

DISCUSSION 
Voice function is a complex phenomenon and has an undisputable relation to the voice load and 
occupational demands. As far as we know, this study differs from earlier studies with respect to the 
matching of the participants. To isolate the possible influences from environment and the persons’ 
behavior in the classroom, we selected gender- and age-match pairs from the same schools and 
examined differences in their laryngeal, vocal, hearing and psycho-social aspects. By selecting 
subjects from the same schools, we wanted to control the influence from the work-environment. 
Overall, the present results show very small differences within the pairs. The most noteworthy 
differences are the findings of VHI-T and the time it takes to recover from voice problems. Apart from 
these differences, there were no statistically significant differences in structure or function that may 
explain why the teachers that do have voice problems actually have them in contrast to their peers.  
 
The selection of the case-control pairs within this study was based on the teachers’ own assessment of 
the statement “I have voice problems” in the earlier questionnaire survey [1]. The definition of “voice 
problem” is thus based on the individuals’ conception of their own voice. Despite the large number of 
studies of teachers’ voices today, there is still no consensus about the criteria for defining a voice 
disorder [56]. Commonly, the definition has been based on the number and frequency of symptoms of 
voice disorders [5, 8, 21] or on the clinician’s observations of laryngeal findings or on remarks on the 
voice quality [21, 22]. The question of the individual’s perception of the symptoms has seldom been 
raised. In analogy with others, our results show that even the teachers who assess themselves as being 
voice-healthy reports a number of symptoms. There were as many morphological laryngeal findings in 
the controls as in the group of teachers with voice problems. However, the control subjects obviously 
don’t view their voice symptoms – or the effect of them - severe enough to call them problematic. We 
thus consider it to be very important to include the subjects’ own conception of the voice function, not 
least in clinic. According Deary et al: ”People’s ratings of their symptoms are an important guide in 
gauging the severity of medical disorders, and are specially useful in assessing the response to 
treatment” (15, p . 374).  
 

Laryngeal findings 
High speed digital imaging was used for the laryngeal examinations. One reason is that this is the 
current standard technique at our department and another one is that it is a new tool in the voice clinic, 
and there is thus a need of compiling normative data from high-speed examinations [57]. Kendall [30] 
conclude that the use of High-speed filming offers benefits over standard videostroboscopy for 
studying aperiodic vocal fold motion which is often thought to be a contributing factor in voice 
disorders. All subjects could be examined which is probably due to the short time of the examination. 
Due to the high frame rate (2000 for males and 4000 in females) only a very short sequence is needed. 
However, there is not yet any golden standard for the assessment of high-speed digital image 
recordings. 
 
Most subjects in our study were found to be normal in all laryngeal aspects. Findings of asymmetry 
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and structural deviations were made, but without any significant differences within the matched pairs. 
The importance of asymmetrical vocal fold adduction movements as an explanatory factor in voice 
disorders has been long discussed [31]. Lindestad et al. found that laryngeal adduction asymmetries 
were frequent in normal voices (ibidem), but no findings of morphological deviations are mentioned. 
 
It is, however, no surprise that there are no differences between the groups. Most studies that have 
included laryngeal examinations in investigations of teachers’ voices have been unable to establish a 
connection between the laryngeal status and the subjective symptoms: Urrutikoetxea et al. [4] 
examined 1 046 teachers and found structural deviations in 20,8%. Ilonmäki et al. [21] found severe 
organic changes in 14% of the 78 pre-school teachers investigated. Sala et al. [8] made organic 
findings in 29% of 262 teachers. None of these studies found a correlation between laryngeal findings 
and subjective symptoms of voice disorders. So, does a laryngeal deviation have no impact on vocal 
behavior? There is firm clinical evidence about such a relationship, but little is known about an 
individual’s capacity to cope with the effects. This calls for further comparative studies with non-
teachers. The findings of Sala et al.[8] indicate that there may be differences in the occurrence of 
laryngeal findings between teachers and voice healthy non-teachers. They found 29% of the teachers 
at day-care centers to have laryngeal deviations but only 7% in a group of nurses. In a recent study on 
882 patients referred to ENT clinics, van Houtte et al. [58] found 50% of voice professionals, 
including teachers, to have some kind of structural deviations, compared to 60% in the entire group. 
However, this was found in a treatment–seeking group in contrast to other studies and little is known 
about the prevalence of laryngeal deviations in a voice healthy population without a heavy voice load. 
 
Some clues might be found in our results. In the five teachers with voice problems where 
morphological findings were made, correlations were found for the voice quality parameter Grade of 
voice disorder and for both VHI-T and Recovery time. None of these aspects correlated in the 
controls. However, the methods of exploring laryngeal aspects vary between studies and the results are 
thus hard to compare.  
 

Voice 
Similarly, there were no differences within the pairs with respect to voice quality assessments and the 
acoustic measurements, F0, VRP and LTAS. This is in line with the findings by Ohlson et al. [11] who 
compared a group of teachers with a group of nurses and found no differences between the groups in 
LTAS, voice quality, or VRP. In contrast, voice quality differences between teacher-groups were 
found in a recent study by Tavares and Martins [26], but this might be explained by the large amount 
of laryngeal pathology in their material.  
 
Gotaas and Starr [27] compared teachers experiencing vocal fatigue to teachers, who did not 
experience vocal fatigue, and concluded that there were no voice-quality differences between the 
groups on non-vocal fatigue days. With three exceptions, all teachers in our study were examined after 
their workday. There were significant differences within the pairs in their own assessment of current 
voice problems and voice quality, but we did not ask about their views on vocal effort during their past 
workdays, and a lack of voice load can thus be a confounding factor in the results. It is important to 
emphasize that the present perceptual ratings of voice quality were all on low grades on the VA-scale 
and thus have to be interpreted with caution. A finding underlining the lack of correlation between 
symptoms and findings was some of the ratings of Grade (>200) that was assessed in subjects who 
subjectively rated their voice problems to 0. Obviously, there are difficulties in assessing quality 
aspects of normal or nearly normal voices.  
 
The results of the VRP and the LTAS showed no significant differences between the groups. 
However, Subsinskiene [59] did find differences in VRP results between healthy trained and non-
trained professional speakers: pitch range and area of high frequencies differed significantly. The VRP 
shows the physiological and acoustical constraints [60]. Thus, the difference in findings between 
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studies may have its’ explanation in the compared groups. In contrast to the present study 
Siupsinskiene compared well- and non-trained professionals. It may thus be assumed that the voice 
training had influenced on the vocal possibilities. The effect of voice training is also supported by the 
conclusion of Holmberg et al. [61] in their study of changes across voice therapy for patients with 
vocal fatigue.  
It is important to note that this is not a field study but rather a snapshot of the status of the teachers. In 
other studies, the voice has been measured during a workday. In these studies [22-25, 62], differences 
have been individuals who report only few symptoms of voice problems. Field measurements with a 
voice accumulator have been made in the current subject pool. 

Audiometry 
Generally, the pure-tone hearing thresholds showed no differences between the groups. However, the 
present finding is inconclusive due to the variation of number of performed measurements in the two 
groups (Group I: n=22, Group II: n=29) and further research is required to elucidate any relationship 
between hearing thresholds and voice problems. Further, little is known about the relationship between 
individuals’ hearing and the perception of the own voice in relation to the sound environment. Hearing 
is most likely important for the relation between voice and the perception of the acoustical properties 
of the room. Further research is warranted within this area.   

Subjects’ assessment of voice handicap and voice function 
The main differences between the pairs in this study were the subjects’ own assessment of their voice, 
voice handicap, and in the recovery time. The VHI, and the VHI-T (the VHI with a subscale on throat 
problems [39], have been shown to separate subjects with and without voice disorders [39, 40, 63]. It 
is noteworthy that the highest OR of the VHI-T subscales was found on the emotional subscale, which 
indicates that teachers with voice problems are twice as likely as their voice healthy colleagues to 
score high on this subscale. This higher scoring on the emotional subscale may be indicating that if the 
individual considers the symptoms as communicatively hindering and even embarrassing, (s)he is 
more apt to consider the symptoms problematic. 
 
Furthermore, the discrepancy within the pairs in terms of the recovery-time from symptoms of voice 
problems is very interesting. Similar findings were made by Sala et al. [8] where the day-care centre 
teachers reported a longer time for the symptoms to disappear than the group of nurses. This might 
indicate micro-structural changes in the larynx that we are not able to detect with today’s technology 
and thus warrants further studies.  

Control-demand-support, burnout, coping and personality 
There is an increasing number of studies linking psychological factors to functional dysphonia [15, 
64]. These factors include higher levels of anxiety, lower levels of sense of control, quality of life and 
coping [15, 16, 18]. Roy et a. [65] found that the majority of people with functional dysphonia were 
introverts. Andersson and Schalén [17] noted that interpersonal conflicts related to family and work 
were one of the important contributing factors in psychogenic voice disorders, and Gassull et al. [49] 
in a recent study that teachers with voice problems were highly reactive to stress. 
 
We used a battery of questionnaires to investigate the various aspects that have been found to 
contribute to the etiology of dysphonia and also the Job Content Questionnaire (JCQ) to cover aspects 
of demand-control-support. The JCQ was the only scale that showed some differences between the 
groups. The underlying theory of the JCQ is that a combination of high demands and low control/low 
support causes job strain which is defined as harmful. That is, when there is a combination of high 
psychological demands and a low worker’s decision latitude there is an increased risk of harmful job 
strain. If the social support at the work-place is low, this further increases the risk. However, the active 
or passive behavior of the employee needs to be taken into account. An active behavior gives rise to 
“good stress”, predicting motivation, new learning behavior, and new coping strategies [41]. The 
differences within the pairs did not support the hypothesis of a higher degree of job-strain (high 
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demands and low control) in the teachers with voice problems. Instead the results showed that both 
groups rated high degrees of job demands and job support but differed in the aspect of job control, 
where the group with voice problems rated significantly higher values.  
 
The results may be due to a selection bias. In the questionnaire study, we asked the respondents who 
wanted to further take part of the project to mark this on the questionnaire. This may have caused the 
more active teachers with feelings of control of their social life and work situation to step forward. The 
non-difference within the pairs may also depend on the normality of the data, there were no big 
differences in any scale as compared to a normal population. Buck et al, [66] found differences 
between groups of dysphonics, functional v s organic, but only a minority (17 %) of patients in the 
functional group showed clinically significant levels of psychological distress. The difference between 
the present study and others might also be due to the use of different instruments. We used a battery of 
tests that have been developed for a Swedish population (Swedish Universities Scale of Personality 
[54], or had been tried and on a Swedish population (Job Content Questionnaire and Shirom-Melamed 
Burnout Questionnaire, [41, 48]. The Utrechtse Coping Lijst, measuring coping, has been used in 
teachers with voice problems [52]. It was however a time-consuming battery of tests, and took the 
most part of the examinations to complete. There is no consensus about which 
questionnaire/questionnaires to use for investigating psychological factors in dysphonic patients or in 
research-groups and further studies are thus warranted in this area. However, for the investigation of 
work-related issues we found the Job Content-model very useful, and thus recommend it for further 
investigations of work-related dimensions in connection to voice problems. 

Conclusion 

For the two groups in this study the main differences were found for the VHI-T and time for recovery 
after voice problems. Thus, the combination of the number of symptoms and of how often the 
symptoms occur, along with the time it takes to recover, seems to underlie the individual’s perception 
of the voice problem. The results also underline the importance of investigating the individual’s view 
of the severity of the voice dysfunction. The main conclusion of this study is that the cause of voice 
dysfunction in the group of teachers with self-reported voice problems is not found in the vocal 
apparatus or within the individual. It may instead be found in the interplay of the individual’s behavior 
and the work-environment which we plan to study in a future project. 
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Teachers often suffer from health problems related to their voice. These problems are related to their
working environment, including the acoustics of the lecture rooms. However, there is a lack of
studies linking the room acoustic parameters to the voice produced by the speaker. In this pilot
study, the main goals are to investigate whether objectively measurable parameters of the rooms can
be related to an increase in the voice sound power produced by speakers and to the speakers’
subjective judgments about the rooms. In six different rooms with different sizes, reverberation
times, and other physical attributes, the sound power level produced by six speakers was measured.
Objective room acoustic parameters were measured in the same rooms, including reverberation time
and room gain, and questionnaires were handed out to people who had experience talking in the
rooms. It is found that in different rooms significant changes in the sound power produced by the
speaker can be found. It is also found that these changes mainly have to do with the size of the room
and to the gain produced by the room. To describe this quality, a new room acoustic quantity called
“room gain” is proposed. © 2009 Acoustical Society of America. �DOI: 10.1121/1.3081396�

PACS number�s�: 43.55.Hy, 43.70.Aj �NX� Pages: 2072–2082
I. INTRODUCTION

The primary means of communication in most educa-
tional settings are speech and listening. The acoustics of the
lecture room can restrict or support the speaker and improve
the sound of the voice and the intelligibility of speech. The
room acoustics in lecture rooms is therefore an important
issue when considering the productivity and working envi-
ronment in schools and other teaching situations. Thus, a
large amount of work has been carried out within this field.
However, the large body of published articles focuses on the
point of view of the listener. It is therefore easy to find works
on speech intelligibility in the room and advisable reverbera-
tion times �RTs� and background noise levels �BNLs� in or-
der to achieve good learning conditions, etc., �see, e.g., Bi-
stafa and Bradley1�. There are also standards and
recomendations,2–4 indicating how well established this field
is.

However, it is known that teachers often suffer from
health problems or tension related to their voice. Recent
works made it evident that the teacher’s labor is one of the
professions with high vocal demands.5 Examples of other
professions with high vocal demands are actors, singers,
journalists, telephone operators, and military personnel.
Studies show that a majority of teachers have experienced
vocal problems, about one-tenth have severe problems, and
5% have experienced such severe, numerous, and frequent
voice problems that their working ability is challenged.5 For
the teacher, in the long run, this voice load due to speaking in
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the classroom can result in voice disorders such as hoarse-
ness and voice fatigue and can even force teachers to retire
early from their profession. Lubman and Sutherland6 dis-
closed that this is an important economic problem for gov-
ernments and private schools.

Most teachers have probably experienced that different
rooms vary in comfort when one speaks in them. However,
even though the vocal problem is so important, just a few
studies about the speaker and his behavior in and impression
of the lecture room have been accomplished. One example is
Kleiner and Berntson,7 where the early reflections of the
sound produced by the speaker were studied in a synthetic
experimental setup. A system of loudspeakers in an anechoic
chamber was used to simulate different rooms. All settings
simulated rooms with different shapes but the same volume.
The interest was in the effect of lateral and vertical early
reflections on the speakers’ comfort. Different combinations
of delayed simulated reflections were tested. A paired-
comparison test was used in order to find the setting pre-
ferred by the speakers. It was concluded that symmetrical
settings were preferred over asymmetrical ones. There was
however no significant difference between the different sym-
metrical settings, and perfectly symmetrical settings are not
realistic in real rooms with a movable speaker. It can be
noted that this was an entirely subjective study—no objec-
tive values were calculated from the simulated impulse re-
sponses. Kob et al.8 presented results from a study where the
voice status of 25 teachers were investigated using standard
methods as applied by audimetrisists, phoniatricians, and
speech therapists, in addition to an acoustic analysis of

speech and voice samples. The acoustics of some rooms was
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also investigated, and the result of speaking in different
rooms was analyzed dependent on the voice status. The re-
sults indicate an influence of both the room acoustics and the
voice status on the voice quality of the teachers. But the
study used RT and speech transmission index as the param-
eters describing the room acoustic environment. Thus, no
clear distinction was made between the problem perceived
by the listener and the speaker.

Several studies in which different voice parameters were
measured in real classrooms have been reported, e.g., Ran-
tala et al.9,10 or Jonsdottir et al.11 However, in these studies
the influence of the room was not included. Instead, the fo-
cus here was to study different subgroups of speakers, e.g.,
with and without voice problems. The voice parameters were
primarly the voice level �defined as the sound pressure level
a distance of 1 m from the speaker� and pitch �more specifi-
cally the fundamental frequency F0 of the voice signal� and
fluctuations in these parameters.

Thus, the literature relating the room to the speaker and
the voice signal produced is rather thin; not much informa-
tion is available on how to design or improve the room in
order to make a better environment for the speaker. However,
such information is available in the field of acoustics of
rooms for music performance. Also here, the majority of
works deal with the conditions for the audience, but there
have also been studies concerning how musicians experience
and react to the room acoustics. An important example is
Gade,12 who, in a laboratory experiment in an anechoic
chamber equipped with a loudspeaker system similar to that
of Kleiner and Berntson,7 let musicians play in and react to
simulated sound fields. Gade13 also carried out correspond-
ing subjective and objective studies in real concert halls. In
both cases the subjective response answered by the musi-
cians were correlated with different objective measures.
Gade found that the “support” provided by the room—the
sensation that the room responds to his instrumental
effort—is important for the musicians. Gade defines an ob-
jective measure, called ST, that correlates well with the sen-
sation of support. ST is determined as

ST = 10 log
E20−x

Edir
, �1�

where E20−x is the energy in the impulse response from
20 ms to x ms �x being either 100 or 200 ms, or even infin-
ity� �see Eq. �2�� and Edir is the energy in the direct path,
defined as Edir=E0–10, which is the energy within the first
10 ms. The impulse response is to be measured with a
source-receiver distance of 1 m. Obviously, 1 m distance is
larger than the typical distance between the musician’s ear
and his instrument, but this distance was still chosen to ob-
tain a measure with sensible variation and dynamic range. ST
is thus the fraction of energy coming later than 20 ms rela-
tive to the direct sound. In the absence of reflected sound ST
equals −� dB, and a zero support, ST=0 dB, means that the
total contribution from the reflections equals the direct
sound. This definition works well in large rooms where the
direct part of the impulse response is clearly separated from
the reflections, but measurements of ST is problematic for

smaller rooms. Another problem with the definition in Eq.
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�1� is that it does not clearly reflect what happens close to the
source, which at the same time is the position to be studied.
In the real situation, e.g., in case of singing or speaking, the
source is the mouth and the receiver position is the ear, just a
few centimeters away. The direct path is thus described by
the transfer function �or impulse response� from the mouth,
around the head, to the ear in absence of reflections. How to
deal with this is not obvious in case of the definition in Eq.
�1�. A third problem is that an anechoic chamber is included
in the present study, and ST is undefined in such a room.
Thus, in the present study we have made use of another
definition using the measured impulse response of a setup
with an artificial dummy head torso and taking as reference
the measured value in an anechoic room. The new quantity is
called room gain, with abbreviation RG and variable GRG

�see Sec. II C�.
It seems likely that the vocal problems of teachers are

due to the voice level being increased in different situations
when teachers feel uncomfortable with the environment. The
environment here not only includes the physical environment
of the lecture room, but also the students and the overall
working conditions. There are two hypotheses here, one be-
ing that vocal health problems are related to an environment
where the speaker feels that he must increase his voice, the
other being that the physical environment itself can cause the
speaker to increase his voice. Only the latter will be tested in
the present paper. The aim of this project was thus to find
some of the parameters that cause the speaker to force their
voice and situations when it is uncomfortable to speak.

Aspects not taken into account in this study are the in-
fluence of the audience, including the background noise
�BN� produced by them, the change in voice during the day,
the influence of voice problems of the subjects and other
aspects related to the subjects �e.g., mood or attitude toward
teaching�, and the speech intelligibility in the rooms, subjec-
tively or objectively. Moreover, the study only deals with
nonamplified voices.

One question is then which objectively measurable pa-
rameters to include in the study. Real rooms are to be used,
and the focus is on the speaker, not the listener. Thus, the
parameters should be related to what the speaker experiences
at the position where he speaks. Parameters related to speech
recognition and intelligibility are therefore left out. The im-
pulse response contains all information of the transfer path
from source to receiver, and most measures can be calculated
from it. It is however important that the source and receiver
positions are as correct as possible. Parameters that are ex-
tracted from the impulse response are the RT and the RG.
Parameters not included in the impulse response are those
not directly related to the acoustic transfer path—that is, BN
and the size of the room. Thus, four basic parameters are
chosen to characterize each room—RT, RG, BNL and vol-
ume. However, different variants of these parameters were
tested as well.

In the subjective study, most of the questions were re-
lated to the objective parameters. Thus, the subjects were
asked about the impression of reverberation and support, as
well as background level in the rooms studied. They were

also asked about the general impression of speaking in the
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room and if they raised their voice when speaking. A ques-
tion about echo phenomena was also included in order to be
able to say if this parameter influences the general impres-
sion of the room.

The main findings in this paper is that the different
rooms significantly change the sound power produced by the
speaker. It is found that these changes mainly have to do
with the size and the RG of the room.

II. METHOD

A. Method overview

Both subjective responses and objective measures of the
room and of the voice level are collected. A selection of
different natural acoustic environments are used—opposite
of using a synthetic sound field. In simulated sound fields the
variables can be changed rapidly and with precision in wide
ranges. However, the sound quality is still limited due to the
need for real time processing of the signals produced by the
speaker. Moreover, the visual impression of the room cannot
easily be included—this might be a positive aspect in many
cases, but here it is important to get the visual size of the
room and the distance to the audience right. Therefore, real
rooms were chosen to be used—six in total. The range in the
physical parameters of the rooms used was wide, including
small meeting and listening rooms, a medium size lecture
room, two larger auditoria, one with high RT and one with
low RT, and a large anechoic room.

In the six rooms the sound power level produced by six
speakers was measured. Each of the speakers held a short
lecture �about 5 min�. Objective room acoustic parameters
were measured in the rooms as well, and a subjective ques-
tionnaire was handed out to about 20 persons who had expe-
rience in speaking in the rooms. A statistical analysis was
then used to find relationships between the subjective re-
sponses and the objective measures.

B. The subjects

In the objective study six speakers were used. Three of
these were teachers at Acoustic Technology, Ørsted*DTU;
the other three were students in acoustics. In one of the
rooms �meeting room 112, building 352�, only five speakers
were present. The speakers had no known voice pathology.
Each speaker was instructed to give the same lecture in all
rooms. However, as the speakers did not have a written text

TABLE I. The rooms used in the experiments and the
Denmark. �, number of questionnaire answers for e

Name Abbrev.
V

�m

Auditorium 81 A81 19
Auditorium 21 A21 12
Lecture r. 019 LR 19
Meeting r. 112 MR 9

Large anechoic ch. ACH 10
IEC listening room chamber IEC 10
to read, the lectures were not identical. Most speakers used a
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laptop computer with a Powerpoint presentation as the basis
of the speech. In order to get the background level identical,
a laptop and a video projector �if available in the room� were
present also for those not using it. All speakers were male,
age about 20–55. There is a possibility that the speakers do
not fully represent all relevant speakers, as it consisted of
those finding it interesting to participate. Actually, the teach-
ers participating were known to have weak voices �low voice
power�. However, most of the analysis are made on a relative
voice power level �VPL� �see Sec. II C�, which decreases the
variance in the data. Another subset problem might be that
all subjects were acousticians, a fact that might influence the
result—we choose to believe that this has a minor influence
only.

In the subjective study 21 subjects participated �between
14 and 21 responses were collected for each room, see Table
I�. The subjects were teachers and students in acoustics—the
participants in the objective part were also present in the
subjective part. Both male and female subjects aged between
about 20 and 60 participated.

C. Objective measurements and equipment

1. Impulse response measurements

The impulse response h�t� of the rooms is measured to
calculate RT and RG. The equipment used for the measure-
ments were power amplifier LAB 300 from LAB Gruppen,
microphone unit type 4192-L-001 Brüel & Kjær �B&K�,
conditioning preamplifier Nexus type 2690 B&K, and sound
level calibrator type 4231 B&K. In case of the reverberation
measurements, an omnidirectional dodecahedron loud-
speaker was used, and in case of the RG measurements a
dummy head torso was used, as described below. The DIRAC

software14 was used with e-sweep excitation signal. The
sweep length was 21.8 s.

2. Reverberation time

Generally, the most important room acoustic parameter
is the RT �variable T30� �see ISO 3382�.15 The early decay
time �EDT� �variable TEDT�, is the RT determined from the
first 10 dB range of the decay curve. The EDT is known to
be more closely related to the subjective impression of rever-
beration than RT. In the analysis EDT was mainly used. �A
reference of these basic room acoustic parameters is
Kuttruff.16�

The RT is calculated from the impulse response using
16

ective values. All rooms are located at DTU, Lyngby,
oom.

T30

�s�
TEDT

�s�
GRG

�dB�
LBN,A

�dB� nr.�

1.06 1.12 0.28 41.8 14
1.53 1.72 0.29 53.5 19
0.46 0.40 0.42 47.5 21
0.42 0.33 0.58 47.5 17
0.06 0.01 0 45.9 17
0.34 0.32 1.12 46.7 16
ir obj
ach r

3�

00
20
0

4
00
0

the Schroeder method. The RTs were calculated in octave
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bands. In order to describe the RT as a single number, the
arithmetic mean of the RT in the octave bands centered in
500 and 1000 Hz is used.

3. Room gain

The transmission path from the mouth to the ear has
three parts: bone conduction, a direct airborne part, and a
room reflection part; it is the latter path that is of interest
here. The perceived beneficial increase in the loudness
caused by the room is assumed to be due to the early reflec-
tions as compared to the direct response without reflections,
perceived as one’s ability to hear oneself properly in the
room. This is here denoted as a gain, or support, caused by
the room. The parameter used in the present study is called
RG �variable GRG�. It is defined as the energy �in decibels� of
the impulse response measured between the mouth and the
ear of a dummy head torso, taking as reference the corre-
sponding measurement in the anechoic chamber where only
the direct sound is present. As explained earlier, the reason
for not using the support measure ST is that small rooms are
also to be included in the present study, and then the defini-
tion of the ST is not appropriate, as the direct part of the
impulse cannot be separated from the rest of the impulse
response. Moreover, an anechoic chamber is included in the
study, and here ST=−�.

The energy of an impulse response in a time interval t1

to t2 can be calculated as

Et1−t2
= �

t1

t2

h2�t�dt , �2�

where h�t� is the impulse response. The energy in the entire
impulse response is in the same way,

E = �
0

�

h2�t�dt . �3�

The corresponding impulse energy level is LE

=10 log E /Eref, where Eref is the reference value. The RG is
then defined as the energy in decibel in the signal relative to
the direct energy as measured in the anechoic chamber,

GRG = LE − LE,ach = 10 log E/Each, �4�

where LE,ach and Each are the impulse energy level and energy
in the anechoic chamber, respectively.

The RG is related to the support ST, as defined in Eq.
�1�. If it is assumed that Edir�E0–20�Each and E20−x

�E20−�, then

ST � 10 log
E − E0−20

Each
� 10 log�10GRG/10 − 1� . �5�

A support value of ST=0 thus corresponds to GRG=3 dB,
meaning that the reflections contribute with the same energy
as the direct sound. It should, however, be noticed that the
source/receiver distance is different in the definition of ST as
compared to GRG.

The equipment used was the same as described under
the impulse response above, with the following changes:

dummy head, head and torso simulator type 4128 with right

J. Acoust. Soc. Am., Vol. 125, No. 4, April 2009

d 30 Mar 2011 to 192.38.67.112. Redistribution subject to ASA license
ear simulator type 4158 and left ear simulator type 4159
B&K, and power amplifier for the sound source �the dummy
mouth�.

The dummy head was placed in the area where the
speaker normally stands during the lecture �next to the black-
board or similar�. The average of six different positions of
the dummy head was used. Moreover, the average RG of the
left and right channels was calculated and used in the data
analysis.

The RG was calculated from the impulse response by
means of postprocessing in MATLAB. All signals have been
normalized with a maximum amplitude of the signal to 1
�amplitude of the first peak of the impulse response�. Some
problems with the signals were found during the analysis.
Noise was found in all the signals. In order to reduce the
effect of this problem, all the impulse response signals were
truncated �cutted� so as to avoid the last part of the signal,
which mainly contained noise. Thus, the noise effect was
minimized, and it is judged that its influence can be disre-
garded.

The RG was calculated per octave band. In order to
define the RG of the room with one characteristic value, the
arithmetic mean of the RG in the octave bands between
125 Hz and 4 kHz is used.

4. Background noise level

In a speech situation the BNL �variable LBN,A� is impor-
tant. BNL can be defined as the sound pressure level of the
noise measured in the absence of the sound under
investigation—in this case the speech. The BN can originate
from the ventilation systems, the outdoor environment and
traffic, equipment such as computers and projectors, and the
students/audience. As the BNL increases, the speaker may
increase his voice to compensate and overcome the noise in
order to be heard. The voice will be affected by the mental
pressure due to the failure of being heard. The frequency
content in the voice signal will then be changed—there will
be more high frequency content due to an increased funda-
mental frequency. These changes are known as the Lombard
effect; an early reference is Lane and Tranel.17 The effect is
included in ANSI-S3.5.2 �Sometimes, the term “Lombard ef-
fect” is restricted to just the increase.� This is also closely
related to the fact that in a situation with several people
talking to each other, they increase their voice to overcome
the BNL that is produced by all the persons speaking, pro-
ducing a nonlinear feedback loop, see, e.g., Hodgson et al.18

Naturally, the number of students and their behavior during
the lecture also may play an important role here—the stu-
dents will contribute to the background level and probably
react in relation to the Lombard effect. However, this aspect
is not part of the present work �due to schedule reasons and
time limits�; the present project is focused on the character-
istics of the room only, leaving this important aspect to fur-
ther research. The number of listeners present in the room
was just a few �3–5� and adult, so there contribution to the
BNL is assumed to be low. The BNL naturally present in the
rooms �from the ventilation system, video projector, comput-

ers, etc.� was, however, registered.
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The equipment used to measure LBN is the same as for
the impulse response measurements for the reverbation. The
measurement duration is 21.8 s. The mean value of six mi-
crophone positions have been used in all rooms. The posi-
tions were in the area the teacher was using. To get a single
value, the A-weighted level LBN,A is used. The equipment
used by the speakers �laptop computer and projector� was
present in the room during the measurement.

5. Room volume

Of the objective parameters describing the rooms, finally
the size or volume �variable V� has also been used. The hy-
pothesis here is that the speakers unconsciously adjusts the
level of the voice depending on the room size and the dis-
tance to the audience, so that everyone is likely to hear.
However, it is not clear if it is the volume by itself or a
typical length scale in the room that is the primary variable
here. Thus, V, log V, and �3 V were all tested.

6. Voice power level

With the rooms defined, the last step is to define the
behavior of the speaker in the room. In this project, this is
described by the strength of the speaker’s voice. The quantity
used here is the voice power level �VPL� �variable LW� that is
the source power in decibel. Thus, the sound power level
produced during speech by the different test speakers was
measured in the different rooms.

The measurement of the VPL is a central issue of this
paper. The measurements are made with a computer phone
conversation headset, placed on the speaking subjects. The
experimenter made sure that the position of the headset was
fixed to the same position in all measurements, about 3 cm
from the mouth. The equipment consisted of Headset Cre-
ative HS-390 and sound analyzer DIRAC. The signals were
measured while the speaker was lecturing for about 5 min.
An average of 15 signal segments of 21.8 s were used for
each subject.

A calibration procedure was needed to transfer the mea-
sured signals to sound power level LW. The dummy head
torso equipped with a loudspeaker in the mouth was placed
in a reverberation chamber with the headset attached in the
same position as described above. A broad band noise signal
was fed to the loudspeaker and measured simultaneously by
the headset and with microphones in the reverberant field of
the room according to sound power level standard measure-
ments �ISO 3743-2�. The measurements and calibrations
were performed in octave bands. The relation between the
sound power of a source and the sound pressure level in one
position determined by a microphone can generally be ex-
pressed as LW=Lp+G, where G is a gain constant for the
setup �depending on the source-receiver distance and source
directivity� and Lp is the sound pressure level as measured by
the headset. It is now assumed that the microphone is so
close to the source that only the direct field is present �i.e.,
the signal to noise ratio is assumed to be so good that the
room response can be neglected�. Moreover, it is also as-
sumed that all speakers had the same directivity, equal to that

of the dummy head. It is thus assumed that G is constant
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during all measurements in all rooms. �Note that this quan-
tity obviously is different from GRG.� Finally, having deter-
mined both LW and Lp at the same time in the reverberation
chamber, the gain constant G is determined.

The VPL is determined in octave bands from
125 Hz to 4 kHz. In order to have a single value, three dif-
ferent methods are tested: linear �LW,l� and A-weighted
�LW,A� absolute VPL and linear VPL relative to the VPL in
the anechoic chamber �ACH�, �LW. Note that the subtraction
is made for each speaker, so that �LW is made relative to the
VPL for that speaker in the ACH. In this way the variance is
reduced. The ACH room was chosen as it was the room with
the highest average VPL. �The room with the lowest VPL,
the meeting room �MR�, was also considered to be used as a
reference, but this idea was dropped as not all speakers spoke
in this room.�

D. The rooms

To get good statistic results, it is important to apply a
wide range and even distribution of the different physical
variables defining the room. The rooms and the values of the
objective measures are given in Table I. The rooms were a
small MR and an IEC listening room �IEC�, a medium size
lecture room �LR�, two larger auditoria, one with high RT
�A21� and one with low �A81�, and a large anechoic room
�ACH�. Including the anechoic room means that the subjects
have a very clear reference for RT and RG—which both are
zero in this room. Besides, ACH is relevant as it represents
out door surroundings. The range covered by the volume, the
RT and the RG can be considered large in comparison to
what can be found in real life situations. For the BN, only the
naturally present BN was included. Thus, this variation is
small as compared to what can be found in real life situa-
tions.

E. Questionnaire and subjective response

In an attempt to relate the objective parameters of the
room and the VPL to the subjective experience of the rooms,
a questionnaire was designed. The questions were formulated
after a first interview with a few teachers. The parameters
considered are described below.

The questions were answered for each of the rooms in
which the subject had experience talking. Thus, the subjects
were not necessarily in the room when the questions were
answered—in an attempt to increase the number of answered
questionnaires. 21 subjects answered the questions; the num-
ber of answers for each room varied between 14 and 21 �see
Table I�. The questions were answered on a scale from 1 to 7.
Only the natural numbers were used. Taking the arithmetic
average of these answers, a subjective response variable Si

was formed, where the index i is the abbreviation of the
question �see below�.

The questions are the following �the questions are given
in italic fonts�—it should, however, be noted that the these
are not exactly the questions used �due to poor English�.

Do you consider this room to be good to speak in? This
question is referred to the degree of comfort and how easy it

is to speak in the room. The rank is between low if the room
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is not good to speak in and high if it is good to speak in. This
parameter is labeled GSI, variable SGSI.

Do you think the RT is too long in the room? This ques-
tion clearly refers to the objective parameter of RT. The rank
in this case goes from “no” if the reverberation is not too
long or “yes” if it is too long. This parameter is labeled TR,
variable STR.

Have you noticed echo phenomena in the room? The
sensation of echo might influence the general impression of
the room, so this response is introduced even though it is not
represented in the objective parameters. The answers should
be covered between low if no echo is noticed and high if
there is too much echo. This parameter is labeled ECHO,
with variable SECHO. A low score is considered good.

Is the BN too high in the room? The subjects’ response
might be from “yes” if they think there is a lot of BN in the
studied room to “no” if they think that there is no noise in the
room. This parameter is labeled BN, variable SBN. A low
score is considered good.

Do you have to increase your voice in this room to be
heard? This question is interrelated to the sound power level.
The answer is between “no” if the subjects think they did not
increase the voice, to “yes” if they did have to increase the
voice. This parameter is labeled IV, variable SIV. A low score
is considered good.

Is there enough support in this room? This has to do
with whether the room helps the speaker to hear himself. The
rank is between bad support if they believe that the room
does not yield support at all and good support if the support
is sufficient. This parameter is labeled ES, variable SES. A
high score is considered good.

F. Data analysis

The statistical analysis of the data was carried out in
MATLAB. This analysis incorporates analysis of variance
�ANOVA�, correlation coefficients, and linear regressions.

In order to find relationships between the subjective re-
sponses and the objective parameters—a psychometric
function—some postprocessing has been done. The psycho-
metric function, relating a subjective parameter S with upper
limit Smax and lower limit Smin, and an objective parameter d
�or a linear combination between such parameters� should be
an S-shaped function. The reason for this is that the objective
parameter is not bounded, d� �−���, but the subjective pa-
rameter is bounded, S� �SminSmax�. One choice of such a

TABLE II. Significance test of the subjective respo
using ANOVA. The following symbols are used: * m
the 0.1% level, and — means no significance at the

Question GSI TR ECHO

p-value �10−6 �10−6 0.046
Significance *** *** *
function is
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S =
Smax − Smin

1 + e−d + Smin �6�

�this choice of psychometric function is taken from paired-
comparison theory19,20�. The point of using such a relation is
that S has a finite domain S� �Smin¯Smax�, whereas d might
have an infinite domain d� �−�¯��. In the present case
Smax=7 and Smin=1. Solving for d in Eq. �6�, a suitable trans-
formation from the finite S-domain to the infinite d-domain
of the objective measures is found,

dS � − ln
Smax − S

S − Smin
. �7�

The parameter dS can be used as the dependent variable in
regressions connecting objective measures to subjective re-
sponse.

However, in some cases the objective parameter is non-
negative, d�0. That is the case for the RT and the RG.
Moreover, in the present study the extreme situation of zero
RT and RG is included in the study due to the use of the
anechoic chamber. In these cases Eqs. �6� and �7� have to be
modified. The following equations then applies:

S =
2�Smax − Smin�

1 + e−d + 2Smin − Smax �8�

and

dS � − ln
Smax − S

S − 2Smin + Smax
. �9�

However, in many cases the range of the objective pa-
rameter is so small that the error of using a linear regression
directly between d and S is small. That is actually the case in
the present study, and in the result section below, the regres-
sions are often performed both using the psychometric func-
tion and directly between S and d.

III. RESULTS

A. Validity and quality of the data

An ANOVA is used to examine if the variations in the
data are sigificant. The left part of Table II presents these
results concerning the subjective parameters. The variations
are significant except for BN, where no significant variations
are found at the 5% level or better �p-value of 0.16�, and for
detection of echo ECHO, where the variations are significant
at the lower level of 5% �p-value of 0.046�, but not higher. It
should here be noted that the variation in the background
level of the rooms was small and that there are no known

arameters and VPL parameters �different versions�
significant at the 5% level, *** means significant at

ard levels.

IV ES LW,l LW,A �LW

�10−6 �10−6 0.13 0.11 0.036
*** *** — — *
nse p
eans

stand

BN

0.16
—

problems with echo or flutter echo in the rooms used. In the
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same way, the right part of Table II presents the significance
test of different versions of the VPL. Here the significance of
the variations in the data is less, probably due to the lower
number of subjects participating. However, taking VPL rela-
tive to the result in the anechoic chamber, �LW, yields sig-
nificant variations at the 5% level �p-value of 0.036�.

In the further analysis, only LW,l and �LW will be used
describing the VPL. LW,A is disregarded as it does not in-
crease the significance much and is not as straightforward as
LW,l. Moreover, results depending on the subjective re-
sponses BN and absolute VPL, LW,l, should be considered
only as trends.

B. Relationships among objective parameters

The objective parameters used to describe the rooms
were presented in Table I. The objective changes in the VPL
are presented in Table III. The correlation matrix between
these parameters is given in Table IV. It should be noted that
the VPL measures correlate well with the volume, especially
log V, and the RG GRG. There is no significant correlation
between the VPL measures and RT and BN. It should also be
noted that the RT measures and the BN measure do not cor-
relate significantly with any other measure.

Note that the correlation between support ST as calcu-
lated in Eq. �1� and the other parameters is not included here
as the support is undefined in the anechoic chamber due to
the lack of reflections �the value would be −��.

The results of single variable linear regression are found
in Table V. Only results with p�0.1 are shown. It is shown
once again that log V and GRG correlate well with VPL. A
multiple linear regression model using these two variables is

TABLE III. The rooms used in the experiments and their objective values.

Abbrev.
LW,l

�dB�
LW,A

�dB�
�LW

�dB�

A81 62.9 60.0 −1.30
A21 63.9 60.9 −0.08
LR 62.9 60.1 −1.93
MR 58.7 55.2 −4.33

ACH 65.0 62.1 0
IEC 59.8 57.0 −4.32

TABLE IV. Correlation matrix for the objective measures, including the V
0.2� p�0.1; roman upright: 0.1� p�0.05; italic: 0.05� p�0.01; boldface

Objec. LW,l �LW T30 TEDT

LW,l 1 0.97 — —
�LW 0.97 1 — —
T30 — — 1 1.00

TEDT — — 1.00 1
V �0.63� �0.72� — —

log V 0.82 0.88 — —
�3 V 0.76 0.84 — —

LBN — — — —
GRG −0.81 −0.86 — —
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�LW = − 5.68 + 1.81 log V − 2.28GRG, �10�

with R2=0.86 and p=0.05. The improvement of using two
parameters is described by the fact that R2 increases from
0.78 to 0.86 and at the same time the model is at the limit of
significance. The model is shown in Fig. 1.

C. Relationships among subjective parameters

The subjective response parameters are presented in
Table VI. The correlation matrix for these parameters is
given in Table VII. Using the objective domain transforma-
tion according to Eqs. �7� and �9� yielded similar results.

The results of single variable linear regressions are
found in the right part of Table V. Only results with p
�0.1 are shown. It can be seen that SIV and SES correlate
well with SGSI; these regressions are also shown in Figs. 2
and 3. A multiple linear regression model using these two
variables is

SGSI = 6.82 − 0.715SIV − 0.189SES, �11�

with R2=0.74 and p=0.13. Thus, the improvement of the
two parameter model was not large, and the model is not
significant. This is probably due to a high linear dependency
between SIV and SES.

D. Relationships between subjective and objective
parameters

Table VIII shows the correlation between the objective
parameters and the subjective responses �the number of ob-
jective parameters has been reduced as T30 and �3 V have been

nly correlations with p-values lower than 0.2 are shown. In parentheses:
0.01.

V log V �3 V LBN GRG

�0.63� 0.82 0.76 — −0.81
�0.72� 0.88 0.84 — −0.86

— — — — —
— — — — —
1 0.96 0.98 — �−0.63�

0.96 1 1.00 — −0.76
0.98 1.00 1 — �−0.72�
— — — 1 —

�−0.63� −0.76 �−0.72� — 1

TABLE V. Single variable linear regression. Only regressions with p�0.1
are shown. Left: between VPL �LW and the objective parameters. Right:
between SGSI and the subjective parameters. The variables b0 and b1 are the
regression constants, the constant term and the linear term, respectively.

Dependent variable �LW SGSI

Independent variables log V GRG SIV SES

R2 0.78 0.74 0.73 0.61
p 0.02 0.03 0.03 0.07
b1 2.94 −4.40 −0.90 0.72
b0 −9.64 −0.021 8.30 1.91
PL. O
: p�
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ignored�. Using the objective domain transformation accord-
ing to Eq. �7� and �9� again yields similar results �a slightly
better correlation on average�.

The results from single variable linear regressions are
found in Table IX. Only the regressions with p�0.1 are
shown. The regression between IV and �LW is shown in Fig.
4, and that between TR and TEDT is shown in Fig. 5. A
multiple linear regression model for IV using two variables
is

SIV = − 0.198 + 1.73 log V − 1.11GRG, �12�

with R2=0.90 and p=0.03. The improvement of using two
parameters is described by the fact that R2 increases from
0.86 to 0.90 while the model is still significant.

IV. ANALYSIS AND DISCUSSION

The ANOVA test in Table II indicates that in general the
statistical quality of the subjective data is better than in the
VPL data. One reason for this is probably the higher number
of participants in the subjective questionnaire �about 20� as
compared to the VPL measurements �about 6�. However, it is
known that it is difficult to get statistically consistent data for
the voice strength �see, e.g., Rantala et al.9�. Anyway, in the
present study significant variations in the VPL data are found
in case of the relative VPL, �LW, using just six subjects. One
reason for this is the normalization procedure of the data by
taking the value relative to the anechoic chamber. In this way

−5 −4 −3 −2 −1 0
−5

−4.5

−4

−3.5

−3

−2.5

−2

−1.5

−1

−0.5

0

−5.68+1.81 log V −2.28 G
RG

∆
L W

dB

A81

A21

LR

MR

ACH

ICE

FIG. 1. Regression model �10� versus the real data of increase in VPL �LW.
Room abbreviation according to Table I.

TABLE VI. The rooms used in the experiments and th

7. The notation is S̄ /s, where S̄ is the average value
average value is used then denoted as S.

Abbrev. SGSI STR SE

A81 5.64 /0.74 2.64 /1.34 1.93
A21 3.37 /1.54 5.16 /1.50 3.42
LR 5.71 /0.78 1.76 /0.54 2.95
MR 6.12 /1.27 2.00 /1.00 2.53

ACH 2.59 /2.03 1.00 /0 1.41
IEC 5.88 /1.54 1.63 /1.08 2.38
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the natural variation in VPL among the subjects is reduced,
and only the increments for different rooms are studied.
Moreover, using a wide range of different rooms—including
the anechoic chamber, large auditoriums, and small meeting
rooms—is likely to increase the variation in VPL.

Considering Table IV, room volume and RG show high
correlation with the VPL. An increase in volume increases
the VPL, and an increase in RG decreases the VPL. These
results are significant if considering �LW related to log V and
GRG. Of the size measures, the logarithm of the volume,
log V, has the highest correlation. One can regard V1/3 to be
a typical length scale of the room and log V to be related to
the average sound pressure level in the room for a given
source power level. Thus, the fact that the increase in VPL is
better correlated to log V than V1/3 suggests that the aural
cues might be more important than the visual cues. The VPL
relative to the value in the anechoic chamber, �LW, corre-
lates in general better than the absolute linear VPL, LW,l. This
is probably linked to the fact that �LW has higher signifi-
cance than LW,l in the ANOVA test in Table II. Equation �10�
expresses the relationship between �LW, log V, and GRG, also
shown in Fig. 1. In Table VIII there is a trend that �LW is
correlated with ES, the question related to support in the
room. Moreover, log V and GRG are correlated to IV, the

bjective response values. The scale is between 1 and

is the standard deviation. In the further analysis the

SBN SIV SES

4 4.00 /1.52 4.50 /1.34 3.29 /0.83
1 3.74 /1.59 5.16 /1.26 4.16 /0.96
1 4.33 /1.43 3.29 /1.27 5.05 /0.86
3 4.59 /1.80 2.12 /1.05 5.53 /0.94
6 5.29 /2.73 5.41 /2.12 1.29 /0.99
1 5.06 /2.38 2.31 /1.01 5.50 /0.97
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FIG. 2. Regression model between subjective variables SGSI �good to speak
in� against SIV �increase voice�, according to right part of Table V. Room
abbreviation according to Table I.
eir su
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/1.6
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/2.3
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question if the subject had to increase the voice to be heard.
There is also a trend that log V and GRG are correlated to ES.
These results confirm the results above.

Considering again Table IV, RT and BNL did not show
any correlation with the VPL. Both of these results can seem
surprising; RT is the generally most frequently used room
acoustic measure, and BN is known to increase the speech
level in other circumstances, e.g., in connection with the
Lombard effect.18 However, there is an important difference
between these parameters in the present study. The variation
in the RT data is rather large, TEDT from 0.01 s in the
anechoic room to 1.53 s in auditorium 21, but the variation
in background level is small, from 41.8 dB �A� in auditorium
21 to 53.5 dB �A� in auditorium 21 �see Table I�. “Large”
and “small” should be understood as relative to what is nor-
mally found in lecture rooms. Moreover, the BNL in the
room used was too low to influence speech. It is thus quite
likely that a dependency in BN could be found if more ex-
treme values had been included. The same conclusion does
not apply for the RT. Moreover, in Table VIII it can be noted
that �LW is not correlated with the corresponding subjective
responses TR or BN, which confirms the discussion above.

Considering the correlation among the subjective re-
sponses �Table VII�, it can be noted that the question of
whether the room is good to speak in, GSI, is correlated with
the question about increase in voice level to be heard, IV.

TABLE VII. Correlation matrix for the subjective me
p-values lower then 0.2 are shown. In parentheses:
� p�0.01; boldface: p�0.01.

Subj. GSI TR E

GSI 1 —
TR — 1 �

ECHO — �0.71�
BN — −0.84 �−
IV −0.85 —
ES 0.78 —
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FIG. 3. Regression model between subjective variables SGSI �good to speak
in� against SES �enough support�, according to right part of Table V. Room

abbreviation according to Table I.
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Thus, the ability to make oneself heard is judged to be im-
portant in the general judgment of the room. This is con-
firmed in Table VIII where GSI is correlated with �LW.
There is also a trend that GSI is correlated to ES, the ques-
tion of whether there is enough support in the room. The
other questions �TR, ECHO, and BN� do not show any cor-
relation. It can thus be concluded that a room is good to
speak in if it has support, and it is not necessary to increase
the voice too much.

In Table VII it can also be seen that the question of
whether the RT is too long, TR, is correlated to the question
of whether there is too much BN �with negative sign due to
the orientations of the subjective scales�. Moreover, in Table
VIII it is found that also TEDT is correlated to BN but LBN is
not. This might seem strange. However, it should be remem-
bered here that the questionnaire was not answered at the
same time as the measurements, and that the subjects had the
option to answer it while being elsewhere. Thus, BN is rather
the experience of the BN as they could remember it. The
most severe source of BN is probably the students present
during the lecture. In the light of the Lombard effect, it is
likely that this noise increases with increasing RT. It is thus
not so surprising that TEDT turns out to correlate well with
BN. Thus, the subjective response BN does not refer to and
is not related to the measured BN.

s using the subjective scale S. Only correlations with
p�0.1; roman upright: 0.1� p�0.05; italic: 0.05

BN IV ES

— −0.85 0.78
−0.84 — —

�−0.66� — 0.66
1 — —
— 1 −0.85
— −0.85 1
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FIG. 4. Regression model between subjective variable SIV �increase voice�
against increase in VPL �LW according to Table IX. Room abbreviation
according to Table I. Solid line: Using objective domain transformation
asure
0.2�

CHO

—
0.71�

1
0.66�
—

0.66
equation �7�. Dashed line: Linear regression.
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In Table VII it is also found that there is a trend that the
question of whether echo is noticed, ECHO, is correlated to
the question of whether there is enough support in the room,
ES. This can be interpreted as follows: the reflections that
contribute to the RG and support also might be imagined to
cause echo phenomena, e.g., flutter echo. However, ECHO
does not show big influence on any other parameter and is
not correlated with GSI or IV, so it is judged that echo phe-
nomena have not influenced the results. None of the rooms
are known to have problems with flutter echo.

In Table VII the question of whether there is enough
support in the room, ES, is correlated to the question of
whether the subject had to increase the voice to be heard, IV.
This seems natural, and it is also reflected in the correlation
between �LW and GRG among the objective measurements
�Table IV�.

The strong correlation between the subjective response
of increasing the voice, SIV, and the objectively measured
VPL should be noticed in Table VIII. This can be interpreted
as the subjects being aware that they have to increase the
voice in the room.

In Table VIII TEDT is strongly correlated to TR. Thus,
the subjects are aware of the RT. It should then be remem-
bered that all subjects were teachers or students in acoustics
and therefore familiar with the concept of RT.

Concerning the frequency rang of RT and RG: the fre-
quency rang used �the octave bands from 125 Hz to 4 kHz
for the RG and 500 Hz and 1 kHz octave bands for the RT�
has in this study been assumed to be most responsible for the
impression of the two measures. Different versions of the

TABLE VIII. Correlation matrix for the objective a
Only correlations with p-values lower than 0.2 are
� p�0.05; italic: 0.05� p�0.01; boldface: p�0.01

Obj. and subj. SGSI STR

LW,l −0.80 —
�LW −0.82 —
TEDT — 0.96

V — —
log V �−0.63� —
LBN — �0.65�
GRG 0.68 —

TABLE IX. Single variable linear regression between
p�0.1 are shown. The upper part uses the subjective
dS according to Eqs. �7� and �9�.

Dependent variable SGSI S

Independent variables �LW T

R2 0.68 0
p 0.04 0
b1 −0.64 2
b0 3.61 0

R2 0.71 0
p 0.03 0
b1 −0.50 0
b0 −0.27 −0
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parameters have been tested, but not reported, and the chosen
definitions and frequency range give good correlation. How-
ever, there probably is a need for more research in order to
finetune the measures.

Using the regression between �LW and IV �Table IX and
Fig. 4�, some preliminary design guidelines can be proposed.
If a subjective response of SIV�3 is regarded as a good
room, the model yields that this corresponds to �LW�
−3.1 dB. Now, using the model in Eq. �10� �see Fig. 1�, this
corresponds to GRG�0.80 log V−1.1 dB. Thus, for a room
with volume 100 m3 the RG should be GRG�0.5 dB, and for
a room with volume 1000 m3 the RG should be GRG

�1.3 dB. It should however be noted that such guidelines
are preliminary, and should not be used before further evi-
dence has been obtaind. Also note that the recommended
values might be difficult to realize in reality for large audi-
toriums. Thus, these guidelines are limited to smaller rooms
and rooms without voice amplification systems.

V. CONCLUSIONS

The voice power relative to the value in the anechoic
chamber varies significantly between room.

The increase in the voice power produced by a speaker
lecturing in a room is correlated with the size of the room
�especially log V� and the gain produced by the reflections in
the room, GRG. These relations are significant.

No significant correlation is found between the increase
in the voice power and the RT or background level of the

e subjective measures using the subjective scale S.
n. In parentheses: 0.2� p�0.1; roman upright: 0.1

CHO SBN SIV SES

— — 0.94 −0.80
— — 0.98 −0.79
— −0.90 — —
— — 0.79 �−0.65�
— — 0.93 −0.77
.78 — — —
— — −0.83 0.80

ective and objective variables. Only regressions with
ain S, and the lower part uses the objective domain

SIV

�LW log V GRG

0.96 0.86 0.69
0.0006 0.007 0.04
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Downloade
room in this study. The latter is probably due to the too small
variations in the background levels in the rooms studied.

The general impression of whether a room is good to
speak in is linked to the impression of whether it is necessary
to increase the voice in the room and if the room provides
support to the speaker. The former relation is significant, and
the latter is only a trend.

There is a significant correlation between the question of
whether the subject had to increase the voice and the actual
increase in voice power. There is also a significant correla-
tion between the question about the reverberation in the
room and the measured RT. This means that the subjects
participating were aware of these parameters.
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Comment on “Increase in voice level and speaker comfort in lecture
rooms” [J.Acoust.Soc.Am. 125, 2072-2082 (2009)]

David Pelegŕın-Garćıaa)

Acoustic Technology, Department of Electrical Engineering, Technical University of Denmark, Kongens Lyngby
DK-2800, Denmark

(Dated: January 5, 2011)

Recently, a paper written by Brunskog et al. “Increase in voice level and speaker comfort in lecture
rooms” [J.Acoust.Soc.Am. 125, 2072-2082 (2009)] related teachers’ variation in vocal intensity
during lecturing to the room acoustic conditions, introducing an objective parameter called “room
gain” to describe these variations. In a failed attempt to replicate the objective measurements by
Brunskog et al., a simplified and improved method for the calculation of room gain is proposed, in
addition with a new magnitude called “voice support”. The new measurements are consistent with
those of other studies and are used here to build two empirical models relating the voice power levels
measured by Brunskog et al. to the room gain and the voice support.

PACS numbers: 43.55.Hy, 43.70.Mn

Brunskog et al. published “Increase in voice level
and speaker comfort in lecture rooms” previously in this
journal.1 Their work showed a possible influence of room
acoustics (through a new parameter named “room gain”)
on the vocal intensity used by teachers for talking in
rooms. In addition, different subjective aspects regard-
ing the perceived acoustic conditions while talking were
studied by means of questionnaires. The work extended
its relevance to the areas of ergonomics and occupational
health, as it described an interaction between man and
environment with possible consequences for voice health
originated from working conditions. A recent epidemio-
logical study has shown that teachers with voice prob-
lems rate classroom acoustics as an element affecting
their voice much more often than those without voice
problems.2 In this context, the work of Brunskog et al.
could offer a reference dataset to compare the vocal per-
formance of teachers’ with and without voice problems
under different acoustic conditions. However, it has been
impossible to replicate the room gain measurements of
Brunskog et al. in the original rooms of their study. The
aim of this paper is to provide a more accurate and repli-
cable dataset relating the voice power levels measured
by Brunskog et al. to the objective parameters “room
gain” and “voice support” derived with an alternative
method. The first section presents the definition of room
gain according to Brunskog et al.’s method, pointing out
some potential limitations, and it is followed by the def-
inition of room gain and voice support according to an
alternative method. The second section compares the
objective measurements in the rooms of Brunskog et al.
as they appear in the original study and with the alter-
native method. The last section describes two empirical
models relating the voice power level to the room gain
and the voice support.

NOTE: The terms vocal intensity, voice level, and voice

a)Electronic address: dpg@elektro.dtu.dk

power level LW are used in this paper to express the total
radiated speech power from a talker. While the first term
is used as a qualitative description, the other two terms
are used indistinctly to express a quantitative magnitude.

I. ROOM ACOUSTIC PARAMETERS FOR A TALKER

Two equivalent metrics that characterize the effect of
room acoustics as perceived by a talker are used: “room
gain” (GRG) and “voice support” (STV ).

Brunskog et al. defined the room gain as the degree
of amplification produced by the room on the talker’s
voice, as perceived by the talker himself. The calculation
of room gain proposed in Brunskog et al. requires the
measurement of two impulse responses (IR) correspond-
ing to the sound transmission path between the mouth
and the ears of a dummy head: one at the room of inter-
est h(t), and another one at an anechoic chamber hach(t).
From these two measurements, the energy levels of the
IR at the position of interest, LE , and at the anechoic
room, LE,ach are calculated:

LE = 10 log

∫∞
0

h2(t) dt

E0
, (1)

LE,ach = 10 log

∫∞
0

h2
ach(t) dt

E0
, (2)

where E0 is an arbitrary energy reference. The room
gain is calculated as the difference between these two
energy levels,

GRG = LE − LE,ach. (3)

The room gain is conceptually related to Gade’s ob-
jective support3, which is widely used in stage acoustics
to compare the energy of early sound reflection patterns
from a music instrument to the player’s ears among dif-
ferent rooms for music performance. Gade’s objective
support is used to characterize many different kinds of
instruments, with different distances from the source to
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the ears of the musicians and different directivity pat-
terns. In the case of voice, the path between mouth and
ears is rather well defined.

Brunskog et al.’s method for calculating room gain is
conceptually and theoretically correct, and can be used
to calculate the room gain at positions with very close
reflecting surfaces. However, an important limitation of
the method is the required measure of an IR in anechoic
conditions, which can be an obstacle for many profession-
als. Additionally, in practice, the IR in anechoic condi-
tions might differ from the direct sound in the measur-
ing conditions due to changes in temperature, humidity,
background noise, and distortion artifacts when measur-
ing. The practical limitations lead to measurement error,
which is illustrated in the following example.

Nine IRs in a small room, corresponding to the acoustic
path between the mouth and the left ear of a Head and
Torso Simulator (HATS) B&K type 4128 with left ear
simulator B&K type 4159, were measured with the 01dB
Symphonie system. The measurements corresponded to
three repetitions at three different reproduction gains,
keeping the HATS position fixed. The signal-to-noise
ratio (SNR), calculated from the peak level to the noise
floor level, was at least 60 dB in all impulse responses.
The impulse responses were trimmed to the intersection
of the exponential decay curve with the noise floor of
the measurement with the lowest SNR (the intersection
time was noted as tmin). The impulse responses were
normalized to a peak amplitude of 1, and the energy
levels LE in the interval (0–tmin) were calculated. The
estimated standard deviation of LE was 0.02 dB, whereas
the maximum difference between two measurements of
LE was 0.06 dB. This error is not usually regarded as
important, but as defined in Eq. (3), the room gain can
be significantly biased by such an amount, since typical
values lie between 0 dB and 0.6 dB.

It would be beneficial to derive the room gain from
a single impulse response measurement and increase the
sensitivity of the method. For this, the author proposes
the measurement of the impulse response using a HATS
with a mouth simulator according to recommendation
ITU-T P.584 and ear simulator with ear canal, accord-
ing to recommendation ITU-T P.575 Type 3. The source
should be at least 1 m away from all boundaries, includ-
ing the floor, using a stand to appropriately place the
HATS at the height of the head of an average standing
person. The distance gap of 1 m allows for a time gap
free of reflections of approximately 5.8 ms. The direct
sound hd(t) is obtained by applying a window w(t) to
the measured impulse response h(t) (see Figure 1),

hd(t) = h(t)× w(t), (4)

where w(t) is

w(t) =

 1 t < 4.5 ms
0.5 + 0.5 cos (2π(t− t0)/T ) 4.5 ms < t < 5.5 ms
0 t > 5.5 ms

(5)
with t0 = 4.5 ms and T = 2 ms. The reflected sound
hr(t) is the complementary signal

hr(t) = h(t)× (1− w(t)) = h(t)− hd(t) (6)
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FIG. 1. Example of an impulse response h(t) and the win-
dowing applied to extract the direct and reflected sound.

The energy levels corresponding to the direct sound
(LE,d) and the reflected sound (LE,r) are calculated as

LE,d = 10 log

∫∞
0

h2
d(t) dt

E0
, (7)

LE,r = 10 log

∫∞
0

h2
r(t) dt

E0
. (8)

The voice support STV , in analogy to Gade’s objective
support, is defined as the difference between the reflected
sound and the direct sound from the HATS’ mouth to
ears IR,

STV = LE,r − LE,d, (9)

which is related to the room gain through the formula

GRG ≈ 10 log
(
10STV /10 + 1

)
. (10)

This formula is obtained under the assumption that
the total energy is approximately the sum of the energies
corresponding to the direct and the reflected sound after
windowing,

LE ≈ 10 log
(
10LE,d/10 + 10LE,r/10

)
. (11)

Gade’s objective support is intended for big rooms, so
the early reflections are counted from 20 ms, and the
first 10 ms in the impulse response are regarded as direct
sound. This parameter cannot be used in small rooms
(e.g. rooms for speech), as the early reflections are much
closer to the direct sound than in large halls, and may
fall in the direct sound interval or in the interval from 10
ms to 20 ms, which is ignored by the definition. With
the present definition of direct and reflected paths, it
is possible to calculate room gain and voice support in
many rooms. The only limitation is that all boundaries
of the room should be 1 m away from the measurement
equipment.

The indirect calculation of room gain after measuring
the voice support with Eq. (10) reduces the deviation in
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the results. Using the same impulse responses of the pre-
vious example, the standard deviation in the measured
room gain was reduced from 0.02 dB to 0.004 dB, and
the maximum differences between two measurements did
not exceed 0.01 dB.

II. ABOUT THE MEASURED PARAMETERS

Table I shows the six rooms used in the study of Brun-
skog et al. with their volume and the original measure-
ments of reverberation time T30 and room gain, noted
as G′

RG. Inspecting the original G′
RG data, the value

of 1.12 dB measured in the IEC listening room appears
too high in comparison to that measured in the meeting
room (0.58 dB), which is smaller and more reverberant
than the IEC room. These values imply that the reflected
sound pressure level in the IEC room would be about 3
dB higher than in the meeting room, using Eq. (10).

The room impulse responses in the six rooms of the
study were measured again, following the procedure de-
scribed in the previous section. No filtering, other than
the intrinsic response of the loudspeaker, was applied to
the signals for deriving the objective parameters. The
values of voice support STV and room gain GRG, mea-
sured for each room as the average of six repetitions, are
shown in Table I. The differences between old and new
room gain values are indicated as ∆GRG.

The new measurements confirm the initial suspicions.
The room gain in the IEC listening room is indeed lower
than in the meeting room. The room gain in the ane-
choic chamber was 0 dB in the original study by defini-
tion, and it is 0.01 dB by the present method described
here. In general, the room gain values are lower than
in the original study (∆GRG > 0 in all cases), a fact
that has been already reported.6 None of the room gain
values was higher than 0.5 dB. The voice support has a
greater dynamic range and might be more suitable for use
in architectural acoustics. However, in anechoic rooms,
STV → −∞, and the finite values measured under these
conditions must be treated carefully.

III. REVISED EMPIRICAL MODELS

The new room gain values differ considerably from the
original values. In order to enable reliable comparison
with future studies, the empirical model relating voice
power level from the study of Brunskog et al. to the room
gain has to be recomputed. The relative voice power level
(∆LW ) is defined as the difference between the overall
LW in a certain room and the overall LW measured in
the anechoic room. A simplified linear model of only one
explanatory variable is preferred,

∆LW [dB] = 0.5− 13.5×GRG, (12)

The model predicts a decrease in the expected voice
power level with increasing room gain (R2 = 0.83, p =
0.01). Alternatively, rooms with low room gain demand
higher vocal intensity from talkers. The measured val-
ues, and the regression model (12), are shown in Figure
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FIG. 2. Relative LW produced by talkers in the study by
Brunskog et al. as a function of the room gain. The reference
LW is the average overall LW measured by Brunskog et al.
in the anechoic chamber.

2. A two-variable model, similar to the one proposed
in Brunskog et al., which describes the relative voice
power level as a function of the room gain and the log-
arithm of the volume, is not significant at the 5% level
(R2 = 0.83, p = 0.07) and shows marginal or no influ-
ence of the logarithm of the volume on the voice levels.

Figure 3 shows the relative values of voice power level
measured by Brunskog et al. versus the voice support.
The critical dependence of STV value on the measure-
ment SNR in the anechoic chamber suggests that voice
level does not change much for very negative values of
STV , also shown with the transformed regression model
using the room gain (dotted curve in Figure 3). A lin-
ear dependence of ∆LW and STV for all the conditions
studied is not a good approximation. This approxima-
tion does not exclude the possibility of modeling a lin-
ear dependence between LW and STV in a limited range
of STV , as has been done in recent studies,7,8 while ap-
proaching an asymptotic LW value for very negative STV

(dashed line in Figure 3). Excluding the measurement in
the anechoic chamber, the best linear model (solid line
in Figure 3) is

∆LW [dB] = −13− 0.78× STV . (13)

The accuracy of the predictions decreases with this pa-
rameter (R2 = 0.66, p = 0.09). It would not be wise to
conclude that the voice support is less valid than the
room gain to describe the changes in voice level due to
the acoustic conditions perceived by the talker. More
conditions are needed to assess the robustness of room
gain and voice support as explanatory variables of voice
level variations due to changes in the auditory perception
of one’s own voice elicited by the room.
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TABLE I. Rooms in the study by Brunskog et al., and measured objective parameters. The volume V , reverberation time T30,
and room gain G′

RG are taken from Brunskog et al.’s paper. The room gain GRG and voice support STV correspond to new
measurements. The differences between old and new room gain values are indicated as ∆GRG.

V T30 G′
RG GRG ∆GRG STV

Name Abbrev. [m3] [s] [dB] [dB] [dB] [dB]
Auditorium 81 A81 1900 1.06 0.28 0.14 0.14 -14.9
Auditorium 21 A21 1220 1.53 0.29 0.16 0.13 -14.2
Lecture r. 019 LR 190 0.46 0.42 0.32 0.10 -11.1
Meeting r. 112 MR 94 0.42 0.58 0.43 0.15 -9.8
Large anechoic ch. ACH 1000 0.06 0 0.01 0.01 -27.3
IEC listening room ch. IEC 100 0.34 1.12 0.39 0.73 -10.3
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FIG. 3. Relative LW produced by talkers in the study by
Brunskog et al. as a function of the voice support. Solid
line: regression model excluding the measurements in the ane-
choic chamber. Dashed line: expected asymptotic relative LW

value. Dotted line: regression model for room gain. The ref-
erence LW is the average overall LW measured by Brunskog
et al. in the anechoic chamber.
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Vocal effort with changing talker-to-listener distance in different
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Talkers adjust their vocal effort to communicate at different distances, aiming to compensate for
the sound propagation losses. The present paper studies the influence of four acoustically different
rooms on the speech produced by thirteen male talkers addressing a listener at four distances.
Talkers raised their vocal intensity by between 1.3 and 2.2 dB per double distance to the listener
and lowered it as a linear function of the quantity “room gain” at a rate of -3.6 dB/dB. There
were also significant variations in the mean fundamental frequency, both across distance (3.8 Hz per
double distance) and among environments (4.3 Hz), and in the long-term standard deviation of the
fundamental frequency among rooms (4 Hz). In the most uncomfortable rooms to speak in, talkers
prolonged the voiced segments of the speech they produced, either as a side-effect of increased vocal
intensity or in order to compensate for a decrease in speech intelligibility.

PACS numbers: 43.55.Hy, 43.70.Mn

I. INTRODUCTION

In face-to-face communication, a talker makes a deci-
sion about the desired vocal output based on the given
communication scenario. Some factors affecting this de-
cision are the intention of the talker (dialog, discipline,
rebuke. . .), the distance between talker and listener, and
special requirements of the listener, due to hearing im-
pairment or language disorders. Once the decision is
made, the talker starts to speak and uses a series of feed-
back mechanisms (auditory, tactile, proprioceptive, and
internal) to grant that the actual vocal output matches
the desired vocal output.1

Speaking in various rooms leads to different experi-
ences or sensations for a talker, due to changes in audi-
tory feedback. The vocal effort required for communi-
cating with a listener at different distances changes with
room acoustic conditions, as does also the feeling of vocal
comfort. One should differentiate between the concepts
of vocal effort and vocal comfort. Vocal effort, according
to Traunmüller and Eriksson,2 is a physiological magni-
tude different from vocal intensity, that accounts for the
changes in voice production required for the communica-
tion at different distances. This definition of vocal effort
can be extended to also include the changes in voice pro-
duction induced by noise or the physical environment.
These changes include vocal intensity, fundamental fre-
quency (F0), vowel duration, and the spectral distribu-
tion of speech. Vocal comfort, according to Titze,3 is
a psychological magnitude determined by those aspects
that reduce the vocal effort. Vocal comfort reflects the
self-perception of the vocal effort by the feedback mech-
anisms listed above.

The maximization of vocal comfort should be a prior-

a)Electronic address: dpg@elektro.dtu.dk

ity in situations of very high vocal demands, which are
hazardous for the vocal health, such as teaching envi-
ronments. A recent study revealed that around 13% of
teachers suffer from voice problems.4 Indeed, the preva-
lence of voice problems among teachers is much higher
than it should, compared to their representation in over-
all population.5–7 Vilkman8 points out “bad classroom
acoustics” as one of the hazards for voice health from
the testimonies of teachers who had suffered from voice
disorders. These disorders are related, in many cases, to
the intensive use of the voice as an occupational tool.

To characterize the amount of voice use, and estimate
the risk of suffering from voice problems, Titze et al.9

introduced a set of measures of the accumulated exposure
of vocal fold vibration, called vocal doses. The vocal
doses are calculated from the phonation time, F0, and
the vocal fold vibration amplitude. In the present work,
the variations of vocal intensity (as a rough estimate of
the vocal fold vibration amplitude), F0, and phonation
time are reported without going further into a detailed
risk analysis, leaving this task to future studies and more
advanced analytical models. As in Rantala et al.10 both
the mean and the standard deviation of F0 are measured
as indicators of vocal effort.

Although bad classroom acoustics might be hazardous
for voice health, only a few works have attempted to re-
late classroom acoustics to voice production. Hodgson11

suggested a simple empirical prediction model to calcu-
late average voice levels used by teachers in university
lecture rooms, depending on individual factors, acousti-
cal characteristics of the room and student activity noise.
Brunskog et al.12 found that the average vocal intensity
used by teachers in different classrooms is closely related
to the amplification of the room on the talker’s perceived
own voice (defined as “room gain”). From this study, it
appears that teachers speak louder in rooms with a low
room gain and softer in rooms with a high room gain, at
a rate of -13.5 dB/dB (dB of voice level per dB of room

Vocal effort vs distance in different rooms 1



gain).13 However, none of the two previous studies took
into account the distance between teachers and students,
which could explain by itself some of the changes in voice
level. From a different perspective, Kob et al.14 found
that teachers with voice disorders were more affected by
unfavorable classroom acoustics than their healthy col-
leagues.

In a more general communication context, several in-
vestigations have analyzed the vocal intensity used by a
talker to address a listener located at different distances.
One general finding is that the vocal intensity is approx-
imately proportional to the logarithm of the distance.
The slope of this relationship is in this paper referred to
as the compensation rate (in dB/dd), meaning the varia-
tion in voice level (in dB) each time that the distance to
the listener is doubled (dd). Warren15 found compensa-
tion rates of 6 dB/dd when talkers produced a sustained
vocalization (/a/) addressing listeners at different dis-
tances, suggesting that talkers had a tacit knowledge of
the attenuation of sound with distance. However, a sound
attenuation of 6 dB/dd is only found in free-field or very
close to the source. Warren did not provide informa-
tion on the experimental acoustic surroundings. Michael
et al.16 showed that the speech material (natural speech
or bare vocalizations) influenced the compensation rates
and found lower values than Warren: 2.4 dB/dd for vo-
calizations and 1.3 dB/dd for natural speech. Healey
et al.17 obtained compensation rates in a range between
4.5 dB/dd and 5 dB/dd when the task was to read a
text aloud to a listener at different distances. Liénard
and Di Benedetto18 found an average compensation rate
of 2.6 dB/dd in a distance range from 0.4 m to 6 m us-
ing vocalizations. Traunmüller and Eriksson2 carried out
their experiments with distances ranging from 0.3 m to
187.5 m to elicit larger changes in vocal effort, finding a
compensation rate of 3.7 dB/dd with spoken sentences.
In general, there is a substantial disagreement among the
results of different studies.

Each of the previous experiments analyzing voice pro-
duction with different communication distances was car-
ried out in only one acoustic environment. Michael et

al.16 pointed out that unexplained differences among ex-
perimental results might be ascribed to the effect of dif-
ferent acoustic environments, because the attenuation of
sound pressure level (SPL) with distance depends on the
room acoustic conditions. Zahorik and Kelly19 investi-
gated how talkers varied their vocal intensity to com-
pensate for the attenuation of sound with distance in
two acoustically different environments (one indoor and
one outdoor), when they were instructed to provide a
constant SPL at the listener position. When uttering a
sustained /a/, the talkers provided an almost uniform
SPL at each of the listener positions, which indicated
that talkers had a sophisticated knowledge of physical
sound propagation properties. The measured compensa-
tion rates laid between 1.8 dB/dd for an indoor environ-
ment, and 6.4 dB/dd for an outdoor environment.

In addition, some of the studies investigated further
indicators of vocal effort at different communication dis-
tances. Liénard and Di Benedetto18 also found a pos-
itive correlation between vocal intensity and F0, and

significant spectral changes in vowels. Traunmüller and
Eriksson2 observed that the duration of vocalic segments
increased with communication distance, and thus, with
vocal effort.

In summary, there have been many studies report-
ing vocal intensity at different communication distances,
as well as other descriptors of vocal effort: F0 and
vowel duration. Only one study19 analyzed the addi-
tional effect of the acoustic environment on the vocal
intensity, although the instruction—provide a constant

sound pressure level at the listener position—and the
speech material—vocalizations—were not representative
of a normal communication scenario. The aim of the
present study is to analyze the effect of the acoustical
environment on the natural speech produced by talkers
at different communication distances in the absence of
background noise, reporting the parameters which might
be relevant for the vocal comfort and for assessing the
risks for vocal health.

II. EXPERIMENTAL METHOD

The speech from thirteen talkers speaking to one lis-
tener at four different distances in four different rooms
was recorded. The speech signals were processed to cal-
culate measures of vocal intensity, F0, and the relative
duration of the phonated segments.

A. Subjects

Thirteen male talkers participated in the experiment
as talkers. Two of the talkers were acting as listeners
and experimenters at different times. All thirteen sub-
jects had ages between 23 and 40, and had neither hearing
impairment, visual impairment, nor vocal disorder. None
of the subjects was a native English speaker, but never-
theless all of them used English as the spoken language
during the tests.

B. Instruction

Before the start of the tests, the listener/experimenter
explained the instructions verbally to each talker at a
close distance. The talkers were given a map which con-
tained roughly a dozen of labeled items (e.g. “diamond
mine”, “fast flowing river”, and “desert”), starting and
ending point marks, and a path connecting these two
points. They were instructed to describe the route be-
tween the starting point and the finish point, indicating
the items along the path (e.g. “go to the west until you
find the harbor”), while trying to enable eye-contact with
the talker. There were sixteen maps in total, and a dif-
ferent map was used at each condition. The order of the
maps was randomized differently for each subject. These
maps have been used extensively in previous research to
obtain a dialog-based speech corpus.20 The object of us-
ing maps was evoking natural speech from the talkers in a
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TABLE I. Physical volume, reverberation time, room gain,
speech transmission index (mouth-to-ears), and A-weighted
background noise level measured in the 4 environments: ane-
choic chamber, lecture hall, corridor, and reverberation room.

V [m3] T30 [s] GRG [dB] STI LN,Aeq [dB]

Anechoic Room 1000 0.04 0.01 1.00 < 20
Lecture Hall 1174 1.88 0.16 0.93 28.2

Corridor 410 2.34 0.65 0.83 37.7
Rev. Room 500 5.38 0.77 0.67 20.6

very specific context and mode of communication. An al-
ternative method for obtaining natural speech could have
been instructing talkers to speak freely. However, there
would have been different modes of communication and
contexts among subjects, which would have introduced
higher variability in the data.

After explaining the task to the talker, the listener
stood at different positions and indicated the talker non-
verbally when to start talking. The listener gave no feed-
back to the talker, either verbally or non-verbally, about
the voice level perceived at his position.

At the end of the the experiment, the subjects were
asked about the experience of talking in the different
rooms and they could answer openly.

C. Conditions

For each subject, the experiment was performed in a
total of 16 different conditions, resulting from the combi-
nation of four distances (1.5, 3, 6, and 12 m) and four dif-
ferent environments: an anechoic chamber, a lecture hall,
a long, narrow corridor, and a reverberation room. The
environments were chosen so as to represent a wide range
of room acoustic conditions, while being large enough to
allow distances between talker and listener of up to 12
m. However, not all of these rooms were representa-
tive of everyday environments. The order of the rooms
was randomized for each subjects, but the distances from
talker-to-listener were always chosen from closest to fur-
thest. Talker and listener stood further than 1 m from
the walls and faced each other.

The volume V , reverberation time T30, room gain
GRG, speech transmission index (STI) between talker’s
mouth and ears, and A-weighted background noise levels
LN,Aeq, measured in the rooms are shown in Table I.

1. Reverberation time

The reverberation time T30 was measured according to
ISO-3382,21 using a dodecahedron loudspeaker as an om-
nidirectional sound source and a 1/2" microphone, Brüel
& Kjær (B&K) type 4192. The measurements were car-
ried out with DIRAC22, using an exponential sweep as
the excitation signal. The T30, obtained from the impulse
response using Schroeder’s method23 and averaging the

measurements in the 500 Hz and 1 kHz one-octave bands,
is shown in Table I.

2. Room gain

The room gain GRG was measured with the method
proposed by Pelegrin-Garcia13 in the empty rooms, us-
ing a Head and Torso Simulator (HATS) B&K type 4128
with left ear simulator B&K type 4159 and right ear
simulator B&K type 4158. The software measurement
DIRAC was used to generate an exponential sweep as an
excitation signal and extract the impulse responses from
the received signals on the microphones at the ears of the
HATS. The HATS was placed at the talker position, with
the mouth at a height of 1.6 m, and more than 1 m away
from reflecting surfaces. The GRG values reported for
each room correspond to the average of the values at the
two ears and three different repetitions and are shown on
Table I. No filtering was applied to the impulse response
to calculate GRG.

3. Speech transmission index

The STI was derived with the Aurora software suite24

from the same mouth-to-ears impulse responses used for
the GRG measurements, and ignoring the effect of back-
ground noise. The values resulting from averaging three
repetitions and the two channels (left and right) at each
environment are shown on Table I. One should note that
the STI parameter was not originally intended to explain
the transmission of speech between the mouth and the
ears of a talker, as in this case, but to characterize the
transmission channel between talker and listener. The
STI values presented here are used only as rough indi-
cators of the perceived degradation in one’s own voice
due to reverberation and ignoring completely the bone-
conducted component of one’s own voice.

4. Background noise level

The A-weighted, 20-second equivalent background
noise levels (LN,Aeq) were measured in the empty rooms
using a sound level meter, B&K type 2250. The re-
sults from averaging the measurements across four po-
sitions in each room are shown in Table I. Possible noise
sources contributing to the reported levels are ventila-
tion systems, traffic, and the activity in neighboring ar-
eas. All the measured background noise levels were below
45 dB(A) so, according to Lazarus,25 the produced voice
levels were not affected by the noise.

5. Speech sound level

The speech sound level26 S is defined as the difference
between the sound pressure level Lp produced by a source
with human voice radiation characteristics at a certain
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FIG. 1. Speech sound level S as a function of distance.

position and the level Lref produced by the same source
at 10 m in free-field, averaged over all directions in space,

S = Lp − Lref . (1)

A directive loudspeaker JBL Control One was used as
the sound source, and was placed at the talker position,
with the edge of the low frequency driver at a height of
165 cm above the floor and pointing toward the listener.
The sound pressure level Lp produced by the loudspeaker
reproducing pink noise was analyzed in one-octave bands
with a sound level meter, B&K type 2250, at the listener
position for each of the four distances in each room.

The reference sound pressure level Lref was calculated
as the average of 13 measurements in an anechoic cham-
ber with a distance of 10 m between the sound level meter
and the loudspeaker. For each measurement, the loud-
speaker was turned at steps of 15o from 0o to 180o and
reproduced the same pink noise signal with the same gain
settings as used for the measurement of Lp.

The resulting S, as a function of distance, averaged
across the one-octave mid-frequency bands of 500 Hz and
1 kHz, is presented in Fig. 1.

D. Processing of the voice recordings

The acoustic speech signal was picked up with a DPA
4066 headworn microphone, placed on the talker’s cheek
at a distance of 6 cm from the lips’ edge. The signal was
recorded with a Sound Devices 722 digital recorder in
24 bits/44.1 kHz PCM format, and later processed with
Matlab. The length of the recordings varied between
one and two minutes, depending on the map and the
talker.

1. Voice power level

Vocal intensity is related to the strength of the speech
sounds. There are many ways to represent this magni-
tude, e.g., on-axis SPL at different distances in free-field,

TABLE II. Increase of SPL (in dB) at the headworn micro-
phone due to sound reflections (used as correction factor),
measured with a dummy head. The reference situation is the
measurement of SPL in anechoic conditions. Abbreviations
are used instead of the complete name of the rooms: LH for
the lecture hall, COR for the corridor, and REV for the re-
verberation room.

Frequency (Hz)

Room 125 250 500 1000 2000 4000

LH 0.27 0.05 0.12 0.22 0.07 0.15
COR 0.58 0.32 0.46 0.54 0.59 0.69
REV 0.30 0.18 0.38 0.49 0.43 0.51

sound power level (LW ), or vibration amplitude of the
vocal folds. Among these parameters, the sound power
level appears to be the most appropriate one to charac-
terize the total sound radiation from a source. Indeed,
it is possible to determine the sound power level if the
on-axis SPL in free-field conditions and the directivity of
the speaker are known. Following the works of Hodgson11

and Brunskog et al.,12 the sound power level was chosen
as the main index of vocal intensity and is also referred
to as voice power level.

To determine the voice power level of the recordings,
the equivalent SPL in the one-octave bands between
125 Hz and 4 kHz was first calculated. A correction
factor due to the increase of SPL at the headworn mi-
crophone in the different rooms was applied (see values
in Table II). The correction factor was measured by ana-
lyzing the SPL produced by the HATS, reproducing pink
noise with a constant sound power level in the different
rooms, at the headworn microphone, which was placed on
the HATS. The SPL readings from the anechoic cham-
ber were subtracted to the readings in each room. The
difference between the corrected SPL at the headworn
microphone and the voice power level was determined by
performing sound power measurements in a reverberation
room in a similar way as described in Brunskog et al12.
However, instead of using a dummy head (as in Brunskog
et al.), the speech of six different talkers, one by one, was
recorded simultaneously using a headworn microphone
DPA 4066 and a 1/2" microphone, B&K type 4192, po-
sitioned in the far field, where the sound field is assumed
to be diffuse. The difference between the mean corrected
SPL measured at the headworn microphone and the voice
power level as a function of frequency is shown in Fig. 2.

2. Fundamental frequency

F0 was extracted from the recordings with the appli-
cation Wavesurfer27 using the Entropic Signal Process-
ing System method at intervals of 10 ms. Taking a se-
quence with the F0 values of the voiced segments (the
only segments for which the algorithm gave an estima-
tion of F0), the mean (noted as F̄0) and the standard
deviation (noted as σF0

) were calculated.
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FIG. 2. Difference between the SPL measured at the head-
worn microphone, corrected for the increase in SPL due to
sound reflections, and LW . Bold line: mean value. Dashed
lines: one standard deviation above and below the mean
value.

3. Phonation time ratio

Due to the large variations in the length of speech
material among subjects and conditions, the absolute
phonation time is not reported, but the ratio of the
phonation time tP to the total duration of running speech
tS in each recording, referred to as phonation time ratio

(PTR). The calculation procedure is shown in Fig. 3.
First, the original speech signal (Fig. 3a) is processed to
obtain the running speech signal (Fig. 3b). Then, this
signal is split into N non-overlapping frames or segments
of a duration tF = 10 ms (Fig. 3c). In the i-th frame,
the logical variable ki (ki = 0 if the segment is unvoiced;
ki = 1 if it is voiced) is determined with Wavesurfer. The

total duration tP of phonated segments is tF ×
∑N

i=1 ki.
Thus,

PTR =
Phonation time

Running speech time
=

tF

N
∑

i=1

ki

tS
, N =

⌊

tS
tF

⌋

(2)
The floor operator ⌊·⌋ results in the closest integer not
larger than the operand.

E. Statistical method

For each parameter (LW , F̄0, σF0
, and PTR), a linear

mixed model28 was built from a total of 208 observations
(13 subjects × 4 distances × 4 rooms), using the lmer
method in the library lme429 of the statistical software
R.30 The “full model” included the logarithm of the dis-
tance as a covariate and the acoustic environment (or
room) as a factor, and the interaction between the dis-
tance and the room. In the present paper, the mixed
model for a response variable y which depends on the
i-th subject, the j-th distance dj , and the k-th room, is

FIG. 3. Post-processing of the recordings and computation of
the phonation time ratio. a) Original speech signal. b) Run-
ning speech signal of duration tS , obtained from the original
signal by removing 200 ms-long frames with very low energy.
c) Calculation of the phonation time by splitting the running
speech signal in frames of length tF = 10 ms, determining
whether each segment i is phonated (ki = 1) or not (ki = 0)
and summing up the time of all phonated segments.

presented in the form

yijk = ak + αi + (bk + βi) × log2(dj/1.5) + ǫijk. (3)

The fixed effects are written on Roman characters (ak

and bk) and the random effects are written on Greek char-
acters (αi, βi, and ǫijk). The random effects are stochas-
tic variables normally distributed with zero mean. The
distance dependence is contained in the parameters bk

and βi (fixed slope and random slope, respectively). On
the fixed part, the subscript k indicates an interaction
between room and distance. If there is no interaction, bk

becomes a constant b. The presence of βi indicates that
the dependence of the response variable y on the distance
d is different for each subject. The intercept (ak +αi) ad-
justs the overall value of y, and it has a fixed part ak and
a random part αi. The fixed intercept contains the ef-
fect of the room k on the response variable. The random
part is also referred to as intersubject variability. The
residual or unexplained variation ǫijk is also regarded as
a random effect. The standard deviations of the random
effects αi, βi, and ǫijk are notated as σα, σβ , and σǫ,
respectively.

The actual models were built as simplifications of the
“full model”. First, the significance of the interaction
(room-dependent slope bk) was tested by means of likeli-
hood ratio tests (using the function anova in R), compar-
ing the outcomes of the full model and a reduced model
without the interaction (constant slope b). If the full
model was significantly better than the reduced model,
the first one was kept. Otherwise, the reduced model was
used. Another test for the suitability of random slopes
was made by comparing the full model to another one
with fixed slopes by means of a likelihood ratio test. In
the same way, if the model with random slopes was signif-
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icantly better than the one with fixed slopes, the first one
was chosen. The suitability of including the basic vari-
ables (room and distance) was assessed by comparing the
chosen model from the previous tests to a reduced ver-
sion that only contained one variable (room or distance)
with likelihood ratio tests. However, all the parameters
showed dependence on the room and the distance. The
models did not include a random effect for the room due
to the subject.

The p-values for the overall models were calculated
by means of likelihood ratio tests comparing the fit of
the chosen model to the fit of a reduced model which
only contained the random intercept due to the effect of
the subject (and no dependence on room or distance).
The p-values associated to each predictor and the stan-
dard deviations of the random effects were obtained with
the function pvals.fnc(...,withMCMC=T) of the library
languageR31 in R, which makes use of the Markov Chain
Monte Carlo (MCMC) sampling method.

The choice of mixed models has the following basis: a
considerable amount of the variance in the observations
is due to the intersubject differences (which could be re-
vealed with an analysis of variance table), so the subject
is regarded as a random effect. Conceptually, it is similar
to applying a normalization for each subject, or regarding
the subject as a factor in traditional statistical modeling.

III. RESULTS AND ANALYSIS

The measurements of LW , F̄0, σF0
, and PTR were used

to build four different linear mixed models according to
(3). The coefficients for the intercepts and slopes cor-
responding to the fixed-effects of the models, together
with the standard deviations of the random effects, are
presented in Table III. The statistical significance (p-
value) of the fixed effects and interactions included in
each model, along with the overall significance levels, is
shown in Table IV.

A. Voice power level

The measured LW , as a function of the distance and
for each of the rooms, averaged across all subjects, is
shown in Fig. 4. In the same figure, the lines show
the fixed-effects part of the empirical model described in
(3) and Table III. LW depends almost linearly on the
logarithm of the distance (with slopes between 1.3 dB
and 2.2 dB per doubling distance) and changed signif-
icantly among rooms (intercepts between 54.8 dB and
56.8 dB). At each distance, the highest LW was always
measured in the anechoic room. A significant interaction
was found between the room and the logarithm of the
distance, because the variation of LW with distance in
the reverberation room (1.3 dB per doubling distance)
was lower than the variation in the other rooms (1.9 to
2.2 dB per doubling distance). The standard deviation
of the intersubject variation was estimated to be 2.7 dB,
whereas the individual differences in the variation of LW
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FIG. 4. Average voice power level used by the talkers at dif-
ferent distances to the listener. The lines show the predictions
of the empirical model. The different slopes of the lines show
an interaction between the room and the distance.

with distance had a standard deviation of 0.76 dB per
doubling distance.

B. Fundamental frequency

Figure 5 shows the subject-averaged measured F̄0

(data points) and the corresponding empirical model
(lines) described in (3) and Table III, for the different
distances and rooms. F̄0 changed significantly among
rooms (intercepts between 119.3 Hz and 123.6 Hz) and
had an almost linear dependence on the logarithm of the
distance, with a slope of 3.8 Hz per doubling distance,
identical for all the rooms. However, by visual inspec-
tion of Fig. 5, in the anechoic and reverberant rooms,
there was less variation between the distances of 1.5 m
and 3 m than at further distances. F̄0 in the anechoic
room was about 4 Hz higher than in the other rooms for
all distances. The standard deviation of the intersubject
variation was estimated in 16.3 Hz, whereas the individ-
ual differences in the variation of F̄0 with distance had a
standard deviation of 2.95 Hz per doubling distance.

The measured σF0
, as a function of the distance and

for each of the rooms, averaged across all subjects, is
shown in Fig. 6. The lines in the figure show the fixed-
effects part of the empirical model described in (3) and
Table III. σF0

changed significantly among rooms (in-
tercepts between 19.2 Hz and 23.2 Hz) and had a weak
linear dependence on the logarithm of the distance, with
a slope of 0.63 Hz per doubling distance, equal among
the rooms. The standard deviation of the intersubject
variation was estimated in 5.22 Hz, whereas the individ-
ual differences in the variation of σF0

with distance had
a standard deviation of 1.29 Hz per doubling distance.
The latter value is larger than the fixed-effect slope (0.63
Hz) which means that, for a number of subjects, σF0

decreased with distance. This is the reason for the low
statistical significance of the σF0

dependence with the
logarithm of the distance shown on Table IV. Therefore,

Vocal effort vs distance in different rooms 6



TABLE III. Fixed and random effects included in the mixed models. The fixed effects are characterized for the intercepts a

and slopes b, whereas the random effects have zero mean and only their standard deviation is shown. Abbreviations are used
instead of the complete name of the rooms:ACH for the anechoic room, LH for the lecture hall, COR for the corridor, and REV
for the reverberation room. Note that the b values for F̄0, σF0

, and PTR are independent of the room.

Fixed effects Random effects

ak (Intercept) bk (Slope) Intercept Slope Residual
Parameter ACH LH COR REV ACH LH COR REV σα σβ σǫ

LW [dB] 56.8 56.0 54.8 56.2 2.2 2.0 1.9 1.3 2.74 0.76 1.33
F̄0 [Hz] 123.6 120.1 119.8 119.3 3.8 16.3 2.95 3.6

σF0
[Hz] 23.2 22.0 20.6 19.2 0.63 5.22 1.29 2.77

PTR 0.65 0.55 0.56 0.67 0.026 0.059 - 0.062

TABLE IV. Statistical significance and p-values of the fixed
effects and interactions considered in the empirical models
and overall significance of the models. N.S.: Non-significant.

Main effects Interaction

Room ×

log(Distance) Room log(Distance) Overall

LW < 0.001 < 0.001 0.009 < 0.001
F̄0 < 0.001 < 0.001 N.S. < 0.001

σF0
0.10 < 0.001 N.S. < 0.001

PTR < 0.001 < 0.001 N.S. < 0.001
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FIG. 5. Average mean fundamental frequency used by talk-
ers at different distances to the listener. The lines show the
predictions of the empirical model.

the amount of σF0
change as a function of distance was

mainly an individual factor.

C. Phonation time ratio

The measured PTR, as a function of the distance and
for each of the rooms, averaged across all subjects, is
shown in Fig. 7. In the same figure, the lines show the
fixed-effects part of the empirical model described in (3)
and Table III. PTR had a weak linear dependence on the
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FIG. 6. Average long-term standard deviation of the fun-
damental frequency used by talkers at different distances to
the listener. The lines show the predictions of the empirical
model.

logarithm of the distance (with a slope of 0.026 per dou-
bling distance, equal for all rooms) and changed signifi-
cantly among rooms, especially between two groups: one
formed by the anechoic room and the reverberation room
(intercepts 0.65 and 0.67) and a second group formed
by the lecture hall and the corridor (intercepts 0.55 and
0.56). The standard deviation of the intersubject vari-
ation was estimated in 0.059. The change in PTR with
distance was not significantly different among subjects,
so the model does not include a random slope.

D. Subjective impressions

The talkers expressed their opinions verbally about the
experience of talking in the different rooms. One general
comment was that the anechoic chamber was an unnatu-
ral place to speak in, due to the lack of sound reflections,
and that they felt moved to raise their vocal intensity
to make themselves heard at the listener location, and
for this reason, it was not a comfortable environment for
talking. The reverberation room was very unpleasant
for speaking, due to the excessive reverberation. Talk-
ers admitted that they had to modify their speech strat-
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FIG. 7. Average phonation time ratio (relative appearance of
voiced segments in running speech) used by talkers at different
distances to the listener. The lines show the predictions of the
empirical model.

egy to compensate for the poor acoustic conditions. A
few of the subjects preferred overall the corridor, due to
the sensation of support or being helped by the room to
reach longer distances without having to increase their
voice level too much, although they pointed out some
acoustical deficiencies like a noticeable echo. Most of the
subjects preferred the lecture hall for speaking. How-
ever, they admitted that it was demanding to talk at the
longest distance (12 m). Many subjects commented that
the acoustic conditions of the experimental rooms were
not the desirable ones in rooms for speech.

IV. DISCUSSION

Figures 4 to 7 show the variation of the measured pa-
rameters (LW , F̄0, σF0

, and PTR) with distance and
across environments. As all of the measured parameters
indeed have variation with distance and acoustic envi-
ronment, they are potential indicators of vocal effort.

The measurements shown in Fig. 4 reveal that the av-
erage variations of LW when the distance increases from
1.5 m to 12 m are in the range between 3.9 dB in the
reverberation room and 6.6 dB in the anechoic room.
These variations are mainly the consequence of a con-
scious decision of the talker to raise the voice level as a
response to a change in communication distance. How-
ever, the fact that the compensation rates differ among
rooms shows the influence of auditory feedback in voice
level adjustment. Furthermore, the effect of room on LW

varies between 2 dB at 1.5 m and 3.3 dB at 12 m. These
values are smaller but comparable to the effect of dis-
tance on LW . Thus, the perception of one’s own voice
via reflections in the room boundaries is important for
voice level regulation, together with the direct air trans-
mission and the bone conducted components, as Siegel
and Pick32 stated.

Brunskog et al. used GRG as a metric to quantify
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FIG. 8. Average LW at 6 m versus room gain GRG, as com-
pared to the results of Brunskog et al.

the importance of the reflected sound from one’s own
voice. This measure is indeed a measure of sidetone
(one’s own voice reaching the ears) amplification. Taking
the subject-averaged LW values measured at 6 m, a dis-
tance which is representative of a lecturing scenario, the
least squares regression model using GRG as a predictor
is

LW,6 = 61.5 − 3.56 × GRG. (4)

The R2 for this regression model is 0.82, whereas the p-
value is 0.09. The LW values, with the regression line
(4), are compared to the results of Brunskog et al.12,13

in Fig. 8. The slope of the regression line in the current
measurements is much lower than the slope obtained by
Brunskog et al. (-3.6 dB/dB vs. -13.5 dB/dB). The
difference between slopes might be explained by the fact
that the distance was not taken into account by Brunskog
et al. In their study, the rooms with high GRG values
were small rooms where the listeners stood close to the
talker whereas the rooms with low room gain were larger
and the listeners stood far from the talker. Thus, there is
an unwanted correlation between the room gain and the
distance, due to the experimental design, but which is
found in typical real rooms. The model from Brunskog
et al. predicts LW in a general situation with varying
distance to the listeners, but the model (4) accounts for
the variation due exclusively to changes in auditory feed-
back.

As in some studies of sidetone amplification,33 LW de-
creases with increasing sidetone amplification (estimated
by GRG). However, there are two differences between
these studies and the present study. One is the range
of LW variation and the second is the magnitude of the
effect. In the present study, talkers raised LW by 3.2 dB
on average while speaking in the anechoic room at a dis-
tance of 12 m, compared to the reverberant room. In
other studies of voice production with altered sidetone,
variations in voice level of up to 20 dB were reported. In
these studies, the sidetone was altered by inducing tem-
porary hearing loss on the subjects, thus decreasing all
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components of sidetone (direct, reflected and bone con-
ducted sound), or attenuating the airborne sound while
bone conduction is preserved. The significantly different
ranges of voice level variation obtained in the previous
studies (up to 20 dB) and in this study (approximately
3.2 dB by the effect of room) might be due to the fact
that only the reflected component was changed in this
study, while the direct and bone conducted components
of the talker’s own voice were kept unchanged. Therefore,
the overall sidetone variations were much smaller than in
the other studies. The magnitude of the effect on tradi-
tional sidetone compensation was in the range between
-0.25 dB/dB and -0.57 dB/dB, whereas in the present
study the magnitude of the effect was -3.6 dB/dB, as can
be seen in (4). These differences could be explained by
two alternative hypotheses. The first is that the changes
in LW are purely due to the Lombard effect, and that the
room reflections alter the loudness of one’s own voice to
a greater extent than indicated by the single figure GRG.
The second is that there are additional psychological at-
tributes related to room perception affecting the voice
regulation at a cognitive level, through internal feedback
mechanisms.

The measured compensation rates for LW due to
changes in distance between talker and listener were
between 1.3 dB/dd in the reverberation room and
2.2 dB/dd in the anechoic chamber. These compensation
rates are much lower than the ones obtained by Warren,15

Healey et al.,17 and Traunmüller and Eriksson2. How-
ever, they are closer to other studies16,18, and especially
close to the 1.8 dB/dd measured indoor by Zahorik and
Kelly.19 Differences from the previous studies might arise
from the selection of subjects or different instruction. In
the present study, there were significant differences in
vocal behavior among subjects, indicated by the random
slope effect in Table III, which predicts a standard devia-
tion of 0.76 dB/dd over the fixed slopes 1.3 to 2.2 dB/dd.
In any case, the individual compensation rates were not
as large as 6 dB/dd.15,19 In addition, natural speech
was evoked in the present experiment by means of the
map task, which resulted in lower compensation rates
than would be obtained by using short vocalizations, as
Michael et al.16 stated.

Figure 9 shows the relationship between the LW pro-
duced by the talkers and the sound speech level S at the
listener position, which is an alternative representation of
the data in Fig. 4. The dashed line in Fig. 9 represents
the theoretical LW values that would keep the SPL con-
stant at the listener position. According to Zahorik and
Kelly,19 if talkers accurately compensated for the sound
propagation losses—providing an almost constant aver-
age SPL at the listener position—the expected LW would
lay exactly on top of a line with the same slope as the
dashed line, meaning that a talker would lower LW by
1 dB whenever S increases by 1 dB. The LW data points
in Fig. 9 follow approximately straight lines with differ-
ent slopes for each room: -0.4 dB/dB in the anechoic
chamber, -0.8 dB/dB in the lecture hall, -1.1 dB in the
reverberation room, and -3.8 dB/dB in the corridor. In
the lecture hall and the reverberation room, talkers ap-
proximately compensated for sound propagation losses.
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FIG. 9. Voice power level versus speech sound level S at the
listener’s position. The dashed line has a slope of -1 dB/dB.
If the LW values laid in a line with the same slope, talkers
would be providing a constant SPL at the listener position.

However, there was an undercompensation in the ane-
choic chamber, meaning that the SPL produced at the
listener position decreased with distance, and an over-
compensation in the corridor, where the SPL increased
with the distance. Undercompensation appears to take
place in rooms with big differences of S between short and
long distances, i.e. rooms with dominating direct sound.
Overcompensation takes place in rooms where differences
in S at short and long distances were small, i.e. rooms
with strong reverberant field. Undercompensation and
overcompensation were present because the talkers were
not explicitly asked to compensate for sound propaga-
tion losses, and many of the talkers were not used to talk
in the environments of the study. It is presumed that
talkers would be able to compensate for sound propaga-
tion losses with an explicit instruction and training to get
acquainted with the acoustical properties of each room.

Compensation rates have a meaning when the distance
between talker and listener is well defined, such as in a
face-to-face conversation. In the case of a distributed
audience, as in the usual teaching context, the situation
is more complex and it is not clear what is the distance
estimation of the talker. In that case, according to Brun-
skog et al.12,13, talkers apparently adjust their voice lev-
els guided by the room gain or degree of amplification
provided by the room at their ears (Fig. 8).

The changes in F̄0 were similar to those in LW , as
both parameters increased linearly with the logarithm
of the distance, and it was in the anechoic room where
the highest F̄0 were obtained at each distance. Table III
shows that F̄0 changed 3.8 Hz by doubling the distance
and was 4 Hz higher in the anechoic room than in the
other rooms. In simplified terms, the extra vocal effort
demanded to speak in the anechoic room is comparable
to the effect of doubling the distance to the listener in
other rooms. However, the changes among other rooms
(maximum of 0.8 Hz) were not as important so as to
ascribe a significant effect to the room. It seems more
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likely that the unfamiliarity of talkers with the anechoic
room accentuated some changes in speech production too
much, which are not observed in everyday rooms. Nev-
ertheless, F̄0 is an important measure of vocal effort to
show that, at long communication distances, the number
of vocal fold vibrations (or collisions) increases, which
leads to higher vocal doses that might eventually result
in vocal fold trauma.

The talkers had the general remark that the anechoic
room and the reverberation room were the most uncom-
fortable environments to speak in. Both environment
were the two most extreme rooms in terms of T30, STI,
and GRG, as shown in Table I. The anechoic chamber
demanded an increased vocal effort due to lacking sup-
port, with a GRG value of 0.01 dB. On the other hand,
it was very unpleasant and stressing to speak in the re-
verberation room, which could be explained by the re-
markably lower STI value (only 0.67) corresponding to
the transmission between mouth and ears. Talkers’ com-
ments suggest that there is a compromise between STI
and GRG, in order for rooms to be comfortable. The poor
vocal comfort rating for the reverberation room cannot
be explained by the measured LW or F̄0, as the LW and
F̄0 in this room were not higher than the values measured
in the lecture hall and the corridor, the most preferred
rooms. This observation supports the idea that the con-
cepts of vocal effort and comfort are not exactly opposite.

As shown in Fig.6 and Table III, the model predicted
significant differences in σF0

among the environments for
all distances. The highest σF0

was found in the anechoic
room, followed by those in the lecture hall, the corridor,
and the reverberation room, in reverse order to the re-
verberation times: the reverberation room, the corridor,
the lecture hall, and the anechoic chamber (in decreasing
order), or in the same order as the STI. According to this
observation, speech produced in acoustically live rooms is
more monotonous (meaning low variability in F0) than in
acoustically dry rooms. The extreme values of σF0

were
obtained in the least preferred rooms. The highest σF0

in the anechoic room might be an indication of increased
vocal demands (increased LW and F̄0), whereas the low
σF0

in the reverberant room might be an observable fea-
ture of the speech produced under low STI conditions.
However, this assertion needs to be proved in a broader
range of acoustic conditions.

In Fig. 7, the average PTR was remarkably different
between two groups of environments, and correlated well
with the subjective impressions of talkers regarding vo-
cal comfort. The highest PTR values were measured in
the most uncomfortable rooms (0.67 in the reverberation
room and 0.65 in the anechoic room), whereas the PTR
in the other two rooms was significantly lower (0.55 in the
lecture hall and 0.56 in the corridor). The increased voice
levels or vocal efforts explain the high values obtained for
the anechoic chamber, as Liénard and Di Benedetto18

also reported. However, the high PTR obtained in the
reverberation room might be due to the adaptation of
the talker to the environment. It seems that talkers tried
to improve the speech intelligibility in such a reverber-
ant environment by separating the consonant segments
of their speech, resulting in longer vocalic segments.

V. CONCLUSIONS

The present paper studies the changes in different
speech parameters (voice power level, fundamental fre-
quency, phonation time ratio) describing vocal effort
when talkers addressed a single listener at different dis-
tances under various room acoustic conditions in the ab-
sence of background noise. The main conclusions are:

• The decision of using a certain voice level depends
on the visually perceived distance to the listener
and varies between 1.3 and 2.2 dB per double dis-
tance to the listener.

• The room acoustic conditions modify the auditory
feedback of the talker’s own voice, inducing signif-
icant changes in voice level with an approximately
linear dependence on the amplification of the room
to one’s own voice, given by the magnitude “room
gain”, at a rate of -3.6 dB/dB.

• The mean fundamental frequency increases with
distance at a rate of 3.8 Hz per double distance
to the listener and is 4 Hz higher in anechoic con-
ditions.

• A room that provides vocal comfort requires a com-
promise between room gain and STI, supporting
the voice from a talker but not degrading the per-
ceived speech quality.

• The standard deviation of the fundamental fre-
quency and the relative duration of voiced segments
in a running speech signal might be symptomatic
indicators of vocal comfort in a room.

Acknowledgments

The authors wish to express their gratitude to all
the participants in the measurements, to one anony-
mous reviewer that enabled significant improvements in
this work, and to Finn Jacobsen and Torben Poulsen
for their positive feedback toward improving the quality
of the paper. This research has been partially funded
by the Swedish company AFA Försäkring as a part of
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Abstract

In order to investigate the influence of room acoustic conditions on voice

production, a system for the real-time auralization of one’s own voice has been

designed. This system combines computerized room acoustic models, psychoa-

coustic processing, short-delay convolution techniques, mixed-order Ambisonics

encoding/decoding, and loudspeaker reproduction. Equalization filters are used

on an individual basis to adjust the performance of the system to each particular

talker, including the ratio between direct and reflected sound. The auditory cues

of delay, amplitude, frequency response, and directionality corresponding to each

sound reflection are preserved. Thus, this system is suitable for psychoacoustics

and cross-modality research, integration in multimodal virtual reality systems or

room acoustics enhancement.
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1 Introduction

Recently, the field of voice ergonomics, which is defined as the study and action on all

the factors that enhance performance in speech communication, decrease risks for voice

disorders and enable recovery from a voice disorder [1], has received some attention.

One of the topics of research in this field is the study of the interaction between room

acoustics, noise, and voice production. This is of special relevance in the case of teachers,

for whom the prevalence of voice problems is significantly higher than in the rest of the

population [2, 3].

In a recent investigation, Brunskog et al. studied the effect of the classroom acoustic

conditions on the voice levels of a number of teachers [4]. The same teacher had to

move to a number of different rooms, which were sometimes located far away from

each other. This methodology may have introduced some bias in the results by making

comparisons among rooms or judgments about them slightly difficult. In addition, the

acoustic conditions of the rooms were given beforehand, with very limited possibilities

of adjusting them.
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The present paper describes a tool to accurately recreate the acoustics of different

rooms in a controllable way inside a loudspeaker array, located in a highly damped room.

This will enable a more careful and flexible design of experimental conditions in research.

The recreation of different room acoustic conditions is based on the reconstruction

of the sound field of the simulated room using the method proposed by Favrot and

Buchholz [5], although introducing slight modifications for the requirements of real-

time performance. The reconstruction of the sound field is focused mainly on the

voice of a talker at his own ears, so he/she has the experience of being in an acoustic

environment different from the actual room. According to Kleiner et al. [6], this system

aims to ”auralize” the talker’s voice in real time.

Previous auralization systems with the same aim have been reported in the litera-

ture. Kleiner and Bertson [7] used a system with nine loudspeakers that could provide

up to 50 early reflections obtained from delay lines. Shearer and Torres [8] used a two-

channel, headphone-based auralization system able to convolve in real time the voice of

a talker with an impulse response calculated with a room acoustic simulation software

[9]. In a more recent work, Cabrera et al. [10] used a pair of earspeakers to render a

binaurally recorded sound-field, with the possibility of accounting for head rotations by

means of head-tracking in the horizontal plane.

Similar systems have been built to investigate the importance of room acoustic

conditions for singers. Marshall and Meyer [11] used a system with 7 loudspeakers

and 4 microphones that simulated 4 early reflections and late reverberation, with the

particularity of allowing the presence of several performers at the same time. Noson

et al. [12] studied the preference of singers after introducing an additional reflection in

realistic environments, with the aid of a microphone, a delay line and a loudspeaker. In

more recent works, Yuen et al. [13] and Stetson and Braasch [14] used a two-channel

convolution system able to recreate binaural sound fields through binaural impulse

response measurements in real halls.
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Other investigations, not focused on the talker’s voice, but on the effect of room

acoustics on musical performance and subjective preference of musicians in stage, have

used similar setups. Gade [15] used a system with five loudspeakers and a microphone

to generate sound fields consisting of a single reflection and a reverberation tail. Ueno

and Tachibana [16] designed a 6-loudspeaker system to simulate sound fields obtained

through the measurement of the corresponding impulse responses in real rooms.

During the past few years, many technological advances have made it possible to

implement techniques which were previously known but not technically possible. As

an example, state-of-the-art PCs have sufficient processing capability to perform a

number of simultaneous convolutions efficiently, without expensive and dedicated DSP,

as required one decade ago [17]. There are several free software open source solutions

available to perform efficient multiple channel convolutions with very low delay [18,

19]. The release of new multi-channel digital audio standards such as MADI [20], in

combination with multi-channel sound cards, has simplified the connections from the

system, expanded the possibilities of centralized convolution systems, and made the

technology affordable for a larger number of people. In addition, state-of-the-art room

acoustics simulation software provides fairly accurate predictions of the sound-fields

in rooms [21, 22]. The system presented in this paper takes advantage of all these

innovations to perform the real-time convolution of the own voice with a 29-channel

simulated impulse response that, reproduced through 29 loudspeakers, generates the

reflected 3D sound field of one’s own voice. These components is added to the sound

of one’s own voice propagated directly through the air or through the body. The

reconstruction of the reflected sound field is made according to a realistic approach. It

combines the output of a room acoustics simulation program [23] with the spatial and

psychoacoustic decoding scheme proposed by Favrot and Buchholz [5], thus preserving

delay, amplitude, spectrum, and directional cues of the simulated reflections. Very long

impulse responses can be used, so the system does not put a restriction of the maximum
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length for practical use in room acoustics.

2 System description

2.1 Overview

A block diagram illustrating the overall real-time auralization system is shown in Fig.

1. As can be seen, there are two main parts, namely the pre-processing stage and the

real-time processing, acquisition, and reproduction stage. The first part includes all

the necessary steps to obtain the impulse responses of the environment that will be

used in the auralization. This includes the design of a computerized room acoustic

model, the calculation of an impulse response with room acoustics software and its

encoding and decoding with mixed-order Ambisonics techniques for the given layout of

the loudspeaker reproduction system. The second part contains all the elements of the

system that apply the desired room impulse response to a talker’s speech signal in real

time. These are: an acquisition part with a microphone and a sound card, a real-time

section with a software convolver and an equalizer filter, and a reproduction system

based on 29 loudspeakers.

2.2 Pre-processing

A very important part of the auralization system is the offline calculation, decoding,

and storage of an accurate set of impulse responses ready to be used in the second

block, which applies the room effect to a talker’s voice in real-time. This part of the

system is an adaptation of the LoRA toolbox designed by Favrot and Buchholz [5]. The

LoRA toolbox is a software application that uses the output (impulse response with

directional information) of an acoustics simulation program to encode it in Ambisonics

and decode it to a particular reproduction layout, producing an IR for each loudspeaker.

However, some modifications in the procedure and calculation are needed in order to
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Figure 1: Block diagram of the real-time convolution system.

match the requirements for self-voice auralization.

First, a computer-based room acoustic model is needed, which is then loaded into

an acoustic simulation program. In the proposed system, Odeon is used [23], although

other alternative solutions may also be used, as long as the interface with the LoRA

toolbox is implemented satisfactorily. In the acoustic simulation, the source is located

at the talker’s position, avoiding positions too close to the boundaries that could not

be satisfactorily reproduced by the system due to the inherent latency (analyzed in

section 3.2). The receiver point is located 1 m in front of the source. Note that this

position does not correspond to the position of the ears relative to the mouth (sound

source). However, the reflection pattern is reasonably similar to the reflection pattern

experienced at the position of the ears. In addition, the proposed calibration method

takes advantage of this approximation, as will be discussed in section 3.3. The source

is oriented toward the audience and has a directivity pattern similar to the average

human speech [24, 25].

For rooms in a volume range of approximately 100 m3 < V < 1000 m3, the used

simulation parameters are 5000 rays, a maximum reflection order of 2000, a transition
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order of 3 reflections between early reflections and late reverberation, and a histogram

resolution of 10 ms for the late reverberation. The length of the response is adjusted to

correspond at least to the largest reverberation time among all frequency bands for the

simulated room. The early part of the response is calculated through the image source

method and the late part by ray-tracing. Although 5000 rays are usually a low number

in this kind of simulations, it is not of critical importance here, since the fine structure

of the late reverberation is not of interest, but only the envelope of the energy-time

curve.

The acoustic simulation program exports the discrete early reflections separately,

each one with its delay, direction of incidence, and attenuation per frequency band.

The late reverberation is exported as vectorial intensity (i.e., in first order Ambisonics

format WXYZ) in each of the standard octave frequency bands from 63 Hz to 8 kHz at

the defined time intervals. The combination of these two components is referred to as

the Directional IR in Fig. 1. The LoRA toolbox is adapted to omit the direct sound

from these files, because it will be produced by the talker himself during the real-time

auralization. The early reflections are then encoded in fourth order Ambisonics and

decoded into the corresponding loudspeaker layout for reproduction (see Fig. 6 in [5]).

The envelope of the reverberation tail is decoded with a lower directional accuracy

(first order Ambisonics) than the early reflections, which leads to a higher degree of

diffuseness in the resulting multichannel IR. The decoded envelopes are filled with

noise sequences uncorrelated among the different channels, in order to avoid coherent

interference effects and coloration of the sound. The late reverberation is added to the

early reflections and the resulting impulse responses for each loudspeaker are stored as

separate WAV files with a 32 bit precision and a sampling frequency of 44.1 kHz.
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2.3 Real-time acquisition, processing, and reproduction

The real-time operations in the system can be separated into signal acquisition, pro-

cessing (convolution), and reproduction.

2.3.1 Signal acquisition

The talker’s speech signal is picked with a headworn microphone DPA 4066-F, placed on

the talker’s cheek, then digitalized at 44.1 kHz/24 bit with a Behringer ADA8000 and

sent into a PC with a RME HDSP MADI audio interface connected to a RME ADI648

(MADI/ADAT converter). Although other placements of the microphone could be more

suitable for research, as e.g. in Cabrera et al. [10], the built-in fitting accessory was quite

ergonomic and well adapted to the placement on the cheek. The microphone capsule

is close enough to the mouth to avoid any severe influence of feedback (see analysis

later in the paper). As in Pörschmann [26], the spectral distortion introduced by this

placement of the microphone is corrected with an equalizer filter hEQ(t), which adjusts

the spectrum of the speech signal to match the spectrum of the on-axis speech signal at

1 m in front of the mouth. The calculation of the equalizer filter is done on an individual

basis, as the placement of the microphone in relation to the mouth of the speaker

differs among users. The measurement of the equalizer filter is used also to calibrate

the system, as detailed in the next section. The justification for applying the equalizer

filter is that the calculation of the impulse response in the simulation program assumes

an on-axis source signal to provide a spectrally correct output. For practical reasons, the

equalizer filter was pre-convolved with the stored multichannel room impulse responses,

reducing the overall delay in the system during run-time operation. Nevertheless, the

conceptual representation of Fig. 1 is still valid.
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2.3.2 Convolution

The convolver is the most technically demanding element of the system. It should

provide high quality audio, both regarding bit depth and sampling frequency, introduce

the lowest possible delay between input and output, and convolve a number of long

impulse responses. Lengths of hundreds of thousands of taps are typical for room

impulse responses. In the present system, 29 simultaneous convolutions are required

(one for each loudspeaker).

To perform the convolutions, a free software convolver—jconvolver—is used [19].

Jconvolver is a multichannel software implementation of the variable block-size con-

volution scheme proposed by Gardner [27]. It runs in a four-core PC under Fedora 8

Linux, patched with the real-time kernel module from Planet CCRMA and uses JACK

audio server with ALSA sound driver architecture. The convolver is configured with

a simple script that defines the input (the speech signal from the microphone), the 29

impulse responses, and adjustments of gain and delay to account for the position of

the loudspeakers in the actual arrangement, which are at different distances from the

center of the layout. With JACK, each of the outputs of the convolver are assigned to

physical outputs of the audio interface.

In order to investigate the demands of the DSP software in relation to the process

capability of the hardware (Quad core Intel PC with 8 GB of RAM), a small benchmark

study was carried out. In Table 1, the CPU load is measured as a function of the

minimum block size (identical for JACK and jconvolver) and length of the impulse

response, while calculating 29 impulse responses. In Table 2, the CPU load is indicated

for each combination of number of channels and minimum block size, for an impulse

response of 65536 samples. The CPU load increases with the number of channels and

the length of the impulse response, whereas it decreases with the block size. The

drawback of the decrease in CPU load is an increase in latency, which is not desirable

for real-time convolution. The measured low values of CPU load show that it is possible
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Table 1: Benchmarking. CPU load versus different combinations of minimum convolu-

tion block size and impulse response length, for 29 parallel convolutions and a 44.1 kHz

sampling frequency. The latency introduced by jconvolver is indicated in parentheses.

IR length Block size (latency)

64 (2.9 ms) 128 (5.8 ms) 256 (11.6 ms)

22050 8.7 % 7.3 % 6.6 %

44100 9.2 % 7.9 % 7.2 %

88200 10.2 % 9.0 % 8.2 %

176400 13.4 % 11.8 % 11.0 %

to run in parallel alternative processes to record or monitor an input or output signal,

or also to run multiple instances of jconvolver in the same computer, so as to simulate

more complex auditory environments, for example, adding a second sound source at a

different position in the simulated room.

2.3.3 Reproduction

The output signals are converted into the analog domain with a MADI/ADAT con-

verter RME ADI-648 and four Behringer ADA8000 devices, amplified, and sent to 29

DYNAUDIO BM6 loudspeakers. The loudspeakers are arranged on the surface of a

quasi-sphere with distances in the range 1.5 m–2.0 m from the center of the arrange-

ment (see Fig. 2 for specific details of this layout). As the frequency response of the

loudspeakers is fairly flat in the frequency range of interest for voice (100 Hz–10 kHz),

no equalizers are introduced, as these could be detrimental for the audio quality with

small displacements from the equalized position [28].
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Table 2: Benchmarking. CPU load versus different combinations of minimum convolu-

tion block size and number of channels, for an impulse response of 65536 samples and

a 44.1 kHz sampling frequency. The latency introduced by jconvolver is indicated in

parentheses.

Number of channels Block size (latency)

64 (2.9 ms) 128 (5.8 ms) 256 (11.6 ms)

4 2.1 % 1.6 % 1.5 %

8 3.1 % 2.7 % 2.4 %

16 6.0 % 5.0 % 4.4 %

32 10.8 % 9.3 % 8.6 %

Figure 2: Position of the 29 loudspeakers in the array used for reproduction (from

Favrot and Buchholz [5]).
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Table 3: Reverberation time T30 of the test room.

Frequency [Hz] 125 250 500 1000 2000 4000

T30 [s] 0.16 0.09 0.08 0.07 0.07 0.07

3 Practical considerations

There are some practical issues that should be addressed so that this auralization system

works as intended.

3.1 Acoustic conditions of the reproduction room

In the first place, the real-time auralization system requires an acoustically dry envi-

ronment, ideally anechoic, so that the loudspeakers reproduce what they are meant to

and not a combination of the simulated room and the test room itself (due to the sound

reflections). The physical reproduction room, with dimensions 4.7m × 4.6m × 3.4m,

is covered in its whole majority with sound absorbing materials, and its reverberation

time, measured according to the standard ISO-3382 [29], is shown in Table 3. The value

of 0.16 s at 125 Hz could seem a bit high for this application, but due to the fact that

the reflected component of one’s own voice in this frequency band is much lower than

the sound transmitted directly through the air or through the body, the influence is

negligible. As with the loudspeakers, no inverse filtering of room acoustics is applied.

3.2 Delay / Latency

The term real-time applied to this system can lead to some confusion or misunderstand-

ing, as there is actually a certain latency or delay in the system. In a room impulse

response, there is usually a time gap between the arrival of the direct sound and the

first reflection. If the latency of the system is shorter than this gap, then it is possible to

remove a number of samples corresponding to the latency, compensating for this delay

12



without missing any reflection. In our system, the measured latency was 11.5 ms. This

delay included the block size used in JACK (64 samples) at the input and the output,

the block processing in jconvolver (64 samples), the time of sound propagation from

the loudspeakers to the ears, and smaller delays in other processes (A/D, D/A, etc).

Considering the sound propagation between the mouth and the ears, a time gap of

11.5 ms between the arrival of the direct sound and the first reflection corresponds to

a reflection coming from a boundary at a distance of 2 m. Thus, reflections coming

from walls closer than this distance cannot be simulated properly, with precise timing,

level, and direction. As a consequence, the smallest volume of a box-shaped room with

the source at its center that can be accurately simulated is (2× 2)3 = 64m3. However,

smaller rooms are highly dominated by modal effects in a broad frequency range and

acoustic simulations with ray-tracing and image-source methods do not perform very

accurately for these situations. As a rule of thumb, one limitation of the system is that

it cannot simulate rooms smaller than the laboratory room.

Shorter latencies would be desired in this system, although a very obvious limit

in our system is imposed by the distance to the loudspeakers. Reducing the distance

to the loudspeakers might not be a good solution, because the number of loudspeaker

would need to be reduced, reducing the accuracy on directional reproduction, or the

loudspeaker would produce much more noticeable physical sound reflections, which

should be avoided.

3.3 Calibration

A correct calibration is crucial for providing a convincing experience while using the

system. The calibration of this system has two goals: on the one hand, adjusting the

frequency response in order to compensate for the location of the acquisition microphone

in relation to the talker’s mouth, and on the other hand, adjusting the direct-to-reflected

energy level difference to match that of a realistic situation.
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Figure 3: Steps involved in the calibration process. Step 1: calculation, by means of

simulation, of a reference impulse response consisting of the direct sound and a single

reflection. Step 2: Measurement of the on-axis speech signal at 1 m. Step 3: Playback,

processing, and recording of the reflection. Step 4: Comparison of the direct sound and

the reflection to obtain the personalized equalizer filter.

Given a human speaker, the level difference between the direct sound at a distance

of 1 m in front of him and the reflected sound (direct-to-reflected ratio) is noted as ∆L.

This difference must be the same, regardless of the fact that it is obtained by simulation

or in a real scenario. The proposed calibration method, summarized in Fig. 3 aims

at replicating the level difference obtained by simulation in the real-time auralization

system.

The first step, only performed once, is the calculation of an impulse response h(t)

produced by a single reflecting plane in front of a human speaker by means of acoustic

simulation,

h(t) ≈ δ(t− td) + 10∆L/20δ(t− tr), (1)
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where h(t) is calculated with the same calculation parameters as for an arbitrary room.

That is, the source has the directivity features of a human speaker, and the receiver is

located 1 m in front of it. The reflecting plane is in this case located 1.5 m in front of

the receiver point. The plane is orientated normally to the line that connects source

and receiver. In this way, the direct sound (with delay td and level L1, regarded as

the reference) and the reflection (with delay tr and level L2) originate from the same

direction and have the same spectral distribution, ignoring the effect of air absorption

and the finite size of the plane. The level difference between the two components is

∆L = L2 − L1 dB. The IR corresponding to the single reflection, excluding the direct

sound, is noted as href(t), processed with the LoRA toolbox, and stored,

href(t) ≈ 10∆L/20δ(t− tr), (2)

and the corresponding Fourier transformed version:

20 log10 |Href(f)| = ∆L dB. (3)

The second step requires the presence of a human talker in the loudspeaker room. The

talker is equipped with the headworn microphone, which requires a careful fixing to

the talker’s head in order to preserve the relative position to the mouth throughout

the operation. A measurement microphone B&K type 4192 is placed 1 m in front of

the mouth. Next, the talker is asked to speak continuously during 30 s, staring at a

reference sign so that the mouth is aligned with the measurement microphone. Both

signals from the measurement microphone xf (t) and the headworn microphone xn(t)

are recorded simultaneously. The goal of the calibration procedure is to obtain an ideal

equalizer filter h̃EQ(t) that applied to xn(t) and reproduced through the system (with

a gain symbolized Gpb, where ”pb” stands for ”playback”) produces xf (t) at the center

position,

Gpbxn(t) ∗ h̃EQ(t) = xf (t), (4)
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or in the frequency domain,

GpbXn(f)H̃EQ(f) = Xf (f), (5)

from which the ideal filter results,

H̃EQ(f) =
Xf (f)

GpbXn(f)
. (6)

The gain of the system Gpb is still unknown and requires another measurement. The

room should be empty and the measurement microphone has to be moved to the center

of the laboratory room, so that its position corresponds to the point between the two

ears when a talker would be present. The previously recorded signal from the headworn

microphone xn(t) is routed to the input of the convolver, which is loaded with the single

reflection, href(t). The output of the convolver is sent to the amplifiers and reproduced

through the loudspeakers. At the same time, the measurement microphone records the

resulting signal, x̃ref(t),

x̃ref(t) = Gpbxn(t) ∗ href(t), (7)

and the corresponding Fourier transform:

X̃ref(f) = GpbXn(f)Href(f). (8)

From the previous signals, it is possible to calculate the filter H̃EQ:

H̃EQ(f) =
Xf (f)Href(f)

X̃ref(f)
. (9)

Making use of eq. (3) and using logarithms:

20 log10 |H̃EQ(f)| = 20 log10 |Xf (f)| − 20 log10 |X̃ref(f)|+ ∆L. (10)

The fourth step is a practical implementation of eq. (10). It uses the signals correspond-

ing to the on-axis direct sound, xf (t), and the reflection, x̃ref(t), as inputs. The signals
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Figure 4: Magnitude response of the equalizer filters hEQ(t) calculated in repeated

measurements with different placement of the headworn microphone on the same talker.

xf (t) and x̃ref(t) are processed with a spectral analyzer that calculates the energy level

of the signals in one-third octave frequency bands between 31.5 Hz and 16 kHz. The

level difference between the two components is calculated and the target level differ-

ence ∆L is added. The result is the magnitude frequency response (in one-third octave

bands) of the equalizer filter. The magnitude frequency response at frequencies other

than the standardized one-third octave center frequencies are obtained by interpolation.

The response is band-pass filtered to eliminate frequencies lower than 50 Hz, which are

not likely to have been produced by the human voice, and frequencies higher than

10 kHz, to prevent unstable feedback in the system. The resulting filter hEQ(t) (slightly

different from the ideal h̃EQ(t)) is a 2048-tap FIR filter obtained by minimum phase

reconstruction of the magnitude frequency response described in the previous steps.

As an example, Fig. 4 shows the magnitude frequency response of the equalizer

filter hEQ(t) calculated for the same talker with slightly different microphone positions.

As can be seen, these filters are fairly consistant, with a standard deviation of about

1.8 dB (averaged across frequency).
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Figure 5: Setup used to measure the impulse response hfbx(t) between the mouth and

the headworn microphone, from which the feedback in the system is evaluated.

3.4 Feedback

The presence of the acquisition microphone and the loudspeakers in the same room

generates a closed loop which introduces some feedback (unstable or not) in the system.

Inspired by the method of Rokutanda et al. [30], the feedback is derived from an IR

measurement hfbx(t) at the headworn microphone using a Head And Torso Simulator

B&K type 4128 (HATS) while the auralization system is running an arbitrary room

simulation (see the complete system in Fig.5). The mouth-loudspeaker of the HATS is

driven with an amplified pseudo-random noise signal (MLS). By calculating the cross-

correlation of this signal and the signal at the headworn microphone, hfbx(t) is obtained.

It also contains the effect of the mouth radiator. The early part of hfbx(t), in this case,

contains the direct sound plus some reflections from the loudspeaker room and the

torso, and the rest of hfbx(t) is the feedback component. Figure 6 provides an example

measured response. Comparing the early (direct) part with the feedback, the feedback-

to-direct ratio (FDR) is calculated.
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Figure 6: Feedback impulse response hfbx(t)
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Figure 7: Feedback-to-direct as a function of the frequency for different gains of the

simulated room impulse responses

The FDR, calculated for the same simulated room impulse response at different

gains, and for different frequency bands, is shown in Fig. 7. As can be seen, when

the gain of the system is increased more than 6 dB, the feedback component increases

non-linearly at frequencies around 1.25 kHz. This non-linear increase of the feedback

component results in instability and oscillation. In normal operation of the system (a

gain of 0 dB), the feedback is 15 to 25 dB lower than the direct sound, depending on the

frequency band. These curves have been calculated for a central position of the talker,

facing to the front, and a particular simulated room IR. For other simulated room IR,

orientations or positions of the talker, the curves of Fig. 7 would appear different.
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3.5 Misalignment error

The system for the real-time auralization of one’s own voice assumes a speaker at the

exact center of the loudspeaker array facing to the front. In this case, the directivity

of the human talker matches the simulated directivity pattern, which has been chosen

with this orientation. When the human talker turns around, the directivity pattern

which is simulated by the system is still facing to the front. There is a mismatch

between the actual and the simulated directivity pattern which emphasizes reflections

from some directions and attenuates reflections from other directions. As a result, the

simulated sound field is wrong. However, slight movements of the head do not give rise

to a serious error. A measure of the error ε produced by head rotations in azimuth φ0

and elevation θ0, could be quantified by the following formula:

ε(φ0, θ0) = 1−

∫∫
4π

D(φ, θ)D(φ− φ0, θ − θ0) dΩ∫∫
4π

D2(φ, θ) dΩ
, (11)

where D is the linear directivity pattern of the simulated human head (assumed to

be equal to an average talker long term speech directivity), φ and θ are the spherical

coordinates (see Fig. 8), φ = 0, θ = 0 is the design orientation of the talker, and Ω

indicates the solid angle. The head rotations in the radial direction are ignored in this

analysis. Figure 9 shows the error graphically on a logarithmic scale: 10 log(1− ε). As

expected, the accuracy decreases with frequency, as the voice becomes more directive. It

is worthwhile to point out that the error produced by azimuthal rotations is lower than

the error that would be produced by the same rotations in elevation. Azimuthal head

rotations are more likely to occur than elevational ones. The contour lines at −3 dB

show that azimuthal head rotations in the range −30o ≤ φ0 ≤ 30o do not introduce

severe inaccuracy of the simulated sound field. However, this error could be minimized,

and the accuracy drastically improved by introducing a head tracking system that used

the information about the head orientation to dynamically update the multichannel
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Figure 8: Definition of angles in spherical coordinates.

impulse response.

3.6 Summary of assumptions

The real-time auralization system for the own voice has been built-up on a number of

assumptions which are worthwhile summarizing:

• Only the reflected corresponding to the own voice is simulated, as the direct

airborne sound and the body-conducted sound are present in our voice when the

ears are not blocked.

• The directivity of the human voice is kept fixed, independently of the phoneme,

the phonation mode and the subject. In reality, the directivity pattern changes

noticeably with these variables.

• The reflected sound field at 1 m in front of the mouth is fairly similar (in the

statistical sense) to the sound field at the ears. This assumption, although ques-

tionable, is necessary in order to apply the proposed calibration method.

21



Figure 9: Accuracy of the simulation 10 log(1 − ε) as a function of the azimuth (φ0)

and elevation (θ0) head rotations for the different frequency bands. The 0 dB value

corresponds to the perfect alignment of the talker to the simulated orientation. The -3

dB contour lines are indicated in solid.
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• The effect of room acoustics in the physical room is ignored. It would be better,

however, to install this system in a completely anechoic chamber.

• Feedback during operation (closed loop) has not been taken into account during

calibration (open loop).

• The misalignment error is acceptable for use in ±30o around the front direction.

4 Applications

The first experiences trying the system have been very positive, in the sense that it gen-

erates a convincing impression of being in environments different from the reproduction

room, matching the expectations that talkers have about the simulated environments.

The system for real-time auralization of one’s own voice finds one of its main ap-

plications in psychophysics or cross-modality research. It is possible to investigate how

people perceive environments by using exclusively aural cues produced with their own

voices, study the subjective effects of the acoustic environment on voice production,

or study the preference of theater actors in different acoustical settings. The system

described in this article is being used at the time of publication in a research project

where the relation between classroom acoustical conditions and the vocal behavior of a

teacher is investigated.

The system could easily be adapted for use with music instruments. In this case,

it would be necessary to make the computer acoustic simulation with the directivity

pattern of the desired musical instrument, and perform the calibration exactly described

in this paper, but replacing the headworn microphone with a microphone to pick the

sound from the instrument. However, this microphone needs to be mounted on the

instrument to reject feedback and avoid the variation of the acoustic path between

source and acquisition microphone during operation.
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Furthermore, this system could be used as a part of larger virtual reality systems,

in order to achieve a more immersive experience [26]. Applying some of the techniques

here described and simplifying the reproduction method, this kind of system might also

find place in digital entertainment.
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ABSTRACT 

 

Many teachers suffer from voice problems related to the use of their voices in the working 

environment. The noise generated by students and external sound sources (like traffic noise or 

neighboring classrooms) is a major problem, as it leads to an increased vocal effort. In the 

absence of high levels of background noise, the room has also an effect on the talker‟s voice. 

In order to quantify the relative importance of the acoustic environment on the vocal demands 

for teachers, a laboratory investigation was carried out. Thirteen teachers had to read a text 

aloud under ten different room acoustic conditions, artificially generated by electroacoustic 

means. The vocal intensity decreased with the objective parameter support, which quantifies 

the amount of sound reflections provided by the room at the talker‟s ears,relative to the direct 

sound, at a rate of -0.21 dB/dB. The reading pace decreased with the reverberation time at a 

rate of 5 words/minute per s. The sensation of comfort and suitability of the rooms for a talker 

was investigated using a questionnaire. A non-linear relationship between this magnitude and 

the reverberation time was observed, defining an optimum range around 0.85 s. 

.



 

1. INTRODUCTION 

 

Teachers suffer from voice problems in a greater proportion than in the rest of the population 

[1]. These problems are in many cases originated from the intensive use of their voices as an 

occupational tool [2]. Background or activity noise in classrooms makes teachers increase 

their vocal effort (and thus, the vocal intensity), as a consequence of the Lombard reflex and 

the need of keeping themselves heard on top of the noise [3]. 

In the absence of high levels of background noise, the classroom acoustic conditions can 

condition the vocal intensity produced by teachers [4]. Kob et al.[5] also showed an effect of 

classroom acoustics on teachers with and without voice problems. 

In laboratory experiments, Pelegrin-Garcia and Brunskog [6] observed a decrease of the vocal 

intensity (measured as sound power level, or anechoic sound pressure level) with the ratio of 

reflected sound to direct sound (from the own voice) measured at the ears, at a rate of -0.65 

dB/dB. Ten times the logarithm of the ratio between reflected and direct sound energy was 

defined as support, and it was extracted from the impulse response measured with a dummy 

head between a loudspeaker located at its mouth and a microphone at the eardrum position. 

However, that experiment lacked of significant results and used very few conditions. 

The present paper reports the result of a more extensive laboratory experiment with more 

subjects (thirteen) and simulated sound field conditions (ten), analyzing other speech 

properties other than the vocal intensity, and studying the subjective impressions of talking in 

the rooms. The goals are two. First, determining more accurately what the relationship 

between room acoustics and voice production is, and second, observing which properties of a 

sound field make a room good to speak in there. 

 

2. METHOD 

 

Thirteen teachers (4 females, 9 males) of secondary school, high school, and university, aging 

30 to 67 years, participated in the experiment. The teachers did not have known voice 

problems (according to their statements) or hearing loss greater than 25 dB HL below 4 kHz. 

Once they were in the laboratory room, and for each condition, they were instructed to read a 

text (Goldilock‟s passage [7]) during 2.5 minutes, addressing a listener located at a distance of 

2 m. A dummy head was located at that position to provide the visual distance cue. After 

reading the text, the teacher had to rate a set of questions regarding the experience of talking 

in that condition, by making a vertical tick in a continuous horizontal line. 

The different sound fields or experimental conditions were generated in a laboratory facility 

with a loudspeaker-based real-time auralization system [6]. It consisted of 29 loudspeakers 

placed in a quasi-sphere around a subject in a highly damped room. The speech signal from 

the talker in the center was picked with a headworn microphone, convolved in real time with 

the impulse response (IR) of the environment, and recorded for analysis. The different IR were 

obtained by computer acoustic simulation (Odeon) and mixed-order Ambisonics 

encoding/decoding using the LoRA toolbox [8]. 

There were ten experimental conditions, consisting of nine different simulated IR and the 

condition „0‟ of no IR simulated (and thus corresponding to the actual acoustic conditions of 

the laboratory room). The nine experimental conditions were the combination of three 

different classroom geometries (A,B, and C) and three different placement of absorptive 

materials in those rooms (1,2, and 3). Table 1 summarizes the geometrical volume, the 

reverberation time (T30) and the support (ST) derived from objective IR measurements in the 



 

laboratory facility using a dummy head B&K HATS type 4128, with a loudspeaker at its 

mouth as a source and two microphones at the eardrums as receivers. The T30 was calculated 

as the average of the 500 Hz and 1 kHz octave bands, after removing the first 5 ms of the IR, 

in order to avoid the strong influence of the direct sound. The ST was calculated without 

frequency-weighting. Both T30 and ST were calculated for the left and the right ear and the 

results were averaged. The conditions were presented in random order for each subject. 
 

Table 1. Experimental conditions and objective parameters 

 A1 A2 A3 B1 B2 B3 C1 C2 C3 0 

V (m
3
) 1174 1174 1174 344 344 344 130 130 130 72 

T30 (s) 1.62 1.40 0.64 1.06 0.66 0.62 1.02 0.66 0.40 0.05 

ST (dB) -15.6 -15.8 -17.4 -15.0 -15.6 -16.5 -12.1 -14.7 -16.8 -18.2 

 

There were eight questions (Q1 to Q8) that the subjects had to answer. Q1 to Q6 were 

answered with the degree of agreement (left: totally disagree, right: totally agree) with the 

statement. Q7 was rated from very low (left) to very high (right) and Q8 with “no voice 

problems” (left) to “very severe voice problems” (right). 

Q1. I would feel exhausted if I were talking in this classroom for a whole lesson 

Q2. The classroom is good to speak in 

Q3. The classroom enhances and supports my speech 

Q4. I must raise my voice in order to be heard in the classroom 

Q5. The sound system makes my voice sound unnatural 

Q6. I noticed echo phenomena in the classroom 

Q7. Rate the degree of reverberance that you perceived in the classroom 

Q8. Rate how you perceive your voice now 

As in [6], the sound power level LW was extracted from the recordings. The fundamental 

frequency was extracted with the ESPS method, in intervals of 50 ms. The mean and standard 

deviation of the F0 sequences for each recording were calculated. However, there were no 

significant differences among different conditions. The number of words (nwords) completed 

during each recording period of 2.5 minutes was also counted. The statistical analysis of the 

data was performed with the statistical software package R. 
 

3. RESULTS AND DISCUSSION 
 

Figure 1 shows the measured LW against ST values (left), and the number of words versus the 

T30 (right). 
 

  
Figure 1. (Left) LW versus ST. (Right) nwords versus T30. Different symbols correspond to different 

subjects. The dashed lines correspond to regression lines calculated with linear mixed models 



 

Figure 1 shows a big spread among observations. Most of them are related to individual 

factors which only shift the absolute values, while keeping similar variations among 

conditions. The factor “subject” was considered a random effect, and a linear mixed model [9] 

was used to evaluate the dependence of LW with ST, finding a significant relationship 

(p=0.004). An identical procedure was followed to analyze nwords (p=0.045). The regression 

lines shown in Figure 1 correspond to the output of the linear mixed models, which are 

expressed in Eq. (1) and (2) for LW and nwords, respectively 

 

STLW 21.00.58           (1) 

30words 6.12412 Tn          (2) 

 

As can be seen, the sound power level of the voice decreases with the ST, at a rate of -0.21 

dB/dB. This rate is smaller (in absolute value) than reported in [6]. This deviation can be due 

to the different instructions given to the subjects. One reason for this might be that asking the 

talker to read a text aloud for a listener located at 2 m does not lead to the same voice 

adjustment as it would be required for addressing a group of people at further distances with 

spontaneous speech. 

From equation (2), the number of words decreases consistently with T30. The average reading 

rate in the extreme conditions, predicted by the model, are 164.5 words/minute (T30=0.05s) 

and 156.6 words/minute (T30=1.62s). 

The answers to the questions Q1 to Q8 (in cm from the beginning of the line) are shown in 

Figure 2. The horizontal axes show the objective parameter (T30 or ST) that correlates best 

with the answers. The best fitting (and significant at the 5% level) models are also indicated 

on the figures. No model is shown for Q8 because an ANOVA test on the answers to this 

question suggests just random variation on the data.  

 

 
Figure 2. Ratings to the different questions Q1 to Q8 as a function of the objective room acoustic 

parameters T30 or ST 

 

The questions Q1 and Q2, which ask questions related to the comfort show a non-linear 

dependance with the T30. The regression model for Q2 is: 

 
2

30302 72.198.22.2 TTQ         (3) 

 

This model reveals the presence of an optimum T30 range (around 0.85 s) which maximizes 

the vocal comfort in a classroom. However, this statement should be read carefully, as the 

R2=0.58 R2=0.60 R2=0.74 R2=0.80 

R2=0.71 R2=0.87 R2=0.92 



 

effect of background noise is not included. In Q1, the minimum (least discomfort) is located at 

T30=0.99s, slightly higher than with Q2. 

It is worthwile to remark the high correlation between the perceived reverberance (Q7) and 

T30. In a similar way, the answer to the question Q3, regarding the support from the room, is 

highly correlated with the objective parameter ST. 
 

4. CONCLUSIONS 
 

The conclusions of the laboratory experiment analyzing teachers‟ speech and subjective 

impressions under different room acoustic conditions are the following:  

 The sound power level used by talkers decreases with the support of the room at a rate 

of -0.21 dB/dB. 

 The reading pace (numbers of words per minute) decreases with the reverberation 

time, at a rate of 5 words/minute per each s. 

 In the absence of high levels of background noise, a reverberation time around 0.85 s 

defines the talker‟s preferred acoustic conditions of a classroom in terms of vocal 

comfort. 

 The sensation of support from the room is related to the objective parameter support. 
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Abstract
This work shows the results of a preliminary study about the determination of the optimal 
acoustical conditions for speakers in small classrooms. An experiment was carried out in a 
laboratory facility with 22 untrained talkers, who read a text passage from “Goldilocks” during 
two  minutes  under  13  different  acoustical  conditions,  that  combined  different  kind  of 
background noise and virtual classroom acoustics. Readings from the vocal fold vibrations 
were registered with an Ambulatory Phonation Monitor device. The speech signal from the 
talker in the center of the facility was picked up with a head-worn microphone, convolved in 
real time with the impulse response of the chosen classroom, and reproduced through 29 
loudspeakers placed around the subject.
In particular, two different primary school classrooms were selected, with very low and very 
high reverberation time and, for each of  them, two speaker positions. The acoustic of the 
classrooms  was  simulated  with  Odeon  9.0.  Environmental  noise  recorded  in  quiet 
classrooms, traffic, and babble noise  were considered as sources of disturbing noise during 
experimentation.
Several acoustical parameters were calculated from the impulse response measured with an 
artificial  head (corresponding to the mouth-ears path)  placed  at  the talker  position  while 
simulating the classrooms. Time histories of the vocal fold vibration readings, with the trend 
of the fundamental frequency and an estimation of the sound pressure level, sampled every 
50 ms, were obtained. From these data the vocal doses Time dose, Vocal Loading Index, 
Distance Dose, Energy Dissipation Dose, and Radiated Energy Dose  were calculated and 
correlated with the acoustical features of the classrooms.

Keywords: vocal dose, voice ergonomics, classroom acoustics.
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1 Voice parameters

1.1 Fundamental frequency and sound pressure level
The two vocal parameters analyzed in this paper were the sound pressure level (SPL), and 
the  fundamental  frequency  (F0).  These  parameters  were  collected  with an  Ambulatory 
Phonation Monitor (APM) model 3200 from KayPentax, which consisted of an accelerometer 
to  be  attached  to  the  talker’s  neck  and  an  acquisition  device  that  processed  the 
accelerometer signal to provide F0 and an estimation of the SPL (anechoic, at 0.15 m on-
axis) under phonation. 

1.2 Vocal doses
Five different vocal dose measures are used as indicators of vocal effort and of the exposure 
of the vocal fold tissue to vibrations.

• Time dose (Dt). Measures the accumulated time of vocal fold vibration (phonation).
• Vocal  Load Index (VLI).  Measures  the  accumulated number  of  vibrations  of  the 

vocal  folds,  taking  into account  the fundamental  frequency and the time they are 
vibrating.

• Distance Dose (Dd). This dose is a measure of the displacement accumulated by the 
vocal folds due to vibrations.

• Energy dissipation dose (De). Measures the total amount of energy dissipated into 
heat over a unit volume of vocal fold tissues

• Radiated energy dose  (Dr).  Measures  the  total  energy  radiated from the mouth 
during phonation.

For a complete formulation of these doses, see a thorough presentation in [1]. 

2 Experimental method

2.1 Setup Overview
The experiment was carried out in one of the facilities of the Acoustic Technology Group, at 
the Technical University of Denmark. This facility was a highly damped room with dimensions 
4.7 m x 4.6 m x 3.4 m, where a system for the real-time auralization of a talker’s voice was 
installed. In the absence of such an auralization system, the talker would listen himself only 
via direct airborne sound and by bone conduction, without listening the own voice reflected at 
the boundaries. This system generates artificially the reflections of any room (called a virtual  
room, as it does not correspond to the actual laboratory) by picking the talker’s voice with a 
head-worn  microphone,  convolving  it  with  a  multi-channel  room  impulse  response,  and 
reproducing the resulting signals via 29 loudspeakers distributed around the talker on the 
surface of a quasi-sphere. As a result, the talker has the impression of being speaking in 
another room. This system has also been used in previous research [2].
Additionally, a noise signal was played back from a single loudspeaker (so as to minimize 
interference effects) for some of the experimental conditions. A control system decided which 
impulse responses and noise signals to use. The overall  experimental  setup is shown in 
Figure 1. The speech signal picked with the headworn microphone is equalized to obtain an 
on-axis signal.

2
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Figure 1 – Experimental setup

2.2 Subjects
A total of 22 subjects, 11 males and 11 females, with ages between 20 and 28 years, and 
without  particular  voice training,  participated in the experiment.  None of the subjects had 
known problems with their hearing or their voice, according to self-reports. Many different 
nationalities – and thus different cultures of using voice – were represented.

2.3 Experimental conditions
There were 13 experimental conditions in each test, and none of them was repeated. The 
conditions  were  obtained  by  a  combination  of  an  acoustically  simulated  room,  a  talking 
position, and a specific kind of noise. Two rooms, Fontana (a) and (b), were simulated with 
Odeon [3]. These rooms were school classrooms with a floor area of 46 m2 and different 
reverberation times; Fontana (a)  had 1.45 s, and Fontana (b) had 0.35 s (average of the 
octave frequency bands 500 Hz – 1 kHz). In each of the classrooms, two different positions 
v1  and  v2  were  chosen,  so  as  to  obtain  different  early  sound  reflection  patterns,  thus 
resulting in four different acoustic environments. 
The early  reflection  patterns and the late  reverberation  were  processed with  Favrot  and 
Buchholz’s method [4] so as to extract a multichannel room impulse response that could be 
convolved with the talker’s voice to generate the “room effect” by playing it back through the 
29  loudspeakers.  In  each  acoustic  environment,  three  different  kinds  of  noise  were 
alternatively  added:  multitalker  or  babble  noise  (recording  of  children  activities  in  a 
classroom) with Leq=57 dB, ambient noise with Leq=37-40 dB, and traffic noise with Leq=54 dB. 
The last  condition  was  designed  to  be the  absence  of  any simulated acoustic  element. 
Therefore,  no  reflections  were  added  to  the  talker’s  voice  and  the  background  noise 
corresponded to the background noise in the test room. 
Table  1 shows  a  summary  of  the  acoustic  parameters  of  the  different  experimental 
conditions. They were obtained by placing a Head and Torso Simulator (HATS) B&K type 
4128, with a mouth simulator and microphones at the ears, in the middle of the room, as if it 
was  a  human  talker,  and  measuring  the  impulse  response  corresponding  to  the  path 
between  the  mouth  and  the  ears  (including  the  loudspeaker  response).  The  support  is 
calculated as ten times the logarithm of the ratio between the reflected sound energy (Er) and 
the sound energy arriving directly to the ears (Ed) [2].

d

r

E
Elog10(dB)Support = (1)
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Table 1 – Experimental conditions

# Room Position Noise type Noise level 
[dB] Rev. time [s] Support [dB]

1 Fontana(a) v1 Babble 57 1.43 -13.6
2 Fontana(a) v1 Ambient 40 1.43 -13.6
3 Fontana(a) v1 Traffic 54 1.43 -13.6
4 Fontana(a) v2 Babble 57 1.47 -15.3
5 Fontana(a) v2 Ambient 40 1.47 -15.3
6 Fontana(a) v2 Traffic 54 1.47 -15.3
7 Fontana(b) v1 Babble 57 0.36 -17.5
8 Fontana(b) v1 Ambient 37 0.36 -17.5
9 Fontana(b) v1 Traffic 55 0.36 -17.5

10 Fontana(b) v2 Babble 57 0.33 -17.8
11 Fontana(b) v2 Ambient 37 0.33 -17.8
12 Fontana(b) v2 Traffic 55 0.33 -17.8
13 Void - Background 28 0.08 -18.1

2.4 Procedure
Before starting the tests, an accelerometer was attached to the subject’s neck, below the 
glottis. A calibration measurement was performed with the help of a reference microphone, 
so that it would be possible to estimate the SPL from the accelerometer signal. The head-
worn microphone was also attached to the subject, so that the capsule was on the cheek, 
between the ear and the mouth, at 5 cm from the lips’ edge.
The subjects sat at  a chair  in the middle of the room. They were instructed to read the 
Goldilock’s passage [5], so a listener at 1.6 m could hear it (a dummy head was placed at 
that specific position), despite the room acoustics and the noise that was to be presented. 
The subjects were asked to start from the beginning of the passage for each condition.
There were a total of 13 conditions, presented in random order for each subject, so that the 
bias introduced by vocal loading during testing was distributed evenly among the different 
conditions.  For each condition, the reading time was 2 minutes. The start and ending of 
each presentation was indicated by means of an audio message reproduced through the 
loudspeakers.  Between  presentations,  subjects  had  a  short  break  of  30  to  60  seconds 
approximately. The total experiment time was about 35 minutes on average.

3 Results and analysis
In order to test  whether  there were significant  variations in the different  measured vocal 
doses (Dt, VLI, Dd, De, Dr ) across environments and noises, two sets of ANOVAs (ANalysis 
Of  VAriance)  were  performed,  each  one  for  male  and  female.  The  first  one  tested  the 
hypothesis of equal means between the conditions I) Babble and traffic noise and II) Ambient 
noise,  for  each  of  the  environments  and  vocal  doses.  The  p-values  resulting  from  the 
ANOVA tests are shown in  Table 2.  There were  significant  variations at  5% level  in  VLI 
across noises in all the environments. There were also significant variations in Dd across 
noises in all cases, except in Fontana (b) for female subjects, where nevertheless there were 
significant variations at 10% level. In the case of De, there were significant variations at 5% 
level for male and at 10% level for female. Furthermore there were also significant variations 
in Dt across noises only for Fontana (a). No significant variations with noises were found for 
the Dr.
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The second set of ANOVAs tested the hypothesis of equal means among the two simulated 
classrooms, for the different doses and noise typologies. The p-values resulting from these 
ANOVA tests are shown in Table 3, where “no-noise” includes the conditions of background 
and ambient noise, and “noise” refers to conditions with babble or traffic noise. For male 
speakers, there were significant variations at the 5% level on all doses, except on Dr, among 
the different environments, with “no-noise”. Only VLI shows a significant  variations at the 
10% level in “no-noise” conditions. No significant variations among environments were found 
in the case of “noise” conditions.

Table 2 – Statistical significance of the variation of measured vocal doses across noise. 
Numerical values correspond to p-values from ANOVAs testing the hypothesis of no variation 

in means across noise, for each combination of vocal dose and environment, and for both 
genders.

Gender Male Female
Environment Fontana (a) Fontana (b) Fontana (a) Fontana (b)

Dt 0,01 0,39 0,01 0,23
VLI < 0,01 < 0,01 < 0,01 < 0,01
Dd < 0,01 < 0,01 0,04 0,08
De < 0,01 0,02 0,08 0,09
Dr 0,29 0,24 0,15 0,14

Table 3 – Statistical significance of the variation of measured vocal doses across 
environments. Numerical values correspond to p-values from ANOVAs testing the hypothesis 
of no variation in means across environments, for each combination of vocal dose and noise, 
and for both genders. “No-noise” contains the conditions of background and ambient noise.

Gender Male Female
Noise No-Noise Noise No-Noise Noise

Dt 0,05 0,41 0,13 0,11
VLI 0,02 0,32 0,09 0,97
Dd 0,01 0,50 0,84 0,21
De 0,04 0,33 0,77 0,10
Dr 0,18 0,18 0,15 0,13

The Dt for the different configurations, averaged for 22 subjects, and its standard deviation, 
are  plotted  in  Figure  2.  The  Dt  accumulated  by  talkers  in  “no-noise”  conditions  was 
significantly  lower  than  in  the  other  conditions  with  babble  and  traffic  noise,  in  good 
agreement with the low p-values obtained in the ANOVA tests. No significant variations were 
found between traffic and babble noise.
Figure 3 shows the trend of VLI versus the different configurations, averaged for 11 male and 
11 female subjects, and its standard deviation. The trend for both genders is the same. The 
VLI accumulated by talkers in no-noise conditions was significantly lower than in the other 
conditions with babble and traffic noise, in good agreement with the low p-values obtained in 
the ANOVA tests. This effect is related with an increase of the fundamental frequency in 
conditions with a high level of noise. 
The Dr, averaged for 22 subjects, and its standard deviation, are shown in Figure 4. High 
values of this dose present higher standard deviations. This dose represents the radiated 
energy from the mouth, and the results show a maximum for both environments in the case 
of babble noise.
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Figure 2 – Dt as a function of the different configurations, averaged for 22 subjects, and its 
standard deviation.
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Figure 3 – VLI versus the different configurations, averaged for 11 male and 11 female 
subjects, and its standard deviation.
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Figure 4 – Dr as a function of the different configurations, averaged for 22 subjects, and its 
standard deviation.
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The values of VLI accumulated by speakers were also considered as a function of the two 
classrooms, Fontana (a) and (b), in order to investigate the effect of reverberation on this 
dose. The VLI values were averaged for female and male subjects, across the conditions 
containing  ambient  noise.  TheVLI  scores  for  both  classrooms,  along  with  the  standard 
deviations, are plotted in Figure 5, separately for the results of male and female speakers. In 
agreement with the p-values obtained in the ANOVA tests, there was a significant main effect 
of the environment on the VLI accumulated by subjects. In particular, a lower reverberation 
time resulted in a higher VLI, more for male than for female speakers.
The De values were  averaged for  female and male  subjects,  across the conditions  with 
ambient noise. The De scores for both classrooms, along with the standard deviations, are 
plotted in Figure 6, separately for male and female speakers. There was a significant main 
effect of the environment on the De accumulated by male subjects, but not for females, in 
good agreement with the  p-values obtained in the ANOVA tests. This dose represent the 
power dissipated by the vocal fold during the phonation, and it  is inversely related to the 
reverberation time.
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Figure 5 – VLI accumulated by speakers for the two classrooms.
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Figure 6 – De accumulated by speakers for the two classrooms.

To  investigate  possible  additional  effects  of  room  acoustics  on  vocal  doses,  multiple 
regression  analyses  of  the  vocal  doses  accumulated  by  the  speakers  were  performed, 
regarding the values of noise level and the room acoustics parameters (reverberation time 
and  support)  as  explanatory  variables.  Table 4  summarizes  the  results  in  terms  of  the 
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resulting R2 (coefficient of determination) values for the multiple regressions. The R2 values 
for the noise level are first given for each dose, where the subdivision between male and 
female is considered if the dose is a function of the fundamental frequency. If there were 
significant additional effects of room acoustics, the R2 value would be expected to increase 
by adding values of one of the room acoustics parameters to the regression analysis. Adding 
the support to the prediction resulted in modest but significant increases in the prediction 
accuracy of the doses Dt,  VLI, Dr and De. Only for Dd, a higher R2 value was achieved by 
adding the RT to the prediction.

Table 4 – Resulting R2 values of multiple regression analyses of the vocal doses 
accumulated by the speakers, regarding the values of noise level Ln and the room acoustics 

parameters (reverberation time RT and support) as explanatory variables.
R2 Ln (Ln)2 Ln (Ln)2 RT Ln (Ln)2 Support
Dt 0.755 0.758 0.764

VLI_Male 0.855 0.903 0.924
VLI_Female 0.934 0.936 0.940

Dd_Male 0.904 0.920 0.914
Dd_Female 0.934 0.979 0.971
De _Male 0.894 0.903 0.912

De _ Female 0.866 0.904 0.945
Dr _Male 0.657 0.667 0.687

Dr _Female 0.560 0.633 0.686

The equations (2) show that, when the reflected sound energy arriving to the ears becomes 
fainter,  in comparison with the direct  sound energy,  the VLI  accumulated (in kcycles)  by 
speakers increases. Figure 7 illustrates the resulting multiple regression equations (2) for 
combinations of noise level and three levels of Support. For example, a decrease of 3 dB in 
support leads to an average increase of 350 oscillatory periods of the vocal folds, for male 
speakers.

32,811,012,0003,0V

89,1504,018,0003,0V
2

2

+⋅−⋅−⋅=

+⋅−⋅−⋅=

SupportLLMaleLI
SupportLLFemaleLI

nn

nn (2)

In the case of Dd, RT values tended to be slightly more effective than support in increasing 
the R2 values. The equations (3) show that, an increase of 0.5 s in RT generates a decrease 
of  1  m in  the Dd accumulated by a  female  and of  0.7 m by a male  speaker.  Figure  8 
illustrates the resulting multiple regression equations (3) for combinations of noise level and 
four values of RT. 

59,5832,185,1027,0

80,2435,225,0009,0
2

2

+⋅−⋅−⋅=
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nnd

nnd (3)

8



INTERNOISE 2010 │ JUNE 13-16 │ LISBON │ PORTUGAL

VLI_Male

7

8

9

10

11

25 30 35 40 45 50 55 60

LN /dB

VL
I /

kc
yc

le
s St = -18 dB

St = -15 dB

St = -12 dB

Figure 7 – Multiple regression equations for combinations of noise level and Support, for VLI.
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Figure 8 – Multiple regression equations for combinations of noise level and RT, for Dd.

4 Conclusions
From the present paper the following conclusions can be drawn:

 All the analyzed vocal doses are mostly influenced by the noise level, and only in 
conditions with a low noise level, it is possible to observe the effects of different room 
acoustic conditions on vocal doses.

 The VLI accumulated by speakers in each environment is significantly higher in noise 
conditions, this effect means that each subject increase his fundamental frequency 
with the noise level, as a side-effect of a voice level increase, in good agreement with 
the Lombard reflex. 

 In order to quantify the increase in F0 due to noise level, a Dt equal to 55% and a 
noise level of 50 dB are considered. A Dt equal to 55% represents, on average, the 
phonation time in percentage for a sample of continuous speech, and 50 dB is the 
typical noise level in primary classrooms [6]. A variation of +5 dB on noise level leads 
to an increase of 16 Hz in the fundamental frequency,  averaged over female and 
male speakers. In the same conditions, a decrease of 6 dB on support leads to an 

9



INTERNOISE 2010 │ JUNE 13-16 │ LISBON │ PORTUGAL

increase  of  8  Hz in  the  fundamental  frequency,  averaged  over  female  and  male 
speakers. 

 A higher RT results in a lower De,  that represents the power dissipated by the vocal 
folds during phonation.

 Dr values show a maximum for both classrooms in the case of babble noise.
 An increase of 0.5 s in RT generates a decrease of 1 m in the Dd accumulated by a 

female and of 0.7 m by a male speaker.
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Abstract 

Teachers suffer from voice problems more often than the rest of the population, as a 
consequence of the intensive use of their voices during teaching. Noise and classroom 
acoustics have been defined as hazards eventually leading to voice problems. In order 
to make a good classroom acoustic design to preserve the teachers’ voices and 
maximize their comfort, it is necessary to understand the underlaying relationship 
between classroom acoustics and teachers’ voice production. This paper presents a 
brief summary of investigations looking into this relationship. A pilot study, carried out 
in different rooms, measured significant changes in the voice power levels as a 
function of the objective quantities volume and support or room gain, which measure 
the degree of amplification of the own voice in a room. A virtual acoustics system was 
designed in order to recreate different acoustic conditions in laboratory. Different 
experiments using this system showed that the talkers’ voice levels decreased linearly 
with the support of the simulated room. Another experiment aimed to report the 
relative importance of visual and auditory cues by measuring the voice levels used by 
talkers to address a listener located at various distances, in rooms with very different 
acoustics. A field study in schools of southern Sweden found out that teachers with 
and without voice problems, during actual teaching, are affected differently by the 
support of the classroom. A last laboratory experiment was carried out to introduce 
the use of vocal doses for the investigation of voice production under different 
classroom acoustics and noise conditions, finding that the relative effect of noise on 
voice production is more important than the effect of room acoustics. 

Keywords: voice ergonomics, classroom acoustics, support, auralization. 

1 Introduction 

The most common means of communication in a classroom is speaking and listening. 
The teacher's voice is thus the tool for communicating with the students. The room 
acoustics in the classroom is the communication channel from the speaker to the 
listener. It affects the quality of the speech signal and thus the ability to understand 
what the teacher says. There have been many studies trying to optimize the acoustical 
conditions for the students, based on measures of intelligibility of speech, signal-to-
noise ratios or optimum reverberation time (e. g. Bistafa and Bradley, 2000, Sato and 
Bradley, 2008 and Yang & Bradley 2009). Most of the studies have focused on the 
listener’s point of view, but Sato and Bradley, (2008) points out that a low 
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reverberation may affect teachers' voice. Pekkarinen, & Viljanen, 1991, found that the 
sound environment in the classrooms often were poor for optimum audibility, and also 
notes that the teacher increases the voice effort in high background noise (the 
Lombard effect). Hodgson (1999) provides a simple empirical prediction model to 
calculate average voice levels used by teachers in university lecture rooms, depending 
on individual factors, acoustical characteristics of the room and student activity noise. 
Kob et al (2008) found that teachers with voice disorders are more affected by 
unfavorable classroom acoustics than their healthy colleagues.  

The pre-study of the present project, Brunskog et al. (2009), studies the classroom 
acoustics from the point of view of the speaker, and therefore tries to relate the voice 
production process to different measurable parameters of the classroom, including the 
size of the room, acoustical parameters and background noise. It is shown that the 
voice power used is related to the volume of the room and to the support or room gain 
provided in the position of the speaker. The results also indicate that the auditory cues 
may be more important than visual cues in this voice regulation. 

In the field of voice therapy and phoniatrics the teachers’ voice health problems is of 
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 Ramig (2001). There seems to be a consensus that voice load is an 
important factor for voice problems (see e.g. Vintturi et al. 2003). Laukkanen et al. 
(2008) identifies higher fundamental frequency (F0) and higher sound pressure level 
(related to the voice power) as signs of increased muscle tone, a consequence of 
adaptation to the load after a day of work. They also note that the higher F0 correlates 
well to the increased feeling of tiredness in the throat.  
This paper present some experimental results from an ongoing project on teacher’s 
use of there voice in different rooms. An overall aim of this project is to investigate the 
teacher's voice use and voice effects in relation to the room acoustic conditions, and to 
study whether the speakers take into account auditory cues in order to regulate the 
voice levels they use to speak, even in the absence of background noise.  

The project, financed by AFA försäkringar in Sweden, is done in close cooperation 
between the Acoustic Technology group at the Department of Electrical Engineering, 
at the Technical University of Denmark (DTU), which is responsible for the technical-
acoustic experiments and analyzing them, and the Voice Research Group at the 
Department of Logopedics, Phoniatrics and Audiology, Lund University (LU), Sweden. 
The study has been assessed and approved by the Regional Ethics Committee in Lund. 
This paper mainly present results form the room acoustic part of the project. For 
recent findings in the voice therapist part, we refer to Lyberg Åhlander et al (2010). 

2 Method overview 

The experiments reported here are mainly laboratory experiments, using real or virtual 
environments. A virtual acoustic system has been developed for this project. 
Moreover, new or developed metrics describing the room acoustic conditions for a 
talker are introduced. 
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2.1 Development of the virtual acoustic system 

A real-time self-voice auralization system has been developed. The room, called 
SpaceLab, consists of 29 loudspeakers placed in a quasi-sphere around a subject in a 
highly damped room, Favrot et al (2010a), Favort (2010b)), and Pelegrín-Garcia et al 
(2009a). The speech signal from the subject in the center is picked with a headworn 
microphone, convolved in real time with the impulse response (IR) of the environment, 
and recorded for analysis. As a result, the talker has the impression of being speaking 
in another room.  

A block diagram of the system is shown in Figure 1. Here, the IR (stored in 29 WAV 
files, one for each loudspeaker) is loaded into the convolution software jconvolver. This 
requires the computer modeling of the desired room and the calculation of the 
different transmission paths with a room acoustics simulation software (Odeon). The 
output of Odeon is decoded and encoded in Ambisonics, adjusted to the requirements 
of the system. An equalizer filter is used to correct the biased spectral distribution of 
the picked signal.  

 
Figure 1: Block diagram of the virtual acoustic system. 

2.2 Room acoustic parameters for a talker 

The room acoustic parameters for a talker are related to the possible ways in which his 
own voice reaches his ears. They require the measurement of the airborne acoustic 
path between the mouth and the ears, which is characterized by an impulse response 
(IR) )(th . This airborne path has two components: the direct sound, transmitted 
directly from the mouth to the ears, and the indirect sound, coming from reflections at 
the boundaries. For this reason, the last component is also referred to as reflected 
sound. Two parameters are derived from the IR measurement and the relation 
between the direct and the reflected sound: room gain and support. The background 
of the support measure comes from musical room acoustics, where the concept is 
used in connection to the stage, and is related to the possibility for the musicians to 
hear themselves when playing, Gade (1989a, 1989b). 

The IR has to be measured with a dummy head that contains a loudspeaker at its 
mouth, used as source, and microphones at its ears, used as receivers. So as to ensure 
a correct separation of the direct and the reflected sound components, it is necessary 
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to place the dummy head at more than 1 m from reflecting or scattering surfaces, 
measured from the center of the mouth. In this way, there is a time gap free of 
reflections after the arrival of the direct sound. Then, the direct sound component is 
extracted by applying a window )(twd , of 5 ms duration, to )(th . The complementary 

window, )(1)( twtw dr −= is applied to )(th  in order to extract the reflected 

component arriving to the ears. An illustration of the signal and the windows is shown 
in Figure 2. 

 
Figure 2: Example of an IR and windowing applied to extract direct and reflected components. 

The windowed signals )()( twth d  and )()( twth r can be filtered using one-octave 

bandpass filters with center frequencies between 125 Hz and 4 kHz so as to study the 
importance of directed and reflected sound in the octave bands of interest in room 
acoustics. These bandpass filters are here generically called )(th f . Thus, the energy 

levels dirEL ,  and refEL , , for the direct and the reflected components, respectively, are: 

 ( )[ ] tthtwthL fddirE d)()()(log10
2

0, ∫
∞

∗=  (1) 

( )[ ] tthtwthL frrefE d)()()(log10
2

0, ∫
∞

∗=  (2) 

Furthermore, the total energy level EL after filtering the IR is: 

[ ] tththL fE d)()(log10
2

0∫
∞

∗=  (3) 

(No reference value is used here, because the absolute value of these energy levels is 
not of concern, but only the difference between values of total, direct and reflected 
parts.) 

The room gain RGG  was defined by Brunskog et al. (2009) as the degree of 

amplification provided by the room to one’s own voice, disregarding the contribution 
of the own voice which is transmitted directly through the body. This is the difference 
between the total energy level in a room and the direct energy level. However, 
Brunskog et al. calculate the direct energy level with an IR measurement in an 
anechoic environment. 

dirEERG LLG ,−= , (4) 

As in Pelegrin-Garcia (2009b), the support is chosen as an alternative measure for the 
degree of amplification of a room to one’s own voice. In this case, the support 
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compares the energy level of the reflections refEL ,  with the energy level of the direct 

sound, extracted from the impulse response corresponding to the path between the 
mouth and the ears. 

( )110log10 10/
,, −≈−= RGG
dirErefE LLST  . (5) 

The support ranges from -18 dB to -5 dB in normal rooms, whereas the room gain is 
limited to a range between 0 dB and less than 2 dB. 

3 Results 

3.1 The pilot study 

The pilot study for this project, Brunskog et al. (2009) showed correlation between the 
physical characteristics of the rooms and voice power, and with perceived quality, such 
that the room is perceived good or bad to talk in. It was show that the parameters in 
the room that primarily affect the voice power are the size of the room and the 
support for the speaker (or room gain) provided by the room. The results also indicate 
that the auditory cues may be more important than visual cues in this voice regulation: 
the measured changes in the voice power is correlated with the logarithm of the 
volume (which means a compensation for changes in average noise level outside the 
room) and not equally well with the cube root of volume (which estimates the mean 
distance to the audience, that is a visual reference). 

3.2 Pre-experiment in the virtual environment 
This experiment aimed to investigate the voice used by a teacher to address a group of 
imaginary students under different simulated acoustics, Pelegrín-Garcia and Brunskog 
(2009b). Five subjects, aging 23-35 with normal hearing and voice status, talked freely 
in 5 different simulated acoustic environments during 3 minutes in each of them. The 
goal was to give a lecture of a familiar topic to a group of 30 students located in front 
of them. In addition, they had to answer a small questionnaire after speaking in each 
simulated room. (A more thorough study can be found in Pelegrin-Garcia et al. 
(2010a)) 

 

Figure 3: Left: Voice power level versus support and regression line. Right: Fundamental 
frequency variations versus voice support. 

The results in Figure 3 show a significant linear dependence (R2=0.92) between the 
changes in voice power level used by the speaker and the support provided by the 
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room to the talker’s voice, with a slope of -0.65 dB/dB, although the absolute mean 
variations were between 2 and 3 dB. The fundamental frequency used by the talkers 
changed significantly between environments, although it did not follow a linear trend. 

3.3 Modified gain 
The goal of this experiment was to measure the vocal output when the support was 
changed, keeping the reverberation time fixed. Thus, the different stimuli did not 
correspond to actual simulated rooms, but to a single impulse response with different 
gains. Five teachers talked freely in 10 different simulated acoustic conditions during 3 
minutes in each of them. The goal was to give a lecture of a familiar topic to a group of 
30 students located in front of them. In addition, they had to answer a small 
questionnaire after speaking in each simulated room.  

The measured variations in voice power level used by subjects are shown in Figure 4. 
The trend of the voice power level, indicated by the dashed red line, lays very close to 
the voice power level measured in the pre-experiment (green line). The slope of the 
line is in this case -0.58 dB/dB. This indicates that the experiment is fairly repeatable, 
and that the acoustic environment can systematically change the vocal behavior. 

 
Figure 4: Measured relative voice power level versus support. Dashed red: regression line. 

Green: regression line of the pre-experiment. 

3.4 Distance to talker 

In this subproject the voice used by talkers where analyzed when they had to address a 
listener at different distances under different acoustic conditions in real rooms. Six 
talkers, aging 21 to 30, had to talk freely to a listener about a familiar topic during 2 
minutes. The listener moved alternately at positions located at 1.5 m, 3 m, 6 m and 12 
m away from the talker. The voice of the speaker was recorded from a headworn 
microphone. This experiment was repeated in four rooms: an anechoic chamber, a 
reverberation room, a long narrow corridor and a big lecture room. 

The measurements show that speakers raise their vocal power when the distance to 
the listener increases, at a rate of 1.5~2.0 dB per double distance (see Figure 5, left). 
The voice power level produced in the anechoic room differed significantly from the 
other rooms.  
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Figure 5: Left: Variations in Voice Power Level versus distance. Right: Phonation time ratio 

versus distance. 

 
Figure 6: Comparison of the model and the measured values. Left: Median voice level vs 

Support. Right: Median voice level vs. Median noise level. 

 

Furthermore, the subjects expressed their preference about vocal comfort, stating that 
the least comfortable environments were the anechoic room and the reverberation 
room. While the analysis of the voice levels cannot account for this preference, other 
parameters might be better suited. The phonation time ratio (ratio between duration 
of voiced segments and total duration of running speech) might be appropriated for 
this purpose, as it can be seen from Figure 5, right. The subjects produce longer vowels 
in the anechoic room and the reverberation room, compared to the two other rooms, 
either to overcome the poorer speech intelligibility at the listener location (in the 
reverberation room) or due to the raised voice levels (in the anechoic room). 

3.5 Field study 

The field study examines how classroom acoustics interacts with the voices of 14 
teachers without voice problems and 13 teachers with voice problems, Pelegrin-Garcia 
et al. (2010b). The assessment of the voice problems was made with a questionnaire 
and a laryngological examination. During teaching, the sound pressure level at the 
teacher’s position was monitored. The teacher’s voice level and the activity noise level 
were separated using mixed Gaussians. In addition, objective acoustic parameters of 
Reverberation Time and Room Support were measured in the 30 empty classrooms of 
the study. An empirical model shows that the measured voice levels (see Figure 6) 
depend on the activity noise levels and the Support. Teachers with and without voice 
problems were differently affected by the Support of the classroom. The results thus 
suggest that teachers with voice problems are more aware of classroom acoustic 
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conditions than their healthy colleagues and make use of the more supportive rooms 
to lower their voice levels. This behavior may result from an adaptation process of the 
teachers with voice problems to preserve their voices. 

3.6 Experiments including noise 

Another experiment was carried out at DTU in collaboration with the Politecnico di 
Torino. The goal was to measure vocal doses of speakers under different conditions of 
room acoustics and noise, Bottalico et al (2010). Vocal doses are a set of measures 
derived from an estimation of the SPL and the fundamental frequency used by a talker 
during phonation, Titze et al. (2003). They are measured with an accelerometer 
attached to the talker’s neck and an Ambulatory Phonation Monitor (APM). 

Table 1: Experimental conditions, including noise 
# Noise type LN [dB] T30 [s] ST [dB] # Noise 

type 
LN [dB] T30 [s] ST [dB] 

C1 Background 28 0.08 -18.1 C8 Traffic 55 0.36 -17.5 

C2 Ambient 40 1.43 -13.6 C9 Traffic 55 0.33 -17.8 

C3 Ambient 40 1.47 -15.3 C10 Babble 57 1.43 -13.6 

C4 Ambient 37 0.36 -17.5 C11 Babble 57 1.47 -15.3 

C5 Ambient 37 0.33 -17.8 C12 Babble 57 0.36 -17.5 

C6 Traffic 54 1.43 -13.6 C13 Babble 57 0.33 -17.8 

C7 Traffic 54 1.47 -15.3      

 

In the SpaceLab, 22 untrained talkers (11 males, 11 females), without self-reported 
known problems with their hearing or their voice, had to read aloud a text passage 
from “Goldilocks”, Svec et al. (2003), during two minutes under 13 different acoustical 
conditions. These conditions combined different kinds of background noise (traffic, 
ventilation, or babble noise), at levels ranging from 37 dB to 57 dB, and different room 
impulse responses, obtained by simulation of medium-sized classrooms with T30 in the 
range between 0.33 s to 1.47 s and ST in the range from -17.8 dB to -13.6 dB. The 
conditions C1 to C13 are summarized in Table 1. C1 is the condition in which no noise 
is played back and no impulse response is simulated. 

The most remarkable differences among conditions were observed in the vocal dose 
VLI (Vocal Loading Index). The results are shown in Figure 7. There were significant 
differences in VLI between the conditions with low LN (C1 to C5) and the conditions 
with higher LN (C6 to C13). Only when the background noise is sufficiently low (LN < 40 
dB), there is an effect of different values of ST on the VLI. In this situation, conditions 
with high ST values (C2 and C3) result in lower Vocal Loading than in conditions with 
low ST (C4 and C5). 
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Figure 7: VLI versus the different configurations, averaged for 11 male and 11 female subjects, 

and its standard deviation. 

4 Conclusions 

From the present paper the following conclusions can be drawn: 

• High background noise levels induce an increase in vocal effort. 

• The visually perceived distance between teacher and student accounts to a 
great extent for changes in vocal effort. 

• The room acoustic conditions themselves have an effect on voice production. 
This is obvious when the talker is aware of the acoustic environment, in the 
following cases: there are no other cues (like visual), the teacher has either 
week voice or voice problems, or the acoustic environment is unusual (e.g. 
anechoic condition). 

• New acoustic measures, namely the support and the room gain, are well 
correlated with the changes in voice level among different rooms. 
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Equal autophonic level curves under different room acoustics conditions
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The indirect auditory feedback from one’s own voice arises from sound reflections at the room
boundaries or from sound reinforcement systems. The relative variations of indirect auditory feed-
back are quantified through the room acoustic parameters room gain and voice support, rather than
with the reverberation time. Fourteen subjects matched the loudness level of their own voice (the
autophonic level) to that of a constant and external reference sound, under different synthesized
room acoustics conditions. The matching voice levels are used to build a set of equal autophonic
level curves. These curves give an indication of the amount of variation in voice level induced by
the acoustic environment as a consequence of the sidetone compensation or Lombard effect. In
the range of typical rooms for speech, the variations in overall voice level that result in a constant
autophonic level are of the order of 2.3 dB, and up to 3.4 dB in the 4 kHz band. By comparison of
these curves with previous studies, it is shown that talkers use other cues than loudness to adjust
their voices when speaking in different rooms.

PACS numbers: 43.55.Hy, 43.70.Mn

I. INTRODUCTION

The sound that a talker perceives from his own voice—
auditory feedback or sidetone—is constituted by two
main components: direct and indirect auditory feedback.
The direct auditory feedback can be separated into two
other components: airborne sound and bone-conducted
sound. These two last components are of the same or-
der of magnitude1,2 and are always present for build-
ing up the sound of the talker’s own voice, as long as
the acoustic path between the mouth and the ears is
undisturbed and the talker has normal hearing. How-
ever, the bone-conducted component is not constant in
level and frequency distribution, but varies with differ-
ent vocalizations.3 The indirect auditory feedback is es-
sentially airborne and is generated by the reflections of
the talker’s own voice at the room boundaries, or by a
sound reinforcement system when it is used to amplify
the talker’s voice.

The loudness with which talkers perceive their own
voice is called the autophonic rating.4 The autophonic
rating grows at almost twice the rate of the loudness of
external sounds, meaning that the change in voice level
(in dB) required to double the autophonic rating is half of
the amount required for external sounds in order to dou-
ble the loudness sensation. The differences between the
autophonic scale and the loudness (sone) scale are most
likely due to the different sensing mechanisms in hearing
one’s own voice and external sounds. The sensation for
external sounds is essentially auditory, whereas for one’s
own voice, it is also dependent on tactile, proprioceptive,
and internal mechanisms.5

According to Lane and Tranel,6 speakers adjust their
voices to maintain a speech-to-noise ratio suitable for

a)Electronic address: dpg@elektro.dtu.dk

communication. Some factors affecting the speech-to-
noise ratio are linked to the auditory perception, such
as noise or alterations in sidetone. Other factors are not
linked to the auditory perception, but have a clear influ-
ence on the voice levels used, as for example, the distance
between the talker and the listener.7,8

The variation in voice level due to the presence of noise
is known as the Lombard effect (see a review in Lane and
Tranel6). Lane et al.9 showed that talkers accounted for
variations of ambient noise level by varying their voice
level at a rate of 0.5 dB/dB (voice/noise). In the same
study, Lane et al. found an equivalent rate for the so-
called sidetone compensation: talkers lowered their voice
by 0.5 dB for each additional dB of gain applied to the
sidetone, while talking over an interphone. The varia-
tions of sidetone can also be due to a temporary hearing
loss; Black found a compensation rate of 0.57 dB/dB
HL.10

In the previous cases, the sidetone was altered by
damping the direct auditory feedback, or by reproduc-
ing an amplified replica of one’s own voice through a
monitoring device which had the effect of a single sound
reflection with a level high enough to mask the direct
auditory feedback components. In rooms, the sidetone
is altered in a substantially different way, because the
indirect auditory feedback is built up by a number of
reflections arriving at different delays, with different am-
plitudes, and spectral weightings. These reflections may
interact with the direct auditory feedback in a different
way from a single delay. There are two room acoustic
parameters to measure the sidetone variations as caused
by a room. The voice support (STV ) is defined as the
energy ratio of the indirect (EI) to the airborne-direct
(ED) auditory feedback.11 The room gain (GRG) is de-
fined as the ratio of the total airborne auditory feedback
(EI + ED) to the airborne-direct auditory feedback,12

STV = 10 log
EI

ED
, (1)
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GRG = 10 log
EI + ED

ED
. (2)

Some studies have shown an effect of room acoustics on
the voice levels. Speakers talk louder in highly damped
rooms than they do in more acoustically “live” rooms.13
Brunskog et al. found that the changes in voice level of
talkers in classrooms were related to the acoustic param-
eter room gain at a rate of -13.5 dB/dB.11,12 The changes
in voice level were partially due to the distance between
teacher and students, and when the distance factor is
removed, the room gain has an effect on voice level of
about -3.6 dB/dB.8 These substantially different rates of
change, compared with the sidetone compensation of -
0.5 dB/dB, could be due to a contribution of the indirect
auditory feedback to the autophonic level different from
the contribution from the amplification devices used in
previous research on sidetone compensation.

Pick et al.14 experimentally proved that the Lombard
effect is systematically present, so is difficult to inhibit.
Therefore, variations in background noise, sidetone, or
hearing loss are expected to induce similar changes in
voice levels. It is of particular interest to apply this
knowledge to the teaching situation. Teachers have to use
their voice as their primary working tool.15 The preva-
lence of voice problems among teachers is much higher
than in the rest of the population,16 around a 13% of
them have voice problems,17 and they have to take ab-
sence leave, which is both a social and financial problem.
In Poland, voice disorders related to excessive vocal load
at work (e.g. for teachers, actors, or singers) are classi-
fied as an occupational disease.18 If the acoustic condi-
tions can effectively induce relevant changes in the voice
levels used, occupational health and safety organizations
should take actions in supporting and funding initiatives
that improve classroom acoustics from the talker’s point
of view, while granting optimal listening conditions for
the students in terms of speech intelligibility.

No previous research that the authors are aware of has
related in a quantitative way the room acoustics condi-
tions to sidetone variations and alterations in autophonic
level. The present paper investigates the extent to which
room acoustics can alter the autophonic level and induce
Lombard effect-related changes in voice, by determining
the equal autophonic level curves. These are defined as
the relative voice levels that keep a constant autophonic
level under different room acoustic conditions.

II. METHOD

Fourteen subjects (ten men and four women) with ages
between 20 and 30 yr, without any known problems with
hearing or voice and without previous instruction in vo-
cal training, took part in the experiment. A reference
sound at a constant sound pressure level (SPL) was pre-
sented, and the test subjects were asked to produce a
vocalization (either /a/, /i/, or /u/) with the same loud-
ness as the reference. Each subject produced a total of
60 vocalizations that were stored and analyzed to extract
the results.

A/D

Convolver

Room
IR

Recorder

D/A

Control 
signal

Earphones

+

Headworn mic

Anechoic room

Audio Interface

PC with Linux

FIG. 1. Experimental setup. The subject was placed inside an
anechoic room to remove all the reflections at the boundaries.
The different room acoustics conditions were generated by
means of software convolution.

A. Experimental setup

The experimental setup is shown in Fig. 1. The exper-
iment took place in an anechoic chamber of dimensions
4.8 m × 4.1 m × 2.9 m in order to remove all reflections
from the room. The indirect auditory feedback was gen-
erated by picking the voice from the talker, convolving
it with a synthetic impulse response, and playing it back
via earphones specially designed to minimize the blocking
of direct sound and preserve the usual bone conduction
path.

The voice of the talker was picked with a microphone
DPA (DPA Microphones A/S; Allerød, Denmark) model
4066 located on the cheek at a position 5 cm from the
lips’ edge in the line between the mouth and the right
ear. This signal was sampled at 44.1 kHz with a res-
olution of 24 bit using an audio interface RME (Audio
AG; Haimhausen, Germany) HDSPe Multiface II, which
was connected to a computer running the convolution
software jconvolver under Linux. The convolution sys-
tem introduced an overall delay of 11.5 ms between the
arrival of the direct sound at the ears and the indirect
auditory feedback generated in the convolution process.
The resulting signal was again converted into the analog
domain and reproduced through the two channels (left
and right) of the earphones.

These earphones were a customization of the KOSS
(KOSS corporation; Milwaukee, WI) model PLUG. The
original earphones radiate sound into a short plastic tube
and fit into the ear canal with foam pieces. These foam
pieces were removed and a bent 3.5 cm silicone tube was
attached to the short plastic tubes. At the end of the
silicone tube, an Oticon (Oticon A/S; Smørum, Den-
mark) open dome was placed, so it could fit into the ear
canal without modifying the free air transmission and the
bone conduction significantly. Figure 2 shows the cus-
tom earphones used in the experiment and Fig. 3 shows
the insertion loss (IL) introduced by the earphones when
used in the ear canal of an artificial ear, B&K (Brüel
& Kjær Sound & Vibration Measurement A/S; Nærum,
Denmark) type 4159 mounted on a Head and Torso Simu-
lator (HATS) B&K type 4128. The HATS was equipped
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FIG. 2. Detail of the earphones with the tubes and the open
domes to fit into the ear canal without blocking the direct
sound
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FIG. 3. Insertion loss of the custom earphones, measured in
the left ear of a dummy head equipped with a mouth simulator
acting as the sound source.

with a mouth simulator which was used as the sound
source for the measurements. The peak in IL around
3 kHz and a negative IL value at 8 kHz indicate that the
earphones introduce a displacement in the resonance of
the ear canal toward higher frequencies, attenuating the
resonance peak due to viscous losses. The IL between
63 Hz and 2 kHz is lower than 1 dB, and the maximum
attenuation at higher frequencies is 6 dB. These values
were assumed to be acceptable for the present applica-
tion.

With the custom earphones, the frequency response
deviates from a flat response (see Fig. 4). Specifically, it
has a poor low and mid frequency response, with a roll-
off below 2 kHz, and remarkable resonance peaks at high
frequencies, between 3 kHz and 8 kHz. A minimum phase
FIR filter of 128 samples was used in order to compen-
sate for the frequency response and achieve a relatively
flat frequency response, corresponding to the frequency
response of the electrostatic headphones STAX (STAX
Ltd.; Miyoshi-machi, Japan) model Lambda. This tar-
get frequency response was chosen instead of an ideal
flat frequency response after realizing—by means of sub-
jective assessment—that the overall sound quality was
better in the first case. The FIR filter was preconvolved
with the synthetic impulse responses generated for each
experimental condition.

A MATLAB program controlled the experiment,
changing the synthetic impulse response loaded by jcon-
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FIG. 4. Equalizer filter applied to the earphones in order to
have a magnitude response similar to the one produced by the
electrostatic headphones STAX SR Lambda. The magnitude
dB reference is arbitrary.

volver and reproducing different messages to the talker,
indicating beginning and the end of vocalization periods,
and which vowel should be produced.

B. Acoustic conditions

There were nine different synthetic impulse responses
or conditions C1 to C9 (plus an additional condition
C10, namely the absence of simulated reflections), which
added the indirect auditory feedback of the talker’s voice
to the direct sound and the bone conduction. The acous-
tic properties of the different conditions are summarized
in Table I. The synthetic impulse responses were gen-
erated artificially, and it was not their goal to replicate
the acoustic conditions of actual environments, but to
provide well-defined and adjustable experimental condi-
tions. Each synthetic impulse response was obtained in
the following manner. First, a white Gaussian noise sig-
nal (of 66150 samples at 44.1 kHz) was generated. An
exponential decay was applied to the noise signal. The
decay constants were chosen so that the reverberation
time T of the conditions fell into one of three groups:
low (C1 to C3, 0.45 s ≤ T ≤ 0.55 s), medium (C4 to C6,
0.93 s ≤ T ≤ 1.12 s) and high (C7 to C9, 1.40 s ≤ T ≤
1.65 s). Finally, different gains were applied so that the
room gain entered in the categories of low (C1, C4, and
C7, 0.07 dB ≤ GRG ≤ 0.19 dB), medium (C2, C5, and
C8, 0.31 dB ≤ GRG ≤ 1.68 dB), and high (C3, C6, and
C9, 2.95 dB ≤ GRG ≤ 8.63 dB).

The reverberation times were chosen to correspond
to usual reverberation times found in rooms for speech
(low T : classrooms, medium T : drama theaters, high
T : opera houses). The room gain / voice support values
were chosen to be representative of real rooms without
amplification (-20 dB≤ STV ≤-5 dB), although higher
values were also chosen to explore the possible effects of
electroacoustic amplification on the voice production and
perception.

For the objective measurements, a HATS B&K type
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TABLE I. Experimental conditions and measured acoustic
parameters.

Condition T [s] GRG [dB] STV [dB]
C1 0.55 0.07 -17.9
C2 0.50 0.31 -11.3
C3 0.45 2.95 -0.12
C4 1.12 0.13 -15.2
C5 1.00 1.03 -5.7
C6 0.93 6.57 5.5
C7 1.65 0.19 -13.5
C8 1.50 1.68 -3.3
C9 1.40 8.63 8.0

C10 0.01 0.04 -20.3

4128 with right ear simulator B&K type 4158 and left
ear simulator B&K type 4159 was placed at the talker
position in the setup in Fig. 1. The headworn micro-
phone and the earphones were attached to the dummy
head as explained in the experimental setup section. The
HATS had a mouth simulator and microphones at the
ears, so it was possible to measure the impulse response
corresponding to the path between the mouth and the
ears. The direct sound was generated by direct radia-
tion from the mouth to the ears, whereas the reflections
were generated artificially by convolution with a syn-
thetic impulse response and reproduction through the
earphones. The mouth-to-ears impulse responses were
measured with the MLS module in the 01dB (01dB-
Metravib; Limonest Cedex, France) Symphonie system.
The backwards-integrated energy-time curves19 of the
measured responses C1 to C9 are shown in Fig. 5. The
reverberation time was calculated from the slope of these
curves, in a decay of at least 10 dB neither influenced by
the noise floor nor the direct sound. The room gain and
the voice support were calculated in the way proposed by
Pelegrin-Garcia11. The corresponding gain introduced
by each response on the direct sound, in one-third octave
frequency bands between 100 Hz and 4 kHz, is shown in
Fig. 6.

C. Vocalizations

Each acoustic condition was repeated three times but
using different vowels every time. The three vowels /a/,
/i/, and /u/ were chosen because they are known to be
the so-called corner vowels with the widest spread of the
formants.20 The bone conducted acoustic feedback paths
for these vowels are different among them.3 In this way,
the contributions from different bone conduction paths
to the autophonic ratings are averaged, and the results
are more representative of average speech.

D. Procedure

The experiment was carried out using two different sig-
nals as the loudness reference. The first one is called
“Voice Level Matching Test” (VLMT) which uses record-
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FIG. 5. Backwards-integrated energy-time-curves for the
acoustic conditions C1 to C9 presented in the test. The con-
dition C10 (no additional impulse response) is not shown in
the figure.
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FIG. 6. Gain of the impulse response of each condition C1 to
C9 relative to the energy of the impulse response in the ane-
choic chamber (condition C10), analyzed in one-third octave
bands.

ings from subjects’ own vocalizations as a reference, and
the second one is called “Tone Level Matching Test”
(TLMT). The reason for this decision was twofold. First,
having a human vocalization as the reference could lead
to an imitation of the vocal effort and not only to a repli-
cation of loudness. Second, using a pure tone could have
made the task more difficult because of the mismatch
in the perceived sound quality of the reference and the
vocalization.

The measurements in the VLMT required two steps:
(a) recording of references and (b) voice matching test.

a. Recording of references In the beginning of the test,
every subject recorded the three vowels /a/, /i/, and
/u/ with the following protocol (Fig. 7a):

1. A voice played back through the earphones the
vowel to utter.
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FIG. 7. Procedure followed in the test. Note: The duration
of the events and its separation is only approximate

2. After 1.5 s, a beep indicated the beginning of the
reference vocalization.

3. The subjects had been instructed to produce a
steady vocalization after the beep signal, using a
comfortable voice level. The voice was recorded.

4. Another beep, four seconds later, indicated the end
of the utterance.

5. The recordings were analyzed to check its steadi-
ness, and they were repeated (from step 1) until
the deviation of 200-ms equivalent overall SPL in
consecutive, non-overlapping periods, was in a 3
dB range for at least 2 s. The 2 s segment with the
lower deviation was chosen as the reference for the
given vowel and subject.

6. An equalizer filter was applied to the references
recorded with the headworn microphone, so as to
later reproduce by the earphones the levels and
spectral distributions present at the ears during the
original vocalizations.

b. Voice matching test This phase is shown in Fig. 7b.

1. The 3 vowels were selected in random order. The 2-
s reference containing the chosen vowel was played
back.

2. After 1.5 s, a beep indicated the beginning of the
vocalization and, at the same time, the convolver
was activated with one of the ten conditions C1 to
C10 (in random order).

3. The subjects had been instructed to produce a
steady vocalization after the beep signal, with the
same vowel and the same loudness as the reference.
The voice was recorded.

4. Another beep, three seconds later, indicated the
end of the utterance and the deactivation of the
convolver.

The measurements with the TLMT (Fig. 7c) were very
similar to the voice matching test, but the reference in
step 1 was substituted with an audible message of the
vowel to produce followed by a 1 kHz sinusoid signal of
2 seconds duration and played back at a level of 75 dB
SPL measured at the eardrum of a dummy head. The
subjects were explicitly instructed to match the loudness
of the pure tone.

At the beginning of the experiment, the subjects made
a training run with five conditions and one vowel of the
VLMT to get acquainted to the procedure. The results of
the training measurements were not used for the posterior
analysis. In total, each subject produced 60 vocalizations
(10 acoustic conditions, 3 vowels, and 2 references) that
were used for the analysis.

E. Post-processing

Each recording was analyzed for a stability criterion,
looking for a one-second interval in which the deviation
of 200 ms equivalent overall SPL in consecutive, non-
overlapping periods, was in a 3 dB range. The one-second
interval with the lowest deviation was used in the analy-
sis. The SPL in the one-octave frequency bands between
125 Hz and 4 kHz (Li), together with the overall un-
weighted (LZ) and A-weighted SPL (LA), were extracted
from each of the recordings for building the statistical
model. The SPL in condition C10 (anechoic) was used
as the reference factor to normalize all the other levels.
Therefore, the relative level ∆Li is defined as

∆Li,j = Li,j − Li,C10, (3a)
∆LZ,j = LZ,j − LZ,C10, (3b)
∆LA,j = LA,j − LA,C10, (3c)

where i is the frequency band and j is one of the condi-
tions C1 to C9.

The spread in SPL among conditions is studied in the
frequency domain. For the spectral analysis of the sig-
nals, one-third octave band filters are used. Two de-
scriptors are used, one for low frequencies and another
one for high frequencies. These are the average rms de-
viation in the eight one-third octave frequency bands be-
tween 100 Hz and 500 Hz, s100−500, and the average rms
deviation in the nine one-third octave frequency bands
between 630 Hz and 4 kHz, s630−4k,

s100−500 =
1
8

8∑
i=1

√√√√1
9

9∑
j=1

(
∆Li,j −∆Li,j

)2
(4a)

s630−4k =
1
9

17∑
i=9

√√√√1
9

9∑
j=1

(
∆Li,j −∆Li,j

)2
(4b)

where

∆Li,j =
1
9

9∑
j=1

∆Li,j i = 1 . . . 17 (5)

The subindex i refers to the third-octave band center
frequency (fi=1 = 100 Hz to fi=17 = 4 kHz), whereas the
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subindex j refers to one of the acoustic conditions C1 to
C9.

F. Statistical analysis

An analysis of variance (ANOVA) table, including
main effects and second order interactions of the acous-
tic condition (C1 to C9), the gender (male/female), the
vowel (/a/, /i/, or /u/), and the reference (TLMT or
VLMT), was obtained to calculate their relative con-
tribution to the variations of ∆LZ and ∆LA. For the
derivation of this table, an additive, fixed-effects model
was assumed. ∆LZ is “a priori” the variable of inter-
est in the study, comparable to other sidetone studies,
and ∆LA is relevant for being a closer indicator of the
loudness perception.

From the inspection of the data, the mean values of
∆LZ , ∆LA, or all the ∆Li do not change linearly with
the room gain or the voice support. Instead, they follow
a non-linear trend of the form

∆L = A(e−B×GRG − 1)− C (6)

as a function of the room gain, or

∆L = A

((
10

STV
10 + 1

)− 10B
ln 10 − 1

)
− C (7)

as a function of the voice support. A, B, and C are the
parameters of the model (identical in the two previous
equations) and the relation

GRG = 10 log
(
10

STV
10 + 1

)
(8)

has been used.12

The fitting of the non-linear function to the measured
data, in order to obtain the A, B, and C parameters, was
performed with the routine nls of the library stats of
the statistical software R.21

III. RESULTS

Table II shows the results of the four-way ANOVA for
∆LZ , considering a fixed-effects, additive model, with
the main effects and the two-way interactions. It reveals
that there is a significant effect of the acoustic condition
(F (8, 652) = 92.4, p < 0.0001), responsible for almost
the 90% of the explained variance. Gender has also a
significant effect (F (1, 652) = 43.2, p < 0.0001), and is
responsible for another 5% of the explained variance. The
variables reference and vowel do not report significant ef-
fects. However, there are significant interactions between
reference and vowel (F (2, 652) = 5.55, p = 0.004) and be-
tween vowel and gender (F (2, 652) = 5.13, p = 0.006),
responsible however, for less than 3% of the explained
variance. There are no significant interactions between
the acoustic condition and any other variable. In the
additive model, the average ∆LZ is -3.3 dB for females,
whereas it is -2.2 dB for males.
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FIG. 8. Relative overall unweighted voice levels as a function
of the reverberation time under the different experimental
conditions. The bars around the points indicate ±1 standard
error.

Table II also shows the results of the four-way ANOVA
for ∆LA. As with ∆LZ , the most important effect is due
to the acoustic condition (F (8, 652) = 99.6, p < 0.0001)
which accounts for 92.8% of the explained variance. This
increase in the explained variance is probably due to
the closer relationship of the A-weighting to the loud-
ness perception. The gender has also a significant effect
(F (1, 652) = 19.3, p < 0.0001) and accounts for 2.3% of
the explained variance. In the additive model, the aver-
age ∆LA is -3.8 dB for females and -2.9 dB for males.
The effect of the reference is at the limit of significance
(F (1, 652) = 4.2, p = 0.041) and it accounts for barely
a 0.5% of the explained variance. However, a one-way
ANOVA model with reference as the only explanatory
variable does not pass a significance test. The vowel has
no significant effect on ∆LA. There is also a significant
interaction between reference and vowel (F (2, 652) = 4.7,
p = 0.009) accounting for 2.6% of the explained vari-
ance, between reference and gender (F (1, 652) = 4.0,
p = 0.044) accounting for 0.47% of the explained vari-
ance, and between vowel and gender (F (1, 652) = 4.9,
p = 0.008) accounting for 1.1% of the explained variance.

The values of ∆LZ are plotted as a function of T in
Fig. 8. No trend relating the two variables can be ob-
served from the measurements, because the ∆LZ are
scattered homogeneously.

The average results of ∆Li in the frequency bands from
125 Hz to 4 kHz, along with the overall unweighted and
A-weighted relative SPL values (∆LZ and ∆LA, respec-
tively) are shown in Fig. 9. In the top row, the results
are shown for males and females separately. The abscissa
shows the room gain parameter. In the bottom row, the
same results are shown, but plotted against the voice
support. Each data point corresponds to the average of
all subjects of one gender, vowels and reference for the
same condition. Different symbols correspond to differ-
ent measures. The bars around the data points indicate
±1 standard error.

It can be seen that the ∆L values are arranged in a
non-linear fashion. Observing the data in the room gain
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TABLE II. Four-way analysis of variance table with main effects and two-way interactions applied to the relative overall SPL,
unweighted (∆LZ) and A-weighted (∆LA).

∆LZ ∆LA

F -value p-value % Expl. F -value p-value % Expl.
Main effects variance variance

Reference 1.99 NS – 4.2 0.041 0.49
Vowel 1.46 NS – 0.24 NS –

Gender 43.21 < 10−6 5.23 19.3 5 · 10−5 2.25
Acoustic condition 92.463 < 10−6 89.54 99.6 < 10−6 92.8

Two-way interactions
Reference*Vowel 5.55 0.004 1.34 4.7 0.009 1.10

Reference*Gender 3.058 0.08 0.37 4.0 0.044 0.47
Reference*Acoustic condition 0.48 NS – 0.64 NS –

Vowel*Acoustic condition 0.33 NS – 0.39 NS –
Gender*Acoustic condition 0.60 NS – 0.41 NS –

Vowel*Gender 5.13 0.006 1.24 4.9 0.008 1.13
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FIG. 9. Relative voice levels as a function of the room gain (top row) and the voice support (bottom row), for male (left
column) and female subjects (right column). The reference value for each subject is the voice level produced without simulated
reflections. The curves are the best fitting models, Eq. (6) for the top row and Eq. (7) for the bottom row, for each relative
voice level descriptor. The bars around the points indicate ±1 standard error.

plots, each level ∆L falls close to a curve given in Eq. (6).
This non-linear model indicates that all points converge
to a constant level −C for GRG → 0 and that they tend
to a limit value −A − C as GRG approaches ∞. The
parameter B defines the slope of the curve, together with
A. The best fitting curves are overlaid on Fig. 9, and the
A, B, and C parameters for all ∆L, separately for males
and females, are shown in Table III.

An average model for males and females together, for
∆LZ and ∆LA is given by

∆LZ = 8.4× e−0.24GRG − 8.9 [dB], (9a)

∆LA = 6.4× e−0.25GRG − 6.9 [dB] (9b)

as a function of the room gain, or alternatively, using the
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TABLE III. Parameters A, B, and C of the models Eqs. (6) and (7) for the relative voice levels in each of the frequency bands
between 125 Hz and 4 kHz, and the overall unweighted and A-weighted relative levels.

Gender Parameter ∆L125 ∆L250 ∆L500 ∆L1k ∆L2k ∆L4k ∆LZ ∆LA

A 2.87 4.83 8.73 8.82 11.11 11.12 6.71 8.18
Females B 0.35 0.22 0.23 0.29 0.27 0.36 0.26 0.26

C 0.65 0.87 0.92 0.8 1.22 1.99 1.05 1.11
A 3.11 6.14 8.89 9.70 11.95 10.49 6.31 8.52

Males B 0.23 0.30 0.20 0.26 0.21 0.24 0.25 0.24
C 0.17 -0.07 0.27 0.4 0.58 1.07 0.18 0.22

TABLE IV. Average rms deviations at low frequencies
s100−500 and high frequencies s630−4k corresponding to the
plots in Fig. 10.

s100−500 Raw levels Corrected levels
Male Female Male Female

/a/ 1.5 dB 1.5 dB 1.7 dB 1.7 dB
/i/ 1.8 dB 2.0 dB 1.5 dB 1.4 dB
/u/ 1.8 dB 2.1 dB 1.6 dB 1.3 dB

s630−4k

/a/ 3.8 dB 3.4 dB 1.4 dB 1.2 dB
/i/ 3.6 dB 3.4 dB 1.3 dB 1.2 dB
/u/ 2.6 dB 3.2 dB 1.5 dB 1.1 dB

voice support,

∆LZ = 8.4×
(
10

STV
10 + 1

)−1.05

− 8.9 [dB], (10a)

∆LA = 6.4×
(
10

STV
10 + 1

)−1.10

− 6.9 [dB]. (10b)

Figure 10a shows the measured spectra in one-third oc-
tave bands for the different vowels (/a/ on the top row,
/i/ on the middle row, and /u/ on the bottom row), un-
der the different conditions (different line styles), for the
female (left column) and male subjects (right column),
averaged for the two reference signals and the different
subjects for each gender. As shown in Fig. 9, the differ-
ences among conditions are greater at high frequencies.
This is also reflected in the average rms deviation s in Ta-
ble IV, which is higher in the frequency bands between
630 Hz and 4 kHz (s630−4k in the range from 2.57 to 3.75
dB) than in the frequency bands between 100 Hz and 500
Hz (s100−500 in the range from 1.47 dB to 2.09 dB).

Figure 10b results from adding the gains of each condi-
tion in Fig. 6 to the spectra of the vocalizations on those
conditions (plotted in Fig. 10a). As can be seen, the
deviations among spectra is greatly reduced, in particu-
lar at high frequencies, where the average rms deviation
s630−4k is now in the range of 1.05 to 1.52 dB, as shown
in Table IV. By applying the gain of the IR, the aver-
age rms deviation in the low frequency range, s100−500,
is lower for the vowels /i/ and /u/, but not for /a/, and
it ranges from 1.28 to 1.68 dB in all cases. These num-
bers reflect a uniform spread of the spectra in a broader
frequency range for the corrected recordings, which are a
closer approximation to the subjects’ perceived levels.

IV. DISCUSSION

From the observation of the measured relative voice
levels in Figs. 8, 9 and 10a, it is possible to state that
different acoustic environments alter the autophonic level
for a talker. However, the reverberation time is not a
good descriptor of the changes in voice level, as seen in
Fig. 8, since it is not directly related to the energy of
the indirect auditory feedback. Figure 9 describes the
changes in voice level that make the talker’s voice sound
equally loud at their ears when the indirect acoustic feed-
back is changed. The curves for ∆LZ show a constant au-
tophonic level under different room gain conditions (top
row), or voice support conditions (bottom row). The
A-weighted and the one-octave band values follow the
same general trend of the non-linear model in Eq. (6),
but with different model parameters. In normal rooms
for speech without amplification (GRG < 1.0 dB),22 the
variations in voice level to keep a constant autophonic
level are within 2.3 dB, according to model Eq. (9a). In
the frequency band of 4 kHz, this range increases to about
3.4 dB using the parameters of Table III.

For the three lowest values of voice support(-18.0 dB
≤ STV ≤ -13.5 dB), excluding the anechoic chamber, the
range of ∆LZ is about 0.3 dB, calculated from the model
in Eq. (10a). There are consistent voice level variations
in a range of less than 0.5 dB, which is considered to be
the just noticeable level difference for broadband noise
signals.23 These observations agree with recent findings,
which suggest that an auditory motor system controls
voice intensity in a non-conscious way and is able to re-
act to level variations below the conscious detectability
threshold.24

The model in Eq. (9a) shows a varying slope in the
dependence of voice level with room gain. It is most neg-
ative (or maximum in absolute value) for GRG → 0 with
a value of -2.0 dB/dB. In the range observed, the less
negative slope is obtained for the highest room gain value
(GRG = 8.6 dB). In this case, the slope is -0.26 dB/dB.
The same equation indicates a saturation effect (zero
slope) as GRG → ∞. This could be an indication that
the voice levels approach the phonation threshold with
the given experimental setup. However, no generaliza-
tion of the model is intended for values of GRG higher
than the studied range.

In a review of different studies of sidetone, Lane et al.9
showed that the sidetone compensation function is linear
with slopes varying between -0.4 and -0.6 dB/dB. With
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FIG. 10. (a) One-third octave band spectra of the vocalizations averaged for all subjects in one gender and for the two
references (tone and voice). The three vowels and the two genders are shown separately. (b) One-third octave band spectra
of the vocalizations in (a), where each average vocalization has been corrected with the gain introduced by each condition (in
Fig. 6). The dB reference is arbitrary.

the model in Eq. (9a), these slopes are obtained in the
range of 5 dB≤ GRG ≤ 6.7 dB. Using Eq. (2), a GRG of
5 dB is equivalent to a ratio of indirect-to-direct airborne
sound of approximately 2. Several studies have stated
that the direct airborne sound and bone conducted sound
of one’s own voice are of a comparable magnitude.1–3
A GRG of 5 dB indicates that the reflected sound is of
the same importance as the combination of the direct
airborne sound and the bone conducted sound of one’s
own voice. For values of GRG higher than 5 dB, the
indirect auditory feedback component is dominating, and
the slopes are comparable to those found in traditional
sidetone studies.9

Lane and Tranel6 pointed out that the Lombard reflex
and the sidetone compensation are two sides of the same
coin. In later experiments, Pick et al.14 showed that the
Lombard reflex is very difficult to inhibit. Consequently,
it is natural that the sidetone compensation is also diffi-
cult to inhibit. In the absence of background noise, large
values of room gain would make a talker speak softer,
as it could happen when using an electroacoustic rein-
forcement system. From a different perspective, it could
be possible to think that a good room for speech has a
certain value of room gain. A room of drier acoustics

and with a lower room gain would make the talker speak
louder. However, in rooms without electroacoustic am-
plification, the range of room gain is bounded between 0
and approximately 1 dB, which would induce changes in
voice level of less than 2 dB. At the first glance, this value
seems not to be very significant compared to the dynamic
range of the human voice (roughly 30 dB, depending on
the person and the fundamental frequency).

The equal autophonic level curve for ∆LZ , described
in Eq. (9a), is compared to the results of other two stud-
ies (Ref. 12, and Ref. 8) in Fig. 11 (Note: the two studies
show variations in voice power level, whereas the equal
autophonic level curves are indicated as variations in
SPL, so the comparison is approximate). The dataset
of Ref. 12 shows the variations in voice level of teachers
lecturing in classrooms of different sizes and room gains.
The slope of the line that relates voice levels with room
gain is -13.5 dB/dB. However, the changes in voice level
are not purely due to the perception of room acoustics,
but to other aspects of the communication scenario, such
as the variation in distance between talker and listeners
that occurs naturally in different rooms of different size.
At the same time, the smallest room is the one with the
largest room gain. Therefore, the dataset of Ref. 12 is
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FIG. 11. Comparison of the voice power levels used by teach-
ers in different classrooms (Brunskog et al.12), talkers speak-
ing to a listener at 6 m (Pelegrin-Garcia et al.8) and voice
levels (SPL) to keep a constant autophonic level.

representative of typical voice level variations in rooms
without background noise. The dataset of Ref. 8 presents
data of a talker addressing a listener at a distance of 6
m in front of him in four different rooms with different
room gain. The average voice level varies with the room
gain at a rate of -3.6 dB/dB. In the same range of GRG,
the equal autophonic level curve approximates a straight
line with a slope of -1.8 dB/dB. The talkers in these
two experiments did not follow a communication strat-
egy based on keeping the autophonic level constant. In
case they did, the voice measurements would have lain
on top of the equal autophonic level curve. Talkers ap-
parently “amplify” the effect of the Lombard reflex. This
suggests that they make use of other attributes present
in the room impulse response than loudness for the ad-
justment of their voice, probably in combination with
other sensory inputs. One explanation for the difference
in slope is that the talkers in Ref. 8 adjust their voice
level according to some tacit knowledge of sound attenu-
ation with distance, as suggested by Zahorik and Kelly,25
although do not completely compensate for that. In the
experiment of Ref. 8, the sound attenuation at 6 m from
the talker differed by more than 15 dB in the two most
extreme cases (with GRG ≈ 0 dB and GRG ≈ 0.8 dB),
whereas the voice variation was only about 3 dB.

The amount of voice level variation to achieve a con-
stant autophonic level is different for the different fre-
quency bands and the two genders. It is less important
at low frequencies and more important at higher frequen-
cies and for females. This can be observed in both Figs.
9 and 10a. When applying the frequency-dependent gain
introduced by the synthetic IR in Fig. 6 to the voice
recordings, they seem to fall on similar curves, as shown
in Fig. 10b and in the reduced average rms deviations
in Table IV. This means that the subjects kept the re-
sulting sound from their vocalizations constant at their
ears, in overall level and in spectral balance of different
frequency bands. As a consequence, the parameters A,

B, and C of Table III can be used in connection with the
models in Eqs. (6) and (7) to describe the amount of com-
pensation expected for the different frequency bands. It
may be possible that the compensation at high frequen-
cies is a side-effect of the change in vocalization level,
because the spectral slope decreases with increasing vo-
cal effort.26 The fact that the compensations for the two
references (tone and voice) are not significantly different,
as shows the ANOVA in Table II, makes this hypothesis
likely. The alternative hypothesis is that subjects try to
keep the sound quality (loudness and spectral balance) of
the vocalizations constant. This hypothesis is reasonable
when using the voice as a reference, but not when using
the tone. The equivalent results of the test using the two
references shows that subjects focused on the loudness
cue.

The models in Eqs. (9a) and (10a) can be used to pre-
dict the variations in vocal intensity that happen with
the use of electroacoustic amplification. As an example,
Sapienza et al.27 found that teachers talked on average
2.4 dB softer in classrooms when using a sound reinforce-
ment system. The gain of the system was tuned so that it
increased the SPL at a distant listener position by 10 dB.
At these positions, the reflected energy dominates over
the direct sound energy. Making this consideration, and
considering that the amplification system produces a uni-
form SPL in the room, the amount of non-direct energy
EI increases by 10 dB when the system is turned on,
also at the talker position. By Eq.(1), STV would in-
crease about 10 dB when the system is turned on. A
representative value of STV in non-amplified classrooms
is -13 dB.22 By using Eq. (10a), talkers would speak
2.5 dB softer when the system is on (STV = −3dB),
compared with what they would do when the system is
off (STV = −13dB). The good agreement of the mea-
sured and predicted variations (2.4 dB and 2.5 dB) are
probably due to the fact that the only variable that was
changed in the study of Sapienza et al. was the sidetone,
and not any other variables like the room or the distance
to the listeners, and therefore the subjects reacted sym-
pathetically according to the Lombard reflex.

The level of the voice reference recordings was not
monitored, and the test subjects received the instruction
to produce a vocalization at a “comfortable” level. Since
the equal loudness level contours as a function of the
frequency in ISO-226:200328 are not parallel, it may be
possible that the amount of compensation was different
at different voice levels. This could have been studied by
repeating the test with reference tones at different levels,
but this was done only at one level. Since the comfort-
able and most used voice level changes from subject to
subject, the measured equal autophonic level curves are
an average indicator of this “most comfortable level”.
Because the results of the tests using the two references
(voice and tone) are similar, as shown by the low sig-
nificance of the variable “reference” in the ANOVA of
Table II, significant differences are not to be expected
among different reference levels.
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V. CONCLUSIONS

An experiment was conducted to obtain the relative
voice levels that kept the autophonic level constant un-
der different room acoustics conditions described by the
parameters room gain and voice support. Analyzing the
voice levels in one-octave bands and with different fre-
quency weightings, a set of equal autophonic level curves
was generated. These curves allow to determine the ex-
pected voice level differences in different rooms which are
purely related to the Lombard-effect or sidetone compen-
sation. The main conclusions of the study are as follows

1. Voice level variations under different room acous-
tics conditions are related to the room gain or the
voice support, and not to the reverberation time.

2. Typical voice level variations in rooms for speech
(GRG < 1.0 dB) to keep a constant autophonic
level are not higher than 2.3 dB.

3. By comparison with other studies, talkers use other
cues than loudness to adjust their voice level in
rooms, resulting in larger voice variations than
barely keeping the autophonic level constant.
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17 V. Lyberg-Åhlander, R. Rydell, and A. Löfqvist,
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INTRODUCTION

Voice is the primary working tool of teachers, and a good voice is essential for communicating with students.
Nowadays, many teachers suffer from voice problems. A recent study reported that around 13% of the active school
teachers in southern Sweden self-reported voice problems [1]. Voice health problems are a major concern, not only due
to the required clinical assistance and the personal consequences in job dissatisfaction and lack of self-esteem, but also
due to the financial impact that the teachers’ absence produces in the global budget of the country [2]. Investigating
possible causes for voice disorders from the testimonies of affected teachers, Vilkman points out “bad classroom
acoustics” as one of the hazards for voice health [3].

The present study analyzed the average voice levels used at work by teachers with and without voice problems as
a function of relevant environmental acoustic parameters. Two acoustic parameters were considered important: the
activity noise level, due to the presence of students and other noise sources during teaching, and the voice support
offered by the classroom. Three steps were necessary in the study: first, the choice of teachers and the assessment of
voice problems. Second, the monitoring of the teacher’s voice levels and the activity noise levels during teaching, and
last, the measurement of objective acoustic parameters in the empty classrooms.

METHOD

Choice of teachers

A total of 27 teachers in 5 different schools in the south of Sweden, at educational levels ranging from primary school
to high school, were considered for this study. The participants were selected as a follow-up to an epidemiological
study[1].

The teachers were classified into two groups: one group (test; NT = 13, 2 male/11 female) containing the teachers
with voice problems and another group (control, NC = 14; 2 male/12 female) with those teachers having no remarkable
voice problems. The assessment of voice problems was made by means of the VHI-T (Voice Handicap Index with
Throat subscale) questionnaire [4] and a laryngological examination.

Measurements during teaching

The teachers were equipped with an IEC 61672-compliant, type 2, sound level meter SVANTEK SV-102. This
device measured and stored the A-weighted sound pressure level (SPL), using an exponential averaging with “fast”
time constant, sampled at 1 s intervals. The microphone capsule was attached to the teachers’ clothing neck, as a lapel
microphone, at a distance of about 15 cm from the mouth.

The sound level meter operated for one working day. For each teacher, two SPL sequences were studied. One of
them corresponded to a lesson at the beginning of the day and another one to a lesson at the last hour. The duration of
the lessons was between 30 and 45 minutes. An example sequence is shown in Fig. 1 and the corresponding histogram
is shown as gray bars in Fig. 2.

In these SPL sequences, it was assumed that the SPL from the teacher’s voice was several dB higher than the SPL
from activity (originated from students, ventilation noise and other external sources), because of the closer placement
of the microphone to the teacher’s mouth (around 15 cm). The time fraction while the teacher was talking was noted
as α . The activity levels were obtained while the teacher was silent, during a time fraction 1−α .

The teacher’s voice (S) and activity noise (N) levels were assumed to be random processes coming from normal
distributions, with probability density functions fS(L) and fN(L), respectively, where L indicates the A-weighted SPL.
The means of these distributions are notated L50,S and L50,N (the symbol L50 indicates the level that is exceeded during
50% of the time, also referred to as median level), and their standard deviations σS and σN . As an example, these
distributions are indicated in Fig. 2 with dash-dot and dashed lines, respectively. Thus,

S∼N (L50,S;σS)→ fS(L), (1)
N ∼N (L50,N ;σN)→ fN(L). (2)
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FIGURE 1. A-weighted SPL at the lapel microphone worn by the teacher during one lesson
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FIGURE 2. In gray, histogram computed from the A-weighted SPL values in Fig. 1. On top, scaled normal probability density
functions corresponding to the activity noise (dashed line), the teacher’s voice (dash/dot line), and the addition of both processes
(solid line).

The joint process corresponding to the observed A-weighted SPL values was regarded as having a probability
density function fS+N(L), obtained by overlapping the two normal distributions fS(L) and fN(L), scaled by their
probability of occurrence in time (α and 1−α , respectively):

fS+N(L) = α fS(L)+(1+α) fN(L). (3)

According to this principle, a linear combination of two normal distributions was fitted to the A-weighted SPL
histogram, by minimizing the squared error with the simplex algorithm implemented in the function fminsearch of
MATLAB. In this way, there were 5 estimated parameters (L50,S, L50,N , σS, σN , and α) for each sequence, although only
the A-weighted median levels for the teacher’s voice (L50,S) and the activity noise (L50,N) were used in the analysis.
As an example, the probability density function fitted to the measured A-weighted SPL is shown with a solid line in
Fig. 2. A similar approach to determine speech and noise levels in classrooms has been previously used [5].

Classroom acoustic measurements

Acoustic measurements were performed in the 30 classrooms where the teachers held their lessons, while they were
empty.

Reverberation time. The reverberation time (RT) was calculated according to the standard ISO 3382-2 [6]. The
sound source was a B&K Omnisource type 4295, placed at the teacher’s position and with the radiating opening at a
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FIGURE 4. Setup used to measure the mouth-to-ears impulse response in the classrooms

height of 1.6 m. Two 1/2” pressure-field microphones B&K type 4192 were used as receivers and were placed close
to students’ seats at a height of 1.2 m. The 01dB Symphonie system, incorporating the MLS software module, was
used to produce the measurement signal and send it to the loudspeaker via a power amplifier, acquire the signal from
the microphones, calculate the impulse responses, and derive the RT20. The measured RT values in the classrooms,
corresponding to the average of the 500 Hz and 1 kHz octave frequency bands, are shown in Fig. 3. However, the
RT was not used in the empirical model due to the lack of normality in the measured values. The three ’outliers’ in
reverberation time correspond to three sports hall that were used for gymnastics lessons.

Voice support. Instead, the focus in this research was on characterizing the acoustic conditions of classrooms
as perceived by the teachers while talking. A parameter called Voice Support (STV ) is introduced in this paper as a
measure of how much the sound reflections at the room boundaries amplify the voice of the teacher at his/her ears
(NOTE: The exact definition of STV is given below).

The voice support is calculated from an impulse response corresponding to the airborne sound transmission between
the mouth and the ears (or simply, mouth-to-ears impulse response). For this purpose, a Head and Torso Simulator
(HaTS) B&K type 4128 was used. The HaTS included a loudspeaker at its mouth, and microphones at its ears. The
HaTS was placed at a representative teaching position, with the mouth at a height of 1.5 m. The 01dB Symphonie
system was used to produce the excitation signal and determine the mouth-to-ears impulse response from the measured
signal at the microphones. The setup used to measure the mouth-to-ears impulse response is shown in Fig. 4.

From the measured mouth-to-ears impulse response h(t) (example shown in Fig. 5), the direct sound hd(t) is
obtained by applying a window w(t) to the measured impulse response h(t),

hd(t) = h(t)×w(t), (4)
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FIGURE 5. Example of a measured mouth-to-ears impulse response, with the windowing applied in order to calculate the direct
and the reflected airborne sound components of one’s own voice.

where w(t) is

w(t) =

⎧

⎨

⎩

1 t < 4.5 ms
0.5+0.5cos(2π(t− t0)/T ) 4.5 ms < t < 5.5 ms
0 t > 5.5 ms

(5)

with t0 = 4.5 ms and T = 2 ms. The reflected sound hr(t) is the complementary signal

hr(t) = h(t)× (1−w(t)) = h(t)−hd(t) (6)

From the above signals, the energy levels corresponding to the direct sound (LE,d) and the reflected sound (LE,r) are
calculated as

LE,d = 10log
∫ ∞

0 h2
d(t) dt

E0
, (7)

LE,r = 10log
∫ ∞

0 h2
r (t) dt

E0
. (8)

From these two equations, the voice support STV , in analogy to Gade’s objective support [7], is defined as the
difference between the reflected sound and the direct sound from the mouth-to-ears impulse response,

STV = LE,r−LE,d , (9)

The STV values measured in the 30 classrooms of the study, averaged for two HaTS positions and the two ears,
without applying any filtering, are shown in Fig. 6. The average value is indicated with a solid line, whereas one
standard deviation above and below the mean is indicated with dashed lines.

Statistical method

We used a multiple regression to analyze the combined influence of the covariates voice support (STV ) and median
activity noise (L50,N) on the teachers’ median voice levels (L50,S). The two covariates STV and L50,N were fairly
uncorrelated (ρ = −0.07). Additionally, we accounted for possible differences in voice use between the teachers
of the test and control groups (with and without voice problems) by including a binary variable named Test/Control
which indicated which group the teacher belonged to.

Since we considered the effect of STV and L50,N to be potentially different for the teachers of the test and control
groups, we included also the interaction between the Test/Control variable and the two covariates. Nevertheless, the
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FIGURE 6. Voice support values measured in the 30 classrooms, by averaging the results of two positions and the two ears in
each room.

interaction between L50,N and Test/Control was found to be non-significant (F1,48 = 0.15,P = 0.70) and was left out
from the final model.

We fitted the model in R [8] using the function lm. Prior to running the model, we applied the square root, affine
transformation to the activity noise levels

√

75−L50,N , in order to obtain an approximately normal distribution of the
observed values of the covariate. None of the measured noise levels was higher than 75 dB.

This transformed variable, and STV , which already presented an absence of outliers and skew, were further z-
transformed. We checked various diagnostics of model validity and stability (Cook’s distance, dfits, distribution of
residuals, residuals plotted against predicted values) and none of these indicated obvious influential cases or outliers,
nor obvious deviations from the assumptions of normality and homogeneity of residuals [9]. The significance of each
variable in the model was assessed by means of F-tests resulting from an analysis of variance.

RESULTS

Overall, the median voice levels were clearly influenced by the combination of predictor variables in the proposed
statistical model (R2 = 0.69, F4,49 = 27.8, p < 0.001):

L50,S(test) = 81.3−3.87×√

75−L50,N−0.72×STV [dB], (10a)

L50,S(control) = 102.9−3.87×√

75−L50,N +0.84×STV [dB]. (10b)

The effect of the transformed noise levels on the voice levels (F1,49 = 92.2, p < 0.001) was highly significant. The
overall effect of the covariate voice support STV (F1,49 = 0.65, p = 0.43) and the factor Test/Control (F1,49 = 2.12,
p = 0.15) were not significant at the 5% level. However, the interaction between the STV and the Test/Control variable
was found to be highly significant (F1,49 = 16.5, p < 0.001).

The measured L50,S values as a function of STV are shown in Fig. 7. For the average observed noise levels
(L50,N = L50,N), the model (10) is:

L50,S(test) = 69.8−0.72×STV [dB], (11a)
L50,S(control) = 91.4+0.84×STV [dB]. (11b)

For teachers without voice problems (control group), the median voice levels increased with the measured voice
support at a rate of 0.8 dB/dB. On the other hand, teachers with voice problems (test group) lowered their voice levels
the higher the voice support, at a rate of -0.7 dB/dB.
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FIGURE 8. Median voice SPL used by teachers versus median activity noise SPL. The solid lines show the regression model
(12). As a consequence of the Lombard effect, the voice levels increase with the noise levels, equally for teachers with and without
voice problems. However, teachers in the control group use higher voice levels than those in the test group.

The measured L50,S values as a function of L50,N are shown in Fig. 8. For the average observed voice support
(STV = STV ), the model (10) is:

L50,S(test) = 90.6−3.87×√

75−L50,N [dB], (12a)

L50,S(control) = 92.0−3.87×√

75−L50,N [dB]. (12b)

For all teachers, There was an increase of median voice level with the activity noise present during teaching. This
increase was non-linear in the observed range of levels, being more relevant for the highest noise levels. Additionally,
the teachers from the test group talked 1.4 dB on average softer than the teachers in the control group. However, this
difference was not statistically significant with the number of teachers considered in this study.
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DISCUSSION

Teachers from the test group (with voice problems) decreased their voice levels with increasing voice support (-
0.7 dB/dB) in the classrooms, as opposed to the control group (without voice problems, 0.8 dB/dB). The behavior of
the test group would be desirable for the prevention of voice problems. The measurements suggest that teachers from
the test group made good use of the voice support as an adaptive mechanism to preserve their vocal health. This finding
supports the results from a study by Kob et al. [10], who found that teachers with voice problems were more affected
by poor classroom acoustics than their healthy colleagues. The behavior of the teachers in the test group follows the
results of Brunskog et al. [11], who found that teachers lowered their voice levels as a function of the amplification
offered by the room to their own voice. However, the behavior of teachers in the control group does not follow a logical
pattern. A hypothetical answer would be that the voice support increases in rooms with sound reflecting boundaries,
and the activity noise levels would increase in this case. Due to the Lombard effect, the talkers (students and teacher)
would perceive increased noise levels and automatically raise their voices. However, the lack of correlation between
voice support and activity noise invalidates this hypothesis.

Teachers from the test and control groups were equally affected by noise. Both groups increased their vocal intensity
with increasing activity noise, in accordance with the Lombard effect. If the curves are approximated by straight lines
for L50,N above 55 dB, the slope is 0.6 dB/dB, in good agreement with the literature (for example, Lazarus reports
slopes between 0.5 dB/dB and 0.7 dB/dB [12]). The teachers from the test group talked on average 1.4 dB softer than
the control group, although this difference was not significant. Nevertheless, this might be an additional indication that
teachers with voice problems tried to limit their vocal effort in terms of vocal intensity.

CONCLUSIONS

The main conclusions from the field study are the following:

• Teachers with voice problems make a more efficient use of the voice support in classrooms than their healthy
colleagues, probably as an adaptive mechanism to preserve their voice health.

• Teachers with and without voice problems react identically to changes in activity noise, according to the Lombard
effect.
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ABSTRACT 

Purpose: To investigate the vocal behavior and voice use in teachers with self-estimated voice 
problems and their age-, gender and school-matched colleagues without voice problems. The main 
hypothesis was that teachers with and without voice problems act differently with respect to classroom 
acoustics and air-quality, and that the vocal doses would separate the groups. 

Method: This study is a case-control designed field study. Teachers with self-estimated voice-
problems from three schools were matched for age- and gender to voice-healthy school-colleagues, 
n=14 pairs, 12 F/2M. The subjects had been examined for laryngeal-, vocal-, hearing- and 
psychosocial aspects. The teachers’ fundamental frequency, Sound Pressure Level, and phonation-time 
were recorded with an Ambulatory Phonation Monitor during one workday and they also reported 
their activities in a structured diary. The ambient noise level was simultaneously recorded with a 
dosimeter; the room temperature and air quality were also measured. The acoustic properties of the 
classrooms were measured without any students present. 

Results: The results showed that teachers with voice problems behaved differently from their voice 
healthy peers, in particular during teaching sessions. The time and cycle doses were significantly 
higher in the group with voice problems. Also the F0 pattern, related to both voice level and room 
acoustics differed between the groups. The results thus suggest a higher vocal load with fewer 
possibilities for vocal recovery during teaching in subjects with subjective voice problems.  

With this paper we intended to investigate teachers’ voice use in their work-environment. We aimed at 
exploring the vocal behavior in a group of teachers with self-assessed voice problems and to compare 
them to a group of teachers with self-assessed voice health. This is a study within the project 
“speakers’ comfort”.  

One of the most important aspects of teaching is for the teacher to make her- or himself heard. The 
demands on a teacher’s voice are varied. The voice is needed to communicate, instruct and clarify. The 
teaching tasks at elementary and middle school levels can vary from soft, facilitating talk during 
morning assembly, to singing, reading loud, lecturing, and teaching in the sports hall. The most 
important trait of a teacher’s voice is thus to be flexible. However, with high levels of background 
noise and unfavorable room acoustics, this might be an effortful task that may be detrimental to the 
voice. Recently published data suggest that very few teachers in Swedish schools have undergone any 
voice training and that voice amplification is very rare, even in the schools’ sports halls (Lyberg 
Åhlander, Rydell, & Löfqvist, 2010). Thus, teachers are at risk of developing voice problems and there 
is a high prevalence of voice disorders in teaching staff also when compared to other occupations with 
vocal demands (Fritzell, 1996; Roy, Merrill, Gray, & Smith, 2005; Smith, Lemke, Taylor, Kirchner, & 
Hoffman, 1998; Titze, Lemke, & Montequin, 1997). This is also shown by data on sick-leave due to 
voice problems. In a group of teachers who assess themselves as suffering from voice problems, 35% 
compared to 9% in a group of voice healthy teachers reported sick-leave due to voice problems 
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(Lyberg Åhlander, et al. 2010). According to Sapir, Keidar, & Mathers-Schmidt (1993), 0% of a group 
with no occupational vocal demands reported sick-leave for this reason. 

Recent results from comparisons between a group of teachers with self-assessed voice problems and 
their voice-healthy colleagues (Lyberg Åhlander, et al, submitted} indicated that there were no major 
differences between the groups in vocal, laryngeal, hearing or psychosocial aspects. This leads us to 
conclude that, apart from differences in the time needed to recover from voice problems, the 
differences between teachers with and without voice problems might be found in the their daily voice 
use, possibly in combination with the teaching environment.  

During the last decades, a number of research groups have tried to understand teachers’ daily voice 
use, based on the hypothesis that this behavior might differ from what can be seen in laboratory or 
clinical settings. Jonsdottir, Laukkanen &Vilkman (2002), Lindström, Ohlsson, Sjöholm, & Waye 
(2010), Ohlsson, Järvholm, & Löfqvist (1987), Rantala, Paavola, Korkko, & Vilkman (1998). Rantala 
& Vilkman (1999), Rantala, Vilkman, & Bloigu (2002), and Södersten, Granqvist, Hammarberg, & 
Szabo (2002), among others, studied the vocal behavior of subjects at their work place. Hunter and 
Titze (2010) also studied non-occupational time. Parameters that have been used are fundamental 
frequency, sound pressure level, and phonation (or speaking) time.  

The change in fundamental frequency during a workday has been identified as a sign of voice load. 
Rantala et al. (2002) studied teachers’ vocal behavior during a workday, and found a tendency for 
teachers with few voice complaints to increase their F0 level more than their colleagues with many 
complaints. Moreover, Jonsdottír, Laukkanen &Vilkman (2002) found a greater F0 and SPL increase 
in teachers with voice complaints when they used voice amplification compared to when they did not. 
Laukkanen, Ilomaki, Leppanen, & Vilkman (2008) described the rise of F0 as an increase in muscular 
activity, most likely an adaptation to vocal loading during a day at work. In addition, they described 
that the voice changes during vocal loading include a rise of the sound pressure level (SPL) and a 
decrease of jitter and shimmer. Jonsdottír et al. (2002) suggests that an F0 increase is a healthy 
reaction to voice load, prone to promote effective voice function.  

Several different methods to study the vocal behavior in vivo have been developed during the years 
(Airo, Olkinuora, &Sala, 2000; Buekers, Bierens, Kingma, & Marres, 1995; Cheyne, Hanson, & 
Genereux, 2003; Granqvist, 2003; Lindström et al. 2010; Masuda, Ikeda, Manako, & Komiyama, 
1993; Ohlsson, Brink, & Löfqvist, 1989; Popolo, Svec, & Titze, 2005; Svec, Popolo, & Titze, 2003; 
Szabo, Hammarberg, Granqvist, &Södersten, 2003). These devices have used various techniques. The 
ones in use today are based on accelerometers that record fundamental frequency and sound pressure 
level from skin vibrations. Using this technique, it is possible to track the speaker’s voice also in noisy 
environments without recording the background noise. 

Description of the APM and definition of parameters 

The APM, made by Kay-Pentax, is a microprocessor based system, estimating the fundamental 
frequency, SPL, phonation time, and the number of vibratory cycles from skin vibrations captured by 
an accelerometer that is attached to the front of the subject’s neck, above the sternal notch (Cheyne et 
al. 2003; Hillman, Heaton, Masaki, Zeitels, & Cheyne, 2006). The software calculates the mode and 
average of the fundamental frequency in Hz and the mode and average sound pressure level in dB. 
Based on these measures, Titze, Svec, and Popolo (2003) have defined vocal dose measures.  The time 

dose is defined as the total duration of phonation, i.e., the total cumulated time and the percentage of 
this time spent phonating (see Cheyne et al. [2003] for further information about the APM 
microprocessor’s identification of phonation); the cycle dose is the total number of vibratory cycles 
during a period of time (Svec et al. 2003). The cycle dose was originally introduced by Rantala & 
Vilkman (1999) as Vocal Loading Index.  

The teacher does not act alone in the classroom. Results from an earlier study showed that 92% of the 
teachers found the noise from the students to be disturbing (Lyberg Åhlander, Rydell, & Löfqvist 



3 
 

2010). Thus, it is important to consider the effect of the background noise on the teacher’s voice. The 
Lombard effect (Lane & Tranel, 1971) describes the influence of noise on the voice. The speaker 
automatically raises sound pressure level and changes the spectral contents and the of the voice signal 
as the noise level increases. The background noise level in classrooms is usually high, also during 
instruction, as shown by Pekkarinen & Viljanen (1991). Södersten, Ternström, & Bohman (2005) 
investigated the rise of F0 and SPL due to background noise in healthy subjects. They showed that the 
speaker increases the SPL and F0 and prolongs the phonation time when exposed to noise, especially 
continuous noise. In that study, female talkers also reported less success in making themselves heard 
and greater effort to do so. Ternström, Bohman , & Södersten (2006) measured the spectral balance, 
the ratio of energy in the frequency bands 2-6 kHz and .1-1 kHz, and found it to be less negative as a 
function of increasing background noise level and voice SPL. Moreover, Lindström, Persson Waye, 
Södersten, McAllister, & Ternström (in press) showed that there is a large variation in vocal behavior 
due to noise exposure. Thus, it is important to study voice use in real life to further understand the 
vocal behavior and detect possible individual differences in voice use and in the management of vocal 
load.  

Dry air is often mentioned by patients at voice clinics to affect their voices. The dryness of air has 
been proved to affect vocal prerequisites in laboratory settings (Vintturi, Alku, Sala, Sihvo, & 
Vilkman, 2003; Leydon, Sivasankar, Falciglia, Atkins, & Fisher, 2009). However, no field studies 
seem to have been made where the effects of air quality and temperature on voice problems have been 
examined.   

One of the factors that is often mentioned, but seldom studied in relation to the development of voice 
disorders, is the influence of the room acoustics on the teacher’s voice. Pekkarinen &Viljanen (1991) 
concluded that many Finnish classrooms were too reverberant with a resulting reduced intelligibility, 
which may cause the speaker use more effort when speaking. Kob, Behler, Kamprolf, Goldschmidt, & 
Neuschaefer-Rube (2008) studied teachers with different voice status acting in different rooms and 
concluded that teachers with voice problems were more affected by the acoustic properties of the room 
than their voice healthy colleagues. For examining the effect of room acoustics on voice use, one 
useful starting point is the results by Brunskog, Gade, Bellester, & ReigCalbo (2008) on the preferred 
acoustical properties of a room for a good speaker’s comfort. Lacking a measure describing the 
speaker’s perception of the room acoustics, earlier investigations have used measures that focus on the 
listeners’ perspective, like the reverberation time or the speech transmission index (see Rossing, Dunn, 
Hartmann, Murray Campbell, & Fletcher, 2007). Brunskog & Pelegrín Garcia (2010) introduced a 
measure of voice support. It is a measure based on the two properties of the impulse response defining 
the airborne acoustic path between the mouth and the ears. These are the direct sound from the mouth 
to the ears, and the indirect sound from the reflection at the boundaries of the room (Brunskog & 
Pelegrín García, 2010). Thus, the voice support is the ratio between the energy of the reflected sound 
(Er) and the energy of the direct sound (Ed), Equation 1.  

��v � 10log

�


�
     (1) 

This paper presents the results of the measurements of the teachers’ voices with the aim of exploring 
the vocal behavior in a group of teachers with self-assessed voice problems and to compare them to a 
group of teachers with self-assessed voice health. A second aim was to relate the vocal behavior to the 
conditions of the room acoustics, background noise, and air quality in the teaching environment. Some 
of the results are presented in Pelegrín García, Lyberg Åhlander, Rydell, Löfqvist, & Brunskog 
(2010). The study is a field study with case-control design. 
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METHODS 

Subjects and schools 

The subject group, 28 teachers were recruited among the participants in an earlier study (Lyberg 
Åhlander, Rydell, & Löfqvist, 2010). Based on self-ratings of the voice, the teachers with self-
assessed voice problems were age and gender matched to voice healthy colleagues to form 14 pairs 
(12 female and 2 male), all non-smokers. For the present study, the schools that had the highest 
frequency of matched pairs were asked to participate. The teachers worked at three different schools in 
Lund, teaching primary to high school levels. The schools were approximately equivalent to each 
other in size, the number of students and staff and were built during the same decade (mid 1960 to mid 
1970). Two schools taught all levels from primary to junior high, and one junior high level. All 
participants underwent an examinations of the larynx, voice, hearing and psychosocial aspects. 

The subjects were contacted by phone, were informed about the project, and asked if the still wanted 
to participate. Written information was sent by e-mail after the contact was established. Both the 
teachers and the headmasters of the three schools gave their written consent to participate. The 
teachers were further asked to identify a “typical” workday on which the APM measurement could be 
performed. The demographics of the teachers are shown in Table I. There were no differences between 
the groups in age or time in occupation as shown by a t-test.  

Table I. Demographics of n=28 teachers. Group I = teachers with voice disorders. Group II = teachers without 

voice disorders.  

Group Gender F/M Age  
Median (range) 

Time in occupation,  
Median (range) 

Group I, n=14 12/2 41 (24-62) 13 (2-40) 

Group II, n=14 12/2 43 (28-57) 18 (2-28) 

 

Materials 

The data was collected the Ambulatory Phonation Monitor 3200 vers. 1.04 (APM) (KayPentax New 
Jersey, USA). The APM measures the phonation time, when the phonation occurred and estimates the 
teacher’s SPL, and F0 (KayPentax 2009). Based on a pilot study, a diary was developed for the teacher 
to complete during the day, to track the activities of the teacher. The diary had two sections. The first 
consisted of nine questions on general information: the number and grade of the students taught, the 
teaching activities, the distance to and noise-level of students along with one question on voice 
hygiene (intake of water during the lesson). There was also a 100 mm VA-scale for continuous voice 
self-assessment where the subjects rated their current voice status (no voice problems - maximum 
voice problems). The second part consisted of nine questions on voice aspects and one on stress, rated 
on a categorical scale (not at all; partly; moderately and very much). The voice questions were 
modified from the VHI-T (Lyberg Åhlander, Rydell, Eriksson, & Schalén, 2010).   

Simultaneously with the APM recordings, the noise and voice levels at the teacher’s position were 
measured with a sound level meter Svantek, mod. SV-102. The signals were picked with a lapel 
microphone at a distance of 15 cm from the teacher’s mouth. The sound level meter was placed in the 
same waist-bag as the APM box. The acoustic properties of the classrooms were evaluated with the 
following acoustic parameters background noise level, reverberation time, speech transmission index, 
sound strength and room support while the classrooms were empty, due to logistics. Additionally, the 
geometrical dimensions of the room were measured. The air humidity, room temperature and the 
carbon dioxide (CO2) contents of the air were simultaneously measured during the work-hours with an 
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indoor air quality measuring device: Q-Trak IAQ Monitor Model 8550, TSI Inc, USA, analyzed with 
Trak Pro Data Analysis Software.  

APM-procedures 

To avoid possible pollen allergy, data was collected during late January through March 2010. Before 
the workday started, the APM accelerometer was glued to the subject’s neck, just above the sternal 
notch. The cable, connecting the accelerometer and the APM device, was taped to the back of the neck 
and thread under the clothes, exiting the garments at waist level. The APM was calibrated following 
the manufacturer’s recommendations. The teacher stood or sat in front of the calibration microphone, 
with the distance guide (15 cm) resting on the upper lip. The subject was then instructed to phonate on 
the vowel /a/ from the softest to the loudest phonation possible. The APM device was thereafter put in 
a waist-bag. The APM was worn by the teacher during the workday and preferably also after work 
hours. Moreover, the subject was instructed how to complete the diary, which was supposed to be 
filled out after each lesson together with the VA-scale on current voice status. The voice part was 
completed on three occasions: after the first lesson, after lunch and just after the removal of the 
accelerometer.  

Statistics and ethical considerations 

The statistical analyses were computed using SPSS 18.1. For most continuous variables, paired 
samples t-tests were used. Chi-Square tests were used when parameters where categorical. One way 
ANOVA was used to compare variations between activities. The alpha level for all statistical analyses 
was set to .05. The study has been approved by the Institutional Review Board at Lund University 
(#248/2008).  

RESULTS 

Activities and duration-times 

The activities during the day were classified into preparation, teaching, lunch (incl. private lunch and 
lunch with the students), meeting, after work, and exercising. The data were analyzed by comparisons 
between work time, and time after work and teaching (lessons). There were no differences between the 
groups for the type of activity during work time, as shown by a chi-square test for independence, nor 
were there any differences between the groups in duration of each activity, shown by a paired samples 
t-test. No comparisons between males and females were made due to the small group of men. 
Furthermore, no comparisons were made for time off-work, due to a too small number of recordings. 

Phonation-time 

There were significant differences between the groups for percent of voicing during the work-day as 
shown by a paired t-test: Group I (M=20.9 SD=8.1) and Group II (M=15.5 SD=8.0) t(87)=4.870, 
p=.0006. For teaching, there were differences between the groups for percent of voicing, Group I 
(M=23.6 SD=7.1) and Group II (M=17.3 SD=9.0) t(50)=3.929, p=.0003. A one-way ANOVA showed 
significant differences for percent of voicing between activities for Group I: F(1720, 5116)= 6593, 
p=.0002. Post-hoc comparisons using the Tukey HSD test indicated that the mean scores for all 
activities except for “meeting” differed significantly from “teaching”: “teaching: (M=23.6 SD=7.1) 
“preparation/break” (M=18.5 SD=7.2), “lunch” (M=13.5 SD=5.4) “after work” (M=11.9 SD= 5.6). 
The percent of voicing also differenced significantly between some of the activities in Group II 
F(1302, 5842)=4.192, p=.001. The post hoc test indicated significant differences between “teaching” 
(M=17.3, SD=9.0) and the activities “preparation/break” (M=13.4 SD=7.2) and “after work” (M=8.7 
SD=5.0). The phonation time during “teaching”, thus ranges between 17 and 24% (SD=9/7) in this 
material. Further, the number of cycles during work-time differed significantly between the groups as 
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shown by a paired t-test: Group I: M=169 921 SD=162 931 and Group II; M=118 946 SD= 101 247 
t(93)=2.875, p=.005. A one-way ANOVA showed significant differences between activities for both 
groups: Group I F(5, 98)=9.623, p=.0001 and Group II: F(6,113)=10.131 p=.0006. Post-hoc 
comparisons using the Tukey HSD test for Group I indicated that the mean scores for “teaching” 
(M=202 823, SD=117 202) differed significantly from those of “preparation/break” (M=65 252, 
SD=46 842) and “after-work” (M=383 158, SD=332 327). The post-hoc test for Group II only showed 
a significant difference between “teaching” (M=169 829, SD= 93 543) and “preparation/break” (M=47 
228, SD=52 955).  

F0 and SPL, changes during the day 

The variations of F0 and SPL between the different activities were estimated with a one way ANOVA. 
No significant differences were found for any group. When comparing occupational versus non-
occupational time (after work) no significant differences were found for any group for F0 or SPL. The 
F0 and SPL values are shown in Tables II and III. 

Table II. Mean values of F0 and SPL for activities during a day for two groups of female teachers: Group I, 

n=12 teachers with voice problems and Group II n=12 teachers with healthy voices. N denotes number of 

measured sessions. 

Activity F0 Hz (Sd) SPL dB (Sd) 

Break/Planning 

Group I (n=21) 

Group II (n=24) 

 

226 (17) 

235 (23) 

 

70 (5) 

73 (8) 

Teaching  

Group I (n=46) 

Group II (n=41) 

 

237 (25) 

245 (29) 

 

72 (5) 

75 (7) 

Meeting 

Group I (n=5) 

Group II (n=11) 

 

224 (16) 

233 (31) 

 

66 (2) 

73 (8) 

Lunch 

Group I (n=7) 

Group II (n=13) 

 

241 (35) 

235 (22) 

 

71 (7) 

75 (9) 
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Table III. Mean values of F0 and SPL for activities during a day for four male teachers from two groups: Group 

I, n=2 teachers with voice problems and Group II n=2 teachers with healthy voices. N denotes number of 

measured sessions. 

Activity F0 Hz (Sd) SPL dB (Sd) 

Break/Planning 

Group I (n=5) 

Group II (n=2) 

 

170 (17) 

136 (6) 

 

87 (10) 

70 (4) 

Teaching  

Group I (n=7) 

Group II (n=5) 

 

194 (25) 

169 (20) 

 

95(9) 

76 (5) 

Meeting 

Group I (n=1) 

Group II (n=2) 

 

- 

153 (25) 

 

- 

76 (8) 

Lunch 

Group I (n=1) 

Group II (n=1) 

 

- 

- 

 

- 

- 

 

Fundamental frequency and sound pressure level 

There was a difference between the groups in the direction of the correlation coefficients, correlating 
F0 to SPL during teaching. Group I: r= -.379 whereas Group II: r= .295. As shown in Figure 1, this 
indicates that the group with voice problems decreases the F0 when increasing the SPL, but the voice 
healthy group increases the F0 when increasing the SPL.  

 

 

 

 

 

 

 

 

 
Figure I. Plot of sound pressure level and fundamental frequency during teaching. 

Air quality parameters 

There were no differences in temperature between the classrooms of the groups, the temperature 
ranging from 17,3°-25,1°C (Median 22°C). Similarly, there were no significant differences between 
the rooms for the aspects of air-quality or humidity. The mean for air-quality,CO2 measured in 
particles/million (ppm) = 670 (SD =139) and for Humidity, in % = 26% (SD=5,3). A standard multiple 
regression-model did not find any parameter to be significantly contributing to differences in F0 or 
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SPL in any group. For a proper comparison of these measurements the back-ground noise needs to be 
taken into consideration and thus, these results are to be presented elsewhere. 

Diary and VAS estimates 

There were significant differences between the groups for the following questions as shown by a chi-
square test for independence: voice-fatigue; throat-clearing; throat-ache; tenseness of throat; 
hoarseness; air-loss and stress-level. There were no differences for voice changes during speech, 
difficulties in making oneself heard, or coughing. The distribution of the answers along with χ 2 and p-
values emerge from Table IV a & b. 

The estimations of voice problems during the day on a VA scale showed significant differences 
between the groups according to a paired t-test: Group I (M=32,3 SD=20,8) and Group II (M=11,2 
SD=11,8) t(19)=3.441, p=.003. An ANOVA showed no differences between teaching-sessions. 

Table IV. The result of Chi-square test for independence of the diary-questions in two groups of teachers: Group 

I: teachers with voice problems (n=14), Group II: teachers without voice problems (n=14).. Distribution are 

presented in % . Chi-square values, degrees of freedom and p-values are also provided. Number of answers: 

Group I: n=42, Group II: n=43. 

a) 

Question No 

(%) 

Partly 

(%) 

Moderately 

(%) 

Much 

(%) 

χ
 2 (Df) p 

Do you perceive voice fatigue? 

Group I  

Group II  

 

29 

58 

 

48 

40 

 

19 

2 

 

5 

0 

12,245 (3) 0.007 

Does your voice break or tire? 

Group I  

Group II 

 

64 

86 

 

29 

12 

 

5 

2 

 

2 

0 

5,757 (3) 0,12 

Do you have difficulties in making yourself 
heard? 

Group I  

Group II 

 

 

67 

74 

 

 

29 

23 

 

 

5 

2 

 

 

0 

0 

0.770 (2) 0,68 

Do you have a need to clear your throat?  

Group I  

Group II 

 

31 

44 

 

36 

46 

 

17 

9 

 

17 

0 

9,647 (3) 0.02 

Do you have a need to cough? 

Group I  

Group II 

 

57 

79 

 

26 

14 

 

12 

7 

 

5 

0 

5,684 (3) 0,128 

Does your throat ache? 

Group I  

Group II 

 

52 

81 

 

33 

16 

 

9 

2 

 

5 

0 

9,088 (3) 0,03 

Is your throat tense? 

Group I  

Group II 

 

38 

70 

 

43 

28 

 

17 

2 

 

2 

0 

10,951 (3) 0,01 

Do you have a hoarse voice? 

Group I  

Group II 

 

67 

77 

 

14 

21 

 

19 

2 

 

0 

0 

6,443 (2) 0,04 
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b) 

Question  (%)  (%)  (%)  (%) χ
 2 (Df) p 

Do you have enough air when you 
talk? 

Group I  

Group II 

Always 
 

52  

84 

Nearly 
always 

45 

16 

Almost 
never 

2 

0 

Never 
 

0 

0 

9,907(2) 0,007 

Stress-level 

Group I  

Group II 

Low 

45 

35 

Rel. low 

31 

58 

Rel. high 

19 

7 

High 

5 

0 

8,522 (3) 0,04 

 

DISCUSSION 

There was a clear difference between the teachers with voice problems and their voice healthy 
colleagues in their own assessments of vocal aspects during the day. Also the VAS estimations were 
significantly higher in the group with voice problems. Moreover, the groups seemed to use different 
strategies for F0 control in relation to increasing sound pressure levels: the group with voice problems 
did not raise their F0 with increasing SPL whereas the voice healthy group raised the F0 with the SPL- 
increase. Interestingly, the voice-problem group either kept the F0 stable or decreased it, see Figure 1. 
According to Gramming, Sundberg, Ternström, Leanderson, and Perkins (1988) a ”normal” increase 
of F0 is 0.5 semitone/dB.  

The rise of the fundamental frequency as a reaction to voice load has been found in other similar 
studies. Laukkanen et al. (2008), and Jonsdottir, Laukkanen & Vilkman (2002) showed this rise to be 
more evident after voice amplification. Rantala &Vilkman (1999) found F0 changes to be significant 
in a group of teachers with few complaints of voice problems but not in the group with many 
complaints. The difference between the groups in the present study confirms this line of reasoning. We 
suggest that a rise of F0 should be occurring as a healthy adaption to voice load. A non-rise of F0 
might either contribute to or be the consequence of voice problems. We may speculate that the non-
occurring F0 rise might reflect a loss of tissue flexibility, a difference in behavior or of neuro-
muscular capacity. The measurement of F0 in relation to SPL during a work day is thus an important 
measure for the detection and objective verification of voice problems. 

One of the two questions in the diary that separated the groups the most was, not surprisingly, the 
question about perceived vocal fatigue. The answers to the question of loss of air while talking (do you 
have enough air when you talk?) might of course reflect an insufficient breathing technique. We may 
speculate that loss of air during talking also can mirror an underlying functional incompetency of the 
vocal apparatus or a compensatory behavior to reduce the phonatory effort. 

The measured F0 and SPL values depend also on the teachers’ vocal behavior in relation to the room 
acoustics and the background noise. These aspects were examined for all the subjects in this study by 
Pelegrín García, Lyberg Åhlander, Rydell, Brunskog, & Löfqvist (2010). The results showed that both 
groups are equally affected by noise and behave in accordance with the Lombard effect (e.g., Lane & 
Tranel, 1971), increasing their voice intensity with increasing background noise. The teachers in 
Group I talked 1.4 dB softer than their voice healthy colleagues. An interesting finding is the behavior 
in relation to the room support, where the two groups showed opposite trends. The teachers in Group I 
decrease the SPL of the voice with increasing support in the classrooms, but the teachers in Group II 
increase it. The results thus show that different individuals make different use of the room acoustics. 

The room support is a measure of the help that the talker gets from the room (Brunskog, Gade, 
Bellester, & Reig-Calbo (2009). These results are intriguing. One possibility is that teachers 
experiencing voice problems are more attentive to the room acoustics, because they have to, in order 
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to preserve their vocal health. Another possibility is that they are too affected by their voice problems 
to be able to behave differently. The combined results of their behavior in relation to the room support 
and their decrease of F0 in relation to increasing SPL of their own voice might indicate a loss of vocal 
flexibility, since healthy subjects would raise their F0 with increasing SPL.  

We don’t know, however, if wearing the APM influenced the teachers’ vocal behavior during the day. 
Apart from some comments on the cables being in the way at some points during the day, the device 
caused no problems for the subjects. Nor do we know if the measurements influenced the students’ 
behavior. Some of the smaller children reacted when they saw the accelerometer and even told their 
peers: “better keep the voice low today, miss xxx has a sore throat”. However, the teachers did not 
note any differences in the behavior of the children. Perhaps more importantly, the measurements were 
made during a single day. The day was chosen by the subjects for being a “normal” day at work. 
However, Masuda, Ikeda, Manako, and Komiyama (1993), concluded that their measurements of 29 
subjects over several days did not vary between days within the one and same subject. Based on these 
findings, the chosen day is most likely representative of the subjects’ daily pattern of voice use.  

Cycle and time doses 

The time and cycle doses are two of the potentially most useful measures for understanding the 
stresses on the tissue of the vocal folds during phonation (Svec, Popolo, & Titze, 2003; Titze, Svec, & 
Popolo, 2003). There were significant differences between the groups for both doses in our material. 
The percentage of phonation was significantly greater in the voice problem group (24% vs 17%) 
which confirms the findings by Rantala & Vilkman (1999). Our result of 17-24% of percent of voicing 
is in line with the findings of others for the teachers’ time at work. Earlier studies have reported of 
phonation-time in teachers. Masuda et al. (1993) reported a phonation-time of 20%, Titze, Hunter, & 
Svec (2007) a phonation-time of 23% and in a recent study Hunter & Titze (2010) reported phonation-
times as high as 30%, +/-11%. Södersten et al. (2002) reported a phonation-time of 16.9% in pre-
school teachers. When making comparisons of phonation-time between countries it is, however, 
necessary to take into account possible differences in teaching methods. In Sweden today, co-teaching 
is rather common, especially at the elementary and middle school levels. Moreover, there is a general 
paradigm shift towards a more student-focused teaching style. To teach under such circumstances 
means less need to lecture in a traditional manner and probably also means better possibilities for 
vocal rest.  

Also the cycle dose differed significantly between the groups for the time at work, with the higher 
dose in the group of teachers with voice problems. This measure was originally introduced as Vocal 
Loading Index by Rantala & Vilkman (1999) and had a moderate correlation with the voice 
complaints in their subjects. That is, the more voice complaints, the higher the VLI values. The 
selection of the teachers for the two groups in the present study was based on the teachers’ own 
assessment of voice problems (Lyberg Åhlander, Rydell & Löfqvist, 2010). A higher cycle dose in the 
group with voice problems may thus indicate the usefulness of the cycle dose as measure of vocal 
load.  

Recovery 

The importance of pauses, both long and short, has been identified in relation to voice recovery after 
vocal load (Carroll, Nix, Hunter, Emerich, Titze & Albaza, 2006; Hunter & Titze, 2009; Titze, Hunter 
& Svec, 2007; Vintturi, Alku, Lauri, Sala, Shivo & Vilkman, 2001). Short pauses occur during 
breathing and swallowing. An earlier study by Lyberg-Åhlander, Rydell & Löfqvist (2010) concluded 
that the subjects with voice problems, also included in the present study, reported significantly longer 
times for recovery after voice load than their voice-healthy colleagues. In the present study, the 
difference in both vocal- and time dose between the groups indicate a difference in vocal load. This 
may also reflect a difference in the pausing during phonation. Carroll, Nix, Hunter, Emerich, Titze, & 
Abaza (2006) found that singers rated their vocal effort and inability to produce soft voice harsher 24-
72 hrs after a peak of voce load. The authors speculate that this time lag might represent injury and 
healing of the lamina propria. Our results of the higher vocal dose in the teachers with voice problems 
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and the difference in estimated recovery times between the vocally affected and the voice healthy 
groups might indicate that there are changes taking place at a micro-level.  

The lunch-break may be considered to be a time for pause and recovery. Lindström et al. (2010) 
observed a decrease in F0 during lunch time. We did not find such a decrease. Instead there were 
peaks for both SPL and F0 during lunch-time, probably due to a number of teachers having lunch with 
the children in so called “pedagogic lunches”. 

Air quality and temperature 

Albeit, there were no differences in temperature between the classrooms of the groups, with 
temperature ranging from 17,3°-25,1°C, the high temperature in some classrooms is still worth to 
comment on. The present measurements were made during the winter, which means that the 
temperature comes from indoor heating. There is evidence that mild heat might be subduing (Hygge, 
1991), making the children sleepy and un-focused. Thus, most probably the higher temperatures may 
cause the students to be noisier, due to their need to stay alert which contribute to the voice-load.  

The mean CO2 levels were below the Swedish regulation for indoor work, 1000 ppm (AFS, 2009), 
but, in a few rooms the CO2 level exceeded the stipulated maximum value. The air-humidity measures 
are more complicated compared to the other measures, as it is not possible to set a limit value 
(Swedish occupational safety and health administration). The mean humidity estimate was low, 26%, 
which is normal during the winter in Sweden (AFS, 2009). However, Sivasankar & Fisher (2003) and 
Sivasankar, Erickson, & Schneider (2008) conclude that oral breathing increases the phonation 
threshold which in turn, results in increased vocal effort. Thus, a dryer indoor climate may increase the 
vocal load. 

To closer investigate the contributions from the indoor-climate, the results of the measurements of air-
quality and temperature in this study may be correlated to changes in F0 and SPL levels. However, the 
results need to be discussed in relation to the back-ground noise. This is beside the scope of this paper 
and, such correlations thus will be discussed elsewhere.  

Conclusion 

The APM measurements of two groups of teachers showed that teachers with self-estimated voice 
problems differed from their age-, gender- and school-matched voice healthy peers in several aspects 
of voice use in particular during teaching sessions. The time- and cycle doses were both significantly 
higher in the group with voice problems. This suggests a higher vocal load with fewer opportunities 
for vocal recovery during teaching. Moreover, the pattern of F0 changes in relation to both room 
acoustics and the SPL of the voice differed between the groups, possibly indicating a reduced vocal 
flexibility in the group with voice problems.  
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Objective acoustic parameters were measured in 30 school classrooms. These parameters include
usual descriptors of the acoustic quality from the listeners’ standpoint, such as reverberation time,
speech transmission index, sound strength, and background noise levels, and two descriptors of the
acoustic properties for a talker: voice support and room gain. The paper describes the measurement
method for these two parameters and presents a prediction model for voice support and room gain
derived from the diffuse field theory. The voice support for the medium-sized classrooms with
volumes between 100 and 250 m3 lies in the range between -14 and -9 dB, whereas the room
gain is in the range between 0.2 and 0.5 dB. The prediction model for voice support describes the
measurements in the classrooms with a coefficient of determination of 0.84 and a standard deviation
of 1.4 dB. Regression models for early and late sound strength show that the level of early reflections
decrease with distance as previously reported in the literature. However, the level of late reflections
after 50 ms is apparently uniform at all the positions in the room.

PACS numbers: 43.55.Hy, 43.70.Mn

I. INTRODUCTION

Learning spaces or classrooms are environments where
people spend a large amount of their lifetime, mainly ded-
icated to acoustic communication tasks. Students spend
the early part of their lives listening to the teacher in
classrooms in order to learn, and also need to communi-
cate efficiently with other fellow students and the teacher.
The success in communication is fundamental to develop
the full potential of every student. At the same time,
school classrooms are the working place of teachers, who
represent an important percentage of the working popu-
lation. Acoustical conditions have to be evaluated both
for teachers and students.

Most of past research in classroom acoustics has been
devoted to the acoustic design for students. The nega-
tive effects of noise on children perception and perfor-
mance have been observed,1–3 the effect of reverbera-
tion on speech intelligibility has been quantified,4,5 and
the combination of noise and reverberation has been ob-
ject of a number of studies.6–9 Different magnitudes are
used to predict speech intelligibility: signal-to-noise ra-
tios, useful-to-detrimental ratios, and speech transmis-
sion index (STI).10,11

Acoustic conditions are also important for teachers.
Teachers suffer from voice disorders in a higher propor-
tion than in the rest of the population12 (around 13% in
Sweden13 and a similar proportion in the US12), which
is most likely due to the high vocal requirements that
the teaching occupation demands. Noise and bad class-

a)Electronic address: dpg@elektro.dtu.dk

room acoustics are often reported risk factors for voice
disorders.14 Talking in the presence of high noise levels
results in the use of higher voice power levels than re-
quired to talk in soft noise conditions. This is known as
the Lombard effect,15 and it is estimated that for each
dB of noise, the talker raises his voice power level be-
tween 0.5 and 0.7 dB. In the presence of low background
noise, talkers still modify their voice power under differ-
ent room acoustic conditions,16 even when the distance
between talker and listener is kept constant.17

The magnitude room gain16–18 has a negative correla-
tion with the voice power levels used by talkers in differ-
ent rooms. The room gain is defined as the gain applied
by the room to the voice of the talker at his own ears, rel-
ative to free-field. However, this magnitude has a low dy-
namic range, and the use of voice support seems more ap-
propriated in room acoustics.18 The voice support is con-
ceptually equivalent to Gade’s objective support19 used
in the assessment of the acoustic conditions for musicians
in concert halls.

A number of surveys have analyzed the acoustic con-
ditions of school classrooms based on measurements of
reverberation time and background noise,20 many times
reporting measures of speech intelligibility.7,21,22 The
decay of speech level with distance has received some
attention,23,24 because it is important for the prediction
of the signal-to-noise ratio at different positions in the
classroom.

Despite the importance of assessing the acoustic con-
ditions for a talker, there are no studies that report room
gain, voice support or other talker-related parameters in
school classrooms. Some studies advice about possible
detrimental effects of poor acoustic conditions on vocal
loading.22,25 The present paper aims at providing some
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information in this respect, giving some reference values
for voice support and room gain in typical school class-
rooms. In addition, the two parameters are explained in
more detail than previously reported18 and a prediction
model based on the diffuse-field theory is presented.

II. THEORY

A. Definition and calculation of voice support and room
gain

Brunskog et al.16 introduced the parameters room gain
and voice support, and Pelegrin-Garcia18 suggested an
alternative method for the calculation of these two pa-
rameters from a single impulse response. The procedure
followed in the present paper is based on the latter ap-
proach, although it is refined regarding the frequency
weighting. Given the IR (impulse response) measured
with a dummy head between the mouth and the ears
hME(t), the room gain GRG is defined as difference be-
tween the total energy level of the IR Lt and the energy
level of the direct sound Ld. The voice support STV is
defined as the difference between the energy level of the
reflections coming back from the boundaries Lr and the
energy level of the direct sound,

GRG = Lt − Ld, (1)
STV = Lr − Ld. (2)

Assuming that the total energy is the sum of the direct
and reflected energies,

GRG = 10 log
(
10

STV
10 + 1

)
. (3)

The practical calculation of the voice support from the
IR is illustrated in the diagram of Fig. 1.

The IR measured between mouth and ears is split into
two branches: the top one is multiplied by a window
wd(t) to extract the direct sound hd(t) and the low branch
is multiplied by a window wr(t) to extract the reflected
sound hr(t). The two window functions are defined as

wd(t) =

 1 t < 4.5 ms
0.5 + 0.5 cos (2π(t− t0)/TW ) 4.5 ms < t < 5.5 ms
0 t > 5.5 ms

(4)

wr(t) = 1− wd(t) (5)

with TW = 1 ms. To separate the direct and the reflected
components, the mouth/source and the ears/receivers
must be located at least one meter away from reflect-
ing surfaces or scattering objects other than the dummy
head and the mounting elements. The window for the
reflected sound is intended to include all the decaying
energy of the IR, because all of it contributes to increase
the loudness of one’s own voice.

The next stage in the diagram of Fig. 1 is the spec-
tral analysis. The direct sound IR hr(t) is decomposed

TABLE I. Relevant frequency-dependent quantities used in
the prediction model of voice support.

Band i 1 2 3 4 5 6
Frequency [Hz] 125 250 500 1000 2000 4000

Typical speech SPL on-axis at 1 m
Ld,1m [dB] 44.9 57.3 61.8 58.2 53.7 48.9

Difference with SPL at eardrum
Ld − Ld,1m [dB] 13.1 11.8 11.7 13.5 15.3 14.1

Typical speech levels at the eardrum
Lref,ears [dB] 58.0 69.1 73.5 71.7 69.0 63.0

Relation between LW and on-axis SPL at 1 m
Ld,1m − LW [dB] -9.5 -8.1 -9.2 -9.5 -7.0 -6.0

Constant K for model Eq. (18)
K [dB] 3.6 3.7 2.5 4.0 8.3 8.1

Directivity of human speech on downward direction
Q∗ [dB] 0.95 0.78 0.79 0.60 0.21 0.25

Diffuse field HRTF
∆LHRTF [dB] 0 0 2 4 11 13

into narrow band components hr,i(t) by using a filter-
bank composed of six one-octave band filters with the
standardised center frequencies between 125 Hz (i = 1)
and 4 kHz (i = 6). The energies Ed,i and energy lev-
els Ld,i are calculated for each band. The same spectral
analysis is applied to the reflected sound. The energy
levels for the direct sound Ld,i are subtracted from the
reflected sound Lr,i, obtaining the values of voice support
in one-octave bands STV,i. These values are weighted
with a typical speech spectrum at ears Lref,ears shown in
Table I. These levels have been determined from typical
anechoic speech levels on-axis at 1 m26 and the relation
between the SPL on-axis at 1 m Ld,1m and the SPL at the
eardrum measured in anechoic chamber Ld. The overall
weighted reference direct sound level L̃d and reflected
sound level L̃r are

L̃d = 10 log

(
6∑

i=1

10
Lref,ears,i

10

)
(6)

L̃r = 10 log

(
6∑

i=1

10
Lref,ears,i+STV,i

10

)
(7)

From which the overall speech-weighted voice support
(or simply, voice support) is finally calculated as

STV = L̃r − L̃d = 10 log

6∑
i=1

10
Lref,ears,i+STV,i

10

6∑
i=1

10
Lref,ears,i

10

. (8)
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FIG. 1. Block diagram for the calculation of the parameter voice support.

B. Prediction model

Using the definition of STV in Eq. (2), a prediction
model must account for the relation between the direct
and the reflected sound at the ears, when the mouth acts
as a source. To build this model, it is assumed that
the measurement equipment is a HATS (head and torso
simulator) B&K (Brüel & Kjær Sound & Vibration Mea-
surement A/S; Nærum, Denmark) type 4128.

In general, the sound pressure level (SPL) caused by a
point source with sound power level LW at a distance r
in free-field (direct sound level, Ld) is

Ld = LW + 10 log
(

Q

4πr2

)
, (9)

where Q is the directivity of the source. If the source is
radiating into half-space (e.g. due to the presence of a
reflective plane, like a typical floor) Q becomes 2. When
this source is placed in a room, the SPL increases due to
sound reflections at the boundaries. The SPL in a room
Lp becomes

Lp = LW + 10 log
(

Q

4πr2
+

4
R

)
, (10)

where R = Sᾱ/(1 − ᾱ) is sometimes called “room con-
stant”, S is the total surface area of the room and ᾱ is the
mean absorption coefficient, which is derived from the
volume V and the reverberation time T measurements
through Sabine’s formula ᾱ = 0.161V/(S × T ). The re-
flected sound level, Lr, due to the reflections alone is

Lr = LW + 10 log
(

4
R

)
. (11)

For predicting STV , it would be enough to substitute
Eqs. (9) and (11) into (2). However, there are three fac-
tors that make the calculation of STV slightly different:

1. Modeling of the direct sound

To account for the special propagation between mouth
and ears, instead of using Eq. (9), Ld is related to LW

through

Ld = LW + K, (12)

where

K = (Ld − Ld,1m) + (Ld,1m − LW ). (13)

By introducing this pair of terms, the value of K is de-
composed in two quantities. The first quantity, (Ld −
Ld,1m), is determined by the simultaneous SPL measure-
ment at the ears and one meter in front of the mouth of a
HATS B&K 4128 reproducing pink noise in an anechoic
chamber. The second quantity, (Ld,1m − LW ), is deter-
mined from the speech directivity patterns measured by
Chu and Warnock.27 The values of the two quantities and
K in the different frequency bands are shown in Table I.

2. Ground reflection

The level of a sound reflection from the ground Lrefl

would be

Lrefl = LW + 10 log
(

Q∗

4π(2d)2

)
(14)

at the position of the source, which is at a height d from
the ground. Q∗ is the directivity factor of speech in the
downward direction (derived from Chu and Warnock27)
and its frequency-dependent values are shown in Table I.
The height d can be regarded as 1.5 m, which corresponds
to the mouth position of a standing female talker.

In these conditions, the expected amount of reflected
sound at the position of the dummy head (without it
disturbing the sound field) would be

Lr = LW + 10 log
(

4
R

+
Q∗

4π(2d)2

)
. (15)

3. HRTF correction

Actually, the artificial head used for measurements dis-
turbs the sound field. Therefore, it is necessary to apply a
correction term that relates the SPL at the measurement
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FIG. 2. Voice support versus room volume for a room of
proportions 28:16:10 according to the predictions of the model
in Eq. (18), for different values of reverberation time.

position when the equipment is present to the SPL at
the same position in the absence of the equipment. In the
case of the HATS, this correction corresponds to the defi-
nition of the head related transfer function (HRTF) and is
notated as ∆LHRTF. This magnitude is usually direction
dependent. As the reflected sound can arrive from many
different directions, a direction averaged quantity—the
diffuse field ∆LHRTF—given by the manufacturer28 is
used (see Table I).

Therefore, the reflected sound measured with the
HATS is

Lr = LW + 10 log
(

4
R

+
Q∗

4π(2d)2

)
+ ∆LHRTF. (16)

Finally, combining Eqs. (12) and (16) into (2), the
frequency-dependent model for voice support is

STV = 10 log
(

4
R

+
Q∗

4π(2d)2

)
+ ∆LHRTF −K, (17)

or in terms of directly measurable variables

STV = 10 log
(

24.8T

V
− 4

S
+

Q∗

4π(2d)2

)
+ ∆LHRTF −K.

(18)
The results from the individual bands should be weighted
to obtain a single value by means of Eq. (8). Fig-
ure 2 shows an example set of curves for calculating STV

from V and T , assuming that the room has proportions
28:16:10 and the reverberation time has a flat frequency
characteristic.

III. MATERIAL AND METHOD

Acoustic measurements of the objective parameters T ,
sound strength G, STI, STV , GRG, and background noise
level were performed in 30 unoccupied but totally fur-
nished school classrooms. The physical dimensions of
the rooms are shown in Table II. According to the vol-
ume, the rooms were classified into three groups: small

TABLE II. Average (standard deviation) dimensions and vol-
umes of the measured school classrooms

Group size W (m) L (m) H (m) Volume (m3)
Small 4.5 (0.8) 3.3 (0.8) 2.7 (0.2) 40.6 (18.3)

Medium 8.9 (1.7) 7.0 (1.0) 2.8 (0.2) 180.2 (61.6)
Large 23.6 (2.4) 20.8 (0.2) 7.4 (0.7) 3614.3 (77.0)

(V < 100m3), medium (100 < V < 500m3), and large
(V > 3500m3) classrooms. The rooms in this last group
were sports halls where gymnastic lessons took place.

A. Background noise level measurements

The A-weighted, 10-second equivalent background
noise levels (LN,Aeq) were measured in the empty class-
rooms using the 01dB Symphonie system with two mi-
crophones B&K type 4192. For each classroom, the mea-
surements across four positions were averaged.

B. Measurements with an omnidirectional sound source

1. Reverberation time and speech transmission index

T and STI were derived from the measurements of the
room IR hRIR(t) using an omnidirectional sound source
B&K type 4295 “Omnisource”. The source was placed
at two different teaching positions and with the radiat-
ing opening at a height of 1.6 m pointing upwards. Two
1/2” pressure-field microphones B&K type 4192 were
used as receivers and were placed close to student seats
at a height of 1.2 m. The 01dB (01dB-Metravib; Limon-
est Cedex, France) Symphonie system, incorporating the
MLS software module, was used to produce the measure-
ment signal and send it to the loudspeaker via a power
amplifier, acquire the signal from the microphones, cal-
culate the IR, and derive the parameters T and index
STI. T was obtained by evaluating the backwards inte-
grated curve29 of the room IR in the decay interval from
-5 to -25 dB. A single value descriptor corresponding to
the average on the frequency bands between 500 Hz and
2 kHz T500−2k is given. The average (SD) values of the
signal-to-noise ratio of the IR measurements in the dif-
ferent classroom groups were 52 dB (4.1 dB) in small
classrooms, 46 dB (5.4 dB) in middle classrooms, and
34 dB (5.4 dB) in sports halls.

2. Sound strength

The sound strength G30 was derived from the same
IR measurements as T and STI. However, the amplifier
levels were not kept constant during the measurements
and therefore it was necessary to post-process the room
IR files. An auxiliary IR was used: the free-field response
of the loudspeaker hdir(t), measured at a distance of 10 m,
with the direct sound peak placed at t = 0, and the peak
amplitude normalized to 1. The diagram to extract the
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sound strength due to the early reflections arriving in the
first 50 ms Ger and the late reflections arriving after 50
ms Glate is shown in Fig. 3.

First, hRIR(t) was analyzed to extract the time loca-
tion t0 of the peak corresponding to the direct sound,
which had an amplitude ppeak. This value of t0 was used
to normalize the amplitude of the whole signal so that
the direct sound peak had an amplitude 1/(c · t0), where
c is the speed of sound in air at normal condition. In ad-
dition, hdir(t) was scaled to a peak amplitude of 1/(c · t0)
and delayed so that the peak was located at t0. The
scaled-delayed version of the direct sound was subtracted
from the scaled room IR to obtain an IR corresponding
to the reflections hrefl(t),

hrefl(t) =
1

ppeak · c · t0
hRIR(t)− 1

c · t0
hdir(t− t0). (19)

The choice of this method (instead of windowing) for sep-
arating the reflected sound from the direct sound is due
to the fact that, at long distances, the path difference be-
tween direct and reflected sound is too small to separate
the two components by windowing. It is assumed that
the direct sound preserves the same shape at all distances
and all rooms with only a change in amplitude and de-
lay. This is not completely true, due to air absorption
and atmospheric differences among measurement condi-
tions, but its effect is regarded as small.

The direct sound at 10 m, 1/10× hdir(t) was analyzed
in the six one-octave bands between 125 Hz and 4 kHz,
and the resulting energy levels (re 1) Lref were used as
the reference levels for the computation of G. The early
reflections were determined from hrefl(t) by applying a
window function wer(t), which is one from 0 to t0+50 ms
and zero afterwards. The late reflections were deter-
mined by applying the complementary window function
wlate(t) = 1 − wer(t) to hrefl(t). The energy levels for
early (Ler) and late (Llate) reflections were calculated.
Ger and Glate were calculated by subtracting Lref from
Ler and Llate,

Ger = Ler − Lref (20)
Glate = Llate − Lref . (21)

The sound strength for the reflected sound Grefl is

Grefl = 10 log
(
10Ger/10 + 10Glate/10

)
(22)

The sound strength for the direct sound Gdir is

Gdir = 10 log(100/d2). (23)

From the previous quantities, G is calculated as

G = 10 log
(
10Gdir/10 + 10Grefl/10

)
(24)

Usually, G is described with a single-value, namely the
average of the values at 500 Hz, 1 kHz, and 2 kHz
(G500−2k).

C. Measurements with a dummy head

STV was calculated from the measurement of an IR
corresponding to the airborne sound transmission be-
tween the mouth and the ears in the empty classrooms.
For this purpose, a HATS B&K type 4128 was used. The
HATS included a loudspeaker at its mouth, and micro-
phones at its ears. The HATS was placed at a represen-
tative teaching position, with the mouth at a height of
1.5 m, and more than 1 m away from reflecting surfaces.
The 01dB Symphonie system was used to produce the ex-
citation signal and determine the mouth-to-ears impulse
response from the measured signal at the microphones.
For each classroom, the STV values of the two ears at two
different positions were averaged. GRG was calculated by
applying Eq. (3) on the STV values.

D. Prediction model for voice support

The prediction model for STV in Eq. (18) was eval-
uated in one-octave frequency bands by using the
frequency-dependent measured values of T , along with
the volume and total surface area of the classrooms. In
addition, a broadband value (speech-weighted STV ) was
calculated from the frequency-band values using Eq. (8).

The prediction model was assessed by comparing the
measured and the predicted STV values. In each fre-
quency band (or overall speech-weighted), a regression
line of the type STV,pred = a·STV,meas+b, where STV,pred

is the regressor for the predicted values of voice support
(notated as STV,pred), STV,meas are the measured values,
and a and b are the coefficients of the regression line.
Ideally, a perfect model would result if the predicted and
the measured values were equal (STV,pred = STV,meas).
Nevertheless, an unbiased model would result if a = 1
and b = 0, i.e. STV,pred = STV,meas.

The goodness of fit of the prediction model was eval-
uated with three parameters: a) the R2 of the linear
regression model for the measured versus predicted val-
ues, b) the residual deviation σε of the predicted values
from this regression line, and c) the deviation σT of the
predicted values from an unbiased prediction, which is a
measure of the bias in the prediction.

σ2
ε =

1
N − 1

N∑
i=1

(STV,pred − STV,pred)2 (25)

σ2
T =

1
N

N∑
i=1

(STV,pred − STV,meas)2 (26)

IV. RESULTS

A. Correlation between parameters

The correlation coefficients between the measurements
of the magnitudes V , log(V ), LN,Aeq, T500−2k, G500−2k,
STI, GRG, and STV are shown in Table III. LN,Aeq has
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FIG. 3. Block diagram of the post-processing applied to the the impulse responses to extract the sound strength of early and
late reflections

very low correlation with all the other parameters, be-
cause it is not determined from physical properties of
the room, but depends on different noise sources from
installations inside the room, and from other external
noise sources (traffic noise, students in neighboring class-
rooms, corridors, or playground). The reverberation time
is correlated to the volume and negatively correlated to
the STI. The voice support is strongly correlated to the
logarithm of the volume, as expected from the predic-
tion model in Eq. (18), and to the sound strength. Both
parameters are descriptors of the amplification of sound
due to reflections. The presence of some high correla-
tion coefficients is largely caused by the large measured
range of volume and most of the other parameters of the
classrooms.

B. Background noise levels

The mean and maximum background noise levels (A-
weighted and in one octave frequency bands) are shown
in Table IV. Although it is not explicitly shown, 73.3%
of the classrooms had LN,Aeq lower than 35 dB, another
13.3% between 35 and 40 dB, and the remaining 13.3%
of the measurements were between 40 and 45 dB. In most
of the cases, the noise sources corresponded to the venti-
lation systems, although in a few cases, the background
noise was affected by external sources, such as neighbor-
ing activities, playground, and traffic. The background
noise levels were similar for all room sizes, although the
overall level in the large rooms was slightly higher than
in smaller rooms. In all cases, low frequency noise was
markedly dominating. This is an indication that the
sources, in most of the cases, were in fact machinery of
the ventilation systems, or external noise that breaks in
the room due to the usually low insulation performance
of walls, doors, and windows at low frequencies.

C. Reverberation time

The mean reverberation times (in one octave frequency
bands and 500 Hz-2 kHz average) and their standard de-
viation are shown in Table V. 81.5% (22 out of 27) of the
small and medium classrooms had reverberation times
lower than 0.5 s, and the remaining 18.5% were between
0.5 and 0.6 s. In the sports halls, T was between 1.4 s
and 1.8 s.

D. Speech transmission index

The average (standard deviation) measured STI was
0.80 (0.02) in small classrooms, 0.75 (0.03) in medium
classrooms and 0.63 (0.02) in large classrooms. The
spread of STI among rooms, indicated by the stan-
dard deviation, was similar in all of the three classroom
groups. The small classrooms had the highest STI, which
falls in the category of ’excellent’. The medium class-
rooms had an average STI rating which is between ’good’
and ’excellent’, and the sports halls had an STI rating of
’good’ which is likely to decrease in the presence of ac-
tivity noise.

E. Sound strength

The numerical values of the mean and standard de-
viation of G among different classroom groups, in one
octave bands from 125 Hz to 4 kHz, along with the av-
erage on the 500 Hz, 1 kHz, and 2 kHz bands, are shown
in Table VI. G depends on the volume and it has high-
est values for the smallest rooms. There are two factors
contributing to the increased G values. First, the en-
ergy density increases as the volume decreases and, sec-
ond, the students are closer to the teacher than in larger
rooms, receiving an important contribution from the di-
rect sound. The spread of G among rooms, indicated by
the standard deviation, does not show any clear depen-
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TABLE III. Correlation coefficient indicating the strength of the linear dependence between pairs of variables.

V log V LN,Aeq T500−2k STI GRG STV G500−2k

V 1.00 0.91 0.29 0.97 -0.81 -0.50 -0.75 -0.78
log V 1.00 0.27 0.91 -0.57 -0.75 -0.87 -0.90
LN,Aeq 1.00 0.24 -0.14 -0.10 -0.19 -0.27
T500−2k 1.00 -0.89 -0.47 -0.70 -0.74
STI 1.00 0.55 0.68 0.68
GRG 1.00 0.94 0.81
STV 1.00 0.89
G500−2k 1.00

TABLE IV. Frequency band values and overall A-weighted background noise levels (BNL) measured in the classrooms.

Octave band center frequency (Hz) 125 250 500 1000 2000 4000 A-weighted
Small classrooms

Mean BNL (dB) 38.3 32.4 28.2 26.1 22.3 19.4 32.3
Maximum BNL (dB) 48.8 39.3 34.5 32.6 27.5 21.3 38.5

Medium classrooms
Mean BNL (dB) 40.2 33.7 27.8 24.4 22.7 19.9 32.7
Maximum BNL (dB) 53.4 43.6 43.7 40.1 37.3 32.4 43.5

Large classrooms
Mean BNL (dB) 45.1 37.9 33.5 32.0 28.3 21.9 37.6
Maximum BNL (dB) 51.5 46.2 41.1 37.4 30.1 23.2 43.5

dence on the frequency.
It is important to know G at different positions in class-

rooms to calculate the level of the speech signal and pre-
dict speech intelligibility in classrooms based on signal-
to-noise ratios. The dependence of G with distance is
hidden in Table VI. The contribution of Gdir, Ger, and
Glate to G at different distances in the 3 classroom groups
is shown in Fig. 4. Regression lines were obtained for Ger

and Glate in each group of classrooms. The corresponding
equations (with dB units) are

Ger =

 21.5− 1.1d small (R2 = 0.36; p = 0.11)
16.5− 0.6d medium (R2 = 0.18; p < 0.001)
7.9− 0.3d large (R2 = 0.61; p = 0.003)

(27)

Glate =

 9.2 + 0.2d small (R2 = 0.01; p = 0.79)
8.6− 0.04d medium (R2 = 4 · 10−4; p = 0.86)
5.9− 0.02d large (R2 = 0.02; p = 0.69)

(28)
where d is the source-receiver distance. There is a large
spread in the data, which is reflected in the low R2 val-
ues in the regression lines. However, the regression lines
for Ger in medium and large classrooms are significant
at the 5% level, and in small classrooms the p-value is
0.11, indicating a likely trend which could have been sig-
nificant with a larger sample of measured classrooms. In
all classroom sizes, Ger decreases with distance, and the
slope is less steep the larger the room. The low R2 val-
ues and non-significant effects for the regression lines of
Glate indicate that, most likely, Glate is uniform at the
different positions in the room.

F. Voice support and room gain

1. Measurements

The mean and standard deviation of STV and GRG

in the one-octave frequency bands between 125 Hz and
4 kHz measured in the classrooms is shown in Table VII.
The frequency characteristics of STV and GRG are sim-
ilar for small and medium classrooms, with a remark-
able increase at high frequencies. The only difference be-
tween the two classroom groups is that the small class-
rooms have a slightly higher overall value. The large
classrooms (sports halls) have an overall lower value and,
in addition, the frequency characteristic is qualitatively
different, because the low frequencies are predominant.
This indicates that these large rooms do not reflect ef-
ficiently the high frequencies of a talker. The spread of
STV among rooms does not depend on the frequency
band, since the standard deviation does not present a
frequency-dependent pattern in the different classroom
groups. However, the standard deviation of GRG is pro-
portional to its absolute value.

2. Prediction model

The values of V and S of each classroom, together
with the frequency-dependent average measurements of
T , were used in connection with Eq. (18) to predict the
STV values. The comparison between the measured and
the predicted values of STV in the one-octave frequency
bands between 125 Hz and 4 kHz is shown in Fig. 5. The
most accurate predictions are found in the most impor-
tant bands for speech (between 500 Hz and 2 kHz). In
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TABLE V. Reverberation times (T ) measured in the classrooms.

Average
Octave band center frequency (Hz) 125 250 500 1000 2000 4000 500–2000
Small classrooms

Mean T (s) 0.59 0.39 0.32 0.34 0.35 0.34 0.33
s.d. 0.42 0.14 0.04 0.05 0.05 0.02 0.05

Medium classrooms
Mean T (s) 0.72 0.53 0.45 0.47 0.47 0.44 0.46
s.d. 0.33 0.17 0.08 0.08 0.07 0.07 0.08

Large classrooms
Mean T (s) 1.46 1.58 1.59 1.55 1.35 1.04 1.57
s.d. 0.24 0.35 0.29 0.18 0.07 0.07 0.23

TABLE VI. Frequency band values and overall speech-weighted sound strength (G) measured in the classrooms averaged for
four distances in each room.

Average
Octave band center frequency (Hz) 125 250 500 1000 2000 4000 500–2000
Small classrooms

Mean G (dB) 21.7 21.4 18.1 20.7 21.5 22.9 20.1
s.d. 3.6 2.0 0.8 1.1 1.3 1.4 1.1

Medium classrooms
Mean G (dB) 19.4 18.2 13.8 15.8 16.8 17.7 16.0
s.d. 2.6 2.1 1.9 1.5 1.6 1.7 1.6

Large classrooms
Mean G (dB) 13.4 12.9 6.8 8.8 9.2 8.9 9.4
s.d. 1.2 0.3 1.0 1.1 1.4 2.1 0.7

these bands, R2 was at least 0.8, the residual deviation
was not higher than 1.2 dB, and the bias or deviation
from the unbiased prediction was lower than 2 dB. The
prediction for the 125 Hz band had a large uncertainty,
shown by the low value of R2 (0.18), and large residual
deviation (3.3 dB) and bias (4.3 dB).

The speech-weighted STV predictions are plotted in
Fig. 6 as a function of the measured STV values. The re-
gression line relating measurements and predictions had
a slope of 0.95 (whereas ideally, it should be 1). The R2

was 0.84, the residual error was 1.1 dB and the bias was
1.4 dB.

V. DISCUSSION

The acoustic properties of school classrooms described
in the results section correspond to typical primary and
secondary schools in southern Sweden built during the
decade of 1970’s. The background noise levels in almost
three fourths of the small and medium sized classrooms
were below 35 dBA—which is the maximum acceptable
value on different guidelines, e.g. the standard ANSI
S12.60-200231 in the US, the Building Bulletin 9332 in
the UK, or the guidelines from the World Health Or-
ganisation (WHO).33 The background noise levels in the
remaining fourth of classrooms, were one half below 40
dB and the other half between 40 and 45 dB. The average
value was 32.6 dB, which is lower than the 45 to 48 dB
reported by Shield and Dockrell1 in their review from

several surveys on empty classrooms (without acoustical
treatment).

In small and medium-sized classrooms, T did not ex-
ceed 0.6 s, in fulfilment of different guidelines of class-
room acoustic design31–33. Reverberation times and
background noise levels are within the recommended val-
ues in most of the cases. This seems to be reflected in
the non-problematic perception of classroom acoustics by
teachers without voice problems in schools of the same
region in Sweden.13 The Swedish standard for acoustic
conditions in classrooms34 is more strict, requiring rever-
beration times below 0.5 s for the octave frequency bands
above 250 Hz and below 0.6 s at 125 Hz, which only a
few of the classrooms fulfill.

The STI measured in classrooms with high signal-to-
noise ratios was higher than 0.6 in all cases, even in the
sports halls. However, the subjective speech intelligibility
with ongoing activity, specially in the sports halls, will
be lower than predicted, due to an actual lower signal-to-
noise ratio under these conditions. Unfortunately, none
of the current guidelines specify the signal-to-noise ratio
that should be used for the assessment of STI.

The sound strength can be used to calculate the speech
SPL at a given position in the classroom. The effect
of the room, ignoring the contribution from the direct
sound, can be evaluated with Grefl. According to the
diffuse field theory, this value is constant across the room
and is

Grefl,dif = 10 log
(

31220T

V
− 5026

S

)
. (29)
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TABLE VII. Frequency band values and overall speech-weighted voice support (STV ) and room gain (GRG) measured in the
classrooms.

Speech-
Octave band center frequency (Hz) 125 250 500 1000 2000 4000 weighted
Small classrooms

Mean STV (dB) -9.4 -11.1 -9.5 -7.6 -6.4 -4.6 -8.3
s.d. 0.46 0.81 0.91 0.38 0.72 1.04 0.50
Mean GRG (dB) 0.50 0.33 0.47 0.70 0.91 1.31 0.60
s.d. 0.02 0.06 0.09 0.06 0.13 0.25 0.07

Medium classrooms
Mean STV (dB) -12.1 -13.9 -13.5 -11.6 -10.9 -9.1 -12.2
s.d. 1.46 1.27 1.43 1.68 1.75 1.52 1.43
Mean GRG (dB) 0.28 0.18 0.20 0.32 0.37 0.54 0.26
s.d. 0.10 0.06 0.07 0.13 0.16 0.19 0.09

Large classrooms
Mean STV (dB) -10.8 -16.0 -18.2 -19.1 -19.5 -19.4 -17.9
s.d. 1.56 1.91 0.92 1.31 1.40 1.31 0.51
Mean GRG (dB) 0.36 0.12 0.07 0.06 0.05 0.06 0.07
s.d. 0.14 0.06 0.01 0.02 0.02 0.02 0.01
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lines for the predictions and the dotted lines indicate the ideal
and unbiased prediction lines.

The values of Grefl,dif are shown as solid lines in Fig. 7
for each of the 3 classroom groups. The quantities V and
S were derived from the average dimensions in Table II,
assuming a box geometry, which is the case for nearly
every room. V and S were 41 m3 and 72 m2 for small
classrooms, 180 m3 and 218 m2 for medium-sized class-
rooms, and 3614 m3 and 1640 m2 for large classrooms.
The values used for T are the ones on Table V: 0.33 s
for small classrooms, 0.46 s for medium classrooms, and
1.57 s for large classrooms.

According to the revised theory of Barron and Lee,35
the reflected energy (early+late) at the source position
is equal to the energy predicted by the diffuse field the-
ory and decays exponentially with the distance from the
source according to

Grefl,BL = 10 log
[(

31220T

V
− 5026

S

)
e−

0.04d
T

]
. (30)

The predictions for Grefl,BL according to Barron and
Lee’s theory for each group of classrooms are shown as
dashed lines in Fig. 7. The slopes of these lines are -
0.53 dB/m for small classrooms, -0.38 dB/m for midsize
classrooms, and -0.11 dB/m for large classrooms. These
values are approximately one half of the slopes from the
regression lines in Eq. (27). This result is in good agree-
ment with the findings of Sato and Bradley,24 who found
that the experimental decrease of the level of the early re-
flected sound was twice as derived by Barron and Lee.35
The sound strength of the reflected sound, Grefl,meas ob-
tained by the combination of the regression lines for the
early reflected sound in Eq. (27) and the late reflected
sound in Eq. (28) through Eq. (24) are shown as dash-
dot curves in Fig. 7. This figure shows that Glate has an
influence on Grefl,meas only at long distances. Therefore,
the average deviation of Grefl,meas from Grefl,BL are lower
than considering a linear decay of Glate according to Sato
and Bradley.

An important observation from Fig. 7 is that Grefl,meas

matches the predictions from the diffuse field theory at
the source position, and also Barron and Lee’s prediction,

with a deviation of less than 1 dB. This finding validates
the use of the diffuse field theory to obtain the level of the
reflected sound at the ears of a talker in the prediction
model of STV .

According to the measurements, Glate is nearly uni-
form across the room. This is yet another indication
that the late part of an impulse response has statistical
properties related to the room and not to the placement
of source and receiver. The early and the late reflections
have been separated as those arriving before and after
50 ms from the arrival of the direct sound, respectively.
However, the present results suggest that the transition
time between early and late reflections could be defined
as the minimum time in the impulse response after the ar-
rival of the direct sound for which the statistics of the late
reflections are independent of the position in the room.

The prediction model for STV has been derived theo-
retically and it has been assessed by comparing its pre-
dictions with actual STV measurements. There is a
bias in the prediction, as the regression line of measured
versus predicted STV is not STV,pred = STV,meas but
STV,pred = 0.95 · STV,meas − 1.4 (see Fig. 6). This bias
results in a deviation of 1.4 dB from the actual values,
slightly higher than the residual deviation (1.1 dB). Tak-
ing into account that the measurement dataset has not
been used to derive the model, the predictions are rea-
sonably accurate.

In the range of medium-sized classrooms (with volumes
100 < V < 250 m3), GRG is in the range between 0.2 and
0.5 dB, whereas STV is in the range between -14 and -
9 dB. There is some spread of data in this range, as seen
in Fig. 6. Measured STV values can deviate as much as
3 dB from the predicted value. STV is influenced by the
early reflections which can not be accurately represented
with a statistical model such as the one in Eq. (18).

The voice support, analogously to the objective sup-
port in concert halls, is not a stand-alone parameter to
design classroom acoustics. It is a magnitude related to
the additional vocal load that teachers experience while
speaking in a classroom due to the acoustic conditions.
Other magnitudes, like T , G, STI, and background noise
levels should be taken into account as well. There is not
enough scientific evidence to establish a definite range of
recommended values of STV , but the range between -14
and -9 dB obtained in most of the medium-sized class-
rooms seems adequate, since T and STI fulfilled the rec-
ommendations without the rooms being too damped. Us-
ing the graph in Fig. 2, for a room of 100 m3, the range
of −14 < STV < −9 dB corresponds to reverberation
times in the range 0.25 < T < 0.6 s. For a room of
300 m3, the same range of STV corresponds to the range
0.55 < T < 1.4 s. In this last case, the design criteria
should be to aim at the highest reverberation time that
does not compromise speech intelligibility, because too
high values of reverberation are detrimental to speech
intelligibility. For the same reason, it is not adviceable
to aim at values of STV higher than -9 dB. However, in
very small classrooms, STV may be higher than -9 dB
without compromising speech intelligibility.
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FIG. 7. Predicted sound strength as a function of the distance to the source for the direct and reflected components, according
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VI. CONCLUDING REMARKS

The acoustic design of classrooms and the objective
assessment of the acoustic performance is traditionally
based on measures related to speech intelligibility: rever-
beration time, speech and background noise levels, and
STI. These measures, however, do not offer a direct pic-
ture of the acoustic conditions for a talker. Recently de-
veloped parameters, voice support and room gain—which
are different ways of expressing the same magnitude—,
link variations in vocal effort to room acoustics condi-
tions. The present study provided a reference set of val-
ues for these two parameters, in addition to more tra-
ditional measures. Most of the 30 school classrooms of
the study complied with main classroom acoustic guide-
lines in terms of reverberation time, background noise
and STI. In classrooms with volumes between 100 and
250 m3, the measured voice support is in the range be-
tween -14 and -9 dB, whereas the room gain is in the
range between 0.2 and 0.5 dB.

The dependence of sound strength with distance in
classrooms has been examined. Empirical regression
models derived from the measured data confirm the re-
flected energy levels predicted with diffuse-field theory
at the source position. Additional regression models for
early and late sound strength show that the level of early
reflections decrease with distance as previously reported
in the literature. However, the level of late reflections
after 50 ms is apparently uniform in all the positions in
the room.

A prediction model has been developed from the
diffuse-field theory to predict average values of voice sup-
port in classrooms, based on geometrical room properties
of volume and total surface area and reverberation time.
This model describes the present voice support measure-
ments in classrooms with a coefficient of determination
of 0.84 and a standard deviation of 1.4 dB. The pre-
diction model can also be used to assess the acoustic
conditions for a talker in classrooms during the design
phase. However, considerations about speech intelligibil-
ity should not be left aside.
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zation AFA Försäkring as a part of the project “Speaker’s
comfort and voice health in classrooms”. The authors
would like to express their gratitude to all the schools
and staff who made these measurements possible.

1 B. Shield and J. Dockrell, “The effects of noise on children
at school: a review”, Build. Acoust. 10, 97–116 (2003).

2 M. Klatte, M. Meis, H. Sukowski, and A. Schick, “Effects
of irrelevant speech and traffic noise on speech perception
and cognitive performance in elementary school children”,
Noise Health 9, 64–73 (2007).

3 B. Shield and J. Dockrell, “The effects of environmental
and classroom noise on the academic attainments of pri-
mary school children”, J. Acoust. Soc. Am. 123, 133–144
(2008).

4 A. Neuman and I. Hochberg, “Children’s perception of
speech in reverberation”, J. Acoust. Soc. Am 73, 2145–
2149 (1983).

5 J. Bradley, H. Sato, and M. Picard, “On the importance
of early reflections for speech in rooms”, J.Acoust.Soc.Am.
113, 3233–3244 (2003).

6 A. Neuman, M. Wroblewski, J. Hajicek, and A. Rubin-
stein, “Combined effects of noise and reverberation on
speech recognition performance of normal-hearing children
and adults”, Ear Hear. 31, 336–344 (2010).

7 J. Bradley, “Speech intelligibility studies in classrooms”,
J.Acoust.Soc.Am. 80, 846–854 (1986).

8 J. Bradley, R. Reich, and S. Norcross, “On the combined
effects of signal-to-noise ratio and room acoustics on speech
intelligibility”, J.Acoust.Soc.Am. 106, 1820–1828 (1999).

9 M. Klatte, T. Lachmann, and M. Meis, “Effects of noise
and reverberation on speech perception and listening com-
prehension of children and adults in a classroom-like set-
ting”, Noise Health 12, 270–282 (2010).

10 J. Bradley, “Predictors of speech intelligibility in rooms”,
J.Acoust.Soc.Am. 80, 837–845 (1986).

11 S. R. Bistafa and J. S. Bradley, “Reverberation time and
maximum background-noise level for classrooms from a
comparative study of speech intelligibility metrics.”, J.
Acoust. Soc. Am. 107, 861–875 (2000).

12 N. Roy, R. Merrill, S. Thibeault, R. Parsa, S. Gray, and
E. Smith, “Prevalence of voice disorders in teachers and the

11



general population”, J.Speech Lang.Hear.Res. 47, 281–293
(2004).
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An overall aim of this research project has been to investigate the voice use of teachers in 
relation to the acoustic properties of the classroom, and to study whether speakers take into 
account auditory cues to regulate their voice levels, even in the absence of background noise. 
The most common means of communication in a classroom is speaking and listening. The 
teacher’s voice is thus the tool for communicating with the students. The room acoustics in 
the classroom is the communication channel from the speaker to the listener. It affects the 
quality of the speech signal and thus the ability to understand what the teacher says.

One of the core concepts in this project is “speakers’ comfort” that is tied to the voice use 
and the speaker’s subjective perception of the voice. It is defined as the subjective impression 
that talkers have when they feel that their vocal message reaches the listener effectively 
[with no or low vocal effort]. In this subjective impression, experienced while hearing and 
perceiving one’s own voice, some attributes play important roles: the voice-support provided 
by the room and the speech intelligibility along with the sensory-motor feedback from the 
phonatory apparatus.

Among the conclusions drawn from the project:
Voice problems in teachers arise from the interplay of the individual and the environment. 
Teachers with voice problems are more affected by factors in the work environment than 
their voice healthy colleagues. The differences between a group of teachers with selfassessed 
voice problems and their voice healthy colleagues were most clearly shown during field-
measurements of the voice during a typical school day, while the findings from the clinical 
examinations of larynx and voice did not differ between the groups.

The results from the prevalence study show that 13% of the teachers suffer from voice 
problems frequently or always. Most teachers however, reported occurrence of symptoms 
of vocal disturbances. Voice-related absence from work was common in both teachers with 
and without voice problems.

Final report of the project
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