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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 13 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 pro-

duced, either as a side-effect of increased vocal intensity or in order to compensate for a decrease in

speech intelligibility. VC 2011 Acoustical Society of America. [DOI: 10.1121/1.3552881]

PACS number(s): 43.55.Hy, 43.70.Mn [NX] Pages: 1981–1990

I. INTRODUCTION

In face-to-face communication, a talker makes a deci-

sion about the desired vocal output based on the given com-

munication scenario. Some factors affecting this decision are

the intention of the talker (dialog, discipline, rebuke…), the

distance between talker and listener, and special require-

ments of the listener, due to hearing impairment or language

disorders. Once the decision is made, the talker starts to

speak and uses a series of feedback 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 experiences

or sensations for a talker, due to changes in auditory feed-

back. The vocal effort required for communicating 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 magnitude different from vocal

intensity, which accounts for the changes in voice production

required for the communication at different distances. This

definition of vocal effort can be extended to also include the

changes in voice production induced by noise or the physical

environment. These changes include vocal intensity, funda-

mental frequency (F0), vowel duration, and the spectral dis-

tribution 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 mechanisms

listed above.

The maximization of vocal comfort should be a priority

in situations of very high vocal demands, which are hazard-

ous for the vocal health, such as teaching environments. A

recent study revealed that around 13% of teachers suffer

from voice problems.4 Indeed, the prevalence of voice prob-

lems among teachers is much higher than it should be, com-

pared to their representation in overall 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 to estimate

the risk of suffering from voice problems, Titze et al.9 intro-

duced 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 vibra-

tion amplitude), F0, and the phonation time are reported

without going further into a detailed risk analysis, leaving

this task to future studies and more advanced analytical mod-

els. As in the study by 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 relate

classroom acoustics to voice production. Hodgson et al.11

suggested a simple empirical prediction model to calculate

average voice levels used by teachers in university lecture

rooms, depending on individual factors, acoustical character-

istics 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 (decibels of

voice level per decibels of room gain).13 However, none of

the two previous studies took into account the distance
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between teachers and students, which could explain by itself

some of the changes in voice level. From a different perspec-

tive, Kob et al.14 found that teachers with voice disorders

were more affected by unfavorable classroom acoustics than

their healthy colleagues.

In a more general communication context, several

investigations 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 approximately

proportional to the logarithm of the distance. The slope of

this relationship is in this paper referred to as the compensa-

tion rate (in decibels/double distance), meaning the variation

in voice level (in decibels) each time that the distance to the

listener is doubled (double distance). Warren15 found com-

pensation rates of 6 dB/dd when talkers produced a sustained

vocalization (/a/) addressing listeners at different distances,

suggesting that talkers had a tacit knowledge of the attenua-

tion of sound with the distance. However, a sound attenua-

tion of 6 dB/dd is only found in free-field or very close to the

source. Warren did not provide information on the experi-

mental 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 vocalizations and 1.3 dB/dd for

natural speech. Healey et al.17 obtained compensation rates

in a range between 4.5 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 to 6 m using vocaliza-

tions. Traunmüller and Eriksson2 carried out their experi-

ments with distances ranging from 0.3 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 sub-

stantial disagreement among the results of different studies.

Each of the previous experiments analyzing voice pro-

duction with different communication distances was carried

out in only one acoustic environment. Michael et al.16

pointed out that unexplained differences among experimental

results might be ascribed to the effect of different acoustic

environments, because the attenuation of sound pressure level

(SPL) with distance depends on the room acoustic conditions.

Zahorik and Kelly19 investigated how talkers varied their

vocal intensity to compensate for the attenuation of sound

with distance in two acoustically different environments (one

indoor and one outdoor), when they were instructed to pro-

vide 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 compensation rates laid between

1.8 dB/dd for an indoor environment and 6.4 dB/dd for an

outdoor environment.

In addition, some of the studies investigated further

indicators of vocal effort at different communication distan-

ces. Liénard and Di Benedetto18 also found a positive corre-

lation between vocal intensity and F0 and significant spectral

changes in vowels. Traunmüller and Eriksson2 observed that

the duration of vocalic segments increased with communica-

tion distance, and thus, with vocal effort.

In summary, there have been many studies reporting

vocal intensity at different communication distances, as well

as other descriptors of vocal effort: F0 and vowel duration.

Only one study19 analyzed the additional effect of the acous-

tic environment on the vocal intensity, although the instruc-

tion—provide a constant SPL 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 com-

munication 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 13 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.

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 13 subjects had ages

between 23 and 40 yr and had neither hearing and visual

impairments nor vocal disorder. None of the subjects were

native English speaker, but nevertheless 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 that 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 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 16 maps in

total, and a different map was used at each condition. The

order of the maps was randomized differently for each sub-

ject. These maps have been used extensively in previous

research to obtain a dialog-based speech corpus.20 The

object of using maps was evoking natural speech from the

talkers in a very specific context and mode of communica-

tion. An alternative 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 feedback to the

talker, either verbally or non-verbally, about the voice level

perceived at his position.
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At the end of 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 combina-

tion of four distances (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). The environ-

ments were chosen so as to represent a wide range of room

acoustic conditions, while being large enough to allow dis-

tances between talker and listener of up to 12 m. However,

not all of these rooms were representative of everyday envi-

ronments. The order of the rooms was randomized for each

subject, but the distances from talker-to-listener were always

chosen from closest to furthest. Talker and listener stood fur-

ther 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, meas-

ured 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 omnidir-

ectional sound source and a 1/2 in. microphone, Brüel & Kjær

(B&K) type 4192 (Brüel & Kjær Sound & Vibration Measure-

ment A/S, Nærum, Denmark). The measurements were carried

out with DIRAC,22 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 pro-

posed by Pelegrin-Garcia13 in the empty rooms, using a Head

and Torso Simulator (HATS) B&K type 4128 with left ear sim-

ulator B&K type 4159 and right ear simulator B&K type 4158.

The software measurement DIRAC was used to generate an expo-

nential 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 fil-

tering was applied to the impulse response to calculate GRG.

3. STI

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 background

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 indicators of the perceived degradation in

one’s own voice due to reverberation and ignoring com-

pletely the bone-conducted component of one’s own voice.

4. Background noise level

The A-weighted, 20-s equivalent background noise lev-

els (LN,Aeq) were measured in the empty rooms using a sound

level meter, B&K type 2250. The results from averaging the

measurements across four positions in each room are shown

in Table I. Possible noise sources contributing to the reported

levels are ventilation systems, traffic, and the activity in

neighboring areas. All the measured background noise levels

were below 45 dB(A) so, according to Lazarus,25 the pro-

duced voice levels were not affected by the noise.

5. Speech sound level

The speech sound level26 S is defined as the difference

between the SPL Lp produced by a source with human voice

radiation characteristics at a certain position and the level

Lref produced by the same source at 10 m in free-field, aver-

aged over all directions in space,

S ¼ Lp � Lref : (1)

A directive loudspeaker JBL Control One (JBL Professional,

Northridge CA) was used as the sound source and was

placed at the talker position, with the edge of the low fre-

quency driver at a height of 165 cm above the floor and

pointing toward the listener. The SPL 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 SPL Lref was calculated as the average of

13 measurements in an anechoic chamber with a distance of

10 m between the sound level meter and the loudspeaker.

For each measurement, the loudspeaker was turned at steps

of 15� from 0� to 180� and reproduced the same pink noise

signal with the same gain settings as used for the measure-

ment 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.

TABLE I. Physical volume, reverberation time, room gain, STI (mouth-

to-ears), and A-weighted background noise level measured in the four envi-

ronments: anechoic 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

Reverberation room 500 5.38 0.77 0.67 20.6
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D. Processing of the voice recordings

The acoustic speech signal was picked up with a DPA

4066 headworn microphone (DPA Microphones A/S,

Allerød, Denmark), 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 (Sound Devices, LLC,

Reedsburg, WI) in 24 bits/44.1 kHz pulsed-code modulation

(PCM) format and later processed with MATLAB. The length

of the recordings varied between 1 and 2 min, 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 magnitude,

e.g., on-axis SPL at different distances in free-field, 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 characterize 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 condi-

tions and the directivity of the speaker are known. Following

the works of Hodgson et al.11 and Brunskog et al.,12 the

sound power level was chosen as the main index of vocal in-

tensity 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 microphone in the different

rooms was applied (see values in Table II). The correction

factor was measured by analyzing 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 chamber were subtracted to the readings in each

room. The difference between the corrected SPL at the head-

worn microphone and the voice power level was determined

by performing sound power measurements in a reverberation

room in a similar way as described by Brunskog et al.12

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 in. microphone, B&K type 4192, positioned

in the far field, where the sound field is assumed to be dif-

fuse. The difference between the mean corrected SPL meas-

ured 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 applica-

tion WAVESURFER
27 using the entropic signal processing sys-

tem method at intervals of 10 ms. Taking a sequence with

the F0 values of the voiced segments (the only segments for

which the algorithm gave an estimation of F0), the mean

(noted as �F0) and the standard deviation (noted as rF0
) were

calculated.

3. Phonation time ratio (PTR)

Due to the large variations in the length of speech mate-

rial 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 PTR. The calculation procedure is shown in

Fig. 3. First, the original speech signal [Fig. 3(a)] is proc-

essed to obtain the running speech signal [Fig. 3(b)]. Then,

this signal is split into N non-overlapping frames or seg-

ments of a duration tF¼ 10 ms [Fig. 3(c)]. In the ith frame,

the logical variable ki (ki¼ 0 if the segment is unvoiced;

FIG. 1. Speech sound level S as a function of distance.

TABLE II. Increase of SPL (in decibels) at the headworn microphone due

to sound reflections (used as correction factor), measured with a dummy

head. The reference situation is the measurement of SPL in anechoic condi-

tions. Abbreviations are used instead of the complete name of the rooms:

LH for the lecture hall, COR for the corridor, and REV for the reverberation

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

FIG. 2. Difference between the SPL measured at the headworn 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.
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ki¼ 1 if it is voiced) is determined with WAVESURFER. The

total duration tP of phonated segments is tF �
PN

i¼1 ki. Thus,

PTR ¼ Phonation time

Running speech time
¼

tF

PN
i¼1

ki

ts
; N ¼ ts

tF

� �
: (2)

The floor operator b�c results in the closest integer not larger

than the operand.

E. Statistical method

For each parameter (LW, �F0, rF0
, and PTR), a linear

mixed model28 was built from a total of 208 observations

(13 subjects� 4 distances� 4 rooms), using the lem4 method

in the library lme429 of the statistical software R.30 The “full

model” included the logarithm of the distance as a covariate

and the acoustic environment (or room) as a factor and the

interaction between the distance and the room. In the present

paper, the mixed model for a response variable y which

depends on the ith subject, the jth distance dj, and the kth

room is presented in the form

yijk ¼ ak þ ai þ ðbk þ biÞ � log2ðdj

�
1:5Þ þ eijk: (3)

The fixed-effects are written on roman characters (ak and bk)

and the random effects are written on greek characters (ai,

bi, and eijk). The random effects are stochastic variables nor-

mally distributed with zero mean. The distance dependence

is contained in the parameters bk and bi (fixed slope and ran-

dom 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 bi

indicates that the dependence of the response variable y on

the distance d is different for each subject. The intercept

(ak þ ai) adjusts the overall value of y, and it has a fixed part

ak and a random part ai. The fixed intercept contains the

effect of the room k on the response variable. The random

part is also referred to as intersubject variability. The resid-

ual or unexplained variation eijk is also regarded as a random

effect. The standard deviations of the random effects ai, bi,

and eijk are notated as ra, rb, and re, 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 likelihood

ratio tests (using the function anova in R), comparing the

outcomes of the full model and a reduced model without the

interaction (constant slope b). If the full model was signifi-

cantly 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 ran-

dom slopes was significantly better than the one with fixed

slopes, the first one was chosen. The suitability of including

the basic variables (room and distance) was assessed by

comparing the chosen model from the previous tests to a

reduced version that only contained one variable (room or

distance) with likelihood ratio tests. However, all the param-

eters 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 cho-

sen model to the fit of a reduced model which only con-

tained 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 standard deviations

of the random effects were obtained with the function

pvals:fnc ð:::; withMCMC ¼ TÞ of the library languageR

(Ref. 31) in R, which makes use of the Markov Chain Monte

Carlo (MCMC) sampling method.

FIG. 3. Post-processing of the recordings and

computation of the PTR. (a) Original speech

signal. (b) Running 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

tF¼ 10 ms, determining whether each segment i
is phonated (ki¼ 1) or not (ki¼ 0) and adding

up the time of all phonated segments.
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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 revealed

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, �F0, rF0
, and PTR were used to

build four different linear mixed models according to Eq. (3).

The coefficients for the intercepts and slopes corresponding

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 Eq. (3) and Table III.

LW depends almost linearly on the logarithm of the distance

(with slopes between 1.3 and 2.2 dB per doubling distance)

and changed significantly among rooms (intercepts between

54.8 and 56.8 dB). At each distance, the highest LW was

always measured in the anechoic room. A significant interac-

tion 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 with distance had a standard

deviation of 0.76 dB per doubling distance.

B. Fundamental frequency

Figure 5 shows the subject-averaged measured �F0 (data

points) and the corresponding empirical model (lines)

described in Eq. (3) and Table III, for the different distances

and rooms. �F0 changed significantly among rooms (inter-

cepts between 119.3 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 inspection of Fig. 5, in the anechoic and

reverberant rooms, there was less variation between the dis-

tances of 1.5 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 inter-

subject variation was estimated in 16.3 Hz, whereas the indi-

vidual differences in the variation of �F0 with distance had a

standard deviation of 2.95 Hz per doubling distance.

The measured rF0
, 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 Eq. (3) and Table III. rF0

changed significantly among rooms (intercepts between 19.2

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, �F0 rF0
, 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 ra rb r�

Lw [dB] 56.8 56.0 54.8 56.2 2.2 2.0 1.9 1.3 2.74 0.76 1.33
�F0½Hz� 123.6 120.1 119.8 119.3 3.8 16.3 2.95 3.6

rF0
[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. NS: Non-significant.

Main effects Interaction

log (distance) Room Room� log (distance) Overall

LW <0.001 <0.001 0.009 <0.001
�F0 <0.001 <0.001 NS <0.001

rF0 0.10 <0.001 NS <0.001

PTR <0.001 <0.001 NS <0.001

FIG. 4. Average voice power level used by the talkers at different 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.
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and 23.2 Hz) and had a weak linear dependence on the loga-

rithm 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 individual differences in the variation of rF0
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, rF0
decreased

with distance. This is the reason for the low statistical signifi-

cance of the rF0
dependence with the logarithm of the distance

shown on Table IV. Therefore, the amount of rF0
change as a

function of distance was mainly an individual factor.

C. PTR

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 Eq. (3) and Table III.

PTR had a weak linear dependence on the logarithm of the

distance (with a slope of 0.026 per doubling distance, equal

for all rooms) and changed significantly among rooms, espe-

cially 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 inter-

subject variation 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 unnatural

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 rever-

beration room was very unpleasant for speaking, due to the

excessive reverberation. Talkers admitted that they had to

modify their speech strategy 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 lon-

gest 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, �F0, rF0
, and PTR) with distance and across

environments. As all of the measured parameters indeed

have variation with distance and acoustic environment, they

are potential indicators of vocal effort.

The measurements shown in Fig. 4 reveal that the aver-

age variations of LW when the distance increases from 1.5 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 conscious decision of the talker

to raise the voice level as a response to a change in commu-

nication distance. However, the fact that the compensation

FIG. 5. Average mean fundamental frequency used by talkers at different

distances to the listener. The lines show the predictions of the empirical

model.

FIG. 6. Average long-term standard deviation of the fundamental frequency

used by talkers at different distances to the listener. The lines show the pre-

dictions of the empirical model.

FIG. 7. Average PTR (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.
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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 distance 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 transmission and

the bone-conducted components, as Siegel and Pick32 stated.

Brunskog et al. used GRG as a metric to quantify the im-

portance 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 distance which is representative

of a lecturing scenario, the least squares regression model

using GRG as a predictor is

LW; 6 ¼ 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 com-

pared 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 feedback.

As in some studies of sidetone amplification,33 LW

decreases 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 varia-

tion 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 distance of 12 m, com-

pared to the reverberant room. In other studies of voice pro-

duction with altered sidetone, variations in voice level of up

to 20 dB were reported. In these studies, the sidetone was

altered by inducing temporary hearing loss on the subjects,

thus decreasing all components of sidetone (direct, reflected,

and bone-conducted sound) or attenuating the airborne sound

while bone conduction is preserved. The significantly differ-

ent 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 talk-

er’s own voice were kept unchanged. Therefore, the overall

sidetone variations were much smaller than in the other stud-

ies. The magnitude of the effect on traditional sidetone com-

pensation was in the range between �0.25 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 Eq. (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 sin-

gle figure GRG. The second is that there are additional psy-

chological attributes related to room perception affecting the

voice regulation at a cognitive level, through internal feed-

back 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 Eriksson.2 However, 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 instruc-

tion. 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 deviation 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

FIG. 8. Average Lw at 6 m vs room gain GRG, as compared to the results of

Brunskog et al.

FIG. 9. Voice power level vs 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.
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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 lis-

tener position, which is an alternative representation of the

data in Fig. 4. The dashed line in Fig. 9 represents the theo-

retical LW values that would keep the SPL constant at the lis-

tener position. According to Zahorik and Kelly,19 if talkers

accurately compensated for the sound propagation losses—

providing an almost constant average 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 different 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

approximately compensated for sound propagation losses.

However, there was an undercompensation in the anechoic

chamber, meaning that the SPL produced at the listener posi-

tion decreased with distance, and an overcompensation 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. Under-

compensation and overcompensation were present because

the talkers were not explicitly asked to compensate for sound

propagation 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 propagation

losses with an explicit instruction and training to get ac-

quainted 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 Brunskog et al.,12,13 talkers apparently adjust

their voice levels guided by the room gain or degree of amplifi-

cation provided by the room at their ears (Fig. 8).

The changes in �F0 were similar to those in LW, as both

parameters increased linearly with the logarithm of the dis-

tance, and it was in the anechoic room where the highest �F0

were obtained at each distance. Table III shows that �F0

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 impor-

tant so as to ascribe a significant effect to the room. It seems

more 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. Neverthe-

less, �F0 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 uncomfort-

able environments to speak in. Both environments 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 support, with a GRG

value of 0.01 dB. On the other hand, it was very unpleasant

and stressing to speak in the reverberation room, which could

be explained by the remarkably lower STI value (only 0.67)

corresponding to the transmission between mouth and ears.

Talkers’ comments 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 can-

not be explained by the measured LW or �F0, as the LW and �F0

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 concepts of vocal effort

and comfort are not exactly opposite.

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

significant differences in rF0
among the environments for all

distances. The highest rF0
was found in the anechoic room,

followed by those in the lecture hall, the corridor, and the

reverberation room, in reverse order to the reverberation

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 rF0
were obtained in the least

preferred rooms. The highest rF0
in the anechoic room might

be an indication of increased vocal demands (increased LW

and �F0), whereas the low rF0
in the reverberant room might

be an observable feature 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 vocal comfort.

The highest PTR values were measured in the most uncom-

fortable 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 cor-

ridor). The increased voice levels or vocal efforts explain the

high values obtained for the anechoic chamber, as Lienard

and Di Benedetto18 also reported. However, the high PTR

obtained in the reverberation room might be due to the adapta-

tion of the talker to the environment. It seems that talkers tried

to improve the speech intelligibility in such a reverberant

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, PTR) describing vocal effort when talkers addressed

a single listener at different distances under various room
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acoustic conditions in the absence of background noise. The

main conclusions are as follows:

(1) 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 distance to the listener.

(2) The room acoustic conditions modify the auditory feed-

back of the talker’s own voice, inducing significant

changes in voice level with an approximately linear de-

pendence 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.

(3) The mean fundamental frequency increases with dis-

tance at a rate of 3.8 Hz per double distance to the lis-

tener and is 4 Hz higher in anechoic conditions.

(4) A room that provides vocal comfort requires a compro-

mise between room gain and STI, supporting the voice

from a talker but not degrading the perceived speech

quality.

(5) The standard deviation of the fundamental frequency

and the relative duration of voiced segments in a running

speech signal might be symptomatic indicators of vocal

comfort in a room.
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12J. Brunskog, A. Gade, G. Payá-Ballester, and L. Reig-Calbo, “Increase in

voice level and speaker comfort in lecture rooms,” J. Acoust. Soc. Am.

125, 2072–2082 (2009).
13D. Pelegrı́n-Garcı́a, “Comment on “Increase in voice level and speaker

comfort in lecture rooms” [J. Acoust. Soc. Am. 125, 2072–2082 (2009)]

(L),” J. Acoust. Soc. Am. 129 (2011).
14M. Kob, G. Behler, A. Kamprolf, O. Goldschmidt, and C. Neuschaefer-

Rube, “Experimental investigations of the influence of room acoustics on

the teachers voice,” Acoust. Sci. & Tech. 29, 86–94 (2008).
15R. Warren, “Vocal compensation for change in distance,” in Proceedings

of the 6th International Congress of Acoustics (International Commission

for Acoustics, Tokyo, 1968), pp. 61–64.
16D. Michael, G. Siegel, and H. Pick, Jr., “Effects of distance on vocal

intensity,” J. Speech Hear. Res. 38, 1176–1183 (1995).
17E. C. Healey, R. Jones, and R. Berky, “Effects of perceived listeners on

speakers’ vocal intensity,” J. Voice 11, 67–73 (1997).
18J. S. Liénard and M. G. Di Benedetto, “Effect of vocal effort on spectral

properties of vowels,” J. Acoust. Soc. Am. 106, 411–422 (1999).
19P. Zahorik and J. W. Kelly, “Accurate vocal compensation for sound in-

tensity loss with increasing distance in natural environments,” J. Acoust.

Soc. Am. 122, EL144–EL150 (2007).
20A. Anderson, M. Bader, E. Bard, E. Boyle, G. M. Doherty, S. Garrod, S.

Isard, J. Kowtko, J. McAllister, J. Miller, C. Sotillo, H. S. Thompson, and

R. Weinert, “The HCRC map task corpus,” Lang. Speech 34, 351–366

(1991).
21International Organization for Standardization, ISO-3382:2009, Acous-

tics—Measurement of room acoustic parameters—Part 1: Performance
spaces (ISO, Geneva, Switzerland, 2009).

22Acoustics Engineering, “Measuring impulse responses using Dirac,” Tech-

nical Report, Acoustics Engineering (2007), Technical Note 001, available

at http://www.acoustics-engineering.com/support/technotes.htm (Last

viewed October 16, 2010).
23M. Schroeder, “New method of measuring reverberation time,” J. Acoust.

Soc. Am. 37, 409–412 (1965).
24A. Farina, “Aurora plug-ins,” available at http://www.aurora-plugins.com

(Last viewed October 12, 2010).
25H. Lazarus, “Prediction of verbal communication in noise—A review:

Part 1,” Appl. Acoust. 19, 439–463 (1986).
26M. Barron, Auditorium Acoustics and Architectural Design (Taylor &

Francis, London, 1993), pp. 223–240.
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