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Abstract

Oral-binaural room impulse responses (OBRIRs) are the transfer functions from mouth
to ears measured in a room. Modulated by many factors, OBRIRs contain information for the
study of stage acoustics from the performer’s perspective and can be used for the
auralization. Measuring OBRIRs on human is, however, a cumbersome and time-consuming
process. In the current study, some issues of the OBRIR measurement on human were
addressed in a series of measurement. With in-ear and mouth microphones, volunteers sang
scales, and a simple post-processing scheme was used to refine the transfer functions. The
results suggest that OBRIRs may be measured consistently by using the proposed protocol,
where only 4~8 diatonic scales need to be sung depending on the target signal-to-noise

ratio.
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Introduction

Binaural room impulse responses (BRIRs) [or frequency responses (BRFRs)] refer to the
head-related transfer functions (HRTFs) measured in a reverberant room from a sound
source to two ears [1]. BRIRs contain all information about the direct and reflected sounds
arriving at the listener’s ears, the latter of which are heavily influenced by the room design
and the materials used for the room interior. Therefore, BRIRs are typically measured from
the most Llikely location of sound source (e.g, stage or podium) to one or more
representative positions in the audience area, and when analyzed, the perceived acoustic
properties of the room can effectively be investigated from the audience perspective.
Although the acoustic properties of a room as perceived by the audience may be of great
importance, those perceived by the performers on the stage can never be discounted, who
naturally adapt the manner of their speaking, singing and instrument-playing depending on
the stage acoustics [2, 3]. Especially for speakers and singers, the transfer functions from the
mouth to the ears characterize the airborne sounds that they themselves produce and hear,
which are referred to as oral-binaural room impulse responses (OBRIRs) [or frequency
responses (OBRFRs)][4].-Once measured, OBRIRs can shed light on-many aspects of stage
acoustics from the performer’s point of view, including, e.¢., the perceived room size [5] and
loudness of own voice [6]. As is the case with BRIRs, OBRIRs either measured or synthesized
can also be used to auralize a particular stage, providing a virtual acoustic environment
where, for example, the performer’s preference of stage acoustics may effectively be
studied [7]. Unlike BRIRs often measured on human, OBRIRs have mostly been obtained by
using a head and torso simulator (HATS) [8]. Although the OBRIRs measured on a HATS may
be suitable to study the general acoustic properties of a stage, it may not effectively address
the perception of individual performer whose OBRIRs (and HRTFs) are different from those of
the HATS and others, if not unique. When used for the purpose of auralization, especially
over headphones, the virtual acoustic scene of the stage may not be sufficiently convincing,
which is one of the well-known problems with HRTF and its derivatives measured on a HATS
[9]. Measuring OBRIRs on human head can be more timeconsuming and cumbersome than
on a HATS with some technical issues to be considered. To begin with, no clean source
signal is available, and the voice recording made in the vicinity of mouth is the best

alternative. Also, the spectrum of human voice is limited in frequency band, and more



importantly, it consists of a fundamental with harmonic and non-harmonic components,
which are distributed rather sparsely on the frequency axis. Unlike a short sine sweep played
back on HATS, therefore, a rather long sequence of syllables at varying pitch might have to
be spoken or sung to ensure that the input to the acoustic system (room) may have an
appropriate level of signal-to-noise ratio over the frequency range of interest. Due to the
inevitable movement of body parts, however, a relatively long period of measurement on
participant may undesirably result in spatially-averaged OBRIRs. Accordingly, the key
challenge for the OBRIR measurement on human , head is to produce spectrally rich input
sounds in the shortest possible time or to make a reasonable balance between ‘spectrum’
and time. In the current study, a stepwise approach was taken to address the issues
introduced in the preceding paragraph regarding the OBRIR measurement on human. In the
first measurement described in section 2, recorded singing voices and a sine sweep were
used and compared as the excitation signal for the impulse response measurement. Then,
the OBRIR measurement was carried out on participants as described in section 3, where
individual notes on four chromatic scales were sung in sequence. In the last measurement
presented in section 4, a complete diatonic scale was sung at a time to shorten the
recording period, and the results were analyzed in search of the optimal measurement
protocol.

1.1 Objectives

1.1.1-Main objective: In this research project, advanced. sound reproduction
technology will be studied, improved and employed to create a “virtual rehearsal suite”
with which musicians can experience practicing in the music hall of their choice, listening to
the sound of their own performance and to the sound of the accompanying musicians (if
available).

1.1.2 Secondary objectives: Given the system of virtual rehearsal suite
developed and tested objectively, a formal subjective test with musicians will be carried out
to evaluate the system for the similarity to the real auditory environment. In the sister
project (to be submitted for the similar funding opportunity to KMITL), the influence of
acoustic properties on the musicians’ performance style is to be investigated,

where visual sensation will also be presented.



1.2 Literature reviews

It is well known that the recordings made at human’s ear drums on both
sides contain all the information that our brain requires to reconstruct the three dimensional
auditory scene, and therefore, carefully replicating (binaural reproduction) or synthesizing
(binaural synthesis) these recordings (signals) can create virtual auditory environment (see,
e.g., (1,2)). Since the sounds arriving at our ears are modified not only by the surrounding
(room) but also by the listener’s body (mostly the shape of the ears and head), the binaural
room impulse response (BRIR) represents the complete transfer functions from a sound
source to the receiver position in the room, and.if known (measured) and convolved with a
clean source signal, virtual acoustic images in the same room can be created and presented
over headphones or loudspeakers (3,4). For concert hall acoustics, BRIR is usually measured
between a representative source location on the stage and a selected receiver position in
the audience. In order to evaluate the stage acoustics (the quality of the sound as heard
from the musicians’ perspective), however, both source and the receive must be on the
same stage, and especially for singers, the source-receiver distance is very short, only ~10cm
(from mouth to ears). A specific. method to measure the so-called oral binaural room
impulse response (OBRIR) has been developed relatively recently (5), which paved the way
to investigate musicians’ perception of the stage acoustics or to synthesize the binaural
sounds that represent the sounds of their own on the stage (6). Virtual acoustic imaging
systems for musicians were implemented mostly by using loudspeaker-arrays in an anechoic
chamber. For example, Brereton et al. (7) created a loudspeaker-based real-time room
acoustics simulation system for musicians and evaluated the system in comparison to off-
line auralization techniques. Kato et al. (8) also used a virtual environment for musicians
where the influence of roomacoustics on' the musicians’ performance styles was
investigated. Since the systems described in the preceding text requires loudspeakers
configured in an anechoic chamber, it is almost impossible for musicians to actually use the
system for their daily practice and training. In the current project, we aim at developing a
headphone-based system that can present a virtual auditory environment for musicians in
an ordinary (e.g. practice) room, for which additional signal processing modules are essential

to develop for the equalization of the room characteristics (2).



1.3 Scope of Thesis

With the conventional system for virtual acoustic environment, the user can only
passively receive the sound signals over loudspeakers or headphones. For the
implementation of the virtual rehearsal suite as described above, however, the acoustic
scene must be synthesized in real time, also incorporating the musicians’ own sound (either
singing or playing instrument), which may be the first challenge. The second challenge may
be to implement the system NOT in an anechoic chamber (where reflections do not exist,
therefore acoustically very well controlled), but in an ordinary practice room (where the
response of the room must be equalized). Overcoming these technical challenges, we aim
at building a lab prototype of the virtual rehearsal suite, which consists of headphones and
microphones connected to high-performance computer (for processing the audio signals in
real time). Although the visual information may influence the musicians’ perception (also
affecting the auditory perception), only the auditory environment will be realized for
musicians, where adding the visual display to the virtual rehearsal suite is the topic of the

sister project (to be submitted for the similar funding opportunity to KMITL).



Theory
2.1 Conceptual Framework
2.1.1 Introduction

The main theoretical framework used for the system is “binaural
hearing/reproduction,” which states that humans perceive three-dimensional auditory
scenes only by the sounds heard at two ears, and therefore, a virtual sound scene can be
created, if these signals are exactly replicated. Another framework used for the system is the
principles in room acoustics and stage ‘acoustics. The sound generated at the source
(musician) arrives at the receiver position (audience), where the sound. is obviously modified
by the acoustical characteristics of the room (concert hall). Binaural room impulse responses
(the response of the room to the source sound as measured at the listener’s two ears) can
capture all the transfer characteristics from the source to the receiver, with which any virtual
acoustic scene may be synthesized on computer. Stage acoustics is a sub-topic of room
acoustics where the receiver (listener) is not any more the audience, but the musicians
themselves on the stage, where the perceived quality (including intelligibility) of the sound
generated by the colleague musicians on the stage or by the musician -him/herself are the
most important aspects. Past findings in these research fields will be the bases of the virtual

rehearsal suite to be developed in the current project.



Methodology

3.1 Singing voice for excitation signal
3.1.1 Methods

Four undergraduate students (2 males; 2 females) volunteered for the
recording session in a quiet recording studio at the department. First, the lowest and the
highest notes they could sing with comfort were identified. Assisted by the guide tone
reproduced over headphones (SRH440, Shure) by a digital audio workstation (Logic Pro X,
Apple), they then sang ‘ah’ for each note of four chromatic scales within the range, of which
the pitch differed by 25 cents from each other. (‘ah’ was chosen since it is the phoneme
that can be pronounced and sung easily, if not most easily.) In this way, all notes at 25-cent
tone step could individually be recorded within the singers’ vocal ranges. For the recording,
a hands free microphone (MX153, Shure) was positioned as close to the volunteer’s lips as
possible, and the output was saved at 44.1 kHz by using an audio interface (Fireface 802,

RME).

loudspeaker
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Fig. 1. Configuration for the impulse response measurement.

For the impulse response measurement, two microphones (M30, Earthworks) and a
single-driver loudspeaker were placed in one of the empty rooms in the recording studio (_
4:5m_5:5m_2:5m) as shown in Fig. 1. ‘Source mic’ and ‘room mic’ were positioned at the
distance of 10cm and 1m from the loudspeaker, respectively, where 1m was considered to
be reasonably sufficiently close to the sound source. First, a sine sweep from 20 Hz to 20

kHz (with spectrum X) was played back over the speaker, and the sounds recorded at the



source- and room-mics were Fourier-transformed (labeled as X, X0 and Y in Fig. 1), and the
two frequency responses H =Y=X and HO =Y=X0 were estimated, which served as the

reference responses. Then, the voice recorded for each note was played back one
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Fig. 2: An example spectrum of a singer’s voice is shown in grey with the maximum obtained
across all notes indicated in black. The threshold spectrum is determined at a dB above the

noise floor.

by one over the speaker, and, similar to the sine-sweep case, HO = Y=X0 was estimated for
each note. These ‘raw’ responses were further refined by using one of the following three
methods:  Process 1t The frequency responses were only averaged across all notes.
Process 2: The maximum magnitude of the sourcemic: spectrum was calculated at each
frequency bin across all notes, which. was then compared to a threshold spectrum set at a
dB above the spectrum of the noise floor (see Fig. 2). (The noise floor was estimated from
the quite intervals of the voice recording at the source mic.) From this comparison, a usable
frequency range with an appropriate level of signal-to-noise ratio (> a dB) was determined.
The average frequency response (averaged across all notes) was considered to be
valid only within the usable frequency range, and that out of this range was attenuated by
applying a frequencydomain bandpass filter, of which the magnitude response resembled
that of the fourth-order Butterworth filter. _ Process 3: The threshold spectrum described in

Process 2 was used to identify usable frequency bins (rather than range) in the source-mic



spectrum for each note, which usually corresponded to those close to the harmonic
frequencies of the note (see Fig. 2). The frequency responses estimated only in these
frequency bins were considered valid and averaged across all notes. As a consequence, the
frequency response estimate may not exist especially at very low or high frequencies,
typically outside the usable frequency range described in Process 2. For these low and high
frequency ranges, therefore, the frequency response estimated by using Process 2 was
substituted. After the post-processing, the time-domain impulse response was determined
for each singer by using the inverse Fourier transform. All post-processings and analyses

described in the preceding text were performed on Python.

3.2 OBRIR measurement
3.2.1 Methods

The same four volunteer singers were invited to the recording studio.
In each recording session,.a singer sat-on-a chair with backrest (without headrest) and wore
two in-ear microphones- (AT9905, Audio-Technica), .and a lavalier microphone (AT9904,
Audio-Technica) was also positioned just in front of (< 1 ¢m) and at the center of the mouth
opening whenhe/she sang ‘ah” [see Fig. 4(a)l. All microphones were powered by
phantompower converter (VXLR+, Rode) and connected to an audio interface (Fireface 802,
RME). A graphic wuser interface was created on Python, which generated the guide tone and
also enabled the singer to control the progress of the recording [see Fig./d(b)]. Similar to the
previous recording session as described in section 2.1, the singers sang the four chromatic
scales (differing by 25 cents) one note after another within their vocal ranges. The
participants were instructed to remember-and keep the positions and shapes of their body
parts, including jaw, tongue and lips as steady as possible, which was obviously intended to
minimize the changes in the acoustic paths between the microphones and the reflective
surfaces. All notes could be recorded typically within 10~15 minutes, and the singer could

take break and restart at any time by using the graphical interface.
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Fig. 4 : (a) Microphones worn by-singer: Two at the entrance of the ear'canal and another at
the center of the' mouth.opening. (b) A'graphical user interface which the singers used to
listento the guide tone and to control the progress.

3.3 Measurement protocol for practicality
The OBRIR measurement ‘described 'in 'section 3 typically took 10~15 min,
which may be too-long a period for singers to keep their posture restrained. Therefore, a
shorter measurement ! procedure’ was. conceived” and tested. for practicality and the
consistency of the results.
3.3(1 Methods
Female 1 and, the author (Mate 3) volunteered-in this part of the
measurement, where the same measurement configuration was used as'described in section
3.1. Instead of singing one note at a time, however, the participants’ sang eight notes
sequentially from Do to.the next Do in diatonic scale within'a time interval of 1.2s (in 4
beats at 100 beats/minute) following a 4.8-second guide sound-reproduced by the graphical
user interface. The vocal ranges of these singers'were two octaves (Male 3) or slightly less
(Female 1), and therefore, by singing two scales (‘low scale’ & ‘high scale’) that differed in
the pitch of the first Do by an octave or less, the whole vocal range could be covered. Once
completed, the pitches of the first Dos in the low and high scales were raised by 25 cents at
a time, and the measurement was repeated 8 times so that the reference Do may vary in
one full tone (200 cents). In other words, the participants sang 16 scales, 8 pairs of low and
high scales, where each pair differed in pitch by one-eight of full tone. Then, these 16 scales

were sung three more times, resulting in a total of four sets of 16 recordings.



Results & Discussions

4.1 Singing voice for excitation signal
4.1.1 Results

Figure 3 shows four frequency responses measured by using a
loudspeaker and one or two microphones, where the value of a in Process 3 was set at 20
dB. The reference response measured with the sine-sweep signal as input shows a eradual
decay at low frequencies below ~80 Hz, attributed to the roll-off of the transducer
(loudspeaker & microphone) response. The other reference response measured with the
same signal but from the source mic to the room mic hardly decreases at low frequencies,
which is obviously the result of -having the same transducer response embedded in the
input and the output spectra. When the singing voice was used for the excitation signal, the
signal-to-noise ratio was wvery low outside the vocal range, and therefore, only averaging
across the notes (Process 1) could not suppress the unlikely high response at low and high
frequencies (see the lightest solid line in Fig. 3). Obviously, the frequency-domain bandpass
filttering used in Process 2 and Process 3 could improve the response at these frequencies
(the result of Process 2 not shown in the figure). From ~100 Hz up-to ~5 kHz, it appears that
the frequency responses did not depend much on the type of the excitation signal, the type
of input (clean signal vs. the source-mic ‘recording) or the post-processing method. If
inspected with more care, however, it is noticed that the response with Process 3 agrees
better with the reference measurement than Process 1 (thus Process 2 in this frequency
range), where it is more stable with a lower variance, especially between ~100 Hz and ~400

Hz.
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Fig. 3 : Frequency responses compared between four cases.

The findings described in the preceding text suggest that the human singing
voice recorded near the singer’s lips' may be used as the excitation signal for the

measurement of frequency/impulse response.

4.2 OBRIR measurement
4.2.1 Results

Figure 5 shows an example of OBRFR and OBRIR estimated for a male
singer (Male 2; left ear), where the results of the three post-processing methods are
compared (a = 45 dB for Process 2 & Process 3). As-was the case with the measurement
using the pre-recorded voice played over loudspeaker, the averaged response (Process 1)
does not decay at low and high frequencies due to the transducer response embedded
both in the ‘mouth-mic’ and the ‘ear-mic’ signals [see panel (a)]. When a frequency-domain
bandpass-filtering was applied (Process 2), the frequency response showed a more typical
behavior, rolling off at low and high frequencies, which resulted in the impulse response
with reduced high-frequency noise and a slightly lower DC offset compared to Process 1
[see panel (b)]. When the thresholding was additionally applied (Process 3), the magnitude
of the frequency response seemed to be more stable than in Process 2, which is prominent

from ~150 Hz to ~400 Hz and from ~2 kHz to ~4 kHz [see panel (a)].
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Although clearly visible in the frequency domain, this improvement
appears only to be subtle in the time-domain [see panel (b)]. Figure 6 shows the results of
all four singers, where the responses (from the mouth to the left ear) were obtained by
using Process 3. The fundamental frequencies of the lowest notes that Female 1 & 2 and
Male 1 & 2 could sing were 168 Hz, 143 Hz, 84 Hz and 132 Hz, respectively, below which the
signal-to-noise ratio was relatively low. In applying Process 3, therefore, the frequency
responses were only averaged without thresholding below these frequencies (as in Process
2), and as a result, the variability of the OBRFRs appears to suddenly increase below these
frequencies [see panel (a)l. Similarly, the OBRFRs tend to show higher variability above the
fundamental frequency of the highest note each singer could sing, but the estimation may
still be reasonable up to4~5 kHz with a sufficient sienalto-noise ratio contributed by the
harmonic components (not shown in the figure).

Also shown in Fig. 6(a) is that OBRFR greatly differs between singers,
which is obviously attributed to the differences in the head shape and in the acoustic paths
from the mouth to the ears in the room. Some common features can be observed in the
OBRIRs (left ear) measured for all singers as shown in Fig. 6(b). For example, the first peak of
the response is positioned at 0.35~0.45 ms, equivalent to 12~15 cm, which seems to
correspond well to the typical mouth-to-ear distance (no anthropometric measurement was
made for the singers). Similarly, a rounded but prominent ‘hill’ is'commonly found at ~7ms,
which appears tobe the reflection from the floor somewhat occluded by the singer’s body,
and a stronger reflection from the ceiling may be associated with the peak at ~9 ms. Given
the results presented in the preceding text, it is sugeested that OBRIR can be measured on
human head by using the singing voice as the excitation signal. Seated on a chair with
backrest, the movement of the singer’s:body parts could be limited to an extent so that the
estimated OBRIRs show some features consistent across all singers. Process 3 appears to
provide the best estimate of OBRIR, although the subtle time-domain differences observed
between the three post-processing methods have yet to be investigated in terms of

perceivable effects, for example, when the OBRIRs are used for auralization.
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4.3 Measurement protocol for practicality
4.3.1 Results

OBRIR was estimated from each set of 16 recordings, where Process 3
was applied with a=45 dB. The results are shown in Fig. 7 for Male 3, in which the impulse
response does not appear to vary much between the four sets of recordings, suggesting that
OBRIR may be measured in a short time by using the proposed method with repeatability
assured. Similar results were obtained from the recordings by Female 1 (data not shown).
Having found that recording a diatonic scale at once can shorten the time needed for the
measurement, a further analysis was carried out to see if a smaller number of scales (less
than 16) may be sufficient to estimate OBRIR. From the 16 scales recorded by Male 3 in the
first repetition, two subsets of 8 scales and 4 scales were selected, of which the first Do
differed by 50 and 100 cents, respectively. When estimating OBRIR only with 4 scales, the
number of valid frequency bins was insufficient with a=45 dB, and therefore, a lower value,
a=35 dB was used. In Fig.-8, the OBRIRs estimated from the two. subsets are compared to
that from the 16 scales, where differences are hard to identify. between the responses
estimated from the 16 scales and from the 8 scales. Despite some additional but subtle
‘jittering” around the first peak of the response, the OBRIR estimated only from the 4 scales
appears to be similar to the former two. The results suggest that OBRIRs may reasonably be
estimated by singing only 4 or 8 scales which can be completed in 1~2 minutes, although

the parameter a might have to be adjusted.
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Fig. 7: The results of the OBRIR measurement repeated four times (left ear; Male 3).

Each OBRIR was estimated from the recording of 16 scales.
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Fig. 8: The OBRIRs estimated from the recordings of 16, 8 and 4 scales (left ear; Male 3).

As a matter of fact, the value of a had to be adjusted manually in the current
study: 20 dB in section 2, 45 dB in section 3 and 35 or 45 dB in section 4, depending on the
signal-to-noise ratio of the source-mic or mouthmic recordings. In the'case of singing voice,
the estimated OBRIR may be more prone to noise, unless the voice is sufficiently strong.
When OBRIRs are to be used for the auralization of a concert venue or to investigate the
perceived acoustic scene on: stage, it is likely that such application will be made for
professional singers with voice of sufficient volume, and therefore, the signal-to-noise ratio
may not be an issue. Nevertheless, a more systematic method has yet to be established to

find the optimal value of a for individual singers.
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Summary

In the current study, a step-by-step approach was taken to investigate the possibility
of measuring oral-binaural room impulse responses (OBRIRs) on human head by nusing the
person’s singing voice. First, it was shown that the recording taken at the proximity of a
sound source (singer’s mouth) could be used for the estimation of the frequency response.
Three post-processing methods were compared, and it was found that averaging raw
frequency responses only in valid frequency bins (where the input spectrum is above a
predetermined threshold spectrum) may reduce the variability of the response in the
frequency domain, thus resulting in the impulse response with least noise. With this
postprocessing scheme applied, OBRIRs were measured. on volunteers, who sang one note
after another in a chromatic scale or a diatonic scale at a time. The results showed that
OBRIR may be estimated-in 1~2 minutes by singing 4~8 scales within the singer’s vocal
range, and the response-may be consistent when repeated. A further investigation is to be
carried out to use the estimated OBRIRs for the purpose of auralization in-rooms of various

size.

17



Reference

[1] Mgller, H., “Fundamentals of binaural technology,” Applied acoustics, 36(3-4), pp. 171~
218, 1992.

(2] Skirlis, K., Cabrera, D., and Connolly, A., “Spectral and temporal changes in singer
performance with variation in vocal effort,” in Proceedings of Acoustics 2005, 2005.

[3] Kato, K., Ueno, K., and Kawai, K., “Effect of room acoustics on musicians’ performance.
Part Il: audio analysis of the variations in performed sound signals,” Acta Acustica united
with Acustica, 101(4), pp. 743-759, 2015.

[4] Cabrera, D., Sato, H., Martens, W. L., and Lee, D., “Binaural measurement and simulation
of the room acoustical response from a person’s mouth to their ears,” Acoustics Australia,
37(3), pp. 98-103, 2009.

[5] Yadav, M., Cabrera, D., and Martens, W., “Auditory room size perceived from a room
acoustic simulation with autophonic stimuli.” Acoustics Australia, 39(3), pp. 101-105, 2011.
[6] Yadav, M. and Cabrera, D., “Autophonic loudness of singers in simulated room acoustic
environments,” Journal of Voice, 31(3), pp. 388.e13-388.625, 2017.

[7] Miranda Jofre, L. A.; Cabrera, D., Yaday, M,, Sygulska, A., and Martens, W., “Evaluation of
stage acoustics preference for a singer using oralbinaural room impulse responses,” in
Proceedings of Meetings on Acoustics ICA2013, ASA, 2013,

[8] Cabrera, D., Yadav, M., Miranda, L., Collins, R., and Martens,W. L., “The sound of one’s

/]

own voice in auditoria.and other rooms,” inInternational Symposium on Room Acoustics,
2013.

[9] Wenzel, E. M., Arruda, M., Kistler, D. J;;- and Wightman, F. L., “Localization using
nonindividualized head-related transfer functions,” The Journal of the Acoustical Society of

America, 94(1), pp. 111-123, 1993,

18



Appendix

Researcher’s Curriculum Vitae

UseIRdIUA?

%a-aqa WNA.AT. yju%u Un (Asst. Prof. Munhum Park)
LI 9y

Jumauliin 15 SUMAN W.A. 2517

91y 44 9

AU Lecturer

BUVNIY 04 @98, AILARBE NUBUY W.A. 2559

Uszaan1sAneEn

FauIaygn

BSc Department of Physics Seoul National University, South Korea 2543
MSc Institute of Sound and Vibration University of Southampton, UK 2547
MPhil/PhD Institute of Sound and Vibration University of Southampton, UK 2550

Uszaunisalidensoavindiungy

Spatial audio, audio signal processing, subjective evaluation of audio systems and
soundscape, computational models of human and animal hearing, effects of noise on work

performance

WAL/ UAST T SANANUW NGNS (SZAUVIRLAZIEAUUIUIUIG)

« M. Park, P. Vos, B. Vlaskamp, A. Kohlrausch, and A. W. Oldenbeuving, “The influence of
PACHE Il score on the average noise level in an intensive care unit: an observational study,”
BMC Anesthesiology, vol. 15, no. 1, p. 42, 2015.

« K. S. Simons, M. Park, A. Kohlrausch, M. van den Boogaard, P. Pickkers, W. de Bruijn, and C.
de Jager, “Noise pollution in the ICU: time to look into the mirror,” Critical Care, vol. 18, no.

4, p. 493, 2014.

19



« M. Park, A. Kohlrausch, W. de Bruijn, P. de Jager, and K. Simons, “Analysis of the
soundscape in an intensive care unit based on the annotation of an audio recording,” The
Journal of the Acoustical Society of America, vol. 135, no. 4, pp. 1875-1886, 2014,

« M. Park, A. Kohlrausch, and A. van Leest, “Irrelevant speech effect under stationary and
adaptive masking conditions,” The Journal of the Acoustical Society of America, vol. 134, no.
3, pp. 1970-1981, Sep. 2013.

« M. Park, “Comment on ‘Short-term acoustic forecasting via artificial neural networks for
neonatal intensive care units’ [J. Acoust. Soc. Am. 132, 3234-3239 (2012)],” The Journal of
the Acoustical Society of America, vol. 134, no. 1, pp. 5-8, 2013.

« M. Park and R. Allen, “Pattern-matching analysis of fine echo delays by the spectrogram
correlation and transformation receiver,” The Journal of the Acoustical Society of America,
vol. 128, no. 3, pp. 1490-1500, 2010.

« M. Park, P. A Nelson, and K. Kang, “A model of sound localisation applied to the
evaluation of systems for stereophony,” Acta Acustica united with Acustica, vol. 94, no. 6,
pp. 825-839, Nov. 2008.

« M. Park and B. Rafaely, “Sound-field analysis by plane-wave decomposition using spherical
microphone array,” The Journal of the Acoustical Society of America, vol. 118, no. 5, pp.

3094-3103, 2005.

ANSLEUBNAIIUIVINNG

« M. Park, R. Vermeulen, S. Laroche, and M. Gillies, “A preliminary analysis of the sources of
noise in an open-plan’ neonatal intensive care-unit,” in Proceedings of INTER-NOISE and
NOISE-CON Congress and Conference, 2072-2079, 2017

« P. Chuprasert, N. Phupantachsee, and M. Park, “Analysis of warning sounds used in public
transportation system,” in Proceedings of INTER-NOISE and NOISE-CON Congress and
Conference, 2520-2526, 2017

« M. Park, R. Vermeulen, S. Laroche and D. van Minde, “A preliminary analysis of the
soundscape in an open-plan neonatal intensive care units,” in Proceedings of WESPAC 2015,
Singapore, 2015.

« T. U. Senan, R. Navarro, M. Park, S. Jelfs, and A. Kohlrausch, “Spectral and temporal
features as estimators of the irrelevant speech effect,” in Proceedings of EuroNoise2015,

Maastricht, 2015.

20



« A. Kohlrausch, M. Park, W. de Bruijn, P. de Jager, and K. Simons, “Neue Ergebnisse zur
Messung und Analyse der Schallfelder in Intensivstationen,” L.rmbek mpfung, vol. 10, no. 2,
2015.

« M. Park, P. Vos, A. Kohlrausch, and A. W. Oldenbeuving, “Trends of the acoustic condition
in an intensive care unit based on a long-term measurement,” The Journal of the Acoustical
Society of America, vol. 135, no. 4, p. 2403, 2014.

« M. Park, P. Vos, A. Kohlrausch, B. Vlaskamp, and A. W. Oldenbeuving, “Analysis of the
acoustic environment in an ICU using patient information as a covariate,” Critical Care, vol.
18, no. Suppl 1, P16, 2014.

« A, Horm., A. Kohlrausch, and M. Park, “Predicting the subjective evaluation of spatial audio
systems,” in Proceedings of International Conference on Spatial Audio, Erlangen, 2014.

« A Hrm., A Kohlrausch, and M. Park, “Data-driven modeling of the spatial sound
experience,” in Proceedings of -the 136th Convention of the Audio Engineering Society,
Berlin, 2014.

« K. Simons, M. Park, W. de Bruijn, M. van den Boogaard, A. Kohlrausch, and P. de Jager, “A

y

comparative analysis of acoustic conditions in an old and a new ICU room,” in Proceedings
of the 26th Annual Congress of the European Society of Intensive Care Medicine, Paris, 2013.
« M. Park, A. Kohlrausch, W. de Bruijn, P. de Jager, and K. Simons, “Source-specific analysis of
the noise in an intensive care unit,” in Proceedings of the 42nd International Congress and
Exposition on Noise Control Engineering, Innsbruck, 2013.

« A, Hrm.,, R van Dinther, T. Svedstrm, M. Park, and J. Koppens, “Personalization of
headphone spatialization based on the relative localization error in an auditory gaming
interface,” in Proceedings of .the 132nd Audio Engineering Society Convention, Budapest,
2012.

« P. A. Nelson, M. Shin, F. M. Fazi, T. Takeuchi, M. Park, J. Seo, and K. Kang, “Systems for
virtual sound imaging,” in Proceedings of the 5th International Universal Communication
Symposium, Gumi, Republic of Korea, 2011.

« A Horm. and M. Park, “Extraction of voice from the center of the stereo image,” in
Proceedings of the 130th Audio Engineering Society Convention, London, 2011.

« M. Park, A. Horm., S. van de Par, and G. Tryfou, “Comparison of the width of sound sources
in 2-channel and 3-channel sound reproduction,” in Proceedings of the 128th Audio

Engineering Society Convention, London, 2010.

21



« M. Park, P. A. Nelson, F. Fazi, and K. Kang, “Application of an auditory process model for
the evaluation of stereophonic images,” in Proceedings of the Institute of Acoustics, Reading,
vol. 30, 2008.

« M. Park, P. Nelson, and K. O. Kang, “Evaluation of stereophonic images with listening tests
and model simulations,” in Proceedings of the 124th Audio Engineering Society Convention,
Amsterdam, 2008.

« P. A Nelson, M. Park, T. Takeuchi, and F. Fazi, “Binaural hearing and systems for sound
reproduction,” in Proceedings of Acoustics 08, Paris, pp. 3531-3536, 2008.

« M. Park, P. A. Nelson, and Y. Kim, “An auditory process model for the evaluation of virtual
acoustic imaging systems,” in-Proceedings of the Institute of Acoustics, Southampton, vol.
28, 2006.

« M. Park, P. A. Nelson, and Y. Kim, “An auditory process model for the evaluation of virtual
acoustic imaging - systems,” in- Proceedings of  the 120th Audio Engineering Society
Convention, Paris, 2006.

« M. Park, P. A Nelson, and Y. Kim, “An auditory process model for sound localization,” in
Proceedings of IEEE Workshop on Applications of Signal Processing to Audio and Acoustics,
New Paltz, pp. 122-125, 2005.

* B. Rafaely and M. Park, “Plane-wave decomposition by spherical-convolution microphone
array,” The Journal of the Acoustical Society of America, vol. 115, p. 2578, 2004.

» B. Rafaely and M. Park, “Super-resolution spherical microphone arrays,” in Proceedings of

the 23rd IEEE Convention of Electrical and Electronics Engineers, Israel, p. 424, 2004.
waeudnsUns/deUszivg/auaineassd Fadzviesus)

« S. de Waele, M. Park, A. Kohlrausch, and A.-den Brinker, “Method and device for effective
audible alarm settings,” US20170367663 Al, 2015.

» K. Leuschner, M. Park, A. Barroso, and F. Mueller, “Monitoring the exposure of a patient to
an environmental factor,” US20170364648 A1, 2015.

» T. Falck, M. Park, A. Kohlrausch, and R. van Dinther, “Apparatus and method for alarm
detection and validation,” US20160283681 A1, 2014.

« M. Park, A. Kohlrausch, and A. van Leest, “Directional sound masking,” W02014016723 A3,
2014,

22



« A. Kohlrausch, M. Park, S. Martin Jelfs, and T. Falck, “Apparatus and method for improving
the audibility of specific sounds to a user,” W02014140053 A1, 2014.

« A. Kohlrausch, T. Falck, M. Park, S. Martin Jelfs, and K. Leuschner, “Systems and methods
for reducing the impact of alarm sounds on patients,” W0O2014136069 A2, 2014.

« J. Bernd Roland, A. H.rm., and M. Park, “Audio rendering system and method therefor,”
W02013111034 A3, 2014.

« M. Park, A. Kohlrausch, T. Falck, and A. den Brinker, “A medical monitoring system based
on sound analysis in a medical environment,” W0O2013057608 A1, 2013.

« M. Park, A. Kohlrausch, A. den Brinker, and T. Falck, “A medical feedback system based on
sound analysis in a medical environment,” W0O2013057652 A2, 2013,

+ A. H.rm., M. Park, and G. Tryfou, “An audio system and method therefor,”

23



AUDIO Audio Engineering Society

Convention Paper

@ ® Presented at the 147th Convention
2019 October 16 — 19, New York
This paper was peer-reviewed as a complete manuscript for presentation at this convention. This paper is available in the AES

E-Library (hitp://www.aes.org/e-lib) all rights reserved. Reproduction of this paper, or any portion thereof, is not permitted
without direct permission from the Journal of the Audio Engineering Society.

Measurement of oral-binaural room impulse response by
singing scales
Munhum Park!

Unstitute of Music, Science and Engineering, King Mongkut's Institute of Technology Ladkrabang, Bangkok, Thailand

Correspondence should be addressed to Munhum Park (munhum.pa@kmitl.ac.th)

ABSTRACT

Oral-binaural room impulse responses (OBRIRS) are the transfer functions from mouth to ears measured in a room.
Modulated by many factors, OBRIRs contain information for the study of stage acoustics from the performer’s
perspective and can be used for the auralization. Measuring OBRIRs on human is, however, a cumbersome and
time-consuming process. In the current study, some issues of the OBRIR measurement on human were addressed in
a series of measurement. With in-ear and mouth microphones, volunteers sang scales, and a simple post-processing
scheme was used to refine the transfer functions. The results suggest that OBRIRs may be measured consistently by
using the proposed protocol, where only 4~8 diatonic scales need to be sung depending on the target signal-to-noise

ratio.
1 Introduction

Binaural room impulse responses (BRIRs) [or [re-
quency responses (BRFRs)] refer to the head-related
transfer functions (HRTFs) measured in a reverberant
room from a sound source to two ears [1]. BRIRs
contain all information about the direct and reflected
sounds arriving at the listener’s ears, the latter of which
arc heavily influenced by the room design and the ma-
terials used for the room interior. Therefore, BRIRs
are typically measured from the most likely location
of sound source (e.g., stage or podium) to one or more
representative positions in the audience area, and when
analyzed, the perceived acoustic properties of the room
can effectively be investigated from the audience per-
spective.

Although the acoustic properties of a room as perceived
by the audience may be of great importance, those per-
ceived by the performers on the stage can never be

discounted, who naturally adapt the manner of their
speaking, singing and instrument-playing depending
on the stage acoustics [2, 3]. Especially for speak-
ers and singers, the transfer functions from the mouth
to the ears characterize the airborne sounds that they
themselves produce and hear, which are referred to as
oral-binaural room impulse responses (OBRIRs) [or
frequency responses (OBRFRs)][4]. Once measured,
OBRIRs can shed light on many aspects of stage acous-
tics from the performer’s point of view, including, e.g.,
the perceived room size [5] and loudness of own voice
[6]. As is the case with BRIRs, OBRIRs either mea-
sured or synthesized can also be used to auralize a
particular stage, providing a virtual acoustic environ-
ment where, for example, the performer’s preference
of stage acoustics may effectively be studied [7].

Unlike BRIRs often measured on human, OBRIRs have
mostly been obtained by using a head and torso simu-
lator (HATS) [8]. Although the OBRIRs measured on
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a HATS may be suitable to study the general acoustic
properties of a stage, it may not effectively address
the perception of individual performer whose OBRIRs
(and HRTFs) are different from those of the HATS and
others, if not unique. When used for the purpose of
auralization, especially over headphones, the virtual
acoustic scene of the stage may not be sufficiently con-
vincing, which is one of the well-known problems with
HRTF and its derivatives measured on a HATS [9].

Measuring OBRIRs on human head can be more time-
consuming and cumbersome than on a HATS with
some technical issues to be considered. To begin with,
no clean source signal is available, and the voice record-
ing made in the vicinity of mouth is the best alternative.
Also, the spectrum of human voice is limited in fre-
quency band, and more importantly, it consists of a
fundamental with harmonic and non-harmonic com-
ponents, which are distributed rather sparsely on the
frequency axis. Unlike a short sine sweep played back
on HATS, therefore, a rather long sequence of syllables
at varying pitch might have to be spoken or sung to
ensure that the input to the acoustic system (room) may
have an appropriate level of signal-to-noise ratio over
the frequency range of interest. Due to the inevitable
movement of body parts, however, a relatively long
period of measurement on participant may undesirably
result in spatially-averaged OBRIRs. Accordingly, the
key challenge for the OBRIR measurement on human
head is to produce spectrally rich input sounds in the
shortest possible time or to make a reasonable balance
between ‘spectrum’ and time.

In the current study, a stepwise approach was taken
to address the issues introduced in the preceding para-
graph regarding the OBRIR measurement on human. In
the first measurement described in section 2, recorded
singing voices and a sine sweep were used and com-
pared as the excitation signal for the impulse response
measurement. Then, the OBRIR measurement was
carried out on participants as described in section 3,
where individual notes on four chromatic scales were
sung in sequence. In the last measurement presented
in section 4, a complete diatonic scale was sung at a
time to shorten the recording period, and the results
were analyzed in search of the optimal measurement
protocol.

2 Singing voice for excitation signal
2.1 Methods

Four undergraduate students (2 males; 2 females) vol-
unteered for the recording session in a quiet recording
studio at the department. First, the lowest and the high-
est notes they could sing with comfort were identified.
Assisted by the guide tone reproduced over headphones
(SRH440, Shure) by a digital audio workstation (Logic
Pro X, Apple), they then sang “ah’ for each note of four
chromatic scales within the range, of which the pitch
differed by 25 cents from each other. (‘ah’ was chosen
since it is the phoneme that can be pronounced and
sung easily, if not most easily.) In this way, all notes at
25-cent tone step could individually be recorded within
the singers’ vocal ranges. For the recording, a hands-
free microphone (MX153, Shure) was positioned as
close to the volunteer’s lips as possible, and the out-
put was saved at 44.1 kHz by using an audio interface
(Fireface 802, RME),
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Fig. 1: Configuration for the impulse response mea-
surement,

For the impulse response measurement, two micro-
phones (M30, Earthworks) and a single-driver loud-
speaker were placed in one of the empty rooms in the
recording studio (~ 4.5m x 5.5m x 2.5m) as shown in
Fig. 1. *Source mic” and ‘room mic’ were positioned at
the distance of 10¢m and 1 m from the loudspeaker, re-
spectively, where 1 m was considered to be reasonably
far from the loudspeaker given the room size, and 10 ¢m
sulficiently close to the sound source. First, a sine
sweep from 20 Hz to 20 kHz (with spectrum X) was
played back over the speaker, and the sounds recorded
at the source- and room-mics were Fourier-transformed
(labeled as X, X" and Y in Fig. 1), and the two fre-
quency responses 1 =Y /X and H' =Y /X’ were esti-
mated, which served as the reference responses. Then.
the voice recorded for each note was played back one
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Fig. 2: An example spectrum of a singer’s voice is
shown in grey with the maximum obtained
across all notes indicated in black. The thresh-
old spectrum is determined at & dB above the
noise floor.

by one over the speaker, and, similar to the sine-sweep
case, H' = Y /X' was estimated for each note. These
‘raw’ responses were further refined by using one of
the following three methods:

e Process |: The frequency responses were only
averaged across all notes.

e Process 2: The maximum magnitude of the source-
mic spectrum was calculated at each frequency bin
across all notes, which was then compared to a
threshold spectrum set at & dB above the spectrum
of the noise floor (see Fig. 2). (The noise floor
was estimated from the quite intervals of the voice
recording at the source mic.) From this compari-
son, a usable frequency range with an appropriate
level of signal-to-noise ratio (> o dB) was deter-
mined. The average frequency response (averaged
across all notes) was considered to be valid only
within the usable frequency range, and that out of
this range was attenuated by applying a frequency-
domain bandpass filter. of which the magnitude
response resembled that of the fourth-order But-
terworth filter.

e Process 3: The threshold spectrum described in
Process 2 was used to identify usable frequency
bins (rather than range) in the source-mic spec-
trum for each note, which usually corresponded
to those close to the harmonic frequencies of the

note (see Fig. 2). The frequency responses es-
timated only in these frequency bins were con-
sidered valid and averaged across all notes. As
a consequence, the frequency response estimate
may not exist especially at very low or high fre-
quencies, typically outside the usable frequency
range described in Process 2. For these low and
high frequency ranges, therefore, the frequency
response estimated by using Process 2 was substi-
tuted.

Alfter the post-processing, the time-domain impulse re-
sponse was determined for each singer by using the in-
verse Fourier transform. All post-processings and anal-
yses described in the preceding text were performed on
Python.

2.2 RBResults

Figure 3 shows four frequency responses measured
by using a loudspeaker and one or two microphones,
where the value of & in Process 3 was set at 20 dB. The
reference response measured with the sine-sweep sig-
nal as input shows a gradual decay at low frequencies
below ~80 Hz. attributed to the roll-off of the trans-
ducer (loudspeaker & microphone) response. The other
reference response measured with the same signal but
from the source mic to the room mic hardly decreases
at low [requencies, which is obviously the result of
having the same transducer response embedded in the
input and the output spectra. When the singing voice
was used for the excitation signal, the signal-to-noise
ratio was very low outside the vocal range, and there-
fore, only averaging across the notes (Process 1) could
not suppress the unlikely high response at low and high
frequencies (see the lightest solid line in Fig. 3). Obvi-
ously, the frequency-domain bandpass filtering used in
Process 2 and Process 3 could improve the response at
these frequencies (the result of Process 2 not shown in
the figure).

From ~100Hz up to ~5kHz, it appears that the fre-
quency responses did not depend much on the type of
the excitation signal, the type of input (clean signal
vs. the source-mic recording) or the post-processing
method. If inspected with more care, however, it is
noticed that the response with Process 3 agrees better
with the reference measurement than Process 1 (thus
Process 2 in this frequency range), where it is more sta-
ble with a lower variance, especially between ~100 Hz
and ~400 Hz.
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Fig. 3: Frequency responses compared between four
cases.

The findings described in the preceding text suggest
that the human singing voice recorded near the singer’s
lips may be used as the excitation signal for the mea-
surement of frequency/impulse response.

3 OBRIR measurement

3.1 Methods

The same four volunteer singers were invited to the
recording studio. In each recording session. a singer sat
on a chair with backrest (without headrest) and wore
two in-ear microphones (AT9905, Audio-Technica),
and a lavalier microphone (AT9904, Audio-Technica)
was also positioned just in front of (< 1 ¢/n) and at the
center of the mouth opening when he/she sang ‘ah’ [see
Fig. 4(a)]. All microphones were powered by phantom-
power converter (VXLR+, Rode) and connected to an
audio interface (Fireface 802, RME).

A graphic user interface was created on Python, which
generated the guide tone and also enabled the singer
to control the progress of the recording [see Fig. 4(b)].
Similar to the previous recording session as described
in section 2.1, the singers sang the four chromatic scales
(differing by 25 cents) one note after another within
their vocal ranges. The participants were instructed to
remember and keep the positions and shapes of their
body parts, including jaw, tongue and lips as steady as
possible, which was obviously intended to minimize the
changes in the acoustic paths between the microphones
and the reflective surfaces. All notes could be recorded
typically within 10~15 minutes, and the singer could
take break and restart at any time by using the graphical
interface.

=]
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Scale: 1/4

Note: 5/24 Restart

(a) (b)

Fig. 4: (a) Microphones worn by singer: Two at the
entrance of the ear canal and another at the
center of the mouth opening. (b) A graphical
user interface which the singers used to listen
to the guide tone and to control the progress.

3.2 Results

Figure 5 shows an example of OBRFR and OBRIR es-
timated for a male singer (Male 2; left ear), where the
results of the three post-processing methods are com-
pared (o = 45 dB for Process 2 & Process 3). As was
the case with the measurement using the pre-recorded
voice played over loudspeaker, the averaged response
(Process 1) does not decay at low and high frequen-
cies due to the transducer response embedded both in
the *mouth-mic’ and the ‘ear-mic’ signals [see panel
(a)]. When a frequency-domain bandpass-filtering was
applied (Process 2), the frequency response showed a
more typical behavior, rolling off at low and high fre-
quencies, which resulted in the impulse response with
reduced high-frequency noise and a slightly lower DC
offset compared to Process 1 [see panel (b)]. When
the thresholding was additionally applied (Process 3),
the magnitude of the frequency response seemed to be
more stable than in Process 2, which is prominent from
~150Hz to ~400 Hz and from ~2 kHz to ~4 kHz [see
panel (a)]. Although clearly visible in the frequency
domain, this improvement appears only to be subtle in
the time-domain [see panel (b)].

Figure 6 shows the results of all four singers, where
the responses (from the mouth to the left ear) were
obtained by using Process 3. The fundamental frequen-
cies of the lowest notes that Female | & 2 and Male |
& 2 could sing were 168 Hz, 143 Hz, 84 Hz and 132 Hz,
respectively, below which the signal-to-noise ratio was
relatively low. In applying Process 3, therefore, the fre-
quency responses were only averaged without thresh-
olding below these frequencies (as in Process 2), and
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Fig. 5: OBRFRs and OBRIRs compared between three
post-processing methods. (Left ear; Male 2)

as a result, the variability of the OBRFRs appears to
suddenly increase below these frequencies [see panel
(a)]. Similarly, the OBRFRs tend to show higher vari-
ability above the fundamental frequency of the highest
note each singer could sing, but the estimation may still
be reasonable up to 4~5kHz with a sufficient signal-
to-noise ratio contributed by the harmonic components
(not shown in the figure). Also shown in Fig. 6(a) is
that OBRFR greatly differs between singers, which is
obviously attributed to the differences in the head shape
and in the acoustic paths from the mouth to the ears in
the room.

Some common features can be observed in the OBRIRs
(left ear) measured for all singers as shown in Fig. 6(b).
For example, the first peak of the response is positioned
at 0.35~0.45 ms, equivalent to 12~15 ¢m, which seems
to correspond well to the typical mouth-to-ear distance
(no anthropometric measurement was made for the
singers). Similarly, a rounded but prominent ‘hill’ is
commonly found at ~7ms, which appears to be the
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Fig. 6: With Process 3 applied at a=45 dB, the OBR-
FRs and OBRIRs of all singers are compared
(left ear only).

reflection from the floor somewhat occluded by the
singer’s body, and a stronger reflection from the ceiling
may be associated with the peak at ~9 ms.

Given the results presented in the preceding text, it
is suggested that OBRIR can be measured on human
head by using the singing voice as the excitation signal.
Seated on a chair with backrest, the movement of the
singer’s body parts could be limited to an extent so that
the estimated OBRIRs show some features consistent
across all singers. Process 3 appears (o provide the best
estimate of OBRIR, although the subtle time-domain
differences observed between the three post-processing
methods have yet to be investigated in terms of perceiv-
able effects, for example, when the OBRIRs are used
for auralization.

4 Measurement protocol for practicality

The OBRIR measurement described in section 3 typi-

cally took 10~15 min, which may be too long a period
for singers to keep their posture restrained. Therefore,
a shorter measurement procedure was conceived and
tested for practicality and the consistency of the results.
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4.1 Methods

Female 1 and the author (Male 3) volunteered in this
part of the measurement, where the same measure-
ment configuration was used as described in section
3.1. Instead of singing one note at a time, however,
the participants sang eight notes sequentially from Do
to the next Do in diatonic scale within a time interval
of 1.2s (in 4 beats at 100 beats/minute) following a
4.8-second guide sound reproduced by the graphical
user interface. The vocal ranges of these singers were
two octaves (Male 3) or slightly less (Female 1), and
therefore, by singing two scales (‘low scale’” & ‘high
scale’) that differed in the pitch of the first Do by an
octave or less, the whole vocal range could be covered.
Once completed. the pitches of the first Dos in the low
and high scales were raised by 25 cents at a time, and
the measurement was repeated 8 times so that the refer-
ence Do may vary in one full tone (200 cents). In other
words, the participants sang 16 scales, 8 pairs of low
and high scales, where each pair differed in pitch by
one-eight of full tone. Then, these 16 scales were sung
three more times, resulting in a total of four sets of 16
recordings.

4.2 Results

OBRIR was estimated from each set of 16 recordings,
where Process 3 was applied with a=45 dB. The results
are shown in Fig. 7 for Male 3, in which the impulse
response does not appear to vary much between the
four sets of recordings, suggesting that OBRIR may
be measured in a short time by using the proposed
method with repeatability assured. Similar results were
obtained from the recordings by Female | (data not
shown).

Having found that recording a diatonic scale at once
can shorten the time needed for the measurement, a fur-
ther analysis was carried out to see if a smaller number
of scales (less than 16) may be sufficient to estimate
OBRIR. From the 16 scales recorded by Male 3 in the
first repetition, two subsets of 8 scales and 4 scales
were selected, of which the first Do dillered by 50 and
100 cents, respectively. When estimating OBRIR only
with 4 scales, the number of valid frequency bins was
insufficient with =45 dB, and therefore, a lower value,
a=35dB was used. In Fig. 8, the OBRIRs estimated
from the two subsets are compared to that from the 16
scales, where differences are hard to identify between
the responses estimated from the 16 scales and from the

0004
repetition |
0.0 1
|
|

0.004

repetition 2
0.0

|
|
|

0.004 1 ‘
repetition 3
0.0

0.004 ‘
repetition ‘
0.0 |

0 =} 10 15 20
time [ms]

amplitude

Fig. 7: The results of the OBRIR measurement re-
peated four times (left ear; Male 3). Each
OBRIR was estimated from the recording of
16 scales.

8 scales. Despite some additional but subtle ‘jittering’
around the first peak of the response, the OBRIR esti-
mated only from the 4 scales appears (o be similar to
the former two. The results suggest that OBRIRs may
reasonably be estimated by singing only 4 or 8 scales
which can be completed in 1~2 minutes, although the
parameter o might have to be adjusted.

0.004 7 \

16 scales (a=45dB)

0.0

0.004

8 scules (@ =45dB)
0.0

amplitude

0.004 4

+scales (= 35dB)

0.0

0 5 10 15 20
time [ms)

Fig. 8: The OBRIRs estimated from the recordings of
16, 8 and 4 scales (left ear; Male 3).

As a matter of fact, the value of ¢ had to be adjusted
manually in the current study: 20dB in section 2, 45 dB
in section 3 and 35 or 45dB in section 4, depending
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on the signal-to-noise ratio of the source-mic or mouth-
mic recordings. In the case of singing voice, the es-
timated OBRIR may be more prone to noise, unless
the voice is sufficiently strong. When OBRIRs are to
be used for the auralization of a concert venue or to
investigate the perceived acoustic scene on stage, it
is likely that such application will be made for pro-
fessional singers with voice of sufficient volume, and
therefore, the signal-to-noise ratio may not be an issue.
Nevertheless, a more systematic method has yet to be
established to find the optimal value of « for individual
singers.

5 Summary

In the current study, a step-by-step approach was taken
to investigate the possibility of measuring oral-binaural
room impulse responses (OBRIRs) on human head by
using the person’s singing voice. First, it was shown
that the recording taken at the proximity of a sound
source (singer’s mouth) could be used for the estima-
tion of the frequency response. Three post-processing
methods were compared, and it was found that averag-
ing raw frequency responses only in valid frequency
bins (where the input spectrum is above a predeter-
mined threshold spectrum) may reduce the variability
of the response in the frequency domain, thus resulting
in the impulse response with least noise. With this post-
processing scheme applied, OBRIRs were measured on
volunteers, who sang one note after another in a chro-
matic scale or a diatonic scale at a time. The results
showed that OBRIR may be estimated in [~2 minutes
by singing 4~8 scales within the singer’s vocal range,
and the response may be consistent when repeated. A
further investigation is to be carried out to use the esti-
mated OBRIRSs for the purpose of auralization in rooms
of various size.
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The abstract suggests that this is an interesting paper concerned with the measurement of OBRIRs. They have
attempted to overcome some issues from difficulties encountered by previous researchers in making
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Measurement of oral-binaural room impulse response

1) Three microphones will be attached to your ears and nose.
a. A small frame made of thin aluminium wire will be used to fix the
microphone to your nose.
b. The ear buds on the in-ear microphones are cleaned with methyl alcohol after
every use.
c. Clinical tape will be used to fix the microphone cables to your skin.
d. This preparation step will take about 5~10 minutes.

2) First, the lowest and the highest notes you can sing with comfort will be recorded.
a. Do not sing lower or higher than the comfortable range of your voice.
b. This step will take about 1 minute.

3) Then, you will sing a scale with ‘ah’ or ‘oh” sound from the lowest to the highest
note, supported by the guide tone.
a. While singing,
i. Completely lean back to the chair.
i1. Keep the same posture and maintain the same shape on your lips.
iii. 'When the red dots appear, sing at the pitch of the guide tone, and stop
before the next blue dots appear.
b. You can press “Pause” button any time to take a break.
c. You will sing a total of eight scales.
d. This step will take about 30~40 minutes.

4) Finally, you will wear headphones and the frequency response from the headphones
to the in-ear microphones will be measured.
a. Sine sweep will be used.
b. The volume of the sine sweep will be carefully adjusted to prevent any
hearing damage.
c. This step will take about 1 minute.

e This measurement is completely voluntary, and during the measurement, you can
stop and walk away at any time!

e No monetary compensation will be made for your participation.

e Any question?

[f you would like to take part in this measurement, please tick the following, date and sign.
O I have read and fully understood the information given above.
[ The experimenter explained the measurement procedure in detail and answered my
questions.
O I agree to take part in this measurement.

Date:

Name:

Signature:




Measurement of oral-binaural room impulse response

1) Three microphones will be attached to your ears and nose.
a. A small frame made of thin aluminium wire will be used to fix the
microphone to your nose.
b. The ear buds on the in-ear microphones are cleaned with methyl alcohol after
every use.
c. Clinical tape will be used to fix the microphone cables to your skin.
d. This preparation step will take about 5~10 minutes.

2) First, the lowest and the highest notes you can sing with comfort will be recorded.
a. Do not sing lower or higher than the comfortable range of your voice.
b. This step will take about 1 minute.

3) Then, you will sing a scale with ‘ah’ sound from the lowest to the highest note,
supported by the guide tone.
a. While singing,
1. Completely lean back to the chair.
11. Keep the same posture and maintain the same shape on your lips.
iii. ‘When the red dots appear, sing at the pitch of the guide tone, and stop
before the next blue dots appear.
b. You can press ‘“Pause” button any time to take a break.
c. You will sing a total of 16 scales repeated once.
d. This step will take about ~20 minutes.

o This measurement is completely voluntary, and during the measurement, you can
stop and walk away at any time!

e No monetary compensation will be made for your participation.

e Any question?

[f you would like to take part in this measurement, please tick the following, date and sign.
[0 I have read and fully understood the information given above.
0 The experimenter explained the measurement procedure in detail and answered my
questions.

O I agree to take part in this measurement.

Date:

Name:

Signature:
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