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ABSTRACT 

Binaural fusion, or the ability to combine signals from the two ears into a unitary percept, can be challenging 

for bilateral cochlear implant users. Both interaural correlation (i.e., the extent to which the signal in both 

ears are correlated) and interaural asymmetry (i.e., the deviation from the stimulation of matched locations 

across ears) can affect binaural fusion. The goal of this study was to investigate the interaction between these 

factors. Bilateral cochlear implant users were tested on a binaural fusion task. They were presented with 

signals where the interaural correlation of the envelopes and the interaural asymmetry were manipulated 

independently. Participants indicated the sound they heard by moving a dial to control an image that varied 

in terms of the size of the image, the number of images (one or two), and the location of the images in the 

participants’ head. Both interaural correlation and interaural asymmetry were found to affect binaural fusion, 

although interaural correlation needed to be substantially degraded to affect binaural fusion. The results 

suggest that both factors affect binaural fusion but, in real-world situations, where there are relatively small 

degradations of interaural correlation, interaural asymmetry may be the dominant cue affecting binaural 

fusion. 
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1. INTRODUCTION 

Binaural hearing can yield considerable improvements in performance in complex listening 

environments. For example, speech perception abilities can improve substantially when listening with 

two ears instead of one (1–4). Binaural hearing also plays a critical role in azimuth-based localization, 

with participants typically only being able to localize sound sources when using both ears (e.g., 5). 

These binaural benefits rely, in part, on the ability to combine signals received by the two ears into 

a single, coherent, “fused” auditory object (6,7). Binaural fusion typically occurs automatically for 

individuals with normal hearing. For example, splitting the signal between the two ears, using 

alternating frequency regions in each ear, yields comparable speech perception as when the signal is 

presented diotically when there are not additional spatial cues (8). 

Two aspects of the auditory signal are particularly crucial for binaural abilities: Interaural 

correlation (6,9–12) and interaural asymmetry (11–16). The interaural correlation represents the 

extent to which the signal in both ears are correlated. The degree of interaural asymmetry reflects the 

deviation from the stimulation of matched locations across ears . When interaurally correlated signals 

are delivered to interaurally asymmetric locations or partially decorrelated signals are delivered to 

interaurally matched locations, performance on binaural tasks can decrease considerably (13–

15,17,18).  

The goal of this study is to investigate the independent role of interaural correlation and interaural 

asymmetry. In the normal auditory system, both interaurally correlated and interaurally matched 

stimulation co-occur. This is because the tonotopic organization is similar in the two ears, and signals 

arriving at the two ears are typically correlated when both signals originate from the same acoustic 

sources, at least in minimally reverberant environments. As such, disentangling the contributions of 

these two cues and the trade-offs between them can be challenging. An additional challenge to 

disentangling these cues is that, when using acoustic stimuli, it is not possible to fully control the 

interaural correlation while also manipulating interaural symmetry.  Those studies that have attempted 
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to do so have manipulated the interaural correlation of the envelopes of the signal (19). However, 

because it is not possible to deliver acoustic stimuli to different parts of the cochlea without also 

changing the carriers, the interaural correlation cannot be fully manipu lated, particularly when trying 

to deliver interaurally correlated signals. 

However, these two cues can be separated with cochlear implants (CI). With CIs, the signal 

delivered and the cochlear location stimulated are controlled independently.  This makes it possible to 

keep the interaural asymmetry unchanged while changing the interaural correlation or to keep the 

interaural correlation unchanged while changing the interaural asymmetry.  

2. Methods 

2.1 Participants 

Six bilateral cochlear implant users participated in this experiment.  Table 1 lists participant 

characteristics. 

 

Table 1 – Participant characteristics 

ID Age Duration of cochlear implant use 

I12 51 11 years (left) / 10 years (right) 

I59 53 4 years (left) / 6 years (right) 

I66 56 1 week (left) / 4 years (right) 

I67 68 1 year (left) / 4 years (right) 

I68 63 5 years (left)/ 6 months (right) 

I69 61 1 (left) / 1 (right) 

 

2.2 Stimulation parameters. 

Stimulation was controlled by the Nucleus Implant Communicator (NIC3) and the RF Generator 

(Cochlear). Stimulation consisted of monopolar stimulation with a phase duration of 32 µs and an 

interphase gap of 8 µs. A pulse rate of 1000 pulse per second was used, with 500 msec pulse trains. 

Threshold (T) and maximum comfort (M) levels were measured for each electrode.  

2.3 Loudness balancing 

Stimulation was loudness balanced first within and then across ears at a Most Comfortable 

Loudness (MCL) level. The dynamic range (DR) percentage for MCL level was determined, typically 

for the most apical electrode. Then participants were presented stimulation on four adjacent electrodes 

in sequence at the same DR percentage and asked to indicate if any were louder or softer than the rest.  

M levels were adjusted until all four electrodes were perceived to be equally loud.  Then the next set 

of four electrodes were selected, with one electrode from the first group plus three adjacent electrodes 

(e.g., first group of four: electrodes 22, 21, 20, 19; second group of four: electrodes 19, 18, 17, 16). 

This process was repeated until all electrodes were loudness balanced.  To loudness balance across 

ears, an electrode in one ear (typically electrode 11) was stimulated at the  DR percentage 

corresponding to MCL level followed by stimulation of an electrode in the other ear (typically 

electrode 11). The DR percentage used for stimulation was adjusted to find the DR percentage for 

each ear that yielded stimulation that was both at the most comfortable loudness leve l and loudness 

balanced. Those DR percentages were used for the experiment. 

2.4 Stimuli 

Stimuli consisted of the 1000 pulse per second pulse trains, modulated by an envelope. The 

envelopes were generated using three random noise signals for each stimulus, one signal for the left 

ear, one signal for the right ear, and one diotic signal. The mixture of the unilateral and diotic signals 

was manipulated to create interaural correlations ranging from 0.1 to 1 after lowpass filtering at 100 

Hz. A 100 Hz lowpass filter was used because high temporal modulation rates are typically not 

perceived by CI users (20,21). Although the mixing ratio of the signals was designed to result in the 

target correlations, since this would only be true for infinitely long signals and the actual signal was 

0.5 seconds, random signals were generated until the resulting mixture resulted in an interaural 

correlation within 0.05 of the target interaural correlation. For reporting, these were converted to 

normalized interaural correlations, which have been shown to be a better predictor of behavioral data 



 

 

(22). The resulting left and right ear envelopes were then used to modulate a signal in each ear  and 

sent to a specific electrode. One electrode was used in each ear. This was electrode 11 for all but one 

participant (I68) who had a partially inserted array with only electrodes 13-22 inserted in the cochlea. 

Electrode 22 was disabled in that individual’s clinical map and so electrode 21, which would be 

theoretically near the insertion depth of electrode 11 with a full insertion, was used.  For the other ear, 

one of five electrodes (i.e., target electrodes) was used: 3, 7, 11, 15, and 19, spanning most of the 

array.  

2.5 Procedures 

In a given block, one target electrode was randomly selected, and the full range of interaural 

correlations was used with that electrode. Throughout the block, stimuli were delivered to either the 

left ear, right ear, or both ears. When stimuli were delivered to only the left ear, the left ear signal for 

the bilateral signal was used and when stimuli were delivered to only the right ear, the right ear signal 

for the bilateral signal was used. The stimuli were presented in a pseudorandom order, both in terms 

of the ear stimulated and the interaural correlation, with the left, right, and both ear stimulation 

intermixed across the block.  

Participants were asked to indicate the location and size of the image in their head resulting from 

the stimuli, using a procedure similar to that used in Kim et al. (23). Participants indicated their 

percept using a dial (Powermate, Griffin Technology).  By turning the dial, they could decrease or 

increase the size of the image to report a punctate or diffuse sound, respectively (see Figure 1). 

Continuing to turn the dial clockwise would result in two separate sound images. Additionally, 

participants could indicate the lateralization of the sound by pushing down and turning the dial. When 

they indicated that there was a single, unitary percept, pushing down and turning  the dial moved the 

image to the left or right (see Figure 1). When they indicated there were two separate sounds, pushing 

down and turning the dial allowed them to indicate which image was more dominant and how 

dominant it was. The dial created discrete steps when turned, with each indicated by a change in the 

image on the screen. A total of 18 steps were possible for the fusion measure and 21 steps for the 

lateralization measure. The data consisted of two scores.  One indicated the number of steps the dial 

was turned while not pushed down. The other indicated the number of steps the dial was turned while 

pushed down. Prior to the experiment, the participant was provided instruction as to how to use the 

dial and practiced manipulating the images using the dial.  

 
Figure 1 – Example of how participants changed the image in the interface (left) and some 

resulting images in the interface (right) 

3. Results 

The laterality data indicated that, as expected, participants heard stimuli delivered only to the left 

CI as originating from the left, those only delivered to the right CI as originating from the right, and 



 

 

those delivered to both CIs as originating from the center. Scores were compared across conditions 

using the Friedman test. There was a significant effect of ear (Χ2
F(2)=12; p < 0.01).  Pairwise 

comparisons using Wilcoxon Signed Rank test indicated that all conditions significantly differed from 

each other (all p values < 0.05). 

 

 
Figure 2 – Results showing that lateralization shifts depending on which ear is stimulated  

 

To determine the effect of interaural correlation, the electrode pairing that yielded the most fused 

(lowest fusion score) signal when the signal was completely interaurally correlated was determined 

for each participant. This was considered the interaurally matched electrode pairs.  The median fusion 

score was calculated for that electrode pairing for each interaural correlation condition. To examine 

the effect of interaural asymmetry, the median fusion score per interaural correlation condition was 

also calculated for the electrode four away from the inteuraurally matched electrode pairs and for the 

electrode eight away from the interaurally matched electrode pairs.  When there were electrodes four 

or eight electrodes both basally and apically away from the interaurally matched electrode pairs, the 

scores for the apical and basal electrodes were averaged together.  

The fusion data, pooled across the three mismatch conditions described above, was analyzed using 

a bootstrap Spearman’s correlation.  The results indicated that there was a significant relationship 

between normalized interaural correlation and fusion (95% confidence interval for r = -0.1 to -0.7; 

median r = -0.3). The fusion data, pooled across normalized interaural correlation, was analyzed for 

the effects of mismatch using the Friedman test. There was no significant effect of ear (Χ2
F(2)=2.5; p 

=0.3). The data are presented in Figure 3. As a reference, the fusion score for the unilateral conditions, 

pooled across all interaural correlations and electrodes, is also shown. While fusion increased with 

interaural correlation, the perceived image was still spread over a greater extent in the head with the 

fully correlated stimulus than with the unilateral stimuli.  



 

 

 
Figure 3 – Results showing that fusion increased with increased interaural correlation  

4. Discussion 

The results indicated that, as predicted, as interaural correlation increased, binaural fusion also 

increased. However, counter to predicted, there was not a significant effect of interaural asymmetry. 

The effects of interaural correlation are consistent with previous research showing that decreased 

interaural correlation results in decreased sensitivity to binaural cues (10,18,24,25). 

The lack of a significant decrease in binaural fusion with increased interaural asymmetry is 

inconsistent with previous results. For example, Kan et al. (26) manipulated interaural asymmetry 

while using an interaurally correlated signal in the two ears and found that binaural fusion decreased 

with increasing interaural asymmetry. The results of Kan et al. (26) are consistent with the detrimental 

effects of interaural asymmetry on other binaural tasks such as those involving interaural time 

differences (15,26–28). However, in the current study, interaurally asymmetric stimuli were typically 

less fused than interaurally matched stimuli for conditions with the same interaural correlation, 

suggesting that the lack of a significant effect of interaural asymmetry may reflect low power. While 

the results could indicate that interaural correlation is the dominant cue, direct comparisons  of the 

magnitudes are complicated because it is not clear how comparable a change of interaural correlation 

from 0.89 to 1.0 is to a change in interaural asymmetry of eight electrodes.  An interaural asymmetry 

of eight electrodes is large relative to what has been seen to typically occur in the literature (26–28). 

It is not clear what the typical decrease in interaural correlation is in real -world situation after CI 

processing. 

5. CONCLUSIONS 

The results suggest that interaural correlation is a more dominant factor underlying binaural fusion 

than interaural asymmetry, at least for the range of interaural correlation and interaural asymmetry 

used in this study.  
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ABSTRACT 

Recently, electric motor driven cars are more and more popular for reducing global temperature by the 
reduction of carbon dioxide. Due to this change, from the petrol engine to electric motor, quieting of the car 
compartment makes the tire-pattern noise more and more clearly to be heard. So, the treatment of tire-pattern 
noise is more and more important for human perception. The paper deals with the tire-pattern noise by the 
reduction of peaky component from the background noise on one hand and the movement of the spectrum 
position if peaky component in the other. The effects of modification are tested by the pair comparison 
method. 
 
Keywords: Tire-pattern noise, Electric motor driven car,  Carbon dioxide, Pair comparison. 

1. INTRODUCTION 
In order to reduce atmospheric temperature due to the increase of carbon dioxide, grovel 

movements for introducing electric motor cars are now in progress. Due to this happening, car interior 
noise inside the car compartment becomes more quieter than before and is more stressed by tire noise 
instead of conventional powertrain noise because of the quietness of an electric motor under real 
driving.  

This paper deals with tire pattern noise created by relative movement of tires and smooth road 
surface. The tire patterns cut on the tire surface are intended to prevent and to reduce slip under wet 
road surface. In this study, 3 kinds of tires are delt for perception, namely, entry, luxury and winter 
tires, each category belongs to car type and season for use during winter. What we have done for 
perception of tire pattern noise is that, at first, we have extracted background noise profile from the 
recording signal of tire pattern noise, then several prominent components of tire pattern noise are 
decided by the subjective experiment through hearing test. In this experiment, subjects are asked to 
point out if subject can hear the component signal or not by his/her decision. 

If many subjects can hear the specific component, then that component is the possible candidate 
for evaluation. 
 

2. BACKGROUND NOISE PROFILE 
Background noise profiles are extracted by introducing moving average on the frequency domain by 

moving local small peaks as shown in Fig. 1. 
In this figure, blue line indicates background noise profile and redline indicates tire pattern noise profile. 

The next stage is to determine the numbers of annoyance components of tire pattern noise. For this, each of 
the pink components are eliminated by the digital filter technique step by step for subjects to indicate if he/she 
can detect the component sound by presenting original tire pattern noise and similar noise that eliminated 
specific component. If subject can detect the sound component that eliminated from the original, then he/she 
can detect difference between the two sounds.  
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      Figure 1-Tire pattern noise on frequency domain and its background noise. 

 
In this figure, blue line indicates background noise profile and redline indicates tire pattern 
noise profile. The next stage is to determine the numbers of annoyance components of tire 
pattern noise. For this, each of the pink components are eliminated by the digital filter technique 
step by step for subjects to indicate if he/she can detect the component sound by presenting 
original tire pattern noise and similar noise that eliminated specific component. If subject can 
detect the sound component that eliminated from the original, then he/she can detect difference 
between the two sounds.  
 

                           

Figure 2-Tire pattern noise profile and components detected. 

 
In this experiment, total of 7 subjects are participated for detection of each component sound. 
Judging from this figure, A2 component was detected most by 6 subjects and second candidate 
is A1 component. So, for this sound, A2 is primary component and A1 is secondary component 
for the perception of tire pattern noise. The rest are not selected by many subjects. The results 
are similar for other tire pattern noise. So, we have decided to pick up two components most 
for tire pattern noise perception and other components are eliminated down to the background 
noise level by applying digital filter technique.  



 

 

3.   EVALUATION OF PROMINENT AND SECONDARY COMPONENT SOUND USING THEIR 

VARIATIONS 

For the evaluation of tire pattern noise for the creation of model for prediction, prominent 
component and secondary component are varied their peak level, frequency band width and 
location of frequency as shown in the following figure. 
 

                     
           Figure 3- Variation of primary component and secondary component. 

 
As shown in Figure 3, primary component is varied it peak level three steps, namely, +3dB, 
0dB, -3dB and frequency bandwidth are varied three steps, namely, original bandwidth at the 
3dB down point from the original peak and the increase of 1.5 bandwidth and decrease of 0.5 
bandwidth. Frequency location is moved from the original to +1.0 Bark bandwidth. The 
secondary component is varied its peak level from the original to +3dB and frequency 
bandwidth is varied as is the same for primary peak. 

3.1.    Test method 
Magnitude estimation method is introduced for evaluation of sound by using PC screen. 

Subjects are asked to apply suitable score ranged from 1 to 50 by moving the slide scale on the 
PC screen as shown in Figure 4. The number of subjects participated this experiment are 18 
that are mixture of male and female aged between 22 to 60 with normal hearing. 

 

Figure 4(a)- Evaluation sheet 

primary 

secondary 



 

 

              

Figure 4(b)- Evaluation input screen on PC. 
The first line of the paragraphs should be indented by 0.5 cm.  

 

3.2.    Test sound 
Sounds to be evaluated are the tire pattern noise of entry category running on the road at the 

constant speed of 80km/h and with different tire surface cutting.  

3.3    Test result  
The result is shown in the following figure and the regression analysis using explanatory 

variables including frequency positions of primary and secondary annoyance component, those 
of frequency bandwidth, peak level.  

 

                 
Figure 5- result of evaluation for E1 sounds with variations. 

                Table 1- result of multiple regression analysis for E1 sound. 

 



 

 

                       
Figure 6- Degree of contribution on each explanatory variable. 

 
 As is shown in Figure 6, the contribution is most for peak level variation of the primary 
annoyance component is the largest and the second contribution is that of the band width. The 
rests are marginal contributions. This tendency is always the same for other sounds for 
evaluation, Figure 7. 
 

                          
Figure 7- Degree of contribution on each explanatory variable for the different group of sounds. 

 
From this result, the sound variations to be evaluated for annoyance should be better to limited 
to the variation of primary annoyance component alone provided that the primary component 
is prominent component compared with the secondary component. If this could be true, then 
the variation of annoyance component is shown in the following figure. 
 



 

 

 

Figure 8- Variation of primary annoyance component. 

 
The variation of test sounds is shown in figure 8. The variations are peak level variation, i.e. 
original level ±3dB, frequency location, i.e. original location  ±0.15fc and variation of 

frequency bandwidth, i.e. original bandwidth, 0.58times of the original and 1.58times the 
original. 
   

 

 

Figure 9- Evaluation of tire pattern noise (Entry category) 

 
Figure 10- Evaluation of tire pattern noise (Luxury category) 



 

 

 

 

Figure 11- Evaluation of tire pattern noise (Winter category) 
 
4.   MULTIPLE REGRESSION MODELS FOR ANNOYANCE OF TIRE PATTERN NOISES 

In order to construct models for annoyance for tire patter noise, following variables are 
defined. 
  

:  

Figure 12-Enegy ratio(ER) 
 
Enegy ratio ER is define as following formula, 
 

ER=10log10(energy within the annoyance component/energy under the background 
noise). 
Freqp : frequency at the the top of anoyance component.. 
P.Loudness: partial loudness(sone) defined as b.andwidth within the annoyance 
component abobe background noise profile. 

 
For entry category, multiple regression model for annoyance is obtained as, 
MoEBe

opt
 = 6.94･ER

P 
+ 0.012･freq

P
 + 6.81･P.Loudness + 1.83･ER

s
 – 51.77  (1)for  

 
For Luxury category, multiple regression model for annoyance is obtained as, 
MoLBe

opt
 = 5.68･ER

P 
+ 0.008･freq

P
 + 4.20･P.Loudness + 1.68･ER

s
 – 26.14  (2)( 

 
For Winter category, multiple regression model for annoyance is obtained as, 
MoWBe

opt
 = 6.72･ER

P 
+ 0.022･freq

P
 + 7.35･P.Loudness + 0.91･ER

s
 – 59.45  (3) 

 



 

 

 

Figure 13-Entry category    Figure 14-Luxury category    Figure 15-Winter category 

 
As are shown in these three figures, the multiple regression model obtained, namely the formula 
(1), (2) and (3) represent well with the experimental results. That is to say, we can predict 
annoyance of tire pattern noise by these three formulas. So, if the magnitude of explanatory 
variables is defined for better impression, then we can design the sound profile in question. This 
could be a good measure for producing tires with better impression. 
 
 
5.    CONCLUSIONS 

By conducting subjective evaluation of tire pattern noise, we could obtain following 
conclusions. 
1. For the evaluation of tire pattern noise in  question, the first process is to obtain 

background noise profile for the definition of annoyance components. 
2. Annoyance component of tire pattern noise is prevailed for the distinct peaky component if 

other smaller level secondary component exists simultaneously. If this is true for the sound 
in question, then one peaky component alone should be tested for annoyance. Otherwise, 
two components should be better to be tested for annoyance. 

3. We could have obtained good model for annoyance for various tire categories, then by the 
utilization of these models, we could design the noise spectrum for better impression. 
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ABSTRACT 

Attentional processes highly govern the perception and evaluation of environmental sounds. Based on a 

cognitive load theory of attention assuming that the perception or ignoring of a stimulus depends on the 

degree of cognitive load related to a distracting task, we conducted a laboratory experiment to investigate 

sound evaluations under high and low cognitive load. Acoustical stimuli consisted of amplitude-modulated 

pink noise differing in sound level and modulation frequency. Utilizing a within-subjects design, two 

listening conditions were implemented with differing levels of induced cognitive load. In the low-load 

condition, participants solely listened and retrospectively evaluated the stimuli regarding their unpleasantness. 

In the high-load condition, they also performed the Stroop color-word interference test during the stimulus 

presentation. Cognitive load was continuously measured using pupillometry which confirmed the expected 

significant differences across conditions. Results further supported our hypothesis that, overall, participants 

perceived the sounds as less unpleasant in the high-load condition compared to the low-load counterpart. 

Also, interaction effects were observed between loudness and listening condition, which might be explained 

by a central tendency bias in the high-load condition. Implications for the design of listening experiments 

and the effect of sound on cognitive tasks are discussed. 

 

Keywords: sound evaluation, cognitive load, attention, dual-task paradigm, pupillometry 

1. INTRODUCTION 

Attentional processes highly govern the perception and evaluation of environmental sounds. In 

general, a distinction is made between two types of attention control. The ‘bottom-up’ principle, on 

the one hand, describes the shift of attention to salient stimuli, which are caused purely by external 

factors such as abrupt loudness changes in a sound or relevant semantic content such as hearing one 

own’s name (Katsuki & Constantinidis, 2014). On the other hand, according to the ‘top-down’ 

principle, attention is directed from within, based on knowledge, expectations, or goals to be achieved 

(ibid.).  

 

In this paper, we follow the cognitive load theory of attention by Lavie, Hirst, Fockert, and Viding 

(2004) which states that the perception or rejection of an (acoustical) stimulus is assumed to depend 

on the level of cognitive load (defined as the used amount of working memory resources) associated 

with a certain distracting task. Therefore, if cognitive load increases, distraction decreases and, at the 

same time, the general perception of non-target stimuli is reduced (ibid.) Previous studies 

investigating auditory detection (Raveh & Lavie, 2015) and speech recognition (Mattys & Wiget, 

2011) support these assumptions, showing, for example, that increased cognitive load can lead to 

inattentional deafness. 

 

One suitable way to study the role of (divided) attention and cognitive load on the perception of 

environmental sounds is through the Dual-Task paradigm (Broadbent, 1958). This paradigm involves 

comparing conditions where participants perform two tasks simultaneously with those where only one 

task has to be executed. By doing so, the degree of interference between the two tasks can be measured.  

In many everyday life situations, humans have to execute several tasks simultaneously; especially 

in the context of speaking and listening, a second task is often performed in parallel (Gagne, Besser, 
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& Lemke, 2017). In general, both tasks can be performed optimally until the capacities of the cognitive 

resources are exhausted. From this point on, performance in one of the two activities, predominantly 

the non-focused one, decreases significantly, for instance driving performance (Wu et al., 2014). In 

the auditory domain, however, this critical point is reached less rapidly. Since the effort required to 

understand speech is relatively low under ideal conditions, an increased capacity is available fo r the 

secondary task (Gagne et al., 2017).  

 

We argue that, in the context of experiments conducted in psychoacoustics, noise, and soundscape 

research, biases may occur when participants’ focus of attention is artificially focused on the sound 

stimuli under investigation, compared to a more ‘natural’information selection occuring in day-to-day 

life when secondary tasks are performed (Steffens, 2013). Therefore, the main goal of the present 

study was to investigate the effect of cognitive load and attention on sound pleasantness evaluations 

in laboratory settings. Amongst others, we aimed on replicating findings by Steffens, Müller, Schulz, 

and Gibson (2020) with more controlled sounds (i.e., amplitude-modulated pink noise). We 

hypothesized that increased cognitive load induced by a secondary task and resulting inattention 

towards presented sounds would result in a significant decrease in unpleasantness judgments of noise 

excerpts (H1). Also, we assumed that this decrease is moderated by the saliency of the sound (e.g., 

induced by sound level or modulation frequency), leading to small -to-zero differences between high-

load and low-load condition in case of highly salient sounds and larger differences in case of less 

salient sounds (H2).  

2. METHODS 

To test our hypotheses, we applied a within-subjects experimental design under laboratory 

conditions inducing two levels of cognitive load (high vs. low) and presenting several amplitude-

modulated pink noise stimuli with varying saliency in terms of sound level and modulation frequency. 

2.1 Participants 

Twenty-six participants aged between 20 and 74 years (15 female, 1 diverse, M: 33.8 yrs, SD = 

15.5 yrs) were recruited through various mailing lists at Hochschule Düsseldorf. Prerequisites for 

participation were normal hearing and German as a native language. Participants received 5€ as 

compensation for their participation. 

2.2 Materials 

During the experiment, depending on the induced level of load, participants were solely presented 

with the stimuli (low-load condition) or cognitive load was increased in parallel to the auditory stimuli 

by the Stroop Color-Word Interference Test (high-load condition). To capture cognitive load 

throughout the experiment, the relative change in pupil size was measured using pupillometry. The 

experiment was conducted in PsychoPy 2022.2.1, with all auditory stimuli presented through 

calibrated DTX 770 headphones. 

Stroop Color-Word Interference Test: 

 To induce a constantly high cognitive load over time, participants performed a modified version 

of the Stroop Color-Word Interference Test (Stroop, 1935) during the stimulus presentation. That is, 

participants were shown a list of randomly colored words (red, green, blue) that were incongruently 

displayed in a different font color. The task was to press the key corresponding to the font color of the 

word as quickly as possible. Regardless of the correctness of the selection, the next word appeared 

after the key was pressed. This procedure was repeated for the duration of the auditory stimulus. 

Subsequently, the participants were asked to rate the subjective perceived unpleasantness of the 

presented sound. 

Pupillometry 

As previous research has shown that mental activity and cognitive load are strongly related to pupil 

dilation (e.g., Karatekin, Couperus, & Marcus, 2004; Laeng, Sirois, & Gredebäck, 2012, Piquado, 

Isaacowitz, & Wingfield, 2010), we utilized pupillometry to obtain a physiological measure of 

cognitive load. Therefore, the brightness of the ambient lighting was kept constant at 210 lux using 

the Eurolite LM-200 luxmeter and the brightness of the screen was maintained at 125,7 cd/m2 using 



 

 

the Gossen MAVO-SPOT 2. Further potential confounding factors that could influence pupil change 

such as stress or fatigue (cf. Laeng et al., 2012) were controlled via obtained self-reports. In this 

experiment, the Gazepoint GP3 eye tracker was used to measure the relative pupil shift. The GP3 

offers a resolution of up to 150 Hz and thus comparably good results as other eye trackers (Cuve, 

Stojanov, Roberts-Gaal, Catmur, & Bird, 2022). In addition to the relative pupil change, the direction 

of gaze as well as the world view (i.e., the monitor screen) were recorded to ensure that the pupil of 

the participant could be detected correctly at all times.  

Audio stimuli 

The audio stimuli consisted of 18 20-second excerpts. Amplitude-modulated pink noise was 

utilized, as all frequencies of its audible spectrum are perceived as approximately equally loud. We 

applied a within-subjects 6x3 factorial design, with six different baseline loudness levels (60, 63, 66, 

69, 72, and 75dBSPL), combined with three different modulation levels (2, 4 and 8 Hz) presumably 

leading to varying degrees of saliency.  

2.3 Procedure 

Before the start of the listening test, participants filled out a questionnaire obtaining 

sociodemographic and diverse person-related variables (not reported in this paper). Afterwards, the 

eye tracker was calibrated using the routine provided by Gazepoint in which participants were asked 

to find a comfortable sitting position at a fixed distance from the screen and to focus on the points 

appearing on the display. After successful calibration, an individual baseline of the pupil size at the 

state of rest was determined in the absence of any stimuli (auditory and visual) over a 20 -second 

period.  

 

Participants were then successively assigned to both load conditions in random order, with a short 

break between the test parts. In the low-load condition, participants (attentively) listened to the 18 

stimuli in random order and rated their overall unpleasantness directly after listening on a scale 

ranging from 0-100. In the high load condition, participants additionally performed the Stroop Color-

Word Interference Test during the stimulus presentation and rated their unpleasantness on the same 

scale directly afterwards. For this purpose, the functionality was explained to the participants in a 

preceding test run. Finally, in an oral debriefing, both the experiment and the individual performance 

in the Stroop Test could be discussed with the experimentator. 

2.4 Statistical analysis 

Statistical analysis were carried out using R and R Studio, including the packages lme4 (Bates, 

Mächler, Bolker, & Walker, 2015) and lmerTest (Kuznetsova, Brockhoff, & Christensen, 2017) to 

compute linear mixed-effects (LME) models and GazeR to pre-process the raw pupil data (Geller, 

Winn, Mahr, & Mirman, 2020). Due to the comparability of the eye-tracking data, the individual 

values of each trial were averaged. As the pupillary response was expected to be delayed by about 

400ms (Laeng et al., 2012), values in the time interval from 0-400 ms were excluded from averaging 

(Laeng et al., 2012).  
 

To test the extent to which cognitive load would influence unpleasantness ratings, LME models 

were computed including a random intercept for each participant. Hypotheses were tested using Type 

III Analysis of Variance via Satterthwaite's degrees of freedom method. Cohen's d for LME models 

was calculated to determine the effect size of mean differences between the two experimental 

conditions (EMAtools package). Also, marginal R² (R²m; Nakagawa, Schielzeth, & O'Hara, 2013) was 

used as measure to quantify the variance of the dependent variable explained by the fixed effects of 

the LME models. For all analyses, the significance level  was set to .05. 

3. RESULTS 

3.1 Interclass correlation coefficient and manipulation check 

First, the intraclass correlation coefficient (ICC) was computed to estimate the variance in pupil 

dilations that resulted solely from individual differences across participants. To that end, a null model, 

which only included a random intercept for each participant,  was computed. This model suggests that 

59.0% of the total variance in relative pupil dilations could be attributed to individual differences 



 

 

between participants, regardless of group membership (ICC = .590).  

 

Furthermore, a LME model was computed to test for differences in induced cognitive load 

measured by the pupil dilation across conditions (manipulation check). As expected, this analysis 

revealed that pupil dilations were higher in the high-load compared to the low-load condition, 

F(1,909) = 128.3, p <.001, R²m = .049, d= 0.75. By contrast, another LME model suggests that neither 

loudness (p = .224) nor modulation frequency (p =.356) of the sounds had a significant effect on pupil 

dilation. Therefore, as intended, the completion of the Stroop Color-Word Interference Test could be 

regarded as the main driver of cognitive load in our experiment.  

3.2 Unpleasantness judgments dependent on cognitive load 

In the next step, the ICC was computed again to estimate the variance in unpleasantness judgments 

resulting only from the differences across participants. Thus, another null model including only a 

random intercept for each participant was computed. This model suggests that 46.3% of the total 

variance in unpleasantness judgments could be attributed to individual differences between 

participants, regardless of group membership (ICC =.463). 

 

Subsequently, we tested H1 assuming that cognitive load and resulting inattention towards sounds 

would mitigate unpleasantness ratings, by computing another LME model. This model also controlled 

for potential main effects of sound level and modulation frequency and included two-way interactions 

of condition X sound level and condition X modulation frequency. As expected, this model revealed 

a significant difference between high-load and low-load condition with a medium effect size (d=0.24). 

In addition, significant main effects of sound level as well as the interaction effect of condition x 

sound level on unpleasantness judgments was observed. Together, the fixed effects explained 20.0% 

of the variance in unpleasantness ratings (R²m = .20). Table 1 displays the regression output of the 

LME model, and Figure 1 shows the averaged unpleasantness ratings dependent on the cognitive load 

condition and sound level (averaged across modulation frequencies) . 

 

Concerning H2, the significant interaction effect between condition and loudness as well as Figure 

1 indeed suggest that the difference in unpleasantness judgments between conditions varies dependent 

on the level of the sounds. One can observe that the linear relationships between sound level and 

unpleasantness judgments vary in terms of their slopes; that is, unpleasantness ratings in the high-

load condition increase more slowly with increasing sound level compared to the low-load condition, 

leading to a decreased variance in ratings across sound levels and suggesting central tendencies in the 

judgment behavior. By contrast, no moderating effect of modulation frequency was observed. These 

results are thus against our initial hypothesis (H2) which expected small-to-zero differences between 

high-load and low-load condition in case of highly salient sounds and larger differences in case of 

less salient sounds (H2).  

 

Table 1: Regression output of the LMER model predicting unpleasantness judgments 

  Unpleasantness ratings 

Predictors Estimates CI p 

(Intercept) 0.63 0.55 – 0.72 <0.001 

Condition 0.07 0.03 – 0.10 <0.001 

Sound level -0.01 -0.02 – -0.01 <0.001 

Modulation frequency 0.00 -0.00 – 0.01 0.235 

Condition * Sound level -0.01 -0.01 – -0.00 0.002 

Condition * Mod. frequency 0.00 -0.01 – 0.00 0.222 

N proband 26 

Observations 936 

Marginal R2 / Conditional R2 0.200 / 0.668 



 

 

 

Figure 1: Unpleasantness ratings dependent on cognitive load condition and sound level 

4. DISCUSSION 

The aim of this study was to investigate to what extent cognitive load and resulting inattention 

towards experimental auditory stimuli would influence the perception and evaluation of sounds. Using 

pupillometry to measure induced cognitive load, results revealed significant differences in pupil 

dilation across load conditions, suggesting that administering the Stroop Color-Word interference test 

led to the intended cognitive load in the high-load condition. Furthermore, results confirm our 

hypothesis that increased cognitive load leads to mitigated unpleasantness judgments of sound 

examples (i.e., amplitude-modulated pink noise) compared to the low-load condition in which 

participants solely listened to the sounds. Therefore, our study corroborates previous studies, for 

example by Raveh und Lavie (2015) and Steffens et al. (2020), suggesting that a distracting and 

cognitively demanding secondary task can lead to inattentional deafness.  

 

However, the assumed ‘attenuation’ in loudness perception and unpleasantness evaluation caused 

by the induced cognitive load was found to occur only for the louder sound levels of our stimulus 

pool. This finding contradicts our initial hypothesis that increasing loudness and modulation 

frequency would lead to increased saliency, and thus to small-to-zero differences between conditions. 

Therefore we assume that performing a secondary task (i.e. the Stroop test) in the high-load condition 

might have reduced participants’ certainty of judgment and reinforced central bias tendencies (i.e., 

the tendency of participants to use of the middle part of the scale), as already observed by Allred, 

Crawford, Duffy, and Smith (2016). Thus, future research should aim on clarifying this finding by 

modulating the frame of reference towards both lower and higher sound levels and testing whether 

central tendencies remain.  

 

In this context, several limitations of our study have to be addressed. For example, since 

performing the Stroop test in our experiment was requested but not rewarded, it is likely that even if 

participants felt disturbed by the auditory stimuli, this acoustical task interference had no effect on 

the unpleasantness ratings due to the lack of task relevance. This might be different in real-life 

scenarios where acoustical stimuli are often perceived as unpleasant and annoying because they 

interfere with a relevant task at-hand (e.g., working or sleeping; Zimmer, Ghani, & Ellermeier, 2008). 

Future research should therefore manipulate task relevance and investigate resulting moderating 

effects on unpleasantness judgments. Another aspect are the stimuli themselves. Presenting amplitude-

modulated pink noise offers controllable and time-constant acoustical ‘input’; however, the ecological 

validity, and thus generalizability of our results to meaningful sound occurring in mundane life is 

limited. This limitation should be addressed in future studies, and used acoustical stimuli should be 

evaluated in advance regarding their saliency in the course of a pre-test.  



 

 

Nevertheless, our findings have strong implications for research on the perception and evaluation 

of environmental sound in terms of the fact that listener-related factors such as cognitive load and 

resulting auditory inattention should be considered and, if possible, realistically reproduced when 

designing listening experiments. Since everyday situations often imply certain dual or multi-task 

demands, focusing participants’ (undivided) attention on sounds in listening experiment might lead to 

overestimations in loudness and unpleasantness judgments compared to real -life scenarios. Here, 

future work should provide guidelines to enhance the ecological validity of listening experiments  in 

laboratory settings and/or improve the empirical basis to estimate (and mathematically correct) the 

resulting biases between experimental settings and day-to-day life situations.  
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ABSTRACT 

Our goal is to create a support system that boosts and maintains arousal levels by providing an auditory 

warning when a decrease in arousal levels is detected because railway operation is characterized by late-night 

and early-morning shifts that frequently result in drowsiness for operators. Earlier research showed that when 

there is train noise present, the designed auditory warning, which consists of a relatively high-frequency band 

(more than 1000 Hz) and a chromatic scale with a fourth chord, has the effect of suppressing the decline in 

arousal level. On the other hand, it might be more challenging to obtain these warning effects for improving 

arousal levels as the designed auditory warning is used more frequently and grows accustomed. Therefore, 

seven participants in this study examined the impact of habituation of the auditory warning on arousal. The 

result revealed that the designed auditory warning significantly reduced habituation compared to the 

reference stimulus and maintained the arousal effect. 

 

Keywords: Auditory warnings, Habituation, Arousal effect 

1. INTRODUCTION 

Railway drivers are required to work during midnight and early-morning hours which are typically 

associated with drowsiness. There are also sections of the line where the monotonous state persists 

without equipment operation, such as braking, depending on the characteristics of the line section. 

According to earlier studies, more than 60% of drivers experience drowsiness once a week (1). Safety 

is essentially guaranteed because trains are outfitted with safety equipment. However, it is considered 

that it will increase safety if it is possible to recognize the decline in the arousal level of a railway 

driver and provide an effective warning. There are numerous warning presentation methods such as 

visual, auditory, tactile, and olfactory presentation, but since there are many existing devices in the 

train cab, it is not practical to introduce a new large-scale device. As a result, in the prior study, we 

looked at a system that could be implemented practically to prevent arousal decline using an auditory 

warning (2). First, a survey was conducted to gather opinions and requests about auditory warnings 

to be used to warn railway drivers, and several auditory warnings were designed. The effectiveness of 

presenting the designed auditory warning to suppress the decline in arousal level was then verified in 

a laboratory experiment. Railway drivers assessed the arousal impact of presenting the designed 

auditory warning even while the train was actually in motion.  

It was feared that the designed auditory warning’s arousal effect would be muted because of 

habituation from being presented too frequently. According to Wogalter, the effects of habituation 

need to be taken into account when designing and verifying the effects of auditory warnings (3). 

Therefore, we examined the habituation to auditory warnings, in this study.  

2. EXPERIMENT 

2.1 Purpose 

 The goal of this study was to determine whether the auditory warning we designed was successful 

in preventing “habituation” after our previous study’s paired comparison method revealed that it had 

more “audibility,” “distinctiveness,” and “arousal function” compared to other sounds under train 
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noise. When sounds were used more frequently and habituation might set in, we examined changes in 

subjective evaluation and reaction time to confirm the goal.  

2.2 Stimuli and Train Noise  

The designed auditory warning (designed sound) and the one pitch sound (reference sound) were 

used in this study. In a previous study, it was found that the designed sound scored highly for 

“audibility,” “distinctiveness,” and “arousal function.”  Figure 1 displays the acoustic  parameters of 

two sound stimuli. To imitate the ambiance of a train cab, these sounds were designed using “Singer 

Song Writer Lite 9.5(INTERNET Co., Ltd.)” and presented with the noise of train running. The 

duration of the stimuli was 4.8 seconds, and both stimuli and the noise were presented from the speaker 

at 75 dB (𝐿𝐴𝑒𝑞) and equivalent continuous A-weighted sound pressure level was measured by sound 

level meter (RION-NL52), using a tripod at a height of 1.2 meters to be at the position of the right  ear 

of the participants. The sound pressure of two sound stimuli, the noise and two sound stimuli with the 

noise was measured for frequency analysis, and the findings are shown in Figure 2.  
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Figure 1 – Acoustic parameters of two sound stimuli 

 

 

 
Figure 2 – 1/3 octave band sound pressure level of the two stimuli and the noise 

 

2.3 Participants 

Seven adults (five men, two women with the age range of 25– 52 years, 𝑀𝑎𝑔𝑒 ± 𝑆𝐷𝑎𝑔𝑒  =  38.9 ±

10.8 years) participated in the experiment. Before participation, all individuals provided their written 

informed consent. 

 

Augment 4th 
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2.4 Systems 

Table 1 shows the equipment and the measurement used in the experimental system.  

 

Table 1 – Equipment and measurement list 

Equipment/measurement Materials 

Railway driving simulator device Railway driver’s cab and monitor (Mitsubishi Precision) 

Monotonous task Laptop Computer (Let’s note CF-SV1DRJQP Panasonic), 

MathWorks matlab2022a Subjective evaluations during the task 

Presentation of sound stimuli 
Powered speakers (MSR100 YAMAHA) 

Presentation of train noise 

Laptop Computer (LIFEBOOK A748/TX FMV A3103PP 

Fujitsu) 

USB Audio Interface (Rubix44 Roland), 

Powered speaker (MSR3 YAMAHA) 

2.5 Experimental Environment 

Participants in the experiment sat in front of a railway driving simulator to replicate railway 

operations. Additionally, the laboratory was shut off to simulate the indoor environment during a 

midnight train run, and the illuminance was about 4.0 lx.  

Monotonous tasks are displayed on the simulator’s monitor, and operations are performed with the 

mouse placed on the railway driving simulator table. During the monotonous task, the train noise was 

presented at 75 dB (𝐿𝐴𝑒𝑞) from two speakers placed 75 cm to the left and right from the center on the 

floor 1 meter in front of the participants. The stimuli were presented at 75 dB (𝐿𝐴𝑒𝑞) from a speaker 

placed on the floor 1 meter in front. The laboratory’s background noise was about 42  dB (𝐿𝐴𝑒𝑞). 

2.6 Procedure 

Figure 3 provides details on the experiment and depicts the time course of the experiment. 

Participants were shown how to run the monotonous task after sitting in front of the railway driving 

simulator. Two sessions of experiments were conducted with each session using a different auditory 

stimulus. To counterbalance the order effect of the stimulus sounds, the participants were divided into 

two groups of three and four each, one using the designed sound and the other using the reference 

sound in the first session. 

The details of the monotonous task were as followed; a circle composed of multiple “○” symbols 

was displayed on the monitor as shown in Figure 3. The number of “○” symbols presented for each 

trial changes randomly from 5 to 15 symbols. Also, if the circle contains not only the “○” but also the 

“C mark,” participants should click the “C mark” with the mouse, and if it is not included, they should 

click anywhere on the monitor as quickly and accurately as possible. The monotonous task continued 

for 60 minutes during each session. 

After the monotonous task began, the sound stimulus was delivered every two minutes for a total 

of 30 times for each session, and two different forms of subjective evaluations were displayed on the 

monitor right away after the sound was played. The first one of the evaluations was about the “arousal 

effect of the stimulus presentation” with a 6-point Likert scale (1 = ignore the sound, 2 = no awakened, 

3 = slightly awakened, 4 = little awakened, 5 = awakened 6 = very awakened) and the second one is 

about “drowsiness just before the stimulus presentation” with 9-point Karolinska Sleepiness Scale (1 

= very alert, 2 = between 1 and 3, 3 = alert, 4 = between 3 and 5, 5 = neither alert nor sleepy, 6 = 

between 5 and 7, 7 = sleepy, but not fighting sleep, 8 = between 7 and 9, 9 = very sleep, fighting 

sleep). Participants were asked to click the number that best described their current state of mind to 

complete subjective evaluations and to continue the monotonous task until the nex t sound was 

transmitted. A break time of about 15 minutes was inserted after the first session, and the second 

session was conducted in the same manner using the stimulus different from those of the former 

session. 

After completing the two sessions, participants were asked to compare two stimuli and evaluate by 

using a 7-point Likert scale about “arousal effect can be felt” and “habituation is likely to occur” 

(from −3 = by presenting reference sound to 3 = by presenting designed sound).  

The total experiment time was 150 minutes. There were two participants whose stimuli 

presentation times were less than 30 times. 



 

 

 

3. RESULT 

3.1 Subjective Evaluation 

According to the number of times the sound was delivered in the task, Figure 4 shows the average 

value of the subjective assessment of the “arousal effect” of the two sound stimuli. The evaluation of 

the designed sound was significantly higher than that of the reference sound when the average value 

of the entire evaluation of the arousal effect for each of the two sound stimuli was compared (p < 0.05, 

paired t-test). Additionally, because data could be collected for both sounds up to the 21st presentation, 

when comparing the two sounds for the average value divided three times up to the 21st time, the 

average score of the design sound has a statistically significant increase compared to the reference 

sound from 4th to 9th times and from 16th times to 21st times from the start (p < 0.05, paired t -test). 

The association between the degree of drowsiness and the arousal effect for each individual when 

the sound stimulus is presented during the task is plotted in Figure 5 along with the correlation 

coefficient. The correlation coefficient displayed positive and negative values depending on the 

participants for some subjects (|r| > 0.600, p < 0.05). It was established that the tendency of the 

sleepiness and the arousal effect of the sound varied across participants and that when the drowsiness 

was high, the effect of arousal by the presentation was both high and low.  

The outcomes of a comparative evaluation of the “arousal effect” and “ease of habituation” of the 

two stimuli following the conclusion of the two sessions are also shown in Figure 6. Most people who 

were asked to compare two sounds said that the designed sound had a greater arousal effect than the 

reference sound and that habituation was more likely to happen when the  reference sound was 

presented rather than the designed sound. 

 

Figure 3 – Experimental sessions and time course 

Task (total 60minutes)

1st session 2nd session
1st 2nd 3rd 29times 30times

Monotonous Task (2minutes per stimuli)

Objective Value during task 

Rest(15minutes) Objective value after all

・・・

Presenting Auditory Stimuli

One session has Presenting the sound and answering subjective evaluation 30times

Monotonous Task example

 

Figure 4 – Objective value score of arousal function during task for each sound 
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3.2 Performance 

According to the number of times the sound was delivered, Figure 7 shows the average reaction 

time for monotonous tasks 30 seconds before and after the presentation of the two stimulus sounds. 

The average reaction time following the presentation of the designed sound of total times was 

significantly shorter than before the presentation when the average value of reaction time for each of 

the two stimulus sounds was compared (p < 0.05, Wilcoxon signed-rank test). Additionally, the 

average reaction time following the presentation of the designed sound from 13th to 15th times 

significantly shorter than before the presentation when comparing the two sounds for the average 

value divided into three times up to the 21st time (p < 0.05, paired t -test). 

 

 

 

   

 

 

Figure 5 – Relationship between the subjective value of arousal function and sleepiness level 

 

 

Figure 6 – Objective value score of arousal level after the two sessions 
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4. DISCUSSION 

The designed sound had a higher “arousal effect,” and tended to be “difficult to habituate” 

according to the results of the subjective evaluation (Figure 4 and Figure 6). From the perspective of 

performance, as shown in Figure 7, the reaction time was significantly reduced by providing the 

designed sound in comparison to the reference sound. These findings indicated that when the designed 

sound was played 30 times at 2-minute intervals as they were in this experiment, habituation may be 

suppressed and an arousal effect may be maintained.  

Future changes to the number of presentations and the presentation interval must be taken in to 

account. Additionally, we would like to collect additional information about how the arousal effect of 

the designed sound varies according to the degree of drowsiness and investigate the more effective 

methods to maintain the arousal effect and suppress habituation by providing the specified auditory 

warnings in the future. 
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Figure 7 – Reaction time of monotonous task before and after the presenting the sounds 
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ABSTRACT 

Noise affects psychological and physiological responses, and the response may be varied by the 

type and sound pressure level (SPL) of noise. To investigate both factors influencing these responses, 

a laboratory experiment was conducted. The sound stimuli consisted of seven types of noise that can 

be heard in real life of apartment: three impact sounds (child jumping, child running, and piledriver)  

and four steady noises (toilet plumbing, conversation, road traffic, and air-conditioner outdoor unit 

noise). Each sound stimuli was reproduced at three SPLs (50 dB, 60 dB, and 70 dB in LAFmax for 

impact sound and 45 dB, 55 dB and 65 dB in LAeq for steady noise) using headphones and a woofer 

speaker. For the psychological responses, the participants rated valence, arousal, and dominance of 

SAM (Self-Assessment Manikin) by 9-point scale and annoyance by 7-point scale. Simultaneously, 

all participants’ HR (Heart rate) and EDA (Electrodermal activity) were measured using Biopac  

systems(MP36R) to obtain physiological responses. First, in the psychological response, valence and 

dominance decreased and arousal and annoyance increased as SPL increased. The change rate of mean 

HR data averaged over all residential noises showed a tendency to increase with increasing  SPL and 

showed a similar trend between the impact sounds. It was also shown that average RMSSD decreased, 

and EDA significantly increased as the SPL increased. In addition, there was no clear trend in the 

correlation between the psychological and physiological responses according to the SPL of the 

residential noise. 

 

Keywords: Psychological response, Physiological response, Residential noise 

1. INTRODUCTION 

Noise has a negative impact on human emotions as well as on health such as sleep disturbance, 

obesity, diabetes, and cardiovascular disease [1]. Related research has been continuously developed 

but is focused on environmental noise. Residential noise has a very close relationship with our daily 

life [2], and although there are only a few studies in which residential noise also relates to 

electrodermal activity (EDA) and annoyance [3], or emotions [4]. 

In this study, the physiological and psychological responses of humans to noise, especially 

residential noise were measured. This study also investigated whether psychological and physiological 

reactions appear differently depending on the type and the sound pressure level of the residential noise. 

2. METHOD 

2.1 Sound stimuli 

In order to select the sound source to be used in this study, the sounds recorded in the actual 

residential space was classified through the k-means clustering method according to frequency and 

time variation characteristics. Representative sound sources for each classified cluster were selected 

as experimental sound sources. The sound sources used in the experiment are seven sound sources: 
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children jumping, children running, pile driving noise, toilet water supply and drainage, conversation, 

road traffic, and air-conditioner’s outdoor unit noise. As shown in Table 1, the experimental sound 

sources were divided into three impact sounds and four steady sounds. The sounds were reproduced 

with SPLs of 50 dB, 60 dB, and 70 dB in LAFmax for the impact sound and those were 45 dB, 55 dB, 

and 65 dB in LAeq for the steady sound. Figure 1 shows the frequency and time-variation characteristics 

of the experimental sound source. 

 

Table 1 – Sound stimuli and representation SPL used in the experiment 

Impact sound Child jumping, Child running, Pile driver  

LAFmax [dBA] 50 60 70 

 

Steady sound Toilet plumbing, Conversation, Road traffic, Outdoor unit 

LAeq [dBA] 45 55 65 

 

 

  

Figure 1 – Frequency (top) and temporal variation (bottom) characteristics of sound stimuli 

 

2.2 Measurement of psychological and physiological responses 

Self-Assessment Manikin (SAM) [5] and annoyance evaluation were conducted to examine the 

psychological response to residential noise. SAM evaluation was conducted on a 9-point scale and 

consists of three dimensions: valence, arousal, and dominance, as shown in Figure 2. Valence 

dimension ranges from unhappy figure to a happy figure, arousal dimension ranges from relaxed figure 

to excited figure, and dominance dimension represents changes in control with changes in the size of 

SAM. Annoyance was conducted on a 7-point verbal scale from ‘not at all’ to ‘extremely’. 



 

 

 
Figure 2 - Self-Assessment Manikin with 9-point scales; Valence, arousal, and dominance 

 

The experiment on the physiological response was carried out as shown in Figure 3. Table 2 

indicates parameters measured in physiological experiment.  Electrocardiogram (ECG) and EDA data 

were acquired using Biopac systems (MP36R). ECG data were acquired by attaching electrodes to 

both wrists and an ankle using the standard limb lead. At the same time, EDA data were acquired by 

attaching electrodes to the index and middle fingers of one hand.  In order to minimize data error due 

to movement during the experiment, the subject's movements were restricted with a posture corrector. 

The response sheet was presented to a tablet PC at eye level connected to a wireless mouse and only 

the wrist was allowed to move. 

 

 

 
Figure 3 – Experimental settings and electrodes attached to participant for physiological 

experiment 

Table 2 – Parameters measured in physiological experiment 

Parameter Unit Description 

ECG 

HR 

(Heart 

Rate) 

BPM The number of times the heart beats within a certain time period  

RMSSD ms Root mean square of successive RR interval 

EDA μS 
The property of the human body that causes continuous variation in the 

electrical characteristics of the skin 



 

 

2.3 Experimental design and participant 

The experiment was conducted on eight adults with normal hearing without a history of heart 

disease. Alcohol and caffeine were restricted and sufficient sleep was taken a day before the 

experiment. The experiment was designed as two sessions to prevent data error due to fatigue caused 

by long-term experiment as shown in Figure 4. Subjects were given sufficient rest before each session 

and were instructed not to move during the experiment. In the session, a total of 21 sound sources 

were presented, 11 sound sources in Session 1, and 10 sound sources in Session 2 . The baseline for 

comparison was measured for 60 seconds before each sound source was presented, and 30 seconds 

were given for the psychological response evaluation time after each sound source presentation . 

The experiment was conducted in a listening room (H⨯W: 2.7 m⨯4.4 m=11.9 m2) with background noise 

of 15 dBA and reverberation time of 0.19 seconds (500 Hz and 1k Hz average). The sound source of the 

experiment was presented to a participant through a woofer speaker (Dynaudio BM14S) and a headset 

(Sennheiser HD 600). 

 

2.4 Data analysis 

All physiological response data were analyzed as the rate of change in physiological response data 

sound source presentation with respect to the baseline. Representative values of the subjects' 

psychological and physiological response data were analyzed based on the median value.  

Mean HR and RMSSD data for 60 seconds from sound source presentation were calculated and 

compared to baseline for 60 seconds. For EDA, the value at the beginning time of sound source 

presentation was compared with the data during 10 seconds of sound source presentation . 

3.  RESULTS 

3.1 Psychological responses 

As shown in Figure 5, valence and dominance tend to decrease, and arousal and annoyance tend to 

increase as the SPL increases. In general, psychological response to the impact sound (blue colored) 

was lower in valence and dominance, and higher in arousal and annoyance than the steady sound 

(green colored). 

 

3.2 Physiological responses 

3.2.1 ECG 
Figure 6 shows the mean HR change rate averaged over sound sources and for each sound, 

respectively. The average rate of change was found to be 1.4% to 3%, and the average mean HR 

change rate of sound sources also increases as the sound pressure level increases. When classified by 

type of sound source, in the case of impact sound, the difference between the rate of change at 50 dB 

and 60 dB was relatively small, but the rate of change at 70 dB showed high value to 6.1%. However, 

steady sound sources do not show a certain trend. 

 

Figure 4 – Presentation of sound stimuli 



 

 

 

As shown in Figure 7, contrary to Mean HR, the RMSSD change rate averaged over sound source 

tends to decrease from 13.3 % to -5.4 % as the SPL increases. Minus rate of change of sound at high 

SPL (65 dB for steady sound and 70 dB for impact sound) is shown. Pile driver, outdoor unit, and 

road traffic noise showed a large difference between 45 dB and 55dB, but showed a relatively small 

difference in the change rate from 55 dB to 65dB. 

 

3.2.2 EDA 
Figure 8 shows change of EDA averaged over all noise types and for each sound source. The 

average change rate of EDA increases from -0.6% to 3% as SPL increases. The rate of change of EDA 

of children's running, conversation, and toilet plumbing noises was significantly correlate with the 

sound pressure level. 

  

Figure 5 – Relation between sound pressure level and psychological response for each sound 

source 

 

 

 

Figure 6 - Change of mean HR averaged over all noise types (left) and for each sound source 

(right) 



 

 

 

 

Figure 8 - Change of EDA averaged over all noise types (left) and for each sound source (right)  

3.3 Relationship between psychological and physiological responses 

Table 3 shows the correlation between psychological and physiological responses (change rate) 

according to the SPL of residential sound source. In the correlation between mean HR and 

psychological response, the correlation coefficient of road traffic noise showed high values in all 

psychological responses. In RMSSD, the correlation coefficient of outdoor unit and pile driver noise 

was high. In the relationship between EDA and psychological response, conversation and toilet 

plumbing noise showed high correlation coefficient.  

 

 

 

 

 

 

 

  

Figure 7 - Change of RMSSD averaged over all noise types (left) and for each sound source 

(right) 

 



 

 

Table 3 – Correlation coefficient between psychological and physiological responses  (change 

rate) 

mean HR – PSY C CJ CR O P R T 

valence 0.66 -0.41 -0.07 -0.82 -0.24 -0.93 0.86 

arousal -0.38 0.76 0.46 0.70 0.46 0.99 -0.49 

dominance -0.52 -0.76 -0.20 -0.59 -0.46 -0.85 0.94 

annoyance -0.79 0.41 0.22 0.96 0.69 0.97 -0.62 

        

RMSSD - PSY C CJ CR O P R T 

valence 0.78 0.48 -0.72 0.99 0.98 0.68 0.46 

arousal -0.94 -0.81 0.38 -0.95 -1.00 -0.84 -0.84 

dominance 0.88 0.81 -0.62 0.89 1.00 0.53 0.28 

annoyance -0.65 -0.48 0.60 -0.98 -0.95 -0.78 -0.74 

        

EDA - PSY C CJ CR O P R T 

valence -0.99 -0.49 -0.63 0.06 0.09 -0.51 -0.99 

arousal 0.89 0.07 0.88 -0.24 -0.33 0.71 0.77 

dominance -0.95 -0.07 -0.72 0.38 0.33 -0.34 -1.00 

annoyance 1.00 0.49 0.74 0.27 -0.58 0.63 0.86 

*C (Conversation), CJ (Child Jumping), CR (Child Running), O (Outdoor Unit), P (Pile Driver), 

R (Road Traffic), T (Toilet Plumbing) 

4. Summary 

In this study, the psychological responses (SAM and annoyance) and physiological responses (HR, 

RMSSD, EDA) to residential noise were measured and analyzed according to the noise type and sound 

pressure level. First, in the psychological response, valence and dominance decreased and arousal and 

annoyance increased as SPL increased. In addition, the valence and dominance of the impact sound 

were lower, and the arousal and annoyance were higher than the steady sound. The change rate of 

mean HR data averaged over all residential noises showed a tendency to increase with increasing SPL 

and showed a similar trend between the impact sounds. It was also shown that average RMSSD 

decreased, and EDA significantly increased as the SPL increased. In addition, there was no clear trend 

in the correlation between the psychological and physiological responses according to the SPL of the 

residential noise. 
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ABSTRACT

The Auditory Modeling Toolbox (AMT) is an open source Matlab/Octave toolbox dedicated to promoting
reproducible  research  in  the  hearing  sciences.  Through  its  unified  interface,  it  provides  access  to
implementations of auditory models written in various programming languages, to experimental data, and
to code focusing on the reproduction of published results. An extensive in-code generated documentation
and software demonstrations of the relevant aspects of the models assist in getting quickly familiar with
their functioning. Moreover, the AMT 1.x comprises tools to facilitate the extension and modification of
existing auditory models, such as the caching of results, on-the-fly download of experimental data and
head-related transfer functions from online repositories, as well as general purpose auditory functions such
as filters, signal generators, and plotting functionality. For the contributors, the AMT offers the option of
multi-licensing  of  their  implementations,  a  clear  display  of  authorship,  and  citations  to  their  authors’
publications.  With the AMT 1.2,  over 60 auditory models  and experiments  as  well  as  50 sets  of  data
contributed  by  researchers  from  a  wide  range  of  scientific  fields  are  provided.  The  AMT’s  code,
documentation, and resources are provided at http://amtoolbox.org.

Keywords: Computational modeling, psychoacoustics, open source software, reproducible research

1. INTRODUCTION
The Auditory Modeling Toolbox (AMT) 1.x [1] is a framework for making auditory models and

their associated experimental data available to the general public. Rooted in the idea of promoting
reproducible  research,  the  AMT  1.x  is  distributed  under  the  open  source  GNU  Public  License
Version  3,  and  is  freely  available  from  amtoolbox.org  .  Its  basic  structure  is  implemented  in
Matlab/GNU  Octave,  but  models  in  any  programming  language  are  supported.  Its  online
documentation is generated directly from within the code, providing transparency to the user via a
direct link between the source code and its results.

Besides the software package, AMT 1.x comprises experimental and auxiliary data that can be
downloaded  on  the  fly  and  directly  from within  the  toolbox.  Additionally,  a  caching  mechanism
allows for the online retrieval of pre-calculated data, thus shortening the computation time for many
auditory  models.  Third-party  toolboxes  complement  AMT  1.x  with  functionality  for  conducting
advanced  signal  analysis  [2],  processing  head-related  transfer  functions  (HRTFs)  in  the  spatially
oriented  format for  acoustics (SOFA) [3], carrying out statistical analysis [4], and synthesizing 3D
sound fields [5]. Figure 1 shows the structure of the AMT 1.x, outlining the connections between the
modules of the code, downloadable resources, and their origins.

Models  and  model  stages  are  central  to  the  code  structure  of  AMT 1.x.  They are  linked  to  a
specific publication, named after its first author and year, and are  ideally supported by  experiment
functions reproducing that publication’s results. The achievable degree of reproducibility as well as
the quality of the code and documentation are ranked on the AMT’s homepage  to provide further
transparency.  Additional  demonstrations  showcase  the  model’s  most  important  aspects.  Common
functions offer auditory modeling-related functionality that can be used in conjunction with several
models. Data functions, finally, give access to experimental data from various publications, usually
via download from the online repository of the AMT 1.x. 
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Figure 1: Structure of the AMT 1.x. Green: Code consisting of functions and algorithms. Grey: Data
and third-party toolboxes. White: Online repositories. Figure reproduced from [1].

2. AUDITORY MODELS
With the release of AMT 1.2, the AMT comprises more than 50 models functionally covering the

auditory pathway from the outer ear up to the brainstem. Moreover, there are models for higher level
behavioral  and  perceptual  features,  such  as  loudness,  speech,  and  spatial  perception.  In  the
following,  we  summarize  the  available  model  implementations  in  AMT  1.x  and  outline  their
correspondence to the auditory processing stages depicted in Figure 2.

2.1 The auditory pathway

The outer and middle ear processing is largely done via common functions. HRTFs need to be in
SOFA  format  and  can  be  checked  for  their  geometrical  consistency  via  the  model
ziegelwanger2014 [6].  pausch2022 [7],  another  acoustic-geometric  model,  estimates  the
interaural time differences based on hearing-aid related transfer functions.

The  models  lopezpoveda2001 [8],  hohmann2002 [9],  lyon2011 [10],  and
verhulst2012 [11]  yield  the  basilar  membrane  velocity  as  a  function  of  frequency.
zilany2007 [12], zilany2014 [13], and bruce2018 [14] implement the complete chain from
sound pressure to spike rates of AN fibers.  ewert2000 [15] and  carney2015 [16] account for
the sensitivity to temporal modulations of the auditory system, which is commonly attributed to the
neural auditory pathway from the cochlear nucleus to the inferior colliculus. Models integrating the
more  peripheral  stages  with  higher-level  neural  stages  comprise  dau1996 [17],  dau1997 [18],
roenne2012 [19],  verhulst2015 [20],  verhulst2018 [21],  relanoiborra2019 [22],
and  king2019 [23].  Binaural  processing  is  supported  by  the  models  lindemann1986 [24],
breebaart2001 [25], dietz2011 [26], and takanen2013 [27].

Figure  2: Typical  structure  of  auditory  models  reflecting  the  monaural  processing  stages  of  the
auditory  periphery  (Left  ear,  Right  ear),  followed  by  an  optional  stage  of  binaural  interaction
(Binaural) and stages modeling perceptual or behavioral outcomes (Perception & Behavior). Figure
reproduced from [1].



2.2 Perception and behavior

In  the  AMT  1.2,  we  have  monaural  loudness  models  represented  by  moore1997 [28],
glasberg2002 [29],  and  chen2011 [30]  as  well  as  moore2016 [31],  a  loudness  model
considering  binaural  inhibition.  We  have  monaural  speech  perception  models  such  as
joergensen2011 [32], taal2011 [33], and joergensen2013 [34], complemented by models
considering  binaural  speech  processing,  such  as  culling2004 [35],  jelfs2011 [36],
leclere2015 [37],  hauth2020 [38],  prudhomme2020 [39],  vicente2020nh [40],
vicente2020 [41], and lavandier2022 [42]. For perceptual similarity, we have osses2021
[43] and mckenzie2022 [44]. Models for spatial perception comprise zakarauskas1993 [45],
langendijk2002 [46],  may2011 [47],  baumgartner2013 [48],  georganti2013 [49],
wierstorf2013 [50], baumgartner2014 [51], reijniers2014 [52], kelvasa2015 [53],
baumgartner2016 [54],  hassager2016 [55],  li2020 [56],  baumgartner2021 [57],
barumerli2022 [58], llado2022 [59] and mclachlan2021 [60]. 

3. OTHER IMPORTANT INFORMATION
The AMT is not limited to models and their original published experiments, but also comprises

contributions from researchers applying AMT models in their publications. At the moment, the AMT
comprises  five  such  experiments:  exp_baumgartner2015 [61],  exp_baumgartner2015
binweight [62],  exp_steidle2019 [63],  exp_engel2021 [64],  exp_osses2022 [65],
and exp_roettges2022 [66].

The AMT is under active maintenance and we welcome new contributions, be it models, data, or
experiments, from all fields of hearing science and in all programming languages. All contributors
are  listed  on  the  AMT’s  website,  are  declared  in  the  source  code,  and  are  cited  in  AMT-related
publications. 

All  information  and  resources  related  to  the  AMT can  be  found  at  https://a      mtoolbox.org      .  The
AMT  version  1.2  can  be  downloaded  from  https://sourceforge.net/p/amtoolbox/files  . For  the
development, the source code is available at https://git.code.sf.net/p/amtoolbox/code  .
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ABSTRACT
In audio coding technology, the framework based on the modified discrete cosine transform (MDCT) has been
mainly adopted in the literature and audio coding standards. The MDCT does not introduce blocking effects
while allowing perfect reconstruction, and can evade the data rate increase with a 50% overlapped window.
However, when using the temporal noise shaping for coding the transient signal, the undesired aliasing may
occur, and the MDCT window should be designed under the time-domain aliasing cancellation constraint. These
limitations can be simply avoided by using the discrete Fourier transform (DFT), but it increases the data rate
by double because of the complex-valued representation of the DFT coefficients. In this study, we propose a
scheme that effectively quantizes the complex-valued signal in the comparable data rate with the real-valued
coding scheme. The proposed coding scheme is based on unrestricted polar quantization for complex variables
combined with the psychoacoustic model. This study demonstrates the feasibility of the quantization scheme
for the complex-valued coefficients of the same data rate with comparable perceptual distortion against the
conventional MDCT-based audio coding.

Keywords: Audio coding, psychoacoustics, discrete Fourier transform, complex quantization, polar quan-
tization

1 INTRODUCTION
Audio coding technology has been developed in various ways including quantization schemes, perceptual models,
frequency decomposition techniques, and lossless coding methods (1). Among them, the quantization is one of the key
features that determines the compactness of the bitstream and perceptual representation of the audio signal. The main
targets of the quantization in the audio coding fields are composed of the real values from the modified discrete cosine
transform (MDCT) and the complex values from the discrete Fourier transform (DFT).

For MDCT coefficients, a method of combining scalar quantization (SQ) and entropy coding techniques was mainly
adopted (2). When quantizing MDCT coefficients, there is a time-domain aliasing problem with the temporal noise
shaping (TNS) to encode the transient signal (3) as well as there is a limitation in determining the analysis and synthesis
windows that satisfy the time-domain aliasing cancellation (TDAC) condition, which degrades the frequency response at
low bit rates (4). In contrast, DFT coefficients are quantized by vector quantization-based techniques such as algebraic
vector quantization (AVQ) (5) and split vector quantization (SVQ) (6). When the DFT is utilized for time-frequency
(T/F) analysis, one can avoid the aliasing problem and the window can be designed without a consideration of the TDAC
condition. However, unlike the MDCT, the DFT is accompanied by a doubled data rate, which is troublesome in a low
rate coding. In this work, we propose a modified polar quantization for DFT coefficients that can encode the audio signal
with a comparable bit rate to MDCT-based coding while slightly increasing perceptual quality using an instantaneous
psychoacoustic parameter.

Since the DFT coefficients are complex values, one can independently quantize the real and imaginary parts (rectan-
gular quantization; RQ) or the magnitude and the phase separately in a complex plane (polar quantization; PQ) (7). PQ
techniques have been developed from strictly polar quantization (SPQ) which independently quantizes the magnitude
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and the phase (8), and unrestricted polar quantization (UPQ) which quantizes the phase dependent on the magnitude
(9). In a subsequent work, the entropy-constrained UPQ (ECUPQ) was proposed combined with entropy constraints,
and applied to sinusoidal coding using the signal-to-mask ratio (SMR) from a psychoacoustic model (10). The original
ECUPQ is based on the high-rate assumption, which causes the performance degradation at low bit rates. Followed by
the original ECUPQ, the optimal ECUPQ was proposed, which overcomes the limitations at low bit rates (11). In this
work, the optimal ECUPQ is modified and applied to quantize the frequency domain noise shaping (FDNS) residual
signal. A hybrid scheme consisting of the non-uniform SQ for outlier values and the conventional ECUPQ solution is
proposed. Additionally, the modification of the number of phase cells is presented.

Recently, Matteo et al. conducted a study on the aggregated correlations between various objective metrics and
subjective listening test scores (12). In Matteo’s work (12), it was shown that the model output variables (MOVs) of
perceptual evaluation of audio quality (PEAQ) are highly correlated to the listening test scores and even better than
PEAQ overall difference grade (ODG) (13). To utilize this to the coding scheme, we propose a normalized short-time
distorted block (nSTDB) as a variant of the highly correlated average distorted block (ADB) among PEAQ MOVs, and
propose a method to control the sub-band gain based on the proposed nSTDB. A two-stage DFT-based audio coding
scheme is presented by combining subband gain control and modified UPQ (mUPQ), which is verified at low bit rates.

2 UNRESTRICTED POLAR QUANTIZATION
The PQ is a method of quantizing magnitudes and phases of the complex variables (8). Among various PQ methods,
the UPQ is advantageous in that its distortion for any fixed number of quantization cells outperforms the RQ which
quantizes two-dimensional variables independently as well as conventional SPQ (9). Specifically, the UPQ quantizes
the magnitude, then the quantized magnitude is used to determine the number of phase cells, and quantizes the phase
using the calculated number of phase cells. Designing the UPQ is determining the three parameters including the number
of magnitude quantization levels (M), the thresholds of the magnitude quantizer (rm), and the number of phase cells
(pm) corresponding each magnitude cell. When the aforementioned parameters are determined, the UPQ quantization
procedure can be elaborated as follows. Consider the input of the UPQ with magnitude A and a phase φ . First, the
magnitude cell index m which the magnitude A belongs to is inspected as

rm−1 ≤ A < rm, (1 ≤ m ≤ M). (1)

Then, the number of phase cells pm is determined and the phase cell index s is searched using pm:

(s−1) ·2π/pm ≤ φ < s ·2π/pm, (1 ≤ s ≤ pm). (2)

When reconstructing the magnitude from the magnitude cell index m, the minimization solution with respect to the MSE
distortion metric (10) is utilized:

Âm = sinc
(

1
pm

) ∫ rm
rm−1

rg(r)dr∫ rm
rm−1

g(r)dr
, (3)

where sinc(x) = sin(xπ)/xπ and g(r) denotes the marginal probability density function (pdf) of the magnitude. The
marginal pdf g(r) can be modeled by the Rayleigh distribution with a unit scale parameter or can be estimated from the
target data set. For the phase reconstruction, the phase cell index s and the magnitude cell index m are utilized as

θ̂m,s = (2s−1)π/pm. (4)

Note that the reconstruction of the magnitude requires only the magnitude cell index m while the reconstruction of
the phase requires both the magnitude cell index m and the phase cell index s. In chapter 3, the coding scheme with
the modified solution of the UPQ and the gain calibration method using the short-time psychoacoustic parameter are
presented.

3 PROPOSED SYSTEM
3.1 Overview of coding scheme
The proposed DFT-based audio coding system similar to the MDCT-based transform coded excitation (TCX) contains
the conventional coding tools including the linear prediction (LP) analysis, frequency decomposition, FDNS, sub-band



scaling, quantization, and entropy coding. Unlike the MDCT-based TCX, the coding scheme is amended by replacing
the scalar quantizers with the two-stage modified UPQ and using the normalized STDB-based sub-band gain calibration
(Figure 1).

The LP analysis is utilized for the FDNS tool, which flattens the spectral energy in the frequency domain. It is imple-
mented by the estimated spectral envelope using the quantized LP coefficients. For the LP analysis, the LP coefficients
can be weighted by the pre-defined weighting factor, i.e. γ = 0.93 before quantizing LP coefficients. In our implemen-
tation, the order of LP coding (LPC) is set to 16. The LP coefficients are transformed to line spectral frequency (LSF)
parameters and quantized by the pre-trained two-stage vector quantization (VQ).

The LP residual coefficients made by FDNS are grouped by multiple sub-bands. The number of sub-bands and the
bandwidth of each sub-band are designed based on the characteristics of the general audio signal, e.g., one can design
the sub-bands structure emphasizing the low frequency bands. In our implementation, the number of sub-bands is set
to 8 and the upper thresholds of 8 sub-bands are set to [0.5, 1.12, 1.74, 2.5, 3.24, 4.12, 5.12, 6.4] kHz. For each sub-
band, the corresponding LP residual coefficients and the pre-defined bit constraint are utilized to calculate the sub-band
gain. As the bit constraint is higher, the calculated sub-band gain is lower. Specifically, the gain is calculated by using
SQ_gain function that is included in the audio coding standards such as MPEG Unified Speech and Audio Coding
(USAC) (14). In the implementation of 13 kbit/s coding, the bit constraint is set to [50, 38, 34, 25, 21, 21, 21, 21] bits.
The magnitudes of LP residual for sub-bands are divided by the calculated sub-band gains.

The magnitudes of scaled coefficients are fed into the first stage mUPQ which is covered in section 3.2. The quantized
magnitude by the mUPQ and the quantized LPC are utilized to reconstruct the test spectrum for the nSTDB calculation
block. The reconstructed test spectrum, as well as the reference magnitude spectrum from the DFT block, are fed into the
nSTDB calculator. The detailed elaboration of nSTDB calculation is covered in section 3.3. The calculated nSTDB for
each sub-band and frame alters the sub-band gain obtained in the first stage scaling block. The calibrated gain is utilized
to re-scaling the magnitude spectrum of FDNS residual. In the second stage, the calibrated gain is quantized and coded
by 7 bits per sub-band representing the decibel scale values from 0 dB to 128 dB with 1 dB resolution.

The re-scaled magnitudes and the residual phases in the second stage are quantized by the mUPQ, and the magni-
tude and phase indices are entropy coded afterward. For the evaluation, the entropy coding was not implemented, and
the quantized indices were assumed to be lossless coded and transmitted. Allocated bits for magnitudes and phases are
indirectly computed by the sample entropies of the adjacent frequency domain quadruple magnitudes and phases, re-
spectively. Note that this study is not about the entropy coding technique as well as the memory constraint, which are not
considered in the proposed scheme yet. The optimized entropy coding scheme for the proposed two-stage quantization
would be delivered in future works.

The block diagram of the proposed DFT-based decoder is depicted in Figure 1 (b). The total procedure of the

Figure 1. Block diagrams of the proposed DFT-based audio coding system (a) encoder (b) decoder



encoder depicted in Figure 1 (a) is inversely operated in the decoder. Firstly, entropy decoding is performed which is
the counterpart of the entropy coding block in the encoder. Then, the magnitudes and phases of the FDNS residual
are de-quantized from the decoded magnitude and phase indices. The reconstructed residual coefficients are re-scaled
by the de-quantized gains of the sub-bands. The re-scaled residual signal is recovered by the inverse FDNS using the
de-quantized LPC. The recovered DFT coefficients are finally transformed to the time-domain signal by inverse DFT
(IDFT). The conventional overlap-and-add procedure is applied in this procedure.

3.2 Modified UPQ
Since the original concept of the UPQ was proposed (9), a lot of variations and advancements on the UPQ have been
presented (10, 11, 15). Among those studies, the ECUPQ is the one of representative attempts to apply PQ for audio
coding. Since the conventional ECUPQ was based on the commonly adopted high-rate assumptions, it was revealed
that its quantization performance at low rates deteriorated as shown in (11). Wu and Dumitrescu proposed the ECUPQ
which has the globally optimal rate-distortion performance even at low rates (11) by modeling the minimum-weight
path problem in a weighted directed acyclic graph without the high-rate assumption. As the proposed coding scheme
targets low rates, the optimal ECUPQ was adopted as the baseline quantization. Especially the solution with the rate of
2.495 in (11) was chosen.

For the practical implementation, however, there were some limitations to adopting the optimal ECUPQ solution
directly on the coding scheme. Firstly, the solution in (11) was obtained with the assumption that the marginal pdf of
the magnitude is modeled as the Rayleigh distribution with a unit scaling parameter, which is not necessarily the case
for the target coefficients. In addition, the normalization of the magnitudes of the FDNS residual coefficients was not
a practical solution, because the MSE-sensed optimality does not guarantee the perceptually optimal performance in
audio coding. More specifically, as shown in Figure 2 (a), the optimal ECUPQ solution does not reconstruct the spectral
peaks with a fine resolution in the low frequency of the speech item, which is highly related to the clarity of the speech.
This is because the residual coefficients of the highest magnitude cell (C8 in Table 1) are reconstructed to a relatively
low magnitude. As shown in Table 1, although most magnitudes belong to the origin cell (C1), the magnitudes above the
highest threshold cannot be ignored concerning the perceptual importance of the spectral peaks. As a decent solution,
we propose the hybrid quantization approach as follows. When the magnitude A is larger than the highest threshold, the
corresponding magnitude indices are designated to ⌊A3/4 +0.5⌋, and the magnitude is reconstructed by the nonlinear
quantization as

Â =
⌊

A3/4 +0.5
⌋4/3

. (5)

Note that this non-uniform SQ is activated when the magnitude is higher than the highest reconstructed magnitude (8 in
our implementation) made by the optimal ECUPQ to avoid the additional side information of notifying the mode of the
quantizer. As shown in Figure 2 (b), the spectral peaks in the low frequency bands are reconstructed with an improved
quality by adopting the hybrid quantization approach.

In addition, the number of phase quantization cells (pm) in the baseline solution with the rate of 2.495 in (11) is
modified. The original solution set of pm is [1, 7, 13, 19, 25, 32, 38, 45]. Under the various internal examinations, we

Table 1. Statistics on magnitude levels

Figure 2. Spectrogram examples for ’es01’ at 13 kbit/s mono. (a) the optimal
ECUPQ and (b) mUPQ (c) mUPQ with nSTDB



found out that mUPQ with the number of phases with [1, 8, 16, 16, 32, 32, 64, 64] has perceptually better performance
which has a larger number of total phase cells as well as consisting of the power-of-two numbers. Although the total
number of phase cells is increased from 180 to 233, the allocated bits for phases are not significantly increased since the
spectral holes which do not require any bits for phases are dominated in the low bit rate. The effect of this modification
is shown in chapter 4.

3.3 Sub-band gain calibration using the nSTDB
Inspired by the study (12) that some MOVs of PEAQ are highly correlated with coarsely evaluated coding artifacts as well
as the MPEG verification test results which are highly reliable. Among MOVs tested in (12), the ADB has the highest
aggregated correlation score. The ADB itself cannot be directly utilized for bit allocation in the audio coding framework
since the ADB is averaged over time frames and frequency bins. To overcome this limitation, the STDB is proposed.
The STDB is calculated from the excitation patterns of the reference signal and the test signal as the conventional ADB
in PEAQ. The excitation patterns in the Bark scale are spreaded in the frequency domain and smoothed in the time
domain. Instead of averaging over whole temporal frames and frequency bins, the STDB is calculated by averaging the
probability of detection pc[k,n] and the number of steps above the threshold qc[k,n]within the sub-bands (b= [1, · · · , 8])
which is represented as

P[b,n] = 1− ∏
k∈B(b)

(1− pc[k,n]),

Q[b,n] = ∑
k∈B(b)

qc[k,n].
(6)

Here, k denotes the Bark scale index defined in the FFT-based basic PEAQ model and B(b) is the set of Bark scale
indices within the b-th sub-band. In the implementation, the criteria for this is selected as [16, 33, 44, 54, 61, 68, 74, 80]
among 109 Filter-banks in the basic FFT-based PEAQ model. Here, the pc[k,n] and qc[k,n] are calculated in the same
way in the FFT-based PEAQ model. Accordingly, the STDB is defined as

STDB[b,n] =


0 P[b,n]≤ 0.5,

log10Q[b,n] P[b,n]> 0.5 and Q[b,n]> 0,

−0.5 P[b,n]> 0.5 and Q[b,n] = 0,

(7)

where b,n ∈ Z are the indices of sub-bands and frames, respectively. Since the lower and upper bounds of the ADB are
known as presented in (16), the lower and upper bounds are utilized to shift and scale the STDB to be in a range from
0 to 1 similar to the scaling procedure in PEAQ basic version. Note that this scaling is based on the assumption that the
STDB has a similar dynamic range to the ADB.

The perceptual quality of audio signal coded in a low bit rate highly relies on the effective bandwidth, which requires
a lower number of spectral holes in high frequency bands. Instead of manually allocating more bits on the high frequency
sub-bands, the semi-adaptive gain based on the nSTDB is proposed.

Figure 3. Statistics of the calculated nSTDBs from
15 MPEG test items.

Figure 3 shows the statistics of the calculated nSTDB from 15
MPEG test items. The nSTDBs in the high frequency tend to be
lower than those in the low frequency. Using this tendency, the
determination procedure of the gain calibration factor is designed
to decrease the spectral holes in the high frequency while sacrific-
ing the reconstruction details in the low frequency. This strategy
can be translated into that some bit savings whose nSTDB is high
are transferred to reconstruct the sub-bands whose nSTDB is rel-
atively low.

Using the quantized magnitude by the first stage mUPQ and
quantized LPC, the nSTDB is calculated for each time frame and
sub-band (Figure 4 (a)). For the ease of comparison, the original



Figure 4. (a) nSTDB for each time frame and subband for the ’es01’ item (b) nSTDB at 14th frame and its median
value (c) Spectrogram of the downsampled ’es01’ (speech item) (d) Allocated gain calibration factor in decibel for each
subband at 14th frame.

spectrogram of the speech signal is shown in Figure 4 (c). The calculated nSTDBs for a certain frame is used to determine
the gain calibration factor (Figure 4 (b)). In detail, nSTDBs are divided by three thresholds (upper (0.8), middle (0.7),
and lower (0.6) thresholds), and the gain calibration factors are determined by the allocated regions. As the nSTDB is
higher, the gain calibration factor is determined to a higher value. The gain calibration factor is selected within a range
[−2,−1, 1, 2] (Figure 4 (d)). Note that the gain calibration factor is determined to be proportional to nSTDB instead
of being inversely proportional to nSTDB. As shown in Figure 2 (c), the spectral holes in the high frequency decrease
while the reconstruction quality in the low frequency becomes slightly deteriorated. The gain calibration factor in the
decibel scale is added to the gain obtained in the first stage, and the calibrated gain is used to normalize the magnitude
of FDNS residual coefficients, then quantized and transmitted as the side information.

4 PERFORMANCE EVALUATION
To evaluate the performance of the proposed coding scheme, the objective measures are compared as well as the listening
test based on the MUSHRA methodology was conducted (ITU-R BS.1534-1). For comparison, the MDCT-based long
TCX mode of MPEG USAC (14) was compared as the baseline, which has a similar scheme. To assess the quantization
and bit allocation effects only, the spectral holes were not filled in by the noise filling method for both systems. For a fair
comparison on the core-band, the enhanced spectral band replication (eSBR) of MPEG USAC was deactivated. The test
was done for an overall bit rate of 13 kbit/s with 6.4 kHz core-bandwidth, which forces the listeners to focus on coding
artifacts at a low bit rate rather than perceptual transparency of sound. The analysis frame size and DFT size are set to
1280. The analysis and synthesis window are set to tapered cosine window with 256-point overlap which is as same as
the non-zeroed overlap size of long TCX in USAC. The bit allocation to coding parameters is shown in Table 2. Note
that the number of bits for phases is comparable to that for magnitudes since the spectral holes are dominant in the target
bit rate, which does not allocate bits for phases (refer to the percentage of C1 in Table 1).

For objective validation, the segmental SNR (segSNR) and residual SNR (resSNR) are evaluated. Here, the resSNR
is defined as the ratio of the power of the FDNS residual signal to the power of the complex-valued residual error :

resSNR[dB] = 10log10

{
∑
f ,n

|Xr( f ,n)|2/∑
f ,n

∣∣Xr( f ,n)− X̂r( f ,n)
∣∣2} , (8)

where f denotes the frequency indices, Xr( f ,n) and X̂r( f ,n) are FDNS residual coefficients and quantized FDNS resid-
ual coefficients by two-stage mUPQ.

Table 3 shows the objective evaluation results. As mentioned in section 3.2, subband scaling with the baseline
ECUPQ solution has the worst performance. By quantizing the outlier values properly, the objective measures increase



Table 2. Bit allocation for the proposed
coding scheme at 13 kbit/s

Table 3. The objective results (segSNRs and resSNRs in dB)

significantly, and outperform the long TCX in USAC. Furthermore, by adopting a modified number of phase cells, the
objective measures are slightly improved. Although the two-stage quantization method using nSTDB is degraded for
both objective measures (segSNR and resSNR), the perceptual performance of the proposed method with nSTDB is
better in the internal listening tests, therefore, the method with nSTDB is delivered to the listening test.

The MUSHRA test was performed by 8 expert listeners in a silent room with professional studio headphones. The
test included 9 items of speech, music, and mixed audio signals from the MPEG mono test set. Each test includes a
hidden reference along with 3.5 kHz low-pass filtered anchors. The difference scores between the proposed method and
the MPEG USAC long TCX at 13 kbit/s with a 95% confidence interval are represented in Figure 5. The positive score
indicates a perceptual improvement of the proposed method over the MPEG USAC long TCX which uses MDCT for
T/F analysis.

The average of total differential scores is slightly larger than zero and the confidence interval covers zero, while the
corresponding value is insignificantly small (0.208). That is, the proposed method can make a perceptually comparable
sound on average. This is a meaningful result given that the proposed coding scheme operates on the DFT-based complex
domain, which has a doubled data rate penalty inherently.

Among three categories, the proposed method for the music items statistically outperforms the baseline (median
value: 2.95). This can be explained that the strategy of decreasing the number of spectral holes is quite effective for
music items. The proposed method for the speech items has a comparable performance while the proposed method for
the mixed items has statistically worse performance (median value: −3.2), especially for the ’HarryPotter’ item. Since
the mixed items are composed of speech and audio signals that require both the sensitive manipulation of bits for the
high frequency sub-bands and the fine resolution in the low frequency at the same time. In other words, the reason of
the performance degradation on the mixed items is that the proposed method does not fill the spectral holes effectively
while the sacrificed resolution of the low frequency deteriorates the sound quality for the mixed items.

5 CONCLUSION
We propose the coding scheme that efficiently quantizes the complex-valued FDNS residual spectrum with the modified
UPQ, and allocates bits using the sub-band gain calibration method based on the normalized STDB. The objective

Figure 5. The difference MUSHRA scores and 95% confidence intervals relative to MPEG USAC long TCX at 13 kbit/s.



measures of the proposed method outperform those of the MDCT-based baseline. The proposed method at a low bit rate
makes a perceptually comparable sound to the MDCT-based baseline for average but statistically outperforms for music
items.
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ABSTRACT 
Previous studies have suggested that the perception of language pitch and pure tone is different in terms of 
the processing mechanism, which could be affected by the accent system in one’s native language. While 
there has been research indicating that pitch distinction in language facilitates non-speech pitch perception, 
evidence shows that native accent systems might hinder non-speech perceptions with similar pitch patterns. 
To clarify how the accent system in one’s language affects perception, this study focused on two Japanese 
dialects (Tokyo/Kansai) and applied an identification task. Participants listened to speech with manipulated 
pure tones and different accent patterns. The results indicate that the Tokyo group achieved higher accuracy 
in identification of the accent pattern that is non-existent in their language, than the Kansai group, whose 
language has both accent patterns, which also interact with the pitch type (human/pure tone). The difference 
between speech and non-speech was marginal in terms of reaction time, but there appeared to be no 
interaction with the native language. In conclusion, the results of the current study provide further evidence 
that the accent system in one’s language can hinder the perception of similar pitch patterns, and the effect 
may exist both in speech and non-speech sounds. 
 
Keywords: pitch accent, speech perception, non-speech perception 

1. INTRODUCTION 
Suprasegmental features of languages are realized by different acoustic features, including F0, 

intensity, and length of segments. These features are also used in music, such as musical pitch and 
rhythm. Language users adopt similar strategies when processing the common properties of language 
and music. (1–9) However, the perception of language may still differ from that of music or non-
speech. Listeners must use F0 as the primary cue when discriminating pitch, but speech contains other 
properties that may help to distinguish pitch, i.e., segmental properties, vowels, and coarticulatory 
cues that cooccur with subtle F0 changes. Comparing speech and non-speech, humans may be better 
at discriminating changes in speech stimuli than non-speech stimuli with the same F0 change. (2,10–
12) 

The question remains how prosody in language affects non-speech perception, especially because 
prosody in languages is sometimes categorical, concurrent with lexical distinction. When human 
listeners process semantic units in their language, they first have to retrieve the meaning from the 
lexicon together with its corresponding phonological form. In languages where suprasegmental 
features are discriminative, the phonological form is required to include the designation of a pitch 
pattern so that language users can pronounce with natural form. For example, in Japanese, [hashi] 
(“bridge”; pronounced with the pitch pattern low-high) and [hashi] (“chopsticks”; pronounced with 
the pitch pattern high-low) have an identical phonological sequence of vowels and consonants but 
differ only in relative pitch pattern. In languages with similar pitch accent systems such as Japanese, 
the lexical pitch perception is often categorical. (13,14) Being categorical also means that subtle pitch 
changes under the categorical threshold may have to be neglected in phonological processing. The 
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relation between prosody in language and the perception of non-speech remains unclear. 
Japanese is a language with pitch contrast, and its wide variety of dialects with different accentual 

designations provide an optimal base to test the relationship between prosody and non-speech 
perception. In Japanese, each mora is usually either designated with a high tone or a low tone. 
Different dialects may have different designations for pitch accent patterns. This study examined the 
perception of pitch in speech and non-speech through two different dialects of Japanese by conducting 
a discrimination task with sequences with different pitch shapes. The study used the Tokyo and Kansai 
dialects; both are pitch accent languages with two pitch categories: high and low. Each mora has a 
lexically assigned accentual pattern. (15) The Tokyo dialect is known to prohibit sequences starting 
with two low morae, while this pattern is observed in the Kansai dialect. For a sequence of five 
monomoraic syllables, LLHLL (L stands for low while H for high; each alphabet stands for a 
monomoraic syllable) is not permitted in the Tokyo dialect but is in the Kansai dialect. Similarly, 
LHHLL is a natural sequence in the Tokyo dialect but not in the Kansai dialect. The complementary 
distribution of these two pitch patterns, LLHLL and LHHLL, enables us to testify the effect of first 
language prosody on non-speech perception. As stated in the following chapter, two pitch types, 
human (speech) and pure tone (non-speech), are also added to test the interaction with voice quality. 
This experiment aimed to observe how the accent system of the first language influences pitch 
perception and whether there are differences between speech and non-speech. This study contributes 
to a deeper understanding of the effect of native language on human perception of pitch, including 
speech and non-speech sounds. 

2. PITCH PERCEPTION AND FIRST LANGUAGE EFFECT 

2.1 Pitch perception of speech and non-speech 
The pitch perception of speech and non-speech is different, and the perception task conducted for 

different degrees of F0 changes in speech and non-speech confirms that it is easier for language users 
to detect F0 changes in speech stimuli compared to non-speech stimuli.(2–4,11,12,16) Regarding 
acoustic properties, speech stimuli have more articulatory cues to help language users judge F0 
changes more efficiently and accurately distinguish different pitch types or accentual patterns. 
Language listeners may be more sensitive to the relative difference when hearing speech stimuli than 
non-speech stimuli. (10) However, in addition to the acoustic information that may provide more cues, 
the differences in human perception of speech and non-speech are likely to come from different neural 
networks and processing mechanisms in the brain. A series of neuropsychological studies have 
suggested that listeners show a difference between the perception of speech and non-speech. (16,17) 
However, this difference is mostly observed at the neurological level. For a long period, the study of 
behavioral differences between speech and non-speech mainly focused on individuals with autism 
spectrum disorder (ASD) and found that individuals with ASD respond differently to speech and non-
speech, including pitch perception. (16–18) Recently, neurotypical adults have shown a similar 
tendency toward speech and non-speech under certain experimental conditions (18): a discrimination 
task was conducted on Cantonese native speakers with ASD and neurotypical speakers. The 
researchers found that both groups obtained statistically significant higher scores in non-speech pitch 
discrimination than in speech stimuli. This was attributed to the participants’ tone language experience, 
suggesting that “the tone language experience may have modulated the pitch processing mechanism.” 
(18) The aforementioned study suggests that there might also be a difference between speech and non-
speech at the behavioral level, even in the non-ASD group. 

2.2 Correlation between perceptual ability and first language phonology 
Psycholinguistic and psychoacoustic research has focused on the relationship between language 

and music because they share many common features. For example, in pitch accent languages or tonal 
languages, the relative change of F0 may affect the semantics. Even in languages where the relative 
change in F0 does not affect the meaning, almost every language has intonation, where the change in 
F0 in utterances are interpreted pragmatically. The rich uses of accent and intonation illustrate the 
importance of detecting relative changes in F0 in human language processing. Similarly, musical pitch 
is realized through changes in F0. It has been debated whether the pitch pattern in first languages 
benefits or interferes with the perception of non-speech pitch. Studies suggest that pitch patterns in 
the first language help listeners discriminate pitch changes in similar non-speech stimuli, and this 
view of positive transfer suggests that language users analogize pitch patterns in their language to 



 

 

non-speech sounds. (19,20) This positive transfer view suggests that language users will analogize 
their linguistic pitch patterns to non-speech sounds and be more sensitive to discriminative acoustic 
features in speech. For example, researchers compared different pitch patterns and non-speech 
sequences containing rhythmic differences for Mandarin and Japanese listeners (19,20). They found 
that Mandarin listeners with different pitch patterns (= tones) in their language performed higher in 
discriminating sequences compared to Japanese listeners. However, in the tempo section, Japanese 
listeners, whose language has mora-timing and contrastive vowel length, performed higher than 
Mandarin listeners. This result indicated that the discriminative features in the first language might 
be utilizable for non-speech recognition. 

However, different researchers found the opposite result (1,3), in which speakers of tonal languages 
were not as sharp as speakers of other languages in the face of minor pitch differences. Many tonal 
languages have a flat tone, meaning that when a tone does not have a subtle pitch change that reaches 
the null value, it is classified as a different tone. Whether the first language will facilitate non-speech 
perception or interfere is challenging because the experimental design of the two sides is different in 
many aspects.  

Moon et al. (2022) adopted Peretz et al. (2011)’s experimental design, using five-element non-
speech sounds but targeting the experimental subjects as two dialects of Japanese. These two dialects 
have similar segmental structures but have different pitch accent assignments. Moon et al. (2022) 
found that listeners’ accuracy of discrimination toward non-speech stimuli declined when they heard 
stimuli that had a similar pitch pattern in their language. (5) The results of this experiment support 
the interference hypothesis that for subtle non-speech stimuli, listeners whose language has a similar 
pitch pattern are more likely to perform less accurately in discriminating subtle F0 changes than 
listeners whose first language does not have a similar pitch pattern. 

2.3 The aim of this study 
Although a similar design in (5) successfully duplicated the result in (1), and the result supports 

the interference hypothesis, it still contains some problems. For example, the pitch range used in the 
items in the aforementioned experiments was narrower than 15 Hz, and many were even under 5 Hz. 
The difference between high and low tone in Japanese pitch accents depends on gender and age, but 
the F0 range in the natural speech of Japanese speakers from the data of eight Japanese female 
speakers in a sociolinguistic study was estimated to be approximately 45 Hz (21), which is remarkably 
larger compared to F0 difference of 1-13hz used in the experiments of Moon et al. and Peretz et al. 
(1,5) Since natural utterances rarely have such a narrow range of F0, the results in (1,5) may be 
challenging to interpret straightforwardly as the effect of language. Instead, it is more likely to be the 
effect of accentual patterns on the perception of non-speech sequences with a tiny pitch change.  

In this study, we tested whether natural speech, which contains an extensive F0 range, also causes 
a perception difference among speakers. Since there is a cognitive difference between speech and non-
speech, as described in Section 2.1, there may be an interaction with the first language. This study  
created the stimuli of speech and extracted the pitch from the target languages, which were 
manipulated as non-speech stimuli, and observed how the two different stimuli with the same pitch 
curve interacted. Therefore, this study extracted the pitch from the language, created speech and non-
speech stimuli, and observed whether the two stimuli with the same pitch pattern differed for a 
different first language. This study contributes to the pitch perception field and discusses whether 
different first languages impact speech and non-speech perception.  

In this study, an ABX discrimination task was conducted on Tokyo speakers and Kansai speakers. 
In addition to the between-subjects factor of speakers, there were two factors: Accentual Pattern and 
Pitch Type (see Table 1).  
  



 

 

Table 1–Within-subject factors in the present paper 

 Accentual Pattern 

LLHLL LHHLL 

Pitch 

Type 

Human Human / LLHLL Human / LHHLL 

Tone Tone / LLHLL Tone / LHHLL 
 
LLHLL is an accent pattern that is not available in the Tokyo dialect but is available in the Kansai 

dialect, while LHHLL is an accent pattern that is available in the Tokyo dialect but not in the Kansai 
dialect (see Table 2). 

Table 2– Presence or absence of accent patterns in the Tokyo and Kansai dialects 

 Tokyo dialect Kansai dialect 

LLHLL Absent Present  

LHHLL Present Absent 
 

3. Experiment 

3.1 Method 
3.1.1 Materials 

The experiment was trifactorial, and each factor contained two levels (see Table 2). First 
Language: Tokyo dialect, Kansai dialect; Pitch Type: Speech, Non-speech; Accentual Pattern: LLHLL, 
LHHLL. An ABX task was conducted; participants listened to three sounds in an item and were asked 
to choose what the final sound was identical to, the first or the second sound. LLHLL and LHHLL 
were paired with LLLLL, as shown in Figure 1; participants listened to words that contained either 
LLHLL or LHHLL, and LLLLL sequences. There were 24 items and 48 fillers randomized as four 
lists. Each participant was presented with one of the four lists. All the stimuli, including the fillers, 
were non-existent Japanese words with five light syllables with a legal syllabic structure in both 
dialects. Only sonorants were used as stimuli because non-sonorants, including all voiceless sounds, 
might cause discontinuation of the pitch curve. The audio stimuli were recorded by a male Japanese 
speaker with LHLLL where only the second syllable was pronounced in a high tone while the others 
were pronounced in a low tone. The recording was performed in a vacant place at Nagoya Gakuin 
University with a microphone of SHURE SM7B. Each syllable was 500 ms long. Two phoneticians 
checked the recordings and manipulated each file into LLHLL, LHHLL, and LLLLL (baseline) types 
with Praat (version 6.2.09), which were the speech stimuli. The non-speech stimuli were converted 
from the speech stimuli using simple sinewave conversion on Praat. 

The fillers with random segments and different accent patterns were also recorded. Four lists were 
compiled. The experiment contained three parts with a questionnaire confirming the language and 
social background of participants, including gender and age, followed by a practice session and the 
main session. The experiment was written in jsPsych (22) and conducted on the platform of 
Cognition.run (https://www.cognition.run/). Participants listened to each stimulus only once and 
answered the question by clicking the corresponding button on the screen. To control the experimental 
environment and prevent participants from using their smartphone devices, a browser-check plug-in 
that could also detect the device was used.  



 

 

 
Figure 1 – The manipulated pitch curve of two accent patterns 

3.1.2 Participants 
A total of 219 participants were recruited on a crowdsourcing website (https://crowdworks.jp/) and 

participated in the experiment after they provided informed consent. Data of 29 participants were 
excluded from the analysis because the accuracy of fillers, which contained different segments, was 
around the chance level (45-55%). As a result, data of 190 participants were analyzed in the statistical 
models, including 80 native Tokyo speakers and 110 native Kansai speakers. Each participant was 
presented with one of the four lists. Participants reported no hearing problems and finished the 
experiment online with their digital devices and headphones/earphones. 
3.1.3 Prediction 

If speech contains more acoustic details, as advocated by (10), it may be less effort-consuming to 
distinguish between the two than non-speech. If that is the case, there should be a difference between 
speech and non-speech; as for the possible effect of the first language, if the accent pattern of the first 
language has a negative transfer (= interference hypothesis) to non-speech, then there should be a 
difference observed in the interaction: Accentual patterns in one’s language may interfere in the 
perception accuracy of the similar pattern. In that case, the accuracy of the pattern existing in one’s 
native language will be lower than the patterns that are not. However, if the accentual pattern in one’s 
native language facilitates the perception of similar patterns (= facilitation hypothesis), pitch patterns 
that are similar to the accentual patterns in one’s language may have higher accuracy than those that 
are non-existent in it. The prediction of the two hypothesis is shown in Figure 2. 

 

 
Figure 2 – Prediction of facilitation hypothesis and interference hypothesis (high, low = performance) 

3.1.4 Analysis 
To observe the effects and interactions of the three fixed factors of accent pattern, pitch type, and 

group, the first statistical model, conducted with the generalized linear mixed-effects model (GLMM) 
with intercepts of two random factors (participant and item), was constructed. The statistical models 
were conducted using the lme4 package (version 4.1.2) of R (21). Participants’ responses were treated 
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as dependent variables. Fixed factors (accent pattern, pitch type, and speaker group) were contrast-
coded, while random factors included the intercepts of participant, item, and presenting order. The 
second statistical model was conducted with LME to observe whether there was an effect on reaction 
time. The fixed and random factors were the same as in the first model. The dependent variable in the 
second statistical model was reaction time toward each stimulus. 

3.2 Results 
3.2.1 Accuracy 

Table 2 and Figure 3 illustrate the accuracy of each condition. The overall accuracy reached 86.0%. 
Regardless of accent pattern and pitch type, both groups achieved an accuracy that is remarkably higher than 
the chance level, ranging from 0.838 to 0.930, showing that both groups can distinguish different conditions. 
Error bars in Figure 2 indicate the standard errors. 

Table 3 – Results of each condition 

Group Accent Pattern Pitch Type Mean SE CI 

Kansai LHHLL human 0.843  0.017  0.033  

Kansai LHHLL tone 0.838  0.017  0.034  

Kansai LLHLL human 0.843  0.017  0.034  

Kansai LLHLL tone 0.848  0.015  0.030  

Tokyo LHHLL human 0.857  0.021  0.041  

Tokyo LHHLL tone 0.846  0.021  0.042  

Tokyo LLHLL human 0.930  0.016  0.030  

Tokyo LLHLL tone 0.919  0.012  0.024  

 

 
Figure 3 – Results of the accuracy of each condition 

The statistical analysis was conducted with GLMM with the correct response as the dependent variable 
(correct = 1; incorrect = 0) as planned. Details of the statistical model are mentioned in Section 3.1.4. A 
marginally significant difference (based on the significance level of 0.05) was found in the interaction 
between accent pattern and group, indicating that Tokyo listeners, compared to Kansai listeners, were more 
capable of distinguishing sounds of the LLHLL pattern condition than LHHLL. This result may provide some 
evidence of the interference hypothesis since Tokyo listeners were more sensitive to the LLHLL sequence, 
which does not exist in their native dialect. This difference between groups also interacted with pitch type, 
shown as three-way interaction in the statistical model. The extent of the difference in the accuracy of the 
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non-speech stimulus (i.e., the tone conditions) and speech stimulus also had an interaction between the above 
interaction between accent type and group; thus, the three-way interaction among three factors in this 
experiment was significant. However, no main effect was observed as significant.  

Table 4 – Results of Generalized Linear Mixed Effects Model (Significance level = .05) 
  Estimate Std. 

Error 
z 

value 
Pr(>|z|)   

(Intercept) 3.330  0.476  6.994  0.000  *** 

TYPE (human = 0; tone = 1) -0.079  0.205  -0.386  0.700    

ACC (LHHLL = 0; LLHLL = 1) 0.117  0.525  0.222  0.824    

GROUP (Kansai = 0; Tokyo = 1) 0.826  0.536  1.542  0.123    

TYPE: ACC 0.153  0.294  0.520  0.603    

TYPE: GROUP -0.031  0.354  -0.089  0.929    

ACC: GROUP 0.805  0.463  1.738  0.082  . 

TYPE: ACC: GROUP  -1.087  0.545  -1.996  0.046  * 

 
3.2.2 Reaction time 

Table 4 and Figure 4 show the result of the reaction time. Error bars in Figure 4 indicate the standard 
errors. 
 

Table 5 – Results of Generalized Linear Mixed Effects Mode 

Group Accent Pattern Pitch Type RT Mean SE CI 

Kansai LHHLL human 10509.280  33.475  65.611  

Kansai LHHLL tone 10696.510  50.993  99.947  

Kansai LLHLL human 10481.220  29.002  56.844  

Kansai LLHLL tone 10688.490  52.591  103.078  

Tokyo LHHLL human 10471.760  34.537  67.693  

Tokyo LHHLL tone 10589.440  51.907  101.738  

Tokyo LLHLL human 10485.050  48.028  94.135  

Tokyo LLHLL tone 10529.090  45.390  88.965  
 

 



 

 

 
Figure 4 – Reaction time results of each condition 

The statistical analysis of reaction time was conducted with LME, where the reaction time in milliseconds, 
defined from the onset of the stimulus to the timing where participants click the button, was added as a 
dependent variable. Fixed factors and random factors are as mentioned in Section 3.1.4. The result shows 
that there is almost no difference in each effect and interaction except a marginal significance is seen in pitch 
type (Table 6). This result suggests that pure tone stimuli (i.e., non-speech items) may take longer for 
participants to react than speech stimuli. 

Table 6 – Results of LME of reaction time (Significance level = .05) 

  Estimate Std. 

Error 

df t value Pr(>|t|)   

(Intercept) 10513.59 79.18 8.62 132.782 1.42×10-15 *** 

TYPE (human = 0; tone = 1) -31.95 111.13 10.56 -0.288 0.7793   

ACC (LHHLL = 0; LLHLL = 1) 180.83 92.47 14.98 1.956 0.0694 . 

GROUP (Kansai = 0; Tokyo = 1) -45.53 69.03 184.47 -0.66 0.5103   

TYPE: ACC 30.23 137.87 19.73 0.219 0.8287   

TYPE: GROUP 46.44 60.14 447.19 0.772 0.4404   

ACC: GROUP -46.64 83.83 225.42 -0.556 0.5785   

TYPE: ACC: GROUP  -101.06 86.71 976.68 -1.165 0.2441   

 

4. Discussion 

4.1 Accuracy 
The results of statistical models show that there is a significant difference in three-way interaction 

between accentual pattern, pitch type, and group. There is no significant difference of any two-way 
interactions and any main effects in accuracy. The lack of significant main effects indicates no 
cognitive difference between the two groups of different dialects, nor the pitch type and accentual 
patterns. We did not find any difference simply caused by pitch type and could not duplicate the 
difference between speech and non-speech. The reason for this may be because the stimuli used in 
this experiment were natural speech sounds with a wide range of F0. The distance between F0 peak 
and valley was, in most cases, more prominent than 15 Hz, which, according to previous studies, can 
be discriminated for both listener groups with ease in the overall results.  
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This three-way interaction of the three factors implies that the effect caused by listeners’ first 
language influences the perception of pitch in a complex way and requires elaboration. A further 
pairwise comparison of the three factors was conducted with Tukey adjustment using emmeans (23), 
and a marginal significance was observed in the following pairwise comparisons: 1. Between Tokyo 
LLHLL human condition and Tokyo LLHLL tone condition (β =1.044, SE = 0.356, z = 2.937, p 
= .065); 2. Between Kansai LLHLL human condition and Tokyo LLHLL human condition (β = -1.631, 
SE = 0.554, z = 2.944, p = .064). For Tokyo listeners, it appeared easier to detect the difference in 
human speech conditions compared to non-speech pure tone conditions. The result, again, is consistent 
with the previous observation that the speech sounds may contain more acoustic details than pure tone.  

As for the difference between the two groups, Tokyo listeners achieved higher accuracy than 
Kansai listeners in discriminating the accentual pattern LLHLL pronounced by humans, which does 
not exist in their dialect. The result is consistent with previous studies and supports the interference 
hypothesis. This is also a new finding that even when natural speech stimuli were used, non-native 
listeners may still have an advantage in perceiving the difference in pitch accents. The difference 
between the two groups is not evident in the non-speech conditions. An interesting question remains 
as to why there was no difference in the LHHLL condition, which theoretically only exists in the 
Tokyo dialect. We speculate that the absence of the difference in LHHLL conditions may be because 
Kansai listeners have more exposure to Tokyo accentual types. The Tokyo dialect has become a 
common and standard variation of Japanese and is exposed on broadcasts. The imbalance of social 
use of these two dialects may cause a difference in the perception of accents since Kansai listeners 
might be more familiar with the Tokyo dialect than Tokyo listeners with the Kansai dialect. (24) In 
the present experiment, the exposure of each dialect was controlled by self-evaluation in the 
questionnaire, which might not have provided sufficient information to quantity and might not have 
evaluated the potential effect of exposure to the other dialect. In future, an index that can evaluate the 
exposure more accurately is required. The second possible reason for the lack of difference in LHHLL-
related conditions is that the controlled counterpart used in our experiment was LLLLL. LHHLL may 
provide more acoustic cues than LLHLL. Compared to the counterpart LLLLL sequence, the LHHLL 
sequence had two different morae while LLHLL had only one. Thus, both groups could tell them apart 
accurately. The LHLLL sequence will be more appropriate regarding the number of pitch-changing 
morae, but the LHLLL sequence is an accentual pattern that is permitted in both dialects. 

4.2 Reaction time 
There was no reaction time difference between any two factors, showing that the tonal type does 

not correlate with the native language or the accentual pattern.  
Contrary to the accuracy results, where speech and non-speech do not show a difference in accuracy, 

there was a significant difference in the main effect of the tonal type observed in reaction times, 
showing that audio stimuli of pure tone took a long time in both the Tokyo and Kansai groups. Together 
with the accuracy results, we presume that the difference between speech and non-speech does not 
result in a difference in accuracy when F0 range is so extensive that the acoustic cue is sufficient for 
listeners to discriminate. However, non-speech sounds where the pure tone is used consume more time 
for listeners to judge than speech sounds, which is consistent with the observation that non-speech 
sounds provide fewer acoustic cues than speech sounds. 

5. CONCLUSIONS 
This study focused on the correlation between the accentual pattern of first language and pitch 

type. An ABX discrimination task was conducted focusing on the Tokyo dialect and Kansai dialect, 
which have different accent patterns, to clarify the influence of the native language accent system on 
perception and its interaction with pitch type. Three theoretical implications can be identified from 
the result: First, there was a three-way interaction between first language (group), pitch type, and 
accentual pattern. The Tokyo group performed significantly more accurately in identifying the LLHLL 
sequence, which is an accentual pattern that is not present in their language, than the Kansai group, 
which has the LLHLL pattern in their language. This result is consistent with the interference 
hypothesis. Unlike some previous studies, this study shows that even for identical stimuli with natural 
pitch fall, the effect of the native language is also observed. Second, there was no significant main 
effect of pitch type. Both speech and non-speech conditions achieved high accuracy. However, the 
reaction time results showed that the pure tone condition potentially took more time for both groups 
of listeners to answer the question. This can be explained by the acoustic cues because the pure tone 



 

 

has fewer qualitative properties that can be used as acoustic cues compared to speech sounds. This 
study contributes to understanding how pitch accent in one’s native language affects the perception 
of speech and non-speech by testing the speakers of two Japanese dialects who share similar 
educational backgrounds in music. A remaining issue is how speakers of languages in which pitch 
cues do not serve any lexical role, for example, Japanese dialects without pitch accent contrast or 
Korean dialects like Seoul Korean. Future studies involving more languages should be conducted. The 
results of this study provide further evidence that the native language accent system may interfere 
with the perception of similar pitch patterns in speech and non-speech sounds. 
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APPENDIX: ITEM LIST IN THE EXPERIMENT 
Type No. Item Segments Accentual Pattern Pitch Type 

item i01 むにめまよ munimemayo LLHLL human 

item i02 にわらぬゆ niwaranuyu LLHLL human 

item i03 みまめるに mimameruni LLHLL human 

item i04 なやろまね nayaromane LLHLL human 

item i05 らにのめぬ raninomenu LLHLL human 

item i06 めまねのむ memanenomu LLHLL human 

item i07 まにのもぬ maninomonu LHHLL human 

item i08 むやゆぬみ muyayunumi LHHLL human 

item i09 われにゆま wareniyuma LHHLL human 

item i10 ぬゆわむよ nuyuwamuyo LHHLL human 

item i11 めもにみの memonimino LHHLL human 

item i12 みゆよにれ miyuyonire LHHLL human 

item i13 むにめまよ munimemayo LLHLL tone 

item i14 にわらぬゆ niwaranuyu LLHLL tone 

item i15 みまめるに mimameruni LLHLL tone 

item i16 なやろまね nayaromane LLHLL tone 

item i17 らにのめぬ raninomenu LLHLL tone 

item i18 めまねのむ memanenomu LLHLL tone 

item i19 まにのもぬ maninomonu LHHLL tone 

item i20 むやゆぬみ muyayunumi LHHLL tone 

item i21 われにゆま wareniyuma LHHLL tone 

item i22 ぬゆわむよ nuyuwamuyo LHHLL tone 

item i23 めもにみの memonimino LHHLL tone 

item i24 みゆよにれ miyuyonire LHHLL tone 
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ABSTRACT
Open offices that make effective use of limited space and encourage dialogue, interaction, and collaboration
among employees, are becoming an increasingly. However, productive work-related conversation might actually
decrease the performance of other employees within earshot more so than other random, meaningless noises.
The presence of noise during the performance of cognitive tasks involving such as memory, commonly causes
a subjective experience of annoyance, which can lead to a decline in performance. This tendency is stronger in
response to meaningful noise, such as music and conversation, than for meaningless noise, such as the sound of
traffic, and heating ventilating and air-conditioning noise. It is well known that the event related potential (ERP)
in the brain wave elicited by internal or external stimuli are related to the operation of selective attention. The
present experiment was designed to determine the effects of meaningfulness of the external noise on the ERPs
in the auditory three odd-ball paradigms.

Keywords: Event related potentials, Three odd ball paradigms, Meaningless noise, Meaningful noise

1 INTRODUCTION
Open offices that make effective use of limited space and encourage dialogue, interaction, and collaboration
among employees, are becoming an increasingly. However, productive work-related conversation might actually
decrease the performance of other employees within earshot more so than other random, meaningless noises.
To create a comfortable sound environment, it is important to understand the relationships between the acoustic
characteristics of external noise and psychological evaluation of the noise. When carrying out intellectual ac-
tivities involving memory or arithmetic tasks, it is common for external noise to increase levels of subjective
annoyance, which can lead to a decline in performance. This tendency is stronger in response to meaningful
noise, such as music and conversation, than for meaningless noise, such as the sound of traffic, and heating,
ventilating and air-conditioning noise. Hence, in designing a comfortable sound environment, it is important
to understand the relationship between not only the measurable aspects of external noise, such as the sound
pressure level, but also the qualitative aspects, such as the degree of meaningfulness of the external noise, and
the subjective experience of annoyance. On the other hand, it is well known that the transient event related po-
tentials (ERPs) elicited by internal or external stimuli in the brain wave are related to the operation of selective
attention [1]. Previous studies have discussed how to evaluate ERPs during the two odd-ball paradigms under
meaningful or meaningless noise [2][3]. In this study, the differences in the component of ERPs on selective
attention during the three odd-ball paradigms under the meaningful noise or meaningless noise, were examined
by the physiological experiment.

2 OUTLINE OF EXPERIMENT
Physiological experiments were conducted to determine the effects of the meaningfulness of external noise on
selective attention to the auditory stimuli by examining differences in brain event related potentials during the
completion of the repetitive three odd-ball paradigm. The outline of the experiments was as follows.
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2.1 Participants
A total of 8 students with normal hearing participated in the experiment.

2.2 Three odd-ball paradigm
The odd-ball paradigm is typically used to examine selective attention and information processing capacity [1].
In this task, subjects detect and respond to rare target events embedded in a series of repetitive events. Thus,
to complete the odd-ball task it is necessary to regulate attention to a stimulus. In the auditory three odd-ball
paradigm, the target stimulus was 2,000 [Hz] tone burst with an occurrence probability of 10 [%] (“rare”). The
common non-target stimulus was a 1,000 [Hz] tone burst with an occurrence probability of 80 [%] (“frequent-
easy”). We also examined the use of a 1,940 [Hz] tone burst (“frequent-difficult”) instead of a 1,000 [Hz] as a
standard stimulus, that was difficult to distinguish from the target stimulus of 2,000 [Hz] tone burst. In addition,
a 500 [Hz] tone burst was used as the deviant stimulus (“deviant”) with an occurrence probability of 10 [%].
All stimuli were presented binaurally at 60 [dB], and 120 [ms] duration (includng 10 [ms] rise-fall time and
100 [ms] plateau). The frequent-rare sequence was randomly presented with an inter-stimulus interval of 2 [s].
The subjects task was only to count the “rare” stimuli for approximately 10 [min].

2.3 External noise
The following external noises with different degree of meaningfulness, were employed as examples of typical
indoor noises.

(a) Meaningless noise
Pseudo voice-noise from a CD that was originally produced for the evaluation and fitting of hearing aids (TY-
89) [4] was used as meaningless noise.

(b) Meaningful noise 1
Multi-talker noise from a CD for the evaluation and fitting of hearing aids (TY-89) [4], was used as meaningful
noise 1.

(c) Meaningful noise 2
Male speech, produced by deleting handclaps, sound effects, and music, etc. from commercially available speech
tapes, was used as meaningful noise 2.

For practical reasons, the energy-mean value of the sound pressure level of the above external noises was
adjusted to approximately 50 [dB]. In addition, the following conditions were tested.

(d) No external noise

2.4 Measurements
Participants were seated in a sound-attenuated electrically shielded room. The auditory signal was generated
by a CD player and presented through loud speaker. The electroencephalogram (EEG) was recorded from 20
locations (Fp1, Fpz, Fp2, F7, F3, Fz, F4, F8, T3, C3, Cz, C4, T4, T5, P3, Pz, P4, T6 O1, O2) of scalp
based on 10-20 system with Ag/Ag Cl electrodes of which impedance was held below 10 [kΩ]. Electrodes
were referenced to linked earlobes, and the ground electrode was placed on the midforehead electrode (Fpz).
The electrooculogram (EOG) was recorded from an electrode located at the supra-orbital ridge of the right eye
and referenced to the linked earlobes. The EEG and EOG signals were amplified with a bandpass filter of
0.01 to 30 [Hz], and recorded with 16 [bit] quantization level at sampling rate of 1 [kHz], continuously. The
event related potentials for the responses to the “rare”, “frequent”, and "deviant" stimuli in each case "easy"
and "difficult", were synchronously averaged to enhance the evoked signal and suppress the background brain
activity.
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Figure 1. Total additive average waveform of ERPs (‘frequent-easy”, (d) No external noise)
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Figure 2. Total additive average waveform of ERPs (“rare-easy”, (d) No external noise)
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Figure 3. Total additive average waveform of ERPs (“deviant-easy”, (d) No external noise)
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Figure 4. Total additive average waveform of ERPs (“frequent-difficult”, (d) No external noise)
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Figure 5. Total additive average waveform of ERPs (“rare-difficult”, (d) No external noise)
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Figure 6. Total additive average waveform of ERPs (“devient-difficult”, (d) No external noise)
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Figure 7. Total additive average waveform of ERPs (“rare-difficult”, (a) Meaningless noise)

-10

-5

 0

 5

 10

 15
5004003002001000

A
m
p
l
i
t
u
d
e
 
[

µ
V
]

Time [ms]

Figure 8. Total additive average waveform of ERPs (“rare-difficult”, (b) Meaningful noise 1)
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Figure 9. Total additive average waveform of ERPs (“rare-difficult”, (c) Meaningful noise 2)
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Figure 10. Total additive average waveform of ERPs (“deviant-difficult”, (a) Meaningless noise)
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Figure 11. Total additive average waveform of ERPs (“deviant-difficult”, (b) Meaningful noise 1)
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Figure 12. Total additive average waveform of ERPs (“‘deviant-difficult”, (c) Meaningful noise 2)



3 Effect on event related potentials of meaningfulness of the external noise
It is well established that ERPs elicited by internal or external stimuli, can be measured using the EEG. A
waveform of ERPs after stimulus-triggered averaging to the auditory stimuli, was individually calculated on
each electrode position under each external noise condition. As an example of results of the averaged waveform
of ERPs over subjects under no external noise, Figure 1, 2, and 3 show ERPs after stimulus-triggered averaging
to “frequent”, “rare”, and “deviant” stimuli, in the case of “easy” that a 1,000 [Hz] tone burst was employed as
a standard stimulus. In Figure 1, there is a negative-going evoked potential that peaks around 100 [ms] and a
positive peak occurring around from 200 [ms] after presentation of stimuli. A so-called N100 and P200 compo-
nents are thought to represent the activation of neural assemblies involved in the analysis of incoming sensory
information. On the contrary, a positive peak occurring around from 300 [ms] after presentation of stimuli in
Figure 2. A so-called 300 component is thought to reflect the resolution of uncertainty or the perceptual de-
cision that an expected signal has occurred. These components are related to selective attention and working
memory. The results in Figure 3 are very similar to those in Figure 2. In the case of "easy", the ERPs to the
deviant stimulus were similar to those to the standard stimulus, indicating that it was not related to selective
attention. Figure 4, 5, and 6 show ERPs after stimulus-triggered averaging to “frequent”, “rare ”, and “deviant”
stimuli, in the case of “difficult” that a 1,950 [Hz] tone burst was used as a standard stimulus. In Figure 5,
there is a positive peak around from 400 [ms] after presentation of stimuli. In addition, Figure 6 shows a large
positive peak around 200-300 [ms]. In the case of "difficult", ERPs to the deviant stimulus "deviant" showed
responses that appeared to be P3a[5], while ERPs to the target stimulus "rare" showed responses that appeared
to be P3b[5]. Figure 7, 8, and 9 show ERPs after stimulus-triggered averaging to the “rare” stimuli in the case
of "difficult", under the meaningless noise, meaningful noise 1, and meaningful noise 2. In the case of the
meaningful noise, the latency of P3b was found to be longer. Figure 10, 11, and 12 show ERPs after stimulus-
triggered averaging to the “deviant” stimuli in the case of "difficult", under the meaningless noise, meaningful
noise 1, and meaningful noise 2. With respect to P3a, it is also smaller in the case of the meaningful noise.

4 Conclusion
This study focused on the effects of the meaningfulness of external noise. We examined the effects of meaning-
ful noise and meaningless noise on physiological activity while carrying out auditory cognitive tasks. Specifi-
cally, the P300 components of the ERPs elicited by the auditory three odd-ball paradigms, were measured using
the EEG. The physiological experiment revealed significant differences of the components on P3a and P3b be-
tween meaningful and no external noise during the completion of repetitive auditory three oddball paradigm.
The results revealed that the degree of meaningfulness of the external noise had a strong influence on selective
attention to auditory stimuli in cognitive tasks. In conclusion, in designing comfortable sound environments
in spaces used for cognitive tasks, it is appropriate to consider not only the sound pressure level, but also
meaningfulness of the external noise that is likely to be present.
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ABSTRACT 

The medial olivocochlear bundle responds to acoustic stimuli and reflexively suppresses outer hair cell gain. 

This reflex response is called the medial olivocochlear reflex (MOCR) and improves signal detection in 

background noise by preventing auditory-nerve adaptation to background noise, referred to anti-masking 

effect. MOCR is reported to be enhanced at attended frequencies, implying that auditory attention modulates 

MOCR in a frequency-selective manner. However, the tuning of the effect of orienting attention to a specific 

frequency has not been investigated. MOCR was assessed noninvasively using otoacoustic emissions. During 

the measurements of otoacoustic emissions, participants detected probe tones at a given frequency in 

background noise. The target frequency was 750, 1500 and 3000 Hz, and the frequency characteristics of 

MOCRs for each target frequency condition was compared to those measured when participants were not 

given any attentional task. When the target frequency was 1500 Hz, the MOCR strength increased around 

1500 Hz. When the target frequency was 750 and 3000 Hz, by contrast, the frequency characteristics of the 

MOCR did not differ significantly from those in the non-attentive condition. These results suggest that 

orienting attention to low and high frequencies are less likely to influence MOCR. 

 

Keywords: Medial olivocochlear reflex, Otoacoustic emission, Selective attention 

1. INTRODUCTION 

The medial olivocochlear bundle is an efferent nerve projection from the brainstem to the outer 

hair cells (OHCs), which responds to acoustic stimuli and reflexively suppresses the amplific ation of 

OHCs (1). This reflex response is called the medial olivocochlear reflex (MOCR) and improves signal 

detection in noise by preventing auditory nerve adaptation to noise, referred to anti -masking effect 

(1). Since it has been reported that the weaker MOCR, the lower the ability to hear in noise (2), 

measuring MOCR in conjunction with existing hearing test methods may have diagnostic applications 

for identifying the cause of hearing difficulties in noise (2, 3). In contrast, it has been reported that 

MOCR fluctuates under the influence of auditory attention (3, 4). Investigating the mechanism of 

attention-dependent changes in MOCR and the relationship between these changes and hearing in 

noise is useful to clarify the mechanism of hearing difficulties in noise. MOCR is reported to be 

enhanced at attended frequencies, implying that auditory attention modulates MOCR in a frequency-

selective manner (3). However, previous studies have evaluated MOCR at only two frequencies (1, 2 

kHz), and the tuning of the effect of orienting attention to a specific frequency has not been quantified. 

In this study, to investigate the tuning characteristics of frequency-selective changes in MOCR 

associated with attention, we compared the frequency characteristics of MOCRs measured during 

orienting attention to specific frequencies. 
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2. METHOD 

The following measurements were taken in seven participants (21-27 years, 2 females, 5 males) with normal 

hearing. 

2.1 Auditory Attention Task 

MOCR was measured during the auditory attention task and in the non-attention condition where 

participants were not given any attentional task. Figure 1 shows the stimulus sequence for the auditory 

attention condition where participants were asked to detect a pure tone in each noise in the stimulus 

sequence. The pure tone was randomly included in the noise with a probability of 50%.  The noises 

with and without the pure tone were presented randomly 50 times each.  Participants were instructed 

to press the black button when they heard only the noise, or the red button when they heard the pure 

tone in the noise, and to press the button in the silent interval after the o ffset. The noise was band-

pass filtered between 0.1 and 10 kHz and had a duration of 500 ms, including a 10 -ms raised-cosine 

ramp. The noise was presented at sound pressure level of 60 dB. The sound pressure level of the pure 

tone was set at 3 dB above the detection threshold for a pure tone in noise. The detection threshold 

was measured by an 1up-2down transformed adaptive method. In a frequency-specific attention 

condition, the frequency of the pure tone was fixed at 750, 1500, or 3000 Hz. In addition, the detection 

task described above was also done in a condition in which the frequency of the pure tone was 

randomly changed at 750, 1500, and 3000 Hz for each presentation. In this condition, attention was 

not oriented to a specific frequency, referred to a non-frequency-specific attention condition. The 

adjustment of sound pressure level was performed for each frequency.  

Click trains were presented before and after the noise to measure MOCR. Each click had a duration 

of 100 μs and was presented at a 60-dB peak-equivalent sound pressure level and at a rate of 40 times/s. 

The click train was presented for 500 ms before the noise onset and 525 ms after the noise offset. A 

set of the noise and click trains was presented at 1-s intervals. 

2.2 MOCR Measurement 

MOCR was evaluated noninvasively by using otoacoustic emissions (OAEs). OAEs are weak 

acoustic signals generated on the basilar membrane and are considered to reflect the amplification 

function of OHCs (1). In this study, we measured OAEs evoked by clicks that presented before and 

after the noise presentation in the right ear. OAEs were recorded by using an Etymotic Research ER -

10B low-noise microphone system inserted into each ear.  

MOCR is induced by acoustic stimulation, e.g., noise, and the effect remains for several 100 ms, 

so the OAE amplitude is suppressed after noise presentation compared to before noise presentation 

(1,4,5). Therefore, MOCR can be evaluated by measuring the amount of OAE suppression after 

relative to before noise presentation.  

OAE waveforms measured before and after the noise were averaged, respectively. The averaged 

OAE waveform was multiplied by a window function with the interval of 2.5-25 ms after the click 

presentation and followed by a discrete wavelet transform. The OAE amplitude for each frequency 

was determined by calculating the average of the intensities at the corresponding frequency of the 

scalogram. Then, the ratio of the OAE amplitude at each frequency between before and after the noise 

presentation was calculated, which corresponds to the frequency characteristics of MOCR.  

 

 
 

Figure 1 – Stimulus sequence and task in the auditory attention condition 



 

 

3. RESULT 

Figure 2 shows the average of the frequency characteristics of MOCR for all subjects in the 

auditory attention condition i.e., the frequency-specific and non-frequency-specific attention 

condition, and the non-attention condition. A two-way repeated measure ANOVA was conducted on 

the frequency characteristics of MOCR, with condition (the non-attention vs. each auditory attention 

condition) and frequency (500 Hz to 4000 Hz) as factors. 

In the comparison between the condition of attention to 750 Hz and the non-attention condition, 

there was a significant main effect for the frequency factor (F = 2.361, p < .001), but no significant 

main effect for the condition factor (F = 0.054, p = 0.8235) and interaction (F = 0.404, p = 1.00). As 

for the condition of attention to 1500 Hz, there was no significant main effect for the condition factor 

(F = 1.109, p = 0.3329), but a significant main effect for the frequency factor (F = 1.708, p < .001) 

and interaction (F = 2.197, p < .001). A host-simple effect test showed that OAE suppression for the 

condition of attention to 1500 Hz was significantly larger at 1200 Hz and 1300 Hz (p < .10), and 

marginally significantly smaller at 500 Hz to 650 Hz (p < .05) than the non-attention condition. As 

for the condition of attention to 3000 Hz, there was a significant main effect for the frequency factor 

(F = 5.888, p < .001), but no significant main effect for the condition factor (F = 0.225, p = 0.6518) 

and interaction (F = 0.754, p = 0.9252). As for the condition of attention to multiple frequencies, there 

was no significant main effect for the condition factor (F = 3.015, p = 0.1332), but a significant main 

effect for the frequency factor (F = 1.687, p < .005), and interaction (F = 3.108, p < .001). A host-

simple effect test showed that OAE suppression for the condition of attention to 1500 Hz was 

significantly smaller at 500 Hz to 1800 Hz (p < .05) than the non-attention condition. 

 

 

 

 

 
 

 

Figure 2 – Comparison of frequency characteristics of MOCR between each auditory attention and non-

attention conditions. Error bars depict the standard errors. †p < 0.1, *p < 0.05 (simple main effects of 

conditions, i.e., each auditory attention condition vs. the non-attention condition). 



 

 

4. DISCUSSION 

When the target frequency was 1500 Hz, the MOCR strength tended to attenuate at lower 

frequencies, and increase around 1500 Hz. In contrast, when the target frequency was 750 Hz and 

3000 Hz, the frequency characteristics of MOCR did not differ significantly from those in the non-

attention condition (Figure 2). These results indicate that orienting attention to moderate frequencies 

selectively increases MOCR near the attended frequency, and that the effects of attention to low and 

high frequencies are unlikely to appear in MOCR. On the other hand, MOCR tended to be weaker 

under the condition where target frequency was varied across trials , i.e., attention was not directed to 

a specified frequency, compared to the non-attention condition, and there was no significant increase 

in MOCR around 1500 Hz (Figure 2). The result implies that frequency-specific attention is required 

to enhance the MOCR around 1500 Hz and supports that attention to a specific frequency modulates 

MOCR in a frequency specific manner. By contrast, previous studies have shown that frequency-

selective attentional effects in the auditory cortex are observed regardless of an attended frequency  

(6). The attentional processing at the auditory cortex may not be exactly reflected the auditory 

periphery. 
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ABSTRACT 
Playback level calibration is an important procedure in listening tests. However, this is a challenging task in 
remote listening tests, which have become more popular nowadays. A convenient method, which has been 
used in an online hearing test, is to adjust the playback level so that the perceived loudness of a hand rubbing 
recording matches the subject’s own hand rubbing. However, the reliability of this method has not been 
formally investigated. This paper firstly proposes a procedure for creating a reference hand rubbing recording 
and calibrating the stimulus level by the experimenter and the subject. The paper then describes an experiment 
that was conducted to investigate the inter-subject consistency of the sound pressure levels (SPLs) of hand 
rubbing made by fifteen subjects. It was found that the mean SPLs (LAeq) and 95% confidence intervals for 
three rubbing intensities Hard, Medium and Soft were 54.5 dB (±2.4 dB), 46.8 dB (±2.8 dB), and 39.8 dB 
(±3.2 dB), respectively. This seems to imply that the inter-subject variability of hand rubbing SPLs would be 
small enough to allow for reasonably consistent playback level settings across different people in a remote 
listening test environment. 
 
Keywords: Hand rubbing, Playback level calibration, Remote listening Test 

1. INTRODUCTION 

1.1 Background 
Playback level calibration is an important procedure in designing and conducting a listening test. 

Given the frequency dependent loudness perception depending on the sound pressure level (SPL), it 
is necessary to maintain the SPL constantly across different subjects in order to avoid any potential 
loudness-related bias. In a controlled laboratory experiment, the playback level is typically calibrated 
using an SPL meter placed at the listening position. However, due to the COVID-19 restrictions, the 
need for remote listening tests arose, and researchers would need to find an alternative way to calibrate 
the playback level. Remote listening tests, however, would suffer from a lack of control. Calibrating 
the playback level to an exact target SPL would be impossible in a remote listening test since different 
subjects would use different systems (e.g., headphones, loudspeakers, audio interface, etc.) and they 
would likely have no formal way to measure the SPL themselves.  

The Technical Committee on Psychological and Physiological Acoustics (PP) of the Acoustical 
Society of America (ASA) recently initiated a task force with an aim to coordinate information about 
approaches for remote testing (1). They recommend various approaches for level calibration, mainly 
in two categories: electroacoustic calibration and perception-based calibration. The former involves 
the calibration and deployment of a hardware system by the experimenter, which may not be practical 
in many situations. For the perception-based approaches, the ASA PP suggests two methods: 
calibrating loudness to a subjectively comfortable level and calibrating the level based on one’s 
absolute hearing threshold (e.g., finding the minimum level at which a 1 kHz tone becomes audible). 
However, neither approach allows for the alignment of the playback level to an SPL that the 
experimenter aims for. Although it might be impossible to achieve an exact SPL in a remote setting, 
it would still be useful to be able to keep all subjects’ playback levels within a small range around the 
target SPL, so that the experimenter can ensure a certain level of inter-subject consistency in terms of 
playback level even in a remote testing situation where the systems used by the subjects largely vary. 
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1.2 Aim 
Pigeon (2) devised a method to calibrate the playback level by hand rubbing for his online hearing 

test application; the user is required to adjust the playback level of their system so that the perceived 
loudness of a hand rubbing recording provided on the application matches that of their own hand 
rubbing performed in front of the noise. The implicit assumption of this method seems to be that the 
SPL of hand rubbing would be reasonably consistent across different people. If this was indeed the 
case, the method would be found useful for remote listening test. However, in (2), no information is 
provided on either the reliability of the hand rubbing method or how to implement the method in other 
listening tests. To the best of the present authors’ knowledge, no formal experiment has been 
conducted on the SPL of hand rubbing to date. In order to validate the hand rubbing method for remote 
listening tests, two investigations are required: (i) inter-subject consistency of hand rubbing SPLs, (ii) 
magnitude of error between target and subject-calibrated SPLs using the hand rubbing method. As the 
first step towards the validation, this paper first proposes an entire procedure from the creation of a 
hand rubbing recording by the experimenter to the calibration of the stimulus playback level using 
hand rubbing by the subject. Then it describes an experiment that was conducted to investigate (i): 
the inter-subject consistency of the SPLs of hand rubbing. The study is currently ongoing, and a future 
work will investigate (ii).  

2. PROCEDURE OF LEVEL CALIBRATION USING HAND RUBBING  
This section provides a procedural guideline for playback level calibration using hand rubbing.  

2.1 Step 1: Recording and Processing of the Experimenter’s Own Hand Rubbing 
The first step is for the experimenter to record his/her own hand rubbing sounds using a high-

quality microphone. It is recommended to use an omni-directional microphone with a flat frequency 
response and a good sensitivity. It would be ideal to record in an anechoic room, but if this is not 
available, absorption panels can be placed around the microphone. The microphone should then be 
placed close to the hands, within about 15cm distance at maximum, in order to avoid any audible 
reflections. The hands need to be rubbed in a consistent manner with a reasonably fast speed (e.g., 4-
5 sets of up/down rubs). This recording is to be used by the subject as a reference for their hand 
rubbing in a later stage (Step 4). The duration of the rubbing is recommended to be 10-15 seconds to 
allow for enough time for the subject to follow. 

If the listening test is to be conducted over headphones, the hand-rubbing recording is then 
convolved with the head-related impulse responses (HRIRs) of a sound source at 0° azimuth and 
elevation. This is to simulate the perception of the hand-rubbing sound in front of the subject’s head 
when listening to it over the headphones.  

2.2 Step 2: Loudness Matching of the Recorded Hand Rubbing to the Experimenter’s 
Actual Hand Rubbing at a Given Output Level of the Playback Device 

The next step is for the experimenter to adjust the signal level (i.e., RMS) of the hand-rubbing 
recording, so that the perceived loudness of the recording matches that of the experimenter’s actual 
hand-rubbing sound at a given output level of the audio interface being used. The experimenter needs 
to perform hand-rubbing with the hands being right in front of their nose (which is to be followed by 
the subject in Step 4), and should attempt to replicate their own recorded hand-rubbing sound as 
closely as possible.  

2.3 Step 3: Calibration of the Signal Level of the Test Stimulus to a Target SPL 
At the same output level of the audio interface as above, the signal level of the test stimulus is 

adjusted to a target SPL. If the playback system is loudspeakers, a professional SPL meter should be 
used and placed at the listening position. Alternatively, software such as Room EQ Wizard (REW) can 
be used with a measurement microphone with a calibration file. In case of headphone playback level 
calibration, a binaural ear simulator system with an SPL measurement functionality is required. A 
high-quality system (e.g., GRAS 45CA) would be ideal, but a more economic option such as miniDSP 
EARS with a REW calibration would still be acceptable for the SPL measurement for broadband 
signals. As the result of Steps 2 and 3, the signal level difference between the reference hand-rubbing 
recording and the test stimulus is now defined.  



 

 

 

2.4 Step 4: Adjustment of the playback level to loudness-match between the Recorded 
Hand Rubbing and the Subject’s Hand Rubbing.   

The reference hand-rubbing and test stimulus recordings from Steps B and C are then deployed to 
each subject. Prior to the beginning of the listening test, the subject is required to adjust the output 
level of their audio interface or playback device so that the perceived loudness of the reference hand-
rubbing matches that of their own hand-rubbing. As in Step 2, the subject needs to place their hands 
right in front of their nose and attempt to replicate the intensity and speed of the hand-rubbing in the 
reference recording.  

3. EXPERIMENT: INTER-SUBJECT VARIABILITY OF HAND-RUBBING SPL 
Once the aforementioned calibration procedure is complete, it is expected that the loudness of the 

test stimulus would become close to the target SPL intended by the experimenter, depending on the 
amount of deviation from the target in terms of two aspects: (i) inter-subject variability of hand-
rubbing SPL, and (ii) inter-subject variability of matching accuracy between reference and their own 
hand-rubbing. As a first step towards validating the proposed method, SPL measurements of hand-
rubbing have been conducted with multiple subjects to investigate the inter-subject variability. This 
study is currently ongoing, and this paper presents the interim findings.  

3.1 SPL Measurement 
The SPLs of hand rubbing sounds were measured in an ITU-R BS.1116-compliant listening room 

(NR 12, RT 0.25s) at the University of Huddersfield. This was done for three different categories of 
intensity: hard, medium and soft. The first author made the recordings of his own hand rubbing at the 
three different levels, using a DPA 4006A omni-directional microphone placed at 15 cm in front of 
the hands. Fifteen subjects participated in the measurements so far. Each subject was presented with 
the recordings and asked to perform hand rubbing for 15 seconds in a similar intensity and speed to 
each of the recordings. The SPLs of their hand rubbing sounds were measured in LAeq using a Casella 
CEL-632C2 sound level meter placed 15cm in front of the hands. The DPA 4006A microphone was 
also placed at the same distance to record the sound for future analysis of frequency response, 
temporal fluctuation, etc. 

3.2 Results 
The collected SPL data for each intensity were first checked for their normality using Shapiro-

Wilk test. It was found that the data were normally distributed for all intensities (p > 0.05). The results 
are therefore presented as means and associated 95% confidence intervals (CIs) in Figure 1. 

As can be observed, the mean hand rubbing SPLs had distinct decreasing pattern with non-
overlapping CIs for Hard (54.5 dB), Medium (46.8 dB) and Soft (39.8 dB). Pair-wise t-tests confirmed 
that these conditions had significant differences (p < 0.01). The CIs for Hard, Medium and Soft were 
± 2.4 dB, ± 2.8 dB and ± 3.2 dB, respectively.  
 

 



 

 

 
Figure 1 – Means and 95% confidence intervals of the SPLs (LAeq) measured for each hand 

rubbing intensity. 
 

4. DISCUSSION AND FURTHER WORK 
The primary aim of this study was to examine the inter-subject variability of hand rubbing SPLs 

at three different intensities: Hard, Medium and Soft. This is the first step towards validating the hand 
rubbing method as a playback calibration method for remote listening tests. Although the CIs for the 
three intensities did not differ substantially (±2.4 dB to ±3.2 dB), the results seem to suggest that the 
inter-subjective variability would be reduced slightly as the rubbing intensity became higher. 
Therefore, it might be worth using a hard rubbing as a reference signal for playback level calibration. 

The relatively small CIs also seem to indicate that the hand rubbing SPLs would be fairly consistent 
across different subjects. It is worth noting here that, as mentioned earlier, the current calibration 
method is not intended to achieve an exact SPL matching, but is aimed towards bringing each subject’s 
playback level to a “ballpark” value in relation to the target SPL so that the experimenter can ensure 
there is not much inter-subject level variation in remote testing. The ±2.4 dB CI for the hard rubbing 
seems to be an acceptable range of error for a target SPL. Without a calibration protocol such as this, 
the error may be much larger. In this regard, the result of this first stage of validating the method is 
promising. The current study is ongoing, and it is expected that the error range would likely become 
even smaller with a larger sample size. 

The second stage of validating the method, which is to be conducted in the future, will investigate 
inter-subject variability of matched playback levels. Subjects will be asked to adjust the output level 
of the playback device so that the perceived loudness of the reference hand rubbing recording matches 
that of their own hand rubbing (Step 4 from Section 2.4). The playback SPL data will be analysed for 
inter-subject variability and error from the target SPL.    
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ABSTRACT 

The medial olivocochlear bundle responds to acoustic stimuli and reflexively suppresses the outer hair cell 

gain. This reflex response is called the medial olivocochlear reflex (MOCR) and improves signal detection 

in noise by preventing auditory nerve adaptation to the noise, referred to anti-masking effect. Although the 

MOCR is reported to be affected by attention, it has not been investigated whether and how the attentional 

modulation of MOCR influences the anti-masking effect. In the present study, we adjusted the allocation of 

attentional resources to the signal detection task by adding a visual working memory task and examined the 

relationship between the changes in the MOCR strength and the signal-in-noise-detection performance. 

MOCR was noninvasively assessed using otoacoustic emissions. As the number of letters to be remembered 

in the working memory task increased, both of the signal-in-noise-detection performance and the MOCR 

strength decreased. The amount of reduction in the performance and MOCR strength was positively 

correlated. These results suggest that the reduction of attentional resources allocated to audition weakens the 

anti-masking effect of MOCR. 

 

Keywords: Medial olivocochlear reflex, Attention, Otoacoustic emissions 

1. INTRODUCTION 

Outer hair cells (OHCs) are innervated by the medial part of the superior olivary complex via the 

medial olivocochlear (MOC) bundle. These MOC fibers are activated by acoustic stimulation and 

exert an inhibitory effect on OHC motility (1). This suppressive effect has been termed the medial 

olivocochlear reflex (MOCR) and is thought to play an important role in improving the detection of 

signals under noise, referred to an anti-masking effect (1, 2). Although the MOCR is reported to be 

modulated by attention (3, 4), it has not been investigated whether and how the attentional modulation 

of MOCR influences the anti-masking effect. In the present study, we adjusted the allocation of 

attentional resources to the signal detection task by adding a visual working memory task and 

examined the relationship between the changes associated with adding the visual working memory 

task in the MOCR strength and the signal-in-noise-detection performance. 

2. METHOD 

The following measurements were made on nine participants with normal hearing (two female, 

seven males, average age 23 years, standard deviation 1.9 years).  

2.1 Signal detection task (main task) 

The stimulus sequence is shown in Figure. 1. Participants detected a pure tone in the noise. 

Participants were instructed to press a black button when they heard only noise and to press a red 

button when they heard a pure tone in noise. The pure tone was randomly included in the noise with 

a probability of 50%. 10 presentations were made per measurement interval (approximately 150 s), 

and the responses to each sound were tabulated and the percentage of correct responses was calculated.  
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Figure 1 – Stimulus sequence and task 

 

The frequency range of the presented noise was 100-5000 Hz, and its sound pressure level was 60 

dB. The frequency of the pure tone was set to 1000 Hz, and the presented sound pressure level was 

set so that the correct response rate would be more than 85% in the absence of the interference task. 

The stimulus length of the noise and pure tone was 500 ms and presented to the right ear. The inter -

stimulus interval was 1.5 s. 

2.2 Working memory task (interference task) 

By adding a working memory task (interference task), we modulated the attentional resources 

allocated to the signal detection task (main task). Six letters of the alphabet were presented for 5 s 

immediately before the signal detection task, and participants were instructed to memorize them. 

Immediately after the listening task, a letter of the alphabet was displayed, and participants were 

instructed to press "1" on a keyboard when the letter was included in the 6  letters of the alphabet 

presented before the signal detection task, or press "2" when not included. In this task, participants 

must retain memory during the execution of the listening task. Therefore, the attentional resources 

that can be allocated to the listening task are limited. The procedure was repeated 20 times. In order 

to examine the effect of the interference task load, the measurements were made for the conditions 

where the six letters to be memorized were composed of one, two, three, or six different alphabets. 

The MOCR strength and listening task performance was compared across condi tions, as well as with 

no interference task. 

2.3 MOCR measurement 

MOCR was evaluated noninvasively by using otoacoustic emissions (OAEs). OAE is a weak sound 

generated on the basilar membrane and is considered to reflect the amplification function of OHCs 

(1). It is known that when noise is presented right before the OAE measurement, the amplitude o f the 

OAE is suppressed. The amount of suppression is considered to reflect the MOCR strength. We 

measured the OAEs evoked by clicks presented between noises (Figure. 1). The sound pressure level 

of the click was 60 dB, and the presentation interval was 25 ms. OAE was recorded by an Etymotic 

Research ER-10B low-noise microphone system inserted to each ear. 

The OAE waveforms measured during the 250 ms periods immediately before and after the onset 

of noise presentation were averaged, respectively. The root-mean-square of the averaged waveforms 

for the interval 5-25 ms after the click was defined as the OAE amplitude. Since the effect of noise-

induced MOCR remains for several hundred ms, OAEs after noise presentation are suppressed 

compared to those before noise presentation (5).  The amount of OAE suppression, which was difined 

as the MOCR strength, was calculated using the equation (1). 

where Pwith and Pwithout were the OAE amplitudes before and after noise presentation, respectively. 

 

OAE suppression = -20log10(Pwith/Pwithout) (1) 



 

 

Figure 2 – Medial olivocochlear reflex strength and percentage of correct responses in listening task as a 

function of the disturbance task load 

Figure 3 – Relation of changes of medial olivocochlear reflex strength and correct responses in listening 

task associated with adding the maximum interference task load 

 

3. RESULT 

MOCR strength and percentage of correct responses for the listening task as a function of the 

disturbance task load is shown in Figure 2. Both the MOCR strength and the correct answer rate of 

the listening task was significantly lower in the condition with the maximum interference task load 

than with no interference task condition (t=3.530, p=0.024 for the MOCR strength; t=-2.707, p=0.027 

for the listening task performance). There was also a significant positive correlation between the 

amount of reduction in the performance and MOCR strength associated with adding the maximum 

interference task load (Spearman's r=0.9, p=0,037; Figure 3).  

4. SUMMARY AND DISCUSSION 

The detection performance of signals in noise and the antimasking effect of MOCR were 

significantly reduced by imposing the interference task. In addition, the more the MOCR strength was 

reduced by the interference task, the more the signal-in-noise reception performance was reduced. 

These results suggest that the interference task reduces the MOCR's anti-masking effect by decreasing 

auditory attentional resources, making it more difficult to listen in noise.  
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ABSTRACT 
This study explores whether the relative importance of sensory and non-sensory cognitive factors 

in speech reception depends on the number of competing talkers. Temporal processing was assessed 
by interaural phase difference (IPD) thresholds and frequency modulation detection limen (FMDL). 
Working memory capacity was assessed by the listening span (LS) test. We found a significant 
correlation between FMDL (and IPD, but not significant) and speech reception performance with 
single competing masker but not with multiple maskers. By contrast, working memory capacity 
showed a moderate correlation with speech reception performance regardless of the number of the 
competing maskers, although the correlation with a single masker condition was slightly weaker than 
that with two or four masker condition. Multiple regression analysis further showed that the temporal 
processing was dominant when listening in setting with a single competing talker, whereas working 
memory capacity was dominant when listening in setting with multiple competing talkers.  
 
Keywords: Hidden hearing loss, Temporal processing, Working memory 

1. INTRODUCTION  
Hearing loss is characterized by a pure-tone threshold audiogram. However, it is becoming 

increasingly apparent that some listeners with normal audiometric thresholds have difficulties 
understanding speech in settings where there are competing sound sources [1, 2]. Post-auditory nerve 
processing is thought to contribute to the condition, and inability to accurately encode temporal cues 
is critical for good speech processing in challenging environments in the presence of competing 
sounds [2]. By contrast, there is increasing evidence that speech perception with competing sounds 
depends on non-sensory cognitive factors, such as language ability and memory. In particular, working 
memory capacity is correlated with speech-in-competing-sounds reception performance [3]. The 
question of how sensory and non-sensory factors contribute to speech perception on various adverse 
listening conditions remains to be investigated. Here we examine whether the number of competing 
sounds, a factor in the adversity of listening conditions, affects the roles of temporal processing and 
working memory capacity in speech processing. 

2. METHOD 
Inter-individual differences in speech reception were assessed using the coordinate response 

measure (CRM). The CRM score in the presence of varying numbers of competing maskers was 
compared with temporal encoding efficiency and working memory capacity. We used the listening 
span (LS) task to assess working memory capacity, a variation of the operation span task but with the 
additional ability to maintain auditory information presented while performing tasks associated with 
it. Temporal processing was assessed by low-rate frequency modulation detection limen (FMDL) and 
interaural phase difference (IPD) threshold, which are thought to reflect the efficiency of temporal 
encoding [4,5]. 

Twenty-nine volunteers (19 males and 10 females) aged 20-24 years (mean = 22, standard deviation 
= 1.3) participated in the study. All subjects displayed normal pure tone audiometric thresholds 

ABS-0884



 

 

(HL<20 dB) from 0.25 to 8 kHz.  

3. RESULT AND DISCUSSION 
A significant correlation between FMDL (and IPD but not significant) and speech reception 

performance with a single competing masker was observed but no with multiple (Figure 1). LS test 
score showed a moderate correlation with speech reception performance regardless of the number of 
the competing maskers, although the correlation with a single masker condition was slightly weaker 
than that with two or four masker conditions (Figure 1).  

The current results provide insights into the differential roles of sensory and non-sensory factors 
on speech perception. For the tasks used in this study, the temporal processing at the sensory level 
was relatively more important in the case of a single competing talker, while the non-sensory factor, 
i.e., working memory or possibly general cognitive ability, was critical for listening in more 
challenging settings such as having multiple competing talkers. Our results suggest that the conditions 
where individuals have difficulty listening vary based on whether their sensory or cognitive 
processing is disrupted． 
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Figure 1. Correlation of correct answer rate on the coordinate response measure (CRM) with 
listening span (LS) test score, intramural phase difference (IPD) and frequency modulation 
detection limen (FMDL).   
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ABSTRACT 
Gender differences in perceived loudness were observed in earlier studies. That is, female participants tended 
to perceive sound at the same sound pressure level as being “louder” than male participants did. However, 
this tendency was observed only when verbal expressions, such as “loud” and “soft,” were used to evaluate 
the perceived loudness. In this study, we examined the gender differences in perceived loudness at lower 
sound pressure levels to identify the effect of gender differences in hearing thresholds. The results revealed 
gender differences in perceived loudness were also observed at lower sound pressure levels when verbal 
expressions were used to evaluate perceived loudness as done in previous studies. Gender differences in 
hearing thresholds were also observed at some frequencies; however, no clear relationship was found between 
the observed gender differences in perceived loudness and hearing thresholds. The gender differences in the 
power exponent α according to Stevens’ power law were also not statistically significant. Therefore, gender 
differences in perceived loudness might not be influenced by the gender differences in sensitivity to changes 
in loudness and that in hearing threshold, but by other factors in higher-order processing in the brain. 
 
Keywords: Gender differences, Loudness, Stevens’ power law 

1. INTRODUCTION 
We previously examined gender differences in optimal listening levels and perceived loudness [1–

3]. The results showed that gender differences in optimal loudness (i.e., the perceived “optimum” sound 
pressure level) were approximately equal to the gender differences in optimal listening levels [4]. 
Further experiments using interval and ratio scales found that gender differences were only observed 
when verbal expressions, such as “soft” and “loud,” were used to evaluate perceived loudness. No clear 
gender differences were found when a ratio scale was used to evaluate perceived loudness for Japanese, 
Chinese, and Malaysian men and women [5–7]. Thus, we concluded that the gender differences in 
criteria for verbal categorization might contribute more to the gender differences in perceived loudness 
than sensitivity to changes in loudness. Gender differences in perceived loudness were reported previously 
[8–10]; however, the factor affecting the gender differences was not clarified. 

In this paper, we focused on gender differences in hearing thresholds. Some studies examined gender 
differences in hearing thresholds and reported that women had lower hearing thresholds than did men 
[11–13]. The analysis of gender differences in hearing thresholds and three experiments for evaluating 
perceived loudness at lower sound pressure levels were conducted to investigate the effect of gender 
differences in hearing thresholds on the gender differences in perceived loudness. 

2. GENDER DIFFERENCES IN HEARING THRESHOLDS 
Gender differences in hearing thresholds were reported previously [11–13], while other studies denied 

they existed. Similarly, gender differences in hearing thresholds were not observed consistently in our 
earlier studies [1–7]. To discuss the relationship between gender differences in hearing thresholds and 
perceived loudness, we analyzed the data on hearing thresholds for male and female participants that 
we had measured in the past 10 years. The past data from 2011 to 2018 and recent data from 2019 to 
2021 were analyzed according to the different frequency ranges. The mean values for the hearing 
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thresholds for male and female participants are shown in Figures 1 and 2 for each period. 
 

 
Figure 1 – Average hearing thresholds for male and female participants from 2011 to 2018 (past data). 

 
Figure 2 – Average hearing thresholds for male and female participants from 2019 to 2021 (recent data). 

 
Mann–Whitney’s U test was used to explore the gender differences in hearing thresholds. The results 

identified statistically significant gender differences in hearing thresholds at 3 kHz, 6 kHz, and 8 kHz 
for past data, and at 125 Hz, 250 Hz, and 8 kHz for recent data. In either period, the male participants 
had higher hearing thresholds than did female participants at lower frequencies and vice versa at higher 
frequencies. When the gender differences in hearing thresholds affect the gender differences in perceived 
loudness, the latter difference might be clearly observed at lower and higher frequencies. To investigate 
this assumption, three experiments to evaluate the perceived loudness were conducted using various 
evaluation methods. All experiments were performed after obtaining informed consent. 

3. EXPERIMENT 1: 10-STEP SD METHOD 
A rating experiment using an interval scale associated with verbal categories, such as “soft” and 

“loud,” was performed to examine the gender differences in perceived loudness between men and women 
at lower sound pressure levels. 

3.1 Experimental conditions 
The participants were 20–24-year-old Utsunomiya University students (10 men and 10 women) who 

were paid by honoraria. All participants had normal hearing and the gender differences in their hearing 
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thresholds were not statistically significant at any frequency. The experiment was conducted in a 
soundproof room. The following experiments in this paper were conducted under the same 
experimental conditions. 

3.2 Sound stimuli 
The experiment was conducted using pink noise and 1/3-octave band noise with seven center 

frequencies (i.e., 125 Hz, 250 Hz, 500 Hz, 1 kHz, 2 kHz, 4 kHz, and 8 kHz) at sound pressure levels 
of 25, 30, 35, 40, 45, 50, 55, 60, 65, 70, and 75 dB (LAeq: equivalent continuous A-weighted sound 
pressure level). The results for sound pressure level conditions (i.e., 25, 30 and 35 dB) were added to 
those of earlier studies [5–7]. The sound pressure levels for each sound stimuli were measured using a 
sound level meter (NL-62; RION) at a central position relative to the participants’ head. The duration 
of each stimulus was 15 s. 

3.3 Experimental method 
A personal computer (Surface Pro 4; Microsoft) and audio interface (iD22; Audient) were connected 

to an amplifier (CR-D2; ONKYO). The stimuli were presented in random order for 15 s using a 
loudspeaker (PS-S202; Victor) positioned 2 m in front of the participants. A 10-step scale from 0 to 9 
(0, Barely audible; 1, Marginally audible; 2, Very soft; 3, Soft; 4, Somewhat soft; 5, Neither soft nor 
loud; 6, Slightly loud; 7, Loud; 8, Very loud; 9, Unbearably loud) was introduced for rating the 
perceived loudness following a previous study [5–7]. Preliminary ratings were conducted using two 
stimuli before the rating experiment. Each participant rated each stimulus once in the rating 
experiment. 

3.4 Experimental results 
Figure 3 shows the average loudness values with standard deviations (SDs) for male and female 

participants in the condition of 1/3-octave band noise with a 125 Hz center frequency. The evaluation 
values for male and female participants cross at around 55 dB. A similar tendency was also observed 
for another sound stimuli. Three-way analyses of variance (ANOVA) were applied to the data. The 
effects of gender (F(1,3344) = 4.695, p < 0.05), type of noise (F(7, 3344) = 115.243, p < 0.01), and 
sound pressure level (F(10, 3344) = 1775.071, p < 0.01) were statistically significant. The interactions 
between sound pressure level and gender (F(10, 3344) = 11.001, p < 0.01), between noise type and 
gender (F(7,3344) = 4.809, p < 0.01), and between sound pressure level and noise type (F(70,3344) = 
3.782, p < 0.01) were also statistically significant. 

 

 
Figure 3 – Average loudness evaluations by male and female participants for 1/3-octave band noise with a 

125 Hz center frequency in Experiment 1. The error bars represent SDs. 

 
The interactions between sound pressure levels and gender indicated that men and women evaluated 

sound pressure levels differently. We observed a simple main effect for gender, with male participants 
rating perceived loudness lower than female participants at 25, 30, 35, 40, and 45 dB, and vice versa 
at 60, 65, 70, and 75 dB (Figure 3). 
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The interactions between noise type and gender suggested that male and female participants evaluated 
the perceived loudness for each sound stimulus differently. The simple main effect of gender showed 
that female participants had higher evaluation values for the 1/3-octave band noise with center 
frequencies 125 Hz and 8 kHz than male participants did (p < 0.01), while male participants had higher 
evaluation values for pink noise than female participants did (p < 0.05). Figure 4 shows the male and 
female participants’ average perceived evaluation values for each sound stimulus. The simple main 
effect of noise type was identified because both male and female participants’ evaluation values for pink 
noise were higher than for other 1/3-octave band noises (p < 0.01). Similarly, both male and female 
participants’ evaluation values for 1/3-octave band noises with center frequency at 125 Hz tended to 
be lower than for other sound stimuli (p < 0.05). 

The interactions between sound pressure level and noise type indicated that the increase in 
evaluation values with increasing sound pressure level differed between noise types. Regression 
analyses were performed to estimate the inclination of the evaluation values with increased sound pressure 
levels for each noise type. The results showed that the inclination was higher for 1/3-octave band noise 
with 125 Hz center frequency than for those with center frequencies of 500 Hz and 1, 2, 4, and 8 kHz, 
and for pink noise (F(7, 152) = 6.681, p < 0.05) (Figure 4). 

 
Figure 4 – Average loudness evaluations by male and female participants for each sound stimulus in 

Experiment 1: (a) male participants; (b) female participants. 

4. EXPERIMENT 2: ADJUSTMENT METHOD 
The results of Experiment 1 show that gender differences in perceived loudness were observed at 

lower frequencies. However, this tendency reversed at around 55 dB. Therefore, we conducted 
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Experiment 2 using an adjustment method to measure the limits of sound pressure levels perceived as 
“soft” or “loud” with finer adjustment conditions to replicate and extend the findings of Experiment 1. 

4.1 Experimental conditions 
The experimental conditions were the same as those of Experiment 1. The same 20 participants (10 

men and 10 women) were included in the experiment. 

4.2 Sound stimuli 
The pink noise used in Experiment 1 was used as the stimulus in this experiment. 

4.3 Experimental method 
While listening to the stimulus, the participants dragged a mouse to adjust the sound pressure level 

of the stimulus up or down to reach the limits that they perceived as being “marginally audible,” “soft,” 
“loud,” or “unbearably loud,” in addition to the “optimal” sound pressure level depending on the test 
condition. Therefore, five adjustment conditions were used in this experiment. The limit of the sound 
pressure level perceived as “soft” refers to the highest sound pressure level that the participants would 
categorize as being soft, while the limit of the sound pressure level perceived as “loud” refers to the 
lowest sound pressure level categorized as being loud. The limit of the sound pressure level perceived 
as marginally audible may reflect the participants’ hearing thresholds. A standard stimulus was not 
used and the initial setting for the stimuli was at a marginally audible level. The adjustment experiment 
was initially designed to hopefully be set both over and under the final adjusted point because it might 
affect the adjustment; however, when obtaining the loud and unbearably loud limit, it was not easy to 
estimate the sound pressure level that all the participants would judge as sufficiently loud within a 
safe zone for hearing. Therefore, in the present experiment, the initial stimulus setting was at a 
marginally audible level under all conditions. Furthermore, the initial stimulus was the same for both 
men and women; thus, the setting of the initial point for the stimuli should not have directly affected 
the gender differences in the final setting values. The participants received no information about the 
sound pressure levels of the adjusted stimuli. The adjusted sound pressure level (LAeq) was measured 
using a sound level meter (NL-62; RION) at a central position relative to the participant’s head. After 
one preliminary round, the participants completed the protocol five times for each condition. 

4.4 Experimental results 
The average sound pressure levels (with SDs) adjusted to represent “marginally audible,” “soft,” 

“optimal,” “loud,” and “unbearably loud” for the male and female participants are shown in Figure 5. 
In the “marginally audible” condition, the adjusted sound pressure level was approximate to 
background noise (19 dB); therefore, it was set as the reference value. Female participants adjusted the 
sounds to slightly lower sound pressure levels for “soft” and “optimal” conditions than did the male 
participants.  

 
Figure 5 – Average sound pressure levels for male and female participants’ perceived “marginally audible,” 

“soft,” “optimal,” “loud,” and “unbearably loud” sounds in Experiment 2. The error bars represent SDs. 
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A one-way ANOVA showed that the effect of gender was statistically significant for the soft limits 
(F(1,98) = 19.978, p < 0.01) and optimal sound pressure level (F(1,98) = 4.761, p < 0.05). In either 
condition, the female participants adjusted the sound pressure levels lower than the male participants. 
As observed in Experiment 1, the female participants tended to perceive sound pressure levels lower 
than 50 dB as being “louder” than did the male participants. 

5. EXPERIMENT 3: MAGNITUDE ESTIMATION METHOD 
The results of Experiments 1 and 2 show that the gender differences in perceived loudness were 

observed at sound pressure levels lower than around 50 dB. To investigate these gender differences as a 
factor in the relationship between perceived loudness and sound intensity, experiments using the 
magnitude estimation method as a ratio scale were conducted similarly to previous studies [5–7]. 

5.1 Experimental conditions and sound stimuli 
The experimental conditions, participants, and sound stimuli were the same as those of Experiment 

1. 

5.2 Experimental method 
The participants positively reported the perceived magnitude of loudness for each of the presented 

sounds using an unrestricted range of values. Preliminary ratings were made for five stimuli before 
beginning the rating experiment, where each participant rated each stimulus twice. 

5.3 Experimental results 
The geometric means and SDs of the male and female participants’ responses for 1/3-octave band 

noise with a 1-kHz center frequency are shown in Figure 6. The ratio of the maximum and minimum 
rating numbers was larger for female participants than for male participants (men: minimum, 1.38; 
maximum, 24.37; ratio, 17.7; women: minimum, 0.47; maximum, 12.12; ratio, 25.8). The differences 
in ratings using a ratio scale can be discussed using Stevens’ power law [14]. 

 

 
Figure 6 – Geometric means and SDs of loudness values assigned by male and female participants for 1/3-

octave band noise with 1 kHz center frequency in Experiment 3. 

 
Stanley S. Stevens proposed a power law for the relationship between the psychological quantity 

and physical intensity of sensory stimuli [14]. According to Stevens’ power law, the psychological 
quantity (S) should be proportional to the power function of the physical intensity (P) of stimuli, as 
expressed by Equation 1, where k and α are constants. 

𝑆 = 𝑘𝑃! (1) 
The power exponent, α, is different for different types of stimuli. The value of α is estimated to be 0.6 
for the relationship between the loudness and sound pressure of sounds. As differences in perceived 
loudness ratings on a ratio scale increase for the same range of sound pressure levels, so does the 
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power exponent α. If the change in loudness experienced by the female participants is larger for the 
same change in sound intensity, then the value of the power exponent α for female participants is 
expected to be larger than that for male participants. To compare the power exponent α in Equation 
(1) between male and female participants, we conducted regression analyses for the male and female 
participants’ logarithmically converted evaluations for each sound stimulus. The averages of the 
estimated power exponent α are given in Table 1. To examine the gender differences in the power 
exponent α, we applied the t test and Mann–Whitney’s U test to the data.  

 
Table 1 – The power exponent, α, for each stimulus according to Stevens’ power law. The SDs are shown 

in parentheses. 
Center frequency/ 

Type of noise Men Women 

125 Hz 0.68 (0.33) 0.77 (0.19) 
250 Hz 0.60 (0.35) 0.57 (0.19) 
500 Hz 0.56 (0.27) 0.55 (0.13) 
1 kHz 0.48 (0.16) 0.58 (0.24) 
2 kHz 0.55 (0.31) 0.54 (0.18) 
4 kHz 0.46 (0.21) 0.45 (0.11) 
8 kHz 0.51 (0.32) 0.53 (0.23) 

Pink noise 0.55 (0.22)  0.54 (0.19) 

6. DISCUSSION 
As discussed in Experiment 1, the interaction between noise type and gender was statistically 

significant. If the gender differences in hearing thresholds affects the gender differences in perceived 
loudness, the male participants’ evaluation values for the 1/3-octave band noise with center frequency 
8 kHz might be higher than that of the female participants because male participants’ hearing thresholds, 
which begin at 8 kHz, were lower than that of the female participants. Therefore, the male participants 
might perceive the loudness of sounds more sensitively than the female participants. Similarly, the 
gender differences in the evaluation values for the 1/3-octave band noise with center frequency 125 
and 250 Hz for male participants might be higher than that for female participants. However, female 
participants’ evaluation values for the 1/3-octave band noise with center frequency 125 Hz (p < 0.01) 
were higher than that for male participants. In addition, female participants’ evaluation values for the 1/3-
octave band noise with center frequency 8 kHz (p < 0.01) and pink noise (p < 0.05) were higher than 
that of male participants. In addition, gender differences in the power exponent α for Stevens’ power 
law were not statistically significant for all frequency ranges and noise types. Hence, the effect of 
gender differences in hearing thresholds on the gender differences in perceived loudness was not clearly 
observed in this study. 

7. CONCLUSIONS 
We analyzed hearing thresholds in three experiments that rated male and female participants’ perceived 

loudness, including lower sound pressure levels, and observed gender differences at some frequencies: 
that is, male participants tended to have higher hearing thresholds than female participants at lower 
frequencies and vice versa at higher frequencies. Experiment 1 showed that female participants 
perceived larger sound pressure levels on an interval scale associated with verbal expressions than did 
the male participants for the same sounds, especially at the lower sound pressure levels from 25 dB to 50 
dB. In Experiment 2, the female participants chose lower sound pressure levels to represent the maximum 
volume perceived as “soft” than did the male participants. In addition, the female participants perceived 
a lower “optimal” sound pressure level than the male participants. However, gender differences were 
not clearly observed in both Experiments 1 and 2 at higher sound pressure levels (i.e., louder than 55 
dB). This tendency differed from our results in earlier studies [5–7]; therefore, further studies are 
needed to clarify the factors affecting this gender difference. In Experiment 3, the magnitude estimation 
method used ratio scales to evaluate the perceived loudness. The results showed no statistically 
significant gender effect on the power exponent α according to Stevens’ power law [14]. As in earlier 
studies, the effect of the gender differences in the criteria for verbally categorizing loudness was also 
confirmed at lower sound pressure levels, whereas the gender differences in the sensitivity of changes 
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in loudness to changes in sound intensity were not confirmed. The gender differences found in 
Experiments 1 and 3 did not show a clear relationship to the observed gender differences in hearing 
thresholds. Therefore, this result may be influenced by the gender differences in criteria for verbally 
categorizing loudness, which uses higher-order processing in the brain rather than gender differences 
in sensitivity to changes in loudness and hearing thresholds. 
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ABSTRACT 

As engine and powertrain noise is reduced, road noise is emerging as an important noise source inside 
vehicles. Therefore, it is necessary to extract the factors affecting the vehicle interior noise and to understand 
the sound quality characteristics for each frequency band. In the previous study, the correlation between the 
low-frequency band contribution (the ratio of the partial loudness of the low-frequency band to the effective 
frequency band) and the sound quality of the road noise was obtained through the subjective test. It was found 
that the correlation had an opposite pattern according to the range of the low-frequency band contribution. 
In this study, the correlation between the low-frequency band contribution and the sound quality of road noise 
is obtained with recorded road noise adjusted with a digital filter, and the reason why the pattern is dependent 
on the low-frequency band contribution is investigated. In addition, a factor reflecting the reason is also 
introduced. It is expected that the sound quality factors introduced in this study will be able to evaluate the 
vehicle interior road noise and suggest a direction for sound quality-based noise control. 
 
Keywords: Road noise, Sound quality, Energy distribution 

1. INTRODUCTION 
Technological advancements in noise reduction and the proliferation of electric vehicles have 

contributed to the reduction of overall noise levels inside vehicles. However, with the disappearance 
of dominant noise, such as engine noise, road noise is emerging as a major noise source inside vehicles. 
Furthermore, road noise continuously occurs while driving, so it has become a control target for 
improving the sound quality inside vehicles.  

Previous studies(1-4) obtained correlations between the sound quality of road noise and low-
frequency band contribution(loudness-based influencing factor for the sound quality) by subjective 
test. The correlation had opposite patterns according to the range of low-frequency band contribution. 
In this study, the correlation between low-frequency band contribution and sound quality is obtained 
using road noise samples with adjusted low-frequency band contribution, and the range of low-
frequency contribution where the correlation pattern is changed is investigated. Additionally, the 
influencing factor for the sound quality based on the shape of a specific loudness pattern is introduced 
to supplement previous studies. 
 

2. PREVIOUS STUDIES 
Road noise occurs widely below 4kHz and booming, tire cavity, and rumble noises occur as major 

peak components below 500Hz(2,5). Thus, the effective frequency range for the road noise was set to 
below 4 kHz, whereas the band below 500 Hz was defined as a low-frequency band. Based on this 
setting, the low-frequency band contribution, the ratio of partial loudness of the low-frequency band 
to the effective frequency band, was suggested as an influencing factor for the sound quality (Eq. (1)). 
The correlation with sound quality was obtained through subjective tests. As shown in Figure 1, the 
correlation pattern was reversed at the point where the low-frequency contribution was approximately 
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0.61. 

Low − frequency band contribution =  

 
 , (PN: ∶ Partial loudness)         (1) 

 
Figure 1 - Calculation results for low-frequency band contribution 

3. SUBJECTIVE TEST AND ITS RESULT 
Seven road noise samples with the low-frequency band contribution set between 0.51 and 0.69 are 

generated by applying a digital filter to the road noise of a C-segment vehicle. The setting of the low-
frequency band contribution is achieved by adjusting the partial loudness between the 500Hz and 
4000Hz band and then equalizing loudness in order to not be affected by loudness during the 
subjective test. 

The subjective test is performed using the paired comparison method (PCM), in which two samples 
are compared. Since the consistency of the result of the PCM is important, Kendall's consistency 
reliability evaluation model using 𝜒  is applied(6). In this study, only the data of subjects satisfying 
95% reliability are used. Table 1 lists road type, the total number of subjects, and the number of those 
who satisfied the reliability of the consistency. 

 

Table 1 - Road type, subjects, and those who satisfied reliability 

Road type Total subjects Reliable subjects  

Rough asphalt 23 18 

 
 

As shown in Figure 2(a), the sound quality is highest in the low-frequency band contribution range 
near 0.61, consistent with the previous studies. However, it is difficult to compare the sound quality 
within the confidence interval, and it is found that the confidence interval appeared broader as the 
low-frequency band contribution reached both ends. 

By applying cluster analysis, subjects could be divided into two groups of similar numbers as 
shown in Figure 2(b). The correlation of each group had an opposite pattern according to the low-
frequency contribution: as the sound quality increased for one group, it decreased for the other. Thus, 
for road noise control considering the total number of subjects, it is necessary to aim for the low-
frequency band contribution range where the sound quality of the two groups is similar. 



 

 

 
Figure 2 – Results of the subjective test and 95% confidence interval (a) all subjects, (b) for each group 

 
Unlike in this study, the subjects in previous studies were divided into the main group and a smaller 
subgroup, and the conclusions were drawn solely based on the result of the main group. The main 
group had the highest sound quality at a low-frequency contribution close to 0.61 and from this point, 
the correlation patterns on either side were reversed. The results might have been affected because 
factors other than the low-frequency contribution were not controlled. 

4. ADDITIONAL INFLUENCING FACTOR FOR SOUND QUALITY 
In the previous study(1), road noise of vehicles A, D, and H had the same low-frequency band contribution, 

but there was a difference in the sound quality (Figure 3(a)). A comparison between the specific loudness 
pattern of the vehicles showed that the higher the sound quality, the higher the maximum value of specific 
loudness in the low-frequency band, and the sharper the shape (Figure 3(b)). To reflect the shape 
characteristics of the specific loudness pattern, an additional influencing factor, 𝐻  is suggested (Eq. 2). 
 

𝐻 = (𝑁 − 𝑁 )/𝑁                         (2) 
 

𝑁  is the maximum specific loudness below 500 Hz, and 𝑁  is the specific loudness value at 500 Hz. 
If the 𝐻  is high, it means that the specific loudness pattern rises steeply, and the result is in the order 
of  H, D, and A as shown in Figure 4. 

 

Figure 3 - (a) Results of subjective test, (b) Comparison of specific loudness of vehicles A, D, and H 



 

 

 

Figure 4 – Calculation results for 𝐻  

5. CONCLUSION 
In this study, the low-frequency contribution, which affects the sound quality of road noise, was reviewed. 

Seven road noise samples with adjusted low-frequency contributions were generated and subjective tests 
were conducted. The subjects were divided into two groups with opposite correlation patterns according to 
the low-frequency contribution, with a trade-off in sound quality between the two groups. 𝐻 , a factor 
that reflects the shape characteristics of the specific loudness pattern of the frequency band below 500 Hz, 
was introduced to address the case in which the low-frequency contribution is the same but the sound quality 
differs. It is expected that the two factors will be able to evaluate road noise and suggest the direction of 
sound quality-based noise control.  
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ABSTRACT 

Auditory signs are the sounds that conveys a message of some kind, such as alerting for example, and is often 

used as an audiovisual information display in combination with a visual display as well as a sound by itself. 

In this study, we examined the effects of the combination of audiovisual information displays on the 

impression of urgency and the understanding of the meaning of the displays. It was suggested that the overall 

impression of urgency from audiovisual displays may lean toward "more urgent" if either the visual or 

auditory sense gives "urgent" impression. The audio-visual congruency tended to be lower when the visual 

and auditory impressions of danger were inconsistent, suggesting that it may take more time to understand 

and judge the meaning of the display when the sense of congruency is low. 

 

Keywords: Auditory Sign, Audio-visual Congruency, Sound Design, Vehicle Cockpit 

1. INTRODUCTION 

Auditory sign conveys a message that tells information such as an alarm or warning, or the status 

of a device. In many cases of recent application, those sounds are often used as a part of audio-visual 

information display. The visual display can present complicated information continuously, however it 

only works if the display was in range of the field of vision. On the other hand, the auditory 

information can be perceived omni-directionally and is good to tell the timing of information 

appearance. The audio-visual information is recommended by ISO 15006 [1] which refers the 

information presentation of vehicle cockpit.  

In the vehicle cockpits, variation and amount of information provided to drivers are increasing 

with recent developments of ADAS (Advanced Driver Assistance System. The increasing and 

diversifying of information in vehicle cockpit may cause the drivers confused. Along to the 

development of suitable design of audio-visual location [2], the semantic congruency between 

auditory and visual information display is also important issue for the interface design in cockpits.  

The aim of this study was to clarify the interaction between audio-visual information and the 

impression of danger caused by the combination of visual and auditory information displays intended 

to be presented in a vehicle cabin. We examined the audio-visual impression of congruency and the 

influence of the combination on the understanding of the meaning of the display. 

2. OVERVIEW OF EXPERIMENTS 

In the experiments, we prepared visual and auditory displays with various impression of urgency. 

The auditory stimuli were 124 variation of auditory signs that were generated using synthesizer sound 

library and/or sine tone synthesis. All stimuli had 500 ms onset intervals and two times repetition, 

which resulted in 1.0 s duration. Through a preliminary test prior to the experiment, 10 stimuli were 
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selected. Figure 1 shows the result of pair-wise evaluation experiment of the auditory stimuli on the 

evaluation scale of “less urgent — more urgent”.  

Six visual stimuli were selected from the 20 variation created by changing color and color area so 

that the impression of urgency would be widely distributed. Figure 2 shows an example of the visual 

stimuli. All visual stimuli were presented on the 8-inch LCD located 650–750 mm in front of the 

subject. Presented duration of the stimuli were 1.4 s. 

In the main part of the experiment, all combination of 10 auditory stimuli and 6 visual stimuli were 

presented to the subjects. The combined stimuli were presented simultaneously, and the participants 

were asked to rate their overall impression of the stimuli on a 11-point scale (from -5 to 5) of urgency 

and congruency. All 60 kind of combined stimuli were presented twice in random order. Twenty 

students (aged from 20 to 25) with normal hearing were participated in the main part  of the experiment. 

The results showed that the overall impression of urgency from audiovisual displays may lean 

toward "more urgent" if either the visual or auditory sense gives "urgent" impression. The audio-visual 

congruency tended to be lower when the visual and auditory impressions of urgency were inconsistent. 

Moreover, the through an additional examination using similar stimuli, it was interestingly suggested 

that it may take more time to understand and judge the meaning of the display when the audio-visual 

congruency was lower. 
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Figure 1 – Averaged evaluation of 10 auditory stimuli on the scale of urgency.  

     

Figure 2 – Examples of the visual stimuli used in the experiments.

 

Figure 3 – Averaged rating score for the combined stimuli on the scale of urgency (left) and 

congruency (right).  
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ABSTRACT 

We hear the sound of rain in our daily lives not only on rainy days but also as sound effects to depict scenes. 
Nevertheless, it has not been clarified what kind of impression the sound gives has not been clarified. Here, 
we investigated the impression of the sound when rain hits umbrellas. Although many adjective pairs have 
been proposed to evaluate the sound of musical instruments etc., it was unclear if they were appropriate for 
evaluating the sound of rain-hitting umbrellas. Therefore, we first interviewed umbrella specialists to collect 
adjectives that describe the sound of rain hitting umbrellas. Through the interview, we obtained 46 pairs of 
adjectives to describe the impression given by the sound of umbrellas. We then recorded 30 sets with different 
umbrellas (including Japanese and western styles) and the magnitude of rain. Finally, we asked 20 
participants (21.2 ± 1.0 years, five men and fifteen women) to rate the impressions by hearing the recordings 
with 46 pairs of adjectives. As a result, four axes of impression evaluation structure were found: “tactile 
impressions,” “physical properties,” “shape and material,” and “evoked emotions.” We believe our findings 
can be applied to product development and entertainment. 
Keywords: Rain sound, Soundscape, Umbrella 

1. INTRODUCTION 
Since ancient times, cultures have enjoyed the sounds generated by water (1). In the literature, 

there is a famous Japanese haiku by Matsuo Basho, "The sound of water as a frog jumps into an old 
pond." Traditional Japanese garden styles also utilize water-based sound tools, such as Shishi-odoshi 
(2) and Suikinkutsu (3). Other countries also have water-based instruments, such as the glass harp, 
Hydraulophone, and Sea organ. Art and culture have long fostered a relationship between sound and 
water. The sound and tone of the rain have long been admired. In Japan, many onomatopoeias describe 
the sound of rain, such as " potsu-potsu," "para-para," "shito-shito," and "za-za." Additionally, a 
traditional instrument, referred to as the rain stick, is used in rain-making rituals and has presumably 
originated in Africa, which makes a sound that imitates the sound of rain. We hear the sound of rain 
in our daily lives, of which a common one is a sound of rain hitting an umbrella. 

The sound of rain hitting an umbrella is also used in the artwork. In the Ghibli movie "My Neighbor 
Totoro (4)," Totoro borrows an umbrella from Satsuki, who loves the sound of rain hitting an umbrella 
and drops all water from the leaves. There are also artistic works, such as Rain Dance (5) and Re-Rain 
(6), that use the sound of rain hitting umbrellas. In Japan, there is also the "Taiko-Gasa (7)" umbrella, 
which is based on the concept of "making rain sound like a taiko drum." 

In other words, the sound of rain hitting an umbrella is commonly appreciated. 
Although there have been studies on the sound of rain hitting umbrellas (8, 9), only a few 

emphasize the impression of rainfall as a sound to be appreciated. In this study, we propose an 
impression evaluation structure for the rainfall hitting an umbrella. 

Japanese adjective pairs used to evaluate tone impressions have been proposed by Kitamura and 
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Namba and Namba and Kuwano (10). However, these adjective pairs were created only to evaluate 
sound sources, such as musical instruments, birdsong, and environmental sounds, which are generally 
considered listening targets. Therefore, we search for new indices that can be applied to the sound of 
rainfall hitting umbrellas—a sound source that has not been considered a listening target. 

This study may have an impact on literature, art, and other fields. 
In addition, umbrellas have commonly been designed with a focus on design and functionality. 

However, a new umbrella design process can emerge based on our results, in which umbrellas are 
designed from the perspective of sound. 

Through discussions with umbrella craftsmen, we learned that they have tacit knowledge of making 
umbrellas, including what kind of sound they should make based on their in-field experience. However, 
this knowledge is based on the craftsmen’s senses and is not currently documented. 

Therefore, in this study, based on interviews with umbrella experts, we selected pairs of evaluation 
adjectives regarding the sound generated by rain hitting an umbrella and conducted a psychological 
evaluation using these pairs to explore the impression evaluation axes. 

2. MATERIAL & METHOD 
To understand the characteristics of the sound of rain hitting an umbrella, we conducted an 

evaluation experiment in which we presented the sound of rain hitting an umbrella to the participants 
and asked them to comment on their impressions in response. To collect the experimentally used 
adjective pairs, we interviewed umbrella experts. Then, the adjective pairs were used in a subjective 
evaluation experiment. 

2.1 Adjective Pairs Used in Impression Evaluation Experiments 

Japanese adjective pairs used for tone impression evaluation have been proposed by Kitamura, 
Namba et al. and Namba, Kuwano et al. However, it is unclear whether these adjective pairs are 
appropriate for evaluating the sound of the rain hitting an umbrella. Therefore, we interviewed 
umbrella experts regarding their impressions of the sound of the rain hitting umbrellas and collected 
adjective pairs to be used in an impression evaluation experiment. 

2.1.1 Interviewees to Collect Evaluation Terms 
The interviews were conducted with five umbrella specialists who work with umbrellas daily and 

were interested in the sound of the rain hitting umbrellas. Of these, two were umbrella craftsmen, one 
was involved in umbrella sales and product development, and one was a public relations representative 
for an organization related to umbrellas. 

Table 1 – Interviewees 

 
2.1.2 Selecting the Evaluation Adjective Pairs 

Semi-structured interviews were conducted to collect adjectives that describe the tone of rainfall 
hitting an umbrella, based on the following questions. During the interviews, we encouraged the 
participants to speak freely so that the experimenter would not guide their statements. 

The questions asked were as follows, which were asked orally by the experimenter. 
- What type of sound do you like? 
- What type of rain sound do you want an umbrella to make? 
- What type of sound do you want to hear in each situation, such as heavy rain, light rain, and 

weather rain? 
We thought that if we asked the respondents to answer with adjectives, such as "Please answer the 

adjectives you use to describe the sound of rain hitting your umbrella," they would answer with the 
adjectives they use most frequently, regardless of whether they actually use them to describe the sound 
of the rain hitting their umbrellas. Therefore, we asked the respondents to answer about the tone and 

ID Age Gender Job Years of experience

1 48 Male Western-style umbrella craftsman 25

2 60 Male Western-style umbrella craftsman 55

3 31 Male Umbrella sales representative and product development 9

4 58 Male Umbrella production management 35

5 60 Male Publicity for organizations related to umbrellas 15



 

 

collected the resulting adjectives. 
The interviews were conducted using Zoom, which lasted approximately one hour. 

2.2 Impression Evaluation 

An experiment was conducted in which participants were asked to listen to the sound produced 
when the rain hits an umbrella to evaluate their impressions of the resulting sound. 

The sounds presented to the participants in the experiment were recordings of rain hitting umbrellas 
taken during rainfall using a rainfall device at a sports field. The sounds were evaluated using the SD 
method, based on adjective pairs obtained from the interviews described in Section 2.1, during which 
the participants rated their impressions of the sounds on a 7-point scale. The details of these 
experiments are described below. 

2.2.1 Material 
 The sound of the rain hitting umbrellas was 

recorded at a playground. We believe that the 
impression of the sound image expansiveness of the 
rain sound hitting an umbrella is also a factor related 
to the impression of the rain sound. Therefore, in 
subjective evaluation experiments, it is desirable to 
present participants with the sound they hear when 
they hold the umbrella as much as possible. Therefore, 
in this experiment, a microphone (Voyage Audio 
Spatial Mic) with a windscreen (Voyage Audio VA-
0049) was utilized to record with first-order 
ambisonics and decoded binaurally using Google 
Resonance Audio. The recording was taken at a 
constant recording level and sampling frequency of 48 
kHz, 32 bits. 

Since rain falls equally on the ground, sounds are 
also generated when it falls on objects other than the 
umbrella. Therefore, to record only the sound of the 
rainfall hitting the umbrellas, recordings were made 
on a grassy area away from the surrounding buildings 
and trees so that the sound of the rainfall hitting the 
ground is less likely to occur. 

The rainfall device was set at a height of 4 m. The 
umbrella was fixed at 190 cm, and the microphone 

was fixed at 160 cm. The height of the umbrella and microphone was determined based on the average 
height Japanese male holding the umbrella and the position of his ears. 

Figure 2 shows example of the umbrellas used during the experiments. We used nine types of 
commercially available umbrellas (Japanese umbrella (large, D), Japanese umbrella (small), Western-
style umbrella (8 bones, A), Western-style umbrella (24 bones), Western-style umbrella (double), vinyl 
umbrella, vinyl umbrella (bird cage type, C), folding umbrella (polystyrene), and folding umbrella 
(polyethylene, B)). The Japanese umbrellas were opened at two different positions for a total of 10 
different conditions. 

Three different rainfall patterns were applied using the heavy rain, standard, and diffusion nozzles 
of the rainfall device. 

Thirty sound patterns were used as samples, varying the type of umbrella and rainfall strength. 

 
Figure 2 – Example of umbrellas used in the experiment 

Figure 1 – Experimental equipment 



 

 

2.2.2 Sound Selection 

Table 2 – Acoustic features of sound source 

 
 
The sounds used in the experiment were selected based on the following criteria: 

1. the sound of rain hitting an umbrella recorded in Section 2.2.3 was selected after three 
experimenters conducted in a quiet room after thoroughly listening to and comparing the sound 
sources using headphones. 
2. No environmental sounds other than rainfall hitting the umbrella, such as the sound of a 
running car, were included. 
3. There was no change in the amount of rainfall hitting the umbrella or in the size of the 
raindrops. 
4. No change in the sound of raindrops hitting the umbrellas owing to changes in wind volume, 
etc. was observed. 
5. The experimenter, who was not the same as the person who experimented, agreed with the 
above. 
6. If a change in rainfall is detected, it is treated as a different stimulus sound. 

No. Sharpness [acum] Roughness [asper]
Normalized A-weighted

root-mean-squared value [dB]
Spectral centroid [Hz]

0 1.71 0.21 0.0 3,024

1 1.84 0.34 10.9 3,721

2 1.66 0.33 9.5 3,100

3 1.94 0.21 3.5 4,064

4 1.72 0.25 1.6 3,404

5 1.80 0.22 8.8 3,973

6 2.08 0.28 11.6 4,648

7 1.87 0.26 2.3 3,914

8 1.65 0.22 0.0 2,774

9 1.75 0.30 8.7 3,174

10 1.76 0.24 10.9 3,305

11 1.93 0.27 2.3 4,009

12 1.76 0.18 1.6 3,465

13 1.59 0.31 6.8 3,080

14 1.88 0.30 10.7 3,898

15 1.57 0.19 9.0 2,728

16 1.70 0.29 9.2 3,211

17 1.53 0.31 7.4 2,573

18 1.82 0.29 9.5 3,690

19 1.97 0.21 11.4 4,145

20 1.91 0.27 9.5 4,238

21 1.83 0.37 10.4 3,648

22 2.14 0.19 12.1 4,710

23 1.81 0.23 0.3 3,505

24 1.75 0.23 -0.1 3,494

25 1.77 0.23 2.2 3,456

26 1.59 0.33 8.0 3,032

27 2.05 0.24 10.7 4,757

28 1.97 0.29 9.8 4,404

29 1.60 0.33 7.8 3,011



 

 

Thirty sound types, one for each condition, were selected. The acoustic features of the sound 
sources presented are shown in Table 2. The normalized A-weighted root-mean-squared value was 
normalized with a value of No. 0. 

The volume of each sound was not changed with respect to what was originally recorded, and the 
sound was cut off after 10 s. Although a longer cut-off interval would be ideal, it is necessary to cut 
off at a fixed interval because it is affected by rainfall, wind changes, and extraneous noise. In addition, 
the time length should be the same for all stimuli. For these reasons, the experimenter checked the 
recorded data for all conditions and decided on the longest possible cut-off time to maintain specific 
stability.  

2.2.3 The Evaluation Experiment Participants 
An experiment to evaluate impressions of rainfall sounds hitting umbrellas was conducted with 5 

male and 15 female participants with an average age of 21 years (±1.0) with no hearing problems. The 
median number of years of musical experience was 11.5 years with a standard deviation of 5.634. The 
median years of experience with professional music education were five years with a standard 
deviation of 5.883. The median time spent listening to music was 105 min/day with a standard 
deviation of 58.585. Sixteen respondents were aware of environmental sounds in their daily lives. 
Fourteen respondents indicated that they perceived melody or rhythm in the environmental sounds 
and voices in their daily lives. 

2.2.4 Sound Presentation Method 
Subjects were presented with 15 randomly selected samples from the 30 samples and asked to 

evaluate them. 
During this experiment, since it was difficult to conduct real-life experiments owing to the Covid-

19 pandemic, we evaluated the impression of the sound when played through the 
headphones/earphones provided by each subject. Since the experiment was a subjective evaluation 
based on comparing the sounds generated by rain hitting umbrellas, the influence of the 
headphones/earphones was expected to be minimal. The participants were instructed to experiment in 
as quiet a room as possible with the equipment they use daily. 

The volume was adjusted by the participants themselves so that they could hear the reading at the 
volume of everyday speech. Since it was unclear whether existing metrics, such as equivalent noise 
levels, were appropriate for adjusting the volume between the rainfall sound and voice, the sound 
level was adjusted subjectively to what the experimenters themselves heard and judged to be the 
average volume of the rainfall sound hitting each umbrella. The order of the adjective pairs used in 
the SD method was randomly presented to each subject, who rated them using a 7-point scale. 

3. Results and Discussion 

3.1 Evaluated Adjective Pairs 

Four native Japanese-speaking experimenters conducted discussions and removed adjectives with 
overlapping meanings from the evaluated adjective pairs obtained from the interviews. The results are 
shown in Table 4. 

Some commonly used adjectives for tone evaluation, such as "pleasant - unpleasant," "metallic - 
moist," and "unsatisfactory - powerful," were detected, as well as others that are not commonly used, 
such as "sparse - dense," "sunny - cloudy," "turbulent - ordered," "glossy - matte," "childlike - mature," 
and "flaky - watery." 

Table 3 – Removed adjective pairs and the reasons 

 

Removed adjective pairs Reason

angular - rounded overlap with "round - square."

harsh - mellow overlap with "round - square."

grainy - smooth overlap with "tight - loose."

sharp - blunt overlap with "tight - loose."

muted - resonant overlap with "muffled - clear."

cheerful - gloomy overlap with "light - dark."

cute - deep
"cute" is a polysemous word, the meaning assumed by

 each subject is likely to differ when evaluating.



 

 

 

Table 4 – Evaluated Adjective Pairs 

 

English (Translated) Japanese

loud - soft 大きい - 小さい

round - square 丸い - 四角い

shallow - deep 浅い - 深い

light - heavy 軽い - 重い

noisy - quiet うるさい - 静かな

smooth - rough なめらかな - ざらざらした

light - dark 明るい - 暗い

high - low 高い - 低い

clear - murky 澄んだ - 濁った

thick - thin 厚い - 薄い

soft - hard やわらかい - かたい

strong - weak 強い - 弱い

unsatisfactory - powerful 物足りない - 迫力のある

thin - thick 細い - 太い

beautiful - dirty きれいな - 汚い

delicate - bold 繊細な - 豪快な

rough - quiet 荒れた - 静まった

dry - wet 乾いた - 湿った

sharp - dull 鋭い - 鈍い

warm - cold 暖かみのある - 冷たい

metallic - moist 金属性の - 深みのある

intense - mild 激しい - 大人しい

noisy - quiet 騒々しい - 穏やかな

refreshing - depressing 爽快な - 憂鬱な

refreshing - annoying さわやかな - 鬱陶しい

muffled - clear こもった - 抜けのよい

sunny - cloudy 晴れた - 曇った

fuzzy - distinct あいまいな - はっきりした

turbulent - ordered 乱れた - 整った

distorted - straight 歪んだ - まっすぐな

rich - thin 豊かな - やせた

wide - narrow 広い - 狭い

fun - boring 楽しい - つまらない

pleasant - unpleasant 快い - 不快な

glossy - matte 光沢のある - マットな

simple - complex 単純な - 複雑な

secure - anxious 安心な - 不安な

open - closed 開いた - 閉じた

sunken - bouncy 沈んだ - 弾んだ

happy - sad 嬉しい - 悲しい

sparse - dense 疎な - 密な

angry - pleased 怒った - 喜んだ

tight - loose 芯のある - 締まりのない

cohesive - disjointed まとまりのある - ばらばらな

childlike - mature 子供っぽい - 大人っぽい

flaky - watery ぱらぱらした - べしょべしょした



 

 

3.2 Understanding the Impression Structure Using Factor Analysis 

Table 5 – Results of factor analysis 

 

MR1 MR2 MR3 MR4 h2 u2

beautiful - dirty 0.805 0.476 -0.007 -0.048 0.693 0.307

noisy - quiet -0.763 0.127 0.272 0.064 0.813 0.187

turbulent - ordered -0.752 -0.351 0.029 0.178 0.521 0.479

secure - anxious 0.737 0.188 0.121 0.162 0.561 0.439

pleasant - unpleasant 0.715 0.228 0.066 0.241 0.632 0.368

rough - quiet -0.703 0.140 0.381 0.087 0.826 0.174

noisy - quiet -0.680 0.139 0.379 0.090 0.784 0.216

intense - mild -0.667 0.209 0.377 0.031 0.816 0.184

smooth - rough 0.654 0.011 -0.039 0.051 0.461 0.539

delicate - bold 0.603 -0.079 -0.445 -0.161 0.696 0.304

childlike - mature -0.590 -0.108 -0.050 0.440 0.380 0.620

soft - hard 0.540 -0.406 -0.105 0.164 0.596 0.404

metallic - moist -0.497 0.345 -0.254 0.031 0.451 0.549

refreshing - annoying 0.492 0.221 -0.024 0.372 0.547 0.453

warm - cold 0.489 -0.202 0.174 0.244 0.339 0.661

cohesive - disjointed 0.463 -0.008 0.303 -0.068 0.226 0.774

angry - pleased -0.453 0.005 0.174 -0.305 0.471 0.529

round - square 0.450 -0.401 0.048 0.218 0.432 0.568

sharp - dull -0.266 0.677 -0.076 -0.042 0.586 0.414

distorted - straight -0.179 -0.662 -0.098 -0.018 0.415 0.585

fuzzy - distinct 0.238 -0.610 -0.293 -0.044 0.581 0.419

tight - loose 0.035 0.592 0.458 -0.117 0.461 0.539

muffled - clear 0.115 -0.521 0.136 -0.211 0.486 0.514

clear - murky 0.449 0.521 -0.015 0.207 0.563 0.437

flaky - watery 0.119 0.509 -0.299 -0.120 0.332 0.668

sunken - bouncy 0.063 -0.477 -0.035 -0.324 0.464 0.536

high - low 0.043 0.471 -0.195 0.156 0.395 0.605

dry - wet -0.210 0.426 -0.295 0.127 0.421 0.579

glossy - matte -0.151 0.422 -0.176 0.163 0.356 0.644

simple - complex 0.111 0.386 -0.034 0.063 0.181 0.819

thin - thick 0.176 0.195 -0.747 -0.078 0.682 0.318

rich - thin 0.164 -0.122 0.685 0.198 0.405 0.595

thick - thin -0.039 -0.139 0.670 -0.016 0.519 0.481

light - heavy 0.142 0.174 -0.630 0.128 0.624 0.376

loud - soft -0.421 0.054 0.621 0.153 0.671 0.329

shallow - deep -0.112 0.242 -0.603 0.059 0.479 0.521

unsatisfactory - powerful 0.399 -0.230 -0.595 -0.088 0.693 0.307

strong - weak -0.486 0.221 0.594 0.071 0.805 0.195

sparse - dense 0.087 0.018 -0.433 0.159 0.303 0.697

happy - sad 0.060 0.031 0.071 0.700 0.496 0.504

fun - boring 0.041 0.055 0.214 0.640 0.395 0.605

light - dark -0.014 0.217 -0.106 0.608 0.590 0.410

sunny - cloudy 0.117 0.188 -0.178 0.437 0.432 0.568

refreshing - depressing 0.185 0.353 0.068 0.419 0.439 0.561

open - closed -0.128 0.221 -0.034 0.289 0.208 0.792



 

 

Table 6 – Factor contribution 

 
 

Factor analysis was conducted on the results of an impression evaluation experiment to understand 
the impression structure of the sound of rain hitting an umbrella. The results are shown in Table 5. 
MR is the factor, h2 is communality, u2 is uniqueness. The analysis was conducted using the psych 
package in R with the maximum likelihood method and Promax rotation. Table 6 shows sums of 
squares of loadings(SS loadings), contribution ratio(Proportion Var), and cumulative contribution 
ratio(Cumulative Var) for each factor. The "wide - narrow" category was excluded from the factor 
analysis because its commonality value was low (0.0504), and we assessed that it could not be 
explained by the factors found in the analysis. Then, another factor analysis was conducted. Factor 
names were examined by associating the adjective pairs with factor loadings of 0.400 or higher on 
that axis, and 0.200 or lower on the other axes. The results indicated that the first factor was tactile 
impressions, including "secure - anxious," "pleasant - unpleasant," and "smooth - rough." The second 
factor was physical properties, including "distorted - straight," "muffled - clear," and "high - low." 
The third factor was interpreted as shape and material, including "thin - thick," "thick - thin," and 
"light - heavy." Finally, the fourth factor was evoked emotions, including "happy - sad," "fun - boring," 
and "light - dark." 

3.3 Discussion 

Since the interviewees stated that "children enjoy rainy days," we thought that the adjective 
"childlike - mature" may have been used to describe the tone because of this image. 

In addition, since the target sound was rain, a sound associated with the weather, "sunny - cloudy," 
may have been used to describe the tone. 

The words "turbulent - ordered" and "sparse - dense" are thought to be related to the rain patterns, 
while "glossy - matte" and "flaky - watery" are thought to be related to the water repellency of the 
umbrella's surface. 

The low values for "wide - narrow" depicted in the factor analysis results may be because an 
umbrella is a tool that separates and creates personal space. Therefore, the umbrella image may have 
been defined by this tool. 

The first factor, "secure - anxious," "pleasant - unpleasant," "smooth - rough," and "warm - cold," 
were highly contributing adjective pairs, which we named tactile impressions because we interpreted 
these as sensations obtained through the sense of touch. 

The second factor was named physical properties because many factors related to the physical 
properties of objects, such as sharpness, distortion, lumpiness, bounce, height, and luster, were 
detected in this category. 

The third factor was named shape and material because of the high contribution of adjective pairs 
related to the shape and material of the object, such as the thickness, thickness, and roughness/density. 

The fourth factor was named evoked emotions because of the large number of adjective pairs related 
to emotions evoked when listening to the rainfall sound, such as happy, pleasant, and exhilarating. 

Compared to the three factors of timbre proposed so far, namely the metallic, power, and aesthetic 
factors, the emotional and physical factors are included in the fourth factor, which is different from 
the metallic factor. 

Elements of conventional factors are found in each factor, for example, in the first factor, "beautiful 
- dirty" and "pleasant - unpleasant," which are often interpreted as adjective pairs of the aesthetic 
factor, "metallic - moist," which is often interpreted as adjective pairs of the metallic factor, and 
“powerful,” which is often interpreted as adjective pairs of the influential factor. The factors include 
“noisy - quiet,” and “intense - mild,” which cut across the factors that have been proposed. The factors 
that constitute the timbre may differ for sounds that have not been considered as listening targets, 
such as the sound of the rain hitting an umbrella. 

MR1 MR2 MR3 MR4

SS loadings 8.910 5.452 5.649 3.219

Proportion Var 0.198 0.121 0.126 0.072

Cumulative Var 0.198 0.319 0.445 0.516



 

 

4. LIMITATIONS 
The experiment was conducted with 30 samples, gathered with ten variations of umbrellas and 

three variations of rain; however, neither the rain nor umbrella variations were comprehensive.  
The listening experiment could not be conducted in person owing to the Covid-19 pandemic, and 

the experimental environment and equipment used in the experiment could not be regulated. We 
believe that differences in the environment and equipment may have caused differences in the sounds 
heard by each subject. In the case of low-quality headphones, it can prevent listeners from hearing 
some subtle differences between sounds. Although the sound sources were presented as binaural 
sounds, we could not verify whether they adequately simulated the actual environment.  

In addition, there were significant individual differences in the degree to which each subject 
perceived the rainfall sound. Many of the participants in this experiment were highly interested in 
environmental sounds; accordingly, their rain sound resolution was considered high. It is also possible 
that some people have opposing impressions of certain sounds. Therefore, the reproducibility between 
subjects remains an issue. In any case, it is necessary to increase the number of participants and verify 
these individual differences. 

5. FUTURE RESEARCH DIRECTION 
The impression structure revealed in this study may be useful when designing umbrellas that 

produce rain sounds to give desired impressions. It may also help select and generate rain sounds to 
provide the desired impression in a movie, animation, or game scene. In this study, the adjectives were 
collected from five umbrella experts. We aimed to collect adjectives not only from umbrella experts 
but also from sound experts, such as musicians, and word experts, such as poets and writers. There 
may be differences in the adjectives collected depending on the experts’ specialty. In addition, 
although we experimented with Japanese, we would like to experiment with other languages to 
examine whether adjectives are invariant across cultures. 

6. CONCLUSIONS 
In this study, we collected evaluation adjective pairs describing the sound of rainfall hitting 

umbrellas and experimented to evaluate the impression of the same, which yielded the following 
results. Unique evaluative adjective pairs describing the sound of rainfall hitting umbrellas were found, 
such as "sparse - dense," "sunny - cloudy," and "turbulent - ordered," which are not often used as 
evaluative adjective pairs for tone. The impressions of the sound of rainfall hitting umbrellas can be 
expressed by a four-factor structure comprising tactile impressions, physical properties, shape and 
material, and evoked emotions. Thus, the results of this study provide insight into the impression 
structure of the sound of rainfall hitting umbrellas. These findings may be useful when designing 
umbrella products to reflect the "sound of rain hitting the umbrella" as a product value. The findings 
may also help select and create sound effects for movies, animations, and video games. 
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ABSTRACT 

Disaster alerts are usually accompanied by auditory signals at the beginning, and it is desired that the auditory 

signal itself produces the sense of urgency. In order to design suitable auditory signals for the disaster 

prevention radio broadcasting, a paired comparison test was conducted in 16 normal-hearing participants to 

examine the relationship between the consonance and the auditory impression of warning. Sequences of 3 

triads were used as sound stimuli. 7 types of stimuli were generated by varying the degree of consonance of 

the triad; frequency ratio of sinusoids was varied systematically from 2:3:4, 4:5:6, 6:7:8, 8:9:10, 10:11:12, 

12:13:14 through to 14:15:16. The lowest sinusoid was fixed at 420 Hz for all stimuli. Each subject showed 

changes of the auditory impression of warning depending on the degree of consonance. However, contrary 

to the expectation obtained from previous studies, the auditory impression of warning became smaller as the 

degree of consonance decreased. Change of pitch accompanied by variation of frequency ratio of sinusoids 

may affect the auditory impression of warning. 

 

Keywords: Alarm Sound, Auditory impression of warning 

1. INTRODUCTION 

Since the Great East Japan Earthquake, many disaster information notification systems, such as a 

disaster prevention radio broadcasting, earthquake early warning, and area mail, have been introduced. 

Disaster alerts are usually accompanied by auditory signals and it is desirable that the auditory signal 

itself produces a sense of warning. However, most of the auditory signals in use today were designed 

by sound experts, and the way of theoretical design of the auditory signals have not been established. 

In this study, we focused on the effects of the degree of consonance of the tone on the auditory 

impression of warning. 

The degree of consonance of a chord depends on the frequency ratio of its constituent tones. The 

simpler the frequency ratio of the constituent tones, the higher the degree of consonance; the more 

complex the frequency ratio, the higher the degree of dissonance (1). A former study reported that 

chords such as C dim and C minor, which are created according to pure temperament, have a strong 

sense of alarm, and have an unpleasant or dark impression (2). Impressions of pleasantness and 

unpleasantness are highly correlated with the degree of consonance. Edworthy et al. found that the 

degree of urgency became the highest when the degree of consonance was randomly shifted and the 

lowest when the degree of consonance was maintained (3). 

In this study, to design a warning sound with a high warning effect, the effects of the degree of 

consonance on the impression of warning (using stimulus sounds with systematically varying sine 

wave frequency ratios) were investigated in detail. However, by changing the frequency ratio, the 

component frequencies of the stimulus tones also are different, so the pitch of the tones varies among 

the stimulus tones. Some former studies suggested that pitch affected the impression of warning; a 
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higher pitch resulted in a greater impression of warning (4). Therefore, in addition to the above 

experiment, we investigated the effect of pitch on the sense of warning using chords with a definite 

pitch. Furthermore, because the stimuli consisted of sine wave and virtual pitch could be perceived, 

experiments with instruments sounds, which are less likely to produce virtual pitch, were conducted. 
The results of these experiments were discussed the effect of the degree of consonance on the sense 

of warning. 
All experiments were approved by the Institutional Review Board of the Life Science Research of Chiba 

University. Necessary information about the experiments was provided to the participants and informed 

consent was obtained from each participant before the experiments. 

2. EXPERIMENTⅠ 

2.1 Subjects 

Auditory impressions of stimulus sounds were measured in 16 normal-hearing subjects (12 males, 

4 females, 21-24 years). 

2.2 Stimuli 

Stimulus sounds are seven different triads consisting of three different frequencies. The component 

frequencies of each stimulus sound and their frequency ratios are listed in Table 1. In many of the 

disaster alerts, the same tone is repeated several times. Also in this experiment, the triads are repeated 

three times with 100-ms inter-stimulus intervals.  

Auditory stimuli were synthesized using Adobe Audition (Adobe Inc., USA) and presented 

diotically through a digital-to-analog converter (MOTU 896mk3 Hybrid, MOTU Inc., USA) and insert 

earphones (3M E-A-RTONE Insert Earphone 3A, 3M, USA). 

2.3 Procedure 

Loudness of the stimuli is thought to affect the impression of warning. Therefore, at first, loudness 

of sound D was set to the comfortable level for each subject. and then the loudness of each stimulus 

was adjusted to that of sound D in each subject. 

A comparison pair consisted of first and latter stimuli separated by an interval of 1.0 s. Each subject 

judged 84 pairs (7C2 × 2 × 2). Each comparison pair was presented to each subject twice  with changing 

the presentation order of each pair. Each subject was asked to rate the auditory impression of each 

pair on a seven-point scale (−3, −2, −1, 0, 1, 2, 3) according to how much the latter had more/less the 

sense of warning than the former. Scores of ±3, ±2, ±1, and 0 indicate extreme, moderate, and slight 

differences, and no difference, respectively.  

2.4 Result 

Figure 1 illustrates the average of the scale values of the impression of warning for all subjects, 

and Figure 2 shows the scale values of the impression of warning for each subject. The one-way 

ANOVA detected significant differences between the stimulus tones (p =1.387e-05). The higher the 

degree of consonance, the higher the warning score, and the lower the degree of consonance, the lower 

the warning score. To examine in detail, the results were divided into three categories (Fig. 3). First, 

a total of 13 subjects judged that the impression of warning was greater when the degree of consonance 

was high, followed by 2 subjects who judged it to be greater when the degree of consonance was low, 

and finally, 1 subject whose judgment criteria were unclear and no clear relationship between the 

score and the degree of consonance was found. 

 

Table 1 – Triads used in experiment I. 

 



 

 

 
Figure 1 – Mean scale value for impression of warning for each stimulus. 

(Experiment I) 

 

 
Figure 2 – Scale value of impression of warning for each subject. 

(Experiment I) 

 

3. EXPERIMENTⅡ 

3.1 Subjects 

Auditory impressions of stimulus sounds were measured in 11 normal-hearing subjects (7 males, 

4 females, 21-25 years). 

3.2 Stimuli 

Stimulus sounds are seven different triads consisting of three different frequencies. The component 

frequencies of each stimulus sound are listed in Table 2. Also in this experiment, the triads are repeated 

three times with 100-ms inter-stimulus intervals.  

Auditory stimuli were synthesized using Adobe Audition (Adobe Inc., USA) and presented 

diotically through a digital-to-analog converter (MOTU 896mk3 Hybrid, MOTU Inc., USA) and insert 

earphones (3M E-A-RTONE Insert Earphone 3A, 3M, USA). 

3.3 Procedure 

Loudness of the stimuli is thought to affect the impression of warning. Therefore, at first, loudness 

of sound D was set to the comfortable level for each subject. and then the loudness of each stimulus 

was adjusted to that of sound D in each subject. 

A comparison pair consisted of first and latter stimuli separated by an interval of 1.0 s. Each subject 

judged 84 pairs (7C2 × 2 × 2). Each comparison pair was presented to each subject twice with changing 

the presentation order of each pair. Each subject was asked to rate the auditory impression of each 

pair on a seven-point scale (−3, −2, −1, 0, 1, 2, 3) according to how much the latter had more/less the 

sense of warning than the former. Scores of ±3, ±2, ±1, and 0 indicate extreme, moderate, and slight 

differences, and no difference, respectively.  



 

 

3.4 Result 

Figure 3 illustrates the average of the scale values of the impression of warning for all subjects. 

The one-way ANOVA detected significant differences between the stimulus tones (p =1.387e-05). The 

higher the pitch, the greater the warning score, and the lesser the pitch, the lower the warning score.  

 

4. EXPERIMENT Ⅲ 

4.1 Subjects 

Auditory impressions of stimulus sounds were measured in 11 normal-hearing subjects (7 males, 

4 females, 21-25 years). 

4.2 Stimuli 

Stimulus sounds are six different triads consisting of three different frequencies. The fundamental 

frequencies of the piano tones used in the experiment are shown in the table  3 and figure 4. Also in 

this experiment, the triads are repeated three times with 150-ms inter-stimulus intervals.  

Auditory stimuli were synthesized using sound production software (Studio one) and presented 

diotically through a digital-to-analog converter (MOTU 896mk3 Hybrid, MOTU Inc., USA) and insert 

earphones (3M E-A-RTONE Insert Earphone 3A, 3M, USA). 

4.3 Procedure 

Loudness of the stimuli is thought to affect the impression of warning.  Therefore, at first, loudness 

of sound C was set to the comfortable level for each subject. and then the loudness of each stimulus 

was adjusted to that of sound C in each subject. 

A comparison pair consisted of first and latter stimuli separated by an interval of 1.0 s. Each subject 

judged 84 pairs (7C2 × 2 × 2). Each comparison pair was presented to each subject twice with changing 

the presentation order of each pair. Each subject was asked to rate the auditory impression of each 

pair on a seven-point scale (−3, −2, −1, 0, 1, 2, 3) according to how much the latter had more/less the 

sense of warning than the former. Scores of ±3, ±2, ±1, and 0 indicate extreme, moderate, and slight 

differences, and no difference, respectively.  

4.4 Result 

Figure 5 illustrates the average of the scale values of the impression of warning for all subjects. 

The one-way ANOVA detected significant differences between the stimulus tones (p=1.375e-06). The 

higher the degree of consonance, the lower the warning score, and the lower the degree of consonance, 

the higher the warning score. 

 

 

Table 2 – Triads used in experiment II. 

 
 

 

 
Figure 3 – Mean scale value for impression of warning for each stimulus. 

(Experiment II) 

Sound

A 125 250 375

B 250 500 750

C 375 750 1125

D 500 1000 1500

E 625 1250 1875

F 750 1500 2250

G 875 1750 2625

Frequency [Hz]



 

 

Table 3 – Triads used in experiment III 

 
 

 
Figure 4 – Triads used in the experiment II 

 

 

 
Figure 5 – Mean scale value for impression of warning for each stimulus. 

(Experiment III) 

 

 

5. DISCUSSIONS 

According to the previous studies, we expected that the impression of warning would increase as 

the degree of consonance lowers, but the result of experiment I were contrary to expectation. The 

causes of the problem are discussed as follows. 

First of all, the pitch of the stimuli may affect the result. The pitch of the stimulus sounds used in 

the experiment varied due to their different frequency components. Some former studies suggested 

that pitch affected the impression of warning; a higher pitch resulted in a greater impression of 

warning (4). In the current study, for example, the stimulus A, which had a higher degree of 

consonance, had a higher pitch and a greater impression of warning than the stimulus G, which had a 

lower pitch and a greater impression of warning. This is consistent with former studies and experiment 

II. In Experiment III, in which the difference in pitch between the stimulus sounds was taken into 

account, the higher the degree of consonance, the lower the sense of warning, and the lower the degree 

of consonance, the higher the sense of warning.  

Next, characteristics of the individual participants, like music experience and gender may also 

affect the results. While the majority of the subjects showed "the higher the degree of consonance, the 

greater the impression of warning", the results were reversed for two subjects. In other words, the 

results suggest that the relationship between degree of consonance and impression of warning may be 

affected by the characteristics of the individual.  We investigated the musical experience and gender 

for the 13 participants who showed a positive correlation between degree of consonance and 

impression of warning, and for the 3 participants who differed in their judgment criteria. Table 2 

shows the participants' musical experience, gender and judgment criteria, however, no clear 

relationships among items are observed.  

 

 

 

Ratio

A C3G3C4 130.813 195.998 261.626 2:3:4

B C3E3G3 130.813 164.814 195.998 4:5:6

C C3D#3F3 130.813 155.563 174.614 6:7:8

D C3D3E3 130.813 146.832 164.814 8:9:10

E C3D3D#3 130.813 146.832 155.563 10:11:12

F C3C#3D3 130.813 138.591 146.832 14:15:16

Sound Fundamental frequency [Hz]



 

 

 

Table 3 - Subjects' experience and gender. 

 

6. CONCLUSION 

In this study, to design a warning sound with a high warning effect, the effects of the degree of 

consonance on the impression of warning was investigated by paired-comparisons. In contrast to the 

prediction from the former studies, 13 of the 16 subjects showed that "the higher the degree of 

consonance, the greater the impression of warning". However, when the experiment III was conducted 

taking into account the difference in pitch, the results were similar to those of the former study. 

Therefore, this result seems to be influenced by differences in the pitch of the stimuli.  This suggest 

that the consonance also had no small effect on the sense of warning, but the effect of the pitch was 

even more significant. 
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ABSTRACT 

Since music listening with headphones or earphones disturbs auditory information necessary for safety, 

pedestrians, for example, have a high risk of causing a severe accident. When listening to music and walking 

on the road with headphones or earphones, a person may fail to notice approaching vehicles from behind. It 

is because of the masking by the music played through headphones, which makes it difficult to perceive the 

sound of approaching vehicles. To improve such situations, the authors aim to actualize a listening 

environment where pedestrians enjoy listening to music with headphones with perceiving their ambient 

sounds. As a process, this report examined a possible method that preserves any auditory information for 

safety using sound localization of music with reverberated music. The authors investigate the effect of the 

music localization played through headphones on the perceptibility of the vehicle's approaching sound. The 

approaching sound of several types of cars is presented to listeners, who are asked to answer when the cars 

arrive at their places. The timing when the car reach is measured.  

 

Keywords: Headphone, Approaching Automobile, Head-Related Transfer Function, 

Auditory Masking, Localization of music 

1. INTRODUCTION 

When pedestrians listen to music using headphones, there is a risk of serious accidents due to the 

obstruction of approaching sounds of cars and motorcycles by the music. To avoid this danger, it is 

possible to acquire auditory information about the surroundings, and the first step is to lower the 

sound pressure level of the music. However, people tend to listen to music at LA=70(dB) or higher in 

actual noisy environments [1], which is hardly a situation where environmental sounds can be 

recognized. In addition, although earphones that take in external sound and bone conduction 

earphones have become popular in recent years, problems such as noise generated in the mechanism 

that takes in external sound are expected to occur. Furthermore, bone-conduction earphones do not 

use conventional air-conduction sound, which causes discomfort to the user. Therefore, the ultimate 

goal of this research is to realize a new listening environment in which pedestrians can pe rceive 

surrounding sounds while listening to music using conventional headphones.  

The first method is to add reverberation to the music. The first method is to add reverberation to 

the music. This is based on the fact that in a room with a long reverberation time, the correlation 

between the acoustic signals added to the left and right ears becomes lower, the sound image becomes 

wider, and the target sound becomes easier to hear [2] when 2channel speakers are playing back music. 

We investigated the masking effect of the music with reverberation added to the masker. As a result, 

it was confirmed that the addition of reverberation to the music weakened the masking effect and that 

the motorcycle sound was perceived as hypersensitive [3,4]. The second method is to change the 

localization of music. This is based on the phenomenon known as "Spatial Release from Masking 

(SRM)" in which the amount of masking by noise arriving from the same direction as the signal sound 

is reduced when the direction of arrival of the signal sound and the noise is different [5]. The results 

of the study showed that changing the localization of the music can reduce the amount of masking. 
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As a result, it was confirmed that the approach sounds of cars and motorcycles were perceived as 

hypersensitive by changing the localization of the music [6,7]. However, the music used in this study 

was music localized at a certain point in space by convolving the head transfer function, and this 

presentation method was far removed from conventional music listening using headphones, which 

was unnatural. In this report, we propose a new method that solves this problem by combining two 

previously proposed methods. In other words, a more natural presentation method is realized by 

adding reverberation to the music localized at a single point using the head transfer function to give 

the music a sense of expansion, and the approachability of the music is examined using the sound of 

an approaching motorcycle. 

2. INVESTIGATION OF THE OPTIMAL HEAD TRANSFER FUNCTION FOR AN 

INDIVIDUAL 

2.1 Aims 

In surveying music localization, it is necessary to provide each individual with an optimal head -

related transfer function (HRTF) in consideration of individual characteristics to optimize the 

localization perception [5]. Furthermore, by using the HRTF of each individual, it is possible to 

propose a safe listening environment tailored to the individual. Therefore, the purpose of this report 

is to determine the HRTF closest to each listener from multiple HRTFs using DOMISO (see below), 

which has been proposed as a method that can obtain high localization accuracy in a short time with 

little burden on the listener. 

2.2 Overview of DOMISO and determination of HRTFs 

DOMISO is a method to create a virtual sound image using multiple HRTFs and to select the sound 

image with the best localization in terms of auditory perception from among them by a tournament 

method [8]. The HRTFs used in this report is the data of 105 people measured at the Research Institute 

of Electronics and Communication, Tohoku University [9]. The DOMISO procedure used in this report 

is as follows. 

(1) Randomly select 32 HRTFs from the 105 HRTFs. 

(2) Using the 32 HRTFs, create 32 sound images moving discretely in the horizontal plane (0°, 90°, 

180°, 270°) and at an elevation angle of 90°. The trajectories of these sound images are specialized in 

this report. The trajectories of the sound images used are shown in Figure 1. pink noise (2s/16 -bit/48 

kHz sampling) is used to synthesize the HRTF. 

(3) Ten students (S1-S5) of the University are taught the trajectory of the sound image to be presented 

in advance. 

(4) Two virtual sound images synthesized from 32 HRTFs are presented to each listener, and the 

listener is asked to select the one with the better localization of the sound image trajectory in (3).  

(5) This selection is performed in a tournament fashion, and (4) is repeated until the sound image with 

the best localization sensation wins. 

The environment in which the winning image was presented was judged to be the HRTF that was 

closer to the listener. 

 

Fig.1 – Trajectories of sound images used in the localization experiment.  

（The sound images are presented in the order of 1st to 5th, with the front of the listener at 0°.) 



 

 

3. SURVEY ON THE PERCEPTION OF AUTOMOBILE APPROACHING SOUND 

WHILE LISTENING TO MUSIC 

3.1 Aims 

When a pedestrian is listening to music using headphones, the auditory information necessary for 

safety can be considered to be the sound of a moving object approaching from behind. In this case, by 

localizing the music in front or near the head length, the sound approaching from behind can be 

perceived, and ultimately danger can be avoided. In this study, reverberated music was presented from 

two positions, 0°, and vertex, and the approaching sound of a car passing through the left side (135° 

to 90° of the horizontal plane) from the left rear was presented at the same time. The angle of the 

horizontal plane is shown in Figure 1. 

3.2 Approaching sound of a car 

Three car models were used in this study. Table 1 shows the car models used. The automobiles 

were driven at 30 km/h and the sound sources were recorded with a sampling frequency of 44.1 kHz 

and a quantization bit rate of 24 bits using a SAMREC dummy head microphone recorder Type 

2700Series manufactured by Southern Acoustics. 

Table.1 – List of vehicles used

 

3.3 Experimental stimuli 

The music used in the experiment was a part of the chorus (15s) of two different J -POP songs. The 

second source was an impulse response with a reverberation time of 0.02s. The original sound sources 

were also included in the experimental stimuli to compare the music localized at the two positions 

with the sound sources that were not localized at the two positions. Thus, the total number of stimuli 

used in the experiment was 3 music presentation positions × 2 music pieces × 3 sounds of  approaching 

cars = 18 stimuli in total. 

3.4 Experimental Method 

Subjects: Five students (S1-S5) from the same university as in 2.2 were asked to listen to the stimuli 

played on a PC while wearing headphones in a sitting position.  

Stimulus playback method: The experimental stimuli were played using Audacity and displayed on 

the left side of the PC screen. In addition, since it was unlikely that the participants concentrated on 

the sound of an approaching car while listening to music while walking on the road, a walking image 

taken by the experimenter while walking on the sidewalk was displayed on the right side  of the PC 

screen to distract their attention, and a simple question was asked to count the number of cars and 

bicycles passing by in the walking image. To distract the participants' attention, a walking image of 

the experimenter walking on the sidewalk was displayed on the right side of the screen of the PC. The 

participants were asked to respond to the questions in the walking images in their minds. The s timuli 

and the walking image were played back simultaneously, and when the sound of an approaching car 

was heard, the experimenter instructed to stop time by pressing the P key, and the time displayed on 

the screen was recorded by the experimenter. 

Stimulus playback level: The sound pressure level of the music piece was adjusted by loudness 

matching so that the music piece heard through the headphones and the pure sound heard through the 

loudspeakers were of equal loudness. The sound pressure level of the approaching sound was adjusted 

by loudness matching by playing the pure sound from the front loudspeakers at the sound pressure 

level that was reduced by 6 dB from the maximum sound pressure level of the approaching sound 

during recording, i.e., LA = 47 (dB) for C1, LA = 55 (dB) for C2, and LA = 64 (dB) for C3. The loudness 

was adjusted by the loudness matching. 

 

ID Car name Engine type 

C1 TOYOTA YARiS Hybrid 

C2 TOYOTA COROLLA FIELDER Gasoline 

C3 TOYOTA HIACE Disel 

 



 

 

3.5 Results 

3.5.1 Method of obtaining driving position 
Using the video recorded during the recording of the sound of an approaching car, the distance 

corresponding to the time when the driver noticed the sound of an approaching car was calculated. 

Since the sound source recorded by the dummy head and the recording time of the video recording 

were not synchronized, it was necessary to synchronize them. First, to align the start time of the sound 

source in the dummy head with the running image obtained from the video recording, we extracted 

the sound source from the running image and synchronized the start time of the dummy head sound 

source within the sound source in the running image by using cross-correlation between the sound 

source and the dummy head sound source. Then, using cones placed in 10-meter increments as 

landmarks to measure the distance from the dummy head in the running video, a still image of a car-

motorcycle at 60 meters from 0 was extracted and the time of passage was recorded. A curve 

representing the position of the traveling vehicle was then obtained by spline interpolation of the 

distance on the vertical axis and the passing time of the car and motorcycle on the horizontal axis. 

From the curve, the corresponding distance was calculated based on the time when the participants 

noticed the approaching sound of the car. 

 

3.5.2 Comparison of means and standard deviations for each localization position for 
all experimental participants 
 Comparisons were made for six conditions (C1M1, C1M2, C2M1, C2M2, C3M1, C3M2), 

combining the two conditions of the car (C1, C2, C3) and music (M1, M2). The mean and 95% CI 

(Confidence Interval) for each localization position was obtained from the responses of all subjects. 

The results are shown in Figures 2 to 7. In all figures, the horizontal axis represents the music 

localization position, the vertical axis represents the motorcycle running position, the running start 

position is 0 m, and the tick represents the 95% CI. A shorter distance on the vertical axis means that 

the motorcyclist noticed the approaching sound of the car earlier. Figures 2 to 7 show that the distance 

between the car and the original vehicle was the longest in all conditions and that the time to notice 

the approaching sound of the car tended to be delayed. The differences between Original and Ver tex 

were C1M1, C1M2, C2M1, C2M2, C3M1, and C3M2, in that order: 12.7 m, 8.0 m, 7.7 m, 10.6 m, 7.8 

m, and 11.9 m. Converted to time, they were 1.5, 1.0, 0.9, 1.3, 0.9, and 1.4 seconds.  

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig.2 – Mean and standard deviation for all 

participants in C1M1 by localization position 

Fig.3 – Mean and standard deviation for all 

participants in C1M2 by localization position 

Fig.4 – Mean and standard deviation for all 

participants in C2M1 by localization position 

Fig.5 – Mean and standard deviation for all 

participants in C2M2 by localization position 



 

 

 

 

 

 

 

 

 

 

 

 

3.5.3 Results of Statistical Analysis 
To investigate whether statistically significant differences were found in the effects of music 

localization position, multiple comparison tests (Kruskal-Wallis test) were conducted for each of the 

six conditions described above. The results are shown in Table 2. 5 of the 6 conditions showed 

significant differences between the music localizations. Next, a multiple comparison test (Tukey's 

method) was used to determine which localization position was significantly different. The results are 

shown in Table 3. 

Table.2 – Results of the Kruskal-Wallis test 

Conditions C1M1 C1M2 C2M1 C2M2 C3M1 C3M2 

p  0.02* 0.05* 0.05* 0.04* 0.04* 0.06 

*:p<.05，**:p<.01 

Table.3 – Results of the Tukey test 

  C1M1 C1M2 C2M1 C2M2 C3M1 C3M2 

0° 0.012* 0.21 0.36 0.15 0.06 0.15 

Vertex 0.005** 0.06 0.04* 0.04* 0.04* 0.04* 

*:p<.05，**:p<.01 

4. DISCUSSION 

Figures 2 to 7 show that the distances of 0° and Vertex were shorter than those of Original in all 

conditions, and Table 3 shows that there were significant differences between the localization of music 

in five of the six conditions, suggesting that localizing music in front or at head length may help 

people notice the approaching sound of a motorcycle more quickly. Table 3 shows that there was a 

significant difference between the music localization in the five conditions within the six conditions. 

In addition, Table 4 shows that there was a significant difference between Vertex and Original in 5 out 

of 6 conditions, suggesting that localizing music at Vertex is more sensitive to the sound of an 

approaching motorcycle than at 0°, and therefore when pedestrians listen to music using headphones, 

localizing music at the head-length area is more effective than localizing music at the front or head-

length. This suggests that pedestrians may be able to obtain auditory information necessary for safety 

by localizing music around their head length when listening to music with headphones. In addition, 

in a previous report [6], which used the sound of an approaching car while changing only the 

localization of the music, the average difference between Vertex and Original was 7.9 m and 0.9 s 

when converted to time, while in this report, which used music with reverberation added to the 

localization of the music, the average difference was 9.8 m and 1.2 s when converted to time. This 

indicates that the addition of reverberation allows for the faster perception of the approaching sound 

of a car. 

 

 

Fig.6 – Mean and standard deviation for all 

participants in C3M1 by localization position 

Fig.7 – Mean and standard deviation for all 

participants in C3M2 by localization position 



 

 

5. CONCLUSIONS 

In this report, we investigated the ease of noticing music localized at a single point using the head 

transfer function by adding reverberation to the music to give it a sense of expansion, and by 

conducting an evaluation experiment using the sound of an approaching car. The results showed that 

the distance to notice the approaching sound of a car was perceived at an average of 9.8 m and a 

maximum of 12.7 m earlier when the music played from the headphones was localized at head -length 

when the car approached from the left rear and passed by the left side at a speed of 30 km/h. This 

translates to an average of 1.2 seconds and a maximum of 1.5 seconds when converted to time.  In the 

future, we will verify the validity of the results of this report by using different types of cars, genres 

of music, expansion of added reverberation, and approaching sounds at different speeds of time.  
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ABSTRACT 

In recent years, with the increase in the number of electric vehicles, considerable attention has been paid to 

the impact of vehicle noise, such as road and wind noises, on the comfort of car interiors. Studies have been 

conducted on reducing the noise annoyance of electric vehicles and evaluating its effect from a physiological 

perspective. However, no study has examined this from a neurophysiological perspective. Herein, we 

investigate selective attention to vehicle sound and the effects of subtle changes in vehicle sound on event-

related potentials (ERPs) under driving conditions. We examine ERPs, such as N2 and P300 (P3), to 

understand their relationship with selective attention. As results, we observe ERPs with subtle changes in 

vehicle sound pressure level (SPL) while driving. Furthermore, we find that different attention mechanisms 

may be evoked when SPL increases and decreases. These results will help investigate practical approaches 

to reduce vehicle noise and improve comfort within car interiors. 

 

Keywords: Event-related potentials, Selective attention, Electric vehicle 

1. INTRODUCTION 

In recent years, vehicles with low environmental loads, such as electric vehicles (EVs), have 

received considerable attention as a means to prevent global warming. The power source of an EV 

generates a lower sound pressure level (SPL) than that of a vehicle with an internal combustion engine. 

Due to the low sound levels of the vehicle, wind and road noises are more noticeable, which may 

annoy drivers and passengers and decrease their comfort. Therefore, several studies have been 

conducted on the sound design of EV vehicles. It is believed that improvements can be achieved by 

controlling the frequency characteristics and SPL of the EV sound (1,2). Historically, vehicle sounds 

have been studied using both brain-wave measurements and evaluations of arousal level and comfort 

(3,4). In this study, we focused on selective attention and aimed to quantify both arousal level and 

comfort and vehicle-sound attentional mechanisms using event-related potentials (ERPs). Selective 

attention is a cognitive function that directs attention only to certain information in an environment with a 

wide variety of stimuli; it works consciously and unconsciously. This study focuses on the amount of attention 

paid to vehicle sounds while driving. Additionally, we examined the adaptation of attentional function in 

terms of habituation such that attentional function gradually declines. 

It should be noted that vehicle sounds are not always problematic; in some cases they are helpful. 

Door-closing and engine sounds with tones that match the vehicle rating are required; additionally, 

door-lock-operation and proximity-notification sounds are widely used to present information. 

Furthermore, the potential of sound to support safety and security in a brain -machine interface (BMI) 

automated driving technology is being increasingly discussed (5). We hope that this study on ERPs in 

                                                        
1 kameyama@sd.info.hiroshima-cu.ac.jp 
2 ishimitu@hiroshima-cu.ac.jp 
3 keisuke_kotaka@toyobo.jp 
4 yasuto_fujii@toyobo.jp 



 

 

driving will help establish a new ERP-based evaluation method that will prove helpful in the 

development of BMI technology. 

This study aims to clarify the characteristics of sounds likely to attract attention while driving. A s 

a preliminary step, we investigated how changes in the vehicle SPL influence ERPs. The importance 

of reducing vehicle sound and making it more pleasant is discussed by clarifying the extent to which 

the difference in the SPL of vehicle sounds affects human cognition. The final goal is to identify the 

characteristics of vehicle sounds that most easily attract attention and awareness, and to reduce 

unwanted vehicle sounds and make them more pleasant from a neurophysiological perspective.  

2. EVENT-RELATED POTENTIALS 

Electroencephalogram (EEG) measurements can be broadly classified into spontaneous brain 

waves and ERPs. Spontaneous brain waves constantly fluctuate regardless of specific events; they 

represent a persistent brain state, such as arousal. Whereas ERPs are transient changes in brain 

potentials elicited by specific events. ERPs are triggered by sensory stimuli (such as visual, auditory 

or somatosensory perceptions) and mental events (such as those involved in anticipation, attention, 

and decision-making). Therefore, ERPs are time-dependent electric potentials generated by the 

synchronous activity of neural networks involved in sensory, perceptual, cognitive, and other 

information processing by the brain. Recently, ERPs have been used in clinical examinations and 

BMI; they have become useful tools for studying higher-order central nervous system functions, such 

as attention, cognition, and language in humans (6). They can be divided into exogenous responses 

(elicited by an environmental stimulus or dependent on its physical characteristics) and endogenous 

responses (primarily reflecting cognitive activity) (6). The exogenous components include auditory 

brainstem responses and late cortical responses N1 and P2, whereas the endogenous components 

include N2 (N2b) and P3 (P3b). 

In this study, we identified changes in ERPs corresponding to selective attention and analyzed 

higher-order information processing based on their amplitude and latency. We focused on N2 and P3 

responses, which are considered to be related to selective attention (6).  

3. EXPERIMENT 1: DIFFERENCES BETWEEN INCREASING AND 

DECREASING SPL 

3.1 Experimental Methods 

To investigate how attentional mechanisms are affected by changes in the SPL of vehicle sounds, 

first, whether the differences in cognition and ERPs were significant when the SPL increases and 

decreases was examined. A total of four participants participated in the experiment; they were males 

with normal hearing (mean age 23.0 ± 0.71 years). The participants were seated in a shielded room 

and instructed to minimize body movements and focus on a fixed viewpoint to suppress oculomotor 

activity. Using the driving simulator UC-win/Road (FORUM8 Co., Ltd.), they drove a designated 

course while listening to the recorded EV sound. The vehicle sound was recorded at the driver’s ear 

using a microphone (PCB Poeztrpmocs, Inc.) and a noise and vibration analysis system MK-2 (Mullar-

BBM VibroAkustik Systeme GmbH). The vehicle sound used in this experiment was a constant 

driving speed of 40 km/h, and it is assumed that it does not include the warning sounds in EVs.  The 

participants were instructed to drive in a constant speed to avoid collision, and operate the brakes as 

necessary (not synchronized with the simulator). The experimental stimuli consisted of changes in the 

pressure level of this sound. At random intervals of 2–5 s, the SPL in the range of 300–400 Hz 

(corresponding to motor sound contribution) was varied by ± 10 dB. The stimulus sound was presented 

via a loudspeaker (B&W 706S2) and amplifier (Marantz PM-15S1), which were placed in front of the 

participants. Figure 1 shows the frequency characteristics of the stimulus sound, and Table 1 lists the 

equivalent noise level (LAeq). Participants were instructed to press a button when they recognized a 

change in the SPL of the vehicle sound while driving. During the experiment, EEGs were  recorded 

using an EEG-9100 electroencephalograph (Nihon Kohden Corporation). The electrode sites included 

Fz, Cz, and Pz, following the international 10-20 placement system. Linked earlobes were used as the 

reference and the forehead as the ground. Stimulus sound was input to the electroencephalograph as 

a trigger; an input indicating that the button has been pressed was used to calculate indicators, such 

as button-pressing counts and average reaction times. The collected data were analyzed using 

MATLAB R2021a (MathWorks, Inc.). EEG data were measured at a sampling frequency of 1000 Hz 



 

 

through an analog bandpass filter between 0.03 and 120 Hz, and it was subsequently averaged 50 

times for the type of stimulus (i.e., increasing and decreasing SPL). Epochs wherein the voltage 

exceeded ± 100 µV were rejected to exclude artifacts caused by oculomotor activity and body 

movements. The averaged data were digitally bandpass-filtered between 1 and 60 Hz. The local ethics 

committee approved the experiment, and all participants provided informed consent. 

 

Table 1 – Equivalent noise level (LAeq) of stimulus sound in Experiments 1 and 2 

Change from reference level [dB] LAeq [dB] (overall level) 

+10 69.2 

0 60.1 

-10 54.1 

 

 

Figure 1 – Frequency characteristics of stimulus sound in Experiments 1 and 2 

 

 

3.2 Results and Discussion 

3.2.1 Non-ERP Evaluation 
The number of times the button was pressed, which reflected each participant ’s subjective 

conscious awareness of the SPL change, was higher for all participants when the SPL increased than 

when it decreased, and the average reaction time tended to be shorter. It should be noted that one 

participant was excluded from the analysis because he did not press the button correctly.  

3.2.2 N2 Response 
The results for three participants of the four are reported; for one participant, the EEG measurement 

was incomplete (P3 is also reported). The N2 amplitude tended to be larger when the SPL increased. 

This finding is consistent with the results of the non-ERP evaluation. 

3.2.3 P3 Response 
When the SPL increased, the P3 amplitude tended to be larger, particularly in the frontal-central 

region. This suggests that the P3a subcomponent of P3 was larger than the P3b component. Typically, 

P3 exhibits two peaks (P3a and P3b). Generally, P3b is referred to as P3. In contrast, P3a is defined 

as the P3 component with a latency approximately 60–80 ms shorter than P3b in the frontal-central 

region. P3a is elicited by a physically deviant stimulus in an oddball task regardless of attentional 

status. Essentially, P3a is an exogenous component elicited even without attention, whereas P3b is an 

endogenous component elicited by attention to the stimulus. Thus, P3a and P3b may reflect different 

attentional mechanisms (7–9). The results of this experiment confirmed two P3 peaks, with P3a and 

P3b exhibiting larger peak values when the SPL increased and decreased, respectively. This indicates 



 

 

that the exogenous component was dominant when SPL increased, whereas the endogenous 

component was dominant when SPL decreased. 

The P3 latency, which is reflective of the time required for information processing, tended to be 

shorter when the SPL increased. This indicates that the time required for information processing is 

shorter when SPL increases. Although some studies have concluded that P3 latency is not related to 

selective attention (8,10), it may be an indicator of a relationship between the P3a and P3b components.  

 

These results indicate that attention is more likely to be directed both consciously and 

unconsciously when the SPL increases. Differences in attentional mechanisms evoked when SPL 

increased and decreased in this experiment were re-examined in Experiment 2. 

4. EXPERIMENT 2: ADDITIONAL PASSIVE TASK 

4.1 Experimental Methods 

Experiment 1 revealed that the P3 results varied when the SPL was increased or decreased, and the 

participants performed an active task (pressing the button). In Experiment 2, we considered whether 

there was still an attentional-mechanism difference between the increasing and decreasing SPL when 

a passive task was added. The four participants in the experiment were males with normal hearing 

(mean age 22.75 ± 1.09 years). The experimental procedure was similar to that of Experiment 1, with 

the exception that a passive task was also assigned; herein, the participants were instructed not to 

press the button and ignore auditory stimuli even when the SPL changed. The stimulus interval was 

4–6 s owing to the circumstances of pressing the button in Experiment 1. The stimulus sounds, 

instruments, and analysis methods were the same as those used in Experiment 1. The local ethics 

committee approved the experiment, and all participants provided informed consent.  

4.2 Results and Discussion 

4.2.1 Non-ERP Evaluation 
The number of times the button was pressed was higher when SPL increased (except for one 

participant). The average reaction time tended to be shorter when SPL increased for all participants.  

4.2.2 N2 Response 
The N2 amplitude tended to be larger when the SPL increased (see Figure 2 (a)). This is consistent 

with the non-ERP evaluation. There was no difference in N2 between the active and passive tasks, 

which suggests that mismatch negativity (MMN), a subcomponent of N2 with exogenous properties, 

was evoked. MMN, also termed N2a, is an ERP that is thought to reflect automatic processing because 

it too becomes endogenous. It is no longer elicited when a deviant stimulus is presented repeatedly 

and continuously (6). As the N2b and N2c subcomponents of N2 are the endogenous component and 

the component elicited by the classification task, respectively, N2 in these results may be identified 

as MMN. 

The N2 latency, which reflects the information-processing time, tended to be shorter when SPL 

increased (see Figure 2 (c)). This indicates that the time required for information processing was 

shorter when the SPL increased. Additionally, the latency of the active task was slightly longer than 

that of the passive one. This indicates that the N2b component, which has a subcomponent of N2 with 

a longer latency than the MMN, was evoked more in the active than in the passive task. N2b is an 

endogenous component that could have been evoked largely by pressing a button.  

4.2.3 P3 Response 
The P3 amplitude tended to be larger when the SPL increased (see Figure 2 (b)). This is consistent 

with the non-ERP evaluation. In addition, the P3 amplitude tended to be larger in the active task when 

the SPL increased compared to the passive task, which indicated that the P3b component was 

superimposed. The P3a peak was larger in the passive task when SPL increased and decreased. This 

is natural, assuming that the endogenous component is not elicited when the button is not pressed. In 

the active task, the same results as in Experiment 1 were obtained, which suggests that the endogenous 

component dominated more than the exogenous component when SPL decreased.  

The P3 latency was approximately 300 ms when the SPL increased and decreased in the passive 

task (see Figure 2 (c)). This can indicate that the endogenous P3b component was not elici ted because 

the button was not pressed. In the active task, the same results as in Experiment 1 were obtained, 

which suggests that the P3 latency was shorter when the SPL increased (see Figure 2 (c)). The P3 



 

 

latency in this experiment exhibited similar results as the two P3 peaks. Therefore, these results 

indicate that P3 latency is both a measure of information-processing time and an indicator of whether 

the endogenous or exogenous component is dominant; that is, it may reflect the cognitive functions 

of selective attention. 

 

As in Experiment 1, attention was more likely to be directed both consciously and unconsciously 

when the SPL increased. The observed differences in ERPs reflected different attentional mechanisms 

when the SPL increased or decreased. 

 

 

Figure 2 – Results of Experiment 2 (average values of ERPs and their latencies) 

5. EXPERIMENT 3: SUBTLE CHANGES in SPL 

5.1 Experimental Methods 

Following Experiments 1 and 2, Experiment 3 conducted to check whether subdividing the SPL 

changes in vehicle sound affected cognition and ERPs. A total of five participants participated in this 

experiment; they were males with normal hearing (mean age 22.0 ± 0.89 years). The experimental 

procedure and measurement instruments were the same as those in Experiment 1, except that the 

stimulus sounds were changed by ± 10, ± 5, and ± 2 dB. As in Experiment 1, participants were 

instructed to press a button when they recognized a change in the SPL of the vehicle sound (an active 

task), to investigate whether they subjectively recognized small changes in the SPL. The stimulus 

interval was varied between 3 and 7 s to obtain more randomness. Figure 3 shows the charact eristics 

of the stimulus sound, and Table 2 lists the equivalent noise level (LAeq). Stimulus sounds, instruments, 

and analysis methods were the same as those used in Experiment 1. The local ethics committee 

approved the experiment, and all participants provided informed consent. 

 

Table 2 – Equivalent noise level (LAeq) of stimulus sound in Experiment 3 

Change from reference level [dB] LAeq [dB] (overall level) 

0 60.0 

-2 58.6 

-5 56.9 

-10 53.4 

 



 

 

 

Figure 3 – Frequency characteristics of stimulus sound in Experiment 3 

 

5.2 Results and Discussion 

5.2.1 Non-ERP Evaluation 
Four of the five participants reported that they were able to recognize 2 dB changes in the SPL. 

One participant was unable to press the button correctly, whereas one participant reported being  

unable to recognize 2 dB changes, but could press the button half of the time when the SPL decreased. 

The average reaction time tended to increase the most when SPL changes were the smallest. In contrast 

to previous experiments, numerous trials produced shorter reaction times when the SPL decreased. 

5.2.2 N2 Response 
As in the previous experiments, the N2 amplitude tended to be larger when the SPL increased. In 

the 5 dB trial, the opposite was true (see Figure 4 (a)); this was primarily because of the anomalous 

results from one participant. 

As in the previous experiment, the N2 latency tended to be shorter when the SPL was increased by 

10 dB or 5 dB. The latency was longer when the SPL was increased by 2 dB, which suggests that the 

smaller difference in the SPL change required a longer time for information processing, and the 

endogenous effect was more dominant because of the superimposition of N2b (see Figure 4 (c)).  

5.2.3 P3 Response 
In the 10 dB trial, the P3 amplitude tended to be larger when the SPL increased, as in the previous 

experiments. However, in the 5 dB and 2 dB trials, the P3 amplitude tended to be larger when the SPL 

decreased (see Figure 4 (b)). The P3 amplitude tended to be larger when the average reaction time 

was shorter in four of the five participants. This suggests that P3 amplitude was more dependent on 

cognitive function than on stimulus characteristics. The amplitude in the occipital region was larger 

when the stimulus was 2 dB, which suggests that a smaller change in the SPL produced  a more 

dominant endogenous response. 

As in the previous experiment, the P3 latency tended to be shorter when the SPL increased (see 

Figure 4 (c)), which suggests that P3a was evoked predominantly when the SPL increased and P3b 

predominantly when it decreased. In addition, the latency increased as the SPL change became smaller. 

The latency was extended to approximately 450 ms at 2 dB, which suggests that with smaller 

differences in the SPL, more time was required for information processing, and the endogenous 

component P3b was more dominant. 

 

These results confirmed that a difference as small as 2 dB in the SPL can be recognized consciously 

and unconsciously. Furthermore, the smaller the difference in the SPL change, the more dominant the 

response to pressing the button (the endogenous component) over the response to the stimulus . 

Endogenous effects were predominant at 2 dB, which suggests that the threshold of perception and 

awareness of vehicle sound changes was between 5 and 2 dB. In addition, the average reaction time 

was correlated with P3 amplitude rather than P3 latency, thereby supporting the idea that reaction 



 

 

time, which is a behavioral measure, is an indicator that reflects the processing capacity of cognitive 

functions rather than the information-processing time. 

 

 

Figure 4 – Results of experiment 3 (average values of ERPs and their latencies) 

6. CONCLUSIONS 

To help identify the characteristics of sounds that are likely to attract attention while driving, we 

investigated the effects of changing the vehicle SPL on ERPs. Experiments 1 and 2 revealed 

neurophysiological differences in the attentional mechanisms between increasing and decreasing SPL. 

It is known that sound with a continuously increasing SPL is subjectively overestimated compared to 

that with a decreasing SPL (11). However, the physiological differences in perception between the 

increasing and decreasing cases have not been clearly established. In this study, SPL was changed in 

part of the frequency band, which might have affected the loudness, pitch, and timbre of the sound. 

Further investigation, wherein stimulus sounds are pure tones or colored noise that differ only in SPL, 

is needed to control such effects. Experiment 3 demonstrated that even small differences in SPL (2 

dB) elicited N2 and P3; and that the smaller the change in SPL, the more the response depended on 

cognitive functions rather than the physical characteristics of the stimulus. These results are consistent 

with those of Salisbury et al. (12), who found that in oddball tasks under background noise, when 

adding noise is considered a reduction in the stimulus intensity, P3 amplitude is not signifi cantly 

affected, whereas P3 latency is extended. The results of these experiments indicate the importance of 

reduction and sound design of vehicle sound as changes in the SPL of vehicle sound can elicit ERP 

and activate cognitive functions. In addition, we believe that our results provide new knowledge for 

BMI technology, such as hazard prediction, which supports automated driving.  

Based on the results obtained in this study, we have devised an experiment that more closely 

simulates actual automobile driving. We plan to examine vehicle-sound attentional mechanisms using 

the probe-stimulus technique, which investigates behavioral and physiological responses to probe 

stimuli presented independently of the main task. The attentional resources directed toward th e main 

task can be indirectly estimated from responses to probe stimuli (13). By employing a driving task 

that includes listening to vehicle sounds as the main task and an oddball task as probe stimulus, 

changes in ERPs evoked by different vehicle sounds will be investigated. This may contribute to the 

development of a neurophysiological approach for noise reduction and BMI technology. In future 

work, we will attempt to identify the two P3 peaks obtained in this study as P3a and P3b using 

temporal-spatial principal component analysis. 
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ABSTRACT 
Recently in Japan, noise from wind turbines and domestic heat sources have caused an increase in noise 
annoyance due to their low-frequency tonal components. The purpose of this study is to investigate the effects 
of tonal components on the loudness of environmental noise. An auditory test was conducted to evaluate the 
loudness of the tonal noise using an adjustment method. The stimuli were composed of a broadband noise 
modeling of environmental noise and a low-frequency tonal component. As the tonal component was added 
to the broadband noise, frequency and tonal audibility were varied at 40, 50, 100, and 200 Hz, and 0, 5, 10, 
and 15 dBs, respectively. Loudness was evaluated using the A-weighted sound pressure level. The results 
show that the increase in loudness depends on the frequency characteristics of the background noise and tonal 
frequency. When tone was added to low-frequency dominant noise, the A-weighted sound pressure level may 
not fit the psychological loudness of the stimuli used in our experiment. 
 
Keywords: Tonal noise, Loudness, Subjective evaluation 

1. INTRODUCTION 
Environmental noise in daily life often contains prominent tonal components such as fan noise, air 

conditioning equipment, and machinery noise. These tonal noises are considered to have higher 
annoyance than other environmental noise, and several studies have been conducted to evaluate 
various tonal noises, such as aircraft noise, environmental noise in factories and offices, and wind 
turbine noise. In addition, Tonal audibility (hereafter, TA) has been defined by ISO/PAS20065 (1) and 
IEC61400-11:2012 (2) as a measure of the auditory prominence of the tonal components. Recently in 
Japan, tonal noises emitted from wind turbines and heat-pump systems sometimes raises noise 
problems due to its low-frequency tonal components in the frequency range of 25–1000 Hz. To address 
the problem caused by tonal noises in Japan, experimental studies on the psychoacoustic effects of 
tonal noise are needed. 

The psychometric properties of noise can be divided into three attributes: loudness, noisiness, and 
annoyance. Loudness is said to be a fundamental psychological quantity that is strongly related to 
noisiness and annoyance, the loudness of tonal noise should be investigated. Previous studies on 
loudness of tonal noises (3, 4) have reported that the loudness of a sound with prominent tonal 
components may be lower than that of a sound without a tone at the same level. However, the amount 
of change in loudness depends on the tonal frequency and the frequency characteristics of the 
background noise. Therefore, to understand the effects of tonal components on environmental noise, 
it is necessary to conduct experiments using sounds that simulate real noises. 

The purpose of this study was to quantitatively understand the effect of low-frequency tonal 
components on noise loudness under environmental noise. For this purpose, loudness evaluation 
experiments were conducted using a test sound consisting of noises modeled after environmental noise, 
and a tone in the frequency range of 40–200 Hz. From the experimental results, we examined whether 
the change in psychological loudness was affected by the frequency and intensity of the tonal 
components and the frequency characteristics of the background noise. 
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2. METHODS 

2.1 Experimental System 
Auditory tests were conducted in an anechoic room with 210 m3 air volume at the Institute of 

Industrial Science at the University of Tokyo (Figure 1). To reproduce the test sounds, 16 woofers 
(FOSTEX, FW405N) and a loudspeaker (AURATONE, SUPER-SOUND-CUBE) were placed on the 
wall. The distance between the subject and loudspeakers was 3.5 m. A sound level meter (RION NL-
52) was placed at the midpoint between the subject's ears in the condition without a subject to calibrate 
the frequency characteristics and the sound pressure levels of the test stimuli. 

 

 
Figure 1 – Experimental room 

2.2 Test Stimuli 
The test stimuli consisted of broadband noise and a tonal component. Three types of broadband 

noise were used. One was pink noise, and the others were modeled environmental noises simulating 
outdoor and indoor conditions, respectively. For the outdoor condition, an artificially synthesized 
noise with a frequency characteristic having a slope of −4 dB/octave in the band was used (hereafter, 
outdoor noise), referring to the measurement results of wind turbine noise around wind turbines by 
Tachibana et al. (5). For the indoor condition, the spectral characteristics of outdoor noise was 
attenuated by a house filter, which is a model of averaged sound insulation characteristics of a house 
expressed by the sound pressure level difference in a 1/3 octave band between indoor and outdoor 
shown in Figure 2 (6) (hereafter, indoor noise). The A-weighted sound pressure level (LA) of 
broadband noise were 45 dB for pink- and outdoor noise, and 35 dB for indoor noise. A pure tone was 
added to the broadband noise such that its TA, provided in IEC 61400-11:2012, varied in four steps 
(0, 5, 10, and 15 dB). The frequencies of the pure tone were 40, 50, 100, and 200 Hz. The test stimuli 
are listed in Table 1. 17 test stimuli were evaluated in each block. The frequency characteristics of the 
test stimuli recorded in the experimental room are shown in Figure 3. 

 
Table 1 – List of test stimuli. 

 Broadband Noise Tonal components 

 Type LA Frequency TA 

Block 1 Pink noise 45 dB 
none 

40, 50, 100, 200 Hz 

– 

0, 5, 10, 15 dB 
Block 2 Outdoor noise 45 dB 

Block 3 Indoor noise 35 dB 
 
 



 

 

 
Figure 2 – Frequency characteristics of house filter in 1/3 octave band 

 
Figure 3 – Frequency characteristics of tonal sound at TA=10 

 
 

2.3 Procedure 
Fifteen paid subjects participated in the experiment (11 men, 4 women aged 21–28, avg. 23.3). The 

hearing threshold levels of all subjects were less than 15 dB HL at frequencies ranging from 125 Hz 
to 4 kHz. 

The subjects evaluated the loudness of the test sound using an adjustment method. The loudness 
of tonal noises was evaluated by adjusting the level of the broadband noise without tonal components 
(hereafter, reference noise) so that the two noises were perceived to have the same loudness.  

First, tonal noise was presented as a standard stimulus and a secondary reference noise was 
presented as a comparison stimulus. The duration of each stimulus was 4 s (including 0.25s fade 
in/out). The subjects were required to adjust the level of the comparison stimulus so that it was as 
loud as the standard stimulus. The pair of stimuli was presented repeatedly until the participant 
finished the adjustment. There were two types of adjustments, an ascending and a descending series, 
and the level of the initial comparison stimulus was randomly set from the three levels shown in Table 
2. Adjustments were made three times each for the ascending(A) and descending(D) series, in the 
order A-D-D-A-A-D. The adjusted level in the six series was averaged and determined as the point of 
subjective equality (PSE).  

The experiment was divided into three blocks according to the background noise. In each block, 
after rehearsing with the four types of stimuli, the participants were asked to evaluate 17 different test 
stimuli in random order. Each block lasted approximately 75 minutes, including rehearsals and breaks.  

 
Table 2 – The initial presentation level of comparison stimuli (dB). 

 Block 1: Pink noise Block 2: Outdoor noise Block 3: Indoor noise 

Ascending series 33, 35, 37 33, 35, 37 23, 25, 27 

Descending series 56, 58, 60 56, 58, 60 46, 48, 50 
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3. RESULTS and DISCUSSIONS 
The values of the averaged PSE of the 15 participants and their 95% CI are shown in Figures 4(a)–

(c). As indicated in Figure 4, as TA increased, PSE increased. The increase in loudness depended on 
the frequency characteristics of the test sound. 

For the pink noise-based stimulus shown in Figure 4(a), the increase in loudness was not affected 
by the tonal frequency. Whereas, for the outdoor and indoor noise stimuli shown in Figures 4(b) and 
(c), the increase in loudness of stimuli with lower frequency tonal components was larger than that of 
the 200 Hz stimuli. Compared with the reference noise, the loudness increased by up to 3 dB when 
TA = 15 dB. 

 

   
Figure 4 – Averaged loudness of tonal noise. “none” means the noise without tonal components. 

 

3.1 Psychological loudness and A-weighted sound pressure level 
Figure 5 shows the LA of PSE (LA,PSE) and that of the test stimuli recorded at the listening point 

(LA,obj) with respect to the increase in TA. For the pink noise stimulus (Figures 5(a) and(b)), the 
increase in LA,PSE, and LA,obj was within 1 dB. Whereas, for outdoor and indoor noise stimuli, the value 
of LA,obj increased significantly and exceeded LA,PSE when TA was higher than 10 dB as shown in 
Figures 5(c) – (f). This result suggests that the LA may overestimate the loudness of the tonal sound. 

   

   
Fig. 6 – Comparison of psychological loudness (PSE) and objective measures (Obj.)  
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4. CONCLUSIONS 
In this study, to evaluate the increase in loudness caused by the addition of low-frequency tonal 

components, we conducted auditory tests using sounds that simulated environmental noise. The 
increase in loudness owing to the addition of tonal components was quantitively evaluated using the 
A-weighted sound pressure level. 

The results showed that the increase in psychological loudness depended on the frequency 
characteristics of the background noise and the tonal frequency. Comparing the A-weighted sound 
pressure level of test stimuli (objective measures) and that of PSE (psychological loudness), it is also 
suggested that the loudness of the modeled environmental noise containing tonal components tends to 
be overestimated when LA is used as an index. 
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ABSTRACT 

Laboratory tests of subjective evaluation in an anechoic chamber are effective for environmental noise 
assessment. Human responses to actual environments are affected by not only auditory information, but also 
the visual information of the environment greatly. In this study, such an influence of visual information to 
evaluation of loudness and annoyance of environmental noises is experimentally examined by using audio-
visual simulation system, in which a three-dimensional sound field simulation system in an anechoic chamber 
was combined with video reproduction system equipped with a dome-type screen. To adapt to the 
reproduction system, an audio-visual measurement system consisting of sound field microphone, omni-
directional microphone and a compact 360 degrees video camera was prepared, and in-situ measurements 
were performed as collection of experimental stimuli. The investigation was made for road traffic, railway 
traffic and aircraft noises, which have been traditionally discussed as typical environmental noise sources, 
and boat noise as a novel noise issue. As a result, visual information related to the noise sources worked as 
alleviating loudness and annoyance, and quantitatively the effects were 5 to 6 dB for road traffic and railway 
noises, 1 to 3 dB for aircraft noise and 3 to 4 dB for boat noise. 

 

Keywords: Loudness, Annoyance, Traffic noise, Visual information 

1. INTRODUCTION 
The advantage of laboratory experiments is that the subjects’ responses can be examined in detail 

by controlling the stimuli in an anechoic chamber with strictly tuned acoustic conditions as the 
experimental sound field. However, the responses to noises in the actual environments are affected by 
various factors other than sound, and may differ from the response in an anechoic room where 
environmental factors other than sound are excluded. Fastl et al. investigated the effect of visual 
information on the evaluation of loudness by subjective experiment in which auditory information 
was presented via headphones and visual information was presented via a head-mounted display(1), 
and they clarified experimentally that the difference in the color of the sound source affects the 
loudness. We also consider that visual information of a sound source has a great influence on the 
auditory evaluation of the sound as a factor other than acoustics. In order to experimentally investigate 
the effects of the visual information, we constructed an audio-visual reproduction system in an 
anechoic room. The system is a combination of an existing 3D sound field simulation system installed 
in an anechoic room and a video projection device with dome-type screen. By using the system, we 
investigated the influence of visual information of the sound source on the evaluation of loudness and 
annoyance. 

2. METHOD OF EXPERIMENT 

2.1 Recording and reproduction system 

Figure 1 shows an equipment used to record the audio-visual stimuli. To collect visual information, 
a 360° camera (Gopro Fusion) was used to record omnidirectional video at an observation point. A 4-
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channel (hereafter, 4-ch) microphone (Sennheiser AMBEO VR Mic) by which sound is recorded in 
Ambisonics A-format, and an omnidirectional microphone (RION NL-52) were used to record 
environmental sound. These two kinds of microphones were placed close together on a tripod as shown 
in Fig. 1 (a), and their signals were simultaneously recorded by a multi-channel recorder (TASCAM 
DR-680 MKII). For on-site recording, the height of the microphone was set to 1.5 m. 

 
Figure 1   Equipment used for measurements. (a) Recording situation, (b) 360°camera and (C) 4-ch Mic. 

(sound field microphone). 
 

Figures 2 (a) and 2 (b) show the audio-visual reproduction system used for subjective tests. A three-
dimensional sound field reproduction system was constructed in an anechoic room, with two speakers 
placed on each orthogonal axis, for a total of six loudspeakers (TANNOY T12). A dome-type screen 
made of sound-transparent cloth was installed inside it, and a video projector (BENQ TK800M) on 
which a fish-eye lens (RAYNOX DCR-CF1977PRO) was set was installed in the upper rear part of 
the sitting position of a subject. On-site sound recording was made in Ambisonics A-format with a 4-
ch microphone. In order to adapt this to the reproduction by the 6-channel speaker system used in this 
study, we first converted the recorded format from Ambisonics A-format (4 channels) to B-format (4 
channels). The signal to be input to each speaker of 6 channels was created by signal synthesizing the 
omnidirectional component (W in B-format) and the 3-axis eight-figured directional components (X, 
Y, Z in B-format) as preprocessing on PC. 

 
Figure 2   Audio-visual reproduction system. (a) block diagram of audio and visual reproduction and (b) 

photograph of a subjective experiment. 
 

3. EXPERIMENT 1 – COMPARISON AMONG ROAD TRAFFIC, RAILWAY AND 

AIRCRAFT NOISES 

3.1 Stimuli of the experiment 

Eighteen test stimuli shown in Fig. 3 (road traffic noise: 6, railway noise: 6, aircraft noise: 6) were 
recorded. Duration time of all stimuli were made 30 seconds. Stimuli of road traffic noise was recorded 



 

 

at sites with different traffic volumes and distances to the driving lane on arterial roads (4 to 6 lanes) 
and local roads (2 lanes), the averaged sound pressure level, LAeq,30s, ranged from 57.8 dB to 73.7 dB. 
Stimuli of the railway noise was recorded at different distances from the rail tracks and ranged from 
LAeq,30s = 62.3 to 77.1 dB. Aircraft noise was recorded in the range of LAeq,30s = 63.6 to 81.2 dB when 
recording conditions with different distances and angles from the aircraft flying near the airport.

 
(a) Road traffic noise (RTN) 

 
(b) Railway noise (RWN) 

 
(c) Aircraft noise (ACN) 

Figure 3  Visual stimuli and their A-weighted sound pressure levels in the Experiment 1 

3.2 Procedure of subjective experiment 

In order to investigate the effects of visual information of the sound source on the loudness and 
annoyance evaluation, subjective test results under the condition in which both the on-site video and 
test sound were presented by the above-mentioned reproduction system, and those under the condition 
in which the test sound was presented without presenting the visual information were compared. In 
the condition without visual information of the sound source, an interior photo of the anechoic room 
was presented to simulate the situation in which only the sound was presented in the anechoic room. 
Experiments were performed by the Magnitude Estimation method. A subject sat in the center of the 
reproduction system, and evaluated the loudness and annoyance of the test stimuli in an environment 
in which the video and test sound were presented simultaneously. For the eighteen test sounds, 
evaluation was repeated twice under two conditions, with and without visual information. The 
experiments for loudness and annoyance were conducted separately, with one week between the two 
experiments for all subjects. 10 subjects in their twenties with normal hearing participated in the 
experiment.  

3.3 Results and discussions 

Figure 4 (a) and 4 (b) show the relationship between the geometric mean ME values of loudness 
and annoyance evaluations and LAeq,30s of the test sounds. For the analysis, we calculated the 
correlation coefficient between the two results for each subject and used data from the subjects who 
showed the correlation value of 0.6 or higher. Regarding the difference between the average values 
of the evaluation results with and without visual information, pairs for which a significant difference 
was observed at the 5 % level in the paired t-test are indicated by [ ] in the figure.  

Regarding the loudness, it was clear that the condition with visual information tended to be 
evaluated lower than the condition without visual information. Among the 18 pairs in total, 16 pairs 
showed significant differences between the presence and absence of visual information. Focusing on 
the difference according to the sound source, the ME value of aircraft noise was larger than that of 
road traffic noise and railway noise. Regarding the influence of visual information, there was a 
tendency that the difference between evaluation results with and without visual information was small 
for the aircraft noise. Regarding the annoyance, same tendencies were seen on the following two 
points. [1] Evaluation for the condition with visual information tends to be lower than that without 
visual information. [2] The ME value of aircraft noise is higher than that of road traffic noise and 
railway noise. 



 

 

   
(a) Loudness evaluation                 (b) Annoyance evaluation 

Figure 4  Result of an experiment on loudness (a) and annoyance (b) for road traffic noise (RTN), railway 
noise (RWN) and aircraft noise (ACN). (A) and (A+V) in an explanatory note indicates the 
experimental condition with audio information only and that with both audio and visual 
information, respectively. 

 
The effects of the visual information on loudness and annoyance were quantitatively evaluated by 

converting the difference of psychoacoustical ME values to physical values of additional A-weighted 
sound pressure level. According to Stevens' law, there is a power exponential relationship (Ψ=kΦβ) 
between the physical quantity of a stimulus Φ and the sensory quantity Ψ, and the linear relationship 
log Ψ = log k + βlog Φ can be deduced. Here, let us apply the A-weighted sound pressure level as the 
logarithm of the physical property of sound, log Φ. From the experimental results without visual 
information, a strong linear relationship was seen as in the theory between LAeq,30s and the logarithm 
of the ME value as shown in Fig. 5. Therefore, as illustrated in Fig. 6, the value of the A-weighted 
sound pressure level ( LA,2) was calculated using the slope of the regression line under the condition 
without visual information. The level difference ΔLA due to the addition of visual information to the 
A-weighted sound pressure level (LA,1) determined in the case without visual information is calculated 
by ΔLA = LA,2 - LA,1, and is used as a quantitative value indicating an effect of visual information. 

              
Figure 5  Relationship between logarithmic 
physical quantity (LAeq,30s) and psychoacoustical 
quantity (level description of ME value) under the 
condition without visual information. 

Figure 6  Effect of visual information as level 
difference in terms of A-weighted sound pressure 
level. 

 
Figure 7 (a) and 7 (b) show the calculation results. The effects of visual information resulted in 

negative values in most cases. Although there are variations in both loudness and annoyance 
evaluations, the average values were –5 dB (loudness), –6 dB (annoyance) for road traffic noise, and  
–6 dB (loudness), –3 dB (annoyance) for railway noise. On the other hand, for aircraft noise, the 
quantitative values were relatively small as –3 dB (loudness) and –1 dB (annoyance). 

 



 

 

    
(a) Loudness evaluation                     (b) Annoyance evaluation 

Figure 7  Effect of visual information as level difference, ΔLA, in terms of loudness (a) and annoyance (b) 
evaluations in the Experiment 1 

4. EXPERIMENT 2 – COMPARISON AMONG ROAD TRAFFIC, AIRCRAFT AND 

BOAT NOISES 

4.1 Stimuli of the experiment 

Twelve test stimuli (road traffic noise: 3, aircraft noise: 4, boat noise: 5) shown in Fig. 8 (a), 8 (b), 
and 8 (c) were used in the experiment 2. As ships which generated navigation noise, waterborne traffic 
ships, cargo ships, and pleasure boats navigating rivers in the Tokyo Bay area were selected, and their 
traffic images (videos) and sounds were recorded and used in the experiment. Duration time of all 
stimuli were made 30 seconds. The range of LAeq,30s ranged from 57.8 dB to 64.7 dB for road traffic 
noise, from 51.5 dB to 71.8 dB for aircraft noise, and from 49.8 dB to 65.4 dB for boat noise. 

 

 
(a) Road traffic noise (RTN) 

 
(b) Aircraft noise (ACN) 

 
(c) Boat noise (BN) 

Figure 8  Visual stimuli and their A-weighted sound pressure levels in the Experiment 3 

4.2 Procedure of subjective experiment 

As in the Experiment 1, the Magnitude Estimation method was used and the condition where both 
the images of the site and the test sound were presented (with visual information), and the condition 
where the test sound was presented without the images of the site (no visual information) were 
evaluated. Under the condition that the images of the site were not presented, the images of the 
anechoic room were presented to simulate the situation in which only the sound was presented in the 
anechoic room. In addition, for the stimulation of aircraft noise and boat noise, the conditions with 
the image recorded at the same measurement point without the aircraft or boat (the condition with 
images but without sound source images) were also added. As a result, there were 33 experimental 
conditions in total, and these conditions were presented to the subjects in random order, and the 
evaluation was repeated twice. 
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4.3 Results and discussions 

 Figure 9 (a) and 9 (b) show the relationship between the geometric mean of the loudness and the 
annoyance ME values and the LAe,30s of the test sound. The correlation coefficients between the two 
evaluations given by each subject were checked, and the data of 11 subjects who showed a value of 
0.6 or higher were used for the analysis. In order to confirm the significance of the difference in 
subjective evaluation between the presence and absence of visual information, a statistical test was 
conducted as in Experiment 1. For road traffic noise, the results of two groups were compared: the 
condition without visual information (A) and the condition with visual information (A+V). For aircraft 
and boat noises, multiple comparisons were performed for three groups: the condition without visual 
information (A), the condition with visual information (A+V) and the condition with video without 
sound source images (A+V w/o Source). When comparing the two groups, a paired t-test was 
performed when normality was observed in the distribution of the data used, and Wilcoxon signed-
rank test (paired) was performed when normality was not observed. In the multiple comparison of the 
three groups, the significance level was corrected by Holm's method in the Wilcoxon signed-rank test. 
Pairs with a significant difference at the 5% level are marked with [] in the figure. 

 Regarding the road traffic noise, significant differences were found in the presence or absence 
of visual information in 3 conditions for loudness evaluation and in 2 conditions for annoyance 
evaluation. Regarding aircraft noise, there was little difference in evaluation of loudness and 
annoyance between the cases with and without visual information. These points showed the same 
trend as Experiments 1. Regarding the boat noise, there were significant differences in the cases except 
for loudness and annoyance evaluation for C-1, where LAeq, 30s was lowest (49.8 dB), and for 
annoyance evaluation at C-2, where LAeq, 30s was the second lowest(56.5 dB). 

The level difference ΔLA due to the addition of visual information was analyzed in the same manner 
as in Experiments 1. Figure 10 (a) and 10 (b) show the results. Visual information has a large effect 
of –6.0 dB (loudness) and –4.6 dB (annoyance) for road traffic noise and small effect of –2.1 dB 
(loudness) and –1.1 dB (annoyance) for the aircraft noise. Such tendencies correspond to the results 
obtained in the Experiment 1. Comparing the values, the effects for boat noise were –3.5 dB (loudness) 
and –3.6 dB (annoyance), and the values were higher than those of aircraft noise and slightly less than 
those of road traffic noise. 

 
(a) Loudness evaluation                   (b) Annoyance evaluation 

Figure 9 Loudness (a) and annoyance (b) evaluations for road traffic noise (RTN), Aircraft noise (ACN) 
and boat noise (BN) in the Experiment 2. 

 
 



 

 

 
(b) Loudness evaluation                   (b) Annoyance evaluation 

Figure 10  Effect of visual information as level difference, ΔLA for road traffic noise, aircraft noise and boat 
noise, in terms of loudness (a) and annoyance (b) evaluations in the Experiment 2. 

 

5. CONCLUSIONS 
  An experimental study was carried out to investigate the effects of visual information of sound sources 
on the evaluation of loudness and annoyance of various traffic noises. For this experimental study, we 
constructed an audio-visual reproduction system that combines a dome-type screen with a 6-channel sound 
field simulation system installed in an anechoic room, and conducted subjective tests. As a result, it was 
confirmed that presenting visual information of the sound source tended to reduce the sense of loudness and 
annoyance. Considering that visual information is usually accompanied in the actual living environment, it 
is more appropriate to evaluate sound environment by providing not only the auditory signals but also visual 
information. Quantitatively, the subjective noise reduction effects of the visual information of the sources 
were about 5 to 6 dB for road traffic and railway noises, about 3 to 4 dB for boat noise and about 1 to 3 dB 
for aircraft noise. Previous studies have reported that the perception of loudness tends to be reduced by the 
presentation of visual information, and that the effect of visual information on annoyance differs depending 
on the type of sound source (2,3). The cause, however, remains to be unclear. On the physical characteristics 
of sound stimuli (frequency characteristics, temporal fluctuations), the characteristics of visual stimuli (size 
of sound image, moving speed, etc.) and preference for sound sources, further investigation is necessary. 
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ABSTRACT 

In this paper, we propose a novel complex prediction based temporal noise shaping (TNS) scheme for audio 
coding to reduce the amount of information in the frequency domain more effectively. We utilize the discrete-
Fourier transform (DFT) to extract the complex-valued linear prediction (LP) coefficients and create a 
temporal envelope to flatten the audio signal in the time domain. By flattening across the differential temporal 
axis, the residual signal becomes more robust with respect to the pre-echo distortion, which cannot be 
flattened enough by the conventional TNS. To verify the performance of this proposed method, the subjective 
quality evaluation was performed by comparing with the latest audio codec technology the MPEG unified 
speech and audio coding (USAC). Furthermore, the proposed method has improved sound quality at 128 
kbps for stereo contents. In particular, we observed that there was a distinguishable quality improvement for 
the items mostly composed of the transient periods. 

 

Keywords: Temporal noise shaping, Audio coding, Unified speech and audio coding 

 

1. INTRODUCTION 
Audio coding technology has been developed in a way that reduces the amount of information by 
applying an adequate quantization method considering the human auditory perception characteristics 
[1][2]. Human auditory characteristics are derived from the psychoacoustic models, which can be 
analyzed mainly in the frequency domain of audio signals. Therefore, in order to perform quantization 
by applying the certain psychoacoustic models, the audio signal is analyzed in the frequency domain 
at first. For a time-frequency analysis, the basic things to determine in advance are the type of window 
shape for frequency analysis and the frame size of the target temporal bins [2]. Here, the time and 
frequency resolution are changed depending on the size of the analysis temporal frame. When the 
frame size increases, the frequency resolution increases correspondingly so that the quantization 
efficiency for the spectral coefficients can be improved. However, the quantization noise in the time 
domain gets worse in the transition period, which is an abrupt changed period of the audio signal on 
the temporal axis. Accordingly, the sound quality for the transient period becomes degraded. This is 
called the pre-echo noise [2][3]. The temporal noise shaping (TNS) technology was introduced to deal 
with pre-echo noise [3], and has been regarded as a key encoding tool utilized even in the state-of-
the-art audio codec standard, MPEG-H 3D Audio [4].  

The method proposed in this work is a technology to suppress the aforementioned pre-echo noise 
effectively by improving the conventional TNS. The proposed complex prediction can extract the 
time-domain envelope information more accurately in the frequency domain. In addition, the proposed 
method can suppress the pre-echo noise more efficiently. The proposed method is defined as the 
complex prediction temporal noise shaping (CTNS). In this paper, the basic principle and 
characteristics of the proposed CTNS are explained, and its effectiveness is shown by the subjective 
listening evaluation. 

2. CTNS TECHNOLOGY 
The CTNS is to improve the performance of the conventional TNS to increase the coding efficiency. 
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Ideally, the TNS achieves the coding efficiency by flattening the amount of temporal information and 
suppressing the quantization distortion in the transient period [3]. The proposed CTNS is designed to 
obtain the improved flattening performance in the time domain as well as to predict the Hilbert 
envelope more robustly than the conventional TNS. Here, the Hilbert envelope can be described as 

 
𝑥 (𝑛) = 𝑥(𝑛) + 𝑗𝑥 (𝑛).       (1) 

 
Here, 𝑥(𝑛)  and 𝑥 (𝑛)  denote the original input signal and the corresponding analytic 

representation which is the complex. 𝑥 (𝑛)  is the imaginary part of 𝑥(𝑛) , which is required to 
calculate 𝑥 (𝑛). For this, the Hilbert transform is mainly utilized [3][7]. The analytic representation 
is the complex value and the magnitude of the complex value corresponds to the original magnitude 
of the original signal. In terms of the audio signal, the magnitude of the analytic representation is 
interpreted as the estimated temporal envelope of the original audio signal. 

Figure 1 shows the result of estimating the envelope information from the magnitude value of the 
analysis signal after calculating the input audio signal into the analytic representation 𝑥 (𝑛) using 
the Equation (1). When the envelope information is extracted from the original audio signal by using 
the estimated temporal envelope, the audio signal can be flattened on the time axis. The flattened 
audio signal is expressed as a residual signal even in the undetected transition period, and there is no 
need to detect the transition period separately in order to reduce quantization distortion. In other words, 
the transition period can be extracted itself by using the estimated temporal envelope. On the contrary, 
since the conventional TNS extracts the prediction parameters in the MDCT domain, the TNS does 
not extract the desired temporal envelope perfectly due to the time-domain aliasing. That is, the 
suppression ability for the pre-echo noise is degraded by using the conventional TNS [7]. 

 

 
Figure 1 – Audio envelope information extracted from analysis signal 𝑥 (𝑛) 

 
Figure 2 is a block diagram of the CTNS encoding process. The linear prediction is performed on 

the frequency signal 𝑥 , (𝑏)  of the 𝑏 -th input frame obtained by transforming the analytic 
representation 𝑥 (𝑛). For the frequency analysis, the DFT is applied. Accordingly, the obtained linear 
prediction coefficient (LPC) 𝑙𝑝𝑐 (𝑏) is a complex value. The order of the LPC is set to the 8 and the 
complex LPC is extracted per 80 ms frame. The inverse DFT (IDFT) is performed after zero-padding 
so that the LPC has the same frame size (80 ms) equal to 𝑥(𝑛). The obtained information 𝑥 (𝑛) 
denotes the temporal envelope of 𝑥(𝑛). By subtracting the temporal envelope from 𝑥(𝑛), the residual 
signal 𝑥 (𝑛)  is obtained. Then, the residual signal 𝑥 (𝑛)  is quantized after MDCT in the 
conventional way. 

Figure 3 shows the temporal envelope estimated by the conventional TNS and the proposed CTNS. 
When the conventional TNS estimates the temporal envelope by performing LP in the MDCT domain, 
the undesired aliasing error occurs in the estimated envelope. In order to solve this problem, the 
method to apply the TNS by changing the analysis window type is currently being utilized in the 
MPEG advanced audio coding (AAC) standard [3][6]. However, since this limitation is due to the 
imperfect TNS operation, not only the additional structural complexity is accompanied but also the 
encoding efficiency is degraded. On the other hand, it can be seen that the proposed CTNS robustly 
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estimates the temporal envelope of the input audio signal. Therefore, when the temporal envelope is 
successfully extracted from the time-domain audio signal, the information of the input audio signal to 
be quantized can be further reduced. The improved estimation for the temporal envelope not only 
increases the coding efficiency for the transient period but also suppresses the pre-echo noise and 
enables robust analysis for a long period. The final quantization method shown in Figure 2 follows 
same procedure of USAC TCX quantization method. Therefore, the final residual signal 𝑥 (𝑛) is 
quantized in frequency domain after MDCT transformation to obtain  𝑥 , (𝑛) for final bitstream 
conversion.  

 

 
Figure 2 – CTNS-based audio encoder structure block diagram 

 
(a) 

 
(b) 

Figure 3 – Comparison of the original audio signal and the extracted envelope information of (a) the 

conventional TNS and (b) the CTNS  
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3. PERFORMANCE EVALUATION 
To verify the performance of the proposed method, the subjective evaluation was performed. The 
MUSHRA (MUltiple Stimuli with Hidden Reference and Anchor) methodology was adopted for the 
subjective evaluation [8]. In order to evaluate the performance of high sound quality, the test was 
performed with stereo audio sources at 128 kbps. For the reference system, the USAC encoding 
technology is used. The applied USAC encoding technology is a TCX (Transform code excitation) 
mode only and the frame size is equally set to 1024 both in the reference and proposed system to 
verify the validity of the proposed method. The eleven evaluation items are selected consisting of 4 
speech items, 3 music items, and 4 mixed items including music and audio at the same time, which is 
a test item selected by the MPEG audio standardization organization [9]. Eight expert evaluators 
participated in the evaluation.  

Figure 4 shows the results of 95% confidence intervals based on the average of the absolute scores 
performed on the listening evaluation. If the confidence interval does not overlap, it can be interpreted 
that there is a statistically significant difference between the comparison systems. As a result of the 
analysis of absolute scores, it was observed that there were some items with overlapping confidence 
intervals for each item, but the total average score showed non-overlapping superiority in confidence 
intervals. Therefore, it can be confirmed that the proposed technology is statistically better than those 

of reference system.  

 

 
Figure 4 – Subjective evaluation result (A: USAC TCX, B: proposed system, lp35: Anchor signal by 3.5 

kHz low-pass filtering, org: hidden reference) 

 

4. CONCLUSION 
In this paper, the CTNS technology was proposed. The CTNS is an audio encoding technology 
reducing the amount of information on the time axis. The proposed technique has the improved 
performance against the conventional TNS by using complex LP and achieves the further reduced 
information. As a result, the improved quality was proved from the MUSHRA listening evaluation. In 
particular, while the conventional TNS works incompletely in the MDCT domain, the proposed 
technique achieves the better reduction of the time domain information by utilizing the temporal 
envelope estimated by the complex-valued DFT coefficients. However, the quantization method for 
complex-valued DFT coefficients has not yet been applied, and the residual signal from which the 
actual temporal envelope has been removed in time domain causes structural complexity in which it 
is required to be converted back to MDCT for encoding. Therefore, a quantization method for 
complex-valued DFT coefficients should be further developed in the future, and structural complexity 
should be reduced by applying it to CTNS. 
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ABSTRACT 

Climate change owing to global warming is inducing governments to achieve carbon neutrality. The automotive 

industry is moving toward carbon neutrality by using hydrogen and electric vehicles as well as clean diesel vehicles.  

The sales of clean diesel vehicles are also increasing in Japan; however, the sounds corresponding to the acceleration 

of vehicles differ. An attractive sound quality desired by humans. This quality is determined based on human 

expectations relative to the ideal sound. The sound generated during acceleration is an important cue for comfortable 

driving. By using an organoleptic evaluation for electric and diesel vehicles, this study explored the universal 

characteristics of a sound originating from the acceleration of the vehicle that results in comfortable drivin g. In 

particular, the SD method, factor analysis, and mapping acoustic features were adopted to measure the psychological 

aspects of sound using rating scales. The SD method adopted adjective pairs for each preselected sound originating 

from the acceleration as the evaluation scale. Six stimuli sounds were used and filtered using 1000 and 5000 Hz low-

pass filters that simulated the characteristics of sound-absorbing materials. Hearing experiments were conducted 

using these stimulus sounds, and the results were subjected to factor analysis and mapping between the acoustic 

features and rating scales. 

 

Keywords: SD method, vehicle, electric vehicle, diesel vehicle, EV, DV, comfortable sound 

1. INTRODUCTION 

Automobiles form an integral part of our transport system and their need is evident, from the annual increase of 

automobiles ownership in Japan [1]. However, the environmental pollution created by automobiles cannot be 

resolved. Currently, the focus is on electric vehicles (EV), clean diesel vehicles (DV), and other vehicles that emit 

less exhaust gas [2]. EVs differ from conventional vehicles in many respects, including the running noise. 

Compared with conventional vehicles, EVs can sound quiet and monotonous. Most drivers use sound cues as an aid 

to safe driving. However, if the acceleration sound is monotonous, it may be difficult for the driver to feel a sense 

of acceleration leading to over speeding and accidents whereas simply amplifying the running sound could make it 

unpleasant. To address this issue, it is necessary to generate a sound that is comfortable for the driver to use as a 

feedback. 

 Currently, studies on comfort and noise reduction have focused primarily on a single powertrain; however, 

there have been no comparative studies on acceleration noise between different powertrains. In this study, we  

conducted a basic study of universal characteristics for comfortable acceleration sound usable for the sound design 

of EVs and DVs. We used the SD method, factor analysis, and direct correspondence between evaluation scales and 

acoustic features to determine the best sound parameters. 

 

                                                        
1 nitta@sd.info.hiroshima-cu.ac.jp, ishimitsu@hiroshima-cu.ac.jp 

 

 



 

 

2. EXPERIMENTAL 

2.1 Evaluation Methods 

   2.1.1  Semantic Differential Method 
The semantic differential (SD) method, a scale construction method, was used to measure the psychological aspects 

of the sound [3]. Specifically, multiple adjective-pair rating scales with opposite meanings, such as "acute" and "dull," 

are used to evaluate the target. The scale was used to clarify the impression of the stimulus object. The responses of 

multiple subjects are quantified using a "Likert scale" that scores each rating scale step on a 5-point or 7-point bipolar 

scale for each rating scale pair. In many cases, multivariate analysis, such as principal component or factor analysis 

(described in Section 2.1.2), is used to extract the evaluation dimensions. This method is characterized by its ability 

to identify and quantify multidimensional psychological impressions. Because they are easy to implement, they are 

widely used in surveys of various impression and design evaluation preferences. 

 

   2.1.2  Factor Analysis 
 Factor analysis is a multivariate analysis technique used to find and summarize common factors hidden in 

multivariate data to identify factors that have a strong influence. This factor is not measured but  is a latent variable 

that is derived based on correlations between measured variables. It is a method used to determine the latent -factors 

influences on an observed variable [4]. 

 

2.2 Rating Scale Selection 

 To determine the adjectives used in the rating scale, 10 participants were asked to produce at least 20 adjectives 

for each of the acceleration sounds EV and DV. Similar adjectives were grouped by all participants, and a 

representative adjective was chosen for each group. From these adjectives, the participants were asked to select all 

the adjectives that corresponded to the impression of the acceleration sounds of EV and DV, and the top 10 votes 

were used as adjectives for the evaluation scale. Finally, the adjectives were paired with their counterparts to create 

adjective pairs that were used as a rating scale. The following points were considered when determining the rating 

scale. Interpretations that could be construed differently by different people should be avoided. Use sensory and 

intuitive items rather than abstract and theoretical items. Similar items should be combined such that the overall 

composition varies. Do not divide the value judgments (like/dislike). In principle, the opposite is used. Negatives can 

be used for this purpose as well. Twenty adjectives were selected considering these factors. The selected adjectives 

and their counterparts are listed in Tabs. 2.2.1 and 2.2.2. 

 

Tab. 2.2.1 EV Rating Scales          Tab. 2.2.2 DV Rating Scales 

      
 

2.3 Experimental Details 

   2.3.1  Stimulus Sound 
 The EV stimulus sounds were from Tesla [5] and MAZDA for DV. Acceleration sounds for approximately 15 s 

from standstill were used from both vehicles. In addition, the two sound sources were modulated using a 1000 and 

5000 Hz low-pass filters, with 10 dB attenuation to confirm the change in psychological evaluation by acoustic 

features. These filtered sources imitate a sound absorbed by a sound-absorbing material. Six sound sources were used 

as stimulus sounds for the EV and DV. Tab. 2.3.1.1 lists the created stimulus sounds and Figs. 2.3.1.1-2.3.1.6 displays 

the spectrograms for each stimulus sound. 

A previous study [6] reported that the loudness of driving noise with closed windows ranged from 8-28 sones. 

Therefore, a dummy head was used to set the loudness to a maximum value of approximately 28 sones in the actual 

measurement. 

 



 

 

Tab. 2.3.1.1 Stimulus Sound 

 
 

   
  Fig. 2.3.1.1 EV Original Acceleration Sound              Fig. 2.3.1.4 DV Original Acceleration Sound 

 

   
Fig. 2.3.1.2 EV 1000Hz low-pass Filtered Acceleration Sound    Fig. 2.3.1.5 DV 1000Hz low-pass Filtered Acceleration Sound 

  

   
Fig. 2.3.1.3 EV 5000Hz low-pass Filtered Acceleration Sound    Fig. 2.3.1.6 DV 5000Hz low-pass Filtered Acceleration Sound 

 

   2.3.2  Experimental Conditions 
 Fifteen individuals (13 males and 2 females, aged 21-24 years) were used in the experiment. The auditory 

impression experiment was conducted in an anechoic room at Hiroshima City University. 

 

   2.3.3  Experimental Methods 
 Auditory impression tests were conducted using the SD method. Subjects were presented with six stimuli 

(acceleration) sounds and asked to evaluate, for each sound, 19 words on a mixed scale for EV and DVs. The stimulus 

sounds were played in a loop every 10 s after the start of the playback. A cue sound (1 s) was played 3 s before the 

start of the stimulus sound. The stimulus sound was presented through an AV amplifier (YAMAHA NATURAL 

SOUND AV RECEIVER RX-V583) and headphones (Sennheiser HD595 open headphones). The experimental 

evaluation was conducted using a tool created in Excel macros. The results were scored as +3, +2, +1, 0, -1, -2, and 

-3, in order from the closest to the positive factor. Considering the order effect, each stimulus was played back at 

random. 



 

 

3. RESULTS AND DISCUSSION 

3.1 Factor Analysis Results and Discussion 

 Factor analysis was conducted on the data obtained from the auditory impression experiment. The maximum 

likelihood method was used for factor extraction, and Promax rotation was used as the rotation method. In the factor 

analysis of the evaluation scale that mixed both EV and DV, the " Kaiser-Meyer-Olkin (KMO) measure of sampling 

adequacy" was less than 0.5 for all sound sources, indicating that the validity of the factor analysis was not obtained 

(Tab. 3.1.1). This is because of the low mutuality between the acceleration sound of one and the impression (rating 

scale) of the other and the sound impressions of the two differed greatly from each other.  

Tabs. 3.1.2-3.1.7 lists the results of the factor analysis of the acceleration sounds of the EV and DV, respectively. 

The evaluation scales with factor loadings of ±0.5 or more (colored in the figure) are considered to influence the 

factor. Based on the evaluation scales that make up the factors, the first factor for DV is the "impact-factor" and the 

second factor is the "acceleration-factor," whereas the first factor for EV is the "ultrachic-factor" and the second 

factor is the "artificial-factor." Figs. 3.1.1-3.1.6 plots the values of the first and second factors. 

The factor analysis results, for DV revealed that the power factor was stronger than the acceleration factor for the 

1000 Hz and 5000 Hz low-pass sounds. Therefore, power is perceived from a strong low-frequency range and 

acceleration is perceived from a high-frequency free range (above 5000 Hz). Figs. 3.1.1-3.1.3 shows a negative 

correlation between the power and acceleration factors.  

For EV, there is a negative correlation between the smart factor and the artificial factor, as shown in Figs. 3.1.4-

3.1.6. It was observed, using the "ultrachic-misshapen" evaluation scale, that the 1000 Hz and 5000 Hz low-pass 

sounds were considered artificial (artificial factor value > 0). Therefore, the high-frequency range (above 5000 Hz) 

was felt as natural.  

 

Tab. 3.1.1 KMO Measure of Sampling Adequacy 

 
 

       Tab. 3.1.2 Factor Analysis of DV Original Sound        Tab. 3.1.5 Factor Analysis of EV Original Sound 

      

 

    Tab.3.1.3 Factor Analysis of DV 1000Hz low-pass Sound        Tab.3.1.6 Factor Analysis of EV 1000Hz low-pass Sound 

       
 

 



 

 

Tab. 3.1.4 Factor Analysis of DV 5000Hz low-pass Sound       Tab. 3.1.7 Factor Analysis of EV 5000Hz low-pass Sound 

    
 

             
Fig. 3.1.1 DV Original Acceleration Sound         Fig. 3.1.4 EV Original Acceleration Sound 

 

          
Fig. 3.1.2 DV 1000Hz low-pass Acceleration Sound      Fig. 3.1.5 EV 1000Hz low-pass Acceleration Sound 

 

          
Fig. 3.1.3 DV 5000Hz low-pass Acceleration Sound    Fig. 3.1.6 EV 5000Hz low-pass Acceleration Sound 

 

3.2 Mapping Acoustic Features to Rating Scales 

 Figs. 3.2.1 and 3.2.2 show the evaluation averages for each stimulus sound obtained in the experiment for EV 

and DV, respectively. Fig. 3.2.3 shows the evaluation averages of the original sound for both vehicles. As observed 

from the general shapes of Figs. 3.2.1 and 3.2.2, many of the evaluation values were in conflict between the two 



 

 

vehicles. Tabs. 3.1.1 and 3.1.2 lists conflicting and similar evaluations of the sources of both vehicles, respectively.  

We evaluated the conflict evaluation scales in Tab. 3.2.1. The "lightly – heavily," Figs. 2.3.1.1 and 2.3.1.4 showed 

that the low-frequency range was stronger than the high-frequency range for DV such that evaluators felt a sense of 

power and heavy, as described in Section 3.1. By contrast, the EV source sound felt lighter, suggesting that the EV 

may feel more powerful when the low-frequency range is stronger. 

We evaluated the similar scales in Tab. 3.2.2. The "cool - uncool" rating scale was not suitable because it primarily 

depended on personal preferences. However, because DV was rated as cooler than EV for all sound sources, it is 

possible that some acoustic features were responsible. The sounds are listed in order of evaluation value from Figs. 

3.2.1 and 3.2.2 for "sporty - not-sporty." 

 

   EV 5000 Hz low-pass filtered sound > DV original sound, 5000 Hz low-pass filtered sound 

         > DV 1000 Hz low-pass filtered sound > EV original sound, 1000 Hz low-pass filtered sound 

 

The values with "," are equivalent to those with ",". The EV is not sporty compared to the 5000 and 1000 Hz low-

pass sound sources. This suggests that the frequency range of 1000-5000 Hz is responsible for the sporty feeling. The 

DV is considered sportier in the frequency range from 1000 Hz to 5000 Hz because the original sound source and the 

5000 Hz low-pass sound source are sportier than the 1000 Hz low-pass sound source. From Figs. 3.2.1, and 3.2.2, the 

sound sources are listed in order of evaluation value for "acceleration - not-acceleration". 

 

   DV original sound, 5000 Hz low-pass filtered sound > DV 1000 Hz low-pass filtered sound 

         > EV 5000 Hz low-pass filtered sound > EV original sound > EV 1000 Hz low-pass filtered sound 

 

Evaluating the spectrograms (Figs. 2.3.1.4-2.3.1.6,) we observe that the 1000 Hz low-pass sound for the DV has 

lost the engine or motor rotation order component in the high-frequency range, and thus the acceleration feeling is 

considered to be the least perceptible among the DV. In addition, the 1000Hz low-pass sound source cuts off energy 

in the high-frequency range; therefore, a sense of acceleration was not felt.  The EV does not have a strong order 

component, but it is clear that the power increases immediately around 0 to 3 s. Because humans can easily recognize 

the transition, it is believed that they felt a sense of acceleration at this point.  

 

 
Fig. 3.2.1 Evaluation Average of DV Sound 

 



 

 

 
Fig. 3.2.2 Evaluation Average of EV Sound 

 

 
Fig. 3.2.3 Evaluation Average of EV and DV Original Sound 



 

 

Tab. 3.2.1 Conflicting Evaluation Scales        Tab. 3.2.2 Similar Evaluation Scales 

                    
 

4. Summary 

In this study, EV and DV were used to examine the universal characteristics for a comfortable acceleration sound. 

Factor analysis was conducted to map the evaluation scale to acoustic characteristics. The results are summarized 

below. 

Factor analysis using a mixed rating scale for both vehicles  resulted in a "KMO measure of sampling adequacy" 

of less than 0.5, which did not provide validity for factor analysis. This suggests that the required mutuality of the 

acceleration sounds for both vehicles was low. 

The correspondence between the evaluation scale and the acoustic features showed that the EV has an "ultrachic-

factor" and an "artificial-factor." The high-frequency range feels more natural (less artificial). DV showed "impact-

factor" and "acceleration-factor," indicating that they felt power in the low-frequency range and acceleration in the 

high-frequency range. The 5000 Hz low-pass sound source was found well -balanced between these two factors. 

Conflicting and similar evaluation scales for both vehicles were examined. The conflicting evaluation scales indicate 

that the DV has a large energy difference in the low to high-frequency range and seems massive, whereas the EV feels 

light, suggesting that the EV may feel powerful when the low-frequency range is strong. 

Similar evaluation scales suggest that the frequency range of 1000 to 5000 Hz provides a sporty feeling for both 

vehicles. DV is thought to perceive acceleration through the rotational order components of the engine and motor, 

whereas EVs are thought to perceive acceleration through the energy change in the initial speed. 
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ABSTRACT 

The limited availability of audio booths and the lack of skilled operators result in limited access to 
audiometric testing. In fact, according to data from the World Health Organization (WHO) in 2050, around 
700 million people will need rehabilitation to overcome a hearing loss that can 'paralyze' them. This pilot 
study investigated the ability of two types of headphone attenuation for clinical testing outside the audio 
booth to approximate the ANSI/ASA S3.1-1999 (R2018) standard Maximum Allowable Ambient Noise 
Levels (MPANLs) at specific test frequencies applied to room audiometry. Headphone attenuation and 
ambient noise reference capability for audiometers were evaluated by comparing air conduction thresholds 
in the laboratory in response to noise interference provided through omnidirectional speakers up to 4 
reference levels (28 dBA, 38 dBA, 48 dBA, 58 dBA). The study started in a small sample as a pilot study 
of 3 subjects with normal hearing (age range 19 – 58 years; mean age 25.7) who were tested using insert-
type headphones (wired and wireless) with passive and active attenuation. The results of the study 
concluded that there was no statistically significant increase in headphones with passive noise canceling 
until the ambient noise reference reached 58 dBA. However, it is different from active noise canceling, 
which has increased at those reference level. 

 

Keywords: audio booth, headphone attenuation, maximum permissible ambient noise levels, audiometry, 
air conduction threshold 

1. INTRODUCTION 
According to data from the World Health Organization (WHO) in 2019, more than 5% of the 

population or about 430 million people suffer from moderate to severe hearing loss. This fact is 
expected to increase by 2050, when more than 700 million people, or one in ten people in the world 
will experience hearing loss, which leads to an increasing need for audiometric test services. This 
test service is important because the results will determine the appropriate treatment for a person's 
hearing condition before it progresses to severe hearing loss [1]. Unfortunately, more than two-
thirds of people with hearing loss live in low- and middle-income countries or cities with limited 
access to these services [2].  

In developing countries, the availability of audiometric test services is also still limited due to 
the high cost of procuring audio booths. Even though its presence is needed to reduce ambient noise 
during the audiometric test [3]. As a solution, we made a portable audio booth to overcome this 
problem. However, it turns out that few portable booths cannot meet the ANSI S3.1 -1999 standard 
for low frequencies attenuation criteria [4], this was demonstrated by testing in 13 audiometric 
booths located on test vehicles operating in the Midwest, with only 38% of the total booths 
matching the overall test frequency  [5]. This contrasts with diagnostic audiometry booths which 
generally offer better attenuation than portable audio booths, with maximum noise levels that meet 
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or are close to the standards specified in ANSI S3.1-1999 (R2018). But again, the availability of 
these booths is usually limited to big cities, because making it happen requires a lot of cost, suitable 
materials, and reliable experts to design these booths [6], [7].  

The constraints mentioned above became the background for the idea to conduct an audiometric 
test in an open space without depending on the availability of an audio booth. This fact can be 
achieved by determining the type of headphone attenuation that is able to protect the ear from 
ambient noise in order to meet the maximum ambient noise reference value standard allowed in the 
ANSI S3.1-1999 (R2018) standard. The reference value is intended to achieve a hearing threshold of 
up to 0 dB HL for normal (sensitive) ear conditions. Since the presence of ambient noise can 
artificially increase the patient's hearing thresholds due to the test signal generated through the 
headphones being covered with high ambient noise [8]. 

2. MAXIMUM PERMISSIBLE AMBIENT NOISE LEVELS (MPANLs) 

2.1 Application 

The ANSI standard S3.1-1999 (R2018) governs the environmental conditions for the 
measurement of hearing thresholds according to MPANLs which are applied when both ears are 
covered by headphones with supra-aural pads or inserts in pure-tone air conduction audiometry. The 
attenuation provided by the two types of headphones depends on the frequency and variations of the 
user's ear shape [9]. The effectiveness of headphone attenuation on ambient noise can be obtained if 
the air conduction threshold to reach 0 dB HL (for sensitive ears) can be estimated at frequencies of 
125 – 8000 Hz [8]. 

MPANL is expressed in decibels (re:20 mPa) and is based on psychophysical data, the 
application of which depends on individual differences in hearing ability to detect signals under the 
influence of noise, in stimulation signals in the eardrum, and the amount of attenuation provided by 
headphones. The application of MPANL according to ANSI S3.1 – 1999 (R2018) for headphone 
attenuation testing is based on the assumption that MPANL is rejected if the hearing threshold shift 
occurs significantly, which is more than 2 dB [10]. 

2.2 Threshold Hearing Level 

A person's hearing threshold level affects the determination of the maximum permissible ambient 
noise level reference value (MPANLs), especially for someone who has a hearing threshold of up to 
0 dB HL (sensitive threshold). Based on ANSI Standard S3.1 – 1999 (Table 1- Ears Covered: Octave 
band MPANLs for supra-aural and insert earphones with three test frequency ranges; in dB re: 20 
mPa to the nearest 0.5 dB), the reference value will be used as a reference to determine the MPANLs 
for open space audiometry currently under development. Where this value will be increased 
gradually beyond the standard maximum limit up to 8-10 dB, this is done to match the actual 
situation in open space Hz [8] 

2.3 Pilot Study 

This study is a small version of a research carried out in preparation for further studies with 
larger sample size. This is done to ensure that the method or instrument proposed by the researcher 
is good enough and easy to understand and perform on the sample. Since the research is directly 
related to humans, it is necessary to carry out a feasibility study of all procedures that must be 
performed on the relevant samples. 

The purpose of this study was to determine the maximum allowable ambient noise levels 
(MPANLs) for open space audiometry through headphone attenuation measurements. This research 
was conducted by measuring the sample's hearing threshold using an audiometer in silent conditions, 
then slowly increasing the noise by 10 dB, to get the maximum limit of the headphone attenuation 
capability that can measure the sample's hearing threshold. Increasing the noise level is carried out 
until there is a shift in the sample hearing threshold beyond the maximum allowable limit. Where 
based on the ANSI S3.1 -1999 (R2018) standard, the maximum limit for shifting the hearing 
threshold is 2 dB, if it exceeds then the measured hearing level is considered invalid [10]. 
 

2.4.1 Sample 
The number of samples used in this pilot study was 3 people, consisting of 1 male and 2 female, 

with an average age of 25.7 years. All samples have normal hearing (PTA = 15 dBHL) as evidenced 



 

 

by the results of audiometric measurements at the hospital by an ENT specialist. 
 

2.4.2 Equipment 
Data were collected in the Vibration and acoustics laboratory in a semi-soundproof room, 

Surabaya – Indonesia using two types of attenuation combined with an earphone insert type. Where 
from the insert the first earphone uses a passive attenuation function and the second an active 
attenuation function. In addition, the connectivity of earphones with an audiometer is also 
distinguished, for passive attenuation uses a wired earphone insert, while active attenuation uses a 
wireless earphone insert. Passive damping here uses the ear cups to cover the ears when the 
earphones are inserted in at the same time. While active attenuation uses the Active Noise Canceling 
(ANC) feature from the earphones. The noise disturbance given is in the form of fan noise generated 
through omni directional speakers at noise levels starts on 38 dBA, 48 dBA, and 58 dBA as 
measured using a Sound Level Meter (SLM). 
 

2.4.3 Method 
The experimental setting was started by providing noise interference in the form of fan noise 

(white noise) in octave frequencies ranging from 125 Hz to 8000 Hz through omnidirectional 
speakers in the laboratory audio booth. Where the position of the speaker is placed at a height of 1 
meter from the floor parallel to the position of the subject's ears. Then, instruct the subject to using 
headphone and respond to pure tone by selecting one of the 3 box options that provide the pure tone 
signal (Three - Alternative Forced Choice, 3AFC). The hearing threshold search method uses an 
arithmetic procedure and an altered upper and lower paradigm, starting at random from a hearing 
level of 50 dBHL. The hearing level will increase or decrease depending on the correct or incorrect 
response of the subject. Then switch to a higher octave frequency up to 8000 Hz or down to 125 Hz 
with a minimum level of -20 dBHL to 100 dBHL [11]. 

In this study, the subject will choose one of the headphones that will be used first. For example, 
for headphones with passive noise canceling, the subject will use the earphone insert first, then 
continue to use the earmuff as passive noise canceling. Before starting, background noise will be 
measured using a Sound Level Meter (SLM), which on average is obtained at a background level of 
28 dBA, this measurement is carried out in the morning around 9:00 am, the level represents the 
background noise characteristics of the test room before being given additional noise. Then the 
noise is increased by adding additional noise so that it reaches the next background level, namely 38 
dBA, 48 dBA, up to 58 dBA. The same procedure is applied when using earphone inserts with active 
damping. The first thing to make sure is that when inserting the earphone into the ear canal it must 
be in the right and comfortable position, then try the "Check sound" feature in the software to make 
sure the tone is heard by the subject clearly, this step needs to be considered, especially when using 
earphones. wireless. The settings for using headphones/earphones can be seen in Figure 1. 

 

 
Figure 1 – Procedure for measuring hearing threshold using 2 earphones with (a) Active Noise Cancellation 

and (b) Passive Noise Cancellation in the form of earmuffs 

 

The ambient noise level, which is given as a disturbance when measuring the hearing threshold is 
shown in Table 1, where the range of values does not exceed the ANSI S3.1-1999 standard for 
earphone insert type, except for the 58 dBA level. The type of noise generated is white noise, but 



 

 

due to the high background noise from the room, it can produce fluctuating noise results, as is the 
case with the actual environment when measuring open space. Measurements outside the room are 
often disturbed by the sound of conversations, people passing by, and many other disturbances that 
cause unstable background noise, therefore, it is necessary to monitor noise during measurements so 
that it does not exceed the capability of the cushion dampener used during hearing measurement 
process.  
 

Table 1 – Background Level Reference 
Frequency 

(Hz) 
ANSI S3.1 – 1999 

(R2018)
Vibration and acoustics 

Laboratory
Insert Earphone 

(dB SPL)
28 

dBA
38 

dBA
48 

dBA
58 

dBA 
125 59 31 44 52 64 
250 53 26 40 50 61 
500 50 18 36 46 56 

1000 47 16 31 41 52 
2000 49 15 28 38 48 
4000 50 13 17 23 32 
8000 56 12 15 19 27 

 
 

2.4.4 Data Analysis 
Descriptive statistics were applied to determine the attenuation level of the headphone insert, based 
on the hearing threshold measured when the noise level was increased from 28 dBA, 38 dBA, 48 
dBA, to 58 dBA. From this test, the deviation value of the change in hearing threshold is obtained at 
each measured octave frequency. It should be noted that based on the data in Table 1, the deviation 
of the increase in background noise at each frequency is not linear. In Figure 2, the difference in 
mean hearing thresholds using passive attenuation (a) and active attenuation (b) is shown. 
 

 
Figure 2 – Hearing threshold result using 2 earphones with (a) Passive Noise Cancellation in the form of 

earmuffs and (b) Active Noise Cancellation 

 
The hearing threshold deviation obtained from audiometric measurements performed for each 
increase in the level of noise disturbance is different in each frequency band. Passive headphone 
pads (ear cups) provide excellent attenuation of the noise generated through the omnidirectional 
speaker, up to 58 dBA of noise, because it consistently gives the results of the average hearing 
threshold measurement for the sample is normal according to the doctor's diagnosis at the hospital. 
However, to determine the limits of MPANLs, the measurements are based on the ANSI S3.1-1999 
(R2018) standard, where the threshold shift is limited to 2 dB. According to the experimental results 
in Figure 2, at a background noise level of 58 dBA, there is a significant increase in the hearing 
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threshold beyond 2 dB.  
 

2.4.4 Evaluation Result 
The cushion's test is carried out to provide maximum performance in open space audiometry. 

Based on the reference MPANL value of the ANSI The S3.1-1999 standard on the insert earphone, 
the four noise levels of the headphone attenuation test still meet these standards. However, it is 
known that the ability of the ear pads to act as dampers on the headphones used does not produce 
the same results. 

The silencer on insert earphones with the active noise canceling feature cannot provide 
measurement results equivalent to the test results in hospitals when tested with the same background 
noise, thus giving higher results even though the test reference noise level has not been added. This 
fact led to a sample diagnostic result indicating that the subject suffered from hearing loss. The use 
of earphone inserts with active cancellation cannot work optimally for several reasons, including the 
placement of foam or rubber transducers is difficult due to the influence of the size and shape of 
each person's ear canal which is different, so that discomfort when using this earphone type. Another 
thing that was also found during data collection was that the Bluetooth connection used for 
communication was dependent on battery and test distance causing some pure tones to be inaudible 
and even only a "click" sound was heard due to the masking effect provided by the ANC feature on 
the earphones. 

Based on some of the obstacles mentioned above, from this pilot study, the most appropriate 
attenuation used for open space audiometric measurements is the use of multiple attenuation 
provided using earphone inserts and earmuffs simultaneously. However, the earmuffs that are used 
do not provide full comfort in use, especially for long durations, so further research is carried out 
using circum-aural headphones with the active noise canceling (ANC) feature that is disabled, so 
that they only rely on the pads on the headphones as noise cancelers. 

A follow-up study was conducted with 45 participants in the same age range as the previous pilot 
study. Comparing Circum-aural and Supra-aural headphones, the noise levels tested start at 48 dBA 
and 58 dBA levels, as previous experiments, the threshold increased when noise reached these levels. 
The testing procedure is also the same, using a three forced choice (3-AFC) audiometer in the 
Vibration and acoustics laboratory. The threshold measurements for these tests are shown in Figure 
3. Where headphones with the supra-aural type give better results than circum-aural. This event 
happens because the pads used in circum-aural headphones do not have a role as passive noise 
cancellation, because the default of these headphones is to use an active attenuation feature to cover 
environmental noise. 

 

Figure 3 – Hearing threshold result using 2 headphones with circum-aural and supra-aural 

 
 

3. DISCUSSION 
Earphone inserts combined with circum-aural earmuff as used in this study provided the 



 

 

maximum attenuation across the frequencies shown in Figure 1 and Figure 2a compared to insert 
attenuation using active damping. The combined damping level used is similar to that of a 5 cm mini 
panel booth and exceeds that of a portable cubicle portable [12]. Earphones with the insert type are 
known to be able to provide the highest attenuation as seen from the MPANLs table in ANSI S 3.1-
1999 (R2018) if the installation is correct. During the pilot study measurement process, the 
participants complained about the difficulty in placing the foam insert from the earphone device into 
the ear correctly, plus when the foam insert had completely entered the ear canal can cause 
discomfort when used. This has also been stated by other researchers in their writings regarding the 
obstacles in using insertion attenuation [13]. The occlusion effect (OE) occurs when the ear canal 
becomes occluded by an in-ear device, sometimes leading to discomforts experienced by the users 
due to the augmented perception of physiologic noises, or to a distorted perception of one's own 
voice [14] 

Furthermore, related to earmuffs, the use of it for a long duration of measurement makes it less 
comfortable for participants to use, so that in further research, the double attenuation is replaced 
with circum-aural headphones using the ANC feature disabled. With the aim of relying on the 
cushion of the headphones, which are more practical and comfortable to use during the measurement 
process. These headphones will be compared with supra-aural headphones, which according to ANSI 
S3.1-1999 performance in reducing noise is not as high as the earphone insert. However, the results 
obtained are that the performance of the headphones with the supra-aural type is better than the 
circum-aural type with the active noise canceling disabled. The result is still biased, because it uses 
one type of headphone that does not use according to its function, so it is necessary to do further 
research in testing headphones with the circum-aural type with a cable connection and the function 
of the pads as passive dampers. 

 

4. CONCLUSIONS 
The study conducted in this study was to select the type of attenuation of the headphones to be 

used according to the maximum permissible ambient noise level (MPANLs) in the actual 
environment based on the ANSI S3.1-1999 (R2018) standard. Headphones with proper attenuation 
will be used to test or validate the open-air audiometer developed by VIbrastic Laboratories in 
Surabaya, Indonesia. Based on the results of the pilot study, circum-aural bearings are found as 
passive dampers which are effective in covering or dampening ambient noise. However, not all 
circum-aural headphones can be used. This was proven when further testing was carried out on 
circum-aural headphones with the active noise canceling disabled feature, then compared to supra-
aural headphones, it turned out that supra-aural headphones were more effective at reducing noise 
than circum-aural headphones. Whereas according to ANSI S3.1 – 1999 (R2018) the maximum 
permissible ambient noise level for the supra-aural type is lower than that of the earphone insert. 
Therefore, the test needs to be repeated with circum-aural non-ANC headphones with a cable 
connection. So that it can provide optimal work results, for overcoming the records of the obstacles 
mentioned in this pilot study. 
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ABSTRACT
Noise annoyance caused by wind turbines is a critical issue for the societal acceptance of wind energy. Wind
turbine noise exposure is typically assessed using conventional time–averaged metrics, however, the literature
suggests that these metrics do not fully capture the sound properties responsible for the perceived noise annoy-
ance. Therefore, it is questionable to assess wind turbine noise and its abatement strategies using only such
metrics. This paper presents a novel psychoacoustic model for predicting wind turbine noise annoyance that
combines perception–based sound quality metrics. To establish the psychoacoustic model, the synthetic sound
signals of two different wind turbines equipped with four state–of–the–art noise reduction add–ons (two types
of trailing–edge serrations and two types of trailing–edge permeable materials inserts) were studied. Using a
parametric wind turbine noise generator, the simulated sound signals were auralized at different observer posi-
tions and their noise annoyance was evaluated in two laboratory listening experiments with 16 and 10 subjects,
respectively. The psychoacoustic annoyance model proposed here provides a very close agreement with the
results of the listening experiment and improved accuracy compared to conventional sound metrics.

Keywords: Wind turbine noise, Psychoacoustics, Noise annoyance

1 INTRODUCTION
Wind turbines are a promising source of sustainable energy but the noise they generate causes annoyance to
the residents around wind farms and, therefore, poses an important hurdle to their social acceptance. The ever–
increasing demand for wind energy further worsens this situation. Wind turbine noise regulations become stricter
with time and the emitted noise levels may prevent wind turbines from operating at maximum power settings
and even stop operating at night.

In practice, conventional sound indicators are typically employed to assess wind turbine noise, such as the
equivalent continuous A-weighted sound pressure level (LA,eq,T). Such metrics describe the sound exposure in
a general and highly averaged way [1]. However, previous studies (e.g. [2]) reported that wind turbine sounds
with tonal components and a stronger high-frequency content were perceived as considerably more annoying
than those without tonal components and a stronger low-frequency content, despite having the same LA,eq,T
value. Therefore, it is highly questionable to only use these conventional indicators to assess wind turbine noise
and its abatement procedures, since they do not fully capture the sound properties responsible for the perceived
annoyance [1, 3].

In general, wind turbine noise consists of broadband noise and sometimes additional discrete tonal compo-
nents. Furthermore, the motion of the blades causes a periodic amplitude modulation of the sound with the
modulation frequency being equal to the blade passing frequency. This sound characteristic is usually described
as an annoying swishing, lapping, or thumping hearing sensation. Within the typical operational envelope, the
turbulent boundary layer trailing edge (TBL–TE) noise of the rotor blades is considered the main noise source
of modern horizontal axis wind turbines [4]. TBL–TE noise is generated when the unsteady pressure surface
fluctuations convected within the boundary layer arrive at the trailing edge of the rotor blade, where they expe-
rience a sudden change in acoustic impedance and scatter as broadband noise. The blade sections near the tip
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Figure 1. Block diagram illustrating the concept of perception–based evaluation of wind turbine noise reduction
measures. The blocks with dashed lines were not employed in the current study but are considered as future
extensions. Picture taken from [3] under CC BY 4.0 license.

usually generate the highest noise levels, because of their comparably higher velocity due to the rotation [3]. In
the last years, multiple noise reduction measures have been suggested to alleviate the aforementioned acoustic
impedance mismatch. The most promising concepts involve trailing–edge serrations add–ons [4–6] and perme-
able inserts [7–9], presenting sound pressure level reductions up to about 10 dB in certain frequency bands,
with respect to the baseline configuration with a straight, solid trailing–edge [3]. Nevertheless, there is a lack
of research evaluating how these sound pressure level reductions are perceived by the population in terms of
noise annoyance reduction.

The overarching objective of the study reported here was to develop an accurate psychoacoustic model to
estimate wind turbine noise annoyance (and its potential reduction when using noise abatement measures) more
accurately than current “classical” assessment methods. A holistic approach is proposed to obtain a perception–
based evaluation of wind turbine noise. The interested reader is referred to the original open–access publication
[3] for more detailed information.

2 METHODOLOGY
2.1 Overview of the approach
Figure 1 depicts a block diagram that describes the perception–based evaluation of wind turbine noise proposed
in [3]. A parametric wind turbine noise synthesis tool was first developed based on wind turbine noise field
measurements [10]. This parametric tool can synthesize the sound signals that a virtual observer in a given
location would hear, considering also sound propagation effects, based on the concept of auralization. Aural-
ization consists of artificially making an acoustical situation audible, which can be considered the acoustical
counterpart to visualization. Further details about the auralization process employed can be found in [3, 10].
The associated noise annoyance for each generated sound signal can then be estimated in listening experiments
and/or with psychoacoustic sound quality metrics (SQMs).

2.2 Sound stimuli
Using this auralization approach, the synthetic sound signals of two different wind turbines were simulated
(based on the field measurements of [10]): a Vestas V90–2.0 MW (henceforth WT I) and an Enercon E82–2.0
MW (WT II), considering the three different observer positions. The location henceforth denoted as “norm”
replicates the recording position on the ground of the field measurements and follows the IEC 61400–11 stan-
dard for noise certification of wind turbines. This location corresponds to a distance from the tower equal to
the sum of one wind turbine blade radius and one wind turbine hub height, which is 140 m for WT I and 119
m for WT II. Two additional observer positions (at 400 m and 600 m from the tower) were considered at a
height of 1.7 m (approximate ear level of an average standing person) to represent an observer in residential
areas close to a wind farm.
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Figure 2. (a) Illustration of a wind turbine blade with retrofitted sawtooth serrations. Adapted from [5]. (b)
Sketch showing the difference between the sawtooth serrations (left) and concave serrations (right). Adapted
from [6]. (c) Illustration of a wind turbine blade equipped with a permeable trailing–edge insert (in dark
purple) [9]. (d) Detail of the 3D–printed permeable insert [7]. (e) Detail of metal foam insert [8]. Picture taken
from [3] under CC BY 4.0 license.

Apart from the baseline case (with no add–ons implemented), four state–of–the–art TBL–TE noise abatement
measures were considered: sawtooth serrations [4, 5], concave serrations [6], 3D–printed permeable inserts [7],
and metal foam inserts [8, 9], see Fig. 2. Their respective noise reductions were directly obtained from recent
publications in the literature [4–9] and upscaled to the full–scale wind turbine geometries [3]. A detailed expla-
nation of the physical mechanisms involved in these noise reduction measures and the assumptions made for the
upscaling of the noise reductions (and the consequent limitations) can be found, respectively, in [3] and [4–9].

The total number of sound stimuli auralized was 30, i.e. 2 wind turbine types × 3 observer locations × 5
configurations (baseline + 4 noise reduction measures).

2.3 Listening experiments
Two listening experiments were performed to assess the short–term noise annoyance reactions to the wind tur-
bines in the different trailing-edge configurations.

2.3.1 Experiment 1
Listening Experiment 1 [3] was performed in the AuraLab at Empa. Sixteen subjects (8 females, 8 males), all
employees of Empa, with self–reported normal hearing, who felt healthy and well, and who were not tired at the
time of the experiment, participated in the study. They had a mean age of 41.2 years with a standard deviation
of 11.0 years. The subjects performed the experiments individually, one at a time, in which they listened to
and rated the stimuli regarding annoyance. To that aim, they used the ICBEN 11–point scale to answer the
following question during or after the playback of each stimulus (in German): “When you imagine that this is the
sound situation in your garden, what number from 0 to 10 best shows how much you would be bothered, disturbed
or annoyed by it?”. Here, 0 represents the lowest and 10 the highest annoyance rating. This experiment did not
consider the sound stimuli corresponding to an observer distance of 600 m. Further details about Experiment 1,
such as the playback order of the stimuli, can be found in [3].

2.3.2 Experiment 2
Experiment 2 aimed at replicating the conditions of Experiment 1 and was performed in a quiet room at Delft
University of Technology. Experiment 2 evaluates the comparability of the results obtained from a different,



independent listening experiment and, in addition, it complements Experiment 1 with the sound stimuli for an
observer distance of 600 m. The 10 subjects (2 females, 8 males) were all aerospace engineering bachelor stu-
dents with a mean age of 20.1 years with a standard deviation of 1.1 years. As in Experiment 1, all participants
had self–reported normal hearing and felt healthy and well during the experiment. The same annoyance question
was used as in Experiment 1 but in English instead of German. All participants listened to two repetitions of
each stimulus in a randomized order.

2.4 Psychoacoustic sound quality metrics (SQMs)
Sound Quality Metrics (SQMs) from the field of psychoacoustics are currently being studied and considered
for their application in wind turbine noise [3] and aircraft noise [11–13]. In general, SQMs provide sensation
magnitudes instead of stimulus magnitudes, i.e. they describe the hearing sensation instead of a purely physical
magnitude, such as the sound pressure or sound pressure level. Hence, these metrics are expected to better
capture the human ear behavior and be more accurate in predicting annoyance compared to the conventional
sound metrics normally employed for wind turbine noise assessment. The five most common SQMs [12], as
also used here, are:

• Loudness (N) is the subjective perception of the magnitude of a sound and corresponds to the overall
sound intensity. The calculation of loudness has been standardized within the ISO norm 532–1 using
Zwicker’s method [14].

• Tonality (K) measures the perceived strength of the unmasked tonal energy within a complex sound. In
this work, Aures’ method [15] was employed.

• Sharpness (S) describes the high–frequency content of a sound. The von Bismark’s [16] method was used.

• Roughness (R) refers to the rapid amplitude fluctuations of some sounds in the frequency range between
50 Hz and 90 Hz. The method by Daniel and Weber [17] was used.

• Fluctuation strength (FS) assesses slow fluctuations in loudness, having its maximum value for fluctuations
of approximately 4 Hz. The method by Fastl and Zwicker [18] was employed.

All SQMs were calculated with in–house software developed at TU Delft. Several authors have tried to
combine these SQMs into global metrics, such as the Psychoacoustic Annoyance (PA) metric first introduced
by Fastl and Zwicker [18] and later modified by More [12] and Di et al. [19] to also include the tonality metric.
The general expression for the PA metric is:

PA = N
(

1+
√

C0 +C1 ω2
S +C2 ω2

FR +C3 ω2
T

)
, (1)

where the term ωS contains the sharpness S (and loudness N) contribution:

ωS =

{
0.25(S−1.75) log10(N +10), for S ≥ 1.75,
0, for S < 1.75.

(2)

The term ωFR contains the contributions of the roughness R and fluctuation strength FS (and loudness N):

ωFR =
2.18
N0.4 (0.4FS+0.6R) , (3)

and the term ωT contains the tonality K (and loudness N) contribution:

ωT =


0, for the model by Fastl and Zwicker [18],(
1− e−0.29N

)(
1− e−5.49K

)
, for the model by More [12],

6.41
N0.52 K, for the model by Di et al. [19].

(4)
Lastly, the coefficients C0 to C3 of Eq.(1) for each PA model are listed in Table 1.



Table 1. Coefficients for Eq.(1) for each of the PA models considered.

PA model C0 C1 C2 C3

Fastl and Zwicker [18] 0 1 1 0

More [12] -0.16 11.48 0.84 1.25

Di et al. [19] 0 1 1 1

3 RESULTS
The mean observed annoyance reactions in both listening experiments as a function of the wind turbine type,
observer distance, and trailing–edge configuration are presented in Fig. 3. Most noise reduction add–ons result
in clearly reduced annoyance ratings compared to the baseline, except for the metal foam which does not
achieve significant improvements. This is most likely due to the increase in high–frequency noise caused by this
measure [3, 8]. This difference is particularly noticeable in Experiment 2, where the metal foam is sometimes
even perceived as more annoying than the baseline. It should be noted that the participants of Experiment 2 have
a considerably lower mean age than those of Experiment 1 and, hence, they are expected to be more sensitive
to higher frequencies [18]. Overall, in this case study, the concave serrations showed the best performance in
reducing noise annoyance.

Furthermore, the observed annoyance to the WT I is somewhat higher than to the WT II, and the annoyance
reactions to the latter decrease in a stronger way with increasing distance than to the former. On the other
hand, the effectiveness of the measures was quite similar for both wind turbines and listening experiments and
did not change between the distances significantly either. Similar performance can, therefore, also be expected
for other observer positions, although this claim would have to be experimentally verified.

Table 2 contains the correlation coefficients (ρ) between the mean observed noise annoyance per stimulus
in each listening experiment and the estimated noise annoyance by the three PA models described in section
2.4 (Fastl and Zwicker [18], More [12], and Di et al. [19]). The 95% confidence intervals for these ρ values
are shown between parentheses in Table 2. In this case study, it was found that the roughness R and fluctuation
strength FS metrics did not vary significantly within the sound stimuli considered and, therefore, modified
versions of the PA models that do not consider these two metrics (i.e. equivalent to setting C2 = 0 in Eq. (1))
were also evaluated and their performance is shown in Table 2. All values in Table 2 consider a logarithmic
scale for the PA metric. Table 2 reveals that the PA model by Di et al. modified not to account for R and FS
presented the highest correlation coefficient values with ρ = 0.996 for Experiment 1 and an average ρ value
of 0.987 considering both experiments. The modified model of Fastl and Zwicker is a close second with an
average ρ value of 0.985 between both experiments. However, due to the considerable overlaps of the 95%
confidence intervals in Table 2, it cannot be concluded yet that these models are the best performing. On the
other hand, all PA models perform better in estimating the annoyance observed in the two listening experiments
(with ρ values larger than 0.969 in all cases) compared to conventional sound metrics (e.g. ρ ≈ 0.877 for
LA,eq,T, with 95% confidence interval from 0.830 to 0.896). It should be noted that these correlation coefficients
refer to the mean annoyance ratings averaged between the number of participants and that, in case the non–
averaged responses were considered, lower ρ values would be obtained (around 0.91 instead of 0.99 on average).
Additional statistical analyses on Experiment 1 can be found in [3].

Figures 4a and 4b compare the observed mean noise annoyance in the listening experiments with the noise
annoyance estimated using the modified PA model by Di et al. The agreement between modeled and experimen-
tal data is higher for Experiment 1 (Fig. 4a) than for Experiment 2 (Fig. 4b). The participants of Experiment 2
reported significantly lower noise annoyance values for the stimuli at an observer distance of 400 m, see Fig. 4c.
The ρ value between the observed mean annoyance values in both experiments is very high (ρ = 0.996), close
to the perfect fit (ρ = 1) denoted by the black dotted line in Fig. 4c. The standard errors of the mean observed
in both experiments are very similar and relatively low (approximately 0.38 on average). Higher deviations are
observed for the sound stimuli cases at an observer distance of 400 m.
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Figure 3. Mean observed noise annoyance in the listening experiments as a function of the wind turbine type,
observer distance, noise reduction measure, and listening experiment (1 in top row [3] and 2 in bottom row).
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Figure 4. Scatter plots of the mean observed noise annoyance in (a) listening Experiment 1 and (b) Experiment
2 versus the modified psychoacoustic annoyance model by Di et al. (PAmod, on a logarithmic scale). (c)
Comparison of the mean observed annoyances in both listening experiments. The black dots show the mean
values per stimulus, the error bars are the standard error of the mean of the observations, and the red dashed
lines show the linear regressions.



The equations of the regression lines to the experimental data of both listening experiments are shown in the
legends of Fig. 4. It should be noted that these relationships are not universally true, but would rather change
for different noise sources and/or experimental conditions. Nevertheless, once the relationship between PA and
the observed annoyance has been established for a certain data set as in the current study, PA can potentially be
used to estimate annoyance reactions evoked, e.g. by additional noise reduction measures or observer locations.

Table 2. Correlation coefficients (ρ) between the mean observed noise annoyance in each listening experiment
and the different psychoacoustic annoyance (PA) models (on a logarithmic scale). Values between parentheses
denote the 95% confidence intervals.

PA model Experiment 1 Experiment 2

Fastl and Zwicker [18] 0.983 (0.957 – 0.993) 0.981 (0.959 – 0.991)

Fastl and Zwicker (modified) 0.988 (0.969 – 0.995) 0.982 (0.962 – 0.992)

More [12] 0.987 (0.968 – 0.995) 0.969 (0.936 – 0.986)

More (modified) 0.989 (0.971 – 0.996) 0.971 (0.940 – 0.986)

Di et al. [19] 0.993 (0.983 – 0.997) 0.977 (0.952 – 0.989)

Di et al. (modified) 0.996 (0.989 – 0.998) 0.977 (0.952 – 0.989)

4 CONCLUSIONS AND OUTLOOK
This study proposed an innovative holistic approach to estimate the annoyance caused by wind turbine noise and
to evaluate the performance of rotor blade trailing–edge add–ons to reduce it. This approach consists of aural-
izing plausible acoustical sceneries of wind turbine noise using a parametric wind turbine synthesis tool based
on field measurements. The expected modifications caused by noise reduction measures in the wind turbine
noise emission can be synthetically auralized and then propagated to different observer locations. The obtained
synthetic sound signals can then be reproduced in listening experiments and/or analyzed with psychoacoustic
sound quality metrics to estimate short–term noise effects, such as annoyance.

The importance of the sound characteristics of wind turbine noise for the perceived annoyance was high-
lighted, such as the tonality or the spectral content. The characterization of sound by psychoacoustic metrics
can help to quickly estimate the short–term annoyance caused in different scenarios and for different observer
locations. This is especially useful if the findings are previously validated by listening experiments.

Future work should also investigate the effect of different amplitude modulations in the wind turbine sound
signals, especially when considering different rotational velocities because this parameter is also expected to
influence the perceived annoyance.

ACKNOWLEDGEMENTS
The authors are very grateful to the subjects of the listening experiments of this study, and to Corinne Gianola
for conducting (as the experimenter) the listening experiment 1. The work received no external funding.

REFERENCES
[1] Pieren R, Bertsch L, Lauper D, Schäffer B. Improving future low–noise aircraft technologies using ex-

perimental perception–based evaluation of synthetic flyovers. Science of the Total Environment. 2019
July;692:68-81.

[2] Persson Waye K, Agge A. Experimental quantification of annoyance to unpleasant and pleasant wind
turbine sounds. In: 29th International Congress and Exposition of Noise Control Engineering; 2000. .



[3] Merino-Martinez R, Pieren R, Schäffer B. Holistic approach to wind turbine noise: From blade
trailing–edge modifications to annoyance estimation. Renewable and Sustainable Energy Reviews. 2021
May;148(111285):1-14.

[4] Arce León C, Merino-Martinez R, Ragni D, Avallone F, Snellen M. Boundary layer characterization
and acoustic measurements of flow–aligned trailing edge serrations. Experiments in Fluids. 2016 Octo-
ber;57(182):1 22.

[5] Arce León C, Merino-Martinez R, Ragni D, Avallone F, Scarano F, Pröbsting S, Snellen M, Simons DG,
Madsen J. Effect of trailing edge serration–flow misalignment on airfoil noise emission. Journal of Sound
and Vibration. 2017 May;405:19 33.

[6] Avallone F, van der Velden WCP, Ragni D. Benefits of curved serrations on broadband trailing–edge noise
reduction. Journal of Sound and Vibration. 2017 April;400:167 177.

[7] Rubio Carpio A, Avallone F, Ragni D, Snellen M, van der Zwaag S. 3D–printed Perforated Trailing Edges
for Broadband Noise Abatement. In: 25th AIAA/CEAS Aeroacoustics Conference; 2019. AIAA paper
2019–2458.

[8] Rubio Carpio A, Merino-Martinez R, Avallone F, Ragni D, Snellen M, van der Zwaag S. Broadband Trail-
ing Edge Noise Reduction Using Permeable Metal Foams. In: 46th International Congress and Exposition
of Noise Control Engineering; 2017. .

[9] Rubio Carpio A, Merino-Martinez R, Avallone F, Ragni D, Snellen M, van der Zwaag S. Experimental
characterization of the turbulent boundary layer over a porous trailing edge for noise abatement. Journal
of Sound and Vibration. 2019 March;443:537-58.

[10] Pieren R, Heutschi K, Müller M, Manyoky M, Eggenschwiler K. Auralization of Wind Turbine Noise:
Emission Synthesis. Acta Acoustica United with Acoustica. 2014 October;100:25-33.

[11] Merino-Martinez R, Vieira A, Snellen M, Simons DG. Sound quality metrics applied to aircraft compo-
nents under operational conditions using a microphone array. In: 25th AIAA/CEAS Aeroacoustics Confer-
ence; 2019. AIAA paper 2019–2513.

[12] More SR. Aircraft Noise Characteristics and Metrics. Purdue University; 2010. Report No. PARTNER–
COE–2011–004.

[13] Greco GF, Bertsch L, Ring TP, Langer SC. Sound quality assessment of a medium–range aircraft with
enhanced fan–noise shielding design. CEAS Aeronautical Journal. 2021;12:481-93.

[14] ISO norm 532–1 – Acoustics – Method for calculating loudness – Zwicker method. International Organi-
zation for Standardization; 2017. 1.

[15] Aures W. Procedure for calculating the sensory euphony of arbitrary sound signal. In German: Berech-
nungsverfahren für den sensorischen Wohlklang beliebiger Schallsignale. Acustica. 1985;59(2):130-41.

[16] von Bismark G. Sharpness as an attribute of the timbre of steady sounds. Acta Acustica united with
Acustica. 1974;30(3):159-72.

[17] Daniel P, Webber R. Psychoacoustical Roughness: Implementation of an Optimized Model. Accustica –
acta acustica. 1997;83:113-23.

[18] Fastl H, Zwicker E. Psychoacoustics – Facts and models. Third ed. Springer Series in Information Sci-
ences; 2007. ISBN: 987–3–540–68888–4.

[19] Di GQ, Chen XW, Song K, Zhou B, Pei CM. Improvement of Zwicker’s psychoacoustic annoyance model
aiming at tonal noises. Applied Acoustics. 2016;105:164-70.



 

PROCEEDINGS of the  

24th International Congress on Acoustics  

 

October 24 to 28, 2022, in Gyeongju, Korea 

 

 

Extended abstract 

Influence of various timbre parameters on the unpleasantness of 

tyre noise 

Thibaut Marin-Cudraz1; Anders Genell3; Beatriz Bragado2; Juan J. Garcia2; Étienne Parizet1 

1 Laboratoire Vibrations Acoustiques, INSA-Lyon, France 

2 NVH engineering department, Applus+ IDIADA, Spain 

3 Environmental research department, Swedish National Road and Transport Research Institute, Sweden 

ABSTRACT 

Road traffic noise accounts for the majority of perceived urban environmental noise and has important health 

consequences. The rolling noise of vehicle tyres is a major contributor to perceived road noise. The tread 

pattern of light vehicle tyres is already designed to minimize the amplitude of the noise emitted, but this is 

not the case for heavy vehicles. The European LEON-T project aims to minimize the nuisance of heavy 

vehicle tyres, especially noise. Prior to a study of the effects of tyre noise on sleep, an experiment was 

conducted to determine the timbre parameters of such noise. It was determined that the loudness, tonality and 

the frequency balance of the noisy part were the most variable psychoacoustics parameters and were used by 

listener to discriminate different category of noises. According to those results, tyre noises were synthetized 

with different combinations of those parameters. These stimuli were presented with headphones and 

participants were asked to self-assess their unpleasantness. 

The presentation will show the results of the experiment, i.e. which relationship of the studied parameters 

influence the most the unpleasantness. Those results will be correlated with future experiments on the 

physiological stress reaction provoked of the synthetized tyre noises. 

 

Keywords: Psychoacoustics, Urban and Road noise, Tyre noise, Unpleasantness 

1. INTRODUCTION 

Road traffic noise has negative impacts on sleep and can generate physiological stress responses: 

(changes in cardiac function, blood pressure, viscosity, coagulation and lipid and carbohydrate content 

of blood) [1,2]. In the long term, the risk of cardiovascular diseases such as heart attacks may increase 

[3]. 

The noise of combustion engines has been reduced in the last decades [4] and will even tend to 

disappear with the progressive electrification of the car fleet. It is therefore necessary to study the 

second source of noise from vehicles: the rolling noise of tyres.  

One of the objectives of the European project LEON-T (Low particle Emissions and lOw Noise 

Tyres, https://www.leont-project.eu/) is to understand and minimize the impact of tyre rolling noise 

on sleep. The interest will be focused on the effect of the different psychoacoustic parameters of these 

noises on cardiovascular health during sleep according to different road traffic scenarios.  

The tyres available on the market have a great diversity of uses and tread patterns, influencing the 

generated rolling noise [5]. Previous studies already showed that tyre noises can be differentiated by 

perception in an experiment simulating a listener outside [6]. A free sorting task showed that the level 

and the tonality (amplitude and frequency of an emerging tone) were the main factor to differentiate 

tyre noises when they were listened inside a room [7]. However, there are no data on the 

unpleasantness provoked by such psychoacoustics parameters in this scenario. 

The goal of this experiment was to study the relation between noise unpleasantness and different 

sound parameters. We generated artificial tyre rolling noises with different combination of those 

parameters and asked participants to rate the unpleasantness they felt when listening to those sounds.  

2. MATERIAL AND METHODS 

We generated 36 stimuli, each one corresponding to a tyre rolling noise with a given combination 

ABS-0903
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of fundamental frequency (F), bandwidth (Bw) and tonality factor (TF). Each stimulus was 

synthesized as the mix of a noisy part (a broadband noise) and a tonal  part (a white noise filtered 

around precise frequencies) according to (eq. 1): 

𝑆𝑡𝑖𝑚𝑢𝑙𝑖𝐹,𝑇𝐹,𝐵𝑤 = (1 − 𝑇𝐹) ×  𝑁𝑜𝑖𝑠𝑦 𝑝𝑎𝑟𝑡 +  𝑇𝐹 × 𝑇𝑜𝑛𝑎𝑙 𝑝𝑎𝑟𝑡𝐹,𝐵𝑤       (1) 

 

The different combinations of psychoacoustic parameters allowed to generate  2 frequencies × 3 

TFs × 2 bandwidths × 3 levels for a total of 36 stimuli (Tab.1). The stimuli with a TF value of 0 do 

not depend on the bandwidth and fundamental frequency parameters. Some of these stimuli were 

removed from the dataset to avoid an over-representation of identical atonal sounds. The final dataset 

was thus composed of 30 stimuli. 

Frequency Tonality factor Bandwidth Level 

300 Hz 0 [F – 8 Hz ; F + 8 Hz] 40 dB(A) 

500 Hz 0.25 [F – 20 Hz ; F + 20 Hz] 46 dB(A) 

 0.5  52 dB(A) 

Table 1: Summary of the different parameters and their different values. 

We used the stimuli in a psychoacoustics experiment where thirty-one participants (11 women, 20 

men) were asked to rate the unpleasantness on a continuous scale from 0 (‘not at all unpleasant’) to 

1000 (‘extremely unpleasant’). Participants had to imagine that they were in their bed, trying to fall 

asleep, when suddenly, a vehicle passed nearby their bedroom. The operation was repeated for 60 

sounds, i.e. two pseudorandom repetitions of the dataset described before.  

The unpleasantness scores for each participant i and each evaluated sound j were corrected by 

mean normalization: the average of all scores given by the participant i was subtracted and the global 

mean of the data was added (eq. 2): 

𝐶𝑒𝑛𝑡𝑒𝑟𝑒𝑑 𝑠𝑐𝑜𝑟𝑒𝑖,𝑗 = 𝑠𝑐𝑜𝑟𝑒𝑖,𝑗 − 
1

𝑛𝑗
∑ 𝑠𝑐𝑜𝑟𝑒𝑖,𝑗 + 𝑗

1

𝑛𝑗×𝑛𝑖
∑ 𝑠𝑐𝑜𝑟𝑒𝑖,𝑗𝑖,𝑗  (2) 

 

With nj, the number of stimuli evaluated by a given participant i, i.e nj = 60; ni, the number of 

participants, i.e. ni = 31. 

 

3. RESULTS 

The centered unpleasantness scores were used to perform a regression tree [8,9] with the 

psychoacoustics variables of the synthetized sounds as explanatory variables: the fundamental 

frequency, the tonality factor, the bandwidth and the global level. The model was fitted using the R 

language 4.1.2 [10] and the rpart library [11]. The resulted tree showed that the level was the most 

important factor driving the unpleasantness followed by the tonality factor.  

 

An importance analysis performed in a simple linear model (vip library [12] for the R language) 

showed the same results (Fig.1). 

 



 

 

 
Figure 1: Importance of the different psychoacoustic parameter calculated from a linear model. 

The importance values are scaled so that the maximum importance equals 100.  

4. CONCLUSION 

The experiment showed that the global level and the prominence of the tonal component of the 

synthetized tyre rolling noises were the most important cues for self -assessed unpleasantness of tyre 

noises, as heard indoors. These findings reinforce the results found before in the project where tonality 

and overall level were the main acoustic parameters used to differentiate tyre noises in a free sorting 

task. 

Unpleasantness evaluations will also be compared with the results of future experiments . For 

example, the self-assessed unpleasantness will be correlated with physiological changes (heart rate, 

body temperature and skin conductivity). Such findings could also be correlated with the future study 

of the effect of tyre noise on sleep. 
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ABSTRACT 
Despite popularity of research concerning individual head-related transfer functions (HRTFs), the relation 
between objective spectral differences and subjective preferences is still not entirely clear. One of the 
interesting questions regarding this subject is whether these preferences are symmetrical, i.e. if subject A is 
satisfied with HRTFs of subject B, does that mean subject B will be satisfied with HRTFs of subject A as 
well? This work gathers data from previous research where individuals were asked to rate each others' HRTFs. 
Despite initial conclusions that no such symmetry is apparent, the more in-depth analysis revealed that some 
of the asymmetry can be explained by noise in rating data or different levels of pickiness (being more critical) 
among subjects. Furthermore, the subjective ratings were put against established objective measures of 
spectral difference between HRTFs, all of which are symmetrical by design. Results show that most of the 
tested measures are weakly correlated with the ratings, with mean-square-error being the best predictor of 
subjective preference for both datasets used in the research. 
  
Keywords: HRTF; subjective evaluation; error measure 

1. INTRODUCTION 
It has been proven that applying individually matched head-related transfer functions (HRTFs) can 

significantly improve sound source localization abilities (1,2). Although there have been attempts on 
determining how much the HRTF spectra can be smoothed or distorted (e.g. (3,4)), the exact impact 
of spectral variations on perceived differences remains unknown. This matter is prevalent in every 
research concerning objective comparison of two sets of HRTFs, e.g. modeled HRTFs and the original 
data. 

In 2012, Katz and Parseihian carried out listening tests where 45 participants subjectively rated 
each others’ HRTFs on a 3-point scale in order to create a small, perceptually optimal subset of HRTFs 
(5). Based on the responses, the authors deduced that the HRTF preference is not symmetrical as there 
were multiple instances where subject A did not like the HRTFs of subject B even though subject B 
was pleased with the HRTFs of subject A. In 2016, Andreopoulou and Katz performed a similar test 
and such discrepancies in reciprocal ratings were also reported (6). On the other hand, all the 
commonly applied objective HRTF approximation error measures have symmetrical definitions, i.e. 
distance from one HRTF set to the other is the same as the other way round. Thus, the question arises: 
is this approach correct or are HRTF preferences actually asymmetrical? 

This paper aims to advance the understanding of the matter by performing a more in-depth analysis 
of the data obtained in the mentioned tests. Some trends are highlighted by proper grouping of the 
ratings, focusing both on the group as a whole and on individual participants’ tendencies. Furthermore, 
the subjects’ responses are matched with their HRTFs accessed from open databases to check how the 
subjective ratings correlate with objective distance measures between the assessed HRTFs and the 
HRTFs of the assessor. Then, the results of all implemented analysis methods are discussed, and 
conclusions are drawn. 
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2. EVALUATION DATASETS 
This paper provides analysis based on the results from two research papers discussing extraction 

of perceptually optimal subsets of HRTF databases in order to create small HRTF corpora. Since the 
goal of these works was different, the symmetry of ratings was discussed only superficially. In both 
cases, the results of cross-rating experiments were presented on a 3-point scale (bad, mediocre or 
good)2, although the processes of obtaining them differed significantly. 

The first rating dataset (LISTEN dataset) comes from the research by Katz and Parseihian carried 
out on the subjects from the LISTEN HRTF database (5). In total, 45 participants rated each others’ 
HRTFs based on binaural signals consisting of noise bursts moving on predefined trajectories along 
the horizontal and the median plane. The spectral components of HRTFs were preserved, but the phase 
was modeled as a pure delay matching the inter-aural time differences (ITDs) natural for each subject. 
Virtual auditory scenes rendered for such linear-phase HRTFs were presented to participants, whose 
task was to rate each of them as bad, ok, or excellent. The participants were told which of the presented 
signals was rendered using their own HRTFs and could freely switch between the test signals. 

The second rating dataset (BiLi dataset) comes from the research by Andreopoulou and Katz 
carried out on 15 subjects from the BiLi HRTF database (6). The general setup was similar to the one 
adopted by Katz and Parseihian, but there were a couple of notable differences: 

 
1. The phase was not linearized, only time-aligned to match original ITDs. 
2. The experiment was performed separately for the median and the horizontal plane. 
3. The initially used scale was 9-point one ranging from poor to excellent, which was 

subsequently normalized and quantized to the 3-point scale for the sake of comparison 
with the previous study. 

4. The participants were not aware which of the signals correspond to their own HRTFs. 
5. The participants were selected from a larger group based on the reliability of their ratings. 

 
In the BiLi dataset, the ratings for horizontal and median planes for the same HRTFs in most cases 

were only weakly correlated. Since spectral cues are the most prevalent in directions where binaural 
cues are missing, the analysis for this dataset was limited to the median plane data. Due to the 
significant differences between the test procedures, the analysis was performed separately for each of 
the datasets. To avoid bias, ratings of the subjects’ own HRTFs were excluded from both datasets, 
resulting in the total of 990 and 110 pairs of reciprocal ratings for LISTEN and BiLi, respectively. 
Vast majority of own ratings was good, although in 6 cases (3 for LISTEN and 3 for BiLi) it was not; 
it is not clear whether this was due to imprecise measurement and reproduction of HRTFs or due to 
unreliability of subjects’ ratings. Knowing the differences in the setups of both studies, both factors 
are probable. 

 

3. DISTRIBUTION ANALYSIS 
The first method of analysis focused on the distribution of ratings within groups. Number of 

occurences of each rating was counted for both datasets and the results are shown in Table 1. 
 

Table 1 – Numbers of occurences of the ratings for both datasets 

dataset bad mediocre Good 

LISTEN 808 (40.8%) 819 (41.4%) 353 (17.8%) 

BiLi 100 (47.6%) 69 (32.9%) 41 (19.5%) 
 

The participants were in general quite critical, rating the HRTFs highly only in less than 20% of 
cases for both datasets. To get a better grasp on the reciprocity of ratings, the distribution of issued 
ratings was determined with respect to the received ratings, or vice versa (Table 2 and Table 3). 

 
2 The terms originally used by the authors were bad/ok/excellent and unsatisfactory/mediocre/satisfactory, 
respectively (5,6). 
 



 

 

Surprisingly, the distribution does not change significantly between the groups for the LISTEN 
dataset; for the BiLi one, it even seems to be negatively correlated – the subjects were more likely to 
rate higher a set of HRTFs whose owner rated their own HRTFs lower and vice versa. The raw 
distribution analysis thus seems to support the thesis that subjective HRTF preferences are not 
symmetrical. 

 
Table 2 – Numbers of occurences of the ratings grouped by the reciprocal rating for the LISTEN dataset 

reciprocal rating  bad mediocre good 

bad 336 (41.6%) 331 (41.0%) 141 (17.5%) 

mediocre 331 (40.4%) 340 (41.5%) 148 (18.1%) 

good 141 (39.9%) 148 (41.9%) 64 (18.1%) 

 

Table 3 – Numbers of occurences of the ratings grouped by the reciprocal rating for the BiLi dataset 

reciprocal rating  bad mediocre good 

bad 46 (46.0%) 32 (32.0%) 22 (22.0%) 

mediocre 32 (46.4%) 24 (34.8%) 13 (18.8%) 

good 22 (53.7%) 13 (31.7%) 6 (14.6%) 
 

4. PICKINESS ANALYSIS 
The subjective tests can provide insightful information about subjects’ perception; however, not 

only the sound perception is subjective, but so is the evaluation of the perception. Different subjects 
can have different thresholds of perceived distortion in HRTFs for a given rating. In other words, 
some participants might be more critical than the others. This variation, referred to as pickiness, can 
be one of the reasons for different reciprocal ratings – the same perceived spectral difference between 
one’s own HRTFs and the assessed set can be large enough for one subject to rate it as bad while for 
the other it might be acceptable and worthy of mediocre or even excellent rating. To analyze this 
phenomenon, the pickiness parameter P was introduced, defined as: 

𝑃 =
∑𝑅!"#"$%"&
∑𝑅'$%"(

	, (1) 

 
where 𝑅!"#"$%"&  and 𝑅'$%"(  stand for respective ratings expressed numerically as following: bad – 1, 
mediocre – 2, good – 3, and the summing is performed over all subjects. Pickiness larger than 1 
indicates that the mean rating of a subject’s HRTFs is higher than the average of ratings issued by that 
subject. In other words, the higher the pickiness, the more likely the subject is to rate a HRTF set 
lower than its reciprocal rating. 

The pickiness parameter was determined for each participant in both databases. The distribution 
of its value is shown in Figure 1. 

The pickiness distributions for the two datasets are skewed in different directions, but the range is 
similar – from 0.64 to 1.56 for LISTEN and from 0.63 to 1.39 for BiLi. For LISTEN, 15/45 (33.3%) 
subjects had pickiness outside of [0.8,1.2] range, while for BiLi it was 4/15 (26.7%). Thus, about 1/3 
of all participants were particularly likely to issue asymmetrical ratings; however, it is not entirely 
clear whether their exceptionally low or high pickiness is motivated by their individual evaluation 
thresholds or by actual asymmetrical sound perception. 

It is to be noted that the pickiness mostly covers bad-mediocre and good-mediocre pairs, which are 
a less effective indicator of asymmetry than the bad-good pairs. However, these findings still highlight 
the differences in individual perception, which contribute to lower reliability of subjective ratings. 



 

 

  
a) b) 

Figure 1 - Distribution of subjects’ pickiness for a) LISTEN and b) BiLi datasets. The dashed lines indicate 

minimum and maximum pickiness among participants in each dataset. 
 

 

5. CORRELATION ANALYSIS 

5.1 Spectral distance measures 
Since both datasets come from experiments carried out with subjects whose HRTFs are available 

in public databases, it is possible to seek correlations between objective spectral difference measures 
and subjective ratings. The participant IDs were matched with their HRTF files according to reports 
shared by the original authors. In the case of the LISTEN dataset, HRTFs for one subject were missing 
in the database, so the computations were performed for the remaining 44 subjects. 

Four objective spectral difference measures were chosen for the experiment: mean-square-error 
(MSE), spectral distortion (SD), spectral distortion with ERB smoothing (SDERB) and perceptual 
spectral difference (PSD). MSE is defined as: 

MSE	 = 	
∑ |𝐻)[𝑛] − 𝐻*[𝑛]|*+
(,)

∑ |𝐻)[𝑛]|*+
(,)

∗ 100%	, (2) 

 
where H1[n] and H2[n] are nth elements of N-long vectors of HRTF samples. MSE is very close to 
being a symmetrical measure, but the normalization can slightly differ depending on which data are 
put in the denominator as the reference. Nevertheless, its design can be considered symmetrical. 

SD is another popular distance measure between two HRTF sets. It is defined as follows: 

SD = 	5
1
𝑁720 log)- <

|𝐻)[𝑛]|
|𝐻*[𝑛]|

=
*+

(,)

	. (3) 

 
One of the criticisms for SD is that it is sensitive to deep notches apparent for high frequencies in 
HRTF spectra when expressed in the logarithmic scale. One way to reduce the impact of these notches 
is to use ERB smoothing, which has been proven to induce little to no perceptible distortion to the 
HRTFs (4,7). For these reasons, SDERB was also included in the experiment; it is the same as SD, but 
spectra for both HRTF sets are beforehand smoothed by a moving average window of 1 ERB width. 

The last objective measure chosen for the test is PSD, which is a perceptual model developed by 
McKenzie et al. aiming to provide single value of perceived difference between two binaural signals. 
The model is implemented in the auditory modeling toolbox (AMT) version 1.1 as mckenzie2021 (8). 
It accounts for non-uniform sensitivity of human hearing by applying different weights to peaks and 
notches depending on their width and center frequency. 

The processing and analysis of HRTFs was performed in MATLAB, using ooDir Toolbox (9). For 
all the subjects, the HRTF sets were loaded and limited to the directions used in the original tests, i.e. 
to median and horizontal plane for LISTEN and to median plane only for BiLi. Then, for each pair of 
subjects, each distance measure was computed. To avoid inflating the distance as a result of 
mismatching levels of signals, the amplification of one of them was adjusted so that the spectral 
distance would be minimal, using built-in MATLAB function fminsearch; it is assumed that a uniform 



 

 

amplification should not impact the spectral cues3. For MSE, SD and SDERB, the frequency range was 
limited to 20 kHz (PSD has its own algorithm for rolling-up frequency). The spectral differences were 
determined for the data for both ears and then averaged to obtain a single value to test the correlations. 

5.2 Correlation measure 
To test the correlation, Kendall rank correlation coefficient (Kendall’s τ) was used. Kendall’s τ is 

a non-parametric test defined as the difference between concordant and disconcordant pairs divided 
by the total number of pairs. Normally, the correlation coefficient spans from -1 to 1; however, within 
this work, it is impossible for any symmetrical distance measure to reach this limit when seeking 
correlation between the objective and subjective measures, since the former is by design symmetrical, 
and the latter exhibits high level of asymmetry. For this reason, an idealized symmetrical distance 
measure was introduced to provide a reference to tell what the realistic range for the correlation 
coefficient is in this specific case. It is defined as an average of reciprocal ratings, using the legend 
from section 4, e.g. for a good/bad pair it is (3+1)/2 = 2. Such idealized measure yields the upper limit 
value of Kendall’s τ, while its opposite yields the lower limit (negative correlation). 

5.3 Results  
The ratings were put against the discussed objective measures, reciprocal ratings and the idealized 

distance measure, and Kendall’s τ was computed for each pair for both datasets. The results are 
gathered in Table 4. 

 
Table 4 – Kendall rank correlation coefficient for subjective ratings put against chosen distance measures 

tested measure LISTEN BiLi 

MSE -0.173 -0.080 

SD -0.110 -0.037 

SDERB -0.099 -0.062 

PSD -0.045 0.039 

reciprocal 0.007 -0.056 

idealized 0.636 0.608 
 
 
For each correlation coefficient, p-value was determined to check the significance at 95% 

confidence interval. By applying Bonferroni correction for multiple testing, p-value must be then 
lower than ~0.008. The test was one-sided, with MSE, SD, SDERB and PSD expected to have negative 
correlation (lower objective spectral distance = higher rating) and the others expected to be positively 
correlated. The p-values for respective correlation coefficient values are presented in Table 5. 

 
Table 5 – p-values for correlation coefficients from Table 4. See text for details. 

tested measure LISTEN BiLi 

MSE <0.001 0.068 

SD <0.001 0.244 

SDERB <0.001 0.124 

PSD 0.006 0.529 

reciprocal 0.378 0.816 

idealized <0.001 <0.001 
 

 
3 All functions within a given set were amplified/attenuated by the same factor to maintain the cohesion of 
data. 



 

 

 
In general, Kendall’s τ was lower for BiLi, which, together with smaller sample size, resulted in 

failure to reject null hypotheses for all measures except for the idealized one (but even that had slightly 
lower value of τ than for LISTEN, indicating that BiLi is the more asymmetrical dataset). In contrast, 
the results for LISTEN were more numerous and consistent, thus achieving statistical significance for 
all pairs save the reciprocal ratings. 

Out of objective spectral distance measures, MSE showed to be the best correlated with subjective 
ratings, especially for the LISTEN dataset. While the absolute value is still relatively low, it is notably 
higher than for other considered measures. SD, despite being arguably the more popular measure, 
exhibits weaker correlation than MSE. The ERB smoothing, even though it yielded some improvement 
for BiLi, further decreased the absolute τ value for LISTEN, which can be considered the more reliable 
dataset of the two. PSD performed by far the worst out of the objective spectral distance measures, 
even though it was created based on psychoacoustical phenomena; for BiLi, PSD even yielded a 
positive value of correlation coefficient, but there was no statistical significance. 

None of the datasets exhibited statistically significant correlation between reciprocal ratings, 
which suggests their independence from each other. What is more, BiLi was skewed toward negative 
correlation between reciprocal ratings, which was already noticed based on the rating distribution in 
Table 3. Even though it is not statistically significant (p = 0.184)4, the absolute value of the correlation 
coefficient is relatively big when compared with discussed objective spectral distance measures. 

6. DISCUSSION 
The distribution analysis and tests for correlation between reciprocal ratings indeed suggest that 

HRTF preference is not a symmetrical property. One of the possible reasons is that subjects might use 
different cues to assess the quality of a HRTF set (10). Another reason might be asymmetric response 
to variations in cues, e.g. more sensitivity to amplification than to attenuation or shifting frequency 
up or down. Furthermore, for median plane, some participants may rely more heavily on the cues from 
one ear, which could lead to a situation where reciprocal ratings were based on spectral distances 
between left ears’ HRTFs for one subject and between right ears’ HRTFs for the other (11). 

On the other hand, the observed asymmetry can be partially blamed on low reliability of the ratings. 
The task of rating HRTFs is proven to be a very tough one, in which it is difficult (although not 
impossible) to achieve high repeatability of the results (12). Furthermore, analysis of the pickiness 
parameter showed that some participants tended to rate others’ HRTF sets significantly higher or lower 
than average, which could result in issuing different reciprocal ratings for the same or similar 
perceived spectral difference. However, the pickiness can be caused by some subjects being more 
critical about the ratings or by different sensitivity to specific distortions in HRTFs. Most likely both 
phenomena contribute to the varying pickiness levels, but, due to the nature of subjective tests, it is 
impossible to separate their impact. 

While the reciprocal ratings are clearly not perfectly symmetrical, the preference can to some 
extent be predicted by symmetrical objective spectral distance measures. Even though obtained 
correlation coefficients for the objective measures have relatively low values, they were found to be 
statistically different from 0 for the LISTEN dataset, unlike the correlation coefficient for the 
reciprocal ratings. The results were also consistent for the other dataset, BiLi, although to a lesser 
extent, as no statistical significance could be observed there, which, apart from the smaller sample 
size, is likely caused by differences in the experimental setup listed in section 2. These findings 
suggest that, due to localization abilities being highly personal traits, an objective HRTF evaluation 
is more reliable than a subjective one, even when using relatively simple spectral distance measures. 
However, it needs to be noted that there are numerous different listening test procedures, so the results 
might not translate to all kinds of subjective evaluation. 

Out of the objective spectral distance measures, MSE proved to be the most correlated with 
subjective ratings for both datasets. It outperformed SD, which is another popular variant of objective 
spectral distance measure, indicating that human hearing system might be closer to perceiving 
distortion in linear rather than in logarithmic scale. This is especially important in developing HRTF 
models, where both approaches are applied depending on the authors’ beliefs (e.g. (13,14)). However, 
more research would have to be conducted to confirm the superiority of MSE over SD. 

While MSE turned out to be the best predictor of subjective ratings, it is still quite simplistic and 
 

4 As tested with one-sided test to reject null hypothesis of 𝜏 ≥ 0. 



 

 

could be improved, as the absolute values of τ were low for both datasets when compared with the 
idealized measure. One could try to modify the objective measures to improve the correlation, either 
preserving their symmetricity or not (e.g. by introducing different weighting systems). Furthermore, 
dynamic differences can be investigated, as presented stimuli incorporated moving virtual sound 
sources rather than static ones. These questions will be considered for future research. 

7. CONCLUSIONS 
This paper describes an attempt to shed light on the asymmetry of HRTF preference by 

investigating the data from previous research where such asymmetry was observed in reciprocal HRTF 
ratings. Three methods were employed to get the full picture: distribution analysis, pickiness analysis 
and correlation analysis. It was found that reciprocal ratings indeed are not correlated with each other, 
which to some extent can be explained by variations in thresholds for subjective ratings (some 
participants being pickier than others) and difficulty of the task. Furthermore, the reciprocal ratings 
were compared with several symmetrical objective spectral distance measures, which proved to be 
weakly correlated with the subjective ratings in the LISTEN dataset. The best predictor of subjective 
ratings is MSE, with SD obtaining lower correlation coefficient, but still outperforming reciprocal 
ratings. The key finding of this study is that predicting subjective preference by applying objective 
measures appears to be more reliable than subjective rating performed by another individual, although 
this might vary depending on the specific listening test design and needs further research to be 
confirmed. 
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ABSTRACT
Previously we derived an information theoretic measure to quantify sound localization performance comple-
menting measures such as angular error and number of front-back confusions. It is based on Bayesian inference
to derive the probability sound originates from particular directions given received acoustic input and prior in-
formation about possible source locations. In this model, we considered the joint probability of lateral and polar
angles of the sound direction using ITD and both left and right monaural spectra as acoustic input. Ideally, all
acoustic information is being considered when calculating this probability, in reality, a limited set of relevant
features are extracted by the peripheral hearing system as determined by what is physically possible and what
is sufficient for survival. Starting from this ideal-observer model as a baseline, we assess in this work to what
extent the localization performance is affected by different heuristics. We show that the information-theoretic
measure is well suited to study the impact of different sub-optimal processing strategies relying on increasingly
simplified/reduced sets of features on localization performance. We propose that such an analysis can shed light
on the trade-offs that give rise to non-ideal localization behavior by human listeners.

Keywords: Sound, Localization, Information loss

1 INTRODUCTION
In the ideal-observer model we derived previously [7], we determine the conditional probability distribution of
the sound source direction θθθ , i.e., what is the probability that the sound originates from direction θθθ given that
we receive the acoustic input A and make use of a prior model M to interpret that acoustic input. Note that,
assuming the sound source is in the far field, we only derive the direction of the sound source and ignore its
distance from the listener.

Ideally, all acoustic information is being considered when inferring the sound direction. This entails regis-
tering and processing both sound waves arriving at the ears. In reality, though, we know that auditory system
processes can ‘measure’ these signals with some restrictions. A number of ‘relevant’ features are extracted
from the acoustic signals and transmitted for further processing, where feature space is determined by what is
physically possible and, given our evolutionary history, what is necessary and sufficient for survival.

In our original model formulation, we assumed that this feature space consisted of the interaural time dif-
ference (ITD) and (the log-magnitude of) the spectrum of both the left and right monaural acoustic input, i.e.
Head Related Transfer Functions (HRTFs), as measured by a filterbank of bandpass filters. This choice was
made because these features are either ‘measured’ directly by the cochlea or can be derived directly from the
output of the cochlea in the case of ITD. Moreover, the resolution with which these features are measured
(in terms of time resolution for ITD, spectral resolution with respect to the number of independent frequency
channels and the resolution of magnitude in each of the channels) have been experimentally determined.

The optimal way of processing the information contained in these features, which are transmitted with uncer-
tainty due to the limitations of the auditory system, is through Bayesian inference. In this sense, the model we
proposed in [7] is an ideal-observer model. It does not make any assumptions on how information is actually
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processed by the brain, it should be understood rather as an upper limit on what is theoretically feasible given
the acoustic information and the limitations of the auditory system. Nevertheless, the qualitative predictions
from this ideal-observer model are in good agreement with actual human sound localization.

In this work, we study how limiting the observer model to various subsets of the above mentioned features,
i.e. replacing the ideal-observer model by various non-ideal ones, affects localization performance. To quantify
performance we report both classic performance measures such as angular errors as well as a less widely used
mutual information measure [8]. The advantage of angular errors is that this performance measure can be com-
pared directly to human localization experiments. The main advantage of the mutual information performance
measure is that, contrary to angular errors, it is agnostic with respect to the decision rule used to turn the pos-
terior distribution of the source direction into an actual estimate. In this study we use a ’maximum a posteriori
probability’ (MAP) decision rule. As the actual decision rule used by human listeners is still the subject of an
ongoing debate [2], the mutual information measure should prove a more stable measure of performance.

2 MODELLING HUMAN SOUND LOCALIZATION
2.1 Ideal-observer model
As mentioned above, we base our results on the calculation of the conditional posterior probability distribution
of the source direction θθθ

p(θθθ |A,M), (1)

with the internal model M (see [7] for details) conflating all prior knowledge defined by

1. the mappings describing the direction-dependent acoustic features (ITD(θθθ) and log-magnitude of the bin-
aural HRTF HL(θθθ) and HR(θθθ)) as encoded in the memorised templates (see below),

2. measurement noise on the ITD and spectral logmagnitudes (σitd and ΣΣΣI),

3. uncertainty of (the log-magnitude of) the source spectrum p(SSS)∼ N(SSS0,ΣΣΣS),

4. uncertainty of the initial source position p0(θθθ) which, in the absence of any prior information about
possible locations of the source would be a uniform distribution defined over the sphere centered on the
listener’s head.

Without loss of information we consider the following representation of the acoustic input:

A = [itd,SL −SR,
1
2
(SL +SR)] := [A0,AS], (2)

with SL and SR the log-magnitude of the left and right ear spectra respectively. This makes, as the (unknown)
source spectrum is in both the left and right ear spectral input, that the source spectrum is only present in AS =
1
2 (SL +SR). Consequently, the mappings describing the direction-dependent acoustic features can be encoded in
the following template set,

T(θθθ) = [itdT (θθθ),HL(θθθ)−HR(θθθ),
1
2
(HL(θθθ)+HR(θθθ))+SSS0] := [T0(θθθ),TS(θθθ)]. (3)

In many psycho-acoustic experiments interaural time difference (ITD) and interaural level difference (ILD)
cues are studied as lateralization cues. We will assume that the listener, when using ILD cues, simplifies the
processing by reducing the actual pattern of cochlear activity to the summed cochlear activity. Hence, we define
the ILD as ild = ∑

fmax
f= fmin

SL( f )− SR( f ). Please note that other more perceptually accurate definitions could be
used instead.

Different from [7] we define the source direction θθθ not in terms of the joint distribution of azimuth and
elevation angles. Instead, we determine first the distribution of the lateral angle θl ∈ [−π

2 ,
π

2 ] of the source
direction p(θl |A,M) and subsequently the conditional distribution of the polar angle θp ∈ [−π,π] given the
lateral angle p(θp|θl ,A,M) using all available acoustic cues A. We can then derive the joint distribution by

p(θθθ |A,M) = p(θl |A,M) · p(θp|θl ,A,M), (4)



We propose that it is useful to split the joint distribution in this way as we can now more readily study the
effects of non-ideal observer models using different subsets of all available acoustic features for determining
lateral and polar angles.

2.2 Mutual Information
We consider a localization experiment wherein during trial i a source is presented at target direction z = θθθ

T .
We define the information I extracted by a listener from the acoustic stimuli aaai received during this localization
experiment by the mutual information between the acoustic stimuli and the source direction [1]. This measure
quantifies the average reduction of uncertainty about the source direction that occurs in the course of one trial
of such a localization experiment

I(θθθ ;aaa = aaai|z = θθθ
T ) = H(θθθ |z = θθθ

T )−H(θθθ |aaa = aaai,z = θθθ
T ), (5)

with

H(θθθ |z = θθθ
T ) =−

n

∑
k=1

p(θθθ k|z = θθθ
T ) log2 p(θθθ k|z = θθθ

T ) (6)

and

H(θθθ |aaa = aaai,z = θθθ
T ) =−

n

∑
k=1

p(θθθ k|aaa = aaai,z = θθθ
T ) log2 p(θθθ k|aaa = aaai,z = θθθ

T ) (7)

being the entropy of the prior and posterior distribution of the source direction respectively expressed in bits.
Note that we assume a discrete sampling grid θθθ k with k ranging from 1 to n. A uniform distribution would
therefore have an entropy of H = log2(n) bits.

By approximating the expected value over the acoustic input aaa as generated by a source at target direction
z = θθθ

T with a Monte Carlo estimate over m trials

H(θθθ |A,z = θθθ
T )∼=

m

∑
i=1

p(aaai|z = θθθ
T ) ·H(θθθ |aaa = aaai,z = θθθ

T ),

we can write the mutual information between θθθ and A given the target direction z = θθθ
T as

I(θθθ ;A|z = θθθ
T ) = H(θθθ |z = θθθ

T )−H(θθθ |A,z = θθθ
T ). (8)

It measures the expected reduction in uncertainty/entropy about the source direction that results from learning
the value of the acoustic input for a target direction z = θθθ

T .
By replacing the joint distribution from Eq. 1 by the split version of Eq. 4, the mutual information (Eq.8)

can also be split in the information contained in the acoustic cues about the lateral angle and the information
contained in the acoustic cues about the polar angle given the lateral angle

I(θθθ ;A|z = θθθ
T ) = H(θθθ |z = θθθ

T )−H(θθθ |A,z = θθθ
T )

= H(θl |z = θθθ
T )−H(θl |A,z = θθθ

T )+H(θp|θl ,z = θθθ
T )−H(θp|θl ,A,z = θθθ

T )

= I(θl ;A|z = θθθ
T )+ I(θp;A|θl ,z = θθθ

T ).

2.3 Non-ideal observer models
Our brain may not use the optimal Bayesian strategy, because there may be other (less ideal with regards to
accuracy) ways of processing the acoustic information that are more robust or allow for a more efficient calcu-
lation, and are ‘good enough’ for the task at hand. Also, some of the cues might be more or less informative
depending on the situation, e.g. knowledge of the source spectrum. Various authors [4, 6, 3] have studied to
what extent lateral and polar angles of the source direction are determined based on certain subsets of acous-
tic cues only. From a Bayesian inference point of view all such schemes are suboptimal. Indeed, as not all
information contained in the cues is used this results in approximations of varying accuracy

p(θθθ |A,M)≈ p(θl |Al,M) · p(θp|θl ,Ap,M), (9)



depending on the particular choice of the subsets of acoustic cues Al and Ap used to determine the lateral and
polar angles respectively.

In the following, we investigate the impact of various suboptimal processing strategies, i.e. heuristics, that
rely on particular subsets of features. We use the ideal-observer model as a baseline, and then assess to what
extent the localization performance deteriorates for these heuristics. The associated information loss is defined
by

Iloss = I(θθθ ;A|z = θθθ
T )− (I(θl ;Al|z = θθθ

T )+ I(θp;Ap|θl ,z = θθθ
T ))

= I(θl ;A|z = θθθ
T )− I(θl ;Al|z = θθθ

T )+ I(θp;A|θl ,z = θθθ
T )− I(θp;Ap|θl ,z = θθθ

T )

= Ilateral
loss + Ipolar

loss ≥ 0. (10)

3 RESULTS
The HRTFs used for the calculations in this section were from the ARI(ALTB)-database. Unless indicated
otherwise, the results were averaged over 10 subjects from the database that were randomly selected.

The simulated experiment consists of N = 100 trials for each potential source position. The results are the
average over these N trials. Lateral and polar angle errors are defined as the absolute value of the difference
between the true source lateral and polar angle and their maximum a posteriori probability (MAP) estimates as
derived from the posterior probability distribution p(θθθ |A,M). Front-back confusions are registered whenever the
angle between the estimated source direction and the mirror-image (re. to frontal plane) of the sound source is
smaller than for the true source direction.

In our original ideal-observer model we had the listener localize the source by jointly estimating azimuth
and elevation angles. However, it is more natural to express the source direction in terms of lateral and polar
angles that need not necessarily be estimated based on the same cues. Often ITD and ILD cues are considered
most important for lateralization and spectral cues for determining the polar angle. Below we investigate to
what extent such a division can be explained by a rational use of the information contained in the cues.

3.1 Feature spaces for lateral angle estimation
To determine the contributions to lateralization of the different acoustic cues, we study the loss of information
associated with determining the lateral angle based on increasingly smaller subsets of the available acoustic cues.
Hence, we determine how the uncertainty as encoded by the entropy of the probability distribution p(θl |Al,M)
(see Eq. 9) increases with smaller subsets of acoustic features Al. The results are shown in Fig. 1. Note that the
regions of information loss correspond to the regions where lateral angular error is higher as does the amount of
information loss with the degree of accuracy loss. Note however, that both the size and the spatial distribution
of the errors will change with the decision rule (MAP) whereas the mutual information loss only depends on
the HRTFs of the listeners.

As the source spectrum S0 or its variability is not always known, it can be advantageous for the listener
to limit oneself to acoustic cues A0 (Eq. 2) that are independent of the source spectrum. In the top two rows
of Fig. 1, we show how using ITD and spectral difference cues compares with the use of all acoustic cues for
the determination of the lateral angle. This comparison shows clearly that very little angular information and
hence accuracy is lost. Fig. 2(a) shows the information loss Iloss due to using only source spectrum independent
cues instead of all cues. Lateral angle information is lost mostly along the midsaggital plane. Note that this
information loss increases Ls the uncertainty on the source spectrum decreases because spectral cues contain
more information in that case. Hence, we conclude that robustness with respect to an unknown source spectrum
can be gained at the price of a small information loss along the midsaggital plane by deriving the lateral
angle estimate from [itd,SL −SR]-cues only. Fig. 2(b-d) also illustrates that there is quite a bit of variability
underlying these results depending on the actual listeners’ HRTFs possibly explaining the large variability in
experimental subjects’ performance.

Rows 1 and 3 in Fig. 1 show how combining ITD and ILD cues compares with the use of all acoustic cues
for the determination of the lateral angle of the sound source. We observe that in this case while larger angular
errors occur, lateralization is still quite good indicating that for lateral angle determination detailed spectral



Figure 1. Determining the lateral angle of the sound source direction. Left column: mutual information; Right
column: lateral angle error. From top to bottom: all cues used; [itd,SL−SR]-cues used; [itd, ild]-cues used;[itd]-
cues used;[ild]-cues used.



Figure 2. Information loss due to using only [itd,SL −SR]-cues; (a) all listeners; (b) listener 7; (c) listener 4;
(d) listener 1.

information helps but is not essential. From Fig. 1, most information loss Iloss occurs on the sides where we
also observe the largest angular accuracy decrease. Hence, apart from a small contribution along the midsaggital
plane (see above), spectral cues make the largest contribution to the lateral angle estimate in these peripheral
regions. This effect can be observed even more clearly when estimating the lateral angle on either the ILD of
the ITD cue alone.

In accordance to the duplex theory of sound localization listeners rely on ITD cues for low-pass stimuli
and ILD cues for high-pass stimuli and, in addition, place a higher weight on ITD cues for wideband stimuli
[4]. In the lower two rows of Fig. 1 we include the results for using ITD cues only and ILD cues only when
estimating the lateral angle of the sound source. When comparing the [itd, ild]-cues strategy with the [itd]-cue
only strategy (rows 3 and 4) we note that by exploiting ILD-cues on top of ITD-cues information is mostly
gained for the θl > 30◦ region. A similar conclusion can be drawn when comparing the [itd, ild]-cues strategy
with the [ild]-cue only strategy (rows 3 and 5). But the information loss is clearly more pronounced when
relying on ILD cues only compared to ITD cues only. This shows that the higher weight placed by listeners on
ITD cues for wideband stimuli, i.e. when both cues are present, can indeed be a rational strategy.

3.2 Feature spaces for polar angle estimation
To verify the claim that spectral cues are the dominant cues for polar angle estimation, we study the loss of
information associated with determining the polar angle, given the lateral angle, based on different subsets of
the available acoustic cues. We determine how the entropy of the probability distribution p(θp|θl ,Ap,M) (see
Eq. 9) depends on the subsets of acoustic features Ap. From a comparison of the results shown in Fig. 3 we
conclude that, as expected, no information is lost by determining the polar angle based on spectral cues only,
given the lateral angle. In Fig. 3 we also show the effect of using selected monaural cues, i.e. the listener
relies on right ear spectral cues in the right hemisphere and left ear spectral cues in the left hemisphere only to
determine the polar angle of the sound source. Such a strategy would clearly result in a significant increase in
information loss as well as concomitant polar angle errors for all directions. We can compare this strategy with
the binaural weighting scheme described in [5], where it was found that the monaural estimates of the polar



Figure 3. Determining the polar angle (given the lateral angle) of the sound source direction. Left column:
mutual information; Right column: polar angle error. From top to bottom: [itd,SL −SR,

1
2 (SL +SR)]-cues used;

[SL −SR,
1
2 (SL +SR)]-cues used; [(θl >= 0) ·SL +(θl < 0) ·SR]-cues used.

angle could be understood as a weighted sum of estimates based on the ipsilateral ear spectrum (weight=1.0)
and the contralateral ear spectrum (weight <0.2) for source positions in the frontal hemisphere (| θl |>= 30◦)
and equal weights in the midsaggital plane. It seems that ours is an extreme version of such a weighting scheme
and further study is required to understand how making it more realistic would affect the results shown here.

4 CONCLUSIONS
In this study we investigated the use of mutual information as a powerful way to analyse performance of various
suboptimal strategies of processing the acoustic cues available to a listener when estimating the direction of a
sound source. We propose that by analysing the spatial distributions of the information loss occurring for the
different strategies further insight can be gained in the trade-offs, e.g. robustness or speed vs. accuracy, faced
by the listener’s brain. In particular, the results of our analysis provide an information-theoretic argument in
support of the hypothesis that rational listeners derive lateral angle information from binaural, source spectrum
independent, cues and polar angle from binaural spectral cues. In addition, we propose that, as regions of high
information loss correlate well with areas of higher angular errors and as it is independent of a specific decision
rule, mutual information provides a stable measure of performance.
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ABSTRACT
When stimuli with identical amplitude are presented via a pair of frontal stereophonic loudspeakers with
large span angle, the perceived virtual source is located at a high elevation in the median plane. It was
interpreted that the virtual source-elevated effect is due to the mismatched ITD variation caused by head
rotation in stereophonic reproduction. But this classical interpolation has not been strictly validated
experimentally. In present work, a psychoacoustic experiment is conducted to validate the contribution of
dynamic ITD variation on the virtual source-elevated effect by using a dynamic virtual auditory display
with headphone. The dynamic ITD variation in a virtual or simulated stereophonic reproduction are
controlled and compensated by manipulating the binaural signals. The experimental results indicate that the
perceived elevation can be changed with the control and compensation of dynamic ITD variation. When
dynamic ITD variation cue is completely compensated, the virtual source-elevated effect can be eliminated.
Therefore, the experiment accurately validates the classical interpolation of virtual source-elevated effect in
stereophonic loudspeaker arrangement with a lager span angle.

Keywords: Dynamic cue; Vertical localization; Stereophonic

1. INTRODUCTION
Virtual source-elevated effect was observed in the early time of stereophonic research (1). When

stimuli with identical amplitude were presented via two frontal stereophonic loudspeakers with a
large span angle, the perceived virtual source was located at a high elevation in the median plane
rather than in the directly front. Early in 1940, Wallach hypothesized that the dynamic variation of
interaural time difference (ITD) caused by head turning provides information for front-back and
vertical localization (2). Wallach’s hypothesis has also been proved by some modern experiment (3).
Based on Wallach ’s hypothesis and a simplified (shadowless) head model, Leakey interpreted that
the virtual source-elevated effect is due to the mismatched ITD variation caused by head rotation in
stereophonic reproduction (4). However, Leakey ’ s classical interpolation has not been strictly
validated by experiment. Moreover, because the contribution of spectral cue in vertical localization
has been emphasized and the contribution of dynamic cue has been belittled for many years, less
attention was paid to Leakey’s interpretation. Recently, with the development of multichannel (3D)
spatial sound, the virtual source-elevated effect attracts attention again, some author has explored
this effect by detail experiments (5).

The present work aims to validate that the virtual source-elevated effect is due to the mismatched
ITD variation caused by head rotation in stereophonic reproduction via a strict experiment. Section 2
outlines the Wallach’s hypothesis and Leakey’s analysis. Section 3 to Section 5 present the principle,
method and results of the experiment.

2. OUTLINE OF WALLACH’S HYPOTHESIS AND LEAKEY’S INTERPRETATION
For convenience in analyzing vertical localization, the interaural polar coordinate is used in this paper.

As shown in Fig. 1, the position of a sound source is specified by (r, Θ, Φ). Where 0 ≤ r < ∞ denotes the
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distance; -90° ≤ Θ ≤ 90° denotes the interaural polar azimuth, e.g., the angle between the directional vector
of the sound source and the median plane, with Θ = -90°, 0°, and 90° being the left direction, median plane,
and right direction, respectively. A constant Θ represents the cone of confusion. The -90° ≤ Φ < 270°
denotes the interaural polar elevation, that is, the angle between the projection of the directional vector of
the sound source to the median plane and the frontal axis, with Φ = -90°, 0°, 90°, and 180° denote the
below, front, above, and back directions, respectively.

Figure 1 – The Interaural polar coordinate system

A simplified head model is used in analysis, in which the shadow of head is ignored and two ears
are approximated as two receiver points with an interval of 2a in the free space. The detail of
following analysis can be found in (6).

For a real source at (ΘS = 0°, ΦS) in the median plane, we have ITD = 0. When the head rotates
around the vertical axis anticlockwise with a small angle Δα, the ITD becomes:

 sincos2
SΦc

aITD (1)

When Δα→0, the variation rate of ITD with respect to Δα is evaluated by

SΦd
dITD cos

)(



(2)

When the head tilts around the front-back axis to the left with a angle Δβ, the ITD becomes:

 sinsin2
SΦc

aITD (3)

When Δβ→0, derivative of ITD with respect to Δβ, is evaluated by

SΦd
dITD sin

)(



(4)

Therefore, ITD provides information of lateral displacement of virtual source with respect to the
median plane. The variation of ITD caused by head rotation provides information on vertical
displacement from the horizontal plane. The variation of ITD caused by head tilting provides
supplementary information for up–down discrimination because of the odd function characteristic of
sinΦS. The aforementioned analysis is the mathematical expression of Wallach’s hypothesis.

For two stereophonic loudspeakers with identical signal amplitude EL = ER = E0 and arranged at
far-field distance with (-Θ0, Φ0 = 0°) and (Θ0, Φ0 = 0°) in the horizontal plane, the binaural pressures
are the superposition of plane waves caused by two loudspeakers. The ITD and its variation with
head rotation/tilting can be evaluated from the resultant binaural pressures. The direction(ΘI, ΦI) of
perceived virtual source can be evaluated by comparing the ITD and its variation with those of the
real source (6),

Comparing the ITD yields
 00sin II ΘΘ (5)

Therefore the virtual source is located in the median plane.
Comparing the variation rate of ITD caused by head rotation yields:

0cos'cos ΘΦ I  (6)
Comparing the variation rate of ITD caused by head tilting yields:

 1800"0"sin orΦΦ II (7)
Therefore, the information of ITD [Eq.(5)] indicates that the perceived virtual source is located in



the median plane. The information of the variation of ITD caused by head rotation [Eq.(10)]
indicates that the vertical displacement of virtual source from the horizontal plane increases with the
increase of half-span angle Θ0 of two loudspeaker pair. For a very narrow span angle, Φ'I ≈ 0°, the
perceived virtual source is located near the horizontal front. For a pair of lateral loudspeakers with
Θ0 = 90°, the cosΦ'I =0, and virtual source is located on the top or in the bottom directions. However,
Eq.(7) is inconsistent with the results of Eq.(6) and fails to provides effective information for
up-down discrimination. However, in practice, the auditory system is accustomed to the sound
source above the horizontal plane, and the sound source in the below direction is relatively rare.
Therefore, when the up-down localization cue is incomplete and conflicting, the virtual source is
often perceived in the upper hemisphere. The aforementioned analysis is equivalent to the
interpretation of source-elevated effect by Leakey (4).

The aforementioned analysis with shadowless head model is only valid below 0.7 kHz. A strict
analysis on ITD and its dynamic variation should consider the effect of head shadow. An analysis
based on head-related transfer functions (HRTFs) yields similar results.

3. PRINCIPLE OF PSYCHOACOUSTIC EXPERIMENT
The present experiment aims to validate that virtual source-elevated effect is due to the mismatched

variation of ITD caused by head rotation in two loudspeaker reproduction. The key idea of experiment is to
check whether the perceived elevation of virtual source can be controlled by manipulating the signals in
two loudspeaker reproduction and thereby changing the ITD variation caused by head rotation. Especially,
if the virtual source-elevated effect can be eliminated after a complete compensation of ITD variation
caused by head rotation. However, it is difficult to achieve aforementioned purpose in conventional
reproduction with two actual loudspeakers. Therefore, the experiment is conducted in a platform of
dynamic virtual auditory display (virtual two loudspeaker reproduction) with headphone by which the
binaural pressures and their dynamic variation can be controlled to simulate the auditory perception created
by loudspeaker reproduction.

For a real sound source at (ΘS = 0°, ΦS) in the median plane, the binaural pressures can be evaluated by
a pair of HRTFs:

00 ),,0(),,0( PfΦΘHPPfΦΘHP SSRRSSLL  (8)
where f is frequency, and P0 is proportional to the amplitude of source stimulus. When the head rotates

around the vertical axis with an angle Δα, the direction of sound source with respect to head changes.
Accordingly, the binaural pressures can be calculated by using the HRTFs at new direction. The ITDs
before and after head rotation can be evaluated from corresponding binaural pressures. Then the variation
of ITD caused by head rotation, denoted by ΔITDR(ΦS, Δα) can be evaluated. It is a function of source
elevation ΦS and angle Δα of head rotation. Especially, for a fixed head with Δα = 0°, we have ΔITDR(ΦS,
Δα) = 0.

In two loudspeaker reproduction with identical signal amplitudes E0 = E0(f), the binaural pressures or
signals can be calculated by:
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(9)

where HLL, HRL are HRTFs from left loudspeaker to the left and right ears respectively; HLR, HRR are
HRTFs from right loudspeaker to the left and right ears respectively. (ΘL, ΦL) and (ΘR, ΦR) are the
directions of left and right loudspeakers respectively. When head rotates or tilts, the directions of two
loudspeakers with respect to head change. In virtual two loudspeakers reproduction with dynamic VAD, the
binaural signals are synthesized according to Eq.(9) and presented by headphone. The HRTFs in Eq.(9) are
constantly updated according to the temporary orientation of subject’s head detected by a head track in
dynamic VAD. Therefore, dynamic VAD can simulate the binaural pressures, ITD and their dynamic
variation caused by two loudspeakers and create same auditory perception (including virtual
source-elevated effect).

The ITD and its dynamic variation with head rotation or tilting in virtual two loudspeaker
reproduction can be evaluated from Eq.(9). The variation of ITD caused by head rotation is denoted by
ΔITD′R(Θ0, Δα). It depends on the half-span angle Θ0 of two (virtual) loudspeakers and angle Δα of head
rotation. Especially, for a fixed head with Δα = 0°, we have ΔITD′R(Θ0, Δα) = 0.

To manipulate the dynamic variation of ITD against head rotation, a linear delay τ′ that depends on the
angle Δα of head rotation is supplemented to Eq.(9). Where τ′ > 0 represents advance in time and τ′ < 0
represents leg in time. If τ′ is equally distributed to the signals of left and right ears, the binaural signals of



virtual stereophonic reproduction become:
)2/'2exp()(')(")2/'2exp()(')("  fjfEfEfjfEfE RRLL  (10)

Signals in Eq.(10) are presented by a pair of headphone. In this case, when head rotates with an angle of
Δα, the actual variation of ITD is the sum of that of original (virtual) two loudspeaker reproduction and the
additional dynamic delay τ′:

'),('),(" 00   ΘITDΘITD RR (11)
The τ′(ΦS, Δα) is chosen so that ΔITD′′R(ΦS, Δα) in Eq.(11) equals to that caused by a real source at

elevation ΦS in the median plane:
),(),(" 0   SRR ΦITDΘITD (12)

Then:
),('),(),(' 0   ΘITDΦITDΦ RSRS (13)

With aforementioned additional delay manipulation, the ITD and its variation with head rotation in
virtual two loudspeaker reproduction is consistent with that of a real source at elevation ΦS in the median
plane. ΦS is termed “target polar elevation”. The high-frequency pressures spectra at two ears for virtual
two loudspeaker reproduction differ from these of a real source. However, if the virtual source-elevated
effect is caused by mismatched dynamic variation of ITD, the perceived polar elevation in virtual two
loudspeakers should be controlled by changing the additional delay τ′(ΦS, Δα) in Eq.(10), e.g., the
perceived polar elevation should be consistent with the target polar elevation. Especially, if τ′(ΦS, Δα) is
chosen to match a target polar elevation of ΦS = 0°, the virtual source-elevated effect should be eliminated.
This is the basic idea of the experiment.

The method of maximizing cross-correlation of binaural pressures is used in ITD evaluation (6).
Because ITD is a cue for low-frequency localization, the cross-correlation of binaural pressures is
calculated within a bandwidth below 1.5 kHz.

4. THE METHOD OF EXPERIMENT
Experiment was conducted using a PC-based platform of dynamic virtual auditory display (VAD) (7).

The scenario update rate of dynamic VAD was 20 Hz, and the system latency time was 25.4 ms. HRTFs
of KEMAR artificial head with DB-060/061 small pinnae and neck but without torso were used in the
experiments. The HRTFs were obtained by a 3D laser scanning of the artificial head and boundary element
calculation (8). The data involved the HRTFs at a source distance of 1.5 m and both azimuthal/elevation
resolution of 1°.

The experiment included two parts:
(1) Virtual two loudspeaker reproduction without additional delay manipulation. The dynamic binaural

signals were created according to Eq.(9). The two virtual loudspeakers were located symmetrically in the
horizontal plane with half-span angle of Θ0 = 5°, 30°, 60°, 90°, respectively. This part of experiment aimed
to examine if the dynamic VAD can simulate the virtual source-elevated effect in reproduction with two
actual loudspeakers.

(2) Virtual two loudspeaker reproduction with additional delay manipulation. The dynamic binaural
signals were created according to Eq.(10). The two virtual loudspeakers were located symmetrically in the
horizontal plane with half-span angle of Θ0 = 60° or 90°. The additional delay τ′ was chosen according to
the target elevation ΦS from -30° to 210° at an interval of 30°. Due to the large error in the calculated
HRTFs at low elevations, the experiment for ΦS < -30° or ΦS > 210° were omitted. This part of experiment
aimed to validate that virtual source-elevated effect is due to the mismatched ITD variation caused by head
rotation.

Experiment was conducted in a listening room with background noise level less than 30 dBA. A pair of
Etymotic Research ER-2 in-ear headphone was used to present the binaural signals. This type of headphone
exhibited a flat magnitude response up to a frequency of 16 kHz when measured at the end of ear-canal
simulator. Therefore, the equalization of the transfer characteristics from headphone to eardrum was
omitted. Two type of stimuli, pink noise with full audible bandwidth (20 Hz ~ 20 kHz) and low-pass
filtered pink noise with a cut-off frequency of 3.0 kHz, were included in the experiment. The length of
stimuli was 10s. The level of binaural presentation was about 75 dB.

Subject judged and reported the perceived direction of virtual source. If two splitting virtual sources
occurred, subjects reported the directions of two virtual sources separately. During the experiment, subjects
were encouraged to turning their head. The angle of head rotation lies between ±10° to ±25° and the angle
of head tilting lies between ±10° to ±20°, as detected by the head tracker in the dynamic VAD.

There were eight subjects (four male and four female), aging from 22 to 29. They all had normal



hearing and experience of subjective experiments. In each case, the stimulus was presented three times in a
random order. Therefore, there were 3 repetitions × 8 subjects = 24 judgments.

5. EXPERIMENTAL RESULTS AND DISCUSSION
The Kruskal-Wallis H test at a significant level of α = 0.05 was used for the homogeneity tests. The

results were 0.152 > 0.05, indicating that there were no significant differences for all subjects. Then the
statistical was applied to all 24 judgments.

In virtual two loudspeaker reproduction without additional delay manipulation, for stimuli with
different bandwidth and each of half-span angle of two virtual loudspeaker (Θ0 = 5°, 30°, 60°, 90°), the
mean percentage of front-back confusion, mean perceived polar azimuth of virtual source and standard
deviation over 24 judgments were less than 4.2 %, less than 4.9º and less than 3.6° respectively. Therefore,
the perceived virtual source was located near the median plane. In addition, no splitting virtual sources
were reported.

Fig.2 illustrates the mean perceived polar elevation ΦI vs the half-span angle Θ0 of two virtual
loudspeakers. Fig.2 shows that the ΦI basically increases with the increase of Θ0. For Θ0 = 5° and 30°, ΦI
lies between 0° ~ 30°; for Θ0 = 60° and 90°, ΦI lies near 45° and 80°, respectively. An ANOVA indicates
that the differences between mean perceived polar elevations of different Θ0 are significant at a level of α =
0.05 except for that between Θ0 = 5° and Θ0 = 30°. In addition, the difference between the results of two
stimuli with different bandwidth is insignificant. Therefore, the aforementioned results indicate that the
dynamic VAD can simulate the virtual source-elevated effect in reproduction with two actual loudspeakers.

Figure 2 – Mean perceived polar elevation vs the half-span angle of two virtual loudspeakers in virtual
two loudspeaker reproduction without additional delay manipulation.

In virtual two loudspeaker reproduction with additional delay manipulation, two splitting virtual
sources were reported in a few cases. This phenomenon mainly occurred for stimulus with full audible
bandwidth, with one virtual source for high-frequency components and another for low-frequency
components. In the case of stimulus with full audible bandwidth, the percentages of two splitting virtual
sources were 13.4% and 5% for two virtual loudspeakers with Θ0 = 60° and 90° respectively. In the case of
low-pass filtered, the percentages of two splitting virtual sources were 0.9% and 0% for two virtual
loudspeakers with Θ0 = 60° and 90° respectively. The splitting virtual sources were caused by the
inconsistent spectral cue in high frequency and dynamic cue in low frequency for vertical localization. In
the following, only the perceived direction of low-frequency virtual source is statistically analyzed when
the splitting virtual sources were perceived.

For stimuli with different bandwidth and target polar elevation ΦI from -30° to 210° at an interval of
30°, the mean perceived polar azimuth was less than 8.9° with a standard deviation less than 11.1°.
Therefore, the perceived virtual source was located near the median plane. For each Θ0, bandwidth of
stimulus and target polar elevation, the percentage of front-back confusion lied between 0% to 16.7%. For
target polar elevation above the horizontal plane with 0° < ΘS < 180°, the percentage of up-down confusion
lied between 0% to 16.7%, except for the case of Θ0 = 60° with full bandwidth stimulus in which the
percentage of up-down confusion was 33.3%. For target polar elevation below the horizontal plane with ΘS
= -30° or 210°, the percentage of up-down confusion ranged from 41.7% to 66.7%. A large percentage of



up-down confusion was due to the fact that, in two (virtual) loudspeaker reproduction, head tilting failed to
provides effective information for up-down discrimination and the auditory system was accustomed to the
sound source above the horizontal plane.

Figure 3 – Mean perceived polar elevation vs the target polar elevation in virtual two loudspeaker
reproduction with additional delay manipulation.

For each given target polar elevation, an ANOVA indicates the effect of Θ0 and bandwidth of
stimulus on the mean perceived polar elevation was insignificant at a level of α = 0.05. Fig.3
illustrates the mean perceived polar elevation ΦI and corresponding standard deviation vs the target
polar elevation for Θ0 = 60° and 90° of two virtual loudspeakers and two stimuli with different
bandwidth. Front-back and up-down confusion are resolved before calculating the mean. It is
observed that the variation of perceived polar elevation follows that of the target polar elevation.
Especially, for a target polar evaluation ΦS = 0°, the mean perceived polar elevation ΦI is near 0°, the
virtual source-elevated effect is basically eliminated. Therefore, the aforementioned results validate
that the perceived elevation in two (virtual) loudspeakers reproduction can be controlled by
manipulating the variation of ITD in reproduction and virtual source-elevated effect is due to
mismatched ITD variation caused by head rotation.

6. CONCLUSION
The present experiment validates Leakey’s classical interpolation that virtual source-elevated effect in

two loudspeaker reproduction is mainly due to mismatched ITD variation caused by head rotation.
Actually, both dynamic and spectral cues contribution to vertical localization. But the information
provided by two cues is somewhat redundant. Either cue alone enables vertical localization to some
extent. Further work will explore the influence of mismatched spectral cue.
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ABSTRACT
Auditory reverse correlation (revcorr) is an experimental paradigm that allows researchers to reveal the acoustic
features that are used as cues by listeners in an auditory task. The paradigm relies on a stimulus-response model,
fitted using a penalised logistic regression, to produce a time-frequency matrix of decision weights called au-
ditory classification image (ACI). An ACI provides thus a map of the participant’s listening strategy in a given
task. In this study, we will present results obtained by two participants in a series of auditory revcorr experi-
ments. In all experiments participants had to indicate which of two possible target sounds were presented. The
two target sounds were: (1) modulated and non-modulated tones, or (2) /aba/ and /ada/ speech samples uttered
by different speakers. A key ingredient in the revcorr method is the presentation of target sounds embedded in
an additive background noise at a signal-to-noise ratio such that the additive noise can affect the participants’
performance. All experiments are implemented in our in-house fastACI toolbox, which offers a ready-to-use
solution for setting up, running, and analysing an auditory revcorr experiment.

Keywords: Reverse correlation, auditory classification images, amplitude modulation, speech perception,
acoustic cues

1 INTRODUCTION
Auditory reverse correlation (revcorr) is an experimental paradigm that allows researchers to reveal the acoustic
features used as cues by listeners in an auditory task. Originally proposed by Ahumada and Lovell [1], the
method has become very popular in the psychoacoustic community during the last decade, with applications to
loudness perception, tone-in-noise detection, modulation perception, timbre judgement, phoneme-in-noise percep-
tion, sentence recognition, and prosody perception (see http://dbao.leo-varnet.fr/2020/12/03/a-visual-compendium-
of-auditory-revcorr-studies/ for a non-exhaustive review). In the present study, we will focus on a specific ver-
sion of the auditory revcorr paradigm particularly suited for exploring simple auditory categorisation tasks and
called auditory classification image (ACI).

In a typical ACI experiment, participants are asked to discriminate two sounds that are repetitively presented
in a background noise. This paradigm, which corresponds to a very simple form of sound categorisation, is
illustrated in Figure 1 for a phoneme-in-noise task with two words of the structure vowel-consonant-vowel, or
logatomes, that differ in only one single phonetic feature [2]. In some trials, the random distribution of noise
will mask crucial acoustic characteristics of the target, resulting in an incorrect response of the participant. A
statistical estimation of the stimulus-percept relationship allows to reveal the time-frequency (T-F) regions where
the presence of noise affects the participant’s decision in a systematic way, i.e., the regions corresponding to the
acoustic cues on which they relied to successfully discriminate the stimuli. The ACI method can therefore be
described as a perceptual imaging technique as it provides a direct visualisation of the listening strategy used
by a participant during the task. This novel methodology is based on purely behavioural data (no neuroimaging
data) and offers an unprecedented insight into the mechanisms at play at the acoustic-phonetic interface.
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Figure 1. Schematic diagram of a typical ACI experiment (grey) and ACI estimation (blue), as evaluated by Varnet et al. [2]. In
each trial, one speech target (here, /aba/ or /ada/) is chosen at random and embedded in an additive white noise. After each stimulus
presentation, the participants are asked to indicate which target they heard. The rationale behind an ACI experiment is to find the
systematic relationship between the T-F noise representation and the corresponding response of the listener, on a trial-by-trial
basis. To do so, a prediction of the binary decision (the choice of /aba/ or /ada/) is obtained from a statistical (GLM) estimation
fitted using a penalised logistic regression (see Section 3.4.2 for details). The resulting matrix of weights, the ACI, reveals the
T-F regions where the presence of noise misled the participant in a systematic way, indicating the location of the acoustic cues on
which the participant relied during the experiment.

The fastACI toolbox developed in our group and freely available at https://github.com/aosses-tue/fastACI,
offers a ready-to-use solution for setting up, running, and analysing an ACI experiment [3]. In particular,
it allows to reproduce all our previous auditory revcorr studies on modulation perception [4] and phoneme
perception [2], [5], [6]. In the present study, we re-analyse the data for a selection of previous experiments
using a single analysis pipeline to obtain a longitudinal view of the listening strategy of two participants in a
series of four auditory experiments. Our goal is not so much to replicate or extend previous revcorr studies
but to rather explain and illustrate the revcorr paradigm on auditory and phonetic tasks. Therefore, our study is
primarily didactic in nature. As part of our dissemination strategy, we recently presented portions of this study
in oral form at a local symposium [7].

2 METHODS
This study aggregates data from several experiments performed by the same two participants, labelled as SA
and SB. All experiments were based on single-interval trials containing one of the two target sounds presented
in noise using either a white-noise or a speech-shaped-noise (SSN) masker: (1) ABDA13 replication of the
/aba/-/ada/ discrimination in white noise from Varnet et al. [2] for which we adopted their same female speech
productions and noise waveforms but employed an updated experimental protocol, (2) ABDA21 /aba/-/ada/ dis-
crimination in SSN [5] using the female speech productions from [2], (3) ABDA22 /aba/-/ada/ discrimination in
white noise, similar to ABDA13 but using two male speech productions [8], [9], and (4) MOD22 amplitude-
modulation (AM) detection in white noise [4]. The specific parameters used in each experiment are listed in
Table 1 and the auditory targets are shown in Figure 2. All experiments can be reproduced within the fastACI
toolbox (see Appendix A.1 for further details).

2.1 Experimental protocol
The trial structure of a typical ACI (revcorr) experiment, exemplified for ABDA13, is shown in Figure 1. The
same protocol was followed in ABDA21, ABDA22, and MOD22, but using different targets and maskers, as
indicated in Table 1. All four experiments were based on a discrimination task in noise with two equally-
likely targets presented through headphones. These simple “categorisations” consisted of N trials, with each
trial having one target-in-noise interval to which the participant had to indicate one of the two possible answers.

https://github.com/aosses-tue/fastACI


Table 1. List of parameters used in each experiment. The adaptive procedures used in different experiments targeted the same
overall performance score of 70.7%. Further details are given in the body text. Abbreviations: WN = white noise; SSN = speech-
shaped noise; N = total number of collected trials.

Step size (dB)

Exp. name Masker Targets (gender speaker) N Staircase rule up down Roving Ref.

ABDA13 WN /aba/ or /ada/ (female) 5000 transformed 1-up 2-down 1 1 no [2]

ABDA21 SSN /aba/ or /ada/ (female) 5000 weighted 1-up 1-down 1 0.41 no [2], [5]

ABDA22 WN /aba/ or /ada/ (male) 4000 weighted 1-up 1-down 1 0.41 ± 2.5 dB [8]

MOD22 WN modulated or unmod. tone 3000 transformed 1-up 2-down 1 1 no [4]

Participants were not allowed to repeat trials, but we provided feedback about the correctness of their responses.
The level of the noise was fixed to 65 dB SPL (64 dB SPL in MOD22) while the level of the target (or the
modulation depth in MOD22) started at SNRinit=0 dB (or mdepth,init=−1 dB) and was adapted during the entire
experiment using a staircase procedure to yield a 70.7% correct performance threshold with either a transformed
[10] or a weighted up-down rule [11]. In ABDA22, a small roving was applied to the presentation level of the
trial to discourage the use of loudness cues (see Table 1). Due to the large number of required trials, the
experiments were organised in short blocks of less than 20 minutes (containing 400 or 500 trials) across several
days. Each experimental session lasted typically two hours and contained between 4 and 6 blocks. All the
noises were stored in the test computer together with the corresponding participants’ responses.

3 Target stimuli
In this section we present a description of the target sounds used in the experiments. These targets were
always presented together with a background noise, or masker, that was expected to detriment the properties of
the target stimuli (summarised in Table 2, see below). Our description does not focus on explaining how the
acoustic properties of the noises interact with those of the targets—the interested reader is referred to [4], [8],
[9], although the perceptual effects of that interaction is what is estimated with the revcorr method.

3.1 ABDA13 and ABDA21
The /aba/ and /ada/ sounds were productions from a female speaker, recorded for the original study by Varnet
et al. [2]. The /aba/ and /ada/ recordings had an average fundamental frequency f0 = 222.2 Hz (std= 32 Hz)
and f0 = 197.6 Hz (std= 28.6 Hz), respectively. For the replication of ABDA13 and for ABDA21, the speech
sounds had a duration of 0.84 s, that is, 0.69 s of the original recordings, zero padded at the beginning and at
the end by 0.075 s to match the total duration of the noises (that had 0.075-s up/down ramps). The level of the
zero-padded sounds was 65 dB SPL. See Table 2 for further details and Figure 2 for a graphical representation
of the two speech samples.

3.2 ABDA22
The /aba/ and /ada/ sounds were natural male productions (native French speaker S43M) taken from the OLLO
database [12]. The sounds were pre-processed to have equal duration and similar acoustic energy in the first
and second syllables [8]. The /aba/ and /ada/ recordings had an average fundamental frequency f0 = 110.5 Hz
(std= 4.6 Hz) and f0 = 110 Hz (std= 4.7 Hz), respectively. The resulting sounds had a duration of 0.85 s, after
zero padding for the same purposes as indicated for ABDA13. The total level of the sounds was 65 dB SPL.
See Table 2 for further details and Figure 2 for a graphical representation of the two speech samples.

3.3 MOD22
The reference sound was a pure tone of frequency f = 1000 Hz with a duration of 0.75 s, including cosine
ramps of 0.075 s at the beginning and end of the stimulus. The target sound was a sinusoidally amplitude-
modulated version of the reference with a rate f mod = 4 Hz and initial phase of 3π/2, i.e., starting at a modu-



Table 2. Characterisation of the target stimuli, the vowel-consonant-vowel (VCV) words used in the ABDA experiments. The
stimuli are available on the fastACI toolbox repository [3], under the folder Stimuli. The fundamental frequency ( f0) and
formants (F1 to F4) were extracted using the Praat software. The signal levels were obtained as root-mean-square values over
segments excluding silent fragments of the waveforms. The level of the waveforms (with no silence exclusion) over the total
length of the waveforms equals 65 dB SPL. The values in parentheses represent the standard deviation of the corresponding
frequency ( f0 or F1–F4) in Hz.

Speech sound /aba/ Speech sound /ada/

First syllable Second syllable VCV word First syllable Second syllable VCV word

ABDA13 & ABDA21 ../Stimuli/varnet2013/Aba.wav ../Stimuli/varnet2013/Ada.wav

f0 (Hz) 252.5 (7.9) 191.9 (4.3) 222.2 (32.0) 252.5 (7.9) 197.6 (5.7) 232.6 (28.6)

F1 (Hz) 897.4 (84.6) 796.2 (64.9) 846.8 (89.4) 897.4 (84.6) 682.8 (82.1) 819.3 (134.3)

F2 (Hz) 1784.8 (35.5) 1605.4 (29.5) 1695.1 (98.2) 1784.9 (35.5) 1849.1 (33.8) 1808.2 (46.4)

F3 (Hz) 2775.6 (33.9) 3035.7 (144.2) 2905.7 (168.3) 2775.6 (33.9) 2900.0 (32.9) 2820.9 (70.4)

F4 (Hz) 4311.4 (141.5) 3674.1 (103.9) 3992.8 (351.5) 4311.4 (141.4) 4074.0 (50.7) 4225.1 (164.7)

Level (dB SPL) 70.9 65.4 67.7 71.7 64.0 67.7

Start-end time (ms) 50–150 280–420 50–420 50–150 280–420 50–420

ABDA22 ../Stimuli/Logatome/S43M_ab_ba.wav ../Stimuli/Logatome/S43M_ad_da.wav

f0 (Hz) 112.8 (1.3) 102.6 (1.1) 110.5 (4.6) 112.1 (2.6) 102.8 (0.6) 110.0 (4.7)

F1 (Hz) 732.9 (120.4) 751.5 (47.8) 744.0 (82.2) 679.3 (123.8) 715.0 (82.7) 702.0 (98.2)

F2 (Hz) 1361.8 (54.7) 1314.4 (18.6) 1333.4 (43.2) 1461.9 (22.6) 1466.9 (149.5) 1465.1 (118.4)

F3 (Hz) 2431.6 (36.9) 2507.4 (19.7) 2477.0 (46.7) 2389.0 (41.3) 2443.1 (56.6) 2423.4 (57.1)

F4 (Hz) 3523.8 (109.8) 3687.4 (89.2) 3622.0 (125.7) 3597.8 (127.5) 3638.0 (43.8) 3623.4 (83.7)

Level (dB SPL) 68.7 65.6 66.5 68.5 65.8 66.5

Start-end time (ms) 50–150 280–550 50–550 50–150 280–550 50–550

lation dip. The modulated tone had an adaptive modulation depth mdepth. The reference and target sounds were
adjusted to have a level of 54 dB SPL such that the noisy trials were at a fixed SNR of −10 dB (i.e., with a
noise level of 64 dB SPL) resulting in a presentation level of 65 dB SPL.

3.4 Analysis
3.4.1 Time-frequency noise representations
ABDA experiments
Following the same rationale as in previous studies [5], each noise waveform was converted into a T-F represen-
tation. A Gammatone-based filter bank was used with 64 bands equally spaced in the ERB scale [13] between
40 and 8000 Hz (toolbox option TF_type=‘gammatone’, see Listing 2 in Appendix A.2). The 64 band-passed
signal was then used as input to a simplified model of inner-hair-cell envelope processing [14, their Sec. II.3],
[15, their Sec. 2.4]. The obtained T-F matrix was down-sampled to a temporal resolution of 0.01 s obtaining
matrices Ni (named Data_matrix within fastACI) that have 84-by-64 (ABDA13 and ABDA21) or 86-by-64 el-
ements (ABDA22). Ni was subsequently reshaped into a vector Ni with 5376-by-1 and 5504-by-1 elements,
respectively.

MOD22 experiment
The same processing was applied to obtain T-F representations in MOD22 with the only exception that instead
of using the noise waveforms alone, the non-modulated tone used in the experiment was added to each noise.
Varnet and Lorenzi argued that this processing is needed to discard the task-relevant information in the stimuli
[see 4, their Sec. IID]. We decided to keep the nomenclature Ni for the T-F “tone-plus-noise” vector of this
experiment to be able to adopt the same matrix notation across experiments for the ACI estimation presented



in the next section. In the fastACI toolbox, tone-plus-noise representations (instead of the default noise-alone
representations) are automatically adopted when the experiment is ‘modulationACI’, loading the tone-plus-noise
vector Ni (here with dimensions 4800-by-1) from the variable Data_matrix (Ni, here with 75-by-64 elements).

3.4.2 Statistical estimation
The core principle of the revcorr approach is to assess how the random fluctuations in the stimuli affect the
behavioural responses of the participant on a trial-by-trial basis [16]. For this purpose, the revcorr approach
relies on a stimulus-response transformation based on a generalised linear model (GLM) to reveal the statistical
relationship between the stimuli and the corresponding participant’s responses. This transformation results in a
T-F matrix of decision weights, the ACI, such that:

Pi = Φ(Ni
T ·ACI+b) (1)

where the predicted value Pi for trial i is a continuous value between 0 and 1 that depends on the noisy
vector Ni and on the GLM parameters, i.e., the vectorised matrix ACI and the scalar intercept b. The GLM
parameters need to be fitted individually based on each participant’s data, such that the link function Φ—a
logistic function—returns a Pi value close to 1 or 0 when the participant responded ri = /aba/ (or modulated
tone) or ri = /ada/ (or unmodulated tone), respectively. Each ACI element is interpreted as a perceptual weight
of the corresponding T-F point. For this reason, ACI has as many elements as the T-F representations of the
targets and its visualisation in matrix form ACI can be interpreted in a very straightforward way, with strong
positive (excitatory) or negative (inhibitory) perceptual weights being indicated by coloured regions (here red
and blue, respectively, see Figures 1 and 2).

Because of the high data dimensionality (up to n = 5504 T-F bins for ABDA22) and the presence of internal
noise in the listener’s decision, classic maximum-likelihood estimates of the GLM parameters are typically very
noisy. It is therefore recommended to use some form of maximum-a-posteriori estimation to constrain the range
of GLM solutions by penalising implausible parameter values [17], [18]. Similar to previous studies [5], [18],
we adopted an L1-regularisation (also called lasso) using a Gaussian pyramid basis. The Gaussian pyramid is
a particular type of basis expansion that expresses the T-F information in a different (multi-scale) system of
coordinates. More specifically, we used a 5-level pyramid decomposition applied to each T-F representation,
where the T-F matrix was downscaled by a factor of 2 in four successive iterations. For this processing we
used the MATLAB function imresize but adopting a Gaussian kernel (toolbox parameter pyramid_script set
to ‘imresize’, see Listing 2). The original T-F representation (“level 0”) was discarded from the pyramid (the
toolbox parameter pyramid_shape was set to 0).

If we define B as the change-of-basis matrix from the original T-F representation to the Gaussian pyramid
space, and w as the ACI coordinates in the new space, then Equation 1 can be rewritten as:

Pi = Φ(Ni
T ·B ·w+b) (2)

The objective of this change of basis is to formulate the problem in a space where the solutions can be ex-
pressed with a limited number of coefficients, meeting the “sparseness” prior imposed by the L1-regularisation.
Here, the ACI is described as a linear combination w of a limited number of Gaussian-shaped elements of dif-
ferent width (the basis vectors from B). The w coordinates were fitted using an L1-penalised logistic regression
(default for the toolbox option glmfct=‘l1glm’). The optimal degree of sparsity was chosen to minimise the
10-fold cross-validation deviance of the GLM fitting. Essentially, this method suppresses those weights that do
not considerably improve the GLM predictions, while keeping the weights identified as critical for explaining
the data. Finally, the vector of weights w is displayed in the T-F domain as an ACI, by transforming it back to
the original T-F pixel basis:

ACI = B ·w (3)

4 RESULTS
We derived the ACIs for participants SA and SB in all four experiments. The obtained ACIs are shown in
the third and fourth columns of Figure 2. To facilitate the later interpretation of results, the spectrograms
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Figure 2. The target sounds and individual ACIs of each experiment are depicted in each of the four rows of panels. The spectro-
grams of the target sounds (Target 1 and Target 2) are shown in the first two columns, with lighter regions indicating higher signal
amplitudes. The last two columns show the corresponding ACIs obtained for participants SA and SB, where positive (red) and
negative (blue) weights correspond to T-F regions that biased the participants’ responses towards Target 1 or Target 2, respectively.
The median thresholds (mdepth or SNR) across all N trials for each participant are indicated as insets in the ACI panels.

of the target and reference sounds are shown in the first two panel columns of Figure 2, where darker and
lighter regions represent T-F bins with lower and higher amplitudes, respectively. We also superimposed the
fundamental frequency ( f0) and the first four formants (F1–F4) on the spectrograms of the ABDA experiments.
For ease of visualisation we only added the corresponding ( f0 and F1–F4) labels in the bottom-most /ada/
spectrogram.

The ACIs show distinct excitatory and inhibitory regions in the T-F space, being this the reason why they
are sometimes described as “psychophysical spectro-temporal receptive fields” [19]. In the context of the present
experiments, excitatory regions (red positive weights) correspond to T-F configurations of noise energy that re-
sult in an increase of the probability that the listener gave the response “/aba/” or “modulated tone”. Conversely,
inhibitory regions (blue negative weights) correspond to T-F configurations of noise energy resulting in “/ada/”
or “unmodulated tone” responses.



4.1 MOD22 experiment
The ACIs for MOD22 are shown in the first row of panels in Figure 2. The excitatory (red) and inhibitory
(blue) cues indicate the regions that led participants to answer “modulated tone” and “unmodulated tone,” re-
spectively. The ACIs show that noise fluctuations at a frequency around 1000 Hz had a significant contribution
in the decision. For both participants, the most dominant cue was located at t = 0.25 s and it was of an in-
hibitory type (blue regions) meaning that the participants answered “unmodulated tone” if they did not hear the
first dip in the sinusoidally AM envelope. Other significant but relatively weaker excitatory cues (red regions)
were observed at the same frequency (≈ 1000 Hz) but centred at time t = 0.13 s and at t = 0.38 s (SA) or
t = 0.35 s (SB), i.e., at the location of the second and third local maxima of the AM envelope which, when
perceived, led the participants to answer “modulated tone.” All the identified cues are, therefore, oriented hori-
zontally, i.e., along the time dimension. In the discussion section we will focus on the analysis of these cues,
and we disregard a number of other less significant cues that were observed primarily for participant SA as,
e.g., the (blueish) cue localised at time t = 0.31 ms and frequency 300 Hz.

4.2 ABDA experiments
The ACIs for ABDA13, ABDA21, and ABDA22 are shown in the second, third, and fourth row of panels in
Figure 2, respectively. The excitatory (red) and inhibitory (blue) cues indicate the regions that led the par-
ticipants to answer /aba/ and /ada/, respectively. In all panels for both participants there are excitatory and
inhibitory cues that are vertically oriented, i.e., along the frequency axis, at time t=0.29 s at around 1500 and
1900 Hz, respectively. At these T-F points is where the consonant-vowel transition is located, including the F2
formant onset of the /a/ vowel (compare the location of these ACI cues with that of the F2 traces in the two
left-most panels). For participant SB in ABDA13 and ABDA21 (Figure 2, second and third panels), there was
an additional inhibitory (blue) cue at f = 500 Hz around the F1 region that was relevant for him to respond
/ada/. For these same two experiments, participant SA relied on two vertically oriented cues in the F2 region
of the vowel-consonant transition, at t = 0.19 s. In experiment ABDA22, the vertically-oriented cues were only
observed at time t=0.29 s, again in the F2 region. Since the words in this experiment were taken from a male
voice, f0 and the formant frequencies are in a somewhat lower frequency range, with respect to the female
voice used in ABDA13 and ABDA21, compare the corresponding spectrograms in Figure 2 (see also Table 2).

5 DISCUSSION
The results from experiments ABDA21, ADBA13 and MOD22 were discussed in detail in our previous studies
[2], [4], [5]. In those studies, however, slightly different analyses were performed, all based on experimental
ACIs (all experiments) or using simulations (ABDA21, MOD22), with ACIs being estimated using different
types of T-F representations and a different GLM algorithm. For comparability purposes, the experimental ACIs
presented here were recomputed using the same processing scheme (see Section 3.4). Despite these differ-
ences, our findings here are consistent with those of our previous studies, highlighting that the ACIs are only
superficially affected by the choice of a particular analysis scheme.

5.1 Acoustic cues
5.1.1 MOD22 experiment
The ACIs for MOD22 from Figure 2 are comparable to the single-band ACIs that Varnet and Lorenzi [4]
presented in their Fig. 3A. Varnet and Lorenzi calculated the on-frequency ( f = 1000 Hz) ACI assuming that
audio-frequency components far from the tone frequency have a negligible contribution to their modulation-
detection task due to the noise masker, i.e., they disregarded the possibility of off-frequency listening. Our 64-
band ACI supports that assumption, given that the significant cues are organised horizontally along the carrier
frequency of 1000 Hz. Also in line with Varnet and Lorenzi, the dominant cue was found at the location of the
first modulation dip at t = 0.25 s followed by relatively weaker cues related to the local maxima of the target
signal envelope (at t = 0.13 s and then between t = 0.35 and 0.38 s). Thus, equally-informative acoustic cues in
the target modulation (here, the first and second modulation dips) are not weighted equally by the listeners. At
the same time, the ACIs reveal an increased perceptual weighting of the first 400 ms—roughly the first half of



the stimulus duration—compared to the later temporal segments. Similar “primacy effects” have been previously
reported for other auditory percepts [e.g., 20]. Although the underlying mechanism is still unclear, Varnet and
Lorenzi [4] showed, by means of auditory modelling, that such suboptimal weighting could result from transient
response characteristics related to auditory modulation processing.

5.1.2 ABDA experiments
The ACIs for experiments ADBA13, ABDA21, and ABDA22 revealed the presence of an acoustic cue in the
T-F regions corresponding to the second formant (F2) transition (between 1500 and 1900 Hz), at the onset of
the second syllable (i.e., at 0.29 s for the speech targets used in this experiment). More precisely, all ACIs
showed a similar pattern of weights in this region, with a positive cluster below a negative cluster. The weights
associated to this cue were very strong except for SA in ABDA21.

This pattern of weights is consistent with the results obtained in previous ACI experiments [2], [6] and
confirms the critical role of the F2 onset as a cue for /b/-/d/ categorisations, as demonstrated using other meth-
ods [21]. More specifically, the target sound is more likely to be perceived as /aba/ or /ada/ if the background
noise is able to shift the perception of the F2 formant to a lower frequency (e.g., in the region of the positive
weights) or a higher frequency (e.g., in the region of the negative weights), respectively.

A similar configuration of positive and negative weights can be observed in ABDA13 and ABDA21 for
participant SA in the F2 transition at the offset of the first syllable (t = 0.16 s, between f = 1600 and 1900 Hz).
This can be interpreted as evidence for the presence of an anticipatory cue [2]. Because of the overlapping of
motor commands during speech production (coarticulation), the identity of the consonant in a VCV word can
be inferred from the information in the preceding vowel [22]. Here, SA is relying mainly on this anticipatory
cue for solving the task.

The ACIs obtained from the three ABDA experiments suggest that listeners can rely on other speech cues to
distinguish between targets, including the F1 transition near the onset of the second syllable (t = 0.25 s, between
f = 400 and 1000 Hz for participant SB in ABDA13 and ABDA21) and the presence of high frequency energy
within the intervocalic interval (t = 0.21 s, f = 6000 Hz for both participants in ABDA21), matching the T-F
position of a potential consonant release burst. The perceptual weights associated to these cues, when present,
are weaker and therefore they appear as a secondary source of information for solving the tasks.

5.2 Spectro-temporal cues: Comparison between experiments
Although the ACIs for all experiments revealed a clear pattern of primary acoustic cues, demonstrating that
participants are actively extracting information from the noisy stimuli to perform the task. These cues cor-
respond to different characteristics of the targets. In MOD22, positive and negative weights were organised
horizontally, and correspond therefore to the detection of a temporal event as a consequence of the (by design)
fixed frequency of the tone carrier. On the contrary, in the ABDA experiments, due to the primary role of F2,
the successful completion of the task relied on a fine frequency discrimination (F2 onset: 1605 Hz for /aba/,
1849 Hz for /ada/ in ABDA13 and ABDA21; 1314 Hz for /aba/, 1467 Hz for /ada/ in ABDA22, see Table 2).
This is why the obtained clusters of weights around F2 are arranged vertically in Figure 2.

For ABDA experiments, where several conditions were evaluated, there are a number of interesting obser-
vations that can be extracted from the comparison of ACIs for different background noises as used in ABDA13
(white noise) and ABDA21 (SSN), both using the same speech sounds from a female speaker, or from the
comparison between ACIs using sounds recorded from a female or male speaker, as in ABDA13 and ABDA22,
respectively. We present these observations next.

5.3 ABDA13 and ABDA21: Comparison between white-noise and SSN backgrounds
When comparing the ACIs from the second (ABDA13) and third panel (ABDA21) of Figure 2, we can observe
that the relevant T-F cues were overall located in similar time and frequency regions in both conditions. In other
words, the participants did not seem to modify considerably their listening strategy across noise conditions.
Instead, only the relative importance of the different cues was changed. For instance, while participant SA
used F2 cues in both syllables in the white-noise condition (second panel), he provided a stronger weight to
the first syllable and only a weak weight to the second one in the SSN condition (third panel). Participant SB



used primarily the information in the second syllable, more specifically, around the F2 region to choose /aba/ or
/ada/, and around F1 to choose /ada/ (blue region). For this participant, the cues in the first syllable were weak
in the white-noise condition but even weaker in the SSN condition.

It is well known that not all acoustic cues are equally robust to a given type of background noise [23]–[25].
For instance, the high-frequency burst cue in a /t/ consonant is more easily perceived in a SSN than in a white-
noise condition, because white-noise maskers have more energy in high-frequencies [24]. These differences
across background conditions raise the question of how the extraction of one cue or another depends on the
listening situation. Very little is known about this phenomenon, as it is very difficult to study experimentally.

In another example, Serniclaes and Arrouas [26] used artificially-edited stimuli to show that listeners weight
acoustic cues differently when phonemes are perceived in a silent or in a noisy condition, with low-frequency
cues being very vulnerable to noise. The authors interpreted this result as a shift in the listening strategy towards
the most reliable cues as the noise increased. More recently, in a study using natural speech stimuli (/aba/–/ada/
or /alda/–/alga/–/arda/–/arga/ words) for which ACIs were obtained for original and degraded versions of the
stimuli, Varnet et al. [27] suggested that the weighting of cues was not only determined by their robustness to
noise but was also likely to be related to how subjectively relevant the cues were for the specific participant.
Such top-down effect was supported by the observation of anticipatory cues and low-frequency F1 cues, which
were observed even when they were not really present in the acoustic properties of their stimuli.

The present study supports this hypothesis, as we also observed a similar anticipatory effect (participant
SA in ABDA13 and ABDA21) and a low-frequency F1 cue (participant SB in ABDA13 and ABDA21), while
the spectral distribution of SSN and white-noise maskers did not seem to affect considerably the primary (and
“robust”) F2 cues.

5.4 ABDA13 and ABDA22: Comparison between speech utterances
When comparing the ACIs from the second (ABDA13) and fourth panel (ABDA22) of Figure 2, we can observe
that the ACIs for ABDA22, where sounds from the male speaker were used, do not show a salient cue in the
first syllable when compared to the results obtained using the female speaker sounds. So, SA and SB did not
benefit of any anticipatory cue when the male speech sounds were used. To explain this difference in the T-F
cues, we found that the /aba/ and /ada/ sounds from the female speaker of ABDA13 had a very intense first
syllable compared to the second syllable (∆L = 5.5 and 7.7 dB for /aba/ and /ada/ respectively, see Table 2)
whereas in the male speaker sounds of ABDA22, the intensity of the syllables was more balanced with a level
difference ∆L of 3.1 dB or slightly less. Hence, when the SNR adaptively reaches the point where the primary
cue for the task (F2 onset, second syllable) is just audible, the secondary cue (F2 offset, first syllable) is much
more likely to be audible—2.4 or 4.6 dB more intense in /aba/ or /ada/—in ABDA13 than in ABDA22. This is
consistent with previous studies of phoneme-in-noise perception, that demonstrate that some utterances are more
robust to noise than others, depending on the intensity of the primary cue and the presence of conflicting cues
[23], [28].

5.5 Discussion summary
In this section we discussed observations that we could draw from the obtained ACIs and we contextualised
them with respect to the existing literature. We illustrated the power of the ACI method for (1) the precise
characterisation of individual T-F cues for a modulation-detection task and for a set of three /aba/-/ada/ ex-
periments (Section 5.1), (2) identifying the nature of the relevant perceptual cues either temporal or spectral
(Section 5.2), (3) identifying subtle changes in the listening strategy such as those by different types of noise
maskers (Section 5.3) by adopting different speech targets (Section 5.4).

6 CONCLUSIONS
In this illustrative contribution of the revcorr method, we showed the results of two participants in four listening
experiments (ABDA13, ABDA21, ABDA22, and MOD22), that were summarised in Table 1 and schematised
in Figure 1. The experiments used different types of noisy listening conditions (white noise or speech-shaped
noise), combined with an /aba/-/ada/ categorisation task or a modulation-detection task. A total of four audi-



tory classification images (ACIs) for each participant were obtained, revealing the specific set of time-frequency
(T-F) cues on which the participants relied—their listening strategy—during the course of the corresponding
experiment. The obtained ACIs were similar to those obtained previously [2], [5], [8], demonstrating the relia-
bility of this novel psychophysical paradigm. Although our discussion was purely based on the information that
could extract from the ACIs presented in Figure 2, a much more elaborate characterisation of the assessed lis-
tening strategies can be performed, including estimates of prediction power of the ACIs and how is this actually
affected by the specific acoustic properties of the noises [8], [9]. As one of the disadvantages of the revcorr
method is the large number of trials that need to be collected to assess reliable ACIs (N between 3000 and
5000 trials in the evaluated experiments), our current efforts are posed into the optimisation, on the one hand of
the revcorr implementation, and on the other of the ACI estimation. To allow a transparent and straightforward
optimisation of these two aspects of the method, we implemented the whole framework in an in-house MAT-
LAB toolbox that we named fastACI. The fastACI toolbox does not only contain all our working framework
but it was also implemented modularly to allow future stage-by-stage extensions.
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A APPENDIX: Study replication using the fastACI toolbox
The four experiments presented in the current study can be replicated using our in-house fastACI toolbox for
MATLAB [3]. We start this appendix by indicating how to replicate the experiments (Section A.1) and how
to reproduce or replicate the ACI estimation (Section A.2). We finish this appendix by briefly commenting on
the installation and current development status of the fastACI toolbox (Section A.3). First-time toolbox users
should start in Section A.3.

A.1 Replication of the experiments
Assuming that you have a computer equipped with MATLAB and you have downloaded and initialised the
toolbox (see Section A.3), a fastACI experiment can be run using the commands in Listing 1, preceded by one
of the following input options:

1 %% ABDA13 experiment :
2 experiment = 'speechACI_varnet2013 ';
3 Condition = 'white '; % default condition

1 %%% ABDA21 experiment :
2 experiment = 'speechACI_varnet2013 ';
3 Condition = 'SSN '; % non -default , needs to be specified

1 %% ABDA22 experiment :
2 experiment = 'speechACI_Logatome -abda -S43M ';
3 Condition = 'white '; % default condition

1 %% MOD22 experiment
2 experiment = 'modulationACI ';
3 Condition = 'white '; % default condition

Listing 1: Reproducing a fastACI experiment, for an arbitrary participant ‘S01’.

3 Subject_ID = 'S01 ';
4 fastACI_experiment ( experiment , Subject_ID , Condition );

After the completion of all N trials, the toolbox will have generated a time-stamped *.mat or “saveg-
ame” file. For instance, for participant “S01” in ABDA22, the savegame file will have a name of the type:
savegame_2022_03_23_13_30_S01_speechACI_Logatome-abda-S43M_white.mat.



A.2 Reproduction or replication of the ACI estimation

Listing 2: MATLAB code required to generate the ACI for a result file named
“savegame_2022_03_23_13_30_S01_speechACI_Logatome-abda-S43M_white.mat.”

1 glmfct = 'l1glm '; % L1 ( lasso ) GLM function
2 TF_type = 'gammatone '; % Type of T-F conversion
3 flags_in = { 'trialtype_analysis ','total ', ...
4 'N_folds ', 10, ...
5 'no_permutation ', ...
6 'no_bias ', ...
7 'plot ', ... % or set to 'no_plot '
8 'pyramid_script ','imresize ', ...
9 'pyramid_shape ' ,0 };

10 fname_results ='savegame_2022_03_23_13_30_S01_speechACI_Logatome -abda - S43M_white .mat ';
11 [ACI ,cfg_ACI ,results , Data_matrix ]= fastACI_getACI ( fname_results ,TF_type ,glmfct , flags_in {:});

A.3 Installation and development status of the fastACI toolbox
To install the fastACI toolbox, after its download from https://github.com/aosses-tue/fastACI [3], you need to
initialise the toolbox by running the script startup_fastACI. At least one third-party package is needed, the
AMT toolbox (https://amtoolbox.org/ in its version 1.0 or more recent). After initialisation you should be able
to run all the codes shown in this appendix.

The fastACI toolbox has been inspired by features from two toolboxes: AMT [29] and AFC [30]. AFC tool-
box users will notice the similarity of our toolbox for the implementation of experiments: All experiments con-
sist of a set of scripts. The three main types are: *_set.m containing fixed experimental parameters, *_cfg.m
containing general configuration settings, *_user.m containing the trial definition.

From the AMT toolbox, we adopted a similar way to reproduce figures from the literature. The reproduction
of figures from our previous studies are contained in publ_*.m files (located in the toolbox folder ../Publica-
tions/), which are similar to the exp_*.m scripts in AMT. For instance, to reproduce Figs. 1A from [5] (ACI
for participant SA in ABDA21, similar to the ACI in Figure 2, but using “old ACI settings”) can be obtained
by typing publ_osses2021c_DAGA_figs(‘fig1a’). In fastACI, however, this and other scripts may require the
manual download of data or the preparation of data before being able to use the publ_*_figs.m file.

A.4 Citing the fastACI toolbox
The fastACI toolbox can be cited as a “project” (all versions) or pointing to a specific version of the toolbox.
To cite all versions (it points to the latest release) use:

Osses & Varnet (2022). fastACI toolbox: the MATLAB toolbox for investigating auditory perception using re-
verse correlation. doi:10.5281/zenodo.5500138. GitHub: github.com/aosses-tue/fastACI
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ABSTRACT 

Interaural asymmetry decreases sensitivity to binaural cues such as interaural time differences (ITD) for 

bilateral cochlear implant users. However, the effects of interaural asymmetry may be mitigated for this 

population by the broad current spread typical of electrical stimulation. Current spread can be estimated using 

spread of excitation (SOE) functions. These measure the extent to which electrodes stimulate overlapping 

neural populations. This is done by measuring electrically evoked compound action potentials (eCAPs) in 

response to stimulating different masker electrodes. The goal of this study was to determine if SOE functions 

can predict the effect of interaural asymmetry on cochlear implant users’ ITD thresholds. SOE functions were 

measured for multiple probe electrodes across the array. Participants also completed an ITD detection task 

that measured the ITD thresholds for different interaural electrode pairs. The preliminary results suggest that 

eCAPs may not be directly predictive of the effect of asymmetry on ITD sensitivity, but they may offer insight 

into the minimum interaural asymmetry that will affect ITD sensitivity. Future studies will investigate the 

relationship between SOE and other binaural cues, such as interaural level differences. 

Keywords: interaural asymmetry, bilateral cochlear implants, interaural time differences 

1. INTRODUCTION

While bilateral cochlear implants (CIs) provide benefits over unilateral CIs (1), bilateral CI users

do not receive the same binaural hearing benefits as normal hearing listeners do.  For example, 

bilateral CI users receive minimal or no benefits from interaural time differences (ITDs; 2,3), an 

essential binaural cue that allows listeners to localize sound sources. One reason for this is that 

interaural asymmetry, when electrodes in the left and right CIs stimulate mismatched cochlear 

locations, is both prevalent (4) and decreases sensitivity to binaural cues like ITDs (5–8). However, 

the effect of that asymmetry may be reduced given the broad spread of current typical with CIs.  As 

a result of the broad range of neurons in the region surrounding an electrode being excited with such 

current spread, it is likely that there are some matched locations in the two ears that are stimulated 

even when the stimulated electrodes are centered on different locations in the two ears. Thus, a broader 

current spread may reduce the negative effects of interaural asymmetry.  

One way of measuring the broadness of the current spread is to measure electrically evoked 

compound action potentials (eCAPs). By spatially separating masker and probe stimulation along the 

array, it is possible to measure the spread of excitation (SOE), reflecting current spread. The goal of 

this study was to test the hypothesis that the extent of the SOE, as measured by eCAPs, predicts the 

effect of interaural asymmetry on ITD sensitivity. To do this, ITD thresholds were calculated while 

holding an electrode in one ear constant and varying the electrode used in the comparison ear. 

Additionally, eCAP SOEs were measured using a variety of masker electrode locations in the 

comparison ear. 
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2. Methods 

2.1 Participants 

Six bilateral CI users, all using Cochlear brand devices, were tested. Participant details are 

provided in Table 1. 

 

Table 1 – Participant Information 

Subject Number Age (years) Duration Implant 

Use (Left)  

Duration Implant 

Use (Right)  

I59 53 4 years 6 years 

I64 71  15 years 16 years 

I65 66  5 years 6 years 

I66 56  1 week 5 years 

I68 63 5 years 6 months 

I69 61 1 year 1 year 

2.2 Stimulation Parameters for ITD Thresholds 

Stimulation was controlled by the Nucleus Implant Communicator (NIC3) and the RF Generator 

(Cochlear). Electrodes were stimulated with 500-ms pulse trains with a pulse rate of 100 pulses per 

second (pps), a phase duration of 32 µs, and an interphase gap of 8 µs. 

After measuring threshold (T) and maximum comfort (C) levels, stimulation levels were loudness 

balanced to minimize the potential confounding factor of loudness differences. Loudness balancing 

was conducted at the most comfortable loudness level (MCL), indicated by participants as a six on a 

ten-point scale. Loudness balancing was conducted both within each array and across arrays. For 

within-array loudness balancing, groups of four adjacent electrodes were stimulated in sequence using 

500-ms pulse trains with a 1-s interstimulus interval. The stimulation level was adjusted by the 

experimenter by adjusting C levels for any electrode that the participant indicated was louder or softer 

than the level of the first electrode stimulated in the group. Adjustments were typically in 1 current 

level (CL) step. After all electrodes in that group were loudness balanced, the next group of four 

adjacent electrodes was stimulated. The first electrode from the new group was the same as the last 

electrode from the previous group (e.g., group 1: electrodes 1–4; group 2: electrodes 4–7). 

For across-array loudness balancing, electrode 11 was used for each array and stimulation 

alternated between the two ears. The stimulation consisted of 500-ms pulse trains with an 

interstimulus interval of approximately 500 ms, presented at MCL. The percent of the dynamic range 

used for stimulation was adjusted based on the reported loudness of the target compared with the 

reference stimulation. Once balanced, the percent of the dynamic range for each ear that yielded 

matched loudness for the MCL stimuli was used for all electrodes in a given ear. 

 

2.3 Measuring ITD Sensitivity 

To measure the subjects’ ITD thresholds, electrode 11 was used as the electrode in the reference 

ear. This was typically the right ear unless there were deactivated electrodes in the left ear. The 

stimulus in the reference ear was paired with different electrodes in the comparison ear.  Typically, all 

electrodes in the comparison ear were used across the trials. Participants were presented with a four-

interval, two-alternative, forced-choice task. On a computer monitor, participants viewed four boxes 

that corresponded with each stimulus. The first and last stimulus had an ITD of 0 and could not be 

chosen. Participants were asked to choose which of the middle two stimuli perceptually differed from 

the other three stimuli. This target stimulus was always the only stimulus with a non-zero ITD. The 

button corresponding to the correct answer turned green after each trial. The subsequent stimuli were 

presented directly after the participants answered.  

Testing used a descending protocol. Participants started with an ITD of 4000 µs, which was 

increased if the ITD of the first stimulus was not suprathreshold. Each ITD was presented twice before 



 

 

the ITD was decreased. ITD was decreased by 2 dB nine times (20 stimuli per block), regardless of 

whether responses were correct or incorrect (see Figure 1). Scores were calculated as the percent 

correct across all trials in the block. Participants completed a practice block that was identical to the 

actual test before starting this task. 

 

 

Figure 1 - Example of one run of the descending protocol. Each circle indicates one trial. Green circles 

indicate correct responses and red circles indicate incorrect responses. 

 

2.4 Stimulation Parameters for Measuring Spread of Excitation 

The comparison ear from the ITD task was used for measuring SOE. Stimulation consisted of 

symmetrical biphasic pulses with a 25-µs pulse phase duration and a 7-µs interphase gap. One 

participant was tested with a 50-µs phase duration due to voltage compliance limitations with the 

shorter pulse. The default probe rate of 80 Hz and 400-µs masker-probe interval were used. The 

stimulation mode was set to MP1. For recording parameters, the recording mode was set to MP2. 

eCAPs were averaged over 50 sweeps with a measurement window of 1600 µs and a 20-kHz sampling 

rate.  

2.5 Measuring Spread of Excitation 

To measure SOE, impedances were first measured to ensure that no electrodes had short or open 

circuits. Maximum Acceptable Levels were then measured across the array by stimulating each 

electrode initially with 100 CL stimulation, and then increasing stimulation using a step size of 5 CL 

for each sweep. Participants rated the loudness on a ten-point scale and indicated when the stimulation 

was at the maximum acceptable level (a rating of 8) if they were to listen to the same stimulus for ten-

minutes. 

eCAP SOE was recorded for each subject using the Advanced Neural Response Telemetry feature 

built into the Nucleus Custom Sound EP 6.0 software. SOE was measured across the array for odd-

numbered electrodes (see Figure 2). To remove stimulus artifacts, the standard forward-masking 

subtraction technique was used, as outlined in previous studies (9). Four conditions were used. In the 

first condition, only a probe pulse was delivered using the target electrode, causing both the eCAP 

and system artifacts to be recorded. In the second condition, a masker was delivered using a given 

electrode, causing the neurons in the surrounding area to enter a refractory period. After each masker 

pulse, a probe pulse was delivered using the target electrode. This occurs after the masker-probe 

interval. In the third condition, only the masker is delivered. Finally, in the fourth condition, a zero-

amplitude probe stimulus was used. This process was repeated for different maskers, which included 

all odd-numbered electrodes, except for the recording electrode, as well as electrodes 2 and 22. The 

combined results of these conditions were used to calculate the SOE.  

  



 

 

 

Figure 2 - Example of eCAP SOE functions across the array for subject I64. Each colored shape indicates 

the SOE function for a different probe electrode, with red shading indicating a more basal electrode and 

green shading indicating a more apical electrode. 

3. Results 

For each subject, normalized SOE and the normalized ITD functions were plotted together for 

comparison (Figure 3). The probe electrode for the SOE function was chosen based on the peak of the 

ITD function. All ITD thresholds at and below 50% (chance) were set to 50% prior to normalizing the 

ITD function. The area under the curve was calculated both for the normalized SOE and the 

normalized ITD functions for each subject. The areas under the curve for each measure were directly 

compared (Figure 3). Analysis of the preliminary results did not reveal a significant relationship 

between the area under the ITD function and the area under the SOE function (r = 0.12; 95% 

confidence interval: -0.26 to 0.96; see Figure 4), although this may reflect low power given the small 

sample size. Additionally, for all cases but I65, the normalized area under the curve for eCAPs was 

smaller than that for ITDs, which suggests that the effect of interaural mismatch on ITD functions 

includes factors beyond what is reflected by the physiological SOE.  

 

 

Figure 3 - Comparative graphs of normalized ITD thresholds (black circles/line) and normalized eCAP 

SOE (red lines). The bold red line indicates the SOE function with a probe at approximately the peak of the 

ITD function. The area under the curve for each of the ITD and SOE functions are given in each panel. 

  



 

 

 

Figure 4 – Within-subject comparison between the area under the ITD function and the area under the SOE 

function 

 

4. Discussion 

This study aimed to investigate whether eCAPs can help predict the effect of interaural asymmetry 

on ITD sensitivity for bilateral CI users. The preliminary results indicated that SOE functions did not 

predict ITD functions, although the area under the SOE functions was typically smaller than the area 

under the ITD functions. This may suggest that SOE sets a lower limit for the effects of interaural 

asymmetry, while other factors further along the auditory pathway also influence the effect of such 

asymmetries.  

The data were normalized to remove between-subject variance in absolute eCAP amplitude. This 

could potentially affect the relationship between SOE and the effects of interaural asymmetry on ITD 

sensitivity. Some participants had very small eCAPs, raising the possibility that the area under the 

curve was underestimated for these participants because eCAPs for many stimuli were below the level 

of detectability, although this would not be apparent with normalized functions. This possible 

confound will need to be investigated in the future. 

While the current study investigated the role of SOE on the effects of interaural asymmetry on ITD 

thresholds, this only measures the peripheral effects of current spread within the target ear. Since ITD 

thresholds reflect brainstem processing (7), it is possible that the signal is further transformed as it 

ascends the auditory pathway, altering the relationship between interaural asymmetry and ITD 

thresholds. Additionally, it is possible that the SOE of stimulation in the contralateral ear also is 

affecting that relationship. That would be consistent with previous research indicating that broadness 

of contralateral masking is affected by the broadness of the current spread of the masker (10).   

Another key finding of the current experiment is that, while the upper range of the area under the 

curve was similar for both ITDs and SOEs, the lower range was dramatically different, with the 

smallest area under the curve for ITD thresholds being over twice as large as the smallest area under 

the curve for the SOE. This may suggest that SOE sets the lower limit for the effects of interaural 

asymmetry on ITD thresholds. Alternatively, it may indicate that there is a more complex relationship 

between SOEs and ITD thresholds. 

5. Conclusion 

Although eCAPs do not appear to be directly predictive of the effect of asymmetry on ITD 

sensitivity, they may offer insight into the minimum interaural asymmetry that will affect ITD 

sensitivity for a given CI user. There may be other relationships between interaural asymmetry and 

SOE for other binaural cues such as interaural level differences and for other binaural tasks such as 

binaural fusion. As with ITDs, for a more complete picture of the relationship with SOE, information 

gathered further along the auditory pathway and/or from the contralateral ear may be necessary.  
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ABSTRACT
In bone-conducted sound reproduction, crosstalk is a phenomenon in which sound presented on either side of the
head reaches the cochlea in the two ears. However, since the brain compares signals coming from each cochlea,
crosstalk at high levels may limit the ability to hear with two ears, especially in patients with two bone-conduction
hearing aids (BCHAs). In this study, we intended to suppress crosstalk sounds at the cochlea by canceling them
at a sensor in the ear canal. Two sensors were evaluated here: (i) a probe microphone that can record the ear-canal
sound pressure and (ii) an accelerometer that can capture the vibration of the inner wall of the ear canal. Since
crosstalk cancellation was designed to occur at the sensor location, we used the tone reception threshold (TRT) as
a subjective indicator to investigate which sensors contributed the most to the cancellation at the cochlea.

Keywords: Tone Reception Threshold, Crosstalk, Bone Conduction

1. INTRODUCTION
Crosstalk in this study refers to the phenomenon in which bone-conducted sound presented on either side

of the head reaches the cochlea in the two ears. Because our brain needs to compare signals sent from each
cochlea, as shown in Fig. 1, high levels of crosstalk—depending on the bone conduction (BC) transmission
in each human head—may limit the benefits of binaural hearing with BC (1, 2, 3, 4, 5). According to recent
survey findings (6), 70% of the patients with bilateral hearing loss (or hearing loss in both ears) were treated
with a pair of air-conduction-(AC)-based hearing aids; however, in the case of bone conduction, only 6%
of the patients were treated bilaterally. Since BC sound stimulates both cochleae (see Fig. 1(a)), it has long
been debated whether a bilateral treatment is beneficial or not.

Snik, Bosman, Walker, et al. reported that, for subjects using two bone conduction transducers (BTs), the
accuracy of sound localization decreased when the direction of the sound source moved to the extreme left or
right (1, 2, 3). They could maintain accurate localization for angles less than 30◦/45◦ (2, 3, 4). In addition,
BC stimulation at low frequencies led to lower localization accuracy than at high frequencies (7). The ability
to understand speech in noise was also affected (5). Crosstalk, therefore, is often cited as one of the factors
that may be responsible for these limitations.

Figure 1 – Hearing by (a) bone conduction and (b) air conduction, where in the case of bone conduction,
sound from either side of the head stimulates both cochleae.
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Since the crosstalk problem discussed here is similar to that which occurs in the case of binaural sound
reproduction through two loudspeakers, the “crosstalk cancellation” method developed for a two-loudspeaker
system (8, 9, 10) may also work for the bone conduction case. Several studies (11, 12, 13, 14) have investi-
gated how to cancel crosstalk in living human heads effectively and are currently limited to unilateral cross-
talk cancellation. These studies, according to their implementations, can be categorized into two methods: (i)
subjective method and (ii) objective method. In the subjective method (11, 12), the user sets the phases and
levels required for crosstalk cancellation manually. The user needs to adjust the phases and levels until s/he
feels the cancellation or sound moving from the center to the right/left side of the head. In contrast, in the
objective method (13, 14), a sensor is used to observe crosstalk and is placed at a location that is considered
quite close to the cochlea, such as the ear canal. Then, the anti-crosstalk sound is automatically adjusted to
cancel the crosstalk at the sensor location. Each method has its own effective cancellation frequency range.
The subjective method is suitable for cancellation at frequencies greater than 1000 Hz because participants
found it difficult to adjust the phases and levels at low frequencies (12). On the other hand, since the objec-
tive method uses an adaptive algorithm, crosstalk cancellation at low frequencies is relatively easy to achieve;
however, whether the user can feel it or not may depend on the location of the sensor relative to the cochlea
or maybe also affected by the type of sensor used.

Figure 2 – (a) unilateral crosstalk cancellation system in which a crosstalk compensation (CTC) filter wRL(n)
is a user-specific filter designed to achieve cancellation at the sensor location. (b) in-ear sensors used in this
study: (top) a probe microphone used to measure the ear-canal sound pressure, and (bottom) an accelerometer
used to capture vibrations of the inner walls of the ear canal.

The work presented here is an extended experiment from our previous study (14), which was based on
the objective method. In this paper, we described our attempt to suppress crosstalk sounds at the cochlea by
canceling them at a sensor in the ear canal, as illustrated in Fig. 2(a). This study used and compared two
in-ear sensors: a probe microphone and an accelerometer (see Fig. 2(b) for the illustration). Here, we aimed
to investigate which sensors contributed the most to cancellation at the cochlea by measuring tone reception
thresholds (TRTs) under two noise conditions: with and without crosstalk cancellation.

2. METHODS AND EXPERIMENTS
Approval of all ethical and experimental procedures and protocols was granted by the Institutional Review

Board of Life Science Research, Chiba University. We obtained informed consent from all participants before
the experiment began.

2.1 Participants
Six adults with normal hearing (four males and two females) aged between 22–32 years participated in

this study. Two B81 bone conduction transducers (BTs) from RadioEar mounted on a headband were placed
at locations equivalent to the bone-anchored hearing aid (BAHA) implant position, as illustrated in Fig. 2(a).
We adjusted the headband to achieve a static force between 2.5–3.0 N to maintain a good acoustic coupling.
Two experiments were carried out: (Subsection 2.3) crosstalk cancellation and (Subsection 2.4) tone reception
threshold (TRT) measurement. In the crosstalk cancellation experiment, a probe microphone and accelerome-
ter were inserted into the left ear canal to estimate a user-specific filter called a crosstalk compensation (CTC)
filter, as shown in Fig. 2(b). Once the filter was estimated and we also confirmed the cancellation at the sen-



Figure 3 – (a) tone reception threshold measurements under two noise conditions: with (right) and without
(left) crosstalk cancellation. (b) an illustration of a form earplug with a deep insertion used in this study.

sor location, participants were then asked to insert foam earplugs into both ear canals to prevent AC sound
radiating from BTs from entering the ear canals before the second experiment began. The earplugs were
inserted as deep as possible, between 75–100% or before experiencing significant discomfort, see Fig. 3(b).
In addition, an otoscopy was performed before the earplugs were inserted deeply to ensure that the amount
of earwax in the participant’s ear canals would not cause a problem such as a blockage.

2.2 Equipment
We used Python, an open-source programming language, to create all the sound stimuli used in this study.

Playback and recording at a sampling rate of 16000 Hz were performed using ALSA audio on Linux OS,
controlled with Python. We used a USB-based audio interface, Creative Sound Blaster Omni Surround 5.1,
for digital-to-analog (DA) and analog-to-digital (AD) conversions. Two in-ear sensors were used in this study:
the ER10B+ probe microphone from Etymotic and the PCB 352A24 accelerometer from PCB Piezotronics.
When the ER10B+ low-noise microphone system was used, the gain was set to 20 dB. For the accelerometer,
an external amplifier, Sono PS-1300 from Onosokki, was required, and its gain was set to 100 to capture BC
crosstalks clearly. In addition, since it was difficult to fit the accelerometer inside the ear canal, a 3D-printed
case was made to mimic the shape of the probe microphone, and the accelerometer was then inserted into
the case, as illustrated in Fig. 2(b). In this study, all measurements were carried out in an anechoic room to
ensure that no external noise interfered with the experimental procedure.

Figure 4 – Crosstalk attenuation at the sensor location in six participants.

2.3 Expt–1: Unilateral Crosstalk Cancellation
To achieve the crosstalk cancellation at the sensor location, we first estimated the user-specific impulse re-

sponses, hRL(n) and hLL(n), from each BT to the sensor by presenting the time-stretched pulse (15) signal.
These impulse responses were then used to run a simulation where the filtered-x least mean square (FxLMS)
algorithm was used to estimate the crosstalk compensation (CTC) filter, a user-specific filter. Details on how
this filter was estimated can be found in our previous study (14). To confirm whether we could cancel the
crosstalk sound, a 6-s band noise and its cancellation signal estimated by the CTC filter were presented to the
heads of all participants. A video available at the following link https://youtu.be/1cxV47cxCHQ demonstrates
how crosstalk sound can be attenuated. Fig. 4 shows the crosstalk attenuation observed by the in-ear sensors
in six participants. Note that the sensors measured the attenuation at the same BT positions.

https://youtu.be/1cxV47cxCHQ


Figure 5 – Example of Participant 1’s TRTs at 500 Hz where improvement (imp.) in TRT is defined as the
difference between TRTs without and with crosstalk cancellation.

2.4 Expt–2: Tone Reception Threshold
To confirm the cancellation at the cochlea, tone reception threshold (TRT) was used as a subjective indi-

cator. In this study, TRT was estimated by the 2–down/1–up adaptive three-interval forced-choice (3IFC) pro-
cedure. To carry out the procedure, a GUI was designed and used to present three consecutive intervals, each
containing a 0.8-s one-third octave band noise but a 0.5-s target pure tone was randomly within one of the
intervals. After all the intervals were played, participants selected the interval in which the target tone was
heard by pressing one of three buttons on the GUI. One TRT measurement at one test frequency consisted
of 12 reversals: a 4-dB step size was used for the first four reversals, and 2-dB was used for the remaining
reversals. The TRT was calculated by averaging the levels at the last eight reversals, as shown in Fig. 5. Each
participant performed 21 TRT measurements (at seven one-third octave frequencies under three conditions:
(i) without cancellation, (ii) with cancellation using the CTC filter obtained by the accelerometer, and (iii)
with cancellation using the CTC filter obtained by the probe microphone). It took about 3–4 hours for each
participant to complete all measurements. When participants rested while the BTs were removed, they were
required to repeat the cancellation experiment to update the CTC filter coefficients to account for changes in
BT positions; otherwise, the cancellation would fail. In this experiment, the one-third octave band noise was
presented at 30 dB sensation level. Fig. 6 shows the improvement in TRT in six participants, where the im-
provement here is defined as the difference between TRTs with and without crosstalk cancellation.

Figure 6 – Improvement in tone reception threshold (TRT) in six participants.



3. RESULTS AND DISCUSSION
Crosstalk Attenuation. Figure 4 shows the crosstalk attenuation observed by (blue) the probe microphone

and (green) accelerometer in six participants. In general, we can achieve crosstalk cancellation at sensor lo-
cations for both sensors. Since the probe microphone basically measured the change in the ear canal sound
pressure when the ear canal was occluded, the sound trapped inside the ear canal became amplified especially
at low frequencies, known as the “occlusion effect.” Probably because of that, the probe microphone achieved
greater attenuation than the accelerometer at frequencies below 630 Hz. Also, the accelerometer and the probe
microphone seemed to capture slightly different sounds. The accelerometer picked up only the vibrations of
the inner walls of the ear canal that it touched; conversely, the probe microphone captured the change in the
pressure level generated by the vibration of the whole inner walls. This might be one of the reasons why the
attenuation pattern as a function of frequency in the same participant at the same BT positions was different
between the two sensors. For example, we observed anti-resonance using the probe microphone that led to
the low attenuation performance at frequencies around 794 Hz in Participants 2 and 3 but did not observe it
when using the accelerometer, indicated by no sudden drop near the same frequency in the same participants
(see Fig. 6). In addition, the accelerometer used in this study was a single–axis accelerometer, so sometimes,
we rotated the accelerometer inside the ear canal to obtain a high-level signal. This can also lead to different
cancellation performances.

Tone Reception Thresholds. As illustrated in Fig. 3(a), the TRT measurements were carried out to con-
firm whether the cancellation that occurred at the sensor location could also happen at the cochlea. Fig. 6
shows the TRT results of six participants where we calculated the difference between TRTs with and without
crosstalk cancellation and defined it as an improvement for evaluation. If the improvement is greater than
0 dB, it means that participants can feel the attenuation; otherwise, it amplifies the crosstalk. From the fig-
ure, we can see that most blue and green lines are above 0 dB in all participants, meaning that they indeed
perceived the cancellation, although some amplifications were also observed. In general, both in-ear sensors
contributed to the cancellation at the cochlea; however, the performance was different between the sensors.
The probe microphone provided better results at frequencies less than or equal to 500 Hz; on the other hand,
the accelerometer tended to give better results at frequencies between 630 and 1000 Hz.

4. CONCLUSION
This paper describes an attempt to develop a bone-conduction-based crosstalk cancellation system. In this

study, we investigated which in-ear sensors contributed the most to the crosstalk cancellation at the cochlea
even though the cancellation was actually designed to occur at the sensor in the ear canal. Our experiment
results showed that the cancellation could be achieved at both the probe microphone and accelerometer in
the ear canal; however, the probe microphone tended to give a better perception of cancellation. This might
be because the accelerometer only picked up the vibration of the inner walls of the ear canal that it touched;
conversely, the microphone captured the pressure generated by the vibration of the whole inner walls.
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ABSTRACT 

While the spectral shapes of head-related transfer functions (HRTF) play an important role in sound 
localization, particularly of elevation perception, they also affect the timbre of sounds. Interestingly, humans 
can perceive both the timbre and position of sound sources even though the spectra of sounds at the eardrum 
reflect the combined effects of the source spectra and the HRTF. In this study, we measured thresholds for 
discriminating the width of a spectral notch similar to the N1 notch in the HRTF, which is centered near 
7 kHz and is known to influence perceived elevation. A spectral notch centered at 7 kHz and with a depth of 
20 dB was imposed on a pink noise. The notch width required for discrimination of the notch bandwidth was 
measured. Subjects were requested to discriminate based on changes in timbre not location. The results were 
evaluated using an excitation-pattern model, with frequency transformed to the ERBN-number (Cam) scale. 
When all thresholds were expressed as the change in excitation level when integrated over the Cam scale, 
the discrimination thresholds were almost the same as the thresholds for detecting a spectral notch measured 
in an earlier experiment. We plan to investigate the combined perception of sound localization and timbre. 
 
Keywords: Spatial hearing, HRTF (head-related transfer function), Timbre, Perceptual cue, Notch 

1. INTRODUCTION 
The frequency spectrum of a sound at the listener’s ear is modified by the transfer function of the 

sound propagation path from the sound source to the eardrum (head-related transfer function, HRTF 
[1]). HRTFs change systematically according to the position of the sound source relative to the ear 
and thus HRTFs provide important cues for sound localization [2]. In particular, the spectral shape of 
the HRTF itself has an important role in the localization of a sound source in the median and sagittal 
planes, helping to resolve the cone of confusion that would result if only interaural time or interaural 
level differences were used for localization [3].   

Several studies have focused on the role of the spectral shape of the HRTF in the localization of 
sound sources placed on the cone of confusion. Hebrank [4] showed that spectral components from 4 
to 16 kHz are necessary for sound localization in the median plane and proposed that a spectral notch 
with a bandwidth of about one octave provides a cue for localization in front and a notch with a 
bandwidth of about 0.25 octave provides a cue for sound localization for directions above the 
horizontal plane. Asano et al. [5] showed that for sound localization in the median plane, 
macroscopic spectral patterns above about 2 kHz provide significant localization cues. Iida et al. [6] 
proposed the following names for the prominent notches and peaks in HRTFs: N1 for the notch with 
lowest center frequency, N2 for the second lowest notch, and P1 for the lowest peak. They synthesized 
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HRTFs parametrically with only these three features and showed that localization accuracy was almost 
the same as with the original HRTFs.  

It should be noted that the results of these studies do not necessarily imply that the features 
themselves are the cues for localization. The spectral pattern created by the HRTF is represented in 
the auditory system as an excitation pattern [7]. The excitation pattern is defined as the output of the 
auditory filters plotted as a function of filter center frequency. The excitation pattern resembles a 
smoothed version of the spectrum. The smoothing reduces the magnitude of the notches and peaks in 
an HRTF [8]. For example, a narrow spectral notch will be poorly represented in the excitation pattern.  

Iwaya et al. [9] presented results supporting the idea that features of the excitation pattern are 
used for judgments of elevation. For HRTFs corresponding to different elevation angles in the 
median plane (angles from 0 to 180 in 10 steps), they calculated levels at the outputs of 1-ERBN 
wide filters spanning the audible frequency range from 1 to 40 Cam, in 1-Cam steps, where Cam 
is the unit of the ERBN-number scale [10]. They calculated inter-band correlation, i.e., the 
correlation of band levels across pairs of center frequencies for each elevation. Level changes for 
some pairs of bands were negatively correlated. In other words, a decrease in level at one center 
frequency was associated with an increase in level at another center frequency. The results showed 
that the audible frequency range could be divided into three broad frequency bands, centered below 
31 Cam, between 31and 36 Cam (about 6 to 10 kHz), and above 36 Cam. The middle band, which 
includes N1, showed a progression of level as a function of elevation angle that was negatively 
correlated with levels in the upper and lower bands. The authors hypothesized that this relative 
information could be exploited by the auditory system to provide elevation information. The role of 
spectral cues remains, however, somewhat unclear, especially in relation to the localization of sound 
in the median and sagittal planes. 

Timbre, which may play a substantial role in recognition of the nature of the source of the sound 
[11, 12], also depends significantly on the frequency spectrum of the sound source [13]. There have 
been some studies of the role of spectral notches or peaks in terms of timbre discrimination. Moore et 
al. [14] imposed a rectangular spectral notch or peak on a wideband noise and measured thresholds 
for detecting the notch/peak and discriminating changes in the center frequency of the notch/peak. 
Thresholds for detection of a notch and discrimination of its center frequency improved (became 
smaller) when the bandwidth was increased, consistent with the idea that narrow notches are not well 
represented in the excitation pattern. However, the shapes of the spectral notches and peaks used in 
this study were different from the natural ones found in HRTFs. 

While spectral shape can act as a cue for both sound localization and timbre perception, as 
described above, interestingly, humans can judge both the timbre and position of sound sources, even 
though the spectra of sounds at the eardrum reflect the combined effects of the source spectra and 
HRFTs. It is not fully understood how the brain achieves this. For sound sources that do not fall in 
the median plane, or when the head and pinnae of the listener are not symmetric, interaural spectral 
differences may help in separating the effects of the source spectra and HRTFs [15] although interaural 
spectral differences alone are known to be insufficient to support accurate sound localization [16, 17, 
18]. Also, familiarity with the source spectrum may play a role, since sound localization is impaired 
when the source spectrum is randomly varied from one trial to the next [19, 20]. More basically, it is 
not known what limits the ability to detect and discriminate spectral notches and peaks. In this study, 
we focus on spectral notches around 7 kHz (N1) in the HRTF, whose center frequency depends 
systematically on the elevation angle and is known to influence perceived elevation [3]. We measured 
thresholds for discriminating the width of a spectral notch centered at 7 kHz that was imposed on a 
wideband noise and compared the results with those of an earlier experiment on the detection of such 
a notch [21]. The main goal was to assess the extent to which an excitation-pattern model could 
account for the results of both experiments.  

2. EXPERIMENT  

2.1 Experimental setup 

Figure 1 shows the experimental setup. The experiment was conducted in a soundproof room at 
the Research Institute of Electrical Communications of Tohoku University, Japan. Sound stimuli were 
presented diotically using headphones (Sennheiser HDA-200) via an audio interface (ROLAND octa-
capture) connected to a notebook computer. To create the desired spectral shape of the stimuli at the 



 

 

ear canal entrances, the stimuli were convolved with the inverse of the responses of the headphones. 
The filter coefficients of the inverse filter were updated during a session, as described in the next 
section. To achieve this, a small microphone (Panasonic WM-64C) was installed next to the tragus, 
with a wire hung on the pinna, to monitor the input sound.  

2.2 Stimulus 

The sound stimulus was pink noise (frequency range 0.2–18 kHz) with an imposed spectral notch 
centered at 7 kHz and with a depth of 20 dB. The notch filter was an antiresonant notch filter 
implemented as a quadratic infinite impulse response (IIR) filter with transfer function expressed by 
Eq. (1), where 𝑔, 𝑟, and 𝜔0 are the filter parameters and are expressed by Eq. (2). Figure 2 shows the 
shape of the notch filter. Here, 𝑓 , 𝐺 , 𝐺 , and 𝐵 respectively represent the center frequency of the 
notch [Hz], the cutoff level [dB] determining the bandwidth, the depth of the notch [dB], and the 
bandwidth [Hz]. The sampling frequency is denoted 𝑓 . In the experiment, Gc and Gn were set to 
−3 dB and −20 dB, respectively, and fn was 7 kHz, as described above.  

 

𝐻(𝑧) =  
^

                                    (1) 

 

𝑔 =         𝑟 = 1 − 𝐴  ,             𝜔 = 2𝜋    

𝐴 = 10  ,                             𝐴 = 10  ,               𝐵 = 2𝜋       (2) 

 
 

2.3 Inverse filtering processing 

The frequency characteristic of each earpiece of the headphones was compensated with an inverse 
filter to provide stimuli with the desired spectral shape as closely as possible. To calculate the inverse 
filter, the impulse response between the electrical signal delivered to the earpiece and the microphone 
(WM-64C) located near the entrance of the ear canal was measured using 512-sample long time-
stretched pulses called OATSP [22]. Next, the pseudo-inverse matrix of the convolution matrix of the 

Figure 2. Shape of the notch filter 
resembling the N1 notch in the HRTF Figure 1. Experimental setup 



 

 

impulse response of the headphones was calculated, with a bandpass filter (0.2–18 kHz) as the target 
function [23]. All stimuli were convolved with the inverse of the response of the earpiece so as to 
obtain the desired spectral shape. 

Since the transfer function between the electrical signal and the microphone changes with the exact 
microphone position and with the listener’s posture, the inverse filter was calculated in situ just before 
the start of a session and was then updated every 10 trials. This took approximately 3 s. To make the 
listener’s posture as stable as possible while the OATSP was being generated, an announcement was 
given to the listener via the headphones when the inverse filter was about to be updated. After the 
listener pressed the keypad, the OATSP was generated and the inverse filter was calculated. The above 
steps were carried out in a practice session at the start of the experiment so that the listeners could 
fully understand the procedure.  

The left panel of Figure 3 shows the magnitude spectrum of pink noise with a notch and the right 
panel shows the corresponding spectrum of the signal at the entrance of the ear canal. The two spectra 
match very well over the target frequency range of 0.2 to 18 kHz.  

2.4 Experimental procedures 

On each trial, a reference sound R and a test sound X, each with a duration of 0.5 s including 0.1 s 
raised-cosine rise and fall times, were presented diotically in random order, with a 0.5-s interval 
between them. The listener was asked to indicate whether R and X were the same or different in terms 
of timbre (Neiro in Japanese). The reference sound R was pink noise with a 1.0-ERBN wide spectral 
notch centered at 7 kHz, where ERBN denotes the equivalent rectangular bandwidth of the auditory 

filter for listeners with normal hearing [10]. The value of ERBN is given by 24.7
.

+ 1 , where F 

is the center frequency of the auditory filter, so the value of ERBN at 7 kHz is 780 Hz. The test sound 
X contained a spectral notch centered at 7 kHz, but with a notch bandwidth, B, equal to or greater 
than 1.0 ERBN. The pink noise used was the same (frozen noise) within a trial, but was newly 
generated for each trial. Therefore, we may expect that any perceived difference in timbre between 
the two stimuli within a trial was caused only by the difference in notch width. For each listener, five 
values of B were used for sound X. These were selected based on a preliminary experiment that 
estimated the notch width, W0, required to give a discriminability index, d = 1 for that listener. The 
procedure for the preliminary experiment was the same as for the main experiment except that 
the bandwidths of the notch in X were the same for all listeners, namely 1.0, 1.5, 1.75, 2.0 and 
2.25 ERBN. The number of trials for the preliminary experiment was 120. The values of W0 for 
each listener are presented later. For the main experiment the five notch widths were ERBN, 
W0−0.50ERBN, W0−0.25ERBN, W0, and W0+0.25ERBN.   

One session consisted of 120 trials and the number of sessions for each listener was four, resulting 
in 480 trials in total. In each session, for one half of the trials, chosen at random, B was the same for 
R and X, i.e. B = 1.0 ERBN. Responses on these trials were used to estimate the proportion of false 
positives, i.e. “different” responses on trials where R and X were the same. For the remaining 60 trials, 

Figure 3. Left panel: Magnitude spectrum of a signal with a notch added to pink noise.  
           Right panel: Corresponding magnitude spectrum at the entrance of the ear canal.  



 

 

where one of the four larger values of B were randomly assigned to fifteen trials. The responses on 
these trials were used to estimate the proportion of “hits” for each B, i.e. the proportion of trials for 
which the listener responded “different” when R and X were different. The discriminability index, d, 
for each value of B > 1.0 ERBN was calculated from the proportion of hits and proportion of false 
positives. Six male listeners and two female listeners (ranging in age from 21 to 24 years) with normal 
hearing sensitivity participated in the experiment.  

3. RESULTS AND DISCUSSION 

3.1 Notch bandwidth discrimination threshold  

Figure 4 shows the individual results for the eight listeners. The discriminability index, d, is 
plotted as a function of the notch width of sound X, expressed in units of ERBN. The value of W0 for 
each listener is equal to the notch width for the third data point from the left. The solid lines are least-
squares regression lines, constrained to pass through d = 0 for a notch width for X of 1 ERBN (since 
R and X were identical in that case). There is some scatter of the data points around the fitted lines, 
probably due to random errors of measurement. The intersection point of the regression lines with the 
dashed horizontal line at d = 1 indicates the “threshold” notch width of X for each listener. These 
threshold values are indicated in Figure 4 in units of ERBN. 

The thresholds were expressed as the difference in B between R and X required to give d = 1.   
The first data row of Table 1 shows the threshold for each listener and the average. The mean value 
across listeners was 1.37 ERB, with a standard deviation of 0.33.  

3.2 Excitation pattern difference at the discrimination threshold 

It seems plausible that the discrimination of R and X depends on the difference between the 
excitation patterns evoked by R and X and that information about this difference is summed across 
auditory filter center frequencies, as proposed by Moore and co-workers [24, 25] based on detection 
thresholds for frequency modulation, amplitude modulation, and combinations of the two types of 
modulation. We calculated a simple measure of the overall difference, namely the difference in area 
of the excitation patterns of R and X, with units dB∙Cam, where Cam is the unit of the ERBN-number 
scale. The excitation pattern was calculated as the output of a bank of rounded-exponential filters 
plotted as a function of center frequency on the ERBN-number scale [7, 10]. The shape of each filter 
is given by Eq. (3):  

 

𝑊(𝑔) = (1 + 𝑝𝑔) exp(−𝑝𝑔),          (3) 

 
where 𝑔  is the deviation from the center frequency of the filter expressed relative to the center 
frequency. The parameter p defines the sharpness of the filter and the value of p can differ for the 
upper and lower sides of the filter. The values of p for each side of the filter were as specified in [7].   

Figure 5 shows excitations pattern for an R sound (a pink noise with a 1-ERBN wide notch, blue 
curve) and an X sound (dashed line) with a 2.37-ERBN wide notch, corresponding to the mean 
discrimination threshold. To calculate the area difference of the excitation patterns, the difference in 
excitation level, Δ (dB), was calculated for auditory filter center frequencies spaced by 0.25 Cams, 
and the values of Δ were summed and multiplied by 0.25.  

The bottom row of Table 1 shows the area difference between the excitation patterns of R and X 
at the discrimination threshold for each listener. The average value, 15.1 dB･Cam, corresponds to the 
difference of the two curves in Figure 5. Thus, based on the assumptions made here, changes of the 
spectral pattern caused by changing the notch width become detectable when the area difference of 
the excitation patterns reaches 15.1 dB∙Cam.  

The validity of this approach is supported by the finding that a similar value was obtained for 
thresholds for discriminating a pink noise without and with a spectral notch [18]; the mean area 
difference across listeners in this case was 12.4 dB∙Cam. These values are also roughly consistent 
with the thresholds for detection of a near-rectangular notch imposed on a wideband white noise [14]; 
the excitation pattern differences at threshold in this case were about 18 dB∙Cam for notches centered 
at 8 kHz and notch widths of 2 and 4 kHz. Note however, that only three listeners were tested in [14], 
and the area differences at threshold varied across listeners. The resemblance of the excitation-pattern  



 

 

 

Figure 4 – Timbre discrimination performance (𝑑′) for each listener (L1 – L8) as a 
function of the notch width of test sound, X, expressed in units of ERBN.  

 



 

 

Table 1 – The second row shows the discrimination threshold (Notch width of X minus notch width 
of R) for each listener and the mean and standard deviation (S.D.). The third row shows the difference 
in area of the excitation patterns for R and X (dB∙Cam) for each listener and the mean. 

 

Listener L1 L2 L3 L4 L5 L6 L7 L8 Mean S.D. 

Discrimination threshold [ERBN] 0.96 1.56 1.49 1.34 2.01 1.29 1.42 0.88 1.37 0.33 

Level difference [dB∙Cam] 10.5 17.3 16.5 14.8 22.3 14.2 15.7 9.6 15.1 3.7 

  
 

area differences across studies may mean that both the detection and discrimination thresholds 
correspond to a fixed change in excitation level when integrated over the Cam scale. It remains to be 
determined whether the thresholds for other types of spectral discrimination, for example changes in 
notch center frequency or notch depth, are also almost constant when expressed as the excitation area 
difference. If this is the case, then the change in excitation level when integrated over the Cam scale 
could be used to predict when a change in HRTF would be just detectable. This could in turn be used, 
for example, to predict just-noticeable differences in elevation for sounds in the median plane. 

4. CONCLUSIONS 
In this study, we measured thresholds for discriminating the width of a spectral notch similar to the N1 

notch in the HRTF, which is centered near 7 kHz and is known to influence perceived elevation. A spectral 
notch centered at 7 kHz and with a depth of 20 dB was imposed on a pink noise (reference stimulus R). 
Listeners were asked to indicate whether a test sound X with notch width equal to or greater than that of R 
was the same as or different from R in terms of timbre. The notch bandwidth difference required to give a 
discriminability index d = 1 was measured. The average discrimination threshold, expressed as the difference 
in notch width between R and X, was 1.37 ERBN, where ERBN denotes the equivalent rectangular bandwidth 
of the auditory filter for listeners with normal hearing. The results were evaluated using an excitation-pattern 
model, with frequency transformed to the ERBN-number scale. It was shown that the timbre change caused 
by an increase in notch width becomes detectable when the area difference of the excitation pattern over the 
ERBN-number scale reaches around 15 dB∙Cam. This value is similar to the area difference of 12.4 dB∙Cam 
found earlier to be necessary for detection of a spectral notch (in comparison to a pink noise with no notch). 
This may mean that both the detection and discrimination thresholds correspond to a fixed change in 
excitation level when integrated over the ERBN-number scale. We plan to investigate the generality of these 
results and the combined perception of sound localization and timbre.  
  

Figure 5 – Auditory excitation patterns for two pink noises, one with a notch width of  
1 ERBN (Reference, blue curve) and one with a notch width of 2.37 ERBN, 

corresponding to the mean discrimination threshold (Test, red dashed curve).  
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ABSTRACT 

Auditory cues to sound localization in the median plane are the monaural spectral cues, i.e., the peaks and 
notches of pinna-related transfer functions (PRTFs). While a typical or stylized peak-notch pattern has been 
identified in previous studies, actual patterns exhibit considerable individuality and notches are not always 
clearly defined at all elevation angles, their trajectories appearing sometimes broken or discontinuous. Here 
we investigate the possibility of enhancing PRTF notch trajectories in the median plane, simply by adjusting 
physical properties (the acoustic reflection coefficient) at selected parts of the pinna surface, without altering 
pinna geometry. This is done with the aid of acoustic simulation, and a combination of sensitivity and 
clustering analyses. Results show that notches throughout the median plane can be deepened and their 
trajectories made more continuous, by lowering the reflection coefficient at certain parts of the pinna surface. 

 

Keywords: PRTF, pinna, notch, median plane, reflection coefficient 

1. INTRODUCTION 

While inter-aural time and level differences (ITD and ILD) are the main auditory cues for sound 
localization along the left-right spatial dimension (e.g., in the horizontal plane), in the median plane 
such differences are minimal and we rely instead on monaural spectral cues, i.e., the peaks and notches 
of head-related transfer functions (HRTFs). As most of these peaks and notches are generated by 
reflections and associated resonances within the cavities of the outer ear (pinna), they are essentially 
the same as the peaks and notches of pinna-related transfer functions (PRTFs). 

Typically in the median plane, PRTF peak frequencies are nearly invariant while the notches vary 
in frequency with elevation angle (1, 2). The peaks are the normal modes (resonances) of the pinna 
cavities (3, 4), and empirical formulae have been proposed to estimate their frequency and amplitude 
from individual pinna anthropometry (5, 6). While the notches are known to be generated by sound-
wave cancellation (i.e., destructive interference) within and around the pinna cavities, the precise 
physical mechanisms are not yet fully clarified, although a number of compelling hypotheses have 
been proposed: e.g., reflection model for sound sources in the front hemifield (7, 1, 8, 9); tripartite 
generation mechanism covering all directions (2); dipole generation mechanism (10). 

As pinna morphology is unique to each individual, the patterns of PRTF peaks and notches in the 
median plane also display considerable individuality (11); hence the need for personalization in 3D 
audio applications. One aspect of individuality is the apparent discontinuities in notch trajectories: 
while in a stylized pattern the first two or three notches typically rise and then fall in frequency with 
increasing polar angle, reaching a highest frequency typically a few degrees behind directly above 
(depending on individual pinna geometry) before decreasing again at lower elevations at rear (2), in 
practice the notches often do not form well-defined and continuous trajectories. Rather, notch 
trajectories are often broken by jumps, locations where they appear to be shallow or missing, or other 
discontinuities. This can make it difficult to trace a continuous path for a given notch or even to label 
a notch consistently across a wide range of polar angles. 

For the front location, previous research has shown that broadband sounds delivered by headphones 
or tube-phones can be correctly externalized in front, provided the listener’s peaks and notches are 
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not overly smoothed (12), or a typical mean depth of the first two notches is either maintained or 
deepened (13). While notch discontinuities are presumably a characteristic of individual pinna 
geometry, an intriguing question is whether a listener’s sound localization performance in the median 
plane, or more generally a listener’s 3D audio experience including externalization of sound sources 
(real or virtual), might be enhanced by somehow deepening notches and filling in the locations where 
notches were missing along their broken trajectories. While this can be done purely with signal 
processing in the context of a virtual audio system, this approach would not yield any insight regarding 
notch generation mechanisms, nor would it be useful in a natural (unassisted) listening situation. 

Here we use a 3D voxelated model of a human pinna together with an acoustics simulator, to assess 
whether, and to what extent, manipulation of only the acoustic reflection coefficient at judiciously 
selected parts of the pinna surface can help to deepen PRTF notches and render their trajectories in 
the median plane more continuous. The present study is therefore concerned primarily with 
physiological acoustics, and evaluation of psychoacoustic performance with enhanced PRTFs is left 
for future work. 

2. BASELINE PRTFs 

The human pinna used in this study was previously measured by magnetic resonance imaging (14) 
and voxelated on a 2 mm isovoxel 3D grid (15). Sound speed � and medium density � at each voxel 
were set to values corresponding to either air (for air voxels) or water (for head/pinna voxels); the 
baseline reflection coefficient at the air-skin interface was thus �� = 0.999 . Employing the 
reciprocity principle in 3D finite-difference time domain (FDTD) acoustic simulation, an air voxel 
adjacent to the center of the blocked entrance of the ear-canal was excited with a broadband Gaussian 
pulse, and the Kirchhoff-Helmholtz method (16) was used to project the evolving sound field around 
the pinna to 55 farfield observation points a distance 1 m from the head center: i.e., to 55 locations in 
the median plane, with polar angles ranging from −45° (below front) through 90° (directly above) 
to 225°  (below back) in 5°  steps. PRTFs were then calculated by free-field normalization with 
respect to the transfer functions obtained using the same source and receiver positions with the 
head/pinna absent. 

The baseline PRTFs computed in this way are shown in Fig. 1, with extracted peaks and notches 
overlayed. As noted in the Introduction, while a typical rise-and-fall in frequency is qualitatively 
observed in the notch patterns, it is difficult to trace a continuous, unbroken path. For example, in the 
front hemifield the trajectory of the first notch rises rapidly in frequency and appears to merge with 
the second notch at polar angle 10° (just under 9 kHz); a very shallow notch at around 9 kHz then 
fades away at higher elevations. Meanwhile, what started out as the third notch around 11 kHz at low 
front, also rapidly rises in frequency and appears to become the second or even first notch at higher 

Figure 1 – Median-plane baseline PRTFs calculated by FDTD simulation, 
with peaks (o) and notches (x) overlayed. 

front  

above  

behind  



 

 

elevations. Attempting to follow its trajectory at increasing polar angles in the rear hemifield as it 
descends in frequency, the trajectory appears to be broken up or weakened in many places. 

In this paper our aim is to explore whether notch trajectories in the median plane can be deepened 
and thus made more continuous, simply by adjusting the reflection coefficient at certain parts of the 
pinna surface. To find the required combination of surface voxels, as described in the following 
section we first use perturbation analysis to calculate pinna sensitivity maps, that summarize the 
acoustic effects of modifying the reflection coefficient at only one voxel at a time. 

3. SINGLE-VOXEL PERTURBATIONS 

Without changing the pinna shape, �  and �  at each of the 1786 surface-voxels (covering the 
surface of the pinna and a small adjoining patch of the side of the head) were modified one voxel at a 
time such that �� = 0.5 at only that part of the surface. For each such perturbation, the 55 PRTFs in 
the median plane were re-calculated by FDTD simulation, peak and notch frequencies � (in Hz) and 
amplitudes � (in dB) were extracted from the PRTFs, and the corresponding baseline values were 
subtracted to obtain ∆� and ∆� for every peak and notch. By color-coding these delta values on the 

Figure 2 – Evaluation of clustering quality as a function of the assumed number of clusters. 

Figure 3 – Results of clustering the notch amplitude sensitivity maps, at the optimum � = 22 clusters. 
Each notch is depicted by its cluster number (and a unique color), in order of increasing frequency. 



 

 

pinna surface, a frequency or amplitude sensitivity map was created for each peak or notch. Here we 
focus on only amplitude sensitivity maps for notches. 

We had previously shown a small selection of amplitude sensitivity maps (15), for what appeared 
to be the first notch at five different elevation angles in the front hemifield. Here we extend that 
sensitivity analysis to all the notches depicted in Fig. 1. Visualization of these sensitivity maps (not 
shown here) confirmed our prior results (15), in that the parts of the pinna surface that most strongly 
affect notch amplitude (i.e., depth) depend to a large extent on the notch frequency and spatial location. 
Our current analysis revealed that while notches close in both frequency and polar angle often had 
somewhat similar sensitivity maps, when considering all the notches throughout the median plane a 
large variety of sensitivity maps were obtained. Therefore, we next applied clustering analysis to 
identify the main types of sensitivity map, as described in the following sub-section. 

3.1 Clustering analysis of notch amplitude sensitivity maps 

We applied k-means clustering to the 99 amplitude sensitivity maps obtained for the notches below 
13 kHz (a notch was defined simply as any local minimum with a gain below 0 dB). For this purpose, 
each sensitivity map was represented by a ∆� vector of length 1786 (the total number of surface 
voxels). The 99 vectors were subjected to k-means clustering using correlation as a measure of 
similarity (i.e., 1 – correlation as a distance measure), and 100 randomly-seeded trials (replicates) 
were run at each number of clusters from � = 2 to � = 50. To decide the optimum number of clusters, 
we used the mean silhouette value, which is a measure of how well separated the clusters are. As 
shown in Fig. 2, this objective criterion increased to a maximum at � = 22 clusters, beyond which 
there was no further improvement. 

At the optimum � = 22 clusters, the clustering membership of the 99 notches is shown in Fig. 3. 
These results confirm that the amplitude sensitivity maps of notches close in proximity in terms of 
both frequency and polar angle, resemble each other to the extent that they form local clusters (e.g., 
clusters 1, 3, 6, 7, 8, 9). On the other hand, the results also indicate that a number of sensitivity maps 
are so dissimilar to all others that they form single-member clusters: these often occur at relatively 
unstable locations along a notch trajectory, where the notch frequency rapidly changes with polar 

Figure 4 – The first 9 cluster centroids (mean sensitivity maps for notch amplitude), covering all 
notches up to 10 kHz as shown in Fig. 3. For visual clarity, only negative shifts in amplitude, i.e. 
deepening of notches, are shown in color (positive shifts, i.e. shallowing of notches, are ignored).    

Gray: ∆� = 0 dB.  Most saturated color: ∆� = −0.0727 dB.                               
The mean frequency of the notches in each cluster is shown in parentheses. 

1 
(6.3 kHz) 

2 
(7.2 kHz) 

3 
(7.6 kHz) 

4 
(7.8 kHz) 

5 
(8.7 kHz) 

6 
(8.9 kHz) 

7 
(9.0 kHz) 

8 
(9.1 kHz) 

9 
(9.2 kHz) 



 

 

angle (e.g., clusters 4 and 12 at 5°, and clusters 5 and 14 at 10°). 
Fig. 4 shows mean sensitivity maps representing the first nine cluster centroids, thus summarizing 

the data for all notches under 10 kHz. In these maps, colored voxels imply that reducing the reflection 
coefficient at that part of the pinna surface resulted in deeper notches; the higher the color saturation, 
the larger the effect. In other words, normal amounts of reflection from the colored parts tend to 
impede or obstruct the formation of deep notches. 

While the sensitivity to each surface-voxel perturbation appears to be quite small (only −0.07 dB 
shift in notch amplitude at the most saturated color), the combined effect of reducing the reflection 
coefficient at several voxels simultaneously is expected to be more substantial. In the next section we 
explore this possibility. 

4. MULTI-VOXEL PERTURBATIONS 

Despite the diversity of patterns in Fig. 4, we aimed to find one particular combination of surface-
voxels, for which reducing their reflection coefficients together would give the following result: 
maximally deepen as many of the notches as possible, while minimally influencing the notch 
frequencies. 

In (17) we reported on how we achieved these aims for the first two notches of the PRTF at front 
(polar angle 0°) only. Indeed, the sensitivity map for cluster centroid 2 shown here in Fig. 4, which 

Figure 5 – Scatterplot of ∆���� vs ∆����, the combined effects of the 9 cluster centroids (Fig. 4) 
on notch frequency and amplitude. The 84 red points were selected by defining a parabola (red 

dashed curve) as described in section 4. 

Figure 6 – Three views of the right pinna, highlighting the 84 surface-voxels selected in Fig. 5.      
Left panel: frontal view. Middle panel: side-frontal view. Right panel: rear view. 



 

 

is a combination of notch sensitivity patterns at 0° and −5°, closely resembles our earlier results (17: 
Fig. 1(b)). Here, we extend those results to the entire median plane. 

To achieve this, we combined the sensitivity patterns for the first 9 clusters shown in Fig. 4, simply 
by summing the numerical values across the 9 cluster centroids: this yielded a combined amplitude 
sensitivity map ∆���� . Similarly, by summing across the 9 centroid patterns of shifts in notch 
frequency, we obtained a combined frequency sensitivity map ∆����. 

A scatterplot of the 1786 pairs of {∆���� , ∆���� } is shown in Fig. 5. On the basis of this 
scatterplot, we selected a subset of surface-voxels that would help achieve our aim of deepening 
notches while minimally affecting their frequencies. This was done heuristically by defining a 
parabola ∆���� = −0.00006(∆����)

� − 0.05 (shown by the red dashed curve in Fig. 5) and choosing 
all voxels lying below the curve (the red points in Fig. 5). 

As a side issue, we noticed that one of the points lying below the curve corresponded to the surface 
voxel directly adjacent to the acoustic source, i.e. at the blocked entrance of the ear-canal. This voxel 
was excluded from the selected list, because reducing its reflection coefficient tended to simply lower 
the amplitude of PRTFs not only at the notches but at all frequencies. This explains the lone black 
point under the parabola in Fig. 5. 

The 84 surface-voxels thus selected are colored orange in 3 views of the pinna in Fig. 6. The 
selected voxels are located mainly across a large part of the concha’s back wall, in smaller parts of 
the front walls of the concha and cymba, along a patch extending down from the antihelix partway 
toward the lobule, and in a small patch between the antitragus and the intertragic notch. Further 
research is needed to assess the acoustic-physiological significance of the selected parts of the pinna 
surface, for example by visualizing the 3D patterns of acoustic pressure in and around the pinna 
cavities, specifically at notch frequencies; such a line of investigation could help clarify the notch 
generation mechanism, and is left for future work. 

Next, we recalculated all 55 PRTFs by FDTD simulation with reduced reflection coefficient at only 
the 84 selected voxels. The reflection coefficient was reduced to a value from �� = 0.95 to 0.10 in 
steps of 0.05, and at each step we extracted the mean dynamic range of the PRTFs (the difference 
between the maximum and minimum gain in dB) as well as the change in the amplitudes of notches 
relative to baseline. The extracted values are shown in the two panels of Fig. 7. These data indicate 
an optimum value for the reduced reflection coefficient: at �� = 0.35 , the mean dynamic range 
attained its highest value of 33.4 dB (i.e., 7 dB greater than the baseline dynamic range of 26.4 dB), 
and the deepened notches shifted in amplitude by the largest amount (−15.7 dB on average). 

Lastly, Fig. 8 provides a visual comparison of the baseline median-plane PRTFs (at top) with those 
obtained after reducing the reflection coefficient at only the 84 selected voxels to an intermediate step 
�� = 0.65  (middle) and further down to �� = 0.35  (bottom). These images clearly show the 
deepening of most (though not all) notches as �� at the selected voxels was reduced. We would like 
to draw particular attention to notch trajectories in the rear hemifield (polar angles from 135° to 
225°) which were originally weak or broken in several places; at �� = 0.65 those notches were clearly 
transformed to two continuous, unbroken trajectories. 

While the analysis results in Fig. 7 indicated an optimum at �� = 0.35 both in terms of notch 
deepening and PRTF dynamic range, the corresponding image at the bottom of Fig. 8 reveals several 

Figure 7 – PRTF dynamic range (left panel) and shift in notch amplitude (right panel) as a function of 
the value of ��, the reduced reflection coefficient at the 84 selected pinna surface-voxels. 



 

 

locations where notches were unintentionally weakened, such as the second notch just above 9 kHz 
at front-low, or the second notch trajectory at higher frequencies in the rear hemifield. Furthermore, 
while the 84 voxels were intentionally selected on the basis of minimally influencing the notch 
frequencies, the mean absolute shift in notch frequency monotonically increased as the reflection 
coefficient was lowered, reaching 207 Hz at �� = 0.65, and 359 Hz at �� = 0.35. In light of these 
observations, �� = 0.35 may be regarded as too extreme in terms of notch distortion, and a more 
moderate value such as �� = 0.65  may be preferable auditorily. In any case, it is necessary to 
supplement the present study with auditory evaluations to assess whether such modifications to a 
listener’s PRTFs would help to enhance their spatial hearing. 

5. CONCLUSIONS 

In this study we used FDTD acoustic simulation as a tool to investigate the possibility of deepening 
PRTF notches, and thus enhancing the dynamic range of PRTFs (and by extension HRTFs) in the 
median plane. This was achieved by sensitivity analysis whereby, retaining the original pinna 
geometry, only the reflection coefficient at one surface-voxel at a time was modified and the 
consequences of such modification on the PRTFs were quantified. Due to the large number of 
sensitivity maps thus generated, clustering analysis was applied to reduce the patterns to a few basic 
types. Lastly, a subset of pinna surface-voxels was selected after combining the cluster centroids, and 

Figure 8 – Effect of reducing pinna surface reflection coefficient �� at the 84 selected voxels (Fig. 6), 
on PRTFs in the median plane. 

Baseline �� = 0.999 
(same as Fig. 1) 

 �� = 0.65 

 �� = 0.35 



 

 

it was shown that by reducing the reflection coefficient at only those parts of the pinna surface (only 
84 of the 1786 surface-voxels), notches throughout the median plane were deepened and the PRTF 
dynamic range was enhanced by 7 dB on average. 

As our study focussed purely on physiological acoustics, it is left for future work to assess the 
psychoacoustic response to such PRTF enhancements. In addition to applications in virtual audio, our 
results may be useful for investigating the effects on natural spatial hearing, of physically modifying 
a listener’s pinna surface reflection, for example by painting parts of the pinna with an acoustically 
absorptive material. We also hope that such investigations can lead to an even better understanding of 
how notches are generated, and how they contribute to sound externalization and localization. 
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ABSTRACT 

Most classic models of binaural processing are partly built on assumptions that have been challenged or even 

contradicted by physiologic or psychoacoustic data. We show that, by abandoning unproven assumptions, 

two cross-correlating units can already account for 98% of the variance of over 300 tone-in-noise detection 

thresholds across eight studies, by optimizing three free parameters. From there, new assumptions have to be 

made, en route to extending the “two correlator concept” to a comprehensive binaural model. The first 

assumption is a mechanism that introduces incoherence interference across frequency channels. It reduces 

interaural coherence discrimination sensitivity if less coherent channels exist in spectral proximity. 

Incoherence interference differs from the classic assumption of wider binaural filters, since it has no effect if 

the masker coherence is constant across frequency bands. It resolves the inconsistency that accounting for 

some datasets requires wide filters while others require narrow filters. Within the classic model construct, so-

called delay-lines were needed to simulate residual binaural sensitivity, even at large interaural time 

differences. Using peripheral filter bandwidths for binaural models, however, renders the delay-lines 

unnecessary. It is shown that the increased temporal coherence of narrow filters serves the same purpose but 

with fewer assumptions and contradictions. 

 

Keywords: Binaural Hearing; Interaural Time Difference; Interaural Coherence 

 

1. INTRODUCTION 

The “Delay Line” concept, first proposed by Jeffress (1948) suggest that an array of neurons exists 

with a different input latency for the signals of the left and right ear. Followed by a so-called 

coincidence detection stage this constitutes a cross-correlation function. Subsequent decoding stages 

typically detect the position of cross-correlation maximum to exploit interaural time difference (ITD) 

information. The maximum of the normalized correlation function serves as a measure for interaural 

coherence. The easiest way to derive cross-correlations is by processing the whole stimulus, i.e. by 

looking at a time-averaged correlation. This simplification has the consequence, that short-term cues 

cannot be exploited directly but only indirectly, if they influence the long-term correlation. For 

instance, an antiphasic tone in more intense diotic noise causes short-term fluctuations in interaural 

differences, while the mean values remain zero. Cross-correlation models can detect the presence of 

such tones because they reduce the maximum of the cross-correlation function. It has been shown that 

average rates of ITD-sensitive neurons change in such situations (Jiang et al. 1997). However, the 

tone levels necessary to induce the changes are far above psychoacoustic tone-detection thresholds. 

By abandoning the questionable assumption that the decoder only has access to the time-averaged 

rates, it appears as if many concepts of binaural processing have to be revisited.  

If short-term fluctuations of ITD are encoded, there is a difference for each binaural interaction 

unit between uncorrelated input and orthogonal input, e.g., an ITD equal to a 90° phase difference. 
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However, the interaural correlation is zero for both. Consequently, no delay line is necessary to resolve 

the ambiguity. Longer delay lines have also been shown to be unnecessary if one assumes that strong 

ITD fluctuations at some frequencies interfere with the ability to exploit the small fluctuations caused 

by the target tone at a different frequency (Eurich et al. 2022). The scrapping of long delay lines in 

turn resulted in a reduced ability to detect tones in interaurally delayed noise compared to delay line-

based (e.g., van der Heijden and Trahiotis 1999). By reducing filter bandwidth, which previously was 

assumed to be wider for binaural interaction (van der Heijden and Trahiotis 1999), the coherence 

length of the filter increased and took over the job that was previously attributed to delay lines. 

Therefore, using auditory filters as they are common in monaural models together with the 

interference mechanism seems to be able to resolve two inconsistencies between physiology and 

psychophysically inspired models (Eurich et al. 2022).  

 

 

 

 

Figure 1: Processing stages of the numerical model. Circles indicated fitting parameters. Figure 

taken from Eurich et al. (2022). This work is licensed under the Creative Commons Attribution 4.0 

International License. To view a copy of this license, visit http://creativecommons.org/licenses/by/4.0/ 

or send a letter to Creative Commons, PO Box 1866, Mountain View, CA 94042, USA.  
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2. METODS 

Both analytic (Encke and Dietz 2022) and numeric (Eurich et al. 2022) binaural models have been 

employed, centrally comprised of a peripheral filterbank, simulating the frequency selectivity of the 

basilar membrane is a basic manner. The latter is shown in Fig. 1. The two correlators can be either 

implemented by two conventional correlators with a characteristic delay corresponding to -T/8 and 

+T/8, respectively, where T refers to the cycle duration of a tone at the filters center frequency. Most 

simulations are done at 500 Hz, where the characteristic delays are -250 µs and +250 µs. Alternatively, 

a single complex-valued correlation coefficient can be derived, corresponding to characteristic phase 

differences of 0° and 90° for the real and imaginary. The next stage uses the full 2-dimensional feature 

space to encode both the signals average interaural phase relation and its interaural coherence. From 

this model core extensions are necessary, some of which are already included (e.g. the across channel 

incoherence interference) while others are envisioned and will be discussed.  

3. RESULTS 

The analytic model was able to account for 98% of over 300 tone-in-noise detection thresholds across 

eight studies. The numeric model could additionally account for the reduced sensitivity in cases where 

maskers have incoherent spectral regions away from the target frequency.     

4. CONCLUSIONS 

The new approach to derive interaural coherence from two correlators rather than from the maximum 

of the normalized cross correlation function has been demonstrated to predict data from ten different 

studies. It has far-reaching consequences for interpretations of various binaural processing aspects 

such as filter bandwidth, interpretation of neural responses, as well as psychoacoustic data. Future 

work is required to cover all these aspects with the possible reward of a more consistent theory of 

binaural interaction. 
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When does spatial auditory processing matter? 

Barbara Gail SHINN-CUNNINGHAM1 
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ABSTRACT 
Spatial hearing plays a significant role in everyday hearing. For instance, in noisy social settings, listeners 
with poor spatial hearing have an inordinately difficult time communicating. Moreover, spatial features are 
computed extremely early in the auditory pathway, only a few synapses from the cochlea. From these 
observations, spatial auditory processing seems to be a fundamental and critical part of auditory processing 
and auditory perception. Yet, seemingly paradoxically, spatial cues play a relatively minor role in many 
laboratory experiments. Behavioral, neurophysiological, neuroimaging, EEG, and MEG results exploring 
how spatial auditory cues are utilized in complex settings show that spatial auditory processing can be 
powerful for segregating sources or focusing attention, but that this does not happen automatically. After 
considering this evidence, we propose that spatial auditory cues, computed in the brainstem, are available for 
cortical processing, but recruit a visually biased frontoparietal network only when needed. However, in noisy, 
chaotic scenes with competing independent sources, listeners engage these visually biased spatial attention 
networks to direct selective attention and to store spatial information in working memory. In this view, spatial 
hearing matters in everyday settings far more than it does in carefully controlled psychoacoustic experiments.  
 
Keywords: Auditory attention, source segregation, fMRI, EEG 

1. SPATIAL HEARING GETS A LOT OF ATTENTION 
In hearing science, two important, yet arguably esoteric topics have consumed the attention of a 

disproportionately large number of researchers: pitch perception and spatial hearing. Decades of 
research have been devoted to each topic, yet researchers continue to argue about the details. Both 
play important roles in everyday perception, but perhaps more critically, both pose intellectually 
engrossing puzzles. Exactly which acoustic features drive perception of what are intuitively “obvious” 
perceptual attributes that even a toddler understands? How does the brain compute such features from 
the stochastic, noisy neural responses coming out of the cochleae? And exactly where does the brain 
represent these attributes? 

When it comes to spatial hearing, the focus here, this intellectual fascination undoubtedly was 
fueled by the fact that early theories of sound localization preceded direct experimental evidence – 
and these early theories largely turned out to get the “gist” right, even if the details continue to be 
debated. For instance, in 1907, Lord Rayleigh posited the “duplex theory,” arguing that for low audible 
frequencies, interaural timing differences, ITDs (or within a narrow frequency range, interaural phase 
differences), dominate perception of left-right direction, while at high frequencies where the head 
causes an acoustic shadow, interaural level differences (ILDs) dominate (1). Similarly, before there 
were recordings of “coincidence detector” cells in the brainstem’s medial superior olive (e.g., see (2)), 
Jeffress proposed a nonlinear neural mechanism that could convert fine differences in timing of neural 
responses coming out of the left and right cochlea into a “place” code, in which location could be read 
out by looking across which neurons in a population are most active (3). In the ensuing decades, 
debates about nuances in how these brilliant theorists were right – and wrong – have waged (e.g., 
debates about the duplex theory: (4–7); debates about interaural coincidence: (8–11)). But, in truth, 
the broad strokes these pioneers painted, without direct experimental evidence for their ideas, holds 
up even now. 

Despite the intellectual fascination for binaural hearing that devours me and many others, here I 
argue that cortical spatial auditory processing does not happen automatically. Instead, when listeners 
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 Figure 1 – Maps of bilateral visual-biased and auditory-biased regions in frontal cortex. Three visual-

biased regions and five auditory-biased regions control attention and working memory tasks. Reproduced 

with permission from (29). 
A recent study from our own lab simultaneously measured behavior, EEG, and pupilometry to 

explore these ideas further (38). Participants performed dual-task experiments in which they heard or 
saw a sequence of stimuli, from which they had to hold either spatial or temporal information in 
working memory. During this “hold” period, they performed either no task, or an intervening auditory 
temporal or auditory spatial task. All three measures showed greater interference (on task accuracy, 
stimulus-evoked event related potentials, and pupil dilation) when the kind of information or the 
sensory modality stored in working memory and used in the intervening task were similar. For instance, 
there was greater interference for a visual-spatial working memory task paired with an intervening 
auditory spatial task than for an intervening auditory temporal task. 

Together, these results sketch an intriguing picture. Our brains have a “native auditory” network 
that excels in processing temporal information. A complementary “visual” network encodes spatial 
information efficiently. When an auditory task requires an observer to process or store spatial 
information, the visually biased network is recruited to the task. 

 

 
Figure 2. (Left) Schematic of competing speech streams and interrupting cat “MEOW.” Subjects direct 

attention to ¥ the left or right speech stream. The MEOW (on ¼ of trials) appears ipsilateral or contralateral 

to the target. (Right) Syllable identification accuracy. The MEOW degrades recall equally whether the 

interrupter is contralateral or ipsilateral to the target stream. Reproduced with permission from (29). 









Using reverse correlation to derive spectral weights for median

plane localisation
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ABSTRACT
The individual internal representation of the spectral cues that allow distinguishing between front and back
is investigated by using the reverse correlation method. The stimuli were noise bursts presented randomly
from either a front or back loudspeaker. For each trial, the spectrum of the noise was modified with a 1
ERB spaced gammatone filterbank with random attenuation applied for each band separately. Analysing
the link between responses and spectral attenuation profiles with the reverse correlation approach results
in a data-driven weighting of spectral cues that each subject relies on to distinguish front and back. The
spectral localisation cue decoding was based on the positive spectral gradient method, which was motivated
by neurophysiological findings. The results suggest that different listeners use different frequency regions to
distinguish between front and back. The spectral weights derived from the perceptual test were different than
the ones derived from objective measurements alone, which may confirm the importance of the non-acoustic
factors in localisation.

Keywords: Localisation, Spectral cues, Reverse correlation

1. INTRODUCTION
Sound localisation is a fundamental aspect of hearing that help humans to analyse their surroundings.

Understanding the factors that contribute to localisation perception is key to deliver the necessary in-
formation for virtual and enhanced auditory applications. Unfortunately, how the localisation cues are
interpreted at the brain level is poorly understood which ends up affecting the quality of experience in
multiple use cases, such as hearing aids or augmented reality.

Telling front from back is often problematic under non-ideal listening conditions, such as wearing
head-worn devices or in binaural reproduction. At the same time, sources at the ear level are of high
importance for human communication. Thus, understanding the factors that allow distinguishing front
and back is necessary to develop strategies that improve such listening conditions.

A method based on reverse correlation, a technique mostly used in psychological and neurophysi-
ological research, is adapted to explore how the localisation cues are interpreted. The method aims at
assigning a certain importance (weight) to each auditory frequency band. This method aspires at con-
tributing to previous work on frequency weighting of localisation cues (1, 2). Two main points of dis-
cussion are addressed: the inter-individual differences on localisation cues interpretation; and the role of
non-acoustic factors to the perceived direction of a sound source. Finding evidences on these two aspects
may improve the state of the art of multiple research areas, such as auditory modelling or head-related
transfer function (HRTF) matching.

The theory and background that motivated this study is reviewed in Section 2. The perceptual listening
experiment for extracting the spectral weights is described in Section 3. The experiment results are
analysed in Section 4. The discussion about the method, the results and future work is addressed in
Section 5. The conclusions can be found in Section 6.

1pedro.llado@aalto.fi
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2. BACKGROUND
Localisation cues in human listeners can be binaural or monaural. Binaural cues are usually defined

as the interaural time differences (ITDs) and interaural level differences (ILDs) between the left and the
right ears. These binaural cues allow the extraction of the lateral angle of a given sound. However,
there are multiple points in the space that share the same ITDs and ILDs. These cone shaped regions
are usually referred to as cones of confusions. Monaural spectral cues help resolving the polar angle of
a sound in the cone of confusion. These monaural cues are derived from the spectral content between
1 kHz and 16 kHz (3, 4, 5).

The interpretation of the spectral cues is possible due to the tonotopic organisation of the human
auditory system. This organisation enables the spectral representation of the sounds at different stages
of the hearing processes, which is key not only for sound localisation, but for other basic functions of
hearing such as speech intelligibility. The tonotopic organisation is already present in the cochlea and it
is maintained through the auditory pathway.

The dorsal cochlear nucleus (DCN) is thought to be involved in the spectral cues interpretation. It has
been shown in small mammals that the DCN is sensitive to the positive spectral gradient of the sound
(6). While this has not been proved in humans, a model based on this positive spectral gradient (4) is
able to explain human sagittal plane localisation for multiple stimuli and hearing conditions (7, 8).

How the spectral cues are interpreted in the brain is poorly understood. It is thought that the listeners’
sensitivity to spectral changes play an important role on their ability to localise sounds in a sagittal plane
(9). On the other hand, acoustic factors such as the prominence of the peaks and notches in their HRTFs
don’t seem to explain their performance on localisation tasks (9, 10). Thus, understanding the factors
that are important for monaural cues interpretation may involve not only measuring the listeners’ HRTFs
but conducting perceptual tests that show evidence on the features that they use to localise sound sources.

Several attempts on studying how spatial cues are integrated over frequency have been made in the
past for binaural cues and monaural cues (1, 2, 11). Ahrens et al. systematically varied either ITD
or ILD values over frequency bands to extract the perceptual weighting of binaural lateralisation cues
over frequency (11). Their results suggested that the lowest frequency band included in the stimulus is
weighted higher for ITD, while the highest frequency band is weighted higher for ILD. Also Ahrens et
al. studied the spectral weighting of monaural cues on elevation perception by presenting each of the
studied frequency bands from different directions simultaneously (1). Across participants, there was a
trend on perceiving that the sound was located where the 6.4 kHz 1-ERB band was presented. Thus, this
band was considered to be particularly important for elevation perception.

Zonooz et al. investigated the spectral weighting that underlies the perceived elevation of sound
sources (2). They systematically varied the gain of the frequency range that contains the main notch in
the HRTFs (between 6 kHz and 9 kHz) and assessed the perceived elevation in the median plane. They
observed that in general, when the information in this frequency region was not available, the ability of
the listeners to localise correctly sounds was lost. This motivated the definition of an angle-dependent
weighted sensory spectrum function that was maximum at the notch frequency (which depend on the
elevation, around 8 kHz) and was non-zero only between 2.5 kHz and 12 kHz. The weighted sensory
spectrum was cross-correlated with all the available HRTFs. This resulted on a function of the perceived
elevation given the spectral content of the elevated source. This approach takes into account only the
acoustic factors to describe the weighted sensory function, and the decision stage of the model is based
on Bayesian inference. The perceived elevation was selected as the maximum a posteriori, while the
prior might depend on non-acoustic factors, such as the context or the task.

Both in (1, 2) the focus was on finding common patterns across participants. However, there were
important inter-subject differences that could be spotted from the results. Some studies on sagittal plane
localisation have shown that different listeners seem to have developed different strategies to localise
sources (12, 13). In (12), the ability of the listeners to localise speech stimuli in the median plane was
tested. From studying both broadband and low-pass filtered speech, they found evidence that some
subjects rely more on high frequencies than others when localising sounds in the polar domain. This
was also in accordance with (13), which found that different subjects might have developed different
strategies to resolve front-back confusions. Both in (12, 13), they discuss that the reason for these inter-
subject variability may be caused by the shape of the subjects’ pinnae. Similarly, the weighted sensory
spectrum function in (2) was also derived from the HRTFs data. This would assume that the spectral
weighting is extracted from acoustic factors only.

In the present study, the goal was to derive individual spectral weighting for sagittal plane localisation



cues. Due to the findings from (9, 10), no assumptions were made about if extracting the weights from
the HRTFs measurements alone was feasible. Instead, a method based on a perceptual localisation test
was proposed. As a first approach to validate the method, a perceptual test on telling front from back
when the spectral information was limited was conducted.

3. LISTENING EXPERIMENT
A listening experiment was conducted to assess the perceived direction of a sound when a subset of

frequency bands were available. Four subjects with self-reported normal hearing conducted the exper-
iment. The experiment took place in the multichannel anechoic chamber “Wilska” at Aalto University
Acoustics Lab, Finland. The individual HRTFs of the four subjects were measured in the same anechoic
chamber. Miniature microphones were mounted on an ear plug, which blocked the ear canals. The mea-
surements followed the multiple exponential sweep method (14). The details of the measurements can
be found in (15).

Figure 1: Three examples of the random attenuation applied to the pink noise to compose the stimuli
used in the listening experiment.

This study adapted the reverse-correlation method, which tries to find representation patterns from
randomly generated stimuli. The original stimulus was a pink noise of 65 dB SPL A-weighted at the
listeners’ position, windowed by onset and offset half-Hann ramps of 1/8 of the duration of the stimulus
(31.25 ms). The original stimulus was processed by a gammatone filterbank with 1 ERB spaced filters
between 1 kHz and 18 kHz. For each trial, each 1 ERB band was randomly attenuated by 0 dB, 40 dB or
90 dB (set to silence; the probability of a band being silent was five times higher; see Figure 1). These
values were empirically selected during the pilot to achieve sufficient front-back confusions, originally
aiming at about 25% confusion rate. The idea behind this was to balance the amount of information so
the confusion rate was below the chance level and above the broadband pink noise case. After applying
the attenuation to each of the bands, roving was applied by attenuating 0 dB, -5 dB or -10 dB the overall
signal of each trial.

For each trial, the resulting stimulus was presented in an one-interval two-alternative forced choice
test (1I-2AFC). The stimulus was presented either from a loudspeaker at the front or at the back of the
listener, and the listener had to respond on a keyboard whether it was perceived in front (F) or back
(B) by pressing the correspondent key. The response was followed by a 1 s pause, after which the next
stimulus was presented. This was repeated in an iterative way for the 120 trials of the round. Ten rounds
were completed by each participant for a total of 1200 trials, which were divided in three sessions. This
number of trials was enough to statistically get an overall flat attenuation spectrum (< 1 dB).

The ears of the listener were at the center position between the two loudspeakers. Their heads were
fixed using a headrest and a chinrest at the same time, and the position of the head in the three axis was



checked using a laser level. The participants were instructed to remain still and to conduct the experiment
with their eyes closed, to avoid any possible visual bias.

4. ANALYSIS OF THE RESULTS

Figure 2: Average spectral magnitude profile computed from the stimuli perceived from front and from
back in the perceptual test. Each stimulus was convolved with each subject’s HRTF and analysed using a
peripheral auditory model. The control condition consisted of pink noise convolved with each subject’s
individual HRTFs and analysed with the same peripheral auditory model.

The front-back confusion rates of the participants were: FBA% = 6.2%; FBK% = 20.9%; FBP%
= 19.2%; FBS% = 27.5%. To analyse the individual characteristics of the subjects’ perception, each
stimulus was convolved with their individual HRTFs for the actual position of the source. The inter-
nal representation of the spectrum of every response was computed using the function baumgartner-
2014_spectralanalysis (4), available in the Auditory Modeling Toolbox (16). This function com-
putes temporally integrated spectral magnitude profile as an approximation of the spectral analysis con-
ducted by the auditory periphery. Independently from the actual source position, the stimuli were sepa-
rated depending on the perceived direction, and the average spectrum over all the stimuli were computed
for front and for back. In Figure 2, the average spectral representation for front and back perceived
stimuli for each participant are shown. A control condition was included for comparison. This control
condition was computed by conducting the same spectral analysis to a pink noise stimulus convolved
with the participants’ individual HRTFs.

The baumgartner2014_gradientextraction function was used to compute the positive spectral
gradient (PSG), which is thought to contain the monaural cues internal representation following the
findings from (6). The PSG, γ , was computed as follows:

γ[b] = max(ξ [b]−ξ [b−1],0), (1)

where b is the frequency band and ξ is the spectral magnitude profile.
These monaural cues representations were divided depending on the perceived direction of the stimuli

as well. In Figure 3, the average PSG of the stimuli perceived for front and back for each participant is
shown. Again, the control condition was included for comparison, which was computed by extracting



the PSG from the control condition spectral magnitude profile.
To derive the spectral weighting for each participant, the resulting PSG profiles for front and back

were compared. It was assumed that if the average PSG at a given frequency band for the two directions
was close, the subject would not use that particular frequency band to tell front from back. On the
contrary, if the PSG difference was large, it is assumed that that frequency band may be used by the
subject to tell between front and back directions. Thus, the normalised weights, ŵ, were computed as:

ŵ[b] =
|γF[b]− γB[b]|

Nb
∑

n=1
|γF[n]− γB[n]|

, (2)

where Nb is the number of frequency bands. In Figure 4, the normalised weights for each participant
over frequency can be found both for the perceptual test results and the control condition.

Figure 3: Average positive spectral gradient (PSG) profiles for stimuli perceived in front and back.
The PSG was computed for each stimulus spectral magnitude profile and averaged for each perceived
direction. The control PSG profiles were computed by extracting the PSG from the control condition
spectral magnitude profile.

The resulting weights from the perceptual test seem to share characteristics with the ones obtained
in the control condition (see Figure 4; e.g. subject A below 5 kHz or subject K at 12.5 kHz). However,
there are some interesting differences that are worth mentioning. While certain frequency ranges have
no differences between the front and back PSG profiles in the control, it seemed that the subjects use
information from those bands (see Figure 4; e.g. subject P between 4 kHz and 8 kHz, or subject S
between 4 kHz and 6 kHz). The contrary occurs for bands that potentially contained clear differences in
the PSG profiles extracted from the control condition that didn’t seem to be specially important in the
perceptual test (see Figure 4; e.g. subject A around 8 kHz, or subject P around 11 kHz).

A key point of this study is to analyse the inter-subject variability of the spectral weightings. It seems
clear at this point that the information that each subject uses for locating the sound is different: while the
weighting of subject S show importance between 3 kHz and 8 kHz, the weighting of subject P suggests
that they can’t use too much the information around that frequency range. Similarly, the weighting for
subject K show that the band around 12.5 kHz may be decisive for the task, while the rest of the subjects



Figure 4: Comparison between the normalised weights derived from the perceptual test and the control
condition. The weights were computed as the difference between the front and back PSG for each
frequency band.

didn’t seem to have any clear preference for a single frequency band.

5. DISCUSSION
This study aimed at deriving the spectral weights for sagittal plane localisation, similarly to (1, 2).

Apart from focusing on distinguishing between front and back while (1, 2) focused on elevation in the
frontal hemisphere, this method differs in essence to the previous approaches on multiple aspects. It
differs from the proposed by (1) in five main aspects: (a) the full range of frequencies from 1 kHz to
18 kHz was covered; (b) each band was randomly attenuated and presented from the same direction,
instead of presenting each studied frequency band from a different direction; (c) the focus of this study
was not on finding common patterns across participants, but to analyse each subject’s weighting; (d) the
PSG approach was used in the analysis stage; (e) the stimuli were presented over loudspeakers in an
anechoic chamber.

At the same time it differs from the method proposed by (2) in four main aspects: (a) not only the
gain of the main notch frequency region was varied, but over all the frequency range between 1 kHz and
18 kHz; (b) the focus of this study was not on finding common patterns across participants, but to analyse
each subject’s weighting; (c) the spectral weighting was not derived from the HRTF measurements but
from a perceptual experiment; (d) the PSG approach was used in the analysis stage.

The presented approach does not aim at substituting any of the previous methods (1, 2), but at com-
plementing their approaches. The set of assumptions is different (e.g. using the PSG approach), but there
is hopefully room to improve the current knowledge on monaural cues spectral weighting by combining
the different approaches.

In the present study, no assumptions were made about if non-acoustic factors are needed to model
the individual features to tell front from back. Instead, a perceptual test was conducted that would
potentially include all the factors involved in front and back perception, or at least those that are not
context dependent. From the Bayesian inference point of view, it is assumed that expectations may play
a crucial role in a localisation task (2, 17, 18) and different tasks could lead to obtaining different weights.
In this case, the task was clearly stated so the stimuli were only presented from the center front and the



center back loudspeakers. The results obtained in this test can therefore not be extrapolated to a different
task or to a different context.

In the comparison between the perceptual test results and the control condition, both similarities and
dissimilarities were found. It is hypothesised here that the acoustic factors would relate to the similarities,
but non-acoustic factors may be needed to explain the differences. It is likely that the acoustic factors
(i.e. pinnae shapes and consequently the HRTFs) play an important role on enabling the monaural cues
information to later stages of the auditory pathway. However, the interpretation of these cues may be
subject to non-acoustic factors, which may result from optimising the available information through
experience. Each subject may have developed higher sensitivity to certain frequency ranges, which can’t
always be explained by the cues enabled by their pinnae shapes.

Interestingly, the results show the drastic case of bands with non-zero weighting in the perceptual test
and zero weighting from the measurements. This may suggest that there are certain frequency bands that
don’t provide any information in telling front from back from the directional cues point of view that may
produce a certain bias in the listener on perceiving the direction. This, again, would be in favour of the
necessity of including non-acoustic factors when explaining sagittal plane localisation.

In the previous studies by Ahrens et al. (1) and Zonooz et al. (2), they highlighted the importance of
the frequency range around the main notch in the HRTFs caused by the pinna. While this study cannot
agree nor disagree with them due to the different paradigms in the subjective tests, it is important to
emphasise the individual differences found in the present study (see Figure 4). Despite it is difficult to
predict the results of applying the method to the overall sagittal plane, finding a global set of weights that
would fit all the listeners doesn’t seem feasible at this point.

Both non-acoustic factors and individual differences seemed to play an important role in the per-
ceptual test results. Thus, finding the appropriate weights that would lead to improve the quality of
experience in virtual or enhanced listening conditions may imply a rather long process of testing, which
may not always be possible. However, there is a chance that certain patterns are found once the method
is extended to the whole sagittal plane that accelerate the process of weights extraction.

While the spectral weights may be important for predicting subjects performance on localisation,
some subjects may be better than others at localising with a subset of frequency bands available. The
probability of silent bands was rather high in the test, which was an empirical decision since with less
attenuated bands the rate of front-back confusions in the pilot was near to the achieved with a pink noise
stimulus. Still, subject A performed substantially better than the rest, meaning that their localisation
abilities are maintained even with poor spectral information. This is in accordance to the results from
(13) suggesting that some participants were able to distinguish front from back with little information
while others needed a broader frequency range. This could also be related to the broadband individual
sensitivity to detect spectral changes, included in (4, 9).

It is important to note that the tested condition where both the listener and the source are static
represents only a particular case of sound source localisation. When the sounds are of enough duration
and head movements are allowed, the dynamic binaural cues (e.g. how ITDs and ILDs change over
time) are useful to correctly localise sources (19). These head movements are specially useful to resolve
front-back ambiguities (20).

Specific conclusions about the weightings and their meaning should not be made from this study.
Nevertheless, the method seems a valid approach to study the spectral weighting of the monaural cues.
Further research is needed including elevated sources to study sagittal plane localisation as a whole.
Thus, a model for extracting spectral weighting should be formalised and validated. Other alternatives to
pink noise as the original stimuli to which the attenuations are then applied should be considered, since
how the pink noise results extrapolate to e.g. white noise sounds is not clear.

In this manuscript, only the monaural cues from the left ear of the participants are shown for sim-
plicity. Both ears spectral cues should be considered equally important around the median plane and the
ipsilateral ear should gradually gain importance when the sound source is displaced away from it.

6. CONCLUSION
The present study explores the feasibility of applying reverse correlation for extracting the spectral

cues individual weights to distinguish front from back. The results show interesting individual differ-
ences across participants which suggest that the frequency ranges to derive the spectral cues may be
individual. The differences between the weights derived from the perceptual test and the ones obtained



directly from HRTF measurements suggest that there may be certain non-acoustic factors involved.
Formal studies are needed to extract the spectral weights not only for front and back directions but

for sagittal plane localisation. Including individual perceptual weighting on spectral cues may improve
the current performance of computational auditory models. Such weightings may be key to improve
the non-individual HRTFs matching processes and the hearing aids fitting to enhance the localisation
capabilities in such conditions.
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ABSTRACT
Previous studies have reported that the direction of a band-limited sound stimulus in the median plane is
localised based on its centre frequency instead of its actual location. The frequency band that determines this
localisation is referred to as the directional-band. However, since most relevant studies employed a coarse
localisation response scale or a limited range of frequency bands, the precise localisation sensitivity of each
frequency band over the whole audible range is not yet clearly established. Therefore, this paper employed
a comprehensive approach to the localisation of band-limited stimuli, utilising a continuous response scale
within the whole median plane circle and consecutive 1/3-octave frequency bands within 100 Hz-16 kHz in
the listening test. The results show that the ‘directional-bands’ fall exclusively within the spectral region be-
tween 2.5kHz and 8kHz. Moreover, a ‘pitch-height effect’ is observed within this spectral region, correlating
to the elevation range of around 20◦ to 90◦. Although previous studies find directional-bands dispersed over
a wide frequency range, not limited to a particular region, the responses in the directional-band-dominant
spectral region from this study were statistically distinct against the other spectral regions for all subjects and
source directions.

Keywords: Psychoacoustics, Directional-band, Localisation, Median plane

1. INTRODUCTION
Directional hearing of sound sources has been studied extensively until the present. While sound

localisation in the lateral direction relies on interaural disparities (ITD, ILD), the factors that enable lo-
calisation in the vertical direction are not fully established. However, in the vertical auditory mid-line
between the ears (the median plane), it is generally known that direction-dependent spectral cues mainly
contribute to the localisation (1, 2). The studies investigating the effect of spectral cues on vertical
localisation can be generally categorised into two groups. One group of studies focuses on analysing
the head-related transfer function (HRTF), which accentuates the spectral notch(es) at high frequen-
cies (e.g. (1, 3, 4, 5, 6, 7, 8, 9)). These spectral notches, which appear due to the reflection of sound
waves at the outer ear (pinna), are elevation-dependent since their centre frequencies shift systematically
within 6-9 kHz as the sound source’s elevation varies (9, 10, 11). However, despite the apparent cor-
relation between spectral notches and sound source elevation, localisation in the median plane cannot
be explained exclusively by pinna-related spectral cues. Many studies have noticed the contribution of
low-frequency features below the spectral notch region (e.g. below 4 kHz) in median plane localisa-
tion (e.g. (12, 13, 14)). Moreover, localisation seems to be apparent even with severely degraded pinna
cues (15, 16). Likewise, Zonooz et al.(17) reported that mislocalisation in the median plane occurred con-
sistently when the spectral notch region was highly emphasised over the rest of the frequencies, while
the best localisation performance was reported for the entire frequency range without any emphasised
spectral region. In addition, Head movement is also reported to enhance elevation perception (18, 19).

Another group of studies focuses on the contribution of a spectral region or spectral band to median
plane localisation. This topic has been researched with numerous methods. One method is to modify the
spectral curve of a specific frequency band to investigate the influence of the selected band on elevation
perception. For instance, Asano et al. (20) applied several smoothing filters to a spectral region above
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a boundary frequency that varied between 500 Hz and 5 kHz. As a result, the cues for the elevation
perception were reported to be the macroscopic curve features above 5 kHz in the transfer function.
Langendijk and Bronkhorst (7) employed a similar method to their localisation experiment by flattening
the curves within frequency regions with different bandwidths (1/2, 1 and 2-oct.) and spectral positions
(low, mid and high) above 4 kHz. The result showed that the elevation cues are located in the 6-12 kHz
frequency region, which roughly agrees with (20). However, these studies only applied a limited number
of high-frequency bands.

Another line of research have applied the research method examining the effect of band-limited stim-
uli on elevation perception. This method was introduced in Blauert’s experiment (21), where he inves-
tigated the elevation perception using 1/3-octave bandwidth noises between 125 Hz and 16 kHz. He
reported that elevation perception was solely determined by certain frequency bands associated with spe-
cific sound directions (e.g. 500 Hz and 4 kHz for ‘front’, 1 kHz for ‘rear’ and 8 kHz for ‘above’ location),
not the actual sound location. Those frequency bands were designated as directional-bands. Blauert’s
directional-band theory has been approved, despite some disparities in the research results, in many sub-
sequent studies (3, 22, 23, 24). However, the localisation results reported from those directional-band
studies were approximate because the results may have been affected by the fact that they used a relatively
coarse response scale and a limited number of frequency bands. For instance, the response scales em-
ployed by those studies were three directional regions in the upper hemisphere in (21), nine regions from
-30◦ to 210◦ in (22) and eight regions in the whole circle in (24). Although a continuous response scale
was employed by Middlebrooks (3), he utilised only four discontinuous 1/6-octave frequency bands (6,
8, 10 and 12 kHz) in the vertical localisation experiment. On the other hand, Itoh et al.’s experiment (23)
showed a continuous response scale with test stimuli of 1/3 and 1/6-Oct. successive frequency bands
within a wide frequency range (800 Hz to 12.5 kHz). This fine frequency resolution allowed to find that
the center frequencies of the directional-bands may vary across individuals. However, despite sufficient
response data, they analysed the directional-bands applying Blauert’s method (21) which utilised only
three response regions (‘front’, ‘above’ and ‘rear’).

Therefore, this paper applies a comprehensive approach to the median plane localisation of band-
limited stimuli, utilising sufficient frequency resolution to find individual differences, and a continuous
response scale within the whole circle on the median plane, which may reveal smaller dependencies on
elevation perception and center frequency. Consequently, this study examines the contribution aspects
of each frequency band to the elevation perception, thus identifying the directional-bands and examining
the localisation precision that might vary with each frequency region and source direction.

2. Methods
Localisation tests were conducted to examine the elevation perception of 1/3-octave white noise in

the median plane.

2.1 Subjects
Nine subjects with normal hearing, eight male and one female, participated in the listening tests.

Participants were staff members or students of Aalto University aged between 21 and 45.

2.2 Apparatus
Listening tests were carried out in an anechoic chamber in Aalto Acoustics Lab. Sound stimuli were

presented from one of three loudspeakers positioned at 0◦, 90◦ and 180◦ elevation from the listening
position located in the centre of the chamber. The distance from each speaker to the listening position
was 2,044 mm. A headrest was attached to the chair located in the listening position to prevent the
subjects from moving their heads. The chamber was darkened entirely during the test to avoid biases
from the actual speaker location. However, a luminous tape strip was attached to the ‘front’ speaker (0◦
elevation) for the listeners to identify the front centre location as the reference direction in the darkness.

2.3 Stimuli
Twenty-one 1/3-octave band white noises and a broadband white noise were utilised for the sound

stimuli. The centre frequencies of narrow-band noises ranged from 125 Hz to 12.5 kHz. The 1/3-octave
bandwidth was selected in this test based on the previous studies, reporting that 1/3-octave bandwidth
is sufficient to examine the variance of centre frequencies compared to narrower bandwidths in band-
limited stimuli localisation (23, 24). Each stimulus consisted of two noise bursts of 20 ms length and an



interval of 80 ms between the bursts.

2.4 Procedure
The listening test was carried out with two identical sessions to avoid fatigue from the subjects. The

stimuli were presented in one of the loudspeakers located in three different elevation angles: 0◦ for
the front, 90◦ for the above and 180◦ for the rear loudspeaker. Each of 22 sound samples from each
stimulus direction was repeated four times for each session; thus, the overall stimuli presentation was
528 times per subject. All stimuli were presented in random order, and the sound pressure level was
also randomised within 69-71 dB SPL, A weighted. A remote GUI device was provided to the subjects
during the tests, which enabled to record the perceived elevation angle by moving a circular slider shown
in the device. Subjects were instructed to fasten their head to the headrest behind, facing the reference
location (0◦ elevation in the centre).

3. Results and discussion
Examination on the contribution of each frequency band to the elevation perception requires the

distribution aspects of response data for each frequency band. Figure 1 shows the box plots for each
stimulus from each source direction.
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Figure 1: Box-plots presenting the distribution of response data for each 1/3-octave frequency band and
broadband white noise from three incidence directions.

Figure 1 shows that, band-limited noises are rarely localised to the source direction. The error rates,
derived with a coarse response scale of 45◦, were above 50% from nearly all frequency bands and source
directions, with only two exceptions: 41.7% for the 8kHz band from the ‘above’ and 34.7% for the 1kHz
band from the ‘rear’ direction, which is in line with Blauert’s directional-bands (21). On the other hand,
the error rates of the broadband white noise were 22.2%, 37.5% and 22.2% for ‘front’, ‘above’ and ‘rear’,
respectively.

However, despite poor localisation responses from band-limited noises, a significant drop in the in-



terquartile range is observed in a frequency region ranging from 2.5 kHz to 8 kHz from all three source
directions (see Figures 1 and 2). This result is relevant to the corresponding median values from three
source directions in the 2-8 kHz region, shown in Figure 2. These consistent patterns in the median
values and interquartile ranges indicate that the responses roughly converge to specific perceived eleva-
tions in the 2.5-8 kHz frequency region regardless of the source directions, implying that those frequency
bands within such region might function as directional-bands.
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Figure 2: The median values and interquartile ranges of the response data.

The consistent pattern in the 2.5-8 kHz frequency region appears more prominently in the individual
response distribution plots. Figure 3 shows the box plots from four test participants, which generally
appear similar to the box plots from overall response data (Figure 1). Even the exceptional case from
Subject 3, perceiving every frequency band from 125 Hz to 1.6 kHz to the ‘rear’ direction, shows low
interquartile ranges and an increasing trend of median value in the 2.5-8 kHz region. One noticeable
finding in the individual box plots is some subjects’ localisation to the ‘rear’ direction around 1 kHz. The
box plots of Subjects 3,5, and 6 show median values of about 180◦ and low interquartile ranges around
1 kHz. Furthermore, Figure 2 shows that the median values around the 1 kHz frequency band (800-
1.25 kHz) appear within 150◦-180◦ elevation, although the variance around 1 kHz is much higher than
the 2.5-8 kHz frequency region for the overall responses. This pattern agrees with Blauert’s directional-
band study (21).

To evaluate the distinctiveness of the directional-band region (2.5-8 kHz), significant differences be-
tween the directional-band region and the frequency bands outside that region were analysed with 1-way
ANOVA and multiple comparisons between each frequency band. First, 1-way ANOVA was conducted
to each frequency band’s responses from the front, above, and rear directions and overall responses
from all directions, resulting in p < 1.0e − 19 for all conditions. Next, pairwise comparisons were
made between each frequency band’s responses using a multiple comparison method, the honestly sig-
nificant difference test (HSD) by Tukey (25). Specifically, responses of each frequency band within
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Figure 3: Box-plots presenting the distribution of response data for each 1/3-octave frequency band and
broadband white noise from four subjects. Three source directions are pooled into a single box plot for
each subject.

the directional-band region (2.5-8 kHz) were compared with every frequency band’s responses outside
that region (125 Hz-2 kHz, 10 kHz-12,5 kHz). The results show that the means of 14 frequency bands
among 15 bands (93.3%) outside the directional-band region are significantly different from the means
of 2.5 kHz, 3.2 kHz, 4 kHz and 5 kHz frequency bands in the overall responses from all directions.

The results of the multiple comparison test from each conditions (front, above, rear and all directions)
are shown in Table 1. It presents the percentage of frequency bands outside the directional-band region
whose means are significantly different (p < 0.05) from those of each directional-band (a frequency
band within the directional-band region). These results indicate that the responses from the directional-
band region are prominently distinguishable from the outside regions. Furthermore, the distinction of
the directional-band region was relatively higher when the source directions were ‘above’ and ‘rear’
compared to the ‘front’ direction. The exception in the 8-kHz frequency band can be explained by the
assumption that the highly dispersed response data in the non-directional-band region causes the ‘mean’
values to be located around the middle, which is close to the mean values of 8 kHz frequency band
responses: 90◦ - 100◦ elevation. Nevertheless, the multiple comparison analysis within the directional-
band region (see Table 2) shows that most responses of the 8-kHz frequency band are significantly
different (p < 0.05) from the others, which implies that the 8-kHz frequency band is the most distinct in
the elevation perception.

Table 1: the percentage of non-directional frequency bands whose responses are significantly different
from each directional-band.

Direction 2.5 kHz 3.2 kHz 4 kHz 5 kHz 6.3 kHz 8 kHz

Front 66.7% 80% 66.7% 66.7% 20% 0%
Above 93.3% 80% 80% 46.7% 6.7% 0%
Rear 86.7% 93.3% 93.3% 93.3% 40% 0%

Overall 93.3% 93.3% 93.3% 93.3% 73.3% 20%

On the other hand, besides the distinctiveness of the directional-band region, the increasing perceived
elevation in the median values implies a “pitch-height effect" reported by Roffler and Butler (26). Al-
though they examined the vertical localisation using tonal sounds, the narrow-band noise in the current
study also shows an increasing pattern from 20◦ to around 90◦ elevation at 3.2-8 kHz, which is contained
within the directional-band region (see Figure 2). Statistical analysis was conducted using Pearson’s



Table 2: the percentage of significantly different frequency bands within the directional-band region.

Direction 2.5 kHz 3.2 kHz 4 kHz 5 kHz 6.3 kHz 8 kHz

Front 0% 0% 0% 0% 0% 20%
Above 40% 20% 20% 0% 20% 60%
Rear 20% 20% 20% 20% 0% 80%.

Overall 40% 40% 40% 20% 60% 80%.

correlation method, resulting in a moderate correlation between the centre frequency and perceived el-
evation. The correlation coefficients were 0.314 (p = 1.14e-9), 0.442 (p = 1.36e-18) and 0.375 (p =
1.72e-13) from the front, above and rear source directions, respectively.

4. General discussion
The median and variance values of the present study generally agree with the directional-bands sug-

gested in previous studies (e.g. (21, 23, 24)). For instance, the median values in the 2.5-4 kHz frequency
region are observed around 20◦-30◦ elevation, which roughly agrees with Blauert’s directional-band
around 3 kHz, presenting the ‘front’ direction. Likewise, the median values at the 8 kHz frequency
band show the coinciding result of around 90◦, which also agrees with the directional-band of 8 kHz for
the ‘above’ direction from the previous directional-band studies and Hebrank’s study (22). Furthermore,
Blauert’s directional-band of 1 kHz presenting the ‘rear’ direction accords with the median values around
1 kHz (800-1.25 kHz) in the present study, despite high variance values. The response results from each
individual (Figure 3) indicate that the directional-band for the ‘rear’ direction shows higher individual
disparity than other directional-bands.

However, whereas previous studies suggested the directional-bands with discrete localisation direc-
tions and specific centre frequencies (e.g. 500 Hz and 4 kHz for ‘front’, 8 kHz for ‘above’ and 1 kHz for
‘rear’), the present study finds directional-band dominant region (2.5-8 kHz) appeared as a continuously
increasing curve ranging from 20◦ to 90◦. Therefore, it is feasible to regard all the frequencies within
this frequency range, not only the specific directional-band centre frequencies, as spectral cues corre-
lated to the elevation perception of 20◦-90◦ (‘front’ to ‘above’). Furthermore, the moderate correlation
of the continuous spectral curve to the perceived elevation might enable precise control of median plane
localisation. Considering Blauert’s hypothesis that the perceived elevation is determined by the relative
distribution of sound energy in directional-bands (1), weighting the magnitude of a frequency within the
directional-band region would provide accurate localisation to the correlated elevation. Since simulating
the median plane localisation by frequency-weighting has been already evaluated with decent results by
recent studies (27, 28), it will also be valuable to evaluate the localisation by frequency-weighting within
the directional-band region in future studies.

Nevertheless, this directional-band dominant spectral region and its correlation to the perceived ele-
vation do not exclusively function as spectral cues for the median plane localisation. Despite individual
differences, the directional-band around 1 kHz for the ‘rear’ direction is validated in the present study.
Furthermore, low-frequency elements due to the reflections from the head and shoulders also operate
as spectral cues (12). Most of all, the spectral notches from pinna reflections play a crucial role in the
median plane localisation. However, when simulating the median plane localisation utilising generic
HRTFs, the individual differences in the pinna cues can lead to inaccurate elevation perception (28, 29).
Since the directional-band region in the present study presents low variance values implying fewer in-
dividual differences, the frequency weighting within this spectral region can be an effective simulation
method enabling more precise localisation in the median plane.

5. Conclusions
This study examined the median plane localisation of band-limited stimuli, applying a comprehensive

approach utilising consecutive 1/3-octave frequency bands, three source directions at ‘front’, ‘above’ and
‘rear’, and a continuous response scale within the whole circle on the median plane. The results are
summarised below.



1. The localisation responses from the frequency region at 2.5-8 kHz showed low variance and co-
inciding median values for all source directions and most subjects, which can be regarded as a
directional-band-dominant spectral region.

2. The responses around 1 kHz showed median values to the ‘rear’ for all source directions, but
variance was high due to individual differences.

3. The responses from the directional-band-dominant region were statistically distinct from other
spectral regions.

4. The directional-band-dominant region appeared as a continuously increasing curve, which is dif-
ferent from previous directional-bands dispersed over discrete center frequency positions.

5. The increasing curve within the directional-band region showed a moderate correlation to the
elevation from 20◦ to 90◦ for all source directions.
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ABSTRACT
This work explores an auditory sensory augmentation paradigm we call acoustic touch, to assist people who
are blind with reaching for close objects. The sensory augmentation system is constructed based on the Nreal
augmented-reality glasses using a custom application running on an android phone. The system recognizes and
localizes objects visually using cameras in the glasses, then renders objects as sound within a limited field-of-
view, so we shall refer to the glasses as a foveated audio device. The repetition of the sound varies depending on
the location of the object within the field of view of the foveated audio device. Psychophysical tests of the spatial
perception of multiple objects are conducted comparing the acoustic touch paradigm with two other conditions:
(1) a verbal clock face description of object locations and (2) a sequential audio presentation of the objects using
Bluetooth speakers located with the objects. We report on the results of the psychophysical study with blind and
blindfolded sighted participants.

Keywords: Auditory Sensory Augmentation, Acoustic Fovea, Acoustic Touch

1 INTRODUCTION
The development of assistive technologies for people with blindness or low vision has a long history (for review
see [1]) with considerable work addressing spatial understanding and mobility that includes orientation and
navigation, obstacle avoidance, hazard minimization, and information signs. Broadly, sensory substitution refers
to one sensory modality feeding information to another, such as vision-to-hearing. However, this description
provides a poor understanding of the possibilities given modern technologies. These days we can integrate
information from multiple sensors simultaneously (e.g., camera vision, motion sensors, etc.) and process the data
using powerful machine learning algorithms to implement novel sensory augmentation paradigms with specific
objectives. Such sensory augmentation paradigms can introduce new information streams that may add value
and richness to the sensory experience. Significantly, we subscribe to the relatively recent view [2, 3] that
it is better to view sensory substitution as an acquired cognitive extension rather than as a modal perceptual
experience such as hearing, vision, and touch. In this view, cognitive aspects come to the fore, including
information processing and flow, learning and training, and neural plasticity.

In this work, we consider a potential assistive technology for people with blindness or low vision which
is based on auditory sensory augmentation via smart glasses. The application of smart glasses with augmented
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reality for assistive technologies is a rapidly growing field [4] and there are many augmented reality glasses
on the market [5]. For this work, we develop and test a system for close reaching based on the Nreal Light
glasses (Nreal, China). The basic principle of operation is to sonify objects within a defined field of view
of the glasses. The sonification of information has a long history (for review see [6]). When considering
assistive navigation, there are many types of “beacon” sounds such as auditory icons, earcons, spearcons, and
morphocons (for review refer to [7]). In this work, we chose to use auditory icons - four unique sounds - to
represent four objects commonly found on a table: book, bottle, bowl, and cup. The framework for the study is
to have a blind or blindfolded participant seated at a table wearing augmented reality smart glasses that sonify
four objects as auditory icons based on machine vision and object recognition. The perceptual task relates to
the use of head scanning to develop a spatial map of the objects within reach on the table.

While the framework for the psychophysical study is straightforward, we highlight some of the more subtle
issues. To begin, normal human hearing is panoramic, i.e., we hear sound from all directions simultaneously
and use spatial hearing [8, 9] to distinguish source location. In this sense, it is quite unnatural to restrict the
hearing of sound to a particular field of view. Nevertheless, this of course, is exactly what most auditory sensory
augmentation systems based on the camera vision of smart glasses will do because the cameras generally do
not support 360 degrees of vision. For convenience, we refer to the field of view as an “acoustic fovea” and
think of the device as a foveated audio device (FAD) providing a window on which to hear the world. Please
note that this is quite different to the acoustic fovea of high frequency resolution associated with bats and
echolocation or the acoustic fovea associated with attention and auditory scene analysis. The introduction of an
acoustic fovea via smart glasses immediately raises the issue of head scanning to explore the world. As one
turns the head, one encounters new objects as auditory icons. We refer to the combined action of head scanning
and the sonification of objects as auditory icons as an “acoustic touch”. We make this reference because as one
turns the head and the smart glasses activate sound from an object - it is as if one is “touching” the object
and acoustically activating it. It is worth highlighting that head scanning may not be common for people with
blindness. The focus of this study then is to characterise the accuracy and timing of the acoustic touch with
respect to a spatial mapping and reaching task.

There are numerous existing systems and/or services with object recognition objectives similar to the close-
reach system in our study. A number of these, however, do not directly consider close-reaching. For example,
there is the Orcam MyEye 2.0 (Orcam, Israel); several mobile phone recognition apps: TapTapSee, Lookout,
Seeing AI, Supersense; and human visual interpretation services available as an app: Be My Eyes, Aira. There
are also numerous smart glasses projects with object recognition objectives such as Envision glasses [? ], the
CARA project using a Microsoft Hololens [10] and custom systems created using, e.g., a Raspberry Pi [11]. As
well, there have been numerous navigation aids proposed [10, 12, 13, 14], for a review see [15]. In this light,
the contributions of this paper are: (1) to describe a real-time system for the exploration of auditory sensory
augmentation using the Nreal light glasses; (2) to describe a measurement framework for the study including
motion capture and physiological sensors; and (3) to provide some new results on a spatial mapping and close
reaching task. Section 2 describes the methods, Section 3 describes the results and we then provide a discussion
in Section 4 and conclude.

2 METHODS
We describe the methods for the current study in three parts: (1) the smart glasses system; (2) the psychophys-
ical experiment; and (3) the psychophysical measurement system. We begin with the smart glasses system.

2.1 Smart Glasses System
The main component of the smart glasses system used in this study is a pair of Nreal Light glasses (Nreal,
China) consisting of cameras, an inertial sensor, and a pair of stereo speakers. The sensor data coming from
the sensors in the glasses are used to capture the environment around the user while the speakers in the glasses
are used to represent the captured environment in sound. Since the Nreal Light glasses have no processing
capability, the glasses are connected via USB to an Oppo Find X3 Pro Android smartphone (Oppo, China).
The data are transmitted from the glasses to perform all the data processing on the phone using a custom app



(refer to Fig. 2). This processing is divided into two parts: a perception and a sonification system. The main
responsibility of the perception system is to extract information from the sensors in order to populate a virtual
world that resembles the actual location of objects in the real world.

Object recognition is implemented using a YOLOv5 object detector to capture the position of objects in the
images from the glasses’ RGB camera. The object detector used in this study was trained by the original authors
on the COCO dataset [16] to be able to capture 80 different types of objects. Out of those 80 objects, the
perception system filters out the results to only get the results of the following four object classes: book, bottle,
bowl, and cup. For the purposes of this study, these objects were selected based on the types of objects that
are commonly found on a table. The perception system then combines the detected objects with the estimated
stereo depth and head tracking to obtain the 3D position of the detected objects in a fixed coordinate system.
Finally, an object tracker uses the 3D position of these objects to identify and track these objects over time.

The phone app sonification system takes the extracted information regarding the detected objects and gen-
erates a 3D spatial auditory icon that matches the type of object being sonified and the location of the object.
The Unity spatial audio engine is used. For this purpose, the captured objects are first populated into a virtual
world in Unity (Unity Technologies, USA) to generate a game-like environment where the user is interacting
with these objects by moving their head to trigger the objects to generate a sound. While the auditory icons are
sonified using the Unity spatial audio engine, we do not consider this a spatial audio application because the
sounds are restricted by the field of view. It is the interaction between the field of view of the FAD and the
head scanning of the participant that provides spatial information. The field of view established by the phone
app is adjustable and controls the angular range in which objects are sonified. Note that the field of view can
be adjusted in software so that the “acoustic fovea” is larger than the field of view of the cameras. We experi-
mented with the field of view in several face validity tests and settled on a value of 36.6◦ horizontally and 20◦

vertically. The repetition period, ∆R, for the auditory display of the auditory icons depends on the camera angle
of the object, α , and is given by the following formula:

∆R = 0.02
(⌊

α

36.6

⌋
+1

)
, (1)

where α is assumed to be in degrees and ⌊·⌋ is the floor function rounding down to the nearest integer.

2.2 Psychophysical Experiment
2.2.1 Participants
The recruitment criteria for the blind participants were adults over the age of 18, any gender with blindness or
ultra-low vision (<LogMar 2.0), and using a long cane or guide dog to support safe, independent travel skills.
The recruitment criteria for the sighted participants were adults over the age of 18, any gender, and comfortable
with working under blindfold. We recruited sixteen participants for the psychophysical experiment, nine blind
participants (M/F: 6/3; average age: 53.0) and seven sighted participants (M/F: 3/4; average age: 42.8).

2.2.2 Sounds
Four representative auditory icons were chosen for the four table objects as shown in Table 1. The time signals
and spectra for the auditory icons are shown in Fig. 1.

Table 1. Auditory Icons

Object Sound

Book Turning pages

Bottle Scraping a glass bottle

Bowl Lid placed on a bowl

Cup Cup placed on a wooden table



Figure 1. The time signals (a)-(d) and spectra (e)-(h) of the four auditory icons are shown in the following order: book, bottle,
bowl, and cup, respectively.

2.2.3 Experimental Conditions and Task
There are three experiment conditions in which the primary psychophysical task is a seated spatial mapping and
close-reaching task. In each condition, the participant is provided information regarding the identity of objects
on the table and their location. Based on the provided information, the participants are required to create a
mental spatial map of the objects on the table so that they may later reach out and touch a specified object.
Significantly, no information or feedback is provided during the reaching task itself. The three experiment
conditions are described below:

• Foveated Audio Device: The Nreal glasses and smartphone app are used with head-scanning for auditory
icon sonification.

• Bluetooth speaker: A small Bluetooth speaker is placed on the table at the location of each object,
coded to play the auditory icon corresponding to its matching object three times. The auditory icons play
in a clockwise arc, from left to right.

• Clockface instructions: The location and identity of objects are described verbally relative to a clock
face, with 9 o’clock on the left of the table, midday ahead, and 3 o’clock on the right of the table, in a
clockwise order from left to right.

The number of objects placed on the table for each trial is randomly chosen to be either two or three objects.
The order of operation is as follows. An experimenter quietly sets objects on the table; the trial then begins
and the participant starts the mental spatial mapping task. When ready, having completed the spatial mapping
task, the participant presses a large button with their left hand and this triggers a verbal computer instruction
to touch the target object. The participant then stretches out their right hand to touch the target object directly.
Note that during the FAD condition, the participant is asked to identify the objects detected on the table before
pressing the instruction button and reaching for the target object.

2.2.4 Training
All participants were given a chance to familiarize themselves and train for the psychophysical task. There
are a number of activities requiring training: learning auditory icons, becoming comfortable with head-scanning,



Figure 2. The experimental setup is shown.

building spatial maps based on each of the three experiment conditions, reaching, narrating, and using the tactile
push button. We found that the training time varied widely across participants with some participants requiring
sessions on two days to complete the experiment, while other participants completed the experiment in one
session. Once the participants were confident with the tasks, a dry run of at least ten trials were completed
under official experiment conditions to ensure participants were comfortable with the procedures.

2.3 Experimental Measurement System
This experiment used a software experiment manager to instruct the researchers on the trial order, object layout,
and resting periods (refer to Fig. 2). The manager system was programmed on the Unity game engine. During
each experiment session, the experiment manager software produces a pseudo-randomized trial sequence with
the three conditions interweaved in a manner that is balanced across trial blocks of 20 and that minimises trial
repetitions such that there is a maximum of three repetitions for a given trial. The current condition of the
trial and the object layout on the table were displayed to the researchers as a map on a computer monitor.
The researcher or assistant used the displayed trial map to place the objects accordingly. For the Bluetooth
speaker condition, the trials required a Bluetooth speaker to be placed in front of each object. The Sony
SRSXB13 speakers were used for this experiment. Each speaker was paired to a Bluetooth transmitter which
was connected to a channel on the RME Fireface 400 sound card. Four speakers were used in this experiment
(one for participant instructions and three for playing object sounds). The experiment manager communicates
with the firewire sound card through a multichannel audio playback Unity asset [17].

The participant’s performance are determined through observation and the use of sensors. During the exper-
iment, a researcher noted the participant’s results on a trial runsheet, recording whether the participant success-
fully reached the object, if they missed or mixed up the object with another object, and the objects successfully
identified during the FAD trials. A streaming server software known as Lab Streaming Layer (LSL) was used to
synchronize the timing between the participant input and the trial times. The large tactile button that prompted
instructions for the reaching task was connected to the experiment manager computer via a USB dongle re-
ceiver. The participant response times were calculated using event times recorded by LSL. Refer to Fig. 2 for
a photo of the experimental setup.

The experiment was additionally recorded on video and motion capture. Twelve Flex13 Optitrack motion
capture cameras were used to record the positions of the objects, and the participant’s head and hand positions.
In addition, physiological measures such as heart-rate variability (Zephyr Bioharness) and electrodermal activity
(E4 Wristband) were recorded during the experiment. A number of self-assessment questionnaires were also
used to measure the participants experience: a questionnaire regarding experience with prior assistive devices, a



Figure 3. The mean performance accuracy for the reaching tasks are shown for the three experimental conditions and both the
blind and sighted participant groups. The coloured bars indicate the mean performance accuracy, while the black bars indicate the
inter-quartile range (IQR).

Karolinska sleepiness scale questionnaire, and three iterations of the NASA Task Load Index (TLX) question-
naire. The data from the physiological sensors and the questionnaires are not reported upon here, but will be
reported on in future presentations.

3 RESULTS
The experimental results for the spatial mapping and reaching task are now described. To begin, a few par-
ticipants were often confused by the auditory icons and had seemingly not had sufficient time to learn and
distinguish the sounds. As well, a few participants seem to confuse the clock face directions, e.g., mixing 3
o’clock with 9 o’clock. The outlying nature of these results indicated that insufficient training time had been
given. We decided to remove these participant’s data for a given experiment condition if the participant could
not complete the task at above 50% accuracy for all objects in that condition. The application of the above
50% accuracy rule, leads to participant numbers for each experiment as shown in Table 2.

Table 2. Participant Numbers for Each Experiment Condition

Experiment Condition Blind Participants Sighted Participants

Foveated Audio Device 9 3

Bluetooth speaker 8 6

Clockface instructions 8 7

In Fig. 3 a bar plot shows the performance accuracy for the reaching task for the three experimental condi-
tions for both the blind and sighted participant groups: (1) the FAD with the acoustic touch (B,S: 79.3±10.1,
86.3±15.1); (2) the Bluetooth speaker condition (B,S: 90.0±10.0, 95.1±4.5); (3) and the Clockface descrip-
tion (B,S: 95.6±3.2, 93.7±7.4). A Kruskal-Wallis test comparing the blind and sighted participant groups for
each experimental condition shows no statistically significant differences (H(1) < 0.97, p > 0.32). Both par-
ticipant groups demonstrate reasonable performance accuracy (> 79%) in the FAD condition, nevertheless, the
performance accuracy is less than that for the other two conditions. We discuss the difference in performance
accuracy in more detail in Section 4. For the blind cohort, a Kruskal-Wallis test comparing the performance
accuracy for the FAD condition with each of the other two conditions separately, showed statistically significant
differences (H(1) > 4.33, p < 0.037) with the following relative success rate differences (Cliff’s delta), Bluetooth
speaker: δ = 0.63, Clockface: δ = 0.82.

Consider now the individual objects and the accuracy of the spatial mapping and reaching performance



Figure 4. The accuracy of reaching is shown for each of the four objects (book, bottle, bowl, cup) for all three experimental
conditions: (a) FAD, (b) Loudspeaker, (c) Clockface, and both the blind and sighted participant groups. The coloured bars indicate
the mean performance accuracy, while the black bars indicate the inter-quartile range (IQR).

Figure 5. The performance accuracy for the detection task for the four objects is shown for the FAD condition for both the blind
and sighted participant groups. The coloured bars indicate the mean performance accuracy, while the black bars indicate the inter-
quartile range. For comparison, the performance data for the reaching task is also shown for the blind participant group.



as shown in Fig. 4. We see that performance is similar across objects and a Kruskal-Wallis test compar-
ing performance differences across the four objects shows no significant differences for the blind participants
(H(3) = 0.72, p = 0.87) or sighted participants (H(3) = 0.07, p = 0.80).

Spatial mapping and reaching is a more complicated perceptual task than detecting and reporting an object.
In this regard, Fig. 5 shows the performance accuracy for the simpler task of detecting and reporting each of
the four objects in the FAD condition. For reference, we also show the reaching task performance for the blind
participants in Fig. 5. Comparisons between the detection and reaching tasks indicate that the blind participants
show the following increased accuracy of performance for object detection compared with object reaching, book:
15.8%, bottle: 12.0%, bowl: 11.5%, cup: 13.8%. Combining the data across objects and applying a Kruskal-
Wallis test comparing the detection and reaching tasks indicate these differences are statistically significant
(H(1) = 15.49, p < 0.0001).

The scan time for the FAD represents the exploratory time during which the participants used head scanning
to create a mental spatial representation of the objects located on the table. The average scan time across all
of the FAD trials for each participant is shown in Fig. 6. We see a wide range of average scan times varying
from a minimum of 22.2 s to a maximum of 94.2 s. The average of the mean trial scan times across the
participants is 45.0 s with a standard deviation of 20.3 s. It is useful to put these scan times into context.
We can compare these scan times with the time taken to both listen and react to the stimuli presented during
the Bluetooth speaker and Clockface conditions, as shown in Table 3. We see that the average scan time for
the FAD condition is approximately 2.25 times the listen-and-react time for the Bluetooth speaker condition
and 2.59 times the listen-and-react time for the Clockface condition. A critical issue related to the average
scan times is whether or not these times are correlated with the performance accuracy of the spatial mapping
and reaching task. To address this matter, we show in Fig. 7 a scatter plot of the performance accuracy for
the reaching task versus the average trial scan times for the various participants. We see that there is no
general correlation between head-scanning time and performance accuracy in reaching (R2 = 0.002). Further,
three subjects demonstrate a 95% performance accuracy for reaching with head-scanning times varying from
33.6 s to 42.0 s, which are much less that the two longest head-scanning times of 63.2 s and 94.2 s.

Table 3. Head-scanning and listen-react times

Condition Activity Mean Time (s) Standard Deviation (s)

FAD Head-Scanning 45.0 20.3

Bluetooth speaker Listen and React 20.0 0.8

Clockface Listen and React 17.4 0.6

4 DISCUSSION
The close-reaching task in this study is a mental spatial mapping task that requires spatial memory. In other
words, no auditory information is provided to the participant during the actual reaching task. The provision
of auditory information was deliberately separated from reaching during the psychophysical study to better ex-
plore the element of spatial mapping. This is different to many long-range navigational studies [13, 12, 14]
which provide continuous information during the task and therefore the opportunity for sensory confirmation
and integration. In this sense, the current study is most similar to what is more commonly referred to as near-
field assistance [13] and/or spatial memory tasks [10]. The results presented here are consistent with previous
studies indicating the benefits of smart glasses for the blind with respect to object localization and identifi-
cation [18, 10, 19, 20]. For example, in [18] blind participants wearing a smart glasses system were able
to successfully perform scene classification tasks based on audio rendering. In [10] blind participants using
a Hololen’s system were able to successfully perform a spatial memory task in which five objects are placed
30 degrees apart in azimuth at a two meter distance and rendered using spatialized verbal audio cues. In this



Figure 6. The average scan time is shown using coloured bars for the blind participants (ID starts with a ’B’) and sighted
participants (ID starts with an ’S’) with the black bars indicating ± one standard deviation.

Figure 7. A scatter plot is shown of the performance accuracy for reaching in the FAD condition versus the mean trial head-
scanning time. The plot indicates no general correlation between reaching accuracy and head-scanning time (R2 = 0.002).

Figure 8. The performance accuracy for detection and reaching tasks are shown for the blind participants based on the onset of
blindness: congenital, early (in childhood), and late (as an adult). Data for the sighted participants are shown for reference.



test, participants had to orient their head toward the target object. As well, in [19] blind participants were able
to use a smart glasses system to recognize currency.

In terms of studying spatial memory and cognition, particularly in the context of models of working mem-
ory [21], tasks are often divided into active tasks in which one has to actively work with the information and
passive tasks in which information is simply recalled [22]. It is generally agreed that it is the active tasks
that show differentiated performance between blind and sighted participants [23, 22]. In these terms, the close-
reaching task presented here has an active component in which reaching must be performed. Nonetheless, the
task is much simpler than some of the spatial memory tasks presented previously such as matching the locations
of paired spatial sounds [22], or an audio version of the Kohs Block Design test [24] or an audio version of the
Corsi-Block test [23]. The results of this study did not show statistically significant differences between blind
and sighted participants. This possibly reflects the simpler nature of the active task presented in this study.

Consider now the increasing, but conditional, agreement that blindness impacts allocentric spatial tasks,
particularly large-scale spatial tasks [23, 25, 26, 27] (for review see [25]). As the close-reaching task presented
here is an egocentric task, we would not expect differences based on onset of blindness: congenital, early onset
in childhood, and late onset as an adult. Nonetheless, this does not quite seem to be the case. It turns out that
we had equal numbers (three each) of congenital, early and late onset participants. The performance results for
the detection and close-reaching tasks are separated based on onset of blindness in Fig. 8. As shown, there
seem to be some performance differences appearing with regard to the close-reaching task for the FAD and
Bluetooth speaker conditions based on onset of blindness that are not apparent in the detection task or the
Clockface condition. Of course, the very small numbers of subjects limits any conclusions. Intriguingly, it is
suggested in [28] that self-motion, such as with the head scanning in the FADs condition, can assist the blind
with spatial tasks, even on allocentric tasks.

5 CONCLUSIONS
This work investigates an auditory sensory augmentation paradigm, acoustic touch, to assist people who are
blind with reaching for close objects. It is based on the use of smart glasses combined with a limited field of
view, i.e., an acoustic fovea, and head scanning. Both blind and blind-folded sighted participants are able to
perform the task reasonably well demonstrating the utility of the sensory augmentation paradigm. The primary
task is an active spatial memory task which demonstrates no statistically significant differences between the
blind and sighted participants which is consistent with the fairly uncomplicated nature of the reaching task.
Further analysis of the dataset will explore the motion capture and physiological data. We will continue to
develop new auditory sensory augmentation paradigms based on smart glasses and machine vision and learning.
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A Proposed Signal Processing Model Of Human Spatial Hearing 
Using Interaural Cross Correlation and Auditory Glimpsing To 

Estimate Green’s Functions 
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ABSTRACT 
At a cocktail party, normally-hearing individuals are able to selectively attend to one speech signal among 
many. Understanding how the human auditory system accomplishes this task remains a focus of intensive 
research, as does replicating human-level performance using computational methods. Research by the authors 
has shown that Green’s Function spatial models can be estimated from multichannel acoustic data with cross-
spectral calculations and then used to robustly separate one signal among many in real, reverberant 
environments, regardless of the number or arrangement of sources in the room. Here we describe a signal 
processing model of human spatial hearing inspired by this new source separation approach. The model 
addresses how the human auditory system might solve the Cocktail Party Problem using the well-known 
concepts of interaural cross correlation and auditory glimpsing. We apply our signal processing approach to 
binaural and other multichannel recordings made in reverberant, multi-talker environments to demonstrate 
the effectiveness and robustness of the source separation technique. We then illustrate areas of agreement 
between the proposed model and known attributes of human hearing in similar conditions. 
 
Keywords: Spatial hearing, source separation, Green’s Function, cross correlation, microphone array, 
binaural hearing, Cocktail Party Problem, underdetermined 

1. INTRODUCTION 
As Colin Cherry wrote in 1953, “one of our most important faculties is our ability to listen to, and 

follow, one speaker in the presence of others. This is such a common experience that we may take it 
for granted; we may call it ‘the cocktail party problem.’ No machine has been constructed to do just 
this, to filter out one conversation from a number jumbled together.” (1) His statement that “no 
machine has been constructed” has remained true, at least until now. The authors herein propose a 
computational model for human spatial hearing based on a space-time array signal processing method 
that has demonstrated human-level performance in solving Colin Cherry’s Cocktail Party Problem for 
the general case. Several significant similarities exist between the two, not only in their methods as 
we currently understand them, but also in their observed behaviors and attributes.  

2. COMPUTATIONAL MODEL OVERVIEW 
In this study we describe a computational model for binaural human spatial hearing based on a 

novel array signal processing method that separates sound sources even in underdetermined, 
reverberant, crowded, dynamic conditions (2). The principle underlying the method and, hence, the 
model is to apply cross spectral techniques on signals that are glimpsed as they momentarily rise 
above the noise background in order to estimate the Green’s Function between two or more acoustic 
sensors and the sound source’s location, and then use that estimate as a spatial filter to enhance sounds 
from that source. It should be noted that the desired sound is assumed to be emanating from a point 
source, such as a human mouth.  

 
In a similar manner, a Green’s Function for the net of all noise point sources can also be estimated 

and then continually updated, thereby enabling the adaptive reduction of sounds from those sources, 
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FIG 1: Time domain waveform of one channel of the original binaural recording 
 
 

 
FIG 2: Time domain waveform of separated near talker (Loudspeaker 1) 

 
 

 
FIG 3: Time domain waveform of separated far talker (Loudspeaker 2) 

 
 
 

6.3 Outdoor, Focus Spot Size Test 
The other test involved a planar array of seven directional microphones situated on the sidewalk 

of a modestly busy side street in a residential neighborhood. Stone walls, metal fences, and driveways 
were interspersed along this street’s sidewalk. One of the authors was positioned at a distance of 30 
meters from the array, down the sidewalk. At the beginning of the test, the test participant began 
speaking at an elevated level to be clearly heard at the array and then after six seconds dropped to a 
conversational level of approximately 62 dB SPL-A. The test participant then talked while walking 
slowly sideways relative to the array out into the street and then back to the starting point. Next, the 
participant talked while walking slowly backwards relative to the array several paces and then back 
to the starting point. Finally, the participant talked while walking slowly toward the array until 
immediately in front of it.  

 
The goal of this test was to determine the general shape of the focus area in an outdoor scenario 

with low levels of reverberation. After processing the array recording using the method, it was 
determined that the shape of the focus area was an oblong spheroid stretched between the desired 
source location (at 30 meters) and the microphone array. Stepping approximately 2 meters to the side 
or back caused the participant’s voice level to decrease dramatically, while walking toward the array 
did not reduce the voice level at all. It was also noted that point source noise sources, including 
moving automobiles, were dramatically reduced as they were all outside of the focus area. 
Furthermore, the focus spot shape and size that were found are consistent with prior studies of sound 
localization resolution shapes and sizes when outdoors. Finally, it was noted that a human standing at 
the array was unable to discern the conversational level speech from the desired source location (at 
30 meters distance) in the presence of the noise, but after processing with the method, it was possible 
to understand the speech, thereby achieving performance that was greater than a human was capable 
of.  

7. GENERAL DISCUSSION 
In this study we have described a method of separating acoustic sources in the general uncontrolled 

case of a cocktail party using as few as two microphones. In a series of experiments, we evaluated the 
method with mixtures of simultaneous speech, various types of spatially separated noises including 
some that were moving and others that were situated between the microphones and the desired source, 
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The influence of first-order lateral reflections on binaural cues of 

virtual source reproduced by crosstalk cancellation system 
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1~3 Acoustic lab, School of Physics and Optoelectronics, South China University of Technology, China 

ABSTRACT 

Crosstalk cancellation (CTC) system aims to accurately recreate the binaural cues of a virtual source via 

loudspeakers, and it is generally designed for anechoic environments. Nevertheless, in actual environments, 

reflections, especially early reflections, may negatively affect the binaural cues of the virtual source 

reproduced by CTC system, resulting in a deteriorated localization performance. In this paper, the influence 

of first-order lateral reflections on interaural phase delay difference (ITDp) is investigated by simulation in 

which reflections are generated by two mirror sources based on the image method. In addition, an inhibition 

function based on the precedence effect is adopted for the calculation ITDp. Results show that the variation 

degree of mean ITDp below 1.5 kHz is increased caused by reflections as the delay of reflection decreases, 

and when the delay is less than a threshold (around 1.6 ms), the change value of ITDp is larger than one just 

noticeable difference (JND). This indicates that the localization accuracy of the virtual source reproduced by 

CTC system would be degraded by the reflection with a relatively small delay, and would be free of the 

impact of reflection with a relatively large delay due to the precedence effect. 

Keywords: Crosstalk cancellation, Reflection, Interaural phase delay difference 

1. INTRODUCTION 

Binaural signals can be reproduced via headphones or loudspeakers. The performance of binaural 

reproduction was hampered by crosstalk from the loudspeaker to the contralateral ear. Therefore, a 

set of crosstalk cancellation (CTC) filters is required to eliminate the crosstalk (1). CTC system needs 

to transfer accurately binaural cues, i.e., interaural phase delay difference (ITDp) and interaural level 

difference (ILD) of a target sound source (2). In this reproduction process, Head-related transfer 

functions (HRTFs) in the free field are usually used to calculate CTC filters, illustrating that the best-

matching reproduction environment for a CTC system is in an anechoic chamber. But reflections in 

the actual environment are inevitable, which cause a mismatch of the reproduction and calculation, 

and inaccurate binaural cues are derived. So, reflections may even degrade the localization 

performance of the system.  

Horizontal plane localization mainly relies on binaural cues. There are discussions about the 

influence of reflection on binaural cues reproduced by CTC system. The s imulation experiment of 

reflections on binaural cues reproduced by the CTC system has shown that lateral reflections from the 

lateral wall do not change ITDp, and the reflections severely interfere with ILD even if reflecting 

surface has a small reflection coefficient (3). Kosmidis has simulated a binaural system with the first- 

and second-order reflections generated by the side reflecting surface at 0.5, 1.0, and 1.5 m, results 

show that a reflective surface's distance determines the period and range of fluctuations in binaural 

cues (4). The interference between direct and reflected sound causes the binaural cues to fluctuate in 

frequency (5). In general, the smaller the delay of the reflections, the greater the fluctuation period. 

The greater the intensity of the reflections, the greater the fluctuation range. Also considering the 

precedence effect (6-8), the influence of reflection with a delay greater than a certain value (generally 

1 to 3 ms) on localization is suppressed by the auditory system. The first -order reflection has a larger 

intensity and a smaller delay compared with the higher-order reflections, so sound localization is 
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vulnerable to first-order reflections. To simplify the simulation conditions, only the case of first-order 

lateral reflections is considered herein.  

The purpose of this study is to investigate the effect of lateral reflections with different delay on 

ITDp. We start by establish a two loudspeakers CTC system by simulation, and then generate the first-

order reflections by a lateral mirror reflecting surface at 0.05 m to 1 m with an interval of 0.05 m. The 

inhibition function based on the precedence effect was introduced to modify the binaural signals 

containing reflections, and binaural signals after modifying are derived for the analysis of average 

ITDp below 1.5 kHz. 

2. MODEL OF CTC SYSTEM WITH FIRST-ORDER REFLECTIONS 

2.1 CTC System 

In two loudspeaker CTC system, the transmission of sound signals from loudspeakers to listener’s 

ears using CTC filters is given in frequency domain  

[
𝑃𝐿

𝑑𝑖𝑟

𝑃𝑅
𝑑𝑖𝑟

] = [
𝐻𝐿𝐿

𝑑𝑖𝑟    𝐻𝑅𝐿
𝑑𝑖𝑟

𝐻𝐿𝑅
𝑑𝑖𝑟    𝐻𝑅𝑅

𝑑𝑖𝑟
] [

𝐶𝐿𝐿    𝐶𝑅𝐿

𝐶𝐿𝑅    𝐶𝑅𝑅
] [

𝐸𝐿

𝐸𝑅
] , (1) 

where 𝑃𝐿
𝑑𝑖𝑟  and 𝑃𝑅

𝑑𝑖𝑟  are the binaural pressure on a listener’s ear, 𝐻𝐿𝐿
𝑑𝑖𝑟，𝐻𝐿𝑅

𝑑𝑖𝑟，𝐻𝑅𝐿
𝑑𝑖𝑟 , and  𝐻𝑅𝑅

𝑑𝑖𝑟 

denote the four HRTFs from the reproduction sound source L or R to two ears. 𝐶𝐿𝐿 , 𝐶𝐿𝑅, 𝐶𝑅𝐿, and 

𝐶𝑅𝑅  denote the corresponding CTC filters, 𝐸𝐿  and 𝐸𝑅  are the binaural signal. The loudspeaker 

arrangement and the coordinate system as shown in Figure 1. The span of loudspeaker is 60°, and the 

distance from reproduction source L or R to the center of listener is 1 m. HRTFs were calculated by 

spherical head model with a radius of 0.0875 m (9), the range of frequency was 50 to 22050 Hz, and 

the order of spherical Hankel function of the second kind was 50th. 

 

Figure 1 – The CTC system under a lateral mirror reflecting surface at distance d. “L” and “R” represent 

direct sound sources for reproduction, and “MR” and “ML” represent the corresponding mirror sources. The 

virtual source reproduced by the CTC system under anechoic condition is denoted by “S'.” 

the CTC matrix 𝑪 can be denoted as the pseudoinverse of the transfer function matrix using the 

Tikhonov regularization method, i.e., 

𝑪 = (𝑯𝐻𝑯 + 𝜆𝑰)−𝟏𝑯𝐻, (2) 
where the superscript H denotes the conjugate transpose of the matrix. 𝜆  is the regularization 

parameter, it was set to 0.001. 



 

 

2.2 Simulation of The First-order Reflections 

In this section, a simple situation is considered where reflections are generated from a reflecting 

surface placed on a listener’s right side. Considering only specular reflection, first -order reflections 

were simulated based on the image method (10). As shown in Figure 1, the corresponding mirror 

sources of point sources (L and R) are denoted as ML and MR, respectively, and their positions are 

determined by the distance d between the reflecting surface and the source R.  

The sound pressure of the first-order reflections transfer to a listener’s ears can be expressed in the 

frequency domain as 

[
𝑃𝑀𝐿

𝑚𝑖𝑟

𝑃𝑀𝑅
𝑚𝑖𝑟

] = [
𝐻𝐿𝐿

𝑚𝑖𝑟    𝐻𝑅𝐿
𝑚𝑖𝑟

𝐻𝐿𝑅
𝑚𝑖𝑟    𝐻𝑅𝑅

𝑚𝑖𝑟
] [

𝐶𝐿𝐿    𝐶𝑅𝐿

𝐶𝐿𝑅    𝐶𝑅𝑅
] [

𝐸𝐿

𝐸𝑅
] , (3) 

where 𝑃𝑀𝐿
𝑚𝑖𝑟 and 𝑃𝑀𝑅

𝑚𝑖𝑟 denote the binaural pressure produced by the mirror sources ML and MR 

on a listener’s ear, 𝐻𝐿𝐿
𝑚𝑖𝑟, 𝐻𝐿𝑅

𝑚𝑖𝑟, 𝐻𝑅𝐿
𝑚𝑖𝑟, and 𝐻𝑅𝑅

𝑚𝑖𝑟 denote the four HRTFs from the source ML or MR 

to two ears, as shown in Figure. 1. 

Equations (1) and (3) are combined, the binaural pressure considering the reflections becomes  

[
𝑃𝐿

𝑃𝑅
] = [

𝑃𝐿
𝑑𝑖𝑟

𝑃𝑅
𝑑𝑖𝑟

] + [
𝑃𝐿

𝑚𝑖𝑟

𝑃𝑅
𝑚𝑖𝑟

] , (4) 

where 𝑃𝐿 and 𝑃𝑅 are the total binaural pressure reproduced by the direct sound and reflections.  

3. NUMERICAL EXPERIMENT 

3.1 Simulation Conditions 

The aim of the simulation is to investigate the change of ITDp of virtual source reproduced by CTC 

system with reflections of different delays. To generating reflections with different delays, the lateral 

reflecting surface at 0.05 to 1 m, with an interval of 0.05 m, was established. The azimuth and delay 

of the mirror source MR and ML generated by the lateral reflecting surface at partial different 

distances are shown in Table 1. To simplify the table, only the parameters of some virtual sound 

sources are listed. For example, with the distance between 0.05 and 0.25 m, the delay of MR is less 

than 1 ms, which is the lower limit of the precedence effect (1 ms). When the distance is in the range 

of 0.30 to 0.70 m, the delay of MR is just in the range of the precedence effect (1 to 3 ms). The delay 

of ML is greater than the lower limit of the precedence effect at the initial reflecting surface distance. 

Subsequently, based on the model of the CTC system with first-order reflections in Section 2, we have 

calculated the binaural signals under lateral mirror reflecting surface at different distances.  

Table 1 – The azimuth and delay of mirror source MR and ML 

d MR ML 

（m） Azimuth（º） Delay（ms） Azimuth（º） Delay（ms） 

0.05 34.72 0.16 61.57 2.40 

0.25 49.11 0.94 66.59 3.40 

0.30 51.79 1.20 67.69 3.70 

0.65 64.31 2.90 72.82 5.60 

0.70 65.50 3.20 73.37 5.90 

1.00 76.10 7.60 79.11 10.40 

 
Considering the precedence effect, when the delay increases (up to 10 ms typically), reflections 

are gradually suppressed on localization. Thus, binaural signals were modified by the inhibition 

function by fitting the original inhibition curve proposed by Zurek and Martin (6, 11).  

3.2 ITDp under reflections  

ITDp is defined as 

ITDp(𝑓) = (
𝜙R (𝑓)

2𝜋𝑓
) − (

𝜙L(𝑓)

2𝜋𝑓
) , (5) 

where 𝜙R (𝑓)  and 𝜙L(𝑓)  are the phases of the binaural signal after modulation by the inhibition 



 

 

function at frequency 𝑓. ITDp is the dominant localization cue below 1.5 kHz (12). Generally, the 

localization information provided by ITDp indicates that the larger absolute value of ITDp, the more 

lateral the perceived azimuth. Based on the auditory mechanism of integrating the localization 

information across frequency bands (13, 14), the average ITDp below 1.5 kHz were used to estimate 

the center direction of the perceived source. The difference between average ITD p under the 

reflections and the free field condition was calculated, which is shown in Figure 2.  

The two pink dashed lines in Figure 2 represent the just noticeable difference (JND) of ITD, that 

is 20 µs (15).At the target azimuth of ±90° and ±60° (the azimuth outside the boundary of sound 

sources L and R) for the case of the distance of reflecting surface below 0.2 m, the difference between 

the average ITDp under the reflections and the free field condition is greater than one JND, it indicates 

the perception azimuth under reflection changes greatly compared with that without reflections. At 

the target azimuth of -30°, 30°, and 0° (the azimuth within the boundary of sound sources L and R), 

the difference hardly exceeds one JND, except for some special distances. When the distance is larger 

than 0.40 m (the corresponding delay of MR is around 1.6 ms), the difference of mean ITD p is almost 

less than one just noticeable difference (JND). In the presence of reflections generated by reflecting 

surfaces at a distance greater than 0.4 m, there is no change in perceived az imuth. The lateral 

reflections with a relatively larger delay have almost no effect on sound source localization, this result 

based on the difference in average ITDp is analogous to that of the precedence effect.  

 
Figure 2 – The difference between average ITDp under the reflections from reflecting surface at 

different distances and the free field condition. The point beyond the coordinate limit in the figure is 

not drawn. If the difference is negative, it indicates that the low-frequency (below 1.5 kHz) sound 

source is more to the left. 

 

4. CONCLUSIONS 

In the CTC system, the effect of first-order lateral reflections on ITDp is investigated by simulation and 

the image method. The localization information is derived by the mean ITDp below 1.5 kHz. With the distance 

of the reflecting surface below 0.4 m, the mean ITDp at the target azimuth outside the loudspeaker boundary 

(the azimuth at ±90° and ±60°) get a change to a high extent compared to that in the free field, while the 

mean ITDp at the target azimuth within the boundary of loudspeakers (the azimuth at ±30° and ±0°) has 

relatively small changes compared to that in anechoic condition. When the delay of reflections is larger than 

1.6 ms, the variation of mean ITDp barely exceeds one JND. The localization performance of the low 

frequency virtual source is susceptible to small delay reflections, while the effects of larger delay reflections 

are suppressed due to the precedence effect. 
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ABSTRACT
A model architecture is presented to predict room acoustical parameters from a running binaural signal. For
this purpose, a deep neural network architecture is combined with a precedence effect model to extract the
spatial and temporal locations of the direct signal and early reflections. The precedence effect model builds on
a modified BICAM algorithm [1], for which the first layer auto-/cross correlation functions are replaced with a
Cepstrum method. The latter allows a better separation of features relating to the source signal’s early reflections
and harmonic structure. The precedence effect model is used to create binaural activity maps that are analyzed
by the neural network for pattern recognition. Anechoic orchestral recordings were reverberated by adding four
early reflections and late reverberation to test the model. Head-related transfer functions were used to spatialize
direct sound and early reflections. The model can identify the main reflection characteristics of a room, offering
applications in numerous fields, including room acoustical assessment, acoustical analysis for virtual-reality
applications, and modeling of human perception.

Keywords: Precedence effect, auditory modelling, deep learning

1 INTRODUCTION
It is investigated how a binaural model can be used to extract room acoustical features from a running binaural
signal consisting of an anechoic orchestral recording with simulated early reflections using a head-related trans-
fer function catalog and late reverberation. At the core of the human ability to extract information from sound
sources in reverberant spaces are auditory mechanisms related to the precedence effect. The precedence effect,
formerly also called the law of the first wave front, describes the ability of the auditory system to suppress infor-
mation about secondary sound sources that are reflected off walls and other objects. This enables the auditory
system to localize the actual position of a sound source by making the localization cues pertinent to the direct
signal component available.

This is a non-trivial task for the auditory system since the direct signal and the reflected signal parts overlap
in time and frequency. The primary cues to localize a sound source are Interaural Time Differences (ITDs) and
Interaural Level Differences (ILDs). ITDs occur because the path lengths between a sound source and both ears
differ depending on the incoming azimuth angle. The cross-correlation algorithm is a good algorithm to simulate
the processes of the auditory system to extract ITD cues. Unfortunately, the traditional cross-correlation model
fails in reverberant conditions. Recently, Braasch proposed a binaural model based on a second-layer cross-
correlation algorithm [1].

This paper presents an adapted method using the cepstrum algorithm to estimate the location and degree of
early reflections. The cepstrum method has been used before to dereverberate signals [5]. For atonal signals,
the resulting model performs as well as the previously published BICAM model [1], but its performance with
tonal signals is much improved. The cepstrum method is an example of homomorphic filters that use non-
linear processes to separate features that occupy the same feature space. In this project, we were able to use
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Figure 1. Architecture of the cepstrum-based binaural model.

a cepstrum-based method to separate the features from specular reflections from those induced by the signals’
periodicities. A deep learning model is then used to analyze the output of the binaural model. Deep learning
methods have been used successfully in the past for sound localization with binaural models [6, 9, 2].

2 CEPSTRUM METHOD
The cepstrum algorithm is a standard method in speech technology to separate the carrier signal S( f ) from the
speech envelope H( f ), for example, to extract speech formants. The frequency spectrum of a speech signal is
defined as:

G(F) = S( f ) ·H( f ). (1)

By taking the logarithm of the speech spectrum, the multiplication of S( f ) and H( f ) becomes an addition:

log |G( f )|= log |S( f )|+ log |H( f )|. (2)

After performing a Fourier transform of the logarithmized speech spectrum, the cepstrum is obtained:

C(τ) = F−1{log(G( f ))}= F−1{log(F{g(t)})}. (3)

The variable nτ is the so-called quefrency, which has a unit in seconds while not being identical to time due
to the nature of the applied logarithm. For voiced signals, we will find a peak at τ0 = 1/ f0 for the fundamental
frequency of the source signal. This part is subtracted through linear filtering. The formants are then visualized
by applying the inverse Fourier transformation.

The algorithm resembles a dual-layer, spatio-temporal filter to separate auditory features for the direct and
reverberant signal parts of a running signal. Figure 1 shows the architecture of the model, with a signal flow
ascending from bottom to top. In the first stage, the model performs a cepstrum analysis for the left and right
ear signals. For each channel, the result of the cepstrum analysis is used to compute a deconvolution filter,
which is then used to deconvolve the ear signal (see boxes “deconv”). Next, the deconvolved signals are cross-
correlated to determine the interaural time difference (ITD) of the direct signal (box: “CCLR”). The estimated
ITD is used to time align the estimated impulse responses from the cepstrum analysis (boxes: “align time”).
These two time-aligned impulse responses are cross-correlated a second time to compute a binaural activity
pattern. The generated patterns are fed to the deep learning model.
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Figure 2. Cepstrum-based localization model example to calculate the interaural time difference (ITD).

Figure 2 shows a practical example of the binaural model performance to determine the interaural time
difference (ITD) for the direct signal, by estimating deconvolution filters from the cepstra of the left and right
signals of a binaural signal. This approach is depicted for a speech signal with a direct signal (0.4-ms ITD)
and two reflections (−0.4-ms ITD each, with delays of 7 and 9 ms with respect to the direct signal, each
reflection has the same amplitude as the direct signal). The top graph shows the cepstrum for the left signal,
and the center graph illustrates the cepstrum for the right signal. The cepstra are used as deconvolution filters
for the left and right signals before the cross-correlation function is obtained. The bottom graph shows that
this method allows us to calculate the lateral position of the target sound correctly (red curve). The blue curve
shows the cross-correlation function for the total signal, which has its maximum near −0.4-ms because the
combined amplitude of the reflections is twice as high as the amplitude of the direct sound.

We can now apply the cepstrum method to extract/visualize the locations of early reflections. The cepstrum
allows us to separate the spectral harmonics of the signal (periodicity) and the reflections, which is possible if
the early reflections do not come in too early – see Fig. 3.

3 RAY TRACING
Generic room impulse responses were generated using the approach above to test the general suitability of
the binaural model. Each impulse response contained four individual early reflections and late reverberation.
The late reverberation tail is formed by a stochastic process with an underlying Gaussian distribution with an
exponentially-decaying window adjusted to reverberation times (RT). The parameters for each test condition are
given in the result section. The HRTFs were taken from [3]. The impulse responses were auralized using ane-
choic orchestral recordings [4]. The complete set of recordings was segmented into 20-s long samples resulting
in 76 samples total. The samples were convolved with the binaural room impulse responses and analyzed by
the binaural model.



Figure 3. Example Binaural Activity Map for the cepstrum-based binaural model using an anechoic Mozart
Clip, with direct signal (Amplitude: 1, ITD: −0.3 ms and two early reflections – Reflection 1: 0.8 Amplitude,
13-ms ISI, 0.4-ms ITD, Reflection 2: 0.8 Amplitude, 18-ms ISI, 0.5-ms ITD.

4 RESULTS
Figure 4 shows four examples of binaural activity maps calculated from the running signals analyzed by the
binaural model. The spatial location of the first reflection was varied in each of the figures. The remaining
parameters were as follows: direct signal: 0◦ azimuth, other Early Reflection (ER) azimuths: 315◦, 60◦, 300◦;
ER delays: 20 ms 26 ms, 36 ms, 44 ms; other ER amplitudes: 0.8, 0.6, 0.55, 0.55; RT=2 s, RT amp.=0.25.

Next, the model temporal location of the first reflection and its relative amplitude was investigated. All
data points show the mean and standard deviations over all 76 samples. The left graph of Fig. 5 shows the
results for 5 different initial time delay gaps (ITDG), demonstrating that the model is able to estimate the ITDG
accurately (direct signal: 0◦ azimuth, Early Reflection (ER) azimuths: 315◦, 300◦, 60◦, 300◦; other ER delays:
27 ms 30 ms; ER amplitudes: 0.8, 0.75, 0.15, 0.14; RT=2, s RT amp.=0.25). Estimating the reflection amplitude
was more difficult. A monotonic relationship can be found between the actual and the estimated amplitude; the
errors are fairly high. It should be noted that the ITDG measurement is part of the ISO 3382 metric catalog,
while the first reflection amplitude is not.

5 DEEP LEARNING
The goal of the neural network analysis is to automatically detect the direction of the direct sound and the
spatial/temporal locations of early reflections and the strength of these reflections. This work builds on an
earlier neural model that used the BICAM algorithm [2]. The model was able to detect a reflection in the
presence of a direct sound with the following accuracies: time-delay of reflection (98.5%–99.6%), direct source
lateralization (93.0%–94.9%), and reflection lateralization (84.1%–86.1%). The idea for the current study is that
the output of the cepstrum-based precedence effect is robust enough to extract the parameters from a complete
binaural activity map to read the underlying binaural activity patterns.

The new convolutional neural network was implemented based on the VGG architecture [8]. The neural
network is fed binaural activity maps created by the binaural cepstrum model in the form of images with
256×256 pixels resolution. A large synthetic dataset was generated to train the neural network. In a pilot
study, a dataset of 10,000 audio samples was created with a direct sound source and a computer-generated
single reflection. Each anechoic sample had a duration of 10 seconds at 24-bit resolution and 48-kHz sampling
frequency. Direct signals and reflections were spatialized using head-related transfer functions (HRTFs) using



Figure 4. Binaural activity maps calculated from a running signal. For each panel, the azimuth of the first
reflection was varied: 60◦ (top-left panel), 0◦ (top-right panel), −45◦ (bottom-left panel), −60◦ (bottom-right
panel). All other parameters were kept constant. For more details see text.

Figure 5. Left: Calculated initial time delay gap; Right: Calculated reflection amplitude.



Figure 6. Neural network architecture.

Kemar dummy-head data [3]. Both azimuths for direct sound and reflection and the reflection amplitude and
delay were randomized.

A dataset of synthetic reflections was generated using HRTF measurements [3] and anechoic orchestral
recordings [7]. Samples were generated using 72 HRTF measurements taken at a 0◦ elevation with azimuths in
the range 0–355◦ in 5◦ intervals. The orchestral recordings were randomly sampled for ten-second segments,
which were then convolved with a randomly chosen HRTF measurement in order to change the perceived direc-
tion of the direct sound. A single synthetic reflection was added at a randomly chosen HRTF with an amplitude
between 0.5 and 0.8 and a delay between 1 and 10 ms. Room reverberation was added with a delay between
1 and 10 ms, a reverberation time between 1 and 10 ms, and an amplitude between 0.05 and 0.08. A to-
tal of 10,000 samples were generated and randomly separated into training, testing, and validation sets with a
60%/20%/20% split.

The convolutional neural network employed an architecture based on the VGG architecture [8] with two
convolution groups followed by two fully connected groups, see Fig. 6. Convolution groups consisted of two
convolution layers with a kernel size of 3×3 and a stride of 2, batch normalization, max pooling with a pooling
size of 2×2 and a stride of 2, and a dropout layer with a frequency of 0.2 and employed a rectified linear unit
activation function. Convolution layers in the first group used 8 filters and those in the second group used
16 filters. The fully connected groups were composed of a fully connected layer, batch normalization, and
a dropout layer with a frequency of 0.2 and employed a rectified linear unit activation function. The fully
connected layer in the first group had 256 neurons, whereas the second fully connected layer had 128 neurons.
The output layer had 72 neurons corresponding to the 72 possible azimuths and employed a categorical cross-
entropy activation function.

The neural network was used to make three predictions about the azimuth of the direct sound: whether
the azimuth was to the left or the right, whether the azimuth was in front or behind, and the degree of the
azimuth. The same neural network was used for each prediction with minor changes to the output layer. For
predicting the azimuth, the output layer was composed of 72 neurons and used a categorical cross-entropy
activation function, while predicting left or right, and front or back were both composed of a single neuron and
used a binary cross-entropy activation function. At the task of predicting left or right the network was trained
for 10 epochs and achieved a peak training accuracy of 94%, a peak validation accuracy of 99%, and a peak
test accuracy of 98% where left was defined as azimuth ≥ 180 and right as azimuth < 180. At predicting
front or back, the network was again trained for 10 epochs and achieved a peak training accuracy of 74%, a
peak validation accuracy of 75%, and a peak test accuracy of 76% where front was defined as azimuth < 90
or azimuth ≥ 270 and back was defined as 90 ≤ azimuth < 270. Finally, for the task of predicting azimuth,
the network was allowed to train for 50 epochs and achieved a peak training accuracy of 55%, a validation
accuracy of 57%, and a test accuracy of 59%. It is our belief that the network’s difficulty predicting front or
back limited the accuracy of predicting azimuth. In order to test this hypothesis, we intend to generate the data
again with only azimuths occurring in the front.



Figure 7. Results from direct sound predictions. Our network achieved 98% accuracy in predicting if the sound
occurred to the left or right, 80% predicting if the sound occurred in front of or behind, and 59% predicting
the azimuth of the sound.



6 CONCLUSIONS
A new precedence effect model is proposed to extend the capabilities and robustness of a previous model by
replacing the the first cross-correlation stage of a dual-layer cross-correlation algorithm with a cepstrum-based
approach. The model is promising and appears to be less vulnerable to periodic signal components. A deep
learning model has been added on top of the binaural model and early results are promising. The investigation
will be continued to improve the performance of the deep learning model.
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ABSTRACT 

The technology of Distributed Mode Loudspeakers (DML) emerged over 20 years ago but has been scarcely 

investigated in terms of perception. The DMLs’ sound reproduction is based on eigenmodes of a flat panel, 

which results in a wider directional characteristics than that of standard loudspeakers. This determines the 

sound distribution in the room, and therefore our perception. Based on preliminary studies, the DMLs render 

wider apparent source width and better immersion than standard loudspeakers. We conducted a series of 

listening evaluations where the listeners (audio students and professionals) evaluated the width of the sound 

stage and envelopment, source localization accuracy, realism and ease of localisation – comparing DMLs to 

a stereo pair of active studio monitors, with different music material. The DMLs used were digitally corrected 

to obtain smoother frequency responses. The paper presents the method and some results of this comparison. 

 

Keywords: Loudspeakers, Distributed Mode Loudspeakers, Loudspeaker Evaluation, Sound Spaciousness, 

Listening Tests 

1. INTRODUCTION 

The Distributed Mode Loudspeaker is a loudspeaker using a different sound radiating element than 

the conventional cone-shaped diaphragm. In the DML the radiator is a flat and stiff panel of 

rectangular shape and considerable mass. An electrodynamic (or piezoelectric) exciter attached to the 

panel induces uniformly distributed bending wave vibration (1, 2). This is entirely different from the 

operation of the conventional cone loudspeaker which is designed to vibrate as a rigid piston.  

Due to the difference in radiation mechanism, the acoustic properties of the DML are completely 

different than those of the cone speaker. The radiation of the DML is wide over the entire range of 

audio frequencies while in the cone speaker its directivity factor increases with frequency. The DML 

is an incoherent sound source while the conventional speaker vibrates coherently. The effect of the 

first property is that the proportion of direct sound energy to reflected energy is lowe red. The effect 

of the latter is that the interaction with room boundaries or any large reflecting surfaces is reduced 

(3). Thus there is a considerable perceptual difference between the sounds reproduced through both 

types of transducers compared. 

There has been few research on these perceptual differences (4, 5, 6, 7) and no systematic 

evaluation of subjective quality of sound reproduction through the DMLs is known to the authors.  

The aim of this work was to assess perceptual differences between the two technologies, especially 

spatial impressions, as this aspect of perception is predominantly affected by specific properties of 

sound radiation from panels. Considerable differences in spatial impressions between the two 

technologies could be expected, but were also confirmed in informal auditions.  

2. METHOD 

2.1 General Method 

The main assumption was to design the experiment so that it is sensitive to perceptual differences 

brought about by the differences in the mechanism of sound radiation. We tried to minimize its 

sensitivity to technological details of manufacturing of loudspeakers, as those details can be improved 

as the products are developed.  
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Among routinely measured parameters of loudspeakers, the frequency response is a weak point of 

the DMLs, regardless whether pressure response or power response is measured. Therefore we decided 

to implement electronic correction of frequency characteristics, for three reasons. First, this is in 

accordance with the assumption given above. Second, anomalies in frequency responses in DMLs are 

specific to an individual model, and that would seriously limit generalization of the results, if just one 

or two samples are to be evaluated. Third, poor frequency characteristics could bias subjective 

assessment, even if evaluation criteria are focused on spatial perception. Consequently, electronic  

correction was also applied to a cone speaker used for comparison, to maintain objectivity of the 

results. Details of electronic correction will be presented in a subsequent publication.    

Two similar commercial examples of DMLs were evaluated: Amina Edge 5 and Amina Edge 5i. 

The first uses one exciter, the second uses two of them, and is more advanced according to the 

manufacturer. We chose to use an example of a cone speaker of a very high quality as a reference: an 

advanced three-way active loudspeaker system to be used as a studio monitor, the PSI A-25M. Since 

spatial aspects were the main objective, we used stereo systems. Another disadvantage of DML 

technology is weak efficiency in low frequencies. Therefore for all pairs of loudspeakers, we used the  

same Dynaudio 9S subwoofer with the crossover frequency of 107 Hz in all cases.  

Another assumption was to use the DMLs in a way that exploits their natural advantage, i.e. flatness. 

The recommended placement is such that the radiating panel is part of the  wall surface (so called flush 

mounting). This has limited the objectivity of the comparison, since the monitors (cone speakers)  were 

placed on stands and not flush mounted. This choice is disputable , but the rationale behind it was to 

use the monitors the way they are normally used, which is stand-alone. It is only in the recording 

studio where conventional speaker systems are sometimes flush mounted, but not in consumer 

environments. We placed the monitors as close to the wall as was possible, at the recommended height 

where their acoustic centre was at 120 cm above the floor. Two pairs of panels were flush mounted 

just above the monitors. Care was taken that the spacing between the monitors (247 cm) was equal to 

the spacings between the centres of two pairs of panels. 

The listening room satisfied the recommendations (8). The details have been presented in (9). The 

areas of the first reflections at the side walls were left untreated, to exploit the wide directional 

characteristics of the DMLs. The experimental setup is presented in Figure 1. 

 

 

Figure 1 - The setup used in the experiment. The studio monitors are on stands and DMLs are just above 

them mounted in the wall. The subwoofer is on the floor. 

 

The listener was seated in the sweet spot between the monitors at a high chair, so that his or her 

ears were just between the vertical positions of the monitors and panels (140 cm). The monitors were 



 

 

angled accordingly.  

The listener was presented with excerpts of music lasting up to 45 s and representing balanced 

choice of music genres: classics, jazz, progressive rock and electronic. They evaluated the 

reproduction over three systems (DML1, DML2 and monitor) according to six criteria. Individual 

sessions, including instruction, lasted between 20 and 45 minutes.  

The participants of the experiment were mainly audio engineering students  and alumni, aged 19-

28 (median age 22), either with declared normal hearing or not reporting any hearing problems. 24% 

of them had formal musical education and 73% played one or more musical instruments. The authors 

and other researchers familiar with this project did not participate. The experiment has been 

interrupted for the summer of 2022 and will be continued. The results  reported in Section 3 are for 37 

listeners. Because of an unexpected error in software 20 results in the category “pleasantness of 

audition” have been lost.  

2.2 Details of Evaluation 

The experiment consisted of 4 trials preceded by a training session. In each trial the listener was 

presented one excerpt of music over 3 systems identified by letters A, B and C. The experiment was 

fully randomised, i.e. the order of excerpts for each person and systems in each trial was random. The 

training excerpt was the same for all listeners; its purpose was to a) set the playback at a level 

comfortable to the listener and b) allow the listener to familiarize with the interface and the evaluation 

criteria. The SPLs of music were normalized between the systems so that the difference did not exceed 

0.5 dB(C). Differences of up to 2 dB(C) were intentionally introduced between excerpts, to match 

them to the genre of music. 

The listener could switch between the systems A, B and C by selecting an appropriate play button, 

although not instantaneously – e.g. to switch between A and B they had to stop playback of A and start 

playback of B (at the same position in the song). Switching between systems and evaluation was done 

with the use of a small computer placed at a stand and comfortably accessible for the listener, which 

had a wireless connection with the host on which the test application was running. The host was 

connected to the Focusrite Clarett+ 8Pre audio interface used for sending the signal to the speakers – 

directly to the PSI monitors and subwoofer and via Anthem PVA-7 power amplifier to the DMLs. The 

test was double-blind and the systems were invisible to the participants, with an acoustically 

transparent material hung in front of them.  

Evaluation consisted of two stages: in the first one, the listener judged their general impression, 

assessing the pleasantness of audition over each system. Then, after confirming their assessment, they 

could focus on more detailed aspects of perception: clarity, ease of localisation, envelopment, realism 

and perceived stage width. Each criterion was judged on the scale 0-10, with anchors described to the 

listeners at the beginning of the test. There was no reference signal, so each listener defined the 

extreme values for themselves. A summary of the evaluation criteria is given in Tab le 1. 

 

Table 1 - Criteria of evaluation and their anchors, as given to the listeners in the experiment instruction. 

Criterion Lower anchor (0) Upper anchor (10) 

Pleasantness of audition Low, not inviting High, inviting 

Clarity (selectivity)  Low High 

Envelopment Directional sound Enveloping sound 

Localisation Hard to determine Easy to determine 

Realism Artificial reproduction Natural reproduction 

Stage width Narrow Wide 

 

Each of the musical excerpts used had some characteristic features. The classical one was a piece 

for a string quartet, where the instruments dialogued from two sides. The recording was very natural, 

with little post production. One excerpt had a female vocal and represented smooth jazz. The 

progressive rock piece was a very dense and energetic instrumental. The electronic excerpt was based 
on various sound effects and percussion sounds, each coming from a different localisation.  



 

 

3. RESULTS 

3.1 General Results 

Since the experiment is in an early stage, the data was first analysed in general, without any 

cleaning and pre-processing to see what improvements can be made. In Figure 2 the estimated 

distribution of the results is shown, accounting the smaller number of r esults for pleasantness. The 

dots show actual results, the outline is a kernel density estimate  (10, 11) based on normal distribution 

with the bandwidth of 0.3σ (where σ is the standard deviation in the data bin). With this choice of 

bandwidth, it is possible to spot groups of data, while keeping a continuous form of presentation.  

While some criteria are judged bimodally, perhaps due to listeners’ experience and the 

characteristics of a musical excerpt, we can see that the stage width and envelopment are ge nerally 

assessed high for the DMLs, while for monitors the distribution is substantially wider. This might 

suggest that the DMLs indeed create a better spatial impression – we will perform further statistical 

analysis to verify this hypothesis.  

It is clear from looking at the results that the participants used the  scale in a non-unified manner: 

some used full scale, marking extreme values, while others did not. We will definitely improve this 

aspect in the ongoing research, since this causes a scale bias – we cannot be certain, how significant 

are the measured differences. However, the tendency can be read from our results – whether the 

assessment is in the lower or upper half of the scale. 

 

 

Figure 2 - Evaluation results for each parameter (dots) and their estimated distributions (outline) by system.  

3.2 Results with Respect to Music Genre 

Since the excerpts used had different characteristics, we have also analysed the results with respect 

to the piece used for evaluation, as shown in Figure 3. Some criteria are highly related to the mix – 

e.g. clarity is rated higher in general for the pop and classical excerpts, as well as realism for classical 

music. At the same time, in those genres it is easy to notice a group of listeners wh o assess the 

envelopment and stage width presented over the standard monitors lower than over DMLs.   



 

 

 

Figure 3 - Evaluation results for each parameter (dots) and their estimated distributions (outline) by system 

and music genre. 

3.3 Comparative Analysis of the Systems 

All three systems were active in each trial and the listeners evaluated them at the same time, freely 

switching between them. Therefore, comparative listening comes naturally, so the preference of one 

system over another can be deduced from the difference between their grades. Since the participants 

used the  scale differently, we needed to normalize the results by taking into account the volume of 

the difference. Therefore, the normalization was performed according to the following algorithm: 

a) Calculate the amplitude of assessment for each trial as the difference between the highest and 

lowest grade chosen by the listener (i.e. one value for each excerpt-listener combination), 

b) Normalize the assessment amplitude (divide by 100), obtaining a scaling factor,  

c) Calculate the difference between evaluation results given to the systems by each listener, for 

each criterion, 

d) Normalize the evaluation difference between the systems: divide the difference value by the 

scaling factor. 

After this processing, the resulting data shows normalized differential assessment, as depicted in 

Figure 4. Positive values denote assessment in favour of the system labelled in the legend on the left, 

while negative – advantage of the subtracted system, which is labelled on the right.  

The differences are not very significant at first sight, however we can notice some hypothetic 

tendencies. A large group of listeners evaluated the clarity of sound reproduced over monitors higher 

than over DMLs. At the same time, the stage width and envelopment appear to be better for the DMLs 

for all music pieces except the electronic one. This might come from the fact that with electronic 

music there is no natural reference for what it sounds like and how the instruments are spaced across 

the stage. 



 

 

 

Figure 4 - Difference of evaluation results (dots) and their estimated distribution (outline) by system and 

genre. 

4. CONCLUSIONS 

The results after the first part of the experiment has been carried out demonstrate the advantage of 

the DML technology over cone-diaphragm technology in the spatial aspects of sound reproduction. In 

two criteria related to spatial perception: stage width and envelopment the scores of DMLs were 

substantially higher.  The results in the criteria: clarity, realism and pleasantness were close, so they 

require participation of more listeners, more music excerpts, and statistical evaluation. The only 

criterion where the cone loudspeaker seems to have advantage is ease of localisation. It should be 

emphasized, that we compared two DMLs with an example of a cone loudspeaker system of very high 

quality. 

It was found that the music genre affects the results in a meaningful way, with classical and jazz 

excerpts being perhaps most revealing, except for realism. A method of normalisation of the results 

has also been investigated. It has not changed much the main findings, except that clarity turned out 

to be another criterion evaluated by the listeners in favour of the cone  loudspeaker. Both above 

conclusions need statistical evaluation after more listeners participate in the experiment.  
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ABSTRACT 

To clarify the effect of a sound source’s movement speed on the minimum audible movement angle (MAMA) 

in humans, the MAMA of broadband noise at 0 degrees azimuth was measured for several movement speeds 

0.9, 2, 4.5, 10, 22, 50, 112, and 250 deg/s. The stimulus sounds were band-limited (200 Hz - 18 kHz) white 

noise with a sound pressure level of 50 dB (A-weighted). Listeners were confirmed to have normal hearing 

between 125 Hz and 12 kHz. An array of loudspeakers placed at 2.5-degree intervals in the horizontal plane 

was used to present the stimulus sounds. As a result, mean MAMAs across listeners were 1.2 - 1.5 deg under 

the 10 deg/s condition. In faster conditions, MAMA increased with increasing speed reaching 3.4 deg at 250 

deg/s. 

Keywords: minimum audible movement angle, minimum audible angle, sound localization, velocity 

1. INTRODUCTION 

Minimum Audible Movement Angle (MAMA), the minimum angle at which sound movement can 

be detected, has long been measured for a wide variety of stimulus sounds and movement speeds (1, 

2). For example, Harris et al. (3) measured MAMA for 0.8, 1.6, 3.2, and 6.4 kHz tones and white 

noise. MAMAs varied from subject to subject and were reported to range from 2° to 5° for tones and 

1° to 3° for white noise. Strybel et al. (4) measured MAMAs at multiple azimuth angles with 

broadband noise moving at 20°/s. MAMAs averaged 1.12° at azimuth angle 0°, and increased as the 

azimuth approached 80°, averaging 3.1° at 80°. In a study in which measurements were made at 

multiple speeds, Perrott & Musicant (5) made measurements at speeds of 90°/s, 180°/s, and 360°/s. 

The stimuli were tones at 500 Hz, with MAMAs of 8.3°, 12.9°, and 21.2°, respectively. Saberi et al. 

(6) also performed measurements at multiple movement speeds. The velocity conditions were 1.8, 3.6, 

7.2, 14.4, 27.7, 57.5, 115, and 230°/s. A broadband pulse train was used as the stimulus sound. The 

measured MAMAs were approximately 2° below 14.4°/s and 3.5°, 4.5°, 6°, and 9.5° above 27.7°/s. 

The MAMAs tended to increase as the movement speed increased. Saberi et al. then measured some 

subjects at movement speeds below 1.8°/s and obtained twice the 1.8°/s MAMA for each subject. 

Thereby, previous studies reported a tendency for MAMA values to increase when measurements were 

taken at slower or faster speeds than a certain range (6). Thus, MAMA has been reported to vary with 

speed. However, there are few reports of MAMA measured with continuous broadband noise, taking 

into account the effect of stimulus sound velocity. Broadband noise contains frequency components 

uniformly over a wide bandwidth, which provides a large amount of information for people to perceive 

the location of sound images. Therefore, continuous broadband noise is considered suitable for 

measuring the minimum angle at which a person can perceive motion. In previous studies, MAMAs 

measured using continuous broadband noise were all small. In addition, the moving sound that people 

usually hear is a continuous complex sound of various speeds, and MAMAs measured under these 

conditions would be of high value for use. Therefore, this paper describes the results of measuring 

MAMA in the frontal direction with broadband noise at several moving speeds and investigating the 

effect of changes in moving speed on MAMA. 
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2. METHODS 

2.1 Subjects 

The subjects were five individuals ranging in age from 21 to 37 years. Their minimum audible 

thresholds were measured and all were confirmed to have normal hearing at 125 Hz ~ 12 kHz. 

2.2 Stimulus 

White noise was used as the stimulus sound. To account for loudspeaker characteristics, the 

stimulus sound was equalized in 1/3 octave bands so that the auditory spectrum of the stimulus sound 

was flat. The stimulus was band-limited from 200 Hz to 18 kHz, corresponding to the frequency range 

of the loudspeakers. Finally, the signal was tapered on both sides with a triangular window of length 

100 points. Figure 1 shows the spectrum of the stimulus sound; the frequency components below 200 

Hz are background noise. The sound pressure level of the stimulus was set at 50 dB (A -weighted) at 

the center of the subject's head. Since the speed of movement of the stimulus was fixed and the angle 

of movement varied, the duration of the stimulus varied with the angle of movement. 

 

Figure 1 – Spectrum measured at the center of the head during stimulus sound presentation 

2.3 Apparatus 

Figure 2 shows the measurement system. A loudspeaker array was used to present the stimulus 

sounds. Speaker units (Hoshiden, 7N101) with a diameter of 30 mm were placed at 2.5 deg intervals 

around a circular arc of radius 1.1 m from the center of the subject's head. The loudspeakers used in 

this study were 3 channels from the center to the left and right, for a total of 7 channe ls. Therefore, 

the maximum angle of the presentation was 7.5° from the center. The subject's head position was fixed 

by a headrest. The stimulus sound signals were generated in MATLAB and presented through a D/A 

converter (Fireface UFX2, RME) and a headphone amplifier (AT-HA20, audio-technica). The D/A 

converter had a quantization bit rate of 24 bits/sample and a sampling frequency of 48 kHz.  The 

measurement system was set up in a soundproof room. The background noise level of the soundproof 

room was 15 dB (A-weighted). The subjects listened to the stimulus sounds and responded with a 

mouse. Figure 3 shows the measurements. 
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Figure 2 – Measurement system 

 

Figure 3 – Measurement scenery 

2.4 Procedure 

The measurements were made according to the method of Strybel et a l. (4). The stimulus sound 

presented to the subject always started at the center of the loudspeaker array and moved in one 

direction, either left or right. The movement between two adjacent loudspeakers was controlled by 

panning. The direction of movement of the sound changed randomly each time it was presented. 

Subjects who listened to the sound responded to the direction of movement of the sound. If they 

judged that the sound moved to the left, they responded with a left click, and if they judged that it 

moved to the right, they responded with a right click.  

The movement angle of the stimulus sound was varied by the up-and-down method. The initial 

value of the movement angle was set to 5 deg. The movement distance decreased by 10 % if the subject 

answered correctly two times in a row, and increased by 10 % if the subject answered incorrectly once. 

The presentation of the stimulus sound and the response were repeated until the switching between 

increasing and decreasing movement angles occurred 20 times, and the last movement angle presented 

was used as the measured value. This was considered one session, and the average of the measuremen t 

results from the five sessions was used as the MAMA. The eight moving speeds of the stimulus were 

0.9, 2, 4.5, 10, 22, 50, 112, and 250 deg/s. This speed was determined based on measurements made 

by Saberi et al. (6) at speeds ranging from 1.8 to 230°/s and at even slower travel speeds. The order 

of the speeds at which measurements were taken was randomized for each subject. To account for 

visual influences during the measurements, subjects were instructed to listen to the stimulus sounds 

with closed eyes. A practice trial was conducted before the main measurement. The practice trial 

confirmed that the measurements by the up-and-down method converged without any problems and 

did not become extremely large. 

3. RESULTS 

Figure 4 shows the distance angle in degrees of the moving sound presented when the measurement 

was made at 22°/s. The horizontal axis is the presentation trial number and the vertical axis is the 

angle presented. The number of sound presentations in one session ranged from 60 to 120. The 

deviation of the measurement results over the five sessions varied from subject to subject. The average 

deviation over the eight-speed conditions ranged from 0.33° to 0.73°. 

Figure 5 shows the measured MAMA results. The horizontal axis is the speed of movement of the 

stimulus sound, and the vertical axis is the measured MAMA. The mean of MAMA for each subject 
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is shown as a circle, and the mean and deviation across all 5 subjects are shown as error bars. the 

mean value of MAMA tended to increase as the speed of movement of the stimulus sound increased: 

at 0.9°/s, the mean value was 1.2°, and at 250°/s, the mean value was 3.4°. Analysis of variance on 

the measured results confirmed the effect of velocity on MAMA [F(7,28) = 30.94, p < .01]. Tukey's 

multiple comparisons of the respective velocities showed differences between 112°/s and less than or 

equal to 4.5°/s at the 1 % level of significance, and between 250°/s and less than or equal to 50°/s at 

the 1 % level of significance. At the 5% level of significance,  differences were found between 112°/s 

and 10°/s, and between 250°/s and 112°/s. However, no significant differences were found between 

speeds below 50°/s. 

 

Figure 4 – Moving sound angles presented for 5 sessions at 22°/s 

 

Figure 5 – Mean MAMA per subject and mean and deviation for all subjects.  

Results of Tukey's multiple comparisons for the results. 
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4. DISCUSSION 

The MAMA measured by Strybel et al. (4) using the same broadband noise as in this study at a 

velocity of 20 deg/s had an average value of 1.12 deg. The MAMAs measured by Harris et al. (3) 

using white noise at a moving velocity of 2.8 deg/s were less than 1 deg for two of the three subjects. 

The MAMAs for 22°/s and 2°/s in this study were 1.7° and 1.3°, respectively. The MAMAs obtained 

in the present study were similar to those obtained in a previous study in which noise containing 

broadband frequency components was used as the stimulus sound. In addition, the low-velocity 

MAMA values obtained in the present study were almost identical to the average frontal horizontal 

MAMA value of approximately 0.8° measured with white noise by Kurosawa et al. (7) . This is 

consistent with the assertion by Saberi et al. (6) that MAMA is similar to MAA within a certain range 

of velocity conditions. The measurement procedure in this study was based on that of Strybel et al. 

(4) but the method of sound presentation was different. In this study, a moving sound image was 

created by a loudspeaker array with the panning technique, whereas Strybel et al. (4) created moving 

sounds by rotating a boom to which the loudspeaker was attached. Nevertheless, their MAMAs are 

similar to those obtained here. This suggests that the influence of the method of presenting moving 

sound is smaller than the influence of the type of stimulus sound and the measurement procedure.  

Unlike the present study, Harris et al. (3) also measured MAMAs at tones at 0.8, 1.6, 3.2, and 6.4 

kHz for travel speeds of 2.8°/s. The MAMAs varied with frequency, ranging from 2° to 4°. This value 

is larger than the MAMA of 2°/s obtained in this study. The value measured by Perrott & Musicant 

(5) using a 500 Hz tone was 8.3° at 90°/s. The velocity condition measured in this study that is closer 

to 90°/s is 112°/s, with a MAMA of 2.5°, which is 5° less than the value measured by Perrott & 

Musicant (5). These results confirm that the MAMA measured in broadband noise is smaller than that 

of a pure tone, which is consistent with the assertion of Carlile et al. (2).  

The results of Saberi et al. (6), who measured MAMAs at various movement speeds with broadband 

pulses, are larger at all movement speeds compared to the MAMAs obtained in this study. One of the 

possible reasons for this is the difference in stimulus sounds. In the present study, a continuous white 

noise sound was used, whereas, in Saberi et al.'s measurements, the sound was an intermittent sound 

with a continuous periodic pulse output. The method used to create the moving sound was to output 

100-μs pulses in sequence from a loudspeaker array of 30 loudspeakers arranged in a linear pattern at 

0.46° intervals. In this stimulus sound, the silent interval between impulses is longer at lower speeds. 

For example, the silent interval is 256 ms at a movement speed of 1.8°/s. At the highest speed, the 

silent interval is 2 ms. Even at the highest speed, there is a silent interval of 2 ms. This may have 

resulted in a larger MAMA than in the present study at all movement speeds because the stimulus 

sounds were heard intermittently. In addition, while Saberi et al. reported a tendency for MAMA to 

deviate from the MAA and increase with decreasing speed under conditions slower than 1.8°/s, the 

mean MAMA in the present study remained virtually unchanged at movement speeds of 0.9 ~ 10°/s. 

Furthermore, in a preliminary experiment, MAMAs were measured at 0.3 and 0.75 °/s, but these values 

were also about 1° and did not deviate from the MAA values due to white noise. It is possible that the 

pulse train used by Saberi and colleagues measured a larger MAMA because the lower the speed, the 

longer the silent interval included in the stimulus sound.  

Another possible reason for the difference in trend from the results of Saberi et al. could be the 

influence of the criteria used to determine the direction of movement. Multiple loudspeakers were 

used in this study and in the measurements by Saberi et al. In the case of this sound presentation 

method, it is possible that the direction of movement could be judged by perceiving differences in the 

tones of the loudspeakers. Saberi et al. countered this by randomly selecting a starting point from the 

10 loudspeakers at the center of the array for each moving sound presentation. Therefore, the starting 

point varied within ±2.3° in azimuth from the center of the loudspeaker array. In other words, the 

moving sound may not have crossed the midplane when the sound travel distance was less than 2.3° 

in the Saberi et al. measurement. Therefore, the direction of travel of the moving sound and the 

endpoint position of the moving sound relative to the midplane did not necessarily coincide. On the 

other hand, in the present study, it was confirmed that the difference in the frequency response of each 

loudspeaker was small, and the starting point of the moving sound was always the center of the 

loudspeaker array at an azimuth angle of 0°. Therefore, since the experimental conditions allowed 

responses based on whether the endpoint of the stimulus sound moved to the right or left relative to 

the midplane, it is possible that at low speeds, the endpoint position was judged to be right or left. 

This may have resulted in the similarity between MAMA and MAA in this measurement. It is  also 

possible that the MAMA did not match the MAA and was larger under the Saberi et al. condition, 



 

 

where the endpoint position could not be determined at low speeds.  

Another study by Grantham (8) reported the relationship between stimulus sound duration and 

MAMA. In this study, MAMA in the same frontal direction was measured with a tone at 500 Hz. The 

measurement procedure differed from the present study in that the participants were asked to listen to 

a set of sounds moving from left to right and a set of stationary sounds and to answer which one 

sounded more like a moving sound. The measured movement speeds were 22, 45, 90, 180, and 360°/s. 

The obtained MAMAs ranged from 5° to 25° for velocity conditions that, when converted to duration, 

ranged from 100 ms to 150 ms or less, and the MAMAs increased rapidly when compared to velocity 

conditions below that. Converting the mean MAMA values in this experiment into stimulus sound 

durations, they are 1370, 671.5, 323.3, 151.4, 77.13, 40.08, 22.27, and 13.68 ms, respectively, from 

the slowest to the fastest speed. Therefore, the duration of the stimulus sound may have influenced 

the increase in MAMA at travel speeds above 22°/s, which was well below 150 ms. Therefore, the 

present measurement results may include the effect of duration as well as the effect of velocity. 

CONCLUSIONS 

In this study, MAMA in the frontal direction due to broadband noise was measured at eight 

movement speeds. The resulting MAMA averaged 1.2° at 0.9°/s, with a clear increase above 112°/s 

over the MAMA below 4.5°/s, and an average of 3.4° at 250°/s. These results confirm that MAMA 

measured with continuous broadband noise is smaller than that measured with pure  tones or 

intermittent broadband noise and that MAMA increases with increased movement speed. However, it 

remains future work to confirm whether differences in the endpoint position of the stimulus sound 

and the duration of the stimulus at high speeds affect MAMA.  
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ABSTRACT 

To clarify the factors that cause a sound image to be spatially split by interaural differences, experiments 

were conducted using two pink noises of the same timbre with several frequency-band-limited stimuli, and 

the detection limits of the sound image spatially split by the presence of both interaural time difference (ITD) 

and interaural level difference (ILD) were investigated. The listener’s Head-Related Impulse Response was 

used to synthesize a binaural signal allowing simultaneous control of ITD and ILD. The results showed that 

the detection limit angles matched so long as the frequency band below 1 kHz was included. The ITD at the 

splitting angle matched when the primarily ITD-related frequency band was included, while, in contrast, ILD 

did not match across conditions, and the splitting angle was larger if only the primarily ILD-related frequency 

band was included. Therefore, ITD and ILD both produce spatially split sound images, but when they interact, 

the angle required for spatial splitting is greater for ILD than for ITD, suggesting that ILD acts as an inhibitor 

of spatial splitting. 

 

Keywords: Spatially splitting sound, Interaural time difference, Interaural level difference, Binaural 

1. INTRODUCTION 

It is well known that humans easily perceive sounds when their attention is focused on the target 

sound, even in noisy and crowded surroundings. This ability is known as the cocktail party effect (1, 

2). Previous research has investigated the effects of various cues, such as the sound direction, timbre, 

temporal structure, and listener’s attention, on this process. However, it is not clear which cues play 

what role in producing this effect. 

Some researchers have reported that directional differences are particularly important for the 

cocktail party effect. It is well known that the interaural time difference (ITD) and interaural level 

difference (ILD) are particularly horizontal cues for the directional localization of sound images (3). 

Signal sounds are easy to hear if the signal and masker have different interaural cues or are spatially 

split. These are also called binaural masking level difference (4) and spatial release from masking (5-

7). However, in these studies, stimuli with different timbre, such as voice and random noise, were 

used for the signal and masker sound pairs. In other words, these studies are affected not only by 

directional cues but also by timbre cues. To clarify the effect of the directional cues independently on 

the cocktail party effect, it is necessary to avoid the influence of t imbre cues. 

We focused on whether the sound images of the two stimulus sounds could be spatially split using 

only directional cues while having the same timbre. Then, two white noises of the same timbre were 

perceived as two spatially split sound images in the head by either ITD or ILD (8, 9).  Therefore, the 

spatial splitting of two noises of the same timbre with several frequency-band-limited stimuli was 

investigated. The results showed that spatial splitting by ITD was not affected by frequencies above 

1 kHz if frequency components below 1 kHz were included, while spatial splitting by ILD occurred 

more easily with a wider frequency bandwidth even if the frequency range included components below 
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1 kHz (10). Moreover, the spatial splitting in which ITD and ILD act simultaneously was investigated 

using two directional binaural sounds synthesized by filtering broad-band noise with the listener’s 

head-related impulse response (HRIR). As a result, the ITD values at angles where the spatial splitting 

occurred on the front and back sides were similar, while the ILD values were different  (11). Therefore, 

ITD was considered to be the main contributor to the sound image spatial splitting by directional cues. 

However, it is not clear whether the spatial splitting of sound images in which ITD and ILD act 

simultaneously is affected by the frequency bandwidth of the stimulus sounds.  

In this paper, we clarify the factors that cause a sound image to be spatially split by interaural 

differences. In particular, experiments were conducted using two pink noises of the same timbre with 

several frequency-band-limited stimuli, and the detection limits of the sound image spatially split by 

the presence of both interaural time difference (ITD) and interaural level difference (ILD) were 

investigated. 

2. METHODS 

2.1 Listeners 

Four male listeners from 23 to 35 years of age participated in the experiment. The minimum audible 

threshold of each listener was measured, and all had normal hearing from 125 Hz to 12 kHz.  

2.2 Stimuli 

Two uncorrelated pink noise sources (PN1and PN2) were passed through two different bandpass 

filters (Low:0.25–1 kHz, High:2–8 kHz). In the human auditory system, ITD is calculated mainly 

from low-frequency components below 1.5 kHz, and ILD is calculated mainly from high-frequency 

components above 1.5 kHz (4). Therefore, it is assumed that PN1 and PN2 through the filter Low 

would cause sound image spatial splitting mainly due to ITD, while PN1 and PN2 through the filter 

High would cause sound image spatial splitting mainly due to ILD.  

The stimulus sounds were made by convolving these bandpass noises with the listener’s own HRIR. 

HRIRs were measured using the direct method in an anechoic chamber at the Research Institute of 

Electrical Communication of Tohoku University (12). HRIRs were measured at 5-degree intervals on 

a 1.5 m circumference in the horizontal plane and with a sampling frequency of 48 kHz, but were 

upsampled to 192 kHz to increase the temporal resolution and interpolated to 1-degree intervals (13). 

The sound pressure level of the stimulus sounds convolved with the HRIR at horizontal angle 0 

degrees (i.e., at front) was normalized to be 70 dB for each listener. 

2.3 Conditions 

Experiments were conducted in the front condition (F), where the HRIR convolution begins at the 

front, and in the back condition (B), where the HRIR convolution begins at the back. In each condition, 

the listener perceived left and right split sound images in front or back of the head, as shown in Fig. 

1. The combination of ITD and ILD in the binaural signal is different for front and back. 

The listeners experimented with F-Low and F-High in the front condition and B-Low and B-High 

in the back condition, respectively, using two types of filters. 

 

 

 

Figure 1 – Sound images spatially split 



 

 

2.4 System 

Figure 2 shows the experimental system, which consisted of a Windows-based personal computer 

(PC), digital-to-analog converters (DACs) (RME. Fireface UCX), a headphone amplifier (audio-

technica, AT-HA21), and headphones (Sennheiser, HDA 200). The sampling frequency of the DACs 

was 192 kHz. The experiment was carried out in a soundproof chamber. The background A-weighted 

sound pressure level of the room was less than 16 dB. 

2.5 Procedure 

The experiment was conducted using the adjustment method, in which the listeners control the 

angle of HRIRs that were convolved with the bandpass noise. The angle of the HRIR is switched ±1 

degree when the listener scrolls up or down 1 notch of the mouse wheel. 

The listeners were free to adjust the angle of the HRIRs and responded when the sound images 

were spatially split. The initial values of the horizontal angle of the HRIR were 0 degrees and 180 

degrees for the front and back condition respectively. Ten responses were obtained from each 

condition, with the first to fifth as practice trials and the sixth to tenth as the main experiment. 

 

  

Figure 2 – Experimental system 

3. RESULTS 

3.1 Experimental results 

Figure 3 shows the mean and standard deviation of the angular difference between the two HRIRs 

at the detection limit of the sound image spatial splitting (𝐷𝐿𝜃) for each bandpass noise in the front 

and back conditions. In the Low condition, 𝐷𝐿𝜃 of both F-Low and B-Low were similar below 40 

degrees, but in the High condition, the 𝐷𝐿𝜃 differed between F-High and B-High at around 60 degrees 

and 70 degrees respectively. In addition, the 𝐷𝐿𝜃 was smaller in the Low condition than in the High 

condition. 

The results of a two-factor analysis of variance showed that there were significant differences in 

the front/back condition [F(1,76) = 6.92, p < 0.05] and the type of bandpass noise [F(1,76) = 72.32, 

p < 0.001], while there was no interaction between the front/back condition and the type of bandpass 

noise. 

3.2 Comparison with a previous study 

In the previous study (11), a wide passband filter (Wide:0.25–8 kHz) was used and the same four 

listeners as in this experiment participated in the front and back conditions. F-Wide and B-Wide in 

Fig. 3 show the results of this previous study.  

A two-factor analysis of variance for the front/back condition and the type of bandpass noise, in 

addition to the previous study, showed significant differences between front/back [F(1,114) = 10.1, p 
< 0.05] and the type of bandpass noise [F(2,114) = 52.5, p < 0.001], and there was no interaction 

between front/back and the type of bandpass noise. Furthermore, post hoc analysis using Tukey’s HSD 
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for the type of bandpass noise showed significant differences between High and the other conditions 

(Low: p <0.001, Wide: p < 0.001), and no significant difference between Low and Wide conditions (p 

= 0.8401). 

The differences in ITD (𝐷𝐿𝜃
𝐼𝑇𝐷) and ILD (𝐷𝐿𝜃

𝐼𝐿𝐷) were calculated between the two stimulus sounds 

convolved with HRIRs at the angle when the sound image was spatially split. Figure 4 shows the mean 

and standard deviation of 𝐷𝐿𝜃
𝐼𝑇𝐷 and 𝐷𝐿𝜃

𝐼𝐿𝐷 for each condition. ITD-condition and ILD-condition 

denote the mean difference in ITD or ILD of the spatially split sound images in the ITD- or ILD-only 

condition in the previous study (10) for the same four listeners in this experiment.  

The results of a one-factor analysis of variance for 𝐷𝐿𝜃
𝐼𝑇𝐷  showed that there was a significant 

difference between conditions [F(6,133) = 10.52, p < 0.001]. Post hoc analysis using Tukey’s HSD of 

the result, revealed that 𝐷𝐿𝜃
𝐼𝑇𝐷 of B-High was significantly longer than that for all other conditions 

except F-High (p < 0.001), and 𝐷𝐿𝜃
𝐼𝑇𝐷 of F-High was significantly longer than that for F-Wide (p < 

0.001), B-Wide (p < 0.05), and ITD-condition (p < 0.05). 

The results of a one-factor analysis of variance for 𝐷𝐿𝜃
𝐼𝐿𝐷 showed that there was a significant 

difference between conditions [F(6,133) = 43.08, p < 0.001]. Post hoc analysis using Tukey’s HSD 

showed that 𝐷𝐿𝜃
𝐼𝐿𝐷 values were significantly different among many combinations, and only F-High 

was not significantly different from ILD-condition. 

 

 

Figure 3 – Experimental result 

 

 

Figure 4 – Comparison in difference of ITD and ILD with the previous study (10, 11) 
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4. DISCUSSION 

There was no difference in 𝐷𝐿𝜃 between the front and back conditions, whether comparing only 

the Low and High conditions, or with the addition of the Wide bandpass noise. Therefore, the sound 

image spatial splitting is not considered to be directly due to 𝐷𝐿𝜃. In addition, there was no difference 

in 𝐷𝐿𝜃  between Low and Wide conditions, while there was a difference in 𝐷𝐿𝜃  between those 

conditions and the High condition. This suggests that when the stimulus sound is broadband, the sound 

image is spatially split by the low-frequency components. Only the 𝐷𝐿𝜃 of the High condition is 

large, suggesting that the sound image spatial splitting occurs more smoothly under conditions where 

ITD is more accessible as a cue. 

The 𝐷𝐿𝜃
𝐼𝑇𝐷 for each condition do not differ among the two Low and the two Wide conditions, and 

they do not differ from the ITD condition either. On the other hand, High conditions often diff er from 

the other conditions, and B-High differs from all conditions except F-High. These can be attributed to 

the reason that, in all but the High condition, there are low frequency components from 0.25 to 1 kHz, 

which allows the use of ITD cues calculated mainly from 1.5 kHz and below. 

The 𝐷𝐿𝜃
𝐼𝐿𝐷 for each condition differed between F-High and B-High and between F-Wide and B-

Wide. The only condition that did not differ from ILD condition was F-High. Differences were also 

found between conditions that contained only high frequency components from 2 to 8 kHz, where ITD 

cues were not available, and where ILD cues were dominant. Therefore, it is possible that cues other 

than ILD, such as ITD in the modulation region, are used for sound image spatial splitting, and that 

ILD acts as an inhibitor of the sound image spatial splitting. 

In summary, ITD can be considered to have a greater effect than ILD on sound image spatial 

splitting. 

5. CONCLUSIONS 

In this paper, to clarify the factors that cause a sound image to be spatially split by interaural 

differences, the detection limits of the sound image spatially split by the presence of both interaural 

time difference (ITD) and interaural level difference (ILD) were investigated. Results showed that the 

detection limit angles matched so long as the frequency band below 1 kHz was included. The ITD at 

the splitting angle matched when the primarily ITD-related frequency band was included, while, in 

contrast, ILD did not match across conditions, and the splitting angle was larger if only the primarily 

ILD-related frequency band was included. 
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Joint modeling confirms pupil dilation as neurophysiological marker of

Bayesian spatial inference in dynamic auditory environments

Roberto BARUMERLI1; David MEJIER1; Robert BAUMGARTNER1
1 Acoustic Research Institute, Austrian Academy of Sciences, Austria

ABSTRACTBayesian inference has been used successfully to explain how listeners integrate prior information withsensory observations to stabilize perception in dynamic and noisy environments. The arousal system mayplay a notable role in modulating the relevance and reliability of priors. This suggestion was based onobserved correlations between pupil dilation measures and latent variables of an ideal observer model in anauditory localization task with audiovisual priors. However, it is unclear how the sequential fitting tobehavioral and then physiological data may have compromised the results. Here, we propose a refinedBayesian observer model that simultaneously predicts behavioral responses and pupil size measures byexplicitly defining an interpretable linking function between model variables and physiological outcomes.Our results not only indicated improved behavioral fits but, more importantly, the joint modeling approachwas able to confirm and quantify the relationship between Bayesian perceptual processes and the arousalsystem as reflected by pupillometry. In general, our findings aim to demonstrate how integrating behavioraldata and neurophysiological measurements in a single-model approach can aid our understanding ofauditory perception.
Keywords: spatial hearing, perceptual decision making, predictive processing, Bayesian inference, arousal,probabilistic approach
1 INTRODUCTIONWe live in a dynamic noisy environment that we perceive as stable and continuous. Stableperception can be achieved by accumulating evidence over time to form reliable beliefs about theenvironment. Bayesian models of perceptual decision making have proven very successful inexplaining how the human brain forms such beliefs and combines them as priors with new sensoryevidence in a statistically optimal fashion (1). Importantly, this optimality also implies theconsideration of potential changes in the environment and an according update of prior beliefs.Previous work suggests that the arousal system plays a crucial role in triggering such beliefupdates (2). This has been shown by measuring pupillometry in human listeners tasked to localizespatially volatile sequences. Baseline pupil size correlated with the prior reliability (belief certainty)estimated by a Bayesian observer model, and evoked pupil size correlated with the model’s estimateof prior relevance (posterior probability of no change point) as well as the listener’s confidencerating. These results were obtained by first estimating parameters of the Bayesian observer modelaccording to listeners’ individual responses and then regressing the model estimates against thepupil measures. Hence, the fitting of model parameters, coming from both the Bayesian model andthe linear regressions, was strictly sequential and may have introduced biases in the results.To overcome this limitation, we here aim at a joint modeling approach able to link behavioraldata to pupillometry data via a probabilistic solution (3).
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A) B)

Figure 1: A) Regression coefficients for the selected latent variables used as predictors forpupil baseline and evoked response. Each tile reports the values computed from thesequential (left) and joint (right) approaches with box-plots plotted by aggregating oversubjects. Asterisks show statistical difference from zero at a group level (p-value < .05). B)Log-Likelihood differences between sequential and joint fitting procedures for parametersestimation of both behavioral model and linking functions (a positive value indicates animprovements in the joint approach). Bars are the standard error on the estimation and thered color reports a significant difference between joint and sequential models over differentestimations.

2 METHODS and RESULTSIn this work, we re-analyze the data from Krishnamurthy, Nassar et al. (1), which containsbehavioral direction estimations and pupillometry of 29 subjects asked to indicate the final directionof a stochastic sequence of sounds presented from the frontal horizontal plane. To predict thebehavioral responses, we refined the Bayesian model proposed by Nassar et al. (4) and introducedindividual fitting parameters reflecting sensory noise, predictive noise, overall biases and noise inthe responses, and the inferred hazard rate of spatial change points occurring throughout thesequence. For each subject and each trial, we let the model compute three latent variables: priorentropy (as a measure of prior reliability), surprisal (related to prior relevance), and posteriorentropy (indicating confidence). These quantities are hypothesized to predict pupillometricresponses of the arousal system (1). Similarly to the original work, we first performed a sequentialfitting procedure regressing the latent variables against baseline and evoked pupil diameters. Wethen proceeded to jointly fit the behavioral model with those linear regressions between latentvariables and pupillometry markers by maximizing the sum of the log-likelihoods.Results of the fitted values are reported in Fig.1A. Our sequential analysis confirms the existenceof linear relationships between latent variables and the evoked pupil responses. However, ouranalysis fails to find a positive correlation between the pupil size at baseline and the prior entropy



probably due to a the different processing of the pupil traces.Results of the joint modelling approach confirm the results of the sequential approach at a grouplevel. Paired t-tests do not indicate significant differences between regression coefficients obtainedwith either approach. On a subject level, the log-likelihood improvement, defined as the differenceof the joint and the sequential modeling log-likelihoods, shows that 8 out of the 29 fits benefitedsignificantly from the joint approach (see Fig.1B). Surprisingly, there was also one joint fit thatturned out significantly worse than the sequential fit, which indicates difficulties of fittingconvergence for this comparably noisy data set.
3 CONCLUSIONSLinking neurophysiological features with behavioral observations through computational modelsis a promising approach to better understand the underlying mechanisms. However, theseheterogeneous data sources are rarely integrated into the parameter estimation simultaneously. Ourpresent findings show that a joint modeling approach can substantially improve the model fits,especially on a subject level, and thus confirms the theoretical benefits of this approach.
ACKNOWLEDGEMENTSWe are thankful to Joshua I. Gold for sharing the original data. This work was supported by theAustrian Science Fund (FWF) within the project Dynamates (grant number: ZK66).
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Towards a general probabilistic framework to predict human soundlocalization
Roberto BARUMERLI1; Piotr MAJDAK1

1 Acoustic Research Institute, Austrian Academy of Sciences, Austria
ABSTRACTOur hearing system plays a significant role in understanding the space around us. Such a process is theresult of the dynamic interaction between the listener and the environment. Yet, predicting how our hearingsystem drives space perception is still an open problem. In this work, we explore the possibility ofemploying Bayesian models as a quantitative method to predict human behavior in acoustic environments.We describe how perceptually relevant features can be used to estimate spatial quantities from the acousticspace (e.g., directional sound location). We further describe how the spatial information transmitted bysuch cues can be mapped to predict individual behavior in tasks related to spatial hearing. As result, wepropose a unified probabilistic framework potentially able to integrate outcomes from various perceptualexperiments to develop functional models of space perception. As a proof of concept, we show how toaccommodate an already existing auditory model for the sound localization task in the proposedframework, discussing its advantages and its limits.
Keywords: sound localization, auditory model, space perception, Bayesian model
1 INTRODUCTIONIn the psycho-acoustic field, human ability to perceive space with the hearing system is usuallyrepresented by computational models (1). These models mimic the auditory pathway with a pipelineof processing components (2) and they allow to test quantitative hypotheses such as analyze whichspatial cue can best predict elevation perception (3). However, developing a model from scratchrequires to define the interactions between deterministic components (e.g. computation of the spatialcues) and intrinsic uncertanties of the hearing process (e.g. internal noises).A similar scenario can be identified in the cognitive sciences field where cumulative evidencesupports the hypothesis that brain mechanisms can be modeled as inference processes implementingthe Bayes’ law (4). Importantly, this field has demonstrated how probability theory can extendsignal detection theory and be an effective tool to test mechanisms thought to happen in the brainwhile taking into account the uncertainty inherited in the subject’s data.In this work, we introduce a software framework to develop auditory models leveraging thetheory of Bayesian models of perception. Particularly, we show a first case study focusing on amodel for the prediction of human behavior in the sound-source localization task.
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2 THE FRAMEWORKIn order to develop auditory models as probabilistic models, we follow the architecture ofBayesian models of perception (4). These models hypothesize that the human brain infers the stateof the world according to the Bayes’ law. Following this theory, we identify four components withinthe structure shown in Fig. 1. In the following we introduce these components, describing theirapplication to an auditory model of perceived direction (5).The first component defines the generative model which describes how the sensory evidence isproduced given a potential state of the environment. Within the task of sound source localization,the environmental state is identified by the source location and the sensory evidence by noisy spatialcues generated by the auditory periphery processing the binaural stream. Then, the Bayesianinference block hypothesizes the brain ability to estimate the actual state of the environment giventhe sensory evidence combined with an a-priori assumptions. When localizing a sound source, thestate is linked with the evidence in a learned mapping between source directions and spatial cues(6). The interaction of these two first components – generative model and the Bayesian inference –is combined into the third component: the inference model. This model might consider a one-shotevaluation of the world like estimating the sound source position as in (5) or a dynamic interactionbetween subject and environment such as involuntary head movements to solve front-backconfusions (7). Finally, the fourth element considers the response mechanism which transform theperceived direction available to the brain to an actual response as a real subject would point towardsthe estimated position of the sound source.Following this organization, we defined a code scaffolding leveraging the model architecture andimplemented it as a proof of concept in the Auditory Modeling Toolbox (8). The structure is shownin Table 1 and it can be easily extended to predict behavior in the estimation of other spatialquantities, e.g. sound externalization.This structure provides two levels of code abstraction targeting two profiles of hearingscientists: model’s developers seeking to write a model from scratch or to improve an alreadyexisting model and users interested in adopting an already existing model. Such a categorizationmight help in adapting other auditory models based on probabilistic approaches.
3 CONCLUSIONSIn this work, we introduced a framework for auditory models based on Bayesian inference. Wedescribed its general structure, with a sound-localization model as an example, and provide a codescaffolding for the integration of future models. The implementation of the framework is underdevelopment and available in the code repository branch barumerli2023framework of the AuditoryModelling Toolbox (8).
ACKNOWLEDGEMENTSThis work was supported by the European Union (EU) within the project SONICOM (grantnumber: 101017743, RIA action of Horizon 2020).

Figure 1: Framework structure implementing Bayesian inference.



Table 1: Code scaffolding for an auditory model organized as a Bayesian model.
File name Functionality Target group
author2022_generativemodel.m Generative model Developer
author2022_inference.m Bayesian Inference Developer
author2022.m Inference model and responsemechanism Developer
exp_author20xx.m Data analysis User and Developer
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Comparing individual perception of timbre and reverberance 
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ABSTRACT 
Room reverberation alters the spatial impression and timbre of a sound by modulating its spectral and 
temporal characteristics. Thus, we argue that, on a perceptual level, reverberation basically breaks down into 
interaural differences and spectro-temporal cues and that the separation of a perceived timbre into a sound 
source and a surrounding room is a purely cognitive process. To investigate the connection between the 
perception of reverberation cues and timbre analysis, the sensitivity for changes in reverberation was 
compared to timbre perception abilities. The Timbre Perception Test was used to measure the perception of 
the temporal envelope, spectral centroid, and spectral flux of artificial sounds. Sensitivity for changes in 
reverberation time was tested with a discrimination task using speech and noise with speech-alike spectral 
and temporal envelopes as source signals. Musical and acoustical expertise was assessed through the 
Goldsmiths Musical Sophistication Index and self-reports on experience with and knowledge of acoustics. 
There was a considerable correlation between timbre and reverberance perception ability, but timbre 
perception and academic experience predicted only 41% of the variance in reverberance perception. Still, 
perception abilities related to similar acoustical phenomena seem to be better indicators of listening skills 
than self-reports on acoustical or musical expertise. 
 
Keywords: Timbre, Reverberation, Sensitivity 

1. INTRODUCTION 
Timbre is probably one of the most defining features of a sound, next to loudness and pitch. 

Although the term timbre is somewhat vague and comprises several auditory attributes, one attribute 
that is usually excluded is the perceived reverberation (McAdams & Giordano, 2015). The term 
reverberation primarily refers to the physical superposition of a sound with room reflections that 
create a perceptual impression of room acoustics that comprises several factors such as the so-called 
reverberance, but also loudness amplification, brilliance, etc. (Weinzierl et al., 2018). Looking at the 
acoustical cues on which the perception of both timbre and reverberance rely, the distinction between 
the two realms cannot be clearly made. Previous research has identified the spectral centroid, temporal 
amplitude envelope, and spectral changes over time as essential constituents of timbre (McAdams & 
Giordano, 2015). Room reverberation, however, alters all of these properties by superposing 
reflections that frequency-dependently amplify both the amplitude and sustain of the sound.  

A major difference between reverberance and timbre is that the perception of reverberance is not 
only based on spectral and temporal features of a sound, but also on its spatial representation. However, 
strictly speaking, the only measurable acoustical cues unique to reverberation (as opposed to timbre 
characteristics) are interaural differences. Non-interaural localization cues, as determined by the head-
related-transfer function (HRTF) are spectral changes that the auditory system associates with certain 
incident directions and would otherwise probably be interpreted as timbre changes. This means that 
any separation of reverberance from timbre based on non-interaural cues – for example when 
reverberance is recognized in monophonic recordings – would be a purely cognitive process that relies 
on previously acquired mental representations of both the sound source’s timbre and reverberance.  

Thus, we hypothesized that the ability to detect changes in the acoustical characteristics relevant 
for either of the two realms, would be at least to some degree determined by the same sensitivity for 
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spectro-temporal cues. Furthermore, we assumed that it would be more difficult to attribute the 
perceived acoustical changes to either the room’s reverberance or the source’s timbre in cases of 
unfamiliar sound sources with unknown timbre properties compared to familiar sources?. 

2. METHODS 
The individual perception abilities for timbre and reverberance were compared in a laboratory study 
with 30 participants (14 female, 16 male) between 19 and 60 years old (M: 33.1 years, SD: 11.7 years). 
Because distinguishing reverberance from source timbre relies on the comparison of a sound with 
mental representations of both realms, the impacts on familiarity with the source on the one hand and 
general acoustical and musical expertise, on the other hand, were also tested. The experiment took 
place in an acoustically optimized room, and the stimuli were presented via electrostatic headphones. 
 

Timbre perception was assessed by means of the Timbre Perception Test (TPT) by Lee and 
Müllensiefen (2020). The test measures the ability to adjust the spectral centroid, temporal envelope, 
and temporal flux to match a given target sound. Participants were presented a target sound as well as 
a second sound for which they could change one of the three mentioned acoustical characteristics with 
a slider. The task was to use the slider to adjust the second sound to sound exactly like the target. 

To test the individual reverberance perception, a discrimination task for changes in reverberation 
time that has been previously used by von Berg et al. (2021) was adapted to follow the same paradigm 
as the TPT. Again, two sounds and a slider were presented. Both sounds had the same source signal, 
but one had a static (target) reverberation time and the other one’s reverberation time could be adjusted 
by moving the slider. This was realized by rendering 26 binaural room impulse responses with 
increasing reverberation times in RAVEN (Schröder & Vorländer, 2011). At each slider position, a 
different room response was applied to the source signal so that the reverberation time increased along 
the slider.  

This does not necessarily mean that were was an equal increase in the perceived reverberance, 
since reverberation time is not an ideal predictor for reverberance (Lee et al., 2010). However, also 
the more favored early decay time (Soulodre & Bradley, 1995) and  strength, clarity and IACC 
according to ISO 3382-1 (2009) changed monotonously in the simulated room responses. Thus, it was 
assumed that all perceptual qualities that were affected by the manipulation of reverberation time also 
changed monotonously along the slider range, even though there was now previous perceptual 
evaluation of the room responses.  

Six test items were created by selecting six target reverberation times with randomized ranges of 
reverberation covered by the slider. Two source signals were used for each of the six items to test 
whether familiarity with the sound source would make it easier to distinguish the added reverberation, 
leading to a total of 12 test items. The familiar source signal was an anechoic recording of an English-
speaking female voice, taken from the “Music for Archimedes” recordings by Hansen and Munch 
(1991). For the unfamiliar source signal, modulated noise was utilized to obtain a similar frequency 
spectrum and temporal envelope as the voice recording, and thus a comparable excitement of the 
virtual rooms by both signals. After the slider task, participants were asked to rate how much timbre 
and reverberance were changed by the slider on a five-point scale from “not at all” to “very much”. 

Musical expertise and activities were measured by the three subscales “active engagement”, 
“perceptual abilities” and “musical training” of the Gold-MSI (Müllensiefen et al., 2014), a 
comprehensive self-report inventory that assesses musical sophistication, expressed in various 
musical activities ranging from everyday listening behavior to formal training on an instrument. The 
three subscales comprised a total of 25 items. To inquire previous experience with acoustics, 
participants were asked to rate their involvement with acoustics as part of their academic curriculum, 
musical performances, professional or semi-professional audio recording and clinical or audiological 
activities. All questions on previous experience were answered on a five-point scale from “never” to 
“very often”. 

3. RESULTS 
The TPT results were calculated by applying a factor analysis to the bin-scored responses of the 

single items to retrieve three subscores for each of the parameters spectral centroid, temporal envelope 
and spectral flux, as well as a general timbre perception score. All four scores were transformed to a 
score between 0 and 100 (see Lee & Müllensiefen, 2020 for a detailed explanation). A similar 



 

 

procedure was applied to the results of the reverberance perception test. The responses (i.e., the 
adjusted slider positions) were converted into reverberation time differences between the selected 
sound and the target (with a value of zero representing an exact match). The distances were 
transformed into bins of approximately even size, except for the first bin containing all zero responses 
(exact matches) that occurred more often than any other response value. Bin scoring yields the 
possibility to group the responses based on a perceptual scale derived from the given response 
behavior.  

A linear mixed-effects model was calculated to test if the source signal had an impact on the 
response behavior. Interestingly, the items’ mean response error was slightly higher when voice was 
used as a signal, although the difference was not significant (p = .157). Furthermore, participants 
consistently rated the reverberance to change more along the slider (M: 4.04, SD: 1.05 on a five-point 
scale) than timbre (M: 2.06, SD: 1.02). 

Prior to the factor analysis, all items with a mean sampling accuracy below the recommended 
threshold of .60 were excluded by iteratively removing the item with the lowest MSA until all items 
exhibited an MSA above or equal to .60. The final item selection comprised 8 items – four with noise 
and four with voice as a source signal – with a KMO of .71. Internal consistency was measured in 
terms of Cronbach’s 𝛼𝛼, which was at .81, and McDonald’s 𝜔𝜔, which was at .82. A factor analysis 
with one factor was calculated representing the individual reverberance perception ability. The 
suitability of a single factor was confirmed by the Kaiser criterion and the Scree test. 

Individual factor scores were correlated with the general TPT score and the individual measures 
of musical expertise and previous experience (see Table 1). Significant correlations of reverberance 
perception ability with the TPT score (r = .61, p > .001), previous experience with acoustics as part 
of the academic curriculum (r = .42, p = .019) and the “musical training” subscale of the Gold-MSI 
(r = .36, p = .049) were observed. 

Finally, a stepwise regression model predicting reverberance perception ability was computed. 
Here, a model with the TPT score and previous academic experience as predictors yielded the best fit 
in terms of the sample-corrected Akaike information criterion (AICc). The model revealed a 
significant, positive effect of timbre perception ability on reverberance perception ability, while the 
prediction effect of academic experience was not statistically significant (p = .061). The adjusted R² 
was at .41. 

 
Table 1 – Correlation matrix of the perception abilities and reported acoustical and musical expertise 

 RPA TPT EA EM ER EC PA AE MT 

Reverberance perception ability 1.00         

TPT-score 0.61* 1.00        

Experience: academic 0.43* 0.26 1.00       

Experience: musical 0.31 0.17 0.77* 1.00      

Experience: recording 0.18 0.06 0.84* 0.74* 1.00     

Experience: clinical -0.02 -0.30 0.56* 0.52* 0.67* 1.00    

Perceptual abilities 0.33 0.35 0.48* 0.53* 0.47* 0.13 1.00   

Active engagement -0.05 0.00 0.44* 0.59* 0.66* 0.46* 0.43* 1.00  

Musical training 0.36* 0.50* 0.74* 0.75* 0.61* 0.18 0.72* 0.36 1.00 

4. DISCUSSION 
In our study, we compared the perception abilities of two elementary auditory features, timbre and 

reverberance, with musical activities, musical training and experience with acoustics. The results 
revealed a considerable correlation between both perception abilities. More concretely, a regression 
model predicting reverberance perception ability by timbre perception ability and academic 
experience with room acoustics showed a moderate amount of explained variance. The results 
therefore support the hypothesis that the perception of timbre and reverberance partially relies on the 
same sensitivity for spectro-temporal cues. Yet, there is still a lot of unshared variance between the 



 

 

two perception abilities, although results suggest that timbre perception ability is a more suitable 
predictor of reverberance perception ability than the applied self-reports on acoustical and musical 
expertise.  

 
One explanation for the unshared variance might be the participants’ internal conceptualization of 

how the slider changed the sounds in the different listening tests. In the reverberance perception test, 
the change of the slider corresponded to a natural, comprehensible change of an acoustical feature 
participants knew from their daily lives. The rating of reverberance as the dominant change between 
stimuli confirms that most participants clearly understood what acoustical feature they were adjusting. 
This might have biased stimulus comparison, because participants focused on the auditory features 
they associated with reverberance, possibly neglecting other features like, e. g., the stimuli’s loudness, 
which also increased with reverberation time. By contrast, in the TPT, where more abstract 
adjustments were applied to artificial sounds, participants probably only had a diffuse idea of how the 
slider changed timbre. Thus, they would have stronger relied on the mere audibility of differences 
between the adjusted sound and the target. Conclusively, the TPT was supposedly more difficult and 
the assessed timbre perception ability depended more on the actual sensitivity for spectro-temporal 
changes than the measured reverberance perception ability that was also affected depended on 
individual conceptualization of reverberance. 

This could also explain why the prediction of reverberance perception ability slightly improved by 
including academic experience in the model, while there was no significant correlation of academic 
experience with the TPT scores. Previous findings of von Berg et al. (2021) showed a similar 
prediction effect of knowledge on room acoustics on abilities estimated from a previous version of 
the reverberance perception test. Because participants were aware that they were adjusting the room 
reverberation, a better understanding of how reverberation alters sound was apparently beneficial. It 
should be noted, that in this sample, academic experience with acoustics and musical training were 
highly correlated, so that participants might have also benefitted from practical experience from 
playing an instrument in different acoustic surroundings.  

 
Another reason for the observed differences in timbre and reverberation perception abilities might 

the processing of and sensitivity for interaural differences. Previous research has identified individual 
differences and training effects for interaural sensitivities among different listeners (Spencer et al., 
2016), which could have created additional variance in reverberance perception, but expectably would 
not affect timbre perception. 
 

It was also hypothesized, that discrimination reverberation times would be more difficult with 
unfamiliar sound sources. In fact, the test seemed to be slightly easier, when noise was used as an 
unfamiliar source signal, although the difference was not statistically significant. Even though the 
noise was modulated to have the same overall spectrum and temporal envelope as the speech signal, 
the noise simultaneously excited the room responses at frequency bands that appeared one after 
another in the voice signal, for example when a vowel followed a consonant. Thus, in the short-time 
domain, the noise created a more broadband excitation of the room responses than the voice, possibly 
making the room responses easier to discriminate. Using artificial source signals that also keep the 
temporal order of different spectral components of speech (containing vowel- and consonant-alike 
sequences) might give more insight into the importance of source familiarity on reverberance 
perception.  

 
Despite the unshared variance in the perception abilities for timbre and reverberance, the 

experiment showed that such a test performance can be better predicted from another listening ability 
than from self-reports on a-priori-defined expertise criteria. If the perceptual abilities of a test sample 
are of interest, it might be advisable to determine these based on other listening tests that measure 
abilities related to similar acoustical phenomena rather than relying on self-reports. 
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ABSTRACT 
In order to realize three-dimensional sound image localization and acoustic VR, methods for generating head-
related transfer functions (HRTFs) for individual listeners have been actively studied. In the present paper, 
we propose a novel method that generates the individualized HRTFs for an arbitrary direction in the upper 
hemisphere using the Parametric Notch-Peak HRTF model (PNP model) for the zenith direction, which can 
continuously change the parameters of notches and peaks corresponding to individual differences in HRTFs. 
Results of the sound image localization tests showed that the individualized HRTFs provided accurate sound 
image localization in the horizontal plane and the transverse plane. In the median plane, the individualized 
HRTFs provided accurate sound image localization for the front, zenith, and rear directions, however, there 
is still room for improvement in localization accuracy for the vertical angles of 30°, 60°, and 120°. In addition, 
we have developed a toolkit that generates individualized HRTFs based on the proposed method. 
 
Keywords: Head-Related Transfer Function, Individualization, Sound Image Localization 

1. INTRODUCTION 
Methods for obtaining individualized HRTFs for an unknown listener that do not require acoustical 

measurements can be roughly divided into the following two approaches: 
(1) Select a suitable HRTF from an HRTF database. 
(2) Generate an individual HRTF from the listener’s pinna shape. 
In approach (1), the larger the database, the higher the probability that HRTFs that are suitable for 

the listener can be selected. However, the time and effort required for the selection process, such as 
listening tests, increases as the number of HRTFs included in the database increases. In order to solve 
this problem, a method by which to reduce the total number of listening tests has been studied [1-3]. 

In approach (2), two methods have been proposed for generation of the amplitude spectra of the 
individual HRTFs. One is a method that decomposes the amplitude spectrum of the HRTF into several 
principal components and synthesizes the HRTF using some of the components with weighting 
coefficients [4,5]. The weighting coefficients depend on both the listener and the direction of a sound 
source. They have been estimated based on the anthropometry of the listener’s pinnae using multiple 
regression analysis [6] or using a deep neural network [7]. However, the estimation of the weighting 
coefficients for an unknown listener has not been successful. 

Another method for HRTF individualization estimates the prominent spectral peaks and notches in 
the individual HRTFs. The minimum HRTF components, which provide approximately the same 
localization performance as the measured HRTFs, were demonstrated to be the two lowest-frequency 
notches (N1 and N2) and the two lowest-frequency peaks (P1 and P2) above 4 kHz [8,9]. 

Each notch and peak (hereinafter referred to as N/P) can be determined by three parameters: center 
frequency, level, and Q factor by using a peaking filter. Therefore, the generation of individual HRTFs 
results in the problem of how to set the N/P parameters for each listener and for each direction. 
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Of these parameters, the frequencies of the N/P for a sound source at the front direction were 
reported to be estimated based on the anthropometry of the listener’s pinnae using multiple regression 
analysis [10-12]. However, estimation of the level and Q factor has not been successful. 

In the present paper, we propose a novel method that generates the individualized HRTFs for an 
arbitrary direction in the upper hemisphere using the Parametric Notch-Peak HRTF model (PNP 
model) for the zenith direction, which can continuously change the parameters of notches and peaks 
corresponding to individual differences in HRTFs. 

2. GENERATION OF INDIVIDUALIZED HRTFS IN THE UPPER HEMISPHERE 

2.1 PNP HRTF models for the front, zenith, and rear directions 
We consider adaptation of the parameters of an HRTF, which is constructed with two notches (N1 

and N2) and two peaks (P1 and P2), to a listener. This is an optimization problem in 12 dimensions 
(three parameters multiplied by four N/Ps) and is not easy to adjust by a listener him/herself.  

In order to solve this problem, we have proposed the PNP model [13], which reduces the number 
of independent parameters, and which can change the parameters continuously to correspond to 
individual differences in HRTFs by a listener. The frequency of each N/P is expressed by regression 
equations with the N2 frequency as an independent variable. For the level and Q factor of each N/P, 
the value averaged over 20 HRTFs was used as the common constant value among listeners. 

2.2 Generation of individualized HRTF for the zenith direction 
Here, we describe the four steps for individualization of the HRTF for the zenith direction. A 

listener adjusts the N2 frequency while listening through headphones. The user interface of the PNP 
model is shown in Figure 1. 

Step 1: Use the “±500 Hz”, “±100 Hz”, or “±10 Hz” buttons or the slider to adjust the N2 frequency 
so that a sound image is localized in the zenith direction. 

Step 2: The “Move” button provides a stimulus with ITD and ILD added. Use this button to confirm 
that the sound image moves from the left side to the right side through the zenith. 

Step 3: Adjust the P1 level with the “+1 dB” and “-1 dB” buttons. For the P1 level, the following 
tendencies were observed [13]. The vertical angle of a sound image rises as the P1 level increases or 
decreases to the horizontal plane as the P1 level decreases. However, if the P1 level is lowered too 
much, a sound image is localized close to the head or inside the head. 

Step 4: The “save” button outputs the individualized HRTF information as head-related impulse 
responses (HRIRs), together with the parameters of four peaking filters. 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 1 GUI of the PNP HRTF model for the zenith direction. 

2.3 Generation of individualized HRTFs for the front and rear directions 
2.3.1 Estimation of the N2 frequencies of the front and rear directions 

In order to estimate the N2 frequencies of the front and rear directions, regression analyses were 
performed with the N2 frequency of the zenith direction as an independent variable and the N2 
frequencies of the front and rear directions as dependent variables, using HRTFs for 20 ears. The N2 
frequencies of the front and rear directions tend to increase as the N2 frequency of the zenith direction 
increases. The correlation coefficients between N2 frequency of the zenith and the front and between 

N2 

N1 

P1 P2 



 

 

N2 frequency of the zenith and the rear were 0.71 and 0.65, respectively. 
Figure 2 shows the relation between the measured and the estimated N2 frequencies of the front 

and rear directions. Broken lines denote the just noticeable differences (JNDs) of the N2 frequency. 
Here, the JND is regarded to be 0.15 octaves because the JND was reported to range from 0.1 to 0.2 
octaves [14]. The residual errors for almost of the ears were under the JND, however, the residual 
errors for one and two ears exceeded the JND for the front and rear directions, respectively. The mean 
absolute residual errors for the front and rear directions were 0.06 and 0.07 octaves, respectively. 
 
 
 
 
 
 
 
 
 
 

Figure 2 Relationship between the measured and the estimated N2 frequencies of the front and rear 

directions. Broken lines denote the JNDs of the N2 frequency. 

2.3.2 Estimation of other N/P parameters 
Frequencies of N1, P1 and P2 for the front and rear directions were estimated by PNP models for 

the front and rear directions using the N2 frequency obtained in Sec. 2.3.1. As mentioned above, for 
the level and Q factor of each N/P, the value averaged over 20 HRTFs was used as the common 
constant value among listeners. 

2.4 Generation of individualized HRTFs in the median plane 
The frequencies of N1 and N2 strongly depend on the vertical angle of the sound source (Figure 

3) [15]. The N1 frequency increases with increasing vertical angle of the sound source from the front 
direction to the above direction and then decreases toward rear direction. The N2 frequency increases 
with increasing vertical angle from the front direction to above direction, whereas the range of the 
change in frequency between the above direction and rear direction is small. On the other hand, the 
frequencies of P1 and P2 are almost constant, independent of the vertical angle. 

Based on these findings, the parameters of each N/P for the arbitrary directions in the median plane 
were obtained by interpolation using the parameters of N/Ps of the front, zenith, and rear directions 
(Figure 4). 

 
 
 
 
 
 

 
 
 
 

 
 
 

2.5 Generation of individualized HRTFs in the upper hemisphere 
Previous studies have shown that sound image localization in an arbitrary three-dimensional 

direction can be achieved by adding the interaural difference cues to the spectral cues in the median 
plane [16]. Based on these findings, the individualized HRTF for an arbitrary direction in the upper 
hemisphere were obtained by adding the interaural time difference (ITD) and the interaural level 
difference (ILD) to the individual HRTF in the median plane (Figure 5).  

Here, the question is “Why are P1 and P2, the frequencies of which are indepen-
dent of the vertical angle of a sound source, effective for median plane localiza-
tion?”. The following are possible roles that P1 and P2 play.

One possible interpretation is that the human hearing system uses P1 and P2 as
reference information to search for N1 and N2. A listener hears not the HRTFs, but
rather the ear-input signals. The ear-input signals are a convolution of the source
signal, the spatial (room) impulse response, and the HRIR (see Appendix A.2).
Furthermore, the sound pressure level of the ear-input signals varies hour to hour,
and the ear-input signals often include background noise.

For extracting N1 and N2 from such ear-input signals, P1 and P2, the frequencies
of which are independent of the vertical angle of the sound source, are considered to
provide useful reference information to detect N1 and N2 for the human hearing
system.

Another possible interpretation is that P1 and P2 emphasize N1 and N2. Fig-
ure 3.14 shows the relationship among the frequencies of N1, N2, P1, and P2 and the
levels for the vertical angles of 0! (front) and 90! (above). The white and black
circles indicate the results for 0! and 90!, respectively.

The two dashed lines indicate the maximum and minimum values of the notch
detection threshold for three subjects for the notch having a center frequency of
8 kHz and a band width of 25% of the center frequency (Moore et al. 1989). None of
the subjects could detect the notch when its level was higher than "9 dB, whereas
they could all detect the notch when its level was less than "20 dB.

For 0!, both N1 and N2 were detectable. For 90!, however, N1 was undetectable,
and N2 was detectable for some listeners and undetectable for other listeners. The
notch and the peak are located in the order of P1, P2, N1, and N2 from the lower
frequency for 90!. Therefore, for the case in which P2 is not reproduced, the contrast
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Figure 4 Schematic diagram for estimation of N/P 
frequencies of individualized HRTFs in the median plane. 
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ITDs in the front half of the horizontal plane in four directions (lateral angles α: 0, 30, 60, and 90°) 
were obtained from the measured HRIRs of 18 Japanese adult subjects. Since an approximately linear 
relationship was observed between the ITD and the lateral angle of a sound image, the ITD was 
obtained by (1). 

ITD = 0.0078α [ms]  (1) 
The ILD varies with both the incident azimuth angle and the frequency of a sound. The results of 

the experiments on the relationship between the ILD and the lateral localization for a wide-band noise 
showed that an approximately linear relationship was observed between the ILD and the lateral angle 
of a sound image [17]. Then, the ILD was obtained by (2). 

ILD = 9 × α ⁄ 90 [dB] (2) 
 
 
 
 
 
 
 
 
 
 
 
Figure 5 Sound image localization for arbitrary directions in the upper hemisphere using the individualized 

HRTFs in the median plane and interaural differences. 

3. LOCALIZATION PERFORMANCE OF INDIVIDUALIZED HRTFS 

Localization tests were carried out using the individualized HRTFs generated by the PNP model. 
The target vertical angles were seven directions (30° steps) in the right half of the horizontal plane, 
seven directions in the upper median plane, and seven directions in the upper transverse plane.  

The source signal was wideband white noise. The stimuli, which were obtained by convolution of 
the sound source and the individualized HRTFs, were presented to the subjects through free-air 
equivalent coupling to the ear headphones (beyerdynamic DT990 PRO) [18]. No compensation of the 
headphone transfer functions was performed. The mapping method was adopted as a response method. 
Two subjects participated in the sound localization tests. 

3.1 Localization in the horizontal plane 
Figure 6 shows the responded azimuth angles to the individualized HRTFs in the horizontal plane. 

For both subjects, the responses were distributed around the target azimuth angles. For subject 2, 
however, the responses distributed around 30°-120° for the target azimuth angle of 60°. 

Figure 7 shows the responded elevation angles. For subject 1, the responses were distributed 
around the target elevation angle (0°) for the target azimuth angles of 90°-180°. However, the 
responses shifted slightly upward for the target azimuth angles of 0°-60°. For subject 2, the responses 
were distributed around the target elevation angle.  
 
 
 
 
 
 
 
 
 
 

Figure 6 Responded azimuth angle to the individualized HRTFs in the horizontal plane. 
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Figure 7 Responded elevation angle to the individualized HRTFs in the horizontal plane.  

3.2 Localization in the median plane 
Figure 8 shows the responded vertical angles to the individualized HRTFs in the median plane. For 

subject 1, the responses were distributed around the target vertical angles for the target azimuth angles 
of 0°, 90°, 150°, and 180°. However, the responses tended to shift to upward for target vertical angles 
of 30° and 60°. For subject 2, the responses were distributed around the target vertical angles for the 
target azimuth angles of 0°, 90°, and 180°. However, the responses were widely distributed for the 
target vertical angles of 30° 60°, and 120°. 
 

 

 

 

 

 

 

 

Figure 8 Responded vertical angle to the individualized HRTFs in the median plane.  

3.3 Localization in the transverse plane 
Figure 9 shows the responded lateral angles to the individualized HRTFs in the transverse plane. 

For both subjects, the responses distributed around the target lateral angles. For subject 2, however, 
the responses shifted to the median plane for the target lateral angle of -60°. 

Figure 10 shows the responded vertical angles to the individualized HRTFs in the transverse plane. 
For both subjects, most of the responses were distributed around the target vertical angle (90°). 
 
 
 
 
 
 
 
 
 

Figure 9 Responded lateral angle to the individualized HRTFs in the transverse plane. 
 
 
 
 
 
 
 
 
 

Figure 10 Responded vertical angle to the individualized HRTFs in the transverse plane. 
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4. DISCUSSIONS 

For subject 1, the responses to the individualized HRTF for the target vertical angle of 120° in the 
median plane distributed around 30° (Figure 8(a)). Here, we discuss a possible reason for this. 

Figure 11 shows the amplitude spectra of the individualized HRTF for the vertical angle of 120° 
and the measured subjects own HRTFs for 120° and 30°. This figure indicates that the N2 frequency 
of the individualized HRTF for 120° was approximately the same as that of the measured own HRTF 
for 120°. However, the N1 frequency of the individualized HRTF for 120° did not coincide with that 
of the measured own HRTF for 120°. In fact, the N1 frequency of the individualized HRTF for 120° 
coincided with that of the measured own HRTF for 30°. This is considered to be a reason for the 
response distribution around 30° for the individualized HRTF for 120°. 

In general, N1 frequency for the vertical angle of 120° tends to be higher than that for 90°, as 
shown in Figure 3. However, the proposed individualization method did not reflect this tendency 
because the proposed method estimates the N1 frequency for 120° by linear interpolation between N1 
frequencies of 90° and 180° (Figure 4). A study for an improved method, which reflects the detail of 
the vertical angle dependence of notch frequencies, is underway. 

 
 
 

 
 
 
 
 
 
 

Figure 11 Comparison of the notch frequencies among the individualized HRTF (120°) and the measured 

subject’ own HRTFs (120° and 30°). 

5. MULTI-TRACK 3D AUDIO RENDERING TOOLKIT (orion) 

We have developed the orion 48-track 3D audio rendering toolkit, which generates individualized 
HRIRs in arbitrary directions in the upper hemisphere using the PNP HRTF model and convolves the 
individualized HRIRs with the sound source signal using MATLAB® (Figure 12).  

An outline of the rendering process is as follows: 
1) Generate the individualized HRTFs for the zenith direction using the PNP model. 
2) Obtain the regression equations of N/P parameters in the median plane as the explanation 

variable of the vertical angle, using the parameters of individualized HRTFs for the zenith direction. 
3) Set the azimuth angle ϕ and elevation angle θ, and relative sound pressure level for each sound 

source. The azimuth and elevation angles are converted into the lateral angle α and vertical angle β, 
respectively. 

4) Calculate the N/P parameters for the vertical angle of each sound source using the regression 
equations obtained in 2). The parameters are set in the peaking filter to generate the individualized 
HRIRs of the vertical angle. 

5) Add ITD and ILD to the individualized HRIRs corresponding to the lateral angle of each sound 
source. 

6) Play the sound created by convolution of each sound source and each individualized HRIR. 

6. MULTI-TRACK 3D AUDIO CONTENTS 

Multi-track 3D audio contents were created using the orion 3D rendering toolkit. Till 
Eulenspiegel's Merry Pranks by Richard Strauss was rendered. The setting of the instruments for it is 
shown in Figure13. The listener sits at the origin of the plan and elevation view. Individualized HRTFs 
for a female were prepared. Anyone can listen to the 3D rendered audio contents from the following 
URL: https://youtu.be/ZTDOhZDkek4. 
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Figure 12 GUI of the orion multi-track 3D rendering using individualized HRTFs. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 

Figure 13 Setting of the instruments for 3D rendering of Till Eulenspiegel's Merry Pranks 

by Richard Strauss. 

7. FINAL REMARKS 
In the present paper, we proposed a method that estimates the notch frequencies for the front and 

rear directions from the notch frequencies individualized in the zenith direction using the PNP HRTF 
model and generates individualized HRTFs for an arbitrary direction in the upper hemisphere. 

Results of the sound image localization tests showed that the individualized HRTFs generated by 
the PNP model provide accurate sound image localization in the horizontal plane and the transverse 
plane. In the median plane, the individualized HRTFs provide accurate sound image localization for 
the front, zenith, and rear directions, however, there is still room for improvement in localization 
accuracy for the vertical angles of 30°, 60°, and 120°. A study for an improved method, which reflects 
the detail of the vertical angle dependence of notch frequencies, is underway.  

The orion 48-track 3D audio rendering toolkit, which generates individualized HRTFs in arbitrary 
directions in the upper hemisphere using the PNP model, was developed and multi-track 3D audio 
contents were created using the orion. For trial use of the orion, contact the authors by email. 
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ABSTRACT 

Rotary switches are used in various in-vehicle devices and home appliances. It is well known that operating 

experience contributes to the overall user perception of product quality. This study examines the effect of 

sound on user perception during rotary switch operation. To this end, experiments were conducted in which 

participants were asked to evaluate their experience during switch operation corresponding to various values 

of click torque and in the presence and absence of sound. We used Japanese onomatopoeic expressions to 

evaluate the magnitude of tactile impressions—the participants rated the degree of consonance between their 

operating experience and the onomatopoeic expressions in each case on a 7-point scale. The results revealed 

that the scores of onomatopoeias conveying smooth impressions (e.g., /suru-suru/) decreased in the presence 

of sound. In contrast, the scores of onomatopoeias conveying hard impressions (e.g., kata-kata/) increased in 

the presence of sound. The difference was particularly obvious corresponding to low values of click torque. 

These conclusions are expected to contribute to the complete understanding of the effects of auditory 

feedback on the operating experience of rotary switches. 

 

Keywords: Rotary switch, auditory feedback, multi-modal perception 

1. INTRODUCTION 

Rotary switches are highly operable control elements that can be used to switch circuits easily 

merely by rotating one’s fingertips. They are used in a variety of in-vehicle devices and home 

appliances. Moreover, it is well known that operating experience affects the overall user perception 

of product quality (1, 2). This experience is affected by auditory feedback as well as tactile one during 

the switch operation. Several studies have been conducted to understand the correspondence between 

acoustic characteristics of switch operating sounds and their auditory impressions on users (3–5). 

However, few studies have focused on tactile-auditory interaction during rotary switch operation. One 

related study in tactile-auditory interaction used abrasive papers and reported that auditory feedback 

had no effect on perception under low-volume conditions (6). Moreover, another study has indicated 

that the effect of auditory feedback decreases with increasing tactile intensity (7). These observations 

indicate the need to consider the optimal balance between tactile and sound intensities in the design 

of rotary switches to enhance the operating experience of users.  

This study aims to understand tactile-auditory interactions during rotary switch operation based on 

two experiments. The first experiment compared user impressions during rotary switch operation with 
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and without auditory feedback. Using this experiment, we investigated the effect of auditory feedback 

on user perception during rotary switch operation. In the second experiment, participants were asked 

to indicate whether they found tactile or auditory stimuli more impressive during switch operation. 

Based on the results, the contribution of auditory feedback on user perception during switch operation 

was estimated corresponding to varying tactile intensities, i.e., the magnitude of the click torque. A 

series of experiments was performed to investigate tactile-auditory interaction during switch operation 

in terms of the feedback intensity of the stimuli. The study protocols of both experiments were 

approved by the Ethics Committee of Chuo University, Tokyo, Japan. The experiments were clearly 

explained to the participants, who provided informed consent before the experiment s. 

2. EXPERIMENT 1: UNDERSTANDING THE EFFECT OF AUDITORY FEEDBACK 

This section presents a subjective evaluation of user impressions during rotary switch operation. 

Participants rated their operating experience in response to combinations of tactile (click torque: 3.5–

35.0 mNm) and auditory (presented or non-presented sounds) stimuli. 

2.1 Experimental method 

2.1.1 Equipment 
A rotary switch simulator was used to simulate and control the physical characteristics of the tactile 

and auditory stimuli. The simulator included a turnable control knob (50 mm in diameter) to present 

tactile stimuli, as depicted in Figure 1, and performed the playback of auditory stimuli via a headphone. 

To simulate tactile stimuli, the simulator reproduced the click-torque profile of each angle using an 

actuator, and the auditory stimuli were programmed to be synchronized with the tactile stimuli.  

 

 

 

  

 

 

 

 

 

 

 

 

Figure 1 – Rotary switch simulator used in the experiments 

 

2.1.2 Stimuli 
In this experiment, 30 combinations of tactile and auditory stimuli were used. The details of the 

stimuli are presented below. 

Tactile stimuli: Generally, the peak value of a click torque profile (henceforth referred to as click 

torque) and the number of clicks per round (henceforth referred to as detent) are used as the physical 

characteristics corresponding to tactile impressions experienced during rotary switch operation. In 

this experiment, ten different stimuli comprising click torques with varying magnitudes between 3.5–

35.0 mNm in increments of 3.5 mNm were used. A constant detent of 30 was used for all stimuli. 

Auditory stimuli: Two conditions with different presented sounds and one condition without sound 

were used. Figure 2 depicts the frequency responses of the two stimuli used in the presented sound 

conditions. Sound H was created based on the sound recorded during rotary-switch operation. Sound 

L was created by applying a frequency filter to sound H to increase the low-range and decrease the 

high-range sound pressures. A previous study reported that the impressions of rotary switch operating 

sounds were greatly affected by differences in sharpness values (4). The sounds H (sharpness: 3.0 

acum) and L (sharpness: 1.4 acum) were selected because of their clearly different sound qualities. 

The volume of each sound was taken to be 45 dB (LAeq) corresponding to a half turn per second rotation 

rate of the control knob. 

 

Headphone 
 

Control knob 



 

 

 

Figure 2 – 1/3 octave band SPL of sound stimuli 

 

2.1.3 Evaluation words used during the experiment 
In this experiment, participants rated the consonance of their experience of operating the simulator 

with the Japanese onomatopoeic expressions listed in Table 1. The English translations, as defined by 

the onomatopoeic dictionary, are also listed (8). Japanese onomatopoeic expressions were selected to 

investigate the effect of auditory feedback on user perception of rotary switch operation for the 

following reasons. 

 The Japanese language contains a variety of onomatopoeic expressions that describe the texture 

of tactile impressions (9, 10). 

 In a previous study (11), tactile impressions of rotary switches were analyzed and the 

correspondence between the magnitude of click torque and onomatopoeic expressions was 

quantitatively determined. 

 

Table 1 – Onomatopoeic expressions used during the experiment 

Onomatopoeia Translation in English (quoted from (8)) 

/suru-suru/ A state of no resistance, low friction, and high smoothness. 

/kuru-kuru/ A state of continuous rotational motion of a lightweight object. 

/katʃi-katʃi/ A state comprising continuous strong collisions of hard and small objects, such as 

metallic objects. 

/kata-kata/ A state comprising continuous collisions of hard and lightweight objects. 

/gatʃi-gatʃi/ A state comprising continuous collisions of heavy and hard objects, such as 

metallic objects. 

/gori-gori/ A state comprising continuous collisions of heavy and hard objects or friction 

between them. 

 

2.1.4 Procedure 
Twenty-five native Japanese speakers with ages between 20 and 50, and no tactile or auditory 

abnormalities participated in the experiment. They were instructed to turn the control knob at an 

approximate rate of half a rotation per second while seated, and rate their experience of the agreement 

between each tactile impression and the selected onomatopoeic expressions on a seven-point scale 

(from “3: vehemently agree” to “-3: vehemently disagree”). Corresponding to each sound condition 

(sound H, sound L, and no sound), tactile stimuli were presented according to the following procedure. 

(1) Participants first rated all selected onomatopoeias corresponding to a click torque of 3.5 mNm. 

(2) The click torque was increased progressively in increments of 3.5 mNm till 35.0 mNm and 

the rating procedure of Step (1) was repeated corresponding to each value. 

(3) The experiment was repeated corresponding to each auditory condition (sound H, sound L, no 

sound) following steps (1) to (2). 

Participants wore headphones to listen to the presented sounds and earmuffs to simulate the 

complete absence of sound.  

2.1.5 Data analysis 
The results corresponding to each experimental condition were averaged over all participants. The 

difference between the sound conditions was investigated by analyzing pairwise comparisons 
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corresponding to each tactile stimulus using the Bonferroni method. This procedure was repeated for 

all selected onomatopoeias. 

2.2 Results and discussions 

The experimental results confirmed that the subjective scores of certain evaluation words depended 

significantly on sound presentation. In addition, the subjective scores of some evaluation words 

depended on sharpness. Details of the experimental results are presented below.  

2.2.1 Onomatopoeias with decreased subjective scores due to the presence of sound 
(/suru-suru/ and /kuru-kuru/) 

The results depicted in Figures 3(a) and 3(b) reveal that the subjective scores of /suru-suru/ and 

/kuru-kuru/ were significantly lower in the presence of sound (sound H and sound L) than in its 

absence corresponding to the 3.5 and 7.0 mNm tactile stimuli, respectively. Because both /suru-suru/ 

and /kuru-kuru/ are onomatopoeias that convey smooth and lightweight impressions, it is possible that 

the presentation of sound reduced the consonance of the tactile impression with these words in the 

user’s perception during rotary switch operation. 

In addition, no significant differences were observed between the two types of sound, Sound H and 

Sound L, except in the case of the 14 mNm tactile stimulus and the onomatopoeia, /kuru-kuru/. A 

previous study (12) on tactile-auditory interaction using abrasive papers argued that high-frequency 

attenuated sounds evoke smoothness more than high-frequency amplified sounds, which contradicts 

the results of this experiment. Therefore, we believe that sound quality may contribute minimally to 

the impression of smoothness during rotary switch operation. 

2.2.2 Onomatopoeia with increased subjective scores due to the presence of sounds 
(/kata-kata/ and /gatʃi-gatʃi/) 

Figure 3(c) reveals that the subjective scores of /kata-kata/ were significantly higher corresponding 

to tactile stimuli with click torques of 3.5 and 7.0 mNm in the presence of sound compared to that in 

the absence of sound. Moreover, the results depicted in Figure 3(d) indicate that the subjective scores 

of /gatʃi-gatʃi/ were significantly higher corresponding to a click torque of 3.5 mNm in the presence 

of sound than that in its absence. Both /kata-kata/ and /gatʃi-gatʃi/ are onomatopoeias that convey 

hardness. Therefore, it is possible that their presentation evoked hardness during rotary switch 

operation, even corresponding to low click torque stimuli of 3.5 and 7.0 mNm. 

2.2.3 Onomatopoeia with differences in subjective scores depending on sound quality 
(/katʃi-katʃi/ and /gori-gori/) 

Figure 3(e) indicates that, similar to /kata-kata/ (Figure 3(c)) and /gatʃi-gatʃi/ (Figure 3(d)), the 

subjective scores of /katʃi-katʃi/ were significantly higher corresponding to the click torque of 3.5 

mNm in the presence of sound than that in its absence. However, /katʃi-katʃi/ was characterized by 

significantly higher subjective scores in the presence of sound H than those in the presence of sound 

L or in the absence of sound, corresponding to several click torques. /katʃi-katʃi/ is an onomatopoeia 

that conveys the impression of a metallic hard object. Therefore, these results suggest that the 

presentation of sound with high sharpness values conveyed the impression of a metallic texture during 

switch operation. 

Figure 3(f) reveals that, similar to the results depicted in Figures 3(c)–3(e), the subjective scores 

of /gori-gori/ were significantly higher corresponding to the 3.5 mNm click torque in the presence of 

sound than that in its absence. Further, the subjective scores for /gori-gori/ were significantly higher 

in the presence of the sound L compared to that in the absence of sound condition corresponding to 

click torques of 7.0 and 14.0 mNm. /gori-gori/ is an onomatopoeia that conveys the impression of a 

heavy object. Therefore, these results suggest that the presentation of sounds with low sharpness 

values conveyed a heavy impression during switch operation. 

As described above, differences in sound quality were observed to affect user perception 

significantly during rotary switch operation. 

2.2.4 General discussion 
As indicated by the preceding discussion, the presentation of sounds decreased the subjective 

scores of onomatopoeias conveying smooth and light-weight impressions, e.g., /suru-suru/ and /kuru-

kuru/, and increased the subjective scores of those conveying hard and heavy impressions, e.g., /kata-

kata/, /gatʃi-gatʃi/, //katʃi-katʃi//, and /gori-gori/. This suggests that participants may have perceived 

the magnitude of the click torque to be greater in the presence of sound than in its absence.  

However, with the exception of the /kata-kata/ and /katʃi-katʃi/ onomatopoeias, most effects of 

sound were perceived corresponding to low click torques not exceeding 14.0 mNm. This suggests that  



 

 

Note: *: p < 0.05, **: p < 0.01 

 
 (a) /suru-suru/ (conveying a smooth impression) 

 
 (b) kuru-kuru/ (conveying a lightweight impression). 

 
 (c) kata-kata/ (conveying a hard impression). 

 
(d) /gatʃi-gatʃi/ (conveying a hard impression) 

 
(e) /katʃi-katʃi/ (conveying a metallic hard impression) 

 
(f) /gori-gori/ (conveying a heavy and hard impression) 

Figure 3 – Subjective scores of onomatopoeias 
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the effect of switch sounds on perception was limited to the low click torques. This can be attributed 

to the reduction in intensity of auditory impressions in terms of the operating experience of a rotary 

switch with an increase in click torque. As a result, the responses of participants at high click torques 

were primarily governed by their tactile impressions. 

3. EXPERIMENT 2: EVALUATING TACTILE AND AUDITORY CONTRIBUTIONS 

The results of Experiment 1 suggest that the influence of auditory feedback on user experience 

while operating a rotary switch is only effective corresponding to a small range of click torque. This 

was attributed to the reduction in the auditory impression of switch operation at high click torques. 

This hypothesis is verified in this section based on combined tactile-auditory stimuli corresponding 

to click torques of different magnitudes. The participants were asked "which of the tactile and the 

auditory stimuli was more impressive". Based on the participant's responses, we attempted to 

understand the degree of contribution of tactile and auditory stimuli to user perception during rotary 

switch operation quantitatively. 

3.1 Experimental method 

3.1.1 Stimuli 
The experiment was performed using the simulator described in Section 2.1.1 and combinations of 

tactile and auditory stimuli. 

Tactile stimuli: Five stimuli with click torques of different magnitudes (10.5, 15.8, 21.0, 26.3, and 

31.5 mNm) were used. A constant detent of 30 was used for all stimuli. 
Auditory stimuli: Sounds H and L, depicted in Figure 2, were used. The volume was taken to be 45 

dB (LAeq) in the case of a half-turn per second rotation rate of the simulator knob. 

3.1.2 Procedure 
Twenty-five native Japanese speakers with ages between 20 and 50 with no tactile or auditory 

abnormalities participated in the experiment. They were instructed to turn the control knob at a rate 

of half a rotation per second while seated and choose one of the five following responses: “The tactile 

stimulus was more impressive,” “The tactile stimulus was slightly more impressive,” “The two stimuli 

were identically impressive,” “The auditory stimulus was slightly more impressive,” and “The 

auditory stimulus was more impressive”. 

3.2 Results and discussion 

Figure 4 depicts the average scores assigned by the participants for each stimulus. Positive and 

negative scores indicate that the auditory and tactile stimulus were more impressive, respectively. For 

both sounds, H and L, auditory stimuli were more impressive corresponding to click torques of 10.5 

mNm. Additionally, as the click torque was increased, the tactile stimulus gradually became more 

impressive on average. These results suggest that the contribution of auditory stimuli to user 

experience during rotary switch operation was greater corresponding to low click torques, whereas 

the contribution of tactile stimuli was higher corresponding to high click torques. This conclusion 

reinforces the hypothesis stated in Section 2.2.4 that increasing the click torque decreased the scores  

 

 
Figure 4 – Average scores on the questionnaire, was the tactile or auditory stimulus more impressive? 
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of auditory stimuli during rotary switch operation. The results are also consistent with those obtained 

in previous studies on tactile-auditory interactions (7). Therefore, auditory feedback should only be 

used to influence user experience during rotary switch operating in the low click torque range where 

the influence of auditory stimulus is dominant. 

4. CONCLUSIONS 

In this paper, two experiments were conducted using a rotary switch simulator to simulate the users’ 

operating experience. The primary conclusions drawn are listed below. 

(1) The results of Experiment 1 revealed that auditory feedback affected user perception 

corresponding to low click torques. In contrast, corresponding to high click torques, auditory feedback 

exerted little effect on user experience corresponding to several of the selected onomatopoeias. 

(2) The results of Experiment 2 attributed the aforementioned phenomenon to the increase in 

relative impressiveness of tactile stimuli over auditory ones with an increase in click torque. 

These conclusions are expected to inform future design of rotary switches that wishes to influence 

user experience using tactile-auditory stimuli. However, further research is necessary to understand 

user perception during rotary switch operation completely. This study examined only the click torque 

as a parameter during rotary switch operation—the detent and sound volume were assumed to be 

constant. In future works, we intend to focus on changes in user perception induced by variation of 

these parameters.  
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ABSTRACT 
For decades, the gaming industry has pursued interactive expression by building environments on virtual 
spaces using audiovisuals. This requires a combination of so-called artistic sound design and implementation 
using advanced mathematics. In this paper, we will introduce some examples of our work over the past decade 
in creating interactive sound environments focusing mainly on "sound propagation" within video games. 
Video games which are interactive content utilizing multiple media are not only about perfect reproduction 
of the physical environment but also about setting goals for appropriate sound expression according to each 
projects and game console. Therefore, in order to share basic knowledge and concept of game developing in 
the entertainment industry field, the first half of the paper will provide an overview of operations, workflows, 
and commonly used methods of expression through sound design in the field of acoustics in the game industry, 
taking into account historical changes. In the second half of the paper, we will explain some case studies and 
future prospects of the technological developments for real-time sound propagation we have been working 
on. Directions for sound design and research and development of immersive audio in video games will also 
be discussed. 
 
Keywords: Game Audio, Interactive, Sound Propagation, Room Acoustics 

1. INTRODUCTION 
In 2020, with the arrival of Play Station 5 and Xbox Series X|S, the game industry has moved into 

the next generation. For PC games without specific hardware, there are services such as Origin (EA) 
and Epic games store (Epic Games) operated by major publishers, led by Steam (Valve Corporation), 
and the cutting edge of game expression is being developed on these platforms. In this paper, we focus 
on the audio representation in these most advanced games. In terms of video quality, 4K and HDR 
support and ray tracing are available for detailed, dynamic, and beautiful video expression, and in 
terms of spatial audio support, Play Station 5 uses Sony Interactive Entertainment's proprietary HOA-
based "Tempest 3D Audio," while the Xbox Series X|S and PC platforms use Dolby Atmos and 
Windows Sonic. Game audio creators are required to create more immersive sound for increasingly 
realistic expressions. 

1.1 Characteristics of Game Audio 
This section reviews the characteristics of game audio. Digital game is a collection of interactively 

changing content that combines gameplay and narrative expression. Sound effects are added to various 
objects in the game (player characters, enemies, environmental sounds, etc.), and sounds are played 
in response to these interactions. The music is produced using the "interactive music" method, in 
which the music develops in accordance with the interactively changing game. Narrative expression 
is also achieved through storytelling by assigning voices to the characters. In essence, game audio is 
an interactive sound expression in a virtual space, consisting of sound effects, music, and voices. In 
addition, the concept of "space" has become very important in recent years. In order for users to 
experience the game world, it is necessary to give them a sense of presence as if they were in that 
space. The size and depth of a small room, a large room, an open space, etc. are expressed by early 
reflections and late reverberations. In addition, it also includes the expression of occlusion, diffusion, 
and diffraction, such as sounds from the room next to the wall, sounds from outside the room coming 
in through openings such as windows and doors, and sounds affected by the game's changing 
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topography (e.g., room shape changes due to the loss of walls caused by an explosion). In other words, 
"space" refers to all sound propagation in the virtual space. By incorporating this spatial representation 
technology into games and combining it with immersive audio, game audio will literally be able to 
achieve the quality of the next generation. 

2. EXPRESSION TECHNIQUE BY SOUND DESIGN 

2.1 Required quality 
The quality of game audio demanded by players is considered to be the same as that of movies 

and TV dramas distributed through video streaming services. Assuming that there are not a few users 
who play games after watching a TV drama series, music, sound effects, and dialogues should be of a 
quality that users can easily transition to. Game sound designers create sound effects with appropriate 
impact, length, pitch, and volume based on their craftsmanship and experience. They use audio post-
production and music production techniques, such as recording and editing actual sounds and creating 
imaginary sounds using synthesizers and various software to create a sense of realism. In order to 
produce reverberation according to the size of the space and attenuation according to distance, it is 
necessary to construct a sound system that can produce dynamic and complex sounds. This sound 
system allows control over when, where, and how much sound is played during the game.  

2.2 Game Audio = Sound Design + Programming 
Linear media such as movies and TV dramas generally require sound effects to be created, music 
composed, dialogue edited, and delivered after a pre-mix and final mix process. Games, being 
interactive, need to be "implemented" after the individual music, sound effects and dialogues are 
created and edited. The necessary sounds for the game are subdivided and "events" are created on the 
audio middleware as the unit for playing the sounds in the game. By triggering these events, sound 
can be tied to interactions in the game. In games, the process of balancing audio, commonly known 
as mixing in films and TV dramas, is achieved by adjusting volume with distance attenuation, setting 
reverb values on audio middleware (1), ducking/switching volume sets according to the game states 
and scenarios. Furthermore, most of the sound system allows to prioritize / optimize variable numbers 
of emitter output based on the calculation of distance attenuation, preventing over-emission for a 
coherent mixing. Thus, it can be said that game audio is expressed through sound design + 
programming. 

2.3 History of methods for triggering sounds 
This section describes the historical development of methods for triggering sounds for interactions 

in games. Until around 2000, there was no audio middleware, only simple authoring tools, and 
programmers wrote code to trigger sounds. It was impossible to do anything complex, just to play one 
sound corresponding to an interaction. Around 2005-2010, audio middleware developed and became 
the method of triggering events from the interactions in games described in the previous section. This 
made it possible for sound designers to create complex sound expressions on audio middleware, such 
as layering sounds, randomly changing volume and pitch, and so on. From about five years ago to 
more recently, some methods have emerged to trigger events automatically in conjunction with 
character motions or from simple scripts or node-based tools that do not require programmers to 
trigger events from the game engine. This allows the sound designer to create different sounds for 
different game conditions. Game sound designers now need the skills to create individual sounds while 
understanding the sounds implemented in the game. Recently, for specialize in this technical work, 
some new job titles "technical sound designer" and "audio implementer" have emerged. 

2.4 About sound emitting 
This section describes how to prepare individual sounds in a game. In most cases, a mono sound 

is prepared for each interaction in the game, and the emitters are generated at the coordinates where 
the interaction occurs. Panning is determined based on the relative position of the emitter's coordinates 
and the listening point (usually the camera position), and sound is produced while being calculated in 
real time. For large explosions or the roar of a giant monster, stereo sound may be channel-based, 
regardless of the coordinate position. Similarly, multi-channel or ambisonics waveforms may be used 
to produce space-covering or environmental sounds. In this way, various channels of sound sources 
are prepared depending on the direction of the performance. 



 

 

3. PAST AND PRESENT OF ROOM ACOUSTICS IN VIDEO GAMES 

3.1 Why video games need to use room acoustics? 
The worlds of games are created by game creators for game player’s desiring full of surprising 

experiences. Recent 3D action games, not only photorealistic graphics but also sound effects are 
needed for immersive game experiences. 

About fifteen years ago, game sound designers used 5.1ch surround, by mastering channel-based 
audio techniques and simple signal processing tools, they make immersive audio experiences like 
movies.  

Nowadays, they can use 3D audio, that includes 7.1.4ch surround, up to 5th ambisonics and object-
based audio. By increasing memory size and CPU processing power, more complicated signal 
processing can be used in their tools. For example, real time raytracing and pre-calculation wave 
acoustics simulation are well known room acoustics techniques, that are used in the video games today. 
Today’s video game audio is formed by the fusion of technology and design. 

3.2 History of game consoles and changing tools for room acoustics  
The performance of game consoles has improved dramatically over time. In later 2000, sound 

designer could use only simple signal processing method, for example IIR filter, feedback delay 
network (FDN) reverb, and so on (2). The only way to express that more was to prepare the original 
waveform with a reverb sound added. Thus, at that time, they had to rely on a sensory rather than a 
theoretical approach. In later 2000 to early 2010, as advanced experimental case, there were attempts 
to use convolution reverb. IR for the reverb made by statistics approach for virtual 3D spaces (3). 

As an overlap, in early 2010, sound implementation tools began to emerge that would transform 
into the next generation. Availability of Real-time convolution was brought a major impact to the 
workflow. In the previous generation, they could only use artificial tool for describing space, but then 
some approach could be added. Some used off-the-shelf IR library, another captured those at desirable 
rooms and/or spaces in the real world. Currently, the game consoles have very powerful CPU and 
huge memory. 

3.3 Room acoustic techniques for latest game consoles 
The Contemporary game consoles have more computing power than previous generations. 

However, even those game consoles are not capable of real-time ray tracing with dense rays. Also 
using wave acoustics simulation, designers cannot use the results as those are, so it is necessary to 
convert to another simple acoustical parameters.  

Environmental assets in virtual 3D spaces such as walls, floors, ceilings and doors can be 
effectively used for realistic audio experiences. Figure 1 shows how to simplify process from those to 
voxels. Then, we simplify the shape and embed materials from textures to voxels. By using those 
results and material-absorption conversion table, sound designers can control characteristic of 
reflections, reverb, obstructions and occlusions. 

 

Figure 1 – Voxelization 
 
Figure 2 are the results of portals estimation. The portals are used for acoustics radiation from 



 

 

openings with diffractions, those increase more realistic. Raytracing is a similar geometrical method. 
Using those in real-time calculation, game player can feel positional relationship to environments. 

 

Figure 2 – Dividing spaces and portals estimation 
 
Wave acoustics simulation brings more realistic propagations as real world, but the result that 

includes many IRs require huge CPU costs and memory size. Figure 3 shows the method of reducing 
point-to-point IR by time-compress (4). This is an approach to reduce vector to scaler without losing 
directional feeling by focusing on acoustic intensity on time axis. The equation 6 is the polar 
representation of intensity. 

 

Figure 3 – Time-compress method for acoustic intensity [3] 
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4. CONCLUSIONS 
The most important feature of video games is interactivity. In terms of game audio, it is not enough 

to just trigger sounds from anything on the screen, it will be needed to change everything interactively. 
While continuing with artisanal sound design expression, natural sound changing elements of space 
such as reflections, reverberation, diffraction, obstructions and occlusion will contribute to an 
immersive game audio experience when output using a variety of immersive multi-channel techniques. 
The latest game consoles have very powerful CPU and huge memory, but we cannot process higher 
level acoustical representations in real time now. To make experiences beyond reality, minimizing real 
time processing costs and more rich pre-computing processing will be important. 
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ABSTRACT 

Green areas promote mental and physical well-being. Therefore, urban planners are increasingly providing 

solutions that include green spaces in urban environments. However, most proposals primarily consider 

visual versus acoustic aspects. This is a strong limitation since the environment is naturally perceived in a 

multisensory way and this perception changes as individuals age. To assess how sounds and age affect the 

emotional experience of urban spaces, young and elderly participants were shown combinations of four urban 

spaces (2 green parks and 2 squares) and seven sounds. For each combination, participants rated how pleasant, 

stimulating, and attractive it was and how much it made them feel calm, happy, and energetic. Results showed 

that green parks were rated more positively than squares. Traffic noise worsened evaluations of green parks, 

especially in the elderly. In addition, music improved the pleasantness of squares more in the elderly than in 

the young. Finally, while young people rated green parks more positively than squares regardless of sound, 

in the elderly the difference was sound-dependent. This supports the idea that the emotional experience of 

urban spaces depends on acoustic and visual aspects, with a greater weight of visual aspects in the young and 

acoustic aspects in the elderly. 

 

Keywords: Traffic Noise, Multisensory Urban Spaces, Aging 

1. INTRODUCTION 

The worldwide demographic change is characterized by an increase in the elderly population (1). 

Unfortunately, urban settings often do not meet the needs and demands of an ageing population. For 

example, a study by Yu and colleagues (2) showed that air and noise pollution, typical of large cities 

with high road traffic, can have severe repercussions on the health of the elderly, acting on cholesterol 

and stress levels and promoting the risk of metabolic syndrome. Considering the important impact 

that certain environmental characteristics can have on the elderly, the need to identify, among urban 

contexts, environments capable of positively acting on the psycho-physical health of this population 

becomes obvious. Therefore, one of the main challenges for the future is understanding the 

mechanisms underlying environmental perception in ageing (1).  

Several studies have shown that the presence of parks within urban contexts promotes the 

psychological well-being of the individuals (3, 4). A park is an open space of variable size 

characterized mainly by the presence of natural elements (i.e. vegetation and water) that reduce stress 

and anxiety by promoting relaxation (5). The elderly, also thanks to the greater availability of leisure 

time, are among the main users of urban parks. For this growing population, parks represent not only 

an opportunity for rehabilitation but also an important moment of socialization. In recent years, 

research has, therefore, focused on understanding how the characteristics of urban parks affect the 

well-being of people having specific needs, preferences and demands. Zhang and colleagues (6), in a 

study conducted in China, in the Huanhuaxi Urban Forest Park, administered questionnaires to two 

groups of park users of different ages: young people (20-35 years) and the elderly (60 years and older). 
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The answers showed that the elderly have a particular preference for water areas (lakes or fountains) 

while the young are attracted mainly by the presence of beautiful scenery or playgrounds. Furthermore, 

it seems that older people pay more attention to the presence of squares, pavilions and pl ants than 

younger people and prefer quieter areas with benches and not too busy or close to busy roads (7). Wen 

and colleagues (8) also observed in older people a preference for natural areas with accessible and 

well-maintained infrastructure and facilities, where the possibility of social interaction is facilitated. 

Furthermore, some studies have shown the beneficial effects that nature can have on the attentional 

abilities of the elderly. For example, Ottosson and Grahn (9) observed that the elderly who engaged 

in outdoor activities in contact with nature scored significantly higher on tests assessing direct 

attention than the elderly who engaged in indoor activities.  

Since a strong relationship between nature and individual well-being exists (10, 11), architects and 

urban planners are increasingly oriented toward proposing urban space solutions within cities that 

include naturalistic elements (12). However, an aspect often underestimated concerns the soundscape 

that certainly contributes to the characterization of the park (13). In this regard, several studies have 

shown that acoustic characteristics strongly influence a place's level of pleasantness (e.g. 14). The 

weight of acoustic environmental elements is even more important where including naturalistic  

elements is not possible or is extremely limited, for example, in densely built -up areas or suburbs 

characterized by industrial agglomerations (15). 

That is, the environment and the individual are to be investigated together, focusing precisely on 

the interaction between environmental characteristics and physical signals on the one hand (as far as 

the environment is concerned) and the perceptual/affective/cognitive reactions to these signals on the 

other hand (as far as the human being is concerned) (16-19). 

Considering the above, the present work aims to assess how sounds influence the impact that 

different categories of urban spaces have on individuals and to understand whether and how the age 

of the participants modulates this impact. To this aim, we considered two types of urban spaces: green 

parks and squares. We associated these visual scenarios with different types of sounds, including those 

related to urban road traffic or the chattering of people, as well as natural sounds and music. We then 

asked young and elderly participants to rate how positively they perceived the different audio -visual 

combinations. We expected that, in line with the literature, green parks were evaluated more positively 

than squares, especially when combined with natural sounds and music. In contrast, the presence of 

road traffic should worsen the evaluation of visual scenarios. More interestingly, this work will also 

inform us about possible differences between young and older people's perceptions of urban parks. 

 

2. METHOD 

2.1 Participants 

Fifty participants took part in the current study: 25 young participants (13 males, mean age: 24. 6, 

sd= 3.8) and 25 elderly participants (14 males; mean age: 66.5, sd= 4.8). All participants stated they 

were in good health and had a normal or corrected vision and hearing. Furthermore, they all gave their 

consent to participate in the research. The study conforms to the local Ethics Committee requirements 

of the Department of Psychology of the University of Campania “Luigi Vanvitelli” (#31/2022) and 

the 2013 Helsinki Declaration (20). 

2.2 Materials 

Visual Stimuli. Four 600x600 pixels colored images were selected from a previous work (4). Two 

images depicted green parks, and two images depicted squares. Green parks are large open green 

spaces in which the main activities are related to the contemplation of nature, walking, reading or 

even playing sports while not including sports equipment; Squares are characterized by a limited 

extent within the urban area providing temporary spaces for resting or socializing. Green parks and 

Squares also differed in their chromatic characteristics (21): images of Green parks were characterized 

by the prevalence of green, yellow, and blue colors. They showed natural elements such as trees, wide 

lawns, flourishing vegetation, water basins or fountains. In the Squares, grey and neutral colors 

prevailed as natural elements were subordinated to the architectural elements of the equipped urban 

(see Figure 1). 

 



 

 

  
Figure 1. The figure depicts an example of Green Park (on the left) and Square (on the right) used in the current study.  

 

 

Sounds. Seven different audio samples were recorded or selected from the Freesound (22) and 

IADS-E (23) databases, that is traffic noise, background chattering, piano music, violin music, birds 

singing, water flowing, horse pawing. The audio files were trimmed to be 6 seconds long. All the 

stimuli were 24-bit soundtracks with a sample rate of 44,1 kHz. All the audio samples were calibrated 

to have an A-weighted sound pressure level between 55 and 67 dB(A). The calibration was carried 

out in the test room of the SENS i-Lab, at the Department of Architecture and Industrial Design, by 

an Mk2 Binaural Head and Torso Simulator and a 2-channel sound card Symphonie. To more 

accurately characterize the sound sample used during the tests, each of them was processed via 

Artemis Suite, describing their different psychoacoustic parameters: Level, A-weighted Level, 

Loudness, Sharpness, Roughness, Fluctuation Strength. The metrics of each channel were analyzed 

according to the ISO/TS 12913-3:2019. The maximum values of the left and right channels were 

selected to have a single representative value for the A-weighted SPL (LA), Low-frequency content 

(LF=LC-LA), Noise variability (LA5-LA95), 5th percentile (N5) and average Loudness (NAvg), Loudness 

variability (N5-N95), Average Sharpness (Savg), 10th percentile of Roughness (R10) and Fluctuation 

Strength (F10). 

Audio-Visual stimuli and questionnaire. Twenty-eight audio-visual stimuli were obtained by 

combining visual and auditory stimuli. The audio-visual stimuli were assessed by means of a 6-item 

questionnaire (24). The six-item questionnaire was characterized by six adjectives, namely Pleasant, 

Attractive, Stimulating, Calm, Energetic, and Happy. Under each adjective was a 9-step scale through 

which the participants expressed their evaluation.  

 

2.3 Procedure 

The study was conducted through an online survey. Participants accessed the web-based resource 

PsyToolkit (25, 26) and assessed the 28 audio-video stimuli. Stimuli were presented randomly and 

participants rated each audio-visual stimulus on a 9-level scale according to how pleasant, attractive 

and stimulating the stimuli were (1= not at all; 9= absolutely) and how calm, happy and energetic they 

made them feel (1= not at all; 9= completely). The entire experimental session lasted approximately 

10 minutes. 

 

2.4 Data Analysis 

In order to reduce the number of variables for data analysis, the six adjectives (i.e. Pleasant, 

Attractive, Stimulating, Calm, Energetic, and Happy) were averaged for each stimulus. In this way, 

we obtained a score of how positively each audio-visual stimulus was rated. Furthermore, based on a 

previous study (4), we grouped the audio-visual stimuli according to the park category. Thus, green 

parks and squares were averaged, respectively. Finally, we averaged the stimuli characterized by 



 

 

music (i.e., piano and violin) and the stimuli characterized by natural elements (i.e., horse, birds, 

water), respectively. As a result, a total of eight variables emerged: Green Parks or Squares, each 

characterized by Traffic noise, or Conversation, or Music, or Nature sounds.   

An analysis of variance for mixed designs was conducted on two variables manipulated within 

participants, that is Urban Spaces (2 levels: Green vs Square) and Sound (4 levels: Traffic vs Music 

vs Conversation vs Nature) and a between-participants variable, that is Age (2 levels: Young vs 

Elderly) (i.e. ANOVA 2x2x4). The Tukey's test was used for post-hoc comparisons. The magnitude of 

the effects is expressed through the partial eta square (η2
p).   

 

2.5 Results 

Results showed a main effect of Urban Spaces: F(1, 48)= 72.95, p< 0.0001, η2
p= 0.60. The effect 

was due to Green parks (M= 5.91, SE= 0.15) being rated more positively than Squares (M= 4.71, SE= 

0.19). A main effect of the variable Sound also emerged: F(3, 144)= 28.00, p< 0.0001, η2
p= 0.37. The 

effect was due to Conversation (M= 4.80, SE= 0.21) and Traffic (M= 4.74, SE= 0.19) being rates more 

negatively than Nature (M= 5.95, SE= 0.16) and Music (M= 5.75, SE= 0.17) (at least p< 0.0001). Two 

two-way interaction effects emerged, that is Age x Sound (F(3, 144)= 11.70, p< 0.0001, η2
p= 0.19) 

and Urban Spaces x Sound (F(3, 144)= 5.56, p< 0.005, η2
p= 0.10). As regards the interaction Age per 

Sound results from the post-hoc analysis showed that it was due to the fact that young people valued 

Conversation sound more negatively than the sounds of Nature, while older people valued 

Conversation and Traffic more negatively than Music and the sounds of Nature (at least p< 0.05). No 

differences emerged between young and old with respect to each type of sound (see Table 1). 

 
Table 1. The Table shows the mean and standard error of young and elderly participants’ judgments about the different 

kinds of sound (i.e. nature, music, conversation, traffic)   

YOUNG 

 

ELDERLY 
 

NATURE MUSIC CONV TRAFFIC 

 

NATURE MUSIC CONV TRAFFIC 

MEAN 5.74 5.24 4.92 5.18 

 

6.13 6.23 4.66 4.33 

SE 0.22 0.25 0.29 0.27 

 

0.22 0.25 0.30 0.28 

 

 

Regarding the interaction Sound per Urban Spaces, the post-hoc results showed that green parks 

were rated more positively than squares regardless of sound. Furthermore, green parks, as well as 

squares, were rated more positively in the presence of Music and Nature sounds than Traffic and 

Conversation (at least p< 0.05) (see Table 2).  
 

Table 2. The Table shows the mean and standard error of judgments about the different kinds of sounds (i.e. nature, 

music, conversation, traffic) as a function of the kind of urban space (Green parks vs Squares)    

GREEN 

 

SQUARE 
 

NATURE MUSIC CONV TRAFFIC 

 

NATURE MUSIC CONV TRAFFIC 

MEAN 6.70 6.41 5.29 5.25 

 

5.18 5.06 4.28 4.26 

SE 0.16 0.17 0.22 0.20 

 

0.19 0.21 0.24 0.24 

 

 

The latter effect was further qualified by the interaction with the participants' age: F(3, 144)= 4.81, 

p< 0.005, η2
p= 0.09. Specifically, with regard to Green parks, the results showed that young 

participants rated them less positively in the presence of Conversation than with Music and Natural 

sounds, and less positively with Traffic than with Natural sounds. No difference emerged between 

music and traffic. The elderly rated Green parks more negatively in the presence of Traffic noise than 

all others and more negatively in the presence of Conversation than Music and Natural sounds. No 

difference emerged between music and natural sounds. Regarding the Squares, young people generally 

rated them more negatively than Green parks, regardless of the type of sound. The elderly generally 

rated Green parks more positively than Squares except when traffic noise was present in both. In fact, 

traffic noise worsened the assessment of urban spaces, and the presence of music and natural sounds 



 

 

had a positive impact also on the Squares (see Figure 2). 

 

 
Figure 2. The figure shows the average scores for each type of audio-video combination (Green Parks or Squares 

combined with conversation (conv), natural sounds (natures) music and traffic noise) according to the age of the 

participants (young vs elderly). Statistically significant differences are indicated with curly brackets.   

 

 

3. DISCUSSIONS 

The present study aimed to investigate how sound modulates the impact that visual characteristics 

of different types of urban spaces can have on individuals. In addition, we explored how the perception 

of multi-sensory (audio-video) urban spaces (i.e., green parks vs. squares) changed with ageing. The 

results showed that, in general, green parks were evaluated more positively than squares by both young 

and elderly participants. In addition, both young and elderly participants rated green parks more 

positively when nature sounds, or music were combined with them. Furthermore, while in the young, 

the greatest annoyance while watching green parks came from the chattering of people, in the elderly 

the greatest annoyance was related to traffic noise. The results on the perception of squares are even 

more interesting for the comparison between young and old. In young people, the evaluation of 

squares did not change according to the type of sound. In contrast, in the elderly, the evaluation of 

squares was highly dependent on sound. In fact, the presence of music and natural sounds increased 

the positive evaluation of the elderly compared to the presence of conversation and traffic noise.  

These results confirm some evidence in the literature and add some new elements. First, the results 

of the current study support the positive impact that green spaces versus concrete squares have on 

humans (e.g., 10, 11, 27-30). Green parks have been perceived to evoke a range of positive emotions 

compared to squares, thus supporting the idea that these parks are highly restorative. As mentioned in 

the introduction, the features and amenities of green parks and natural areas are considered an ideal 

resource for supporting human mental, emotional, and social well-being (31, 32; for a review, see 11, 

28-30, 33-35). Second, given the strong influence that sounds have had on both the evaluation of green 

parks and squares, these findings should prompt urban planners and architects to move away from a 

"visuo-centric" perspective by acquiring instead a perspective that is termed "interactional." 

According to this perspective, a relationship of mutual and reciprocal influence exists between visual 

and acoustic aspects. That is, the environment and the individual should be investigated togethe r, 

focusing precisely on the interaction between environmental features and physical cues on the one 

hand and perceptual/affective/cognitive reactions to these cues on the other (16-19). Last but not least, 

the results of the current study indicate that in the construction of urban spaces that will be enjoyed 

mainly by older people, much attention should be given to acoustic aspects. In fact, we observed how 

the presence of music or natural sounds in squares increased their positive impact on the elderly 



 

 

compared to the presence of conversation and traffic noise.  

In conclusion, the results of this study reaffirm the importance of soundscape in the qualification 

of urban spaces, especially to ensure active and “healthy” aging for the elderly population.  
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ABSTRACT 

A study was conducted to understand how psychoacoustics can play a role in music “listening”, 
particular in a small arts gallery. As the appreciation of a recorded audio of an exhibit can interfere 
with its adjacent exhibits, it is often very difficult to isolate individual exhibit’s audio display without 
extensive sound abatement or control measures especially in the low frequencies range. In our study, 
high-frequency audio is extracted and played through small speakers while its low-frequency 
component is channelled to a vibration shaker mounted beneath a standing false flooring located in 
front of the exhibit. By making use of haptics in vibrotactile and psychoacoustics, a person standing 
on the false flooring is still able to “hear” and perceive the broad frequency spectrum without losing 
much listening pleasure. The location of the shaker on the false flooring is optimised through vibration 
measurements for maximum vibrational amplitude response. 

1. INTRODUCTION 
Acoustics in an arts gallery helps to create an ambience for a holistic experience in appreciating 

the exhibits on display. However, low frequency spectrum from a recorded audio source of one exhibit 
can interfere other adjacent exhibits and lose the holistic experience of the gallery itself. Particularly 
in smaller arts galleries, if an exhibit featuring soft and quiet recorded audio is located next to another 
exhibit with a recorded full bass spectrum, the strong bass spectrum will mask over the softer and 
quieter audio exhibit experience. Visitors to the gallery will not be able to get a complete experience 
out of each of the exhibit in the arts gallery.  

For the exhibits, music recordings that contribute to the overall sound experience have to be aware 
of their recorded audio spectrum. For the bass frequencies to be heard, the audio may need to be 
played with increased amplitude. In order to isolate the audio exhibits effectively, some of the 
solutions explored include having curtains and wall partitions to enclose the low frequency spectrum 
exhibits. Another proposed solution studies the issuance of shoulder-mounted speakers for visitors or 
headphones where individuals are able to hear the exhibit’s accompanying audio. 

A study is conducted to understand how vibration can be used to reproduce only the low frequency 
spectrum of an audio track through a vibration shaker mounted beneath a false floor panel where a 
visitor stands in front of the exhibit. To reduce any masking interference from neighbouring exhibits, 
vibration is used to replace the low frequency spectrum of the sound recordings. Hence, if the high-
range frequency contents are played through small speakers and its low-frequency content separately 
through vibrations only, the full audio spectrum can almost be replicated without interfering 
neighboring exhibits in an arts gallery. By making use of haptics in vibrotactile and psychoacoustics, 
a person standing on the false flooring is able to still “hear” and perceive a complete frequency 
spectrum without losing much listening pleasure. 

2. PROTOTYPE 

2.1 Physical Set-up 

The prototype makes use of both the auditory and tactile perception to perceive a recorded music. 
We called it Ear&Tap (Exhibit Audio Reproduction and Tactile-Auditory Perception) Panel and it is a 
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floor panel that a person can stand upon. Ear&Tap Panel (ETP) makes use of the ear to perceive audio 
and vibrotactile from the panel to perceive the fullness of the sound record’s frequency spectrum.  

The floor panel of the ETP prototype is made from a specially formulated cementitious compound. 
This compound reinforces the rigidity of the panel to stand uniform load resistance (1), which helps 
to transmit vibrations throughout the panel. Four steel pedestals were used and the panel is cornered 
lock to provide the boundary conditions for the vibration excitation. Table 1 below shows the 
specifications of the floor panel.  

 

Table 1 – Floor panel specifications. 

 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
In order to ensure no tripping hazard to the person standing on the floor panel, a vibration shaker 

is installed at the underside of the floor panel. It is noticed that there are bumps and concave holes 
which does not make for a good flat surface to install the shaker. As the shaker requires a flat surface 
for vibrations to be fully transferred to the top surface where humans stand, an 8-mm flat aluminum 
plate is installed in between the floor panel and the shaker. Without knowing the best position for the 
shaker to be installed, a few mounting holes were drilled such that the shaker’s position can be easily 
changed for the positional calibration process.  

While installing the aluminum plate, another thing that was taken into consideration is the possible 
presence of vibration harmonics. When the shaker is vibrating on the aluminum plate, if the plate has 
too large an area vibrating freely without fixed boundary conditions, harmonics may be introduced. 
Hence, after careful consideration, the aluminum plate is fitted to only the areas where the shaker 
would be installed during calibration. Figure 1 shows the shaker and aluminum plate installed at the 
underside of the floor panel. 

  

 
Figure 1 – Shaker and aluminum plate installed at the underside of a floor panel. 

 

Panel System Type Corner Lock 

Weight 41 kg/m  

Concentrated Static Load 454 kg 

Ultimate Static Load 1374 kg 

Uniform Static Load 2039 kg/m  

Impact Load 68 kg 

Pedestal Floor Height 150 mm 

Pedestal Axial Load Tested 2296 kg 
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When the floor panel is upright, the shaker will be hanging underneath the aluminum plate in a 
fixed position. The shaker’s vibration is concentrated to the aluminum plate, which is held by bolts 
secured to the floor panel. This creates the fixed boundary conditions. This vibration will then transmit 
through the floor panel to the top surface where a person stands. 

The next step is to divide the frequencies of the audio track to channel the high- and mid-
frequencies to two small speakers and the low frequencies to the shaker as vibration in order to test 
the overall audio experience. The final prototype setup for the ETP will additionally consist a laptop 
to play the edited audio tracks for the preliminary tests, and an adjustable gain amplifier to amplify 
the vibrations. Figure 2 shows the final prototype setup and Figure 3 shows the setup in its schematic 
form. 

 

 

Figure 2 – Final prototype setup with audio 

speakers. 

Figure 3 – Schematic diagram of improved prototype for 

audio reproduction. 

 

2.2 Calibration 

The best position for the shaker is where it produces the highest vibration amplitude on the floor 
panel felt by a person standing on it. In order to calibrate the prototype and test for the best shaker 
position, a tonal frequency generator is used together with an adjustable amplifier, an accelerometer 
and an oscilloscope. Figure 4 shows the setup of the calibration process. 

 

  
Figure 4 – Complete experimental setup. 
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To ensure the accuracy of the accelerometer and the reliability of the prototype, a simple calibration 

exercise is also conducted where measurements are taken at different positions of the aluminum plate. 
While there is no distortion in frequency transmission from the shaker to the aluminum plate, results 
show a drop in the magnitude gain of approximately 30dB from the shaker to the floor panel, likely 
due to energy absorption of the floor panel. The best shaker position chosen should eventually be one 
where any frequency distortion and amplitude loss are the least. 

The calibration process measures 2 points. Measured points are designed to figure the amount of 
vibration lost due to the transfer of energy through the floor panel and also to check that the ball and 
heel of the feet can sense appreciable vibrations generated. Following, the experimental trials will test 
three different scenarios of the location of the shaker. For the case in scenario 1, as the two measuring 
points are the same, hence only one set of readings was measured. For the other scenarios, there will 
be two measuring points to determine the amplitude and frequency of the vibration transmitted by the 
shaker. As shown in Figure 5, the schematic diagram of the scenarios and measuring points are 
outlined, showing from the top view of the prototype.  

 

 
Figure 5 – Schematic diagram of scenarios and measuring points. 

 
According to Gu and Griffin (2), human feet can sense frequencies between 20Hz to 250Hz, with 

the heel being more sensitive to 20 and 31.5 Hz and the ball of the feet being sensitive to 63 Hz to 
250 Hz. Hence, the test will be conducted with single pure tones in the 1-1 octave, from 31.5 Hz to 
250 Hz. In total, four different frequencies (31.5 Hz, 63 Hz, 125 Hz and 250 Hz) are tested in each 
scenario and this is shown in Figures 6 to 9. The master gain value on the amplifier is fixed throughout 
all tests. 
 

  
Figure 6 – Spectral analysis of 31.5Hz pure tone in the three scenarios. 
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Figure 7 – Spectral analysis of 63Hz pure tone in the three scenarios. 

 

  
Figure 8 – Spectral analysis of 125Hz pure tone in the three scenarios. 

 

  
Figure 9 – Spectral analysis of 250Hz pure tone in the three scenarios. 

 
It can be observed that there is no significant frequency distortion from the shaker to the floor 

panel. This can be seen from the graphs where all three scenarios have a peak in magnitude gain at 
the source frequency. The 30dB loss from shaker to the three scenarios is also noticed in all cases. 
Comparing the region where the peak in amplitude occurs, Scenario 2 reads the highest amplitude for 
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magnitude gain compared to the other two scenarios across all four frequencies. Scenario 1 records 
some loss in magnitude with respect to Scenario 2 as the vibration excitation point and recording point 
are the same on the surface. Scenario 3 reads lower magnitude compared to Scenario 2 as well. From 
the figures, Scenario 1 records a slightly better amplitude when 31.5Hz is used. Scenario 3 records a 
slightly better amplitude when frequencies of 63Hz, 125Hz and 250Hz are used. Even though the loss 
is minimal between the three scenarios, it is still better to use the scenario with the least amplitude 
loss. The results suggest that the best position to have the shaker installed is as in Scenario 2.  

In terms of vibrotactile, all four frequency tones can be felt on the panel when a person is standing 
on the panel. However, it was also observed that at 31.5Hz and 250Hz tones, they seem to be more 
resoundingly felt, causing some discomfort when a person is exposed to it for a prolonged period of 
time. However, a person will not be exposed to these specific frequencies extensively only since most 
audio tracks consist of a wide frequency spectrum. Studies have shown that different body parts are 
sensitive to different frequencies of vibration, wherein if vibrations are not well controlled, they can 
cause discomfort or adverse after-effects (3). 

3. EXPERIMENT AND REPLICATION 

3.1 Audio Reproduction 

Following the calibration of the prototype, a simple test is conducted to achieve audio and tactile 
pairing. Audio from a laptop is chanelled into a set of mini speakers and the shaker separately. 
Expectedly, the mini speakers are lacking in the low frequency spectrum while the shaker lacks in the 
high frequency spectrum. The audio and vibration is recorded and the frequency spectrum is analysed 
using an audio editing software called Audacity. The frequency spectrums of the audio played through 
the speaker only, vibrations transmitted through the shaker only, and both speaker and shaker are 
shown in Figure 10, 11 and 12, respectively. 

 

Figure 10 – Frequency spectrum of speaker only. Figure 11 – Frequency spectrum of shaker only. 

Figure 12 – Frequency spectrum of the prototype (speaker and shaker). 

 
When an audio track is played to the prototype, a couple of observations can be made. Firstly, 

before stepping on the panel, the high frequency sound can be clearly perceived from the mini speakers. 
The low frequency vibration from the floor panel is not so clearly hear auditorily and can only be 
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better perceived only when the person steps on the floor panel as shown in Figure 13 and 14. Since 
the mini speakers reproduce the high-frequency range well and the shaker at low-frequency range, it 
is noticed that mid-range frequencies can also be experienced by the person standing on the floor 
panel. Hence, through the prototype, a person is still able to perceive the fullness of the audio track’s 
frequency spectrum. 

 

 
Figure 13 – Back view of a person using ETP. Figure 14 – Side view of a person using ETP. 

 

3.2 Exhibit Replication 

A side-by-side exhibit replication is done to test the music reproduction and perception using the 
prototype. Unedited music sample tracks are played through the prototype. At the same time, at 
approximately one meter away from the prototype, another music sample is played at higher volume 
through separate a pair of large speakers. This sample is played at higher volume such that the low 
frequency tones can be perceived auditorily. Standing in the middle of the two audio cross-paths, 
expectedly the higher volume music sample is masking out some of the high range tones from the 
prototype’s speakers. As the prototype is playing the low-range frequencies through the shaker, low 
frequency tones were not auditorily heard. As such, it does appear as if the prototype is not playing 
any audio. However, when a person steps up onto the prototype, the vibration immediately brings out 
the tactile sensing in the low-frequency tones. With the help of this vibration, a person is able to 
perceive the high frequency audio from the small speakers as well. This results in the perception of 
the full frequency spectrum independent from the interference of the music sample that is playing at 
higher volume. While standing on the prototype, it is also noted that the person can be focused on the 
music sample track coming from the prototype. It did not result in distractions coming from the 
neighboring audio that is playing at higher volume. 

The observations can be better understood as effects of localisation and haptics. Localisation is 
when a person is able to indicate the location of the sound source (4). When the person is standing in 
the middle of the two audio cross-paths, the audio playing at higher volume will masked out the audio 
from the prototype which is playing at about 60% of the higher volume. Hence, the person may not 
be able to localise the audio from the prototype. When the person steps onto the vibrating floor panel, 
haptics trigger his sense of touch and draw his attention to the source where vibration and 
accompanying sound are generated. Haptics perception is known as human’s natural ability to 
recognise objects through the sense of touch (5). Humans have developed a keen sense to touch when 
feeling objects in order to assure ourselves of their reality (6). Haptics, hence, increases interaction 
and engagement. When both hearing and touch senses are alerted to the same source, localisation in 
psychoacoustics will ensure that the person follows and pair both the sound and accompanying 
vibration together. This is known as absolute localisation, which is a person’s ability to judge the 
absolute position of the sound source (7). Therefore, the audio playing at higher volume at one meter 
away will not interfere with the audio perception of the person on the prototype at all. 
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4. BENEFITS 

4.1 Easy to Implement 

The ETP can be easily installed to any exhibits that require audio reproduction. The setup simply 
involves a floor panel with a shaker and the high-frequency audio source. The panel is easy to fix and 
remove depending on the needs of the exhibition space. Hence, an exhibition space can have more 
than one such panel installed. It is also possible to implement if the exhibition space already uses a 
raised floor with panel grids. When an exhibit requires music, the normal floor panel can be removed 
and replace with the ETP. When the exhibition is over, the ETP can be removed and the normal floor 
panel installed back on the grid accordingly. Since it is easy to be removed, maintenance needed on 
the ETP can be easily done when required. Wires for the shaker and amplifier can be stored under the 
floor panel making the area neat and safe for people to move around.  

4.2 Interference to Neighboring Exhibits 

As tested during the exhibit replication, the prototype ETP will result in minimal to no interference 
with the neighboring exhibits. Sound and vibration generated are generally localised to the panel. In 
an exhibition space that has raised floor with grids, the grids and pedestals will normally have rubber 
pads installed for vibration absorption, just like the original construction of the panel. These will help 
to further absorb and isolate any excess vibrations from being transmitted to neighboring panels.  

5. CONCLUSION 
The ETP makes use of more than one sensory input to perceive music. When more than one senses 

is used, audio perception is improved. While the floor panel prototype works well in transmitting 
vibration and sound, there is still room for improvement to allow for more seamless transmission of 
audio and tactile through the different exhibits in the exhibition space. Psychoacoustics and 
vibrotactile of music reproduction in exhibits will definitely reduce exhibit-to-exhibit interference. 
This will improve the general holistic experience of exhibitions and galleries. 

Combining human senses sense of hearing with the sense of touch can improve the overall audio 
perception as demonstrated in this case study. Vibration is used to generate the low-frequency range 
to improve the psychoacoustics of sound perception. By understanding how the human brain perceive 
different sensory information, vibrotactile can help to inform a deeper auditory appreciation of music. 
This can in turn help to overcome physical limitations or sound interferences where the music is 
delivered. 
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ABSTRACT
When encountering a physical object that occludes its inner structure or content, we often resort to a tried and
tested remedy: hit and listen. The resulting auditory feedback conveys information on the physical properties
of the involved objects (e.g., material and geometry) and the performed action. For the interpretation of such
auditory feedback, we need to evaluate the inverse of a physical model that describes the relationship between
object, action, and sound. As the inverse system is underdetermined, a Bayesian interpretation of probability
based on plausible combinations of physical parameters is required. Robotic perception of physical properties
might benefit from incorporating models of the underlying physical processes in conjunction with application-
specific probabilities. Here we introduce a model-based algorithm for estimating geometry and material of
rectangular plates by sound. In direct comparison with untrained human listeners, it achieves superior identi-
fication performance when judging aspect ratio and material from impact sounds. The results demonstrate the
benefit of model-based robotic perception for practical applications such as non-destructive inspection or han-
dling of hazardous waste. In addition, the proposed algorithm helps us to understand how physical information
is encoded in the sound of rectangular plates, and how it is extracted by human listeners.

Keywords: Sound in multisensory perception and interactions, Psychoacoustics

1 INTRODUCTION
In everyday life, humans are often able to distinguish and identify physical objects based on their sound. For
example, we tap on melons to estimate their degree of ripeness, or shake the coffee can to determine its
filling level. Before entering the office kitchen where our coffee can resides, we knock at the door so that
our colleagues are acoustically informed beforehand. The radiated sound caused by the interaction with solid
objects like a door is characterized by the objects’ shape, size and material properties, as well as by the type of
excitation. The distinction between sounds as well as their interpretation in our acoustic environments happens
on a daily basis, and often unconsciously. If acoustic feedback is caused by our own interaction with a physical
object, as depicted in Figure 1, we refer to it as auditory feedback.

action

object

auditory feedback

metal!?
metal!

subject

Figure 1. Interaction loop with auditory feedback (left) and schematic scenario from human to robotic acoustic
characterization of rectangular plates (right).
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The acoustic distinction and characterization of basic physical objects by humans was already investigated
in a wide range of studies (e.g., [1, 2, 3, 4, 5, 6]). In [1], participants of a listening experiment rated how well
sounds of struck cylinders conveyed that they were made of a certain material. While the participants could
clearly identify the gross material classes metal-glass and wood-plastic, separating materials within each group
was ambiguous. The inability to consistently discriminate between materials with similar longitudinal bending
wave velocity (e.g., glass and aluminum) was also found in [2] with sounds of rectangular plates, and in [3]
with real and synthesized rigid-body contact sounds.

The extraction of information about physical objects from a sound is an ability not unique to living be-
ings. By employing algorithms based on physical or machine-learning models, computers are able to conclude
on material-inherent objects properties. Fundamental work on robotic perception of materials presented in [7]
describes several strategies for acoustic characterization of physical objects; one of these being "hit and listen".
More sophisticated methods demonstrate several fields of application based on this objective. In [8] and [9],
physical-model-based computational procedures were used for material quality inspection of bars and plates.
Within the field of handling and recycling of waste, a procedure presented in [10] offers the potential to sort
waste not only by visual but also by acoustic cues. In [11], the vibrational behavior of a waste bin was moni-
tored to automatically detect its filling level.

Within this work, we introduce an algorithm for estimating the geometry and the material of rectangular
plates by sound. As visualized in Figure 1, the method is able to extract basic information from sounds of
impacted plates analogously to the human auditory system. The method is based on well-established physical
models (described, e.g., in [12]) of thin plates and builds upon available knowledge on the acoustic perception
of simple-shaped objects such as plates and bars. Furthermore, a modal synthesis model introduced in [13]
with a comprehensive damping model from [14] was used to create sounds for impacted rectangular plates of
different sizes and materials. The synthesized sounds were employed in an listening experiment to investigate
the perceptibility of these physical object properties. In this work we discuss and compare the results of the
listening experiment with the results of the robotic characterization of the proposed algorithm. The algorithm
is based deliberately on physical models rather than readily available machine learning algorithms, since we
wonder what performance a detection method of this kind is able to achieve.

2 ALGORITHMIC CHARACTERIZATION METHOD
For the developed algorithm to estimate the geometry and the material of a rectangular plate, we assume a
detection scenario as depicted in Figure 1. A situation in which a human would try to detect the properties of
a physical object by ear would consist of tapping, knocking and scratching at multiple positions while listening
to the emitted sounds of the object. In order to mimic this situation in a simplified and reproducible way, we
assume a plate sound caused by impacts of a simple mallet, recorded in the vicinity of the plate. We expect
the microphone recording s(t) of a single impact to be decomposable into

s(t) =
M

∑
m=1

Am sin(ωmt +φm)e−αmt . (1)

Each sinusoid describes a plate mode m with the angular eigenfrequency ωm = 2π fm that subsides with the
decay factor αm over time t. The underlying plate to characterize is also described by its thickness h, area
A = LxLy (with dimensions Lx and Ly in x- and y-direction, respectively), the material properties density ρ ,
Young’s modulus E, Poisson’s ratio ν and the loss factor ηm = 2αm/ω . In addition, we define the aspect
ratio of the plate with ra = min{Lx,Ly}/max{Lx,Ly} ≤ 1. In its current version, the characterization algorithm
attempts to estimate the parameters of an isotropic material.

A schematic overview of the developed method is depicted in Figure 2. The first part comprises the ex-
traction of the parameters fm and αm, which subsequently serve as basis for two procedures - a decay factor
regression to estimate a material-inherent loss factor, and a steepest descent algorithm to fit the eigenfrequen-
cies to a model plate with specific dimensions and material properties. In addition, a decay factor spectrum is
determined to calculate the critical radiation frequency fcrit . All this extracted information is then utilized to
estimate the geometry and material of a plate that fits best (in terms of the metrics of the algorithm) to the
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Figure 2. Overview of the acoustic characterization method (left) and geometric setup for synthesized plate
sounds (right).

provided plate sound. Since the inverse system is underdetermined, we know that there is no unique solution to
our task. However, not every combination of parameters that represents a solution is actually physically feasi-
ble. By focusing on materials, which are useful for the construction of plates (e.g., metals, wood, or plastics),
the theoretically infinite value ranges for material parameters become limited. Furthermore, we may consider
current limitations of manufacturing processes. For instance, the production of glass plates at larger thicknesses
is extremely difficult without cracking due to the occurring thermal stress in the casting process.

2.1 Determination of eigenfrequencies and decay factors
In order to extract the plate eigenfrequencies fm and decay factors αm as part of the signal model from Equa-
tion 1, we identify and track the most prominent spectral peaks in the given signal. This is a frequently encoun-
tered task in a wide range of applications, such as in speech processing and synthesis [15], digital audio signal
processing in musical applications [16], or vehicle engine order tracking [17]. For the acoustic characterization,
the fast partial tracking algorithm presented in [18] is employed. While several algorithms are suited for the
given task, this particular method was selected due to its availability and its presented robust performance. The
underlying signal model assumes time-varying amplitudes, frequencies and phases for each detected partial. The
parameters of every partial are determined for every analysis frame of the short-term Fourier transform (STFT)
of the input signal. In order to allow arbitrary changes in frequency over time, including crossing partials,
the detected partials of the individual analysis frames are connected by solving a linear assignment problem.
Figure 3 visualizes the application of the partial tracking algorithm on an exemplary sound of an impacted
rectangular plate with free edges.

The most prominent detected partials above a lower frequency threshold (e.g., 50 Hz to neglect possible
low-frequency noise) are selected for further processing. In order to obtain the eigenfrequencies fm for our
initial signal model in Equation 1, a time-averaged frequency is computed for every selected partial. If the
standard deviation of the time-varying partial frequency exceeds a selected threshold, the partial is withdrawn
since our signal model requires an (almost) constant frequency. The decay factors αm are computed from the
temporal decay of the amplitudes of the partials. By assuming an ideal exponential decay of the form Ame−αmt ,
a linear regression can be computed from the logarithm of the amplitudes to estimate the decay factors αm
and the weighting factors Am. If the applied linear regression has a Pearson correlation coefficient larger than
a selected limit value (e.g., -0.9), we assume that the partial does not decay exponentially, as required by our
model. Hence, partials that exceed this limit value are withdrawn. Furthermore, partials with estimated decay
factors, that are implausibly small or large for a specific frequency region, are not used for the signal model.
Figure 3 shows the extracted model parameters fm and αm from the sound of an exemplary impacted plate with
free edges. Additional case studies for the estimation of the signal model parameters using the original version
of the acoustic characterization method are part of [19], Section 4.1.
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Figure 3. Partial tracking (left) and extracted model parameters fm, αm, fcrit and η (right) from a recorded
sound of an exemplary rectangular glass plate with free edges.

2.2 Estimation of plate properties
As a result from the previous analysis steps we now possess parameters for the signal model introduced in
Equation 1. Based on a set of eigenfrequencies fm with their associated decay factors αm, we are able to derive
physical properties from the sound of the impacted rectangular plate. The critical radiation frequency

fcrit =
√

3
c2

air
πhcL

with cL =

√
E

ρ(1−ν2)
(2)

of an isotropic plate represents the first auxiliary quantity that is estimated from our signal model. Below this
critical frequency, the radiation efficiency is weak and consequently the decay factors αm of the plate modes in
this region are small. On the other hand, modes with eigenfrequencies above fcrit decay fast. This behavior is
considered in the plate damping model presented in [14] via radiation damping. Besides, the damping law also
considers viscoelastic, thermoelastic and viscous losses. In order to estimate fcrit from our given signal model,
we use an empirical formula in [6] for this plate damping law and extend it by a constant p0 to

α( f ) =
pa f 3

f 3− pb f + 2
3 pb fc

+ p0 (3)

to model the decay factor spectrum with our extracted αm. The modeling is achieved with a nonlinear least
squares fit, which is exemplarily visualized in Figure 3 for a glass plate. For the investigated plate sounds in
this work, the frequency f = 2

3 fc, where the decay factor in Equation 3 diminishes to α = pa + p0, provides a
good estimate for fcrit .

Since below fcrit the decay factors tend to be dominated by internal damping behavior of the material, we
assume that a constant loss factor η = α

π f serves as a robust predictor of the material-inherent damping in this
frequency region. Laser vibrometer measurements of the decay factor performed in [14, 19] indicate an almost
linear relation between eigenfrequency and decay factor for viscoelastic damping in glass. If thermoelastic
damping dominates, the linear increase is superimposed by the varying influence of the plate mode shapes. In
any case, we apply a linear regression on the extracted decay factors αm below fcrit to find values for η and
α0 in the model

α( f ) = ηπ f +α0. (4)

The corresponding Pearson correlation coefficient rη provides hints on the kind of damping that is dominant in
the material. Values significantly smaller than 1 in conjunction with a loss factor smaller than 10-3 may indicate



materials with dominant thermoelastic damping, as with metals. Figure 4 illustrates typical value ranges of loss
factors for different materials.

The third analysis for the acoustic characterization method does not utilize decay factors, but the extracted
eigenfrequencies from the plate sound. Assuming an isotropic plate, the simplified frequency formula introduced
in [20] can be rearranged to

f = Φ

√
G4

x
1
r2

a
+G4

yr2
a +2νHxHy +2(1−ν)JxJy with Φ =

π√
48

hcL

A
, (5)

where the coefficients G, H, and J depend on the boundary conditions and the plate mode numbers. Poisson’s
ratio is initially assumed as constant with ν = 0.35, since this value seems to be a reasonable well approx-
imation for most materials ([12], p. 590). The aim is now to determine values for Φ and the aspect ratio
ra, which lead to frequencies that best fit a limited number of extracted frequencies fm from the plate sound.
These frequencies represent a subset of estimates f̃i for the theoretical infinite number of model plate eigen-
frequencies f j. However, some low modes may be missing due to weak radiation efficiency or because of
destructive interferences at the observation point. Therefore, every extracted f̃i gets exclusively assigned to a
model eigenfrequency f j by solving a linear assignment problem

min
{ I

∑
i=1

J

∑
j=1

Ci jXi j

}
with

I

∑
i=1

Xi j = 1,
J

∑
j=1

Xi j = 1 and Ci j =
| f̃i− f j[k]|

f̃i
. (6)

The matrix X represents a binary matrix only containing the non-zero value 1 for assignments between ex-
tracted and model eigenfrequencies. The elements Ci j of the cost matrix C specify the costs of every possible
assignment. In order to find suitable values for Φ and ra, a steepest descent algorithm is applied with a set of
initial values at k = 0. In each iteration step k the value pair of the model plates is updated according to

Φ[k+1] = Φ[k]−µΦ

∂ min
{

∑I ∑J Ci jXi j

}
∂Φ

and ra[k+1] = ra[k]−µra

∂ min
{

∑I ∑J Ci jXi j

}
∂ ra

, (7)

where µΦ and µra are the associated learning rates. By applying the steepest descent algorithm on a restricted
grid of value pairs for Φ and ra as initial values, each run converges to a local minimum on the assignment
cost surface, as exemplary depicted in Figure 4. We argue now that accumulation points of local minima on
the cost surface with small overall assignment costs represent suitable model plates with value pairs of Φ and
ra for our plate sound. In conjunction with our computed critical radiation frequency, an estimation of the plate
area A = LxLy and the product hcL can be obtained via

A =
c2

air
4 fcritΦ

, Lx =
√

Ara, Ly =
√

A/ra and hcL =

√
48
π

ΦA. (8)

Demonstration examples for the application of the algorithm in its initial version (which only slightly differs in
the estimation procedures for fcrit and αm) can be found in [19], Section 4.3.

3 ROBOTIC AND HUMAN PERCEPTION OF PLATE PROPERTIES
In order to validate the proposed acoustic characterization algorithm with a larger set of plate sounds, we
employed the algorithm to classify stimuli that were created for a listening experiment described in [13]. The
experiment was originally designed to investigate the auditory discrimination of material and aspect ratio of
rectangular plates within [21]. By confronting the characterization algorithm with the same set of possible
answers as the human listeners within this work, we are able to directly compare between human and robotic
acoustic characterization performance.

Within the listening experiment conducted in [21], every participant had to assign three plate properties to
each presented plate sound from sets of discrete possible answers: metallicity (non-metal / metal), material
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Figure 4. Loss factor η as a function of longitudinal wave velocity cL from [13], Section 3.2.6 (left); cost
function (center) with true values (red dot) and paths of the gradient search (white lines) and assignment cost
histogram (right) with best fit (dashed line) for a synthesized sound of an exemplary aluminum plate (right).

(plastic / wood / glass in case of non-metals, gold / brass / aluminum for metals), and aspect ratio (0.5 /
0.25 / 0.125). The stimuli comprise a series of rendered plate sounds using modal synthesis. The plate eigen-
frequencies were computed from the quotients between potential and kinetic energy caused by the transverse
displacement of the plate bending wave of the corresponding plate modes (ω2 =

Epot
Ekin

). Simple mode shapes
for a plate with free edges proposed in [20] were employed for the eigenfrequency calculation as well as for
the decay factor computation according to [14]. Additional damping was introduced to create plausible overall
decay times between T60 = 0.15 s and T60 = 0.45 s with a constant bias to the decay factors. We argue that
almost any frequency-dependent damping higher than that of the ideal free plate freely hovering in the air can
be achieved by some kind of physical suspension. In order to take the acoustic shortcut between front and back
surface of the unbaffled plate into account, the empirical formula for the average radiation efficiency presented
in [22] was applied through an individual gain for each mode. Table 5.12 in [13] lists the employed model
coefficients to render the plate sounds. The experiment was implemented in form of a web page, with the help
of the open-source JavaScript library jsPsych. A more detailed explanation of the used models for the plate
sound renderings as well as of the listening experiment can be found in [13].

By default, the proposed acoustic characterization algorithm in this work outputs estimates of the following
plate properties: aspect ratio ra, area A = LxLy, critical radiation frequency fcrit , loss factor η , as well as the
product of plate thickness and longitudinal wave velocity hcL. In order to provide the same kind of classifica-
tions as offered as in the listening experiment, we derived a set of predictors. Based on our observations in
Section 2.2 we classify the gross material category as metal if the following two criteria are met: η < 10-3

and rη < 0.9. Otherwise, a non-metallic material is assumed. A reliable predictor for the material within each
gross category for the listening experiment stimuli turned out to be the statistical distribution of fcrit , due to its
dependence on hcL. Since it is known that a bar-shaped plate has a lower modal density than a plate with an
aspect ratio close to 1 (see, e.g., [19]), we can argue that the combined effect of the radiation damping above
fcrit and the low-pass characteristics of a typical impact force (e.g., caused by a mallet strike) leads to less de-
tected eigenfrequencies by our partial tracking algorithm. Therefore we use the quotient M/ f n

crit , with M being
the total number of detected eigenfrequencies for our signal model in Equation 1, as metric for aspect ratio
classification. With the chosen control parameters for the partial tracking algorithm and the exponent n = 0.5,
the values 0.48 and 0.65 served as selection boundaries between the aspect ratios 0.125, 0.25 and 0.5 for the
listening experiment stimuli. Finally, accuracies for correctly classified aspect ratios, material categories and
materials were computed. The comparisons between robotic characterization and average listening experiment
results in Figure 5 show, that the algorithm is slightly superior in identifying the material category (accuracy of
0.85 compared to 0.80, labeled as metallicity). The algorithm is significantly more accurate in classifying the
material within each material category (accuracy of 0.74 compared to 0.55, labeled as rigidity) as well as in
selecting the correct aspect ratio (accuracy of 0.76 compared to 0.36). Furthermore, the results prove that the
algorithm is able to make useful classifications based on plate sounds with short decay times T60 of 0.15 s.
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Figure 5. Individual participants’ accuracies together with their average and robotic results.

4 CONCLUSIONS AND FUTURE WORK
In this work we proposed a novel method to conclude on the physical properties of a plate by sound. Based
on extracted eigenfrequencies and decay factors as part of a simple signal model of exponentially decaying
sinusoids, we are able to estimate a material-inherent loss factor and the critical radiation frequency of the
plate. By assuming an isotropic rectangular plate, the method is capable of estimating the size of model plates
whose eigenfrequencies approximately fit to the extracted frequencies of the provided plate sound. In direct
comparison with untrained listeners, we demonstrated that on average the algorithm is able to conclude on the
actual aspect ratio and material of simulated plates with superior accuracy. As with the human auditory system,
the algorithm prerequisites plate sounds with at least short decay times in order to make meaningful estimations.

In its current version, the acoustic characterization method assumes an isotropic rectangular plate with ideal
boundary conditions to estimate its size. The performance of the required model plate fitting to estimate the
size depends on the accuracy of the extracted plate eigenfrequencies as well as on the design of the linear
assignment cost matrix. Furthermore, with the employed analyses and models we are not yet able to sep-
arate between plate thickness and longitudinal wave velocity of the bending waves. Future work may ad-
dress the overcome of these issues and limitations to increase the practical applicability of the characteriza-
tion algorithm. The software code that fully implements the acoustic characterization method is available at
https://gitlab.com/helmholtz86/acoucharacterize_plates.
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ABSTRACT 

School teachers and students are subject to high noise levels which have an impact on perceptual-cognitive 

and neurobehavioral aspects among the auditory and extra-auditory effects that exposure to noise can 

determine on users. The project BRIC - ID14, financed by INAIL, the Italian National Institute for Insurance 

against Accidents at Work, aims at producing a guideline for the evaluation and control of extra-auditory 

effects on teachers and students in primary and secondary schools. 

Therefore, following an analysis of the state of the art, a protocol was defined for the identification of 

parameters to be investigated for the acoustic characterization of school spaces and the assessment of the 

users. A sample of three kindergartens, three primary schools and three secondary schools placed in Rome, 

Florence and Perugia was considered for carrying out acoustic measurements in unoccupied and occupied 

school environments, soundscape analyses and for collecting questionnaires filled by teachers and students.  

The first outcomes of the project report high noise levels for exposed teachers and students. The results, 

including correlations of objective and subjective investigations, will be used to define strategies and 

solutions for noise control and mitigation in the investigated schools and in general to produce a collection 

of guidelines. 

 

Keywords: Noise Exposure, Extra-Auditory Effects, Schools 

1. INTRODUCTION 

Noise produces auditory and extra-auditory pathological effects on humans, affecting the hearing 

organ and other organs and systems.  

The categories representing the effects of noise on health are being redefined at scientific and 

applicative level, including problems and pathologies linked to the multisensory perception of 

discomfort, which fall into the categories of noise disturbance and annoyance.  

In the guidelines on environmental noise published by the World Health Organization's Regional 

Office for Europe in October 2018, the importance of noise exposure and related annoyance for the 

population as a public health problem is highlighted [1]. Sounds that are disrupted, unpleasant and 

uncomfortable are a source of discomfort, stress, health damage, other types of harm.  

Sounds can be described with both objective and subjective parameters; the latter considers the 

effects on human beings.  

The BRIC 2019-ID14 Project analyses school environments as workplaces characterized by high 

noise, which students and teachers are subject to. The research aims at determining the evolution of 

acoustics applied to workplaces including both the extra-auditory effects of noise exposure and the 

acoustic quality of the environments. Noise generated by students chatting, equipment, desks, chairs, 

etc. is identifiable as unwanted sound and has negative impacts on people's health and well-being. 

Noise is a growing concern for health authorities, administrators and educators.  The Project intends 

to carry out a series of investigations and experiments for producing a guideline and evaluating and 
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controlling extra-auditory effects on teachers and students of primary and secondary schools. 

 

2. LITERATURE REVIEW CONCERNING EXTRA-AUDITORY EFFECTS FROM 

NOISE EXPOSURE 

The documental analysis of the scientific and technical literature on the extra -auditory effects of 

noise exposure has been the starting point for the research project. The overview has not been limited 

to show evidence of sound exposure and to catalogue noise sources and intervention scenarios 

regarding schools, but particular attention has been given to this typology of work environments [2].  

As a matter of fact, the collection and cataloguing of extra-auditory pathological evidence from 

environmental noise, considering annoyance and acoustic discomfort produced by occupational noise 

scenarios, with particular reference to educational and recreational activities in school environments, 

has been investigated. The individual sources and complex source scenarios capable of generating 

extra-auditory damage, with their respective amplitude and frequency characterisations, have been 

identified considering the acoustic metrology parameters most suitable for the various emission 

scenarios. An examination of scientific publications and the results of research carried out in schools 

of various ranks, located in a significant and varied number of cities, has shown that noise from outside 

the school environment is mainly due to roads, railways and airports, while internal noise is linked to 

activities carried out in classrooms or due to the presence of equipment.  

This has been a crucial point for the definition of acoustic measurements to be carried on in school 

environments and for determining possible sources of disturb.  

Moreover, evidence of the most recent scientific literature, both in the field of experiments on 

animal models and epidemiology or case studies on human populations in various fields, has shown 

the interference of noise on neurobehavioural aspects, with particularly extra-auditory effects on 

annoyance. The evidence of extra-auditory pathologies caused by noise in animal models and in the 

human population, available in scientific literature, shows that prolonged exposure to noise can cause 

damage both to the auditory system, with the onset of perceptual hearing loss, and to the extra-auditory 

system, with alterations mainly affecting the cardiovascular, gastrointestinal and nervous -

psychological systems. 

In order to investigate the sensitivity of subjects to the topic, a systematic examination of 

judgments in case law that have established the existence of non-hearing biological damage deriving 

from noise exposure damage pathologies has been carried on. 

Numerous lawsuits have been filed for compensation for hearing damage in both occupational and 

non-occupational contexts. On the contrary, in the absence of specific legislation, the correlation 

between extra-auditory damage and exposure to noise, although widely supported by scientific 

literature, has only recently been considered as an element of causation of damage in legal disputes. 

3. ACOUSTIC INVESTIGATIONS IN SCHOOL ENVIRONMENTS 

Nine schools located in the cities of Florence, Perugia and Rome have been selected as case studies 

for the implementation of an investigation protocol, defined within the Project . Schools belong to 

three different orders and consequently involve students of various age – from 3 to 18 years old -. 

Among the nine schools there are three kindergarten, three primary schools, and three secondary 

schools. 

The selection of the case studies privileged the typological variety of the schools, in order to cover  

the variety of school realities present in the Italian territory. 

Along with the availability of school workers; urban context, external acoustic climate, age of 

construction (considered on the basis of the publication of the Italian law concerning acoustic issues 

- ante Ministerial Decree 18/12/75, ante Decree of the President of the Council of Ministers 5/12/97, 

ante Ministerial Decree 11/10/2017, and post 2017), type of building and construction, presence of 

external and internal acoustic mitigation measures, and presence of the scenarios identified in the 

Protocol, have been considered as selection criteria. 

Seven types of typical teaching scenarios were considered: classroom (named S1), laboratory 

(named S2), auditorium (named S3), gymnasium (named S4), common area (named S5), canteen 

(named S6), outdoor area (named S7).  

Starting from the forms drawn up for each of the schools selected as case study, inspections were 

carried out to identify the presence of the different scenarios defined in the protocol, the use of these 



 

 

spaces and the availability for carrying out the different types of investigations. 

An overview of the characteristics of the schools is reported in Table 1. 

 

Table 1 – Case studies 

School City Context Years  

of 

construction 

Acoustic interventions 

kindergarten Florence • urban context, early 

suburbs 

• residential/commercial 

area 

• moderate noise 

environment 

2015 • no external acoustic 

intervention 

• sound-absorbing 

treatment in interior 

rooms 

Perugia • suburban context 

• residential and rural area 

• low-noise context 

1975-1998 

(extension in 

2006-2008) 

• acoustic ceiling 

panels in various 

rooms 

• acoustic ceiling in 

the canteen 

Rome • urban context 

• low-noise environment 

1980-1990 • acoustic ceiling in a 

classroom and in the 

corridor 

primary 

school 

Florence • urban context, early 

suburbs 

• moderate noise 

environment 

2010 • no external acoustic 

intervention 

• sound-absorbing 

treatment in rooms 

Perugia • extra-urban context 

• low-medium noise 

environment 

1950-1975 • acoustic ceiling in 

the computer lab 

and in another 

laboratory 

Rome • urban context 

• low-noise environment 

1970-1980 • None 

secondary 

schools 

Florence • urban context 

• residential area 

• moderate noise 

environment 

Before ‘900 • no external acoustic 

intervention 

• sound-absorbing 

treatment in the 

auditorium 

Perugia • extra-urban context 

• high noise level 

1975-1998 

(extension in 

2002) 

• sound-absorbing 

treatment in the 

classrooms 

Rome • urban context 

 

Before ‘900 • no external acoustic 

intervention 

• sound-absorbing 

treatment in 

 

3.1 The content of the Investigation Protocol 

From the analysis of the state of the art, a survey protocol was defined to identify and carrying out 

acoustic analyses [3]. In particular, appropriate acoustic parameters were determined to assess the 

characteristics of different types of school spaces, both empty and occupied. These objective 

parameters are a fundamental element for the definition of the acoustic quality of environments 

intended for teaching activities and for the correlation with subjective evaluations, attributable 

damage and behavioural reactions. In detail, the characterising parameters were combined according 

to the different types of environments. 

The selected schools were used to measure and assess the acoustic climate of the spaces and to 

study the correlation between acoustic and psychoacoustic parameters. The opinion of spaces’ users 

was considered through the administration of questionnaires to students and teachers  and is intended 



 

 

to be included in a subsequent extensive final data analysis [4]. 

The investigations defined in the protocol consist of acoustic measurements of 

occupied/unoccupied environments - which have already been carried out -, vocal effort measurements, 

soundscape analysis and questionnaire administration which are currently in progress.  

In particular, some of the first results are presented in the following chapters.  

The vocal effort measurements aim at investigating the increase in teachers' vocal load by 

performing measurements during teaching hours. In fact, teachers tend to increase voice intensity 

above conversational levels during frontal teaching.  

The soundscape analyses, carried out according to the soundscape analysis theory, foresee a sound 

walk in the external space of the school building for 15 teachers from each school, who are asked to 

answer a questionnaire [4].  

 

3.1.1 Acoustic measurements in occupied and unoccupied environments 
During the inspections carried out in school environments, the parameters to be measured in each 

context have been identified. The criteria for the definition are the presence of equipment, noise 

coming from outside (neighbourhood, road or other sound sources, etc).  

The acoustic parameters investigated are acoustic climate, façade sound insulation, room noise 

level, sound insulation of horizontal and vertical interior partitions, impact sound pressure level, noise 

from equipment, clarity, STI, reverberation time. 

The acoustic measurements in occupied environments have been carried out in order not to 

interfere with teaching activities. In the classroom scenario, two different ways of using the classroom 

were evaluated: frontal lesson (predominance of teacher speaking) and interactive lesson (plurality of 

voices). 

 

3.1.2 Questionnaires 
Three questionnaires have been drawn to be administered to students and teachers, starting from a 

model questionnaire used by the University of Ferrara, for the student surveys, and from a model 

questionnaire made available by INAIL, for the teacher surveys.  Questions have been defined 

according to the measured parameters to be correlated with. The administration of the questionnaires 

took place during the Covid 19 pandemic and therefore required s tudents and teachers to answer the 

questions taking into account the particular conditions of use of masks and other protective equipment.  

Specific questionnaires were defined for students and teachers and implemented on Google Forms 

for the filling from personal devices. 

Questionnaire 1, addressed to students and related to the classroom scenario, is structured as 

follows: 

- General data: general information, questions related to noise annoyance in life out of school and 

personal noise sensitivity.  

- Sounds and noises in the classroom: this section includes questions on the perception of noise in 

the classroom with closed doors and windows and related extra-auditory consequences. 

- Sounds coming from outside: in this section questions were included concerning the external 

sources with impact on school activities when windows are open.  

- Sounds coming from nearby environments: questions concerning the perception of the sources 

located in the neighbouring environments.  

- Sounds produced in the same classroom: this section includes questions concerning the perception 

of sources that are in the same classroom. 

- Listening to the teacher: this section analyses a specific context related to listening to a reference 

teacher, identified as the Italian teacher. The questions concern the perception of the teacher's voice 

with closed doors and windows.  

- Comfort in the classroom: this section investigates other aspects of the perception of the quality 

of the environment, other than the acoustic ones: thermo-hygrometric comfort, air quality, light 

comfort, ergonomics, and in general the perception of the pleasantness of the environment.   

 



 

 

 

Figure 1 – An extract from Questionnaire 1 

 

Questionnaire 2 is addressed to students and concerns all the scenarios under investigation, except 

for the classroom (investigated in Questionnaire 1). 

Questionnaire 3 is addressed to teachers and concerns the teacher main working environment (the 

perception of acoustic comfort, the sources considered most disturbing, and the needed vocal effort). 

The other sections of this questionnaire investigate auditory and extra-auditory effects from noise 

exposure, the perception of discomfort, and personal noise sensitivity. 

4. RESULTS 

The investigations are still in progress, first results coming from the elaboration of measures and 

the analyses of filled in questionnaires are presented in the following paragraphs.  

4.1 Acoustic measurements in occupied and unoccupied environments 

The measurements carried on in occupied environments are presented in the table below. The 

results are of particular interest as the school environments do not usually consider the presence of 

students and the background noise generated by chatting. Especially,  the most significant values of 

noise levels occur in environments such as the canteen and the gymnasium, which are generally more 

reverberant than the other school environments. These are characterised by significant volumes and 

are often not acoustically treated. In addition, group activi ties that take place in classrooms result in 

higher noise levels than during the “frontal lesson”, due to the multi-source scenario. 

 

 

 

 

 

 

 

 



 

 

Table 2 – Results of acoustic measurements in occupied environments for the 9 case studies 

LA,eq [dB(A)] – measured in occupied environments during the lessons 

Schools FLORENCE PERUGIA ROME 

Kinder

gartens 

Primary Secondary Kinder

gartens 

Primary Secondary Kinderg

artens 

Primary Secondary 

classroom 

(S1) 

71.2 71.1 

frontal 

lesson  

 

63.8  

frontal 

lesson  

 

74.8 

frontal 

lesson 

68.7 

frontal 

lesson 

68.7 

frontal 

lesson 

- 70.7 - 

77.1 

group 

lesson 

67.8  

group 

lesson 

81.0 

group 

lesson 

76.0 

group 

lesson 

79.7 

group 

lesson 

- - 

laboratory 

(S2) 

73.1 73.8 70.0 86.5 76.3 75.0 - - - 

auditoriu

m (S3) 

- - 68.7 - 77.5 - - - - 

gymnasiu

m (S4) 

67.4 79.0 82.4 - 85.1 74.2 - - - 

common 

area (S5) 

68.2 68.3 - 67.6 74.4 50.2 - 74.1 - 

canteen 

(S6) 

77.7 78.5 83.5 77.8 - - - - - 

outdoor 

area (S7) 

- - - - - - - 51.3 - 

 

 

4.2 Questionnaires 

Most of the filled-in questionnaires have been collected and involved 61 students in the cities of 

Florence and Perugia (52 primary school students and 19 secondary school students) . 

The main extra-auditory damage complained of by students as a result of exposure to noise in the 

classroom is loss of concentration (69% of the sample states they suffer this damage frequently and 

very often), followed by fatigue (49% of the sample states they suffer this damage frequently and very 

often) and boredom (45% of the sample states they suffer this damage frequently and very often). All 

the outcomes are presented in Figure 2. 

 



 

 

 

Figure 2 – Percentage of answers to the question “How often does noise in classroom case you Extra-

Auditory Effects?” of Questionnaire S1 

 

Regarding the negative consequences of the presence of noise in the classroom, most of the sample 

answered that more effort is needed to carry out a task. However, more than 50% stated that they felt 

more tired at the end of the lesson, and they easily lost concentration very frequently. Students state 

to be mainly sensitive to noise, which particularly entail difficulties to rest.  

 

 

Figure 3 – Number of answers to the question “How sensitive are you to noise?” of Questionnaire S1 

 

With regard to the sources of noise perceived inside the classroom, which will be compared with 

the results of the acoustic measurements carried out, the main source of noise inside the classroom 

was the chattering of peers (judged to be present frequently and very often by 85% o f the sample). 

In addition, 75% of the sample considered the teacher's voice to be quite dry, while the remaining 

25% found it booming. The majority of the sample (91%) declares to hear the teacher well when 

he/she explains at the desk, looking at the class, while, in case the teacher is facing the blackboard, 



 

 

the percentage of those who declare to hear his/her voice well is reduced to 59%. This result h ighlights 

the importance of facing the direction of the students, despite the fixed presence of the mask, in order 

to improve perception. The Italian teacher has been considered as reference because she/he spend 

most of the school hours in the classroom. Moreover, the Italian language is the mother tongue for 

most of the students.   

 

 

Figure 4 – Number of answers to the question concerning how students hear what the teacher says in 

different speaking positions. The question is one of Questionnaire S1 

 

5. CONCLUSIONS 

The results of the acoustic measurement campaigns, both in occupied and unoccupied 

environments, together with the other activities currently underway, will be used for the definition of 

the final report of the Project. The outcomes will establish a correlation between acoustic 

investigations and subjective surveys carried out by administering different types of questionnaires to 

the subjects involved - students and teachers -.  

Starting from these observations, it will be possible to define the indications of strategies and 

solutions for the control of noise and the realisation of working environments with a low risk of extra -

auditory damage; both with structural factors, e.g. , distributional layout, different acoustic correction 

solutions or different types of technical systems and taking into account possible procedural 

operations for the sensitisation of the exposed subjects and for a correct use of the voice .  
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ABSTRACT 
Recently, many researchers argued that modifying food and drink colours and packaging design affects 
consumers' taste and flavour perception. When it comes to the fruit juice, the specific colour of the package 
can affect the taste perception, whether it is sweet, sour, or bitter can influence the consumer's choice. 
However, flavour relies on integrating stimuli from all the human senses, and the surrounding environment 
can modify this experience. For example, the background sound playing has been found to affect the 
perception of sweetness, sourness, and bitterness; the ambient room lighting colour may affect the subjective 
value of the beverage. Combining these findings can have a significant role in individuals' healthy food and 
drink habits, leading them to have better lifestyles. This study aims to understand the context of the 
multisensory design environment on healthy beverages' flavour perception, particularly in fruit juice. A 
multisensory experiment that focuses on individuals' flavour perception has been conducted by combining 
audio and visual atmospheres created in indoor environments. The development of multisensory design 
strategies in this research can contribute to future design innovation in food architecture, such as cafeterias, 
school canteens, and restaurants.  
 
Keywords: Multisensory design, indoor environment, fruit juice 

1. INTRODUCTION 

1.1 Research Context: Unsweetened fruit juice and daily fruit intake 
Recently, the demand for healthy food and drink consumption has increased significantly since the 

disruption of COVID-19. This condition has significantly boosted the purchase of nutritious food and 
beverage (1). Furthermore, healthy eating and drinking in our daily practice are crucial for preventing 
overweight and obesity. WHO data (2) illustrated that overweight and obesity affect almost 60% of 
adults and nearly one in three children (29% of boys and 27% of girls) in the WHO European Region. 
Obesity and poor diets increase cardiovascular disease, diabetes, and cancer, and lack of fruit and 
vegetable intake is one of the top 10 risk factors for global mortality(2). However, more than half of 
the countries of the European region have fruit and vegetables daily consumption lower than 400 g 
per day. Specifically, one-third of the nation's average fruit and vegetable consumption is less than 
300 grams per day, whereas WHO recommends eating ≥400 g per day of fruits and vegetables (3–6). 

In this case, many countries, although not all, choose half or one glass of unsweetened 100 % fruit 
or vegetable juice to fill out the five portions' daily fruit and vegetable intake. In particular, although 
fruit juice was once seen as a source of high doses of sugar, recent research(7) shows that people 
should not cut fruit juice from their diets. Sometimes, reason people do not consume the whole fruit 
because it involves effort, practicality and is often inconvenient. However, fruit juice avoids the 
problems of intact fruit while providing the same range of health-promoting chemicals (8,9). Also, 
observational studies reported the association between fruit juice and nutrition capability and suggest 
that the consumption of fruit juice can reduce the risk of stroke (10). To conclude, fruit juice offers 
more benefits than risks. There appears to be no validation for discouraging fruit juice within a 
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balanced diet for children and adults, especially with 100% unsweetened fruit juice choice with a low 
number of sugars. 

On the other hand, excessive sugar consumption of the beverage has become a concern and is 
argued to be a significant contribution to obesity, with 3 million deaths globally each year (11–13). 
Therefore, sugar reduction has become a concern to some beverage companies, including fruit juice 
companies which have implemented initiatives to reduce added sugars (14). Therefore, this study 
attempts to focus on the influence of the multisensory atmosphere, which can affect the psychological 
model of taste perception, including the aroma and the sweetness, of the fruit juice without adding 
sugar replacement. This study objects to designing the healthier option of sugar-reduced fruit juice by 
focusing on a multisensorial aspect in the environment for the juice drinking experience. In particular, 
by including the sensory integration cues in an indoor environment, this current study examines how 
contextual multisensory factors  (15) can enhance the taste perception of the healthier option of fruit 
juice. 

1.2 Existing Research: The interaction between the multisensorial effect in an indoor 
environment and the taste perception 

The multisensory perception of food flavour is perhaps the most multisensory of our everyday 
experiences (16). Flavour could rely on integrating signs from all of the human senses. There is a 
subtle correlation between tactile expertise and taste. The sense of sight is transferred to taste; specific 
colours and visual details evoke taste sensations(17). In addition, the background sound also affects 
the perception of the taste of food (18–20). This perspective can explore the contribution of different 
senses to the perception of healthy food and beverage. However, there is still limited study to 
systematically assess the interaction of food and beverage flavour and the multisensorial factors in 
the indoor environment. Therefore, this study will explore comprehensive multisensory integration 
tools in the interactions between audition and sight and may help to explain the combination of the 
senses of taste in fruit juice among participants.  

This section will be divided into three sensorial influences on taste perception: first, the influence 
of background sound. Second, the visual influence, including the lighting, colour and, ambience, and 
lastly, the combination of multisensorial effects on taste perception. 

 
1.2.1 The Influence of background sound on the taste perception 

Recent research has examined the idea of a particular soundtrack affecting a taste perception called 
"sonic seasoning" (21). This idea is becoming more popular not just in the academic field but also 
commercially applied in some cafés and coffeeshop in Asian countries, such as Korean coffee shops 
(22) and sonic sweeter by Xin Café (23). Furthermore, previous research has shown the particular 
attributes of the sound associated with basic taste. For example, sweet and sour flavours are related 
to the high pitch, whereas bitterness is correlated to the low pitch (24–27).  

Additionally, Burzynka et al. (28) reported the effect of sound frequency which was two-wave 
tones of 100 Hz and higher 1000 Hz, on the acidic and aromatic taste intensity of wine perception. 
The result revealed that the wine was more acidic with a higher frequency. In addition, the wine was 
rated to be more aromatically intense while participants listened to the 100 Hz low tone rather than 
the 1000 Hz higher tone (28). Further, tones might affect somatosensory perception more widely and 
potentially extend to the feeling of the weight of a drink in the mouth, known as oral-somatosensory 
perception (29). In this case, low-pitched sounds in the bass register, 10 Hz to 200 Hz (28)(30), have 
regularly been associated with ideas of weight, heaviness, and thickness. On the practical and 
commercial application, Blecken (23) reported on a café in China that plays high-pitched music. This 
idea aims to help make the food and drinks taste a little sweeter and allow the consumer to limit their 
sugar intake. 

 
1.2.2 The Influence of atmospheric colour on taste perception 

The second part of the visual effect on the taste perception includes the atmosphere, colour, and 
lighting ambience. In Oberfeld et al. (31)first experiment in the winery, people rated the wine more 
pleasant under the red lighting. In the following existing study, conducted in the laboratory, the same 
red lighting resulted in the wine being rated as sweeter and fruitier than the blue, green, and white 
lighting. In prior studies, red and green for the lighting gave the correlation between the green colour 
with unripe, bitter or sour fruits, and red with ripe and sweet taste in fruits (32). 

Previous research has shown that yellow lighting can increase eating motivation, besides red and 



 

 

blue lighting can decrease people's appetite(33–35). In another study, Biswas et al. (36) examined 
how ambient light influences healthy food choices. The results of the field and the laboratory studies 
strongly specified that people tend to choose less healthy food when the ambient lighting is dim 
(compared to bright light). Also, the study suggests that this phenomenon occurs because ambient 
light exposure affects mental alertness, affecting healthy or unhealthy food choices. 

While these prior studies illustrate exciting findings, there is still a gap in research focusing on the 
ambient light luminance level and its potential effects on enriching the taste experience of healthy 
food and beverage. In summary, while visual aspects are likely essential in defining the atmosphere, 
they have not been studied empirically as thoroughly as the auditory cues. 

 
1.2.3 The Influence of a combination of multisensory effects on the taste perception 

A recent study with the combination of different sensory cues on taste perception is demonstrated 
by Velasco et al. (37). These researchers demonstrated the combination of the auditory, visual, and 
ambient olfactory atmosphere by showing some illustrations to create grassy, sweet, and woody rooms. 
Specifically, the whisky was considered to be grassier in the Nose ('grassy') room, significantly 
sweeter in the taste ('sweet') room, and having a considerably woodier aftertaste in the Finish ('woody') 
room. Finally, the participants preferred the whisky when they tasted it in the Finish room.  

Further, Spence, Velasco, and Knoeferle (38) conducted a study where the participants tasted the 
exact red wine in a black glass under different lighting and background music. The result of the 
research was that the wine was liked more under sweet music and red lighting than in conditions 
without music and control atmosphere. Another effect is that the wine was rated fresher under the 
green lighting combined with sour music compared with the control condition. However, these studies 
did not assess the individual effect of the music; therefore, it was unclear if the visual and auditory 
stimuli were required for a combined effect on enhancing wine perception. 

Overall, the above studies merely focused on enhancing the participant's hedonic experience and 
sensation in tasting alcohol drinking by controlling the auditory, visual, and olfactory cues in a 
multisensory atmosphere. However, there has been no study to systematically assess the interaction 
between multi-stimulus and contextual factors influencing healthy and unsweetened beverage taste. 

1.3 Hypothesis and Aims 
As mentioned already, there have still been few studies that have manipulated environmental cues 

in two or more sensory factors at the same time. Additionally, limited research has focused on the 
multisensorial aspect of an indoor environment, which focuses on building physics: audio, visual, 
lighting correlated temperature colour, and temperature that affect the taste perception of healthy food 
& beverages taste. Our underlying hypothesis was that all the indoor environmental factors, including 
the background soundtrack, the colour presented on a background screen, and lighting, could influence 
people's sensory and evaluation of healthy beverages. In addition, people have become more conscious 
of the power of atmospheric effects on their eating and drinking experience. 

This study aims to understand the context of the multisensory design environment on beverages' 
flavour perception, particularly toward the taste of fruit juice. In particular, this study seeks to 
understand the indoor environment's multisensory factors that possibly enhance the taste of 
unsweetened orange juice. Moreover, this study objects to retain the sweetness of the fruit juice not 
by adding sugar replacement but by conserving the taste perception through the multisensorial 
atmosphere. This research's development of multisensory design can contribute to the future strategy 
and guidelines for design innovation of a healthy environment in food architecture, such as in school 
cafeterias and university canteens(39–41). 

2. METHODOLOGY AND MATERIAL 

2.1 Participants 
The total number of participants in this experiment were 35 people (f=16, m=19). Their average 

age is 25,4; SD=5,24. The subjects included the staff and students from the university in the same 
department. All participants were over 18 years of age and gave informed consent before participating 
in the study. The Department's Ethical Committee for Scientific Research approved the protocol 
(2022-CERS03). The participants also confirmed that they met the study's criteria: they did not suffer 
or have suffered from any taste, olfactory or auditory dysfunction; they were not currently suffering 
from a cold/flu or other temporary respiratory problem. 



 

 

2.2 Material 
The experiment was conducted at Sens i-Lab, Department Architecture and Industrial Design, 

University of Campania Luigi Vanvitelli, Aversa, Italia. Sens i-Lab is a human-centred, multi-physical, 
and multi-purpose laboratory for humans' creation, development, prototyping, and interaction with 
physical and virtual environments and systems. This laboratory can control the multi-aspect of sensory 
stimuli such as background scene/colour, illuminance and CCT, sound and microclimate, and monitor 
the presence of odour. Figure 1 below illustrates the room layout of the lab for the experiment. The 
dimensions of the Sens i-Lab test room are about 4 m x 4 m x 4,5 m (width x length x height). The 
room is windowless. The front part of the room contained the video wall producing coloured images. 
The system of the video screen consists of high-performance 55 "Full HD resolution (1920 x 1080) 
and LCD panels with medium level brightness (500 cd/m2 nominal). 

 
Figure 1 – Sens i-Lab layout  

The audio system is a multi-speakers Astro Spatial Audio (ASA) 3D system that combines Spatial 
Sound Wave (SSW) technique with the SARA II Premium Rendering Engine in an object-based 
immersive audio system. The Lighting system consists of 6 ceiling-mounted LED lighting fixtures 
(lamp electric power: 50 W and luminous lamp flux: 4600 lm). The luminaires are dimmable, 
guaranteeing a level of illumination in the centre of the laboratory and allowing for varying the 
correlated colour temperature of the light. In addition to manual control, the lighting fixtures are 
connected to an automatic luminous flux control system for maintaining a fixed level of illumination 
inside the laboratory. All the walls and the ceiling were painted white and contained several blue 
acoustic panels. The wall also can be covered by a black curtain. The room has a grey ceramic floor 
material. 

2.3 Taste Stimuli 
Orange juice tends to be nominated as the most popular juice in Europe by Fona International (42). 

This experiment used a famous brand of juice in Italy, which is unsweetened, 100% contained of 
orange juice and has a little sugar, 5,5 gram/100 ml. Before starting the experiment, orange juice was 
stored at a temperature of 4 °C (inside the fridge) and maintained for 60 min at the ambient 
temperature (25 °C). The juices were presented in the yellow opened plastic cup and labelled 1-5 to 
minimize the possibility that the participants would guess the colour of the juice sample and perhaps 
feel overconfident in their responses. Participants took a single sip from each drink. Based on an 
estimated sip size of 10 ml-15 ml. During the experiment, participants consumed, on average, a total 
of about 40 ml per experiment.  

2.4 Auditory and Visual Stimuli 
In the earlier study, sweetness and sourness correspond with higher pitch sounds, whereas 

bitterness corresponds with lower-pitched sounds (24,25). In this experiment, orange juice was tasted 
in silence (control condition) and in two different sound stimuli presented alternatively in a balanced 
order. The two sound stimuli were two pure tones: low frequency, 100 Hz, and high frequency, 1000 
Hz. The sounds at the listener’s position were played back at the same loudness of 8,2 sones. The A-
weighted sound equivalent levels were: at 100 Hz, 68 dB(A) and, at 1000 Hz, 60 dB(A). The 
experimenter downloaded the auditory stimuli at a sample rate from the wavTones.com Professional 
Online Audio Frequency Signal Generator (http://www.wavtones.com/functiongenerator.php)/ 
tonegenerator.com of 192 kHz and 32-bit resolution. 



 

 

  
Figure 2 – Experiment setup at Sens i-Lab 

 
For the visual stimuli, previous research has suggested that green tends to be associated with unripe, 

that is, sour and possibly bitter fruits, and red with ripe, that is, sweet fruit (31,32). Based on these 
examples, this experiment included three background screens and colour conditions: red screen (R: 
255 G:0 B:0; Hex colour: FF0000), green screen (R:0 G:173 B:67; Hex colour: 00AD43), and white 
screen for the control condition. This experiment had the first two colours assuming that these colours 
can be associated to taste features such as sweet and sour, and the latter as a control. The level of 
illumination and the correlated colour temperature are also controlled between the warm and cool 
light in the balanced orders depending on the screen colour presented—the red screen with the warm 
light temperature, the green screen with the cool light temperature, and the control condition with 
white screen and intermediate colour light temperature. Further, the temperature of the Sens i-Lab was 
set on 24 °C. 

2.5 Experiment Procedures and Questionnaire 
Once all the auditory and visual settings were set, five different audio-visual atmospheres were 

presented in a balanced order to each participant. The participants were instructed to sit inside the 
Sens i-Lab. They were given a cup of water to rinse their mouth before starting the experiment and 
between the trials. Five yellow cups of juices were placed on the table, labelled from 1 to 5. The 
participant was instructed to rate both the odour and the juice taste. The experimenter switched on the 
first audio-visual atmosphere to start the experiment. The participants then smell the juice by holding 
the cup to their nose and sniffing. They then judge the intensity of the juice odour on a taste scale 
with a 7-point rating scale. The aroma intensity was investigated as previous research has indicated 
that that pitch appears to influence the perception of aromas (28). The participants were instructed to 
start tasting the orange juice while listening to the audio and looking at the visual stimuli. After 
drinking, the participants rated the drink's taste on a sour–sweet-bitter scale, the level of freshness, 
and the thickness of the juice. Freshness and thickness are also investigated based on the study of the 
fruit juice attributes. These properties are the specific oral-somatosensory juice attributes that lack a 
measurement instrument and limit an accurate judgment of consumers' perception(43).  

Further, participant also rates the global liking of the juice and the audio-visual atmosphere. All of 
the response scales had 7 points. In the end, participants will fill out the age, gender, and juice 
consumption information. Each experiment cycle will take around 10-15 minutes per person. 
 



 

 

 
Figure 3 – Experiment procedure 

 

2.6 Data Analysis 
Data were analysed through both: A One-Way Repeated Measures Analysis of Variance (RM-

ANOVA) that treated the audio-visual atmospheres as a 5-level factor (Control; Red-Low frequency 
sound; Red-High frequency sound; Green-Low frequency sound; and Green-High frequency sound), 
and a Two-Way Repeated Measures ANOVA that treated the sound as a 2-level factor (Low and High 
frequency) and the Vision as a 2-level factor (Red screen-Warm lighting; Green screen-Cold lighting). 

Intensities of aroma, sweetness, sourness, bitterness, thickness, freshness, and liking were used as 
ratings and analysed by the software Graphpad, Prism 9 and Jamovi 2.2.5. In the post hoc test, this 
present experiment did two multiple comparison tests. First is comparing the mean rating of each 
environment with the mean of every other ambience using Tukey HSD. This test aims to analyse the 
combination of multisensory environments that influence the juice taste perception most. The second 
part compares the average juice flavour scale in each atmosphere to the control environment with 
Dunnet-corrected. This part examines the difference and the enhancement effect from the control 
condition to the condition with multi stimulus context that affects the orange juice flavour.  

3. RESULTS AND DISCUSSION  
Results showed the influence of audio and visual stimuli on orange juice taste rating. In particular, 

One-Way ANOVA indicated that intensity of aroma and sweetness were the only two juice items 
significantly affected by the different multisensory environments (see table 1). Therefore, the 
discussion here is limited to the aroma and sweetness ratings since this study is concerned with 
developing the sweetness perception of the fruit juice not by adding sugar replacement but by 
conserving the taste perception through the multisensorial atmosphere. 

 
Table 1 – One-Way Repeated Measures Analysis of Variance for each of rated items among all 

the 5 audio-visual atmospheres. 
 df F p ƞp2 

Aroma Intensity 4 4.109 ≤ 0.01 ** 0.108 
Sweetness 4 7.084   ≤ 0.001 *** 0.172 
Sourness 4 2.513 0.077 0.069 
Bitterness 4 0.768 0.533 0.022 
Thickness 4 0.923 0.436 0.026 
Freshness 4 0.804 0.483 0.023 

Liking 4 1.170 0.326 0.033 
Significant effects: * p ≤ 0.05; ** p ≤ 0.01; *** p ≤ 0.001  

3.1 The role of audio and visual stimuli in aroma perception 
The result reveals a significant difference between five multisensory atmospheres in terms of 

aroma intensity measurement F (3.360, 114.2) = 4.109, p=0.0062, ƞp
2=0.108). The diagram shows that 

the orange juice aroma smelled strongest under red-warm lighting with low-frequency tones (M=4.6; 
SD=1.9) compared to other conditions. On the other hand, the subjects rated the atmosphere with 
green colour-cool lighting and high-frequency tones (Mean=3.31; SD=1.78) as the most negligible 
when sniffing the orange juice’s odour. These results support the growing body of literature in 
previous wine experiments on aromatically intense enhancement while participants listen to the 100 
Hz low-frequency tone (28). 

Moreover, for future studies, the potentiality of sound to enhance the orange juice aroma can be 
tested and controlled using an electronic nose (44). This next step experiment can help to predict the 
cross-modal correspondences between the pitch, colour, and peculiar odours by modifying the visual 
stimuli attributes, for example, by using VR (45) to focus on the smelling experience. In addition, an 
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aroma stimulus also can be possibly included as an olfactory factor in designing a multisensorial 
environment that affects the taste of healthy food and beverage. 

 

 
Figure 3 – Aroma intensity rating in the five audio-visual atmospheres 

 
Table 2 – Two-Way RM-ANOVA for the aroma intensity. Main effects and interaction of sound and 

visual levels of the audio-visual atmosphere. 
 df F p ƞp2 

Sound 1 12.953   ≤ 0.001 *** 0.276 
Lighting 1 3.827 0.059 0.101 

Sound x Lighting 1 0.011 0.916 0.000 
Significant effects: * p ≤ 0.05; ** p ≤ 0.01; *** p ≤ 0.001 

3.2 The role of audio and visual stimuli in sweetness perception 
Regarding the sweetness flavour rating of the orange juice, we found a significant difference 

among the five multisensory environments F(2.686, 91.32) = 7.084, p=0.0004, ƞp
2= 0.1724). Turkey’s 

multiple comparisons post hoc test revealed that the juice is rated as the sweetest inside the 
environment with red colour and high-frequency sound (Mean=4.34; SD= 2.04) in comparison to the 
control (Mean=3.11; SD= 1.69), red colour and low-frequency sound (Mean= 3.29; SD=1.69) and 
green colour with the low-frequency environment (Mean=3.11; SD=1.69). In contrast, the participant 
gave the least sweetness rating of the juice consumed while looking at the green screen colour and 
listening to the high-frequency sound (Mean=2.49; SD=1.25) (see figure 3). This result supports the 
earlier literature that sweet flavours are related to the high pitch (24,25) and red lighting colour 
enhances the perception of sweetness (32,38).  

Two-Way ANOVA revealed that (see table 3) the same orange juice was perceived as sweeter while 
influenced by main effect of visual stimuli (p=<0,01) and by the interaction of audio and visual stimuli 
(p=0,02) in compare with just audio stimuli (p=0,456). Therefore, the multisensory contribute more 
to the sweetness perception of the orange juice than the uni-sensory attribute. 

In this case, this results supports and enriches the studies in this field because, in the previous 
research, the visual aspect has not been studied empirically as thoroughly as the auditory cues, as seen 
as "sonic seasoning" (21). Moreover, the result verifies the hypothesis of this study that all the indoor 
environmental factors, including the background soundtrack, the colour presented on a screen, and 
lighting, could influence people's evaluation of orange juice. Regarding the unsweetened fruit juice 
as the taste stimuli, it is also intriguing to confirm that there is the possibility of multisensory 
contextual factors (15) that can enhance the sweet taste perception of the healthier option of fruit juice. 
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Figure 3 – Sweetness rating in the five audio-visual atmospheres 

 
Table 3 – Two-Way RM-ANOVA for the sweetness rating. Main effects and interaction of sound and 

visual levels of the audio-visual atmosphere. 
 df F p ƞp2 

Sound 1 0.568 0.456 0.016 
Lighting 1 19.512   ≤ 0.001 *** 0.365 

Sound ✻ Lighting 1 11.926 ≤ 0.01 ** 0.260 
Significant effects: * p ≤ 0.05; ** p ≤ 0.01; *** p ≤ 0.001 

 

 
Figure 4 – Comparison of the sweetness rating between two levels of each audio and visual factor.   

 
On the other hand, in the current study, we also tried to rate some properties that are the specific 

juice attributes, such as freshness and thickness, inside the different multisensory environments. 
However, while there is no significant influence of colour and sound in both of those ratings, this was 
likely since participants felt unfamiliarity with this oral-somatosensory perception of the juice. 
However, given that our main interest was in the effect of the various factors on the participants' 
flavour experience on the unsweetened juice, rather than on their sourness, bitterness, and overall 
liking of the drink, this does not seem to represent a significant concern for our conceptual framework.  

Although these prior results illustrate exciting findings, there is still a limitation experiment that 
focuses on the additional factors and technical attributes, including the possibility of using VR and 
more variety adjustment of colour correction temperature lighting for visual stimuli. In addition, we 
can also include the e-nose test for the aroma influence on juice perception. For the other factors, we 
can add more consideration to the time, glaucoma test level per individual, and the scenario of adding 
more than one participant in the laboratory test to make it a more natural situation. Moreover, further 
studies in a real context such as a food hall or university cafeteria will be needed, for instance, to 
validate the linear additive effects of visual, sound, and more multisensorial effects. Still, we believe 
the present study makes a first step contribution to a valid analysis of fruit juice consumers. 
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4. CONCLUSION 
The present study on the influence of multisensory design in the indoor environment on the fruit juice 

drinking experience is demonstrated. This study aims to understand the indoor environment's multisensory 
factors that possibly enhance the taste of unsweetened orange juice. Further, this study seeks to retain the 
sweetness of the fruit juice not by adding sugar replacement but by conserving the taste perception through 
the multisensorial attributes. The results illustrate that the aroma of the orange juice was perceived strongly 
under the red-warm lighting with low-frequency tones compared to other audio-visual atmospheres. On the 
other hand, orange juice was rated as the sweetest inside the environment with red-warm lighting colour and 
high-frequency sound. Intriguingly, this study revealed that the same orange juice was perceived with more 
sweetness enhancement while influenced by visual stimuli (p=<0,01) and by the interaction of audio and 
visual stimuli (p=0,02) in comparison with just audio stimuli (p=0,456). Therefore, the multisensory context 
has more influence on the sweetness perception than the uni-sensory context. Further experiments will be 
needed to clarify the other possible mechanisms for the more prominent and actual context effects. Lastly, 
this current research can provide preliminary relevant information for researchers and designers interested in 
multisensory experience design in food architecture, such as cafeterias, school canteens, and restaurants.     

REFERENCES 
1. Lahouasnia L, Koerten J, Mascaraque M. Food and nutrition in light of COVID- 19 [Internet]. Euromonitor 

International. 2020 [cited 2022 Jul 2]. Available from: http://blog.euromonitor.co m/tag/coronavirus. 

2. WHO European Regional Obesity Report 2022. WHO European Regional Obesity Report 2022. 

Copenhagen; 2022.  

3. Elmadfa l, Meyer A, Nowak V, Hasseneger V. European Nutrition and Health Report 2009. Nutr Basel. 

2009; 62:12–3.  

4. World Health Organization. WHO EUROPEAN ACTION PLAN FOR FOOD AND NUTRITION 

POLICY 2007-2012 [Internet]. Copenhagen; 2008. Available from: http://www.euro.who.int/pubrequest 

5. World Health Organization. Comparative analysis of nutrition policies in the WHO European Region: A 

comparative analysis of nutrition policies and plans of action in WHO European Member States. Istanbul; 

2006 Nov.  

6. European Food Safety Authority. Guidance on the EU Menu Methodology. EFSA Journal. 2014 Dec 

1;12(12).  

7. Benton D, Young HA. Role of fruit juice in achieving the 5-a-day recommendation for fruit and vegetable 

intake. Nutrition Reviews. 2019 Nov 1;77(11):829–43.  

8.  O’Neil CE, Nicklas TA, Rampersaud GC, Fulgoni VL. 100% Orange juice consumption is associated 

with better diet quality, improved nutrient adequacy, decreased risk for obesity, and improved biomarkers 

of health in adults: National Health and Nutrition Examination Survey, 2003-2006. Nutrition Journal. 

2012;11(107).  

9.  O’Neil CE, Nicklas TA, Zanovec M, Fulgoni VL. Diet quality is positively associated with 100% fruit 

juice consumption in children and adults in the United States: NHANES 2003-2006. Nutrition Journal. 

2011;10(1).  

10. Ruxton CHS, Myers M. Fruit Juices: Are They Helpful or Harmful? An Evidence Review. Nutrients. 

2021;12(1815).  



 

 

11. Johnson RJ, Segal MS, Sautin Y, Nakagawa T, Feig DI, Kang D, et al. Potential role of sugar (fructose) 

in the epidemic of hypertension, obesity and the metabolic syndrome, diabetes, kidney disease, and 

cardiovascular disease. The American Journal of Clinical Nutrition. 2007; 86:899–906.  

12. Malik VS, Schulze MB, Hu FB. Intake of sugar-sweetened beverages and weight gain: A systematic 

review 1-3. American Journal of Clinical Nutrition. 2006; 84:274–88.  

13. Meier T, Senftleben K, Deumelandt P, Christen O, Riedel K, Langer M. Healthcare costs associated with 

an adequate intake of sugars, salt and saturated fat in Germany: A health econometrical analysis. PLoS 

One. 2015; 10:1–21.  

14. Khan M. PepsiCo R&D: A catalyst for change in the food and beverage industry. New Food. 2015; 16:10–

3.  

15. Wang QJ, Mielby LA, Junge JY, Bertelsen AS, Kidmose U, Spence C, et al. The role of intrinsic and 

extrinsic sensory factors in sweetness perception of food and beverages: A review. Vol. 8, Foods. MDPI 

Multidisciplinary Digital Publishing Institute; 2019.  

16. Spence C. Multisensory Flavor Perception. Vol. 161, Cell. Cell Press; 2015. p. 24–35.  

17. Pallasmaa J. The eyes of the skin: Architecture and the senses. John Wiley & Sons; 2012.  

18. Spence C. Auditory contributions to flavour perception and feeding behaviour. Physiology and Behavior. 

2012 Nov 5;107(4):505–15.  

19. Rindel JH. Verbal communication and noise in eating establishments. Applied Acoustics. 2010 

Dec;71(12):1156–61.  

20. Spence C. Noise and its impact on the perception of food and drink. Flavour. 2014 Dec;3(1).  

21. Spence C, Reinoso-Carvalho F, Velasco C, Wang QJ. Extrinsic auditory contributions to food perception 

& Consumer behaviour: An interdisciplinary review. Vol. 20, Multisensory Research. Brill Academic 

Publishers; 2019. p. 275–318.  

22. Spence C. Multisensory flavour perception: Blending, mixing, fusion, and pairing within and between the 

senses. Vol. 9, Foods. MDPI Multidisciplinary Digital Publishing Institute; 2020.  

23. Blecken D. Hold the sugar: a Chinese café brand is offering audio sweeteners [Internet]. Campaignasia. 

2017 [cited 2022 Jul 3]. Available from: https://www.campaignasia.com/video/hold-the-sugar-a-chinese-

cafe-brand-is-offering-audio-sweeteners/433757 

24. Crisinel AS, Spence C. A sweet sound? Food names reveal implicit associations between taste and pitch. 

Perception. 2010;39(3):417–25.  

25. Crisinel AS, Spence C. Implicit association between basic tastes and pitch. Neuroscience Letters. 2009 

Oct 16;464(1):39–42.  

26. Knoeferle K, Woods A, Käppler F, Spence C. That sounds sweet: Using cross‐modal correspondences to 

communicate gustatory attributes. Psychology & Marketing. 2015;32(1):107–20.  

27. Carvalho FR, Wang Q, de Causmaecker B, Steenhaut K, van Ee R, Spence C. Tune that beer! listening 

for the pitch of beer. Beverages. 2016 Dec 1;2(4).  

28. Burzynska J, Wang QJ, Spence C, Putnam Bastian SE. Taste the bass: Low frequencies increase the 

perception of body and aromatic intensity in red wine. Multisensory Research. 2019;32(4–5):429–54.  



 

 

29. Spence C, Piqueras-Fiszman B. Oral-Somatosensory Contributions to Flavor Perception and the 

Appreciation of Food and Drink. Multisensory Flavor Perception: From Fundamental Neuroscience 

Through to the Marketplace. 2016 Jan 1;59–79.  

30. Leventhall G, Pelmear P, Benton S. A Review of Published Research on Low Frequency Noise and its 

Effects Report for Detra. 2003.  

31. Oberfeld D, Hecht H, Allendorf U, Wickelmaier F. Ambient lighting modifies the flavor of wine. Journal 

of Sensory Studies. 2009 Dec;24(6):797–832.  

32. Koch C, Koch EC. Preconceptions of Taste Based on Color. The Journal of Psychology [Internet]. 

2003;137(3):233–42. Available from: https://doi.org/10.1080/00223980309600611 

33. Cho S, Han A, Taylor MH, Huck AC, Mishler AM, Mattal KL, et al. Blue lighting decreases the amount 

of food consumed in men, but not in women. Appetite. 2015 Feb 1; 85:111–7.  

34. Spence C. Hospital food. Flavour [Internet]. 2017;6(1):3. Available from: 

https://doi.org/10.1186/s13411-017-0055-y 

35. Spence C. Atmospheric Effects on Eating and Drinking: A Review. In: Meiselman HL, editor. Handbook 

of Eating and Drinking: Interdisciplinary Perspectives [Internet]. Cham: Springer International 

Publishing; 2019. p. 1–19. Available from: https://doi.org/10.1007/978-3-319-75388-1_119-1 

36. Biswas D, Szocs C, Chacko R, Wansink B. Shining light on atmospherics: How ambient light influences 

food choices. Journal of Marketing Research. 2017 Feb 1;54(1):111–23.  

37. Velasco C, Jones R, King S, Spence C. Assessing the influence of the multisensory environment on the 

whisky drinking experience. Flavour. 2013 Dec;2(1). 

38. Spence C, Velasco C, Knoeferle K. A large sample study on the influence of the multisensory 

environment on the wine drinking experience. Flavour. 2014 Dec;3(1).  

39. Frerichs L, Brittin J, Intolubbe-Chmil L, Trowbridge M, Sorensen D, Huang TTK. The Role of School 

Design in Shaping Healthy Eating-Related Attitudes, Practices, and Behaviors Among School Staff. 

Journal of School Health. 2016 Jan 1;86(1):11–22.  

40. Huang TTK, Sorensen D, Davis S, Frerichs L, Brittin J, Celentano J, et al. Healthy Eating Design 

Guidelines for School Architecture. Preventing Chronic Disease. 2013;10. 

41. Rauzon S, Wang M, Studer N, Crawford P. AN EVALUATION OF THE SCHOOL LUNCH 

INITIATIVE Final Report. 2010. 

42. Fona International. Juice Category, Ripe for Innovation [Internet]. Geneva; 2017. Available from: 

www.fona.com 

43. Arboleda AM, Arroyo C, Alonso JC. Creating psychometric scales for perceptual assessment of fruit 

juices’ refreshing and thickness attributes. Appetite. 2021 Aug 1;163. 

44. Ward RJ, Rahman S, Wuerger S, Marshall A. Predicting the crossmodal correspondences of odors using 

an electronic nose. Heliyon. 2022 Apr 1;8(4).  

45. Chen Y, Huang AX, Faber I, Makransky G, Perez-Cueto FJA. Assessing the Influence of Visual-Taste 

Congruency on Perceived Sweetness and Product Liking in Immersive VR. Foods. 2020;9(465).  

  

 



 

PROCEEDINGS of the  

24th International Congress on Acoustics  

 

October 24 to 28, 2022, in Gyeongju, Korea 

 

 

Extended abstract 

Evaluation of soundscape perception in outdoor and indoor spaces 

with psychoacoustic metrics 

Beritan OCAKLIK1; Derya ÇAKIR AYDIN2 

1 Faculty of Architecture, Dicle University, Turkey 

2 Faculty of Architecture, Dicle University, Turkey 

ABSTRACT 

The aim of this study is to evaluate the soundscape perception of users with psychoacoustic metrics and 

semantic differential scale. Within the scope of the study, a religious building was examined. For this purpose, 

questionnaires were applied to the participants in the worship and square of the Diyarbakır Grand Mosque 

(Turkey) with different demographic factors such as gender, age, education level. To obtain psychoacoustic 

data, binaural recordings were made simultaneously with the questionnaires. The psychoacoustic metrics 

(loudness, sharpness, roughness, fluctuation strength) of these recordings were calculated. Quantitative data 

of psychoacoustic metrics and adjective pairs used in the semantic differential scale were compared. These 

data were correlated with statistical analysis. As a result of these evaluations, it has been determined that the 

relationship between adjective pairs and metrics varies for indoor and outdoor spaces. 

 

Keywords: Soundscape, psychoacoustic metrics, perception 

1. INTRODUCTION 

Auditory perception, which is defined as the conscious and unconscious perception of sound 

signals [1], causes different interpretations of the acoustic environment by users. Addressing the 

quality of the auditory environment in the space not only with internationally valid objective methods 

but also in terms of user perception offers a more holistic evaluation opportunity. The concept of 

soundscape, which is defined as the acoustic environment that is perceived, experienced and/or 

understood by people in a context, deals with the sound environment in this context.  

In soundscape studies, it has been observed that studies dealing with semantic differential scale 

[2-7] and perceived affective quality have become widespread, and it is seen that these socio -acoustic 

questionnaires are associated with psychoacoustic metrics [6,8,9]. In this study, it is aimed to evaluate 

the relationship between users' auditory perception and psychoacoustic metrics with semantic 

differential scale, through different space typologies with similar functions.  

2. METHODOLOGY 

Within the scope of this study, in which the perception of soundscape is evaluated, Diyarbakır 

Grand Mosque (Turkey), a public space with indoor and outdoor spaces, was chosen as the study area.  

The high density of users and the diversity of sound sources in this place are also reasons for choosing 

this place. The square at the entrance of the mosque was used as an outdoor space (Figure 1), and the 

prayer hall of the mosque was used as an indoor space (Figure 2). 

A semantic differential scale consisting of 24 adjective pairs was applied to the participants with 

reference to the soundscape studies carried out in outdoor and indoor spaces with the ISO 12913:2 

standard [10] (Table 1). The semantic differential scale (1-certainly disagree and 5- certainly agree) 

was evaluated using a five-point Likert scale. 
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     Figure 1. The Grand Mosque’s square     Figure 2. The Grand Mosque’s prayer hall 

 

 

Table 1. Adjective pairs used in the semantic differential scale 

 

Pleasant Unpleasant 

 

Not Sharp Sharp 

Eventful Uneventful Crowded Uncrowded 

Calm Chaotic Continuous Discontinuous 

Quiet Noisy Unsteady Steady 

Exciting Monotonous Living Uneventful 

Tranquil Annoying Strong Weak 

Relaxing Stressing Loud Low 

Natural Artificial Light Dark 

Interesting Boring Shrill Muffled 

Preferred Not Preferred Smooth Rough 

Harmonic Discordant Distinct Indistinct 

Soft Hard Common Strange 

 

Within the scope of the study, the demographic characteristics of the participants (gender, age, 

education) were determined. Binaural sound recordings were made simultaneously with the survey 

study. The statistical values of loudness (N5, N50, N95), sharpness (S5, S50, S95), roughness (R10, 

R50), fluctuation strength (F10, F50) of psychoacoustic metrics were calculated from the sound 

recordings. 

A questionnaire was applied to 55 (F:29; M:26) people in the outdoor space and 67 (F:39; M:28) 

people in the indoor space. With the findings obtained from the participants;  

 The relationship between the semantic differential scale and demographic factors; 

 The relationship between the semantic differential scale and psychoacoustic metrics was 

evaluated. 

3. RESULTS 

3.1 Soundscape Perception 

In the evaluations of the participants for the perception of soundscape, adjectives with significant 

differences between the averages of the space typologies were determined. Multiple Significance Test 

(Bonferroni) was applied to determine the difference. (Figure 3). According to this it is understood 

that: 

 The outdoor space is eventful, crowded, continuous, living, strong, loud;  

 The indoor space is pleasant, calm, quiet, exciting, tranquil, relaxing, interesting, preferred, 

harmonic, light, shrill, distinct. 

 



 

 

 
Figure 3. Average values of soundscape perception in adjective pairs  

 

When the soundscape perception of indoor and outdoor space is evaluated by gender it has been 

observed that: 

 both indoor and outdoor spaces, men perceive the sound environment more living and 

stronger than women. 

 in outdoor space, women perceive the sound environment of the space as quieter, while 

men perceive it more continuous.  

 in indoor space, men perceive the sound environment of the space as more pleasant, 

relaxing, interesting, preferred, harmonic, living, light, shrill than women. 

 

When the soundscape perception according to the age groups of the participants is evaluated the 

sound environment: 

 The 31-40 age group expressed both indoor and outdoor spaces as soft, not sharp compared 

to other age groups.  

 The 51+ age group was evaluated both indoor and outdoor spaces as unsteady and light 

compared to other age groups.  

 The 31-40 age group expressed the outdoor space as not sharp, but the 51+ age group as 

soft. 

 The 31-40 age group found the indoor space as pleasant. 

 

While there is a positive correlation between the concepts of relaxing and shrill in outdoor space 

and age, there is a negative correlation between the concepts of harmonic, strong and loud. There is a 

positive correlation between age and living, and a negative correlation with the crowded in indoor 

space. 

In both places, it was evaluated that secondary school graduates perceived the sound environment 

as comman and primary school graduates perceived the sound environment as shrill in the outdoor 

space. 

 

3.2 Soundscape Perception with Psychoacoustic Metrics 

 

Binaural sound recordings were performed simultaneously with the questionnaires made to the 

participants. By using Pulse Reflex software, psychoacoustic metrics were calculated and soundscape 

perception in outdoor and indoor spaces were analyzed with adjective pairs. According to the analyzes 

made, the adjective pairs that are statistically significant with the metrics are in Table 2 for the outdoor 

space and Table 3 for the indoor space. 

 

 

 

 

 

 



 

 

Table 2. Relationship between semantic differential scale and psychoacoustic metrics (N5, N50, 

N95, S5, S50, S95, R10, R50, F10, F50) in outdoor space 

 

 N5 N50 N95 S5 S50 S95 R10 R50 F10 F50 

Eventful -0,139 -0,179 -0,032 -,275* -0,166 -0,179 0,099 0,179 -0,067 0,030 

Calm 0,083 0,068 -0,182 ,339* ,307* 0,203 0,157 0,064 ,269* 0,226 

Quiet 0,150 0,137 -0,181 ,331* ,317* 0,200 0,202 0,043 0,234 0,197 

Tranquil 0,093 0,079 -0,135 0,247 ,273* 0,208 0,156 0,112 -0,013 0,115 

Relaxing -0,030 -0,056 -0,198 ,267* 0,232 0,169 0,160 0,145 0,060 0,157 

Preferred 0,111 0,060 -0,137 ,280* 0,239 0,166 0,188 0,104 0,116 0,162 

Crowded -0,090 -0,113 0,031 -,342* -0,263 -0,134 -0,080 0,061 -0,121 -0,238 

Continious -,380** -,350** -0,151 -0,123 -0,070 0,084 0,034 0,226 -0,111 -0,055 

Shrill 0,254 0,250 -0,062 ,304* 0,257 0,099 0,102 -0,057 0,013 0,003 

Common 0,221 0,156 -0,035 0,047 0,019 0,099 -0,204 0,036 -0,111 -,270* 

**p<0,01 *p<0,05 pearson korelasyon analizi  

 

 

Table 3. Relationship between semantic differential scale and psychoacoustic metrics (N5, N50, 

N95, S5, S50, S95, R10, R50, F10, F50) in indoor space 

 

 N5 N50 N95 S5 S50 S95 R10 R50 F10 F50 

Exciting 0.267 0.028 -0.001 0.016 0.156 0.074 0.084 0.015 ,314** ,267* 

Tranquil 0.313 0.191 0.126 0.031 0.105 -0.008 -0.032 -0.141 ,273* ,259* 

Interesting 0.328 0.103 0.125 -0.164 -0.068 -0.187 -0.104 -0.181 ,290* 0.206 

Preferred 0.390 0.119 0.012 -0.060 -0.007 -0.209 0.024 -0.109 ,261* 0.151 

Harmonic 0.492 0.281 0.294 -0.111 0.048 -0.020 -0.053 -0.229 ,437** ,347** 

Crowded -0.214 0.022 0.080 -0.091 -0.126 -0.099 -,288* -0.155 -0.107 -0.005 

Shrill 0.423 0.142 0.013 -0.060 0.047 -0.030 0.060 -0.114 ,344** 0.193 

Distinct 0.272 0.133 -0.054 0.167 0.231 0.110 0.107 -0.042 ,273* 0.234 

Common -0.308 -0.095 0.008 -0.013 -0.059 0.037 -0.097 0.010 -,279* -0.190 

**p<0,01 *p<0,05 pearson korelasyon analizi  

 

4. CONCLUSIONS 

In this study, the soundscape perception of the participants in Diyarbakır Grand Mosque was 

evaluated with a semantic differential scale in indoor and outdoor spaces. Soundscape perception of 

spaces has been interpreted as: 

 Eventful, crowded, continuous, living, strong, loud for outdoor space; 

 pleasant, calm, quiet, exciting, tranquil, relaxing, interesting, preferred, harmonic, light, 

shrill, distinct for the indoor space. 

 

When psychoacoustic metrics and semantic differential scale were analyzed statistically, it was 

determined that many adjectives were correlated with S5 (eventful, calm, quiet, relaxing, preferred, 

crowded and shrill) and S50 (calm, quiet, tranquil) for the outdoor space. It is understood that the 

strongest relationship in the outdoor space occurs as a negative correlation between N5 and N50 in 

the adjective "continuous". 

For indoor space, it was determined that F10 was positively correlated with exciting, tranquil, 

interesting, preferred, harmonic, shrill, distinct, common adjective pairs and F50 with exciting, 

tranquil, harmonic adjective pairs. It has been observed that the strongest relationship in the indoor is 

positive with F50 in the adjective "harmonic". 

In this study, it was determined that there is a significant relationship between psychoacoustic 

metrics and soundscape perception. When the outdoor and indoor spaces are evaluated within the 



 

 

scope of soundscape, especially sharpness metric in outdoor space and fluctuation strength metric in 

indoor space created a meaningful relationship with adjective pairs.  
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ABSTRACT 

Soundmarks started to be investigated in the 1970s by the composer Murray Schafer. The term was created 

based on association with landmarks, referring to community sound with specific qualities linked to a 

geographical area. The identification of soundmarks is significant due to anthropological reasons, as those 

sounds make the community's acoustic life unique. They deserve to be protected, reinforcing the 

anthropological characteristics of a community, and enriching the soundscape. The present work aims to 

systematically collect data on reported soundmarks and special features in different urban scenarios in the 

German city of Aachen. The classification considers perceptual parameters [sound qualities, emotions, and 

memories composites], socio-cultural aspects, and objective parameters, such as acoustic and psychoacoustic 

indicators of the corresponding reported soundmarks.  

 

Keywords: Keynotes, Sound Signals, Soundmarks, Soundscape 

1. INTRODUCTION 

 

Murray Schafer developed the first taxonomy defined for the classification of sound sources at the 

end of the 1970s. According to Schafer [1], the sound sources in a soundscape are subdivided into 

keynote sounds, signals and soundmarks. Keynote sounds are not listened to consciously. Even so, 

their influence on our behaviour and moods is likely [1]. They are mainly related to geography, climate 

and natural sounds, e.g., water, wind, forests, plains, birds, insects and animals  or the pervasive 

cacophonous din of anthropogenic sounds like omnipresent traffic noise. Signals are foreground 

sounds and are listened to consciously, like acoustic warnings, are code permitting sounds, e.g., church 

bells, alarms, sirens, etc. Soundmarks are unique community sounds with special qualities that are 

perceived by the people in that community [1]. 

As requested by Schafer and other authors, this study aims to define new sound source classifie rs 

and apply the suggested taxonomy to perceived sound sources in Aachen, Germany taking into account 

special features. Additionally, other soundscape qualities, acoustic and psychoacoustic indicators and 

socio-cultural characteristics of the respondents are analysed.  
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2. METHODS 

2.1 Study Design 

The study design is represented in Figure 1 by means of a flowchart. The study design is subdivided 

into "Literature Review", where it was possible to define the soundscape special feature qualifiers for 

keynotes, sound signals and soundmarks. "Data Collection" informs details about the soundwalks. 

"Post-processing" indicates how the perceptual data was treated for further statistical analysis. 

"Cluster Analysis" shows formation of clusters as a validation for each class of soundscape special 

feature and creation of variable "cluster membership" which was cross-verified with psychoacoustic 

indicators in the last step called "Psychoacoustic Analysis".    

 

Figure 1 – Study design flowchart 

2.2 Literature Review 

Through the current state-of-the-art and new soundscape classifiers related to keynote sounds, 

sound signals and soundmarks, a systematic literature review was realised. 

Broad literature research was realised through search engines like Google Scholar, SCOPUS, 

Taylor and Francis, Springer, Elsevier, MDPI, ResearchGate, Academia, and journals from the 

European Acoustic Association and Acoustical Society of America. This work focused on 14 peer-

reviewed journal papers published over the last sixteen years, which matched the keywords 

"soundmarks", "keynote", "sound signal" and "soundscape". 

Following the PRISMA diagram flow methodology [2], 2580 works were identified through the 

search of the keywords mentioned above. An amount of 2526 was identified as duplicates, and they 

were removed from the amount of 2502, remaining  24 papers. From this amount, ten screen works 

were excluded due to the preference for collecting data from peer-reviewed journals. After this 

selection, a total of 14 papers followed the requirements of data collection [Figure 1]. 

The systematic review observed the following aspects: authorship, year, characteristics of each  

sound source according to the suggested taxonomy from Schafer [1], and examples of sound sources 

for each class. 

Table 1 shows a resume of soundscape special features qualifiers obtained through the systematic 

literature review.  

 

2.3 Own Data Collection 

The soundscape perceptual and objective data was collected through soundwalks in eight areas in 

Aachen, Germany. In each area, the soundwalks paths included three evaluation spots, evaluated by 

30 participants. Simultaneously sound recordings were made with an average duration of 15 min. The 



 

 

sound recording were performed with a set of Sennheiser KE-4 capsule omnidirectional microphones 

and KE-3 binaural microphones with open dome, and a Zoom-H6 multitrack recording device with a 

sampling rate of 44.1 kHz. The microphones calibration was performed with a B&K 4231 calibrator, 

and the recording device was calibrated with a voltage calibrator [0.01]. 

The perceptual soundscape data was collected with the help of questionnaires where the core of 

the questionnaire was a table, in which the participants could evaluate the following items: sound 

source [10, 11, 12], if this source was the background and/or foreground source [10, 11], intensity and 

comfort [12, 13, 14], nuisance [12], restoration [14, 15, 16], emotions [16, 17], memories [18] and a 

special feature from Aachen [1, 17]. The questions regarding the background and/or foreground 

sounds could help classify the soundscape special features and were used in the post -processing step 

of the dataset. After the soundwalks, all questionnaires were tabulated in IBM SPSS 27® together 

with calculated parameters for each reported sound source from the sound recordings with the help of 

ArtemiS Suite®, such as SPL(A), Loudness average and N5 [19], Sharpness [20], Roughness [21, 22, 

23], Fluctuation Strength [21, 22, 23] and Tonality [Hearing Model].  

 

Table 1 – Resume of soundscape special features’ qualifiers from literature review  

Special 

Feature 

Schafer [1] Other authors Examples 

Keynote 

sounds 

✓ Geography 

✓ Climate 

✓ Background [3] 

✓ Most important sounds of a 

place [4] 

✓ Man-made sounds [4] 

✓ Natural sounds [4] 

✓ Factory sounds 

[27] 

✓ Road noise [27] 

✓ Fountain [27] 

Sound 

signals 

✓ Signals 

✓ Foreground 

sounds 

✓ Acoustic 

warnings 

✓ One-off, unexpected, 

unpredictable, intermittent [5] 

✓ Sounds that inform about an 

event or activity [4] 

✓ Identification [6] 

✓ Alert [7] 

✓ Code permitting messages [7] 

✓ Transmitted quickly and 

clearly [7] 

✓ Church 

bells [27] 

✓ Azan [27] 

✓ Time [27] 

Sound-

marks 

✓ Community 

sound that is unique 

or processes qualities 

which make it special 

✓ Archetypal 

sounds 

✓ Time [5] 

✓ Human-made [8] 

✓ Active sounds [8] 

✓ Less irritating [4] 

✓ Capacity of being noticed [9]  

✓ Sense made of a sign [9] 

✓ Ferry horn [27] 

✓ Big-ben [27] 

 

2.4 Post-processing 

This study considered all the recognised sound sources that were considered special features of 

Aachen's soundscape. From the 3048 perceived sound sources, 384 were classified as special 

soundscape features from Aachen [Table 2], most were keynote sounds, followed by sound signals 

and soundmarks. The classification of special features accounted for the recognised qualities from the 

literature review shown in sub-item 2.2 for keynote sounds, sound signals and soundmarks. For 

keynote sounds the qualities were “K1 = Geography”, K2 = Climate”, K3 = Background sound”, “K4 

= Most import sound”, “K5 = Man-made sound”, “K6 = Natural sounds”. Regarding sound signals the 

qualifiers were “S1 = Signals”, “S2 = Foreground sounds”, “S3 = Acoustic warnings, alerts”, “S4 = 

One-off”, “S5 = Unexpected”, “S6 = Unpredictable”, “S7 = Intermittent”, “S8 = Sounds that inform 

about event or activity”, “S9 = Identification”, “S10 = Code permitting messages”, “S11 = Transmitted 

quick and clearly”. The soundmarks presented the following qualifiers: “SM1 = Unique to a 

community”, “SM2 = Archetypal sounds”, “SM3 = Time”, “SM4 = Human-made”, “SM5 = Active 

sounds”, “SM6 = Less irritating”, “SM7 = Capacity of being noticed”, “SM8 = Sense made of a sign”. 



 

 

Additional sound source classifiers from Murray Schafer's taxonomy [1] were used to give an 

impression of which activity the sound source was related. Schafer 's sound source taxonomy is 

subdivided into "1 = Natural sounds", "2 = Human sounds", "3 = Sounds and society", "4 = Mechanical 

sounds", "5 = Quiet and Silence", and "6 = Sounds as Indicators". 

 

Table 2 – Quantities of classified soundscape special features for each evaluation site 

Location Participants 

Perceived 

sound 

sources 

Perceived 

soundscape 

special 

features 

Keynote 

sounds 

Sound 

Signals 
Soundmarks 

AD 30 360 24 19 4 1 

BKM 30 360 45 41 4 0 

EL 44 528 113 110 3 0 

L 30 360 27 24 3 0 

CA 30 360 34 31 2 1 

TE 30 360 42 40 2 0 

WPS 30 360 51 51 0 0 

WPA 30 360 48 45 3 0 

Total 254 3048 384 361 21 2 
Legend: Adalbertsteinweg (AD), Bärenstraße – Königstraße – Mauerstraße (BKM), Elisenbrunnen (EL), 

Ludwigsallee (L), Stadtgarten (CA), Theaterstraße (TE), Westpark Spring (WPS) and Westpark Autumn (WPA). 

2.5 Cluster Analysis 

A two-step cluster analysis was conducted with the help of IBM SPSS®, a method with a pre-

clustering step, followed by a hierarchical grouping. The method allows the grouping of cases and 

variables and allows the analysis of data of mixed scale, nominal, ordinal and interval data [24]. The 

strength of the clusters is measured by the Silhouette measure of cohesion and separation [25]. The 

Chi-squared Goodness-of-Fit (χ2) measure made it possible to verify if the clusters were significant 

or randomly generated [26].  

Three cluster sets were analysed, where A) keynote sounds, B) sound signal, and C) soundmarks. 

The main parameters for the clusters' formation include classified sound sources according to 

Schafer's soundscape taxonomy [1], the classified soundscape special feature A-C, sound qualities 

regarding intensity, comfort, nuisance, restoration, emotions and memories, as well as information 

related to evaluation spot. These parameters formed the clusters and gave the cluster strength. Socio-

cultural parameters such as gender, categorised age, nationality, time and motivation to live in Aachen, 

provided additional information about the subjects that provided the perceptual responses that formed 

the clusters. These parameters did not contribute to the cluster strength but helped to give the 

participant's profile. After verifying the cluster strength and significance, a new variable could be 

recorded, which provided the cluster membership of each observation. 

2.6 Psychoacoustic Analysis 

With the help of the cluster membership from the keynote sounds, it was possible to sort the 

observations by cluster and verify each cluster's acoustic and psychoacoustic characteristics  according 

to the sounds classes from Schafer's taxonomy [1]. When the clustering was not significant, e.g., sound 

signals, the cluster membership was not used for sorting results. Instead, it just analysed the 

classification of sound sources according to Schafer's taxonomy [1]. 

3. RESULTS 

3.1 Clusters Soundmarks 

As observed in Table 2, it was not possible to realise a Two-Step Cluster Analysis due to the number 

of reported sound sources classified as soundmarks [two observations].  

3.2 Clusters Sound Signals 

It was realised as a Two-Step Cluster Analysis with 16 inputs [Classified sound source – Schafer, 

Information related to evaluation spot, S3 = Acoustic warnings, alerts, S4 = One-off, S5 = Unexpected, 

S6 = Unpredictable, S8 = Sounds that inform about event or activity, S9 = Identification, S10 = Code 



 

 

permitting messages, S11 = Transmitted quick and clearly, Intensity, Comfort, Nuisance, Restoration, 

Memories and Emotions]. The Two-Step Cluster Analysis generated two clusters, where cluster 1 had 

eight observations (38.1%) and cluster 2 had 13 observations (61.9%). They had with a good (0.5) 

measure of Silhouette. Still, a Chi-square Goodness of Fit equivalent to χ (1) = 1.190 and p-value of 

0.275 indicates that the clusters are not significant and can be considered as generated randomly. This 

fact is due to the small number of observations reported as sound signals.  

3.3 Clusters Keynote Sounds 

For the Two-Step Cluster Analysis with Keynote sounds it was used 14 inputs (Classified sound 

source – Schafer, Information related to evaluation spot, K1 = Geography, K2 = Climate, K3 = 

Background sound", K4 = Most import sound, K5 = Man-made sound, K6 = Natural sounds, Intensity, 

Comfort, Nuisance, Restoration, Emotions and Memories). From these inputs, it was generated two 

clusters, where cluster 1 had 75 observations (20.5%) and cluster 2 had 284 observations (79.1%), 

with a good (0.5) measure of Silhouette and Chi-square Goodness of Fit equivalent to χ (1) = 121.674 

and p-value < 0.001, indicating significant results.  

As shown in Table 3, Cluster 1, the participants reported mostly natural sounds (98.7%), which 

were related to K1 – Geography (Yes = 93.3%), K3 – Background sound (Yes = 81.3%), K6 – Natural 

sounds (Yes = 100%). The intensity was reported mainly with neutral responses and comfort, nuisance 

and restoration with slight positive responses. There was no association with emotion as the most 

frequent response. Participants were mainly German, male, aged 22-30 years, living in Aachen for 

five years due to education. Cluster 2 shows that mechanical sounds are predominant (56%), as these 

were classified as keynote sounds due to characteristics such as being "K3 – Background sound" 

(67.3%) and "K5 – Man-made sounds" (100%). They are slight negative related to intensity, nuisance, 

comfort, and restoration. Most participants have the same socio-cultural characteristics described in 

Cluster 1.  

Table 3 – Cluster results for Keynote sounds 

Parameters Predictor 

Importance 

Cluster 1 

N= 75 

Cluster 2 

N= 284 

Classified sound source – Schafer 0.94 Natural (98.7%) Mechanical (56%) 

Information related to evaluation spot 0.09  Spot E (22.7%) Spot A (10.9%) 

Keynote K1 – Geography 0.92 Yes (93.3%) No (100%) 

Keynote K2 – Climate 0.20 No (77.3%) No (100%) 

Keynote K3 – Background sound 0.02 Yes (81.3%) Yes (67.3%) 

Keynote K4 – Most important sound 0.03 No (80%) No (63%) 

Keynote K5 – Man-made sound 0.92 No (93.3%) Yes (100%) 

Keynote K6 – Natural sounds 1.00 Yes (100%) No (100%) 

Intensity 0.05 Neutral (41.3%) Sl. noisy (36.3%) 

Comfort 0.22 Sl. comfortable 

(45.3%) 

Sl. uncomfortable 

(43%) 

Nuisance 0.17 Sl. Not annoying 

(49.3%) 

Sl. annoying (35.2%)  

Restoration 0.24 Sl. relaxing (49.3%) Sl. exhausting (38.7%) 

Memories 0.07 No answer (33.3%) No (60.9%) 

Emotions 0.07 No (49.3%) No (74.6%) 

Categorised age 0.05 22 – 30 y (54.7%) 22 – 30 y (72.9%) 

Gender 0.01 Male (50.7%) Male (58.5%) 

Nationality 0.06 German (49.3%) German (66.2%) 

Time living in AC 0.01 Over 5 y (30.7%) Over 5 y (42.6%) 

Motivation to live in AC 0.02 Education (58.7%) Education (63.7%) 

 

3.4 Psychoacoustic Analysis 

The psychoacoustic analysis was realised for three categories of sounds: soundmarks, sound 

signals and keynote sounds. As observed in Table 2, two sound sources were classified as soundmarks, 

due to their special characteristics. One sound source was related to the church bell in 

Adalbertsteinweg, but this sound source was also classified as sound signal. The other reported 

soundmark was related to the Carolus Thermal bath, which is in the neighbourhood of Stadtgarten. 



 

 

The acoustic and psychoacoustic characteristic of the Carolus Thermal bath presented the following 

values: LAeq = 56.36 dB(A), N5 = 10.9 sone GF, Savg = 1.39 acum, Ravg = 0.02 asper, FSavg = 0.01 vacil, 

Tavg = 0.21 tu.  

Figure 2 shows the results for the sound signals. According to Schafer's taxonomy, the sound 

signals could be sub-classified into "sounds as indicators", which include church bells, "sounds and 

society" represented by mobile telephone sounds, "natural sounds" exemplified by dogs barking 

sounds, and "mechanical sounds" which were related to horns, ring and squeaks related to transport. 

Most of the sound signals were classified as "sounds as indicators" and had a great variation of 

observations in all parameters, probably due to the distance of the sound source [church bells]. The 

averages were as follows LAeq = 57.29 dB(A), N5 = 18.10 sone GF, Savg = 1.36 acum, Ravg = 0.02 asper, 

FSavg = 0.02 vacil, Tavg = 0.24 tu.  

Figure 3 is showing the results that the keynote sounds were sub-classified as "sounds and society", 

"natural sounds, "mechanical sounds" and "human sounds". Cluster 1 presented a greater 

concentration in "natural sounds" (birds, water and wind), with the following acoustic and 

psychoacoustic values: LAeq = 54 dB[A], N5 = 11.97 sone GF, Savg = 1.26 acum, Ravg = 0.03 asper, 

FSavg = 0.04 vacil, Tavg = 1.26 tu. Cluster 2 shows a greater concentration of observations regarding 

“mechanical sounds” (traffic) with the following values: SPLA = 60.95 dB(A), N5 = 21.76 sone GF, 

Savg = 1.28 acum, Ravg = 0.03 asper, FSavg = 0.04 vacil, Tavg = 1.31 tu. Transport sounds are highlighted 

as keynote sounds in Parker & Spennenmann [27]. 

  

 

  

  

Figure 2 – Box plots: Sound signals acoustic and psychoacoustic results 



 

 

  

  

  

Figure 3 - Box plots: Keynote sounds acoustic and psychoacoustic results 

4. CONCLUSIONS 

This work aimed to define new sound source classifiers according to Schafer and other authors and 

to apply the new suggested taxonomy to perceived sound sources considered special features in 

Aachen, Germany. The aim was achieved through a systematic literature review, adding qualities as 

classifiers for soundmarks, keynote sounds and sound signals.  

It was realised a Two-Step Cluster analysis to help to highlight which sounds are classified as 

special features, which was successfully observed for keynote sounds. Two clusters were formed, one 

that highlighted the positive qualities of natural sounds. The psychoacoustic parameter with greater 

amplitude was Tonality. Other sounds were classified with negative qualities from mechanical sounds 

related to transportation. The indicators with greater amplitudes were LAeq, N5, Fluctuation Strength 

and Tonality. Sound signals were widely reported when participants heard church bells. N 5 and 

Tonality are the parameters with greater amplitudes. Few sounds were classified as soundmarks, which 

could also be confounded with sound signals. The description of sound source classifiers by means of 

acoustic and psychoacoustic parameters to allow for an automatic assignment appears challenging and 

further research is needed.  
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