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Abstract 
It has been shown that talkers tend to raise their voice in acoustically dry rooms and lower it 
in acoustically live rooms. In order to check whether this effect could be related to the 
Lombard reflex, an experiment has been done, where subjects had to match the loudness of 
their own voice with a reference tone of 1 kHz, producing different sustained vocalizations, 
under different simulated artificial responses (cross-modality matching). A correlation was 
found between the matching voice levels (sound pressure level at the microphone) and the 
energy of the simulated room impulse response, meaning that the sound reflections at the 
room boundaries could alter significantly the loudness of one’s own voice. In normal (non-
amplified) rooms used for speech, the variations in voice levels due to the alteration of the 
loudness of one’s own voice are less than 1 dB on average. 
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1 Introduction 
Imagine the following scenario: two persons are holding a conversation; first in a fairly small 
meeting room and later, in the open air. Although they might speak about the same topic, 
they will most likely use different voice levels (or vocal intensities), even without the influence 
of background noise. Many people speak louder in the open air than in a meeting room. 
There are many causes for this effect; certainly there are a number of psychological aspects 
involved, very likely related to the desired degree of privacy and the concern for not 
disturbing other people. An implicit knowledge of the acoustic laws (decay of sound with 
distance, or damping of sound in different rooms) could have an impact, if the goal of the 
talker was to provide a constant SPL at the listener position. Another possibility is that the 
environment induces changes in the voice levels used. The investigation in this paper puts 
this last hypothesis under test. 
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It is of particular interest to apply this knowledge to the teaching situation. Teachers have to 
use their voice as their primary working tool [1]. The prevalence of voice problems among 
teachers is much higher than in the rest of the population [2] and they have to take absence 
leave, which is both a social and a financial problem. If the acoustic conditions can effectively 
induce changes in the voice levels used, then (in principle) it is possible to take some actions 
for improving the suitability of rooms for speech, while avoiding unnecessarily high voice 
levels. 
The vocal intensity used for speaking is related to many factors of a particular 
communication scenario, as well as to individual factors. In the first case, one can identify 
talker-to-listener distance, background or activity noise, and hearing status of the listener, as 
factors that affect the vocal intensity of the talker. The factors in the second case could be 
talker’s hearing status, age, and culture. 
As early as in 1911, Lombard [3] reported a relationship between hearing and speech, based 
on the observation that subjects with hearing impairment tended to speak louder than those 
with normal hearing. Several following studies analyzed the background noise effect on the 
vocal intensity, finding a positive correlation between both variables. The measurement and 
quantification of these relationships were obtained by loudness experiments.  
As an example, Black [4] measured the voice level used by 144 subjects to read a few 
sentences and their hearing loss, after inducing in them temporary hearing loss by exposure 
to high levels of noise (110 dB). They found a linear relationship (positive slope) between the 
dB SPL and the dB HL with a slope of 0.57 dB/dB. Other researchers measured the voice 
level used by subjects to produce constant loudness, while modifying the background noise 
(a summary is reported in [5]). The relationship was also linear and positive, with slopes 
ranging from 0.3 dB/dB to 0.6 dB/dB. 
In the field of telecommunication systems, given the situation that the talker listens to the 
own voice via a loudspeaker (referred to as sidetone), as in a telephone or military headsets, 
a number of researchers have studied how the gain applied to the sidetone modifies the 
voice levels. On average, talkers decreased the voice level by 0.5 dB for each dB of increase 
in gain [5]. 
All these relationships can be related to the same effect, namely the Lombard effect, which 
can be summarized in the following statement: modifications in the perceived loudness of 
one's own voice result in changes in the voice levels used. 
The fact that these slopes are less than 1 dB/dB can be explained by the fact that the 
loudness function for external sounds (sone scale) is different from the perceived loudness of 
one's own voice (autophonic scale) [6]. 
Researchers attribute these differences to the presence of bone conduction for the own 
voice, which is missing for external sounds. 
Pick et al. [7] made an experiment that proved that the Lombard effect is systematically 
present, being difficult to inhibit. Therefore, variations in background noise, sidetone, or 
hearing loss induce changes in voice levels. 
In a recent investigation, Brunskog et al. [8] found that teachers vary their voice levels 
depending on the gain provided by the room at their ears, relative to the voice level that 
would be obtained in anechoic conditions (referred to as room gain). This finding opens two 
questions about the reason for the teachers modifying their voice levels: do they feel like they 
have to adjust their voice levels? Or are these variations involuntary? 
Indeed, the reflections of the own voice in a room are a special case of sidetone. The 
structure of these reflections are characterized by the impulse response corresponding to the 
path between the mouth and the ears (or what Cabrera et al. [9] denominate Oral-Binaural 
Room Impulse Response). Due to interactions between the own voice propagated directly 
through the air and through bone conduction (resulting in partial amplification and 
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attenuation), it could be possible that the temporal pattern of the reflections resulted in a 
modified contribution to the autophonic scale. 
The present paper investigates how much different sound reflection patterns can alter the 
loudness of one's own voice. In the experiment, talkers had to match the loudness of a 
reference tone using their own voice, with sustained vocalizations (this kind of experiments 
are generically called cross-modality matching). They performed this operation under 
different simulated sound fields generated from their own voice. The resulting SPLs from the 
matching experiments are related to the objective qualities of the simulated sound fields.  

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. Two parameters are derived from this measurement: room gain and 
support. 

2.1 Room gain  
The room gain RGG  was defined by Brunskog et al. [8] as the degree of amplification 
provided by the room to one’s own voice, disregarding the bone conduction. 

dirEERG LLG ,−= , (1) 

where EL  is the energy level of the whole impulse response and dirEL ,  is the energy level of 
the direct sound, both measured from the impulse response corresponding to the path 
between the mouth and the ears. 
Comparing the present experiment with previous experiments about sidetone variation, the 
gain applied to the talker’s voice at his ears is directly the room gain. However, the room 
modifies the perceived own voice in a more complex way than a simple sidetone gain. 

2.2 Support 
As in Pelegrin-Garcia and Brunskog [10], 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 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  . (2) 

The relation between support and room gain is shown in Figure 1, along with the usual 
ranges of both parameters in rooms without amplification. 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. 
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Figure 1 – Relation between support and room gain (black, bold) and typical range of these 

two parameters in non-amplified rooms 

3 Experimental method 

3.1 Setup 
When a person talks, s/he perceives the own voice via three paths: by bone conduction, by 
free propagation through the air, and by sound reflections at the environment boundaries. To 
simulate the auditory effect of different rooms, it is necessary to remove the reflections from 
the actual room and generate the desired reflections artificially, without modifying the two 
other propagation paths. 
The reflections of the actual room were neglected by carrying out the experiment in an 
anechoic chamber of dimensions 4.8 m x 4.1 m x 2.9 m. The desired reflections were 
simulated with a real-time self-voice auralization system such as the one presented in Figure 
2a. This system consists of a microphone to pick the talker's voice, a convolution system that 
adds the effect of the simulated sound field, and special earphones to reproduce the 
resulting sound into the ear, without blocking the direct sound or altering the bone 
conduction. 
 

      
Figure 2 – (a) Experimental setup and (b) detail of the earphones with the tubes and the 

open domes to fit into the ear canal without blocking the direct sound 

The subject had a headworn DPA microphone model 4066. The microphone capsule was 
positioned on the cheek, at 5 cm from the lips' edge, between the mouth and the ear. The 

(a) (b) 
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microphone signal was sampled with a resolution of 24 bit/44.1 kHz, and it was convolved in 
real time with an impulse response using a convolution software (jconvolver) running under 
linux. The resulting signal was again converted into the analog domain and reproduced 
through the two channels (left and right) of the special earphones. 
These earphones were a modification of the Koss Plug. The original ones radiate sound into 
a short plastic tube and fit into the ear canal thanks to foam pieces. These pieces were 
removed and a silicone tube was attached to the short plastic tubes. At the end of the 
silicone tube, an Oticon open dome was placed, so it could fit into the ear canal without 
modifying significantly the free air transmission and the bone conduction. Figure 2b shows 
the modified earphones used for the experiment. The variation of the frequency response 
introduced by the change of radiation load for the earphone was accounted for by applying a 
minimum phase equalizer FIR filter of 64 samples, which was preconvolved with the impulse 
responses. The system introduced an overall delay of 11.5 ms, which means that there was 
a time gap (with the duration of the delay) free of reflections after the arrival of the direct 
sound at the ears.  

3.2 Measurement of the acoustic parameters 
A Head and Torso Simulator (HATS) B&K type 4128, was placed at the talker position, and 
equipped with the headworn microphone and the earphones at the ear canals. 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 radiation from the mouth to the ears, whereas the reflections 
were generated artificially by convolution with an impulse response and reproduction through 
the earphones. 
The impulse responses were measured at the ears using an exponential sweep signal and 
Acoustics Engineering Dirac 4.0. The acoustic parameters (room gain and support) were 
extracted from these responses with Matlab and the results of the left and right channels 
were averaged. No filtering or frequency weighting was applied.  

3.3 Subjects 
There were a total of 15 subjects (11 men and 4 women) of different nationalities, cultures, 
and educational levels, with ages between 20 and 30 years. They had no known problems 
with hearing or voice. 

3.4 Stimuli 
There were nine different simulated impulse responses (plus an additional condition, namely 
the absence of simulated reflections), which added the indirect sound component of one's 
own voice (corresponding to sound reflections at the room boundaries) to the direct sound 
and the bone conduction. These impulse responses were generated artificially, and it is not 
their goal to replicate the acoustic conditions of realistic environments, but to provide well-
defined and adjustable experimental conditions. Each impulse response was obtained in the 
following manner. First, a white noise signal (of 66150 samples at 44.1 kHz) with an 
exponential probability density function was obtained. An exponential decay was applied to 
the noise signal, with decay constants corresponding to one of the frequency-independent 
reverberation times: T1≈0.5 s, T2≈1.0 s, and T3≈1.5 s. An overall gain1

                                                
 
1 This gain is also referred to as “IR gain”, and it is the arbitrary gain applied to the simulated impulse 
response. It must not be confused with the objective parameter “room gain”. 

 (G1=-12 dB, G2= 0 dB, 
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and G3= +12 dB) was applied to the previous signals. Thus, nine impulse response were 
obtained by the combination of Ti and Gj (i,j=1,2,3). A summary of the parameters of the 
different experimental conditions is presented in Table 1. 

Table 1 – Experimental conditions and measured acoustic parameters. 
Condition # IR gain T [s] GRG [dB] ST [dB] 

1 -12 dB re #2 0.55 0.05 -19.7 
2 0 dB 0.50 0.61 -8.2 
3 +12 dB re #2 0.45 5.00 3.3 
4 -12 dB re #5 1.12 0.09 -16.8 
5 0 dB 1.00 1.17 -5.1 
6 +12 dB re #5 0.93 7.38 6.5 
7 -12 dB re #8 1.65 0.15 -14.7 
8 0 dB 1.50 1.75 -3.0 
9 +12 dB re #8 1.40 8.85 8.24 
10 -- 0.01 10-3 -37.0 

 
The reverberation times were chosen to correspond to usual reverberation times found in 
room for speech (classrooms, theaters, opera houses). The reference gain (0 dB) was 
chosen to produce a comfortable sound when convolved with the own voice, while keeping 
the condition with low gain (-12 dB) faint though perceptible, and the condition with high level 
(+12 dB) loud, but not disturbing. 
Each of the impulse responses was simulated three times, and for each repetition the subject 
had to made a sustained vocalization corresponding to one of the three so-called corner 
vowels /a/, /i/, and /u/. These vowels were chosen due to their very different formant 
distributions, so that the repetitions led to a sort of frequency averaging. 
No background noise was introduced throughout the experiment. 

3.5 Procedure 
There were a total of 30 presentations in each test, consisting of 10 different acoustic 
conditions and three vowels. The vowel order was randomized, and then, the 10 conditions 
corresponding to that vowel were presented randomly, before proceeding to the next one. 
For each presentation, the procedure was the following.  

• A voice played back through the earphones indicated the vowel to utter.  
• Next, a 1 kHz pure tone (of a fixed level, constant throughout the experiment) was 

reproduced during 3 s. 
• The system started convolving the subject’s voice with the corresponding impulse 

response or condition. 
• A posterior beep sound indicated the beginning of the utterance 
• The subject uttered the indicated vowel with the same loudness as the pure tone. The 

voice was recorded. 
• Another beep, five seconds later, indicated the end of the utterance 

 
The subjects had a short training session at the beginning of the tests, in order to get 
acquainted with the required task.  

3.6 Post-processing 
The voice recordings required some editing in order to erase the initial part, when subjects 
started phonation, and the ending part, when subjects produced lower and lower levels, 
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probably due to tiredness or running out of air. The central part of most recordings was fairly 
steady and was used to calculate the sound pressure levels. Only the overall sound pressure 
level at the microphone position was calculated (without weighting or filtering) for each 
recording. For each subject, the sound pressure level obtained in the condition without 
simulated reflections was used as a reference. Therefore, the relative voice level is defined 
as the difference between the sound pressure level produced at a certain condition and the 
reference sound pressure level. 

4 Results 
The mean relative voice levels (along with the 95% confidence intervals, c.i.) used by the 
subjects to match the loudness of the 1 kHz-pure tone under the different experimental 
conditions are shown in Figure 3. These levels are relative to the voice level used to match 
the loudness of the 1 kHz-pure tone without simulated reflections. The individual relative 
voice levels are in the range between -11 dB and +2 dB. 
 

 
Figure 3 – Relative voice levels (and 95% c.i.) used to match the loudness of a 1 kHz-pure 
tone. The reference value for each subject is the voice level produced without simulated 

reflections 

The differences in voice level among the conditions with IR gains Gi (-12, 0, and +12 dB) are 
statistically significant (p < 0.001), for all the reverberation time conditions. The differences in 
voice level obtained among conditions with different reverberation time but similar gain are 
not statistically significant at the 5% level (p = 0.08 for G = 0 dB, p = 0.65 for G = -12 dB), but 
only in the case of G = +12 dB (p = 0.04). 
It is worthwhile remarking the increase of the confidence interval with the relative voice levels 
becoming more negative and increasing IR gain. This shows that the task became “more 
difficult” with increased manipulation of the talker’s voice. 
The relative voice levels can be interpreted as a change in loudness of the talker’s voice, but 
with opposite sign. As an example, if the matching relative voice level was -6 dB, this means 
approximately that the talker heard his own voice 6 dB louder than in anechoic conditions. 

5 Discussion 
From the measured voice levels shown in Figure 3, it is possible to state that different 
experimental conditions (or acoustic environments) alter the loudness of the talker’s own 
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voice. A more descriptive relationship between the room acoustic conditions and the change 
in self-voice loudness can be found in Figure 4.  
 

                   
Figure 4 – (a) Measured relative voice level and 95% c.i. versus support. A hypothetical S-

shaped curve is shown in gray and the discontinuous values indicate non-likely values for the 
support parameter. (b) Measured relative voice level and 95% c.i. versus room gain. The 

regression line is shown in gray 

Figure 4a shows the relative voice levels versus the support of the experimental conditions. 
A hypothetical S-shaped curve is shown along in the same figure. This curve is drawn as a 
qualitative description of the expected voice levels. When the support goes toward -∞ dB, i.e. 
there is no reflected energy adding to the direct sound, the loudness of the own voice 
approaches the loudness experienced in the anechoic chamber. Therefore, the matching 
relative voice level should be 0 dB. On the other hand, large values of support or 
amplification would make the talker lower his voice, and the lowest voice level is defined as 
the average threshold level of phonation. In the above curve, this value is the assymptotical 
value of -25 dB, which has been arbitrarily chosen to illustrate the idea. Nevertheless, the 
values of support way above the measurement points (indicated in the figure with a dotted 
line) could only be obtained with the aid of electroacoustic amplification, providing very high 
gain. Under these conditions, feedback might be unavoidable. 
Figure 4b shows the relative voice levels versus the room gain of the experimental 
conditions. The room gain defines how much the airborne component of one’s own voice is 
amplified at the ears compared to anechoic conditions. The three last room gain conditions 
(from 5 to 9 dB) correspond to the experimental conditions 3, 6, and 9 (G=+12 dB), with the 
three different reverberation times. The big spread in room gain justifies the fact that the 
differences in voice levels are statistically significant (p = 0.04). The room gain is comparable 
to the sidetone gain applied in similar experiments summarized in [5]. The slope of the 
regression line shown in Figure 5b is -0.6 dB/dB. This value is close to the -0.5 dB/dB 
measured by Lane et al. [6]. The fact that the slope is -0.5 dB/dB and not -1 dB/dB is due to 
the fact that the sone scale (i.e. loudness rating for external sounds) and the autophonic 
scale (i.e. loudness for the own voice) are different, as the sensory mechanisms used to 
perceive the own voice are not the same as the ones used to perceive external sounds. 
Lane and Tranel [5] also pointed out that the Lombard reflex and the sidetone compensation 
are two sides of the same coin. In later experiments, Pick [7] showed that the Lombard reflex 
is very difficult to inhibit. Consequently, it is natural that the sidetone compensation is also 
difficult to inhibit. In this case, large values of room gain would make a talker speak softer, as 
it could happen when using an electroacoustic reinforcement system. From a different 
perspective, it could be possible to think that a good room for speech has a certain value of 

(a) (b) 
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room gain. Another room, of drier acoustics and with a lower room gain, would make the 
talker speak louder. However, in rooms without electroacoustic amplification, the range of 
room gain is limited to 0—2 dB (at most), which would induce changes in voice level of up to 
1 dB. At a first glance, this value seems not to be very significant compared to the dynamic 
range of the human voice (roughly 30 dB, though it depends on the person and the 
fundamental frequency). 
In the study of Brunskog et al. [8], where the room gain is in the range shaded on Figure 1, 
the variations in voice level are of several dB. As justified above, these variations are not 
induced by the environment – in connection with the Lombard reflex. In [8], the instructions 
were not to produce a constant loudness speech, but to give a lecture in a certain room. With 
this instruction, it can be possible that the talker adjust his voice according to other perceived 
attributes of the impulse response (other than the support or the room gain), or according to 
the visually perceived distance to the listeners. 
Pelegrin-Garcia and Brunskog [10] found a slope of -0.65 dB/dB (in voice level versus 
support), with the support in the range between -15.5 and -12 dB. The slope of the S-shaped 
curve of Figure 5a in the same range would be about -0.07 dB/dB, indicating that the 
variations of [10] were not due to a change in the perceived loudness of the talker’s own 
voice. The hypothesis of the talkers changing their voice level according to other underlaying 
attributes in the impulse response in [8] and [10] seems more plausible. 
It is possible that some bias has been introduced by the choice of artificial responses for the 
experimental conditions, which have a very high reflection density. Such responses are 
never found in real life. Additionally, there might be some bias due to the use of a dummy 
head to measure the objective parameters in an environment that has been changed for the 
human head. Therefore, it is possible that the actual room gain and support of the 
experimental conditions change from those specified in Table 1. More research is needed in 
estimating the accuracy of the room gain and the support, and the deviation from the actual 
values for a population of talkers. 

6 Conclusions 
An experiment has been conducted to determine whether the acoustic environment 
significantly modifies the loudness of the talker’s own voice, inducing changes – related to 
the Lombard reflex – on the voice levels used by talkers to speak in there. 
Talkers varied their voice levels at a rate of -0.6 dB per each dB of increase in room gain, or 
amplification of the room to the own voice, in agreement with the literature. 
The limited dynamic range of room gain in environments used for speech (from 0 to 2 dB) 
shows that there are no large variations in the loudness of one’s own voice in usual non-
amplified rooms. In the absence of background noise, a room does not induce significant 
changes in voice level due to the Lombard reflex. 
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