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ABSTRACT 

The archaeoacoustics of rock-art studies how past communities chose certain acoustic environments to set 

activities involving the production of paintings and carvings. Although sound is ephemeral, acoustic 

environments persevere over time. Acoustic and perceptual sciences can study the sensory potential of 

soundscapes through experimentation on modern-day participants.   

This study sought to explore whether archeological rock-art sites have particular acoustics that would elicit 

distinct emotional reactions. Sixty participants were presented with a series of natural sounds convolved with 

the impulse responses from six positions in Altai (Russia), three of them were in front of rock-art panels, and 

three of them not. Participants were interrogated about the feelings exalted by the sounds they heard, using 

ten psychoacoustical and emotional scales.  

All the descriptor ratings were significantly affected by the sound that was listened. Also, participants rated 

all sounds as significantly more pleasant with the acoustics from not in front of the panels. The presence, 

closeness, alert, peace and calm evoked by sounds were also significantly influenced by the location. 
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1. INTRODUCTION 

 Archaeoacoustics of rock art inquiries about how and why past communities chose certain acoustic 

environments for the production of paintings and carvings (Díaz-Andreu et al., 2015). Acoustics affect both 

listeners’ emotional reactions and sound perception (Västfjäll. 2012). By studying the emotions elicited by 

the acoustics of archaeological sites of interest in modern-day participants, we aim to better understand the 

auditory experience endured by ancient communities (Kolar, 2013). This is possible through auralization, the 

presentation of an anechoic sound convoluted with the impulse response of a space of interest to listeners 

(Vorländer, 2008). Listeners’ individual emotional reactions can be measured during the listening (Västfjäll 

et al., 2002; Pätynen & Lokki, 2016) to ultimately extract conclusions about the selection process of the most 
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suitable places for rock art production. The aim of the research presented here was to investigate, from a 

psychoarchaeoacoustics point of view (Valenzuela et al., 2020), the acoustic environments of rock art sites 

from the Republic of Altai, Federal District of Siberia (Russia). 

 There is a tight relation between rock art, sound and the landscape in several cultures around the globe 

(Díaz-Andreu et al., 2021; Díaz-Andreu & Mattioli, 2021). In the area of Altai, people living in the area 

believe that rocks are inhabited by mythical beings (Tátar, 1996). There are no written sources indicating an 

explicit relation with rock art production, but the similarity of the economic system of the period where the 

ethnographic information was taken, as well as the widespread geographical area where similar beliefs are 

found, makes us to assume that many of these beliefs may have its roots in the past.  By reproducing the 

characteristic rock art soundscapes of the region of Altai and studying its effects on auditory perception and 

emotion, we may better understand the auditory experience lived by the communities who participated in the 

social and religious events that took place in the rock art sites. 

 In the present work we recreated the soundscapes of six locations along the region of Altai, three of 

them close to rock art panels (art+ condition), and three away from rock art panels (art- condition), 

convolving its impulse responses with 17 sounds characteristic of the natural landscapes of Siberia. We 

presented the sounds in a spatial audio format, 3rd order Ambisonics and interrogated participants about their 

reactions during the listening. We expected to observe differences between conditions in all the 

psychoacoustical and emotional dimensions studied. This would lead us to confirm the hypothesis that the 

perceived acoustic characteristics of a place played a role in the consideration of that space as sacred and in 

its selection for rock art production. 

2. METHODS 

 Sixty human volunteers participated on this experiment. The study was approved by the Bioethics 

Committee of the University of Barcelona according to the Code of Ethics of the World Medical Association 

(Declaration of Helsinki). All participants gave written informed consent.  

 Seventeen different sounds of 20 seconds duration, from natural sources including animals (an ibex, a 

lynx, a leopard, a sheep, a bear, a cricket, an eagle, a crane, a pack of grey wolves and a plover) and other 

natural phenomena (the wind, the rain, a bonfire, a snowstorm, a river, a waterfall and a thunderstorm). Five 

additional sounds were used for the first five trials of each block, for participants to practice on the task, but 

these data were not further analyzed.  

 Each sound was convolved with six impulse responses (IRs) recorded in different natural landscapes 

of the Republic of Altai, using the MIMO IR technique (Farina & Chiesi, 2016; Farina, 2020). Three of these 

were recorded in front of rock art panels (art+ condition, figure 1) and three in front of walls without presence 

of rock art (art- condition). The objective was to isolate the effects of the variable presence of rock art. The 

six resulting versions of the stimulus set were classified in three bundles (one, two and three), each including 

one art+ and one art- version. 



 

 

 

Figure 1. Rock art panles of Kalbak Tash 1 (A), Kalbak Tash 2, panel 2 (B), and Torgun I5 (C), in front of which the impulse 

responses employed as art+ condition of the present study were recorded. 

 

 Participants were randomly assigned to three groups of 20 participants each, and each group was 

presented with one of the three subsets of stimuli. 

 Four acoustic parameters (contemplated in ISO 3382-1 standards, AENOR, 2010) were calculated 

with the ARTA acoustic software (version 1.9.4.1) across octave bands from 125 to 2000Hz, for each of the 

six impulse responses: speech clarity (C50, measured in decibels), music clarity (C80, measured in decibels), 

reverberation time (T20, measured in seconds) and late lateral sound level (Lj, measured in decibels). Table 

1. 

 

Table 1. Values for the acoustic parameters: speech clarity (C50, dB), music clarity (C80, dB), reverberation time (T20, 

seconds) and late lateral sound level (Lj, dB), calculated from the six impulse responses employed in the study. Average of the 

octave bands from 125 to 2000 Hz. 

  C50 (dB) C80 (dB) T20 (s) Lj (dB) 

Group 1 Ctrl 15.140 15.470 0.029 -25.464 

 Exp 32.900 43.800 0.089 -44.418 

Group 2 Ctrl 14.130 18.870 0.017 -29.000 

 Exp 29.710 36.600 0.090 -34.804 

Group 3 Ctrl 20.630 31.410 0.017 -23.006 

 Exp 27.120 34.890 0.119 -49.574 

 

 The experiment was carried out in the Immersive Psychoacoustics Laboratory (immpaLAB), set up 

by the Artsoundscapes project at the Faculty of Psychology of the University of Barcelona (Spain). 

Participants started by filling in questionnaire about religiosity and spirituality [the Centrality of Religiosity 



 

 

Scale (Huber and Huber, 2021)], a State-Trait Anxiety Inventory (STAI, Spielbelger et al., 1983). Then, 

participants were presented with one of the three subsets of stimuli described previously, depending on the 

group they were randomly assigned. Stimuli were presented in random order, first in one condition (art+ or 

art-) and then in the other. Half participants listened to the art+ condition first, and the other half, the other 

way around. After listening to each sound, participants were interrogated about how they perceived the sound 

and the emotions it elicited, using ten descriptors. These were present, spacious, enveloping, deep, close, 

alert, tension, peace, calm and pleasure. All of these have been previously employed in different studies 

involving auditory stimuli (Russel, 1980; Watson & Clark, 1988; Barron, 1993; Zentner et al., 2008; Trost et 

al., 2012). 

 A total of ten factorial ANCOVA analyses were carried out, one for each descriptor studied. Factors in 

the model were the group (with three levels), the sound (with seventeen levels) and the art (with two levels, 

art+ and art-). Three covariates were also considered: one score derived from the Centrality of Religiosity 

Scale and two scores derived from the STAI questionnaire. All the p-values were corrected for multiple 

testing using the Benjamini-Hochberg (FDR) method. In all cases, the significance level considered was α = 

0.05. All the analyses were carried out using the software R (version 3.6.2) and the ez package (Lawrence, 

2016). 

3. RESULTS 

 The influence of the factor of interest (art) was observed over the ratings of pleasure. Also, an 

interaction between the factors art and group was observed over the ratings of the descriptors present, close, 

alert, peace, calm and tension. The ratings of tension were also modeled by the triple interaction of the factors 

group, art and sound. 

 In the case of pleasure the ratings were higher when listening to the sounds convolved with the art- 

impulse response (M = 3.968, SD = 3.285) compared to the art+ (M = 3.729, SD = 3.278, figure 2).  

 

Figure 2. Ratings of the descriptor 'pleasure' significantly influenced by the factor ‘art’. 



 

 

 For the descriptors presence, closeness, alert, peace and calm, post-hoc comparisons were carried out 

to analyze the effect of the factor art on each group separately. The factor art had a significant influence over 

the ratings that participants from the third group attributed to these descriptors. Participants from this group 

rated the sounds convolved with the art+ impulse response as more present (M = 7.338, SD = 2.118) and 

closer (M = 7.182, SD = 2.124), as well as evoking more alert (M = 5.706, SD = 3.052), less peace (M = 

3.585, SD = 3.116) and less calm (M = 3.728, SD = 3.240) in comparison to its art-, in which the sounds 

were rated as less present (M = 6.511, SD = 2.065), less close (M = 6.171, SD = 2.193) and evoking less alert 

(M = 5.200, SD = 2.944), more peace (M = 4.193, SD = 3.185) and more calm (M = 4.289, SD = 3.183). 

Figure 3. 

 

Figure 3. Ratings of the descriptors ‘presence’, ‘close’, ‘alert’, ‘peace’ and ‘calm' significantly influenced by the factor ‘art’ 

on each group. 

 

 For the descriptor tension a post-hoc analysis was carried out to observe the influence of the factor art 

on each group and sound separately. For the sound of plover a significant influence of the factor art was 

found in the first and third groups. Participants from the first group rated the sound of the plover in the art+ 

condition -convolved with the impulse response recorded in front of the rock art panel of Kalbak Tash I- as 



 

 

significantly less tension-evoking (M = 3.350, SD = 2.368) than in the art- condition (M = 5.650, SD = 2.834). 

On the contrary, in the third group, participants rated the sound of the plover in the art+ condition -convolved 

with the impulse response recorded in front of the panel of Torgun i5- as more tension-evoking (M = 6.050, 

SD = 2.564) than in the art- condition (M = 4.150, SD = 1.725). Figure 4. 

 

Figure 4. Ratings of the descriptor 'tension' when listening to the sound of 'plover' significantly influenced by the 

factor ‘art’ in the third group. 

 Since various studies have shown a relation between emotional valence and energy distribution along 

the frequency spectrum (Scherer, 1986; Banse & Scherer, 1996; Waaramaa et al., 2010; Patel et al., 2011), 

we further analyzed the spectrum of the sound of the plover convolved with the impulse responses presented 

to the first and third groups. Figure 5 shows a distribution of amplitude along the frequency spectrum of this 

sound convolved with the mentioned four impulse responses, with a peak frequency in all cases around 3000 

Hz. 

 

Figure 5. Relative amplitude of frequencies between 200 and 8000 Hz of the sound of ‘plover’ convolved with the four 

impulse responses listened by participants from groups 1 (pink) and 3 (blue), in art- (in front of a wall away from rock art 

panels, line with circles) and art+ (in front of a panel with rock art, dashes with triangles) conditions. 



 

 

4. DISCUSSION 

 Previous studies showed that dynamic changes in musical stimuli (Pätynen & Lokki, 2016) and 

dynamic responsiveness of the acoustic space (Green & Kahle, 2018; Pätynen & Lokki, 2018) are key for 

emotional exaltation during the listening. Late lateral sound level (Lj) reaches higher values in the art- 

impulse responses employed in the present study, compared to the art+ ones. The higher Lj translates into 

higher dynamic responsiveness and might explain the greater pleasure reported by participants when listening 

to the sounds presented with art- acoustics. 

 The acoustics in the position where the rock art panel of Torgun I5 is located have a longer 

reverberation than its corresponding art-. Therefore, the perceived distance from the sound source should be 

greater in front of the rock art panel (ARUP, 2020; Bronkhorst & Houtgast, 1999; Kolarik et al., 2015). 

However, we observe the opposite. The reason might be that the reverberation is still too short to be causing 

an increase in the perceived distance from the sound source, and in contrast, the increased sound amplification 

in the art+ position could cause an increased perceived presence and closeness of the sounds. Since sound 

level is inversely related to calmness (MSSS, 2016) this also explains the higher ratings of alert and lower 

ratings of peace and calm in that position. 

 Loudness (Granot & Eitan, 2015) and pitch (Granot & Eitan, 2015, Ilie & Thomson, 2015) are known 

to be directly related with a sensation of tension. Therefore, the greater amplification of the high-pitched peak 

frequency that we observed could be the cause for a stronger tension evocation when listening to the sound 

of the plover in the art- impulse response of the first group and the art+ impulse response of the third group. 

Díaz-Andreu et al. (2022) found a greater sound amplification in all the sites analyzed in the lower Chuya 

river area, with the exception of Kalbak Tash I, that behaved opposite to its neighboring rock art sites. These 

findings match with the opposite results obtained of the tension reported by participants from the first and 

third groups when listening to the sound of a plover, and lead us to think that Kalbak Tash I does not offer a 

good representation of the acoustic behavior of the rock art sites of the area. Also, that in this particular case 

the sound strength parameter was not especially related to the selection of this spot for decoration (Díaz-

Andreu et al., 2022). 

5. CONCLUSIONS 

 After conducting the present study, our hypothesis was partially confirmed; an effect of the acoustic 

environment was observed over several psychoacoustic and emotional dimensions. However, only one effect 

was consistent across the different rock art sites. Therefore, further research is necessary in order to confirm 

that the observed phenomena are repeated in other rock art sites and, therefore, that acoustics could have 

played a role in the selection for rock art production. 
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ABSTRACT 

The acoustics applied to the ancient monuments has been found to be of great interest, especially when 

other disciplines interface with the sound perception of virtual reality. This paper deals with the digital 

reconstruction of the acoustic conditions related to the Greek-Roman theatre of  Tyndaris through its 

historical architectural evolution from the 4th century BCE. The auralization of the selected audio 

recording has been applied to four different scenarios, representing the theatre in its past original condition 

(PC), in the current conditions (CC), in a future condition (FC) that includes an acoustic shell on the 

orchestra area, and in a hypothetical condition with the original scene preserved, but the current degraded 

cavea (SC). The absorption coefficients of the digital model have been calibrated based on the measured 

results of the current condition. These data have been used as input for the PC and FC models. The same 

source-receivers set-up has been used in the three conditions. Furthermore, a listening test has been 

submitted to 8 volunteers who have been involved in the assessment of the subjective acoustic parameters, 

that is, the Intensity, Reverberation, Clarity, Tonal Balance, Listener envelopment, Apparent source width, 

Distance and the source localization in the virtual environment. 

 

Keywords: Ancient theatres, subjective acoustic tests, Auditory VR 

1. INTRODUCTION 

During the last decade, a growing interest towards the use virtual reality to make our cultural 

heritage more accessible has emerged. One of possible application of this tool is the evaluation of 

the effect of architectural interventions on the acoustic performance of historical buildings during 

the design process (1). The purpose of this work is to investigate the benefits of comparing a 

methodic evaluation conducted with the objective parameters, given by ISO 3382-1:2009, with the 

subjective data gathered through listening tests with spatialized audio in  virtual reality in the case 

study of different conditions of an ancient open-air theatre. 

The acoustic simulation tools are nowadays easily available to a wide variety of audience, 

composed also of non-experts who approach the most developed technology given its contained 

costs. This situation occurs also in specific contexts, spanning from the acoustic space design to the 

reconstructions of non-existing buildings (archaeo-acoustics), including the virtual world of the 

gaming industry (2). However, if the latest generation of technology creates new research 

opportunities for the experts in acoustics, at the same time it can potentially raise several concerns 

on the accuracy and reliability of the acoustic simulations. On this bas is, the issues can be faced 

especially when there is a lack of a fully understanding of critical acoustic problems pertaining to 

both simulation algorithms and modelling techniques (3). 
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Postma and Katz have described the potentials of auralization in virtual reality applied to 

historical reconstruction in (4) and (5).  

Moreover, acoustic simulations for particular spaces such as ancient theatres present several 

challenges (6). It has been shown that the objective acoustic parameters (ISO 3382-1:2009) do not 

fully describe the acoustic characteristics (7), thus a more “listening” - related approach could be 

used to reach accurate acoustic models of existing conditions as well as to investigate acoustic 

effects for any adaptive reuse (8). 

This paper proposes the integration of Ambisonic auralization and its applications in an adaptive 

reuse project related to the ancient theatre of Tyndaris. The theatre has been considered in its past 

original condition (PC), in the current conditions (CC), in a future condition (FC) that  includes an 

acoustic shell on the orchestra area, and in a hypothetical condition with the original scene 

preserved (SC). A description of the shape and the geometrical characteristics, including material 

choices, for the proposed acoustic shell is also developed. Furthermore, the methodologies to 

achieve reliable results in open-air theatres have been developed and explored along with a careful 

calibration procedure of the three specific conditions. 

2. MATERIALS AND METHODOLOGY 

2.1 Case study overview 

The ancient theatre of Tyndaris is located on the seaside of Sicily, specifically on a cliff facing 

the natural landscape of the Tyrrhenian Sea at a height of 180 m. It is surrounded by the ruins of the 

ancient city of Tyndaris that was founded in 396 BCE by Greeks. The birth of this Greek colony was 

specifically due for retaining the exiles of the nearby city of Messenia (modern Messina). 

The shape of this theatre has considerably changed throughout the centuries. During the 4th 

century BCE a scenic building was added to close-up the orchestra, and during the late imperial age 

of the Roman empire substantial modifications have been made to adapt the theatre to host the 

performance of gladiators’ spectacles and fights against wild beasts.  

After important natural events, like landslides and earthquakes, the Greek theatre was buried for 

several centuries until the archaeological excavations occurred in 1838 and continued between 1960 

and 1998. 

Nowadays the theatre hosts also artistic performance, but its existing acoustic state is 

compromised by many factors: the lack of the original scenic building, responsible of useful 

reflections supporting the actor's voice, the absence of a large part of the steps of the cavea and the 

general deterioration of the materials, impacting the reflectivity, and the increasing noise levels of 

the surroundings due to traffic. 

2.2 Calibration process 

The measured results herein used for the calibration process are related to the acoustic survey 

carried out in September 2015 by the Applied Acoustics Research Group of the Department of 

Energy of the Politecnico di Torino, extensively described in (9).  

 

 

Figure 1 – a) Source and receiver positions in Ramsete. 

b) Axonometric view of the calibration model showing the mapping of the materials in the current situation. 



 

 

The chosen software for the simulations is Ramsete, a widely employed geometrical acoustics (GA) 

software based on pyramid tracing, an evolution of the conical beam tracing (10). 

The same number and location of source and receivers have been used during the measurements 

and in Ramsete, in order to proceed with the calibration process of the absorbing and scattering 

coefficients of the materials placed in the theatre, which was done by trial and error.  

This paper makes use of the results used in previous research studies, that have validated an 

acoustic model reflecting the existing conditions of the theatre by tuning the spectra of the measured 

values of the main acoustic parameters with those obtained by the digital simulatio n (11). All the 

materials in the model have been mapped as shown in Figure 1b. 

Table 1 summarises the absorption coefficients applied to the materials used for the acoustic 

calibrations. The sound absorption coefficients are affected by a high level of uncertainty as 

reported by Vorländer (12) especially due to the consistent aging effect of the materials. 

 

Table 1 – Sound absorption coefficients. 

  63 125 250 500 1000 2000 4000 8000 

OPENINGS 1 1 1 1 1 1 1 1 

BRICK 0.2 0.2 0.2 0.1 0.05 0.05 0.05 0.05 

WOOD 0.4 0.4 0.3 0.2 0.04 0.02 0.02 0.02 

STONE - OPUS QUADRATUM 0.1 0.1 0.1 0.1 0.1 0.1 0.1 0.1 

STONE - OPUS SILICIUM 0.36 0.36 0.39 0.43 0.43 0.47 0.49 0.47 

STONE 50% EARTH 50% 0.31 0.25 0.28 0.29 0.2 0.15 0.15 0.15 

EARTH 0.25 0.35 0.42 0.43 0.3 0.21 0.25 0.25 

EARTH 80% GRASS 20% 0.39 0.35 0.38 0.39 0.25 0.2 0.2 0.3 

BEATEN EARTH 0.25 0.22 0.35 0.35 0.22 0.1 0.15 0.2 

GRASS 0.2 0.25 0.36 0.37 0.38 0.28 0.19 0.18 

 

 

The calibration procedure is based on the principles proposed in (4). The following description 

highlights the details of the geometrical acoustic (GA) model construction. In particular: 

• The impulse responses (IRs) have been used like a reference point for the ca libration 

process. In this case, measured values are gathered from the 2015 survey.  

• A 3D model has been realised by using AutoCAD 2022, allowing a reconstruction of the 

theatre reporting the most relevant geometrical features and details (13). Specifically, a 

number of 2261 faces have been modeled in the DXF format file, then exported to be used 

in Ramsete. 

• A material mapping has been performed based on a photogrammetry of the site and wide -

angle photos. Reflecting the conditions existing during the measurements, the cavea was in 

part covered by wooden benches and plastic chairs; the orchestra instead was covered by a 

wooden platform. 

• The reverberation time (T20) and strength (G) are the main acoustic parameters that have 

been considered sufficient for the calibration process (14). The tuning of the values, 

developed like an iterative process, has been completed when the difference between 

measured and simulated values is within 5% and 1 dB, respectively (15). 

2.3 Construction of PC and FC models 

From the CC model calibration, shapes of the architectural components and materials were 

modified to create the virtual reconstruction of the past conditions (PC) resembling the Hellenistic 
configuration of the theatre, as shown in Figure 2. 



 

 

 

Figure 2 – Axonometric view of models used for the simulation of the Hellenistic configuration. 

 

The solution chosen for the project of adaptive reuse has already been proposed in 2016 by 

Giovanni Bouvet (16). It consists of a scenic structure that takes advantage of the Canac’s Law to 

provide the early reflections useful for increasing the loudness of the sound signal. This future 

scenario was named FC. 

The innovation of the reuse design project is based on a new acoustic shell characterised by a 

curved shape. This reflecting surface was generated by an evolutionary solver (i.e. Galapagos), a 

plugin for Grasshopper deploying computational morphogenesis, using a simple Image Source 

Method (ISM) algorithm, partially based on François Canac's studies.  

 

    

Figure 3 – Structure of the acoustic shell 

 

The shape of this geometry has been developed considering the recommendations of the Syracuse 

Charter (17), asserting that temporary structures can integrate through gaps in order to optimise the 

acoustic performance: the modular approach of the singular components allows for a lightweight 

removable structure that does not impose any permanent impact on the archaeological site. 

One additional fourth modelling scenario (SC) was created by transporting the scenic building 

from PC to CC to assess the impact of the scenic building on the sound field without the 

reverberation generated by fully intact cavea of PC. 



 

 

2.4 Ambisonic auralizations 

From each of the four simulations, and for the selected source and listener positions, one IR was 

exported to create the auralizations for the listening test. The IRs were exported from the receiver 

point R5 in B-format with an ambisonic order of 3 (3OA – 16 channels). They were then used for 

the convolution of two anechoic recordings, one speech sample and one music sample, using the 

multichannel convolution matrix VST plugin X-MCFX running inside the sound processing program 

Plogue Bidule. 

The resulting tracks, each with 16 channels, were then muxed with a 360° video made by 

rendering an equirectangular image of a 3d model of the corresponding scene, centred around the 

receiver point R5 in Blender. The mux was realized with FB360 Encoder, a free software developed 

by Facebook that is able to use a 3OA track to create a .mkv file with 10 audio channels that can be 

read by a Meta Quest 2 in standalone mode. 

2.5 Listening test 

The resulting immersive scenes have been compared in a subjective listening test, structured as 

an AB comparison (18) presented inside the virtual reality environment using a Head Mounted 

Display (HMD), specifically a Meta Quest 2, and open headphones (Sennheiser HD 650).  

Twenty-four auralization pairs were created, 8 of which were presented in a random order to each 

participant. Each pair was followed by a set of 3 questions, presented inside the immersive video: 

1. How different are the two signals on a scale of 0 to 10? 

2. What kind of difference did you perceive? (Multiple choice answer: Intensity, Reverberation,  

Clarity, Tonal Balance, Listener envelopment, Apparent source width, Distance) 

3. Which signal did you prefer between first and second? 

The listening methodology has been used also in other studies and has been extensively described in 

(5). Eight participants, self-evaluated normal hearing subjects aged between 22 and 32, were given 

written instructions before the test, including the definitions of the perceptual attributes required to 

answer the second questions. An extensive description of the same attributes can be found in (5); 

they were also given two training pairs before starting the test and they were allowed to replay each 

comparison as much as they needed. Their progress was constantly followed, taking advantage of 

the wireless screen mirroring capability offered by the Meta Quest 2. 

At the end of the test, participants were asked to remove the HMD to answer a last question about 

the position of the sound source. Participants were provided a tablet showing the planimetry of the 

theatre where they could draw freely with a stylus to indicate the position and dimensions of the 

source.  

All of the listening test sessions have been conducted inside the anechoic chamber of the Politecnico 

di Torino in order to avoid any external disturbing noise. Closed headphones would have been 

equally efficient at preventing distraction, but they would have impaired communication between 

the tester and the subject. 

 

 

 

Figure 4 – a) Set-up fore listening test in the anechoic room at Politecnico di Torino. 

b) Rendering of the 3D model of the theatre in the current condition with the addition of an acoustic shell 

corresponding to FC. 

 



 

 

3. RESULTS 

3.1 Objective parameters comparison 

Figures 5, 6 and 7 show a comparison of CC, PC and FC based on the main objective parameters 

considered during the simulations.  

The virtual reintegration of the missing parts of the cavea, together with the reconstruction of the 

frons scaenae in PC, generated a noticeable increase of the T20 and G and drastic decrease of C50 and 

C80. The effectiveness of the reflective shell in FC is proved by an average increment in G of 1.8 dB 

and a better Clarity of speech, +2.4 dB on average for C50, compared to CC; yet this improvement 

could be unperceivable for a common spectator. 

 

 

Figure 5 – Comparison of the values of Gmid for CC, PC and FC. 

 

 

Figure 6 – Comparison of the values of T20 for CC, PC and FC. 

 



 

 

 

Figure 7 – Comparison of the values of C50 for CC, PC and FC. 

 

3.2 Subjective comparison 

The results of the listening test show a clear preference of FC over CC, especially when 

comparing speech auralizations; in this case FC was preferred 75% of the times, suggesting that the 

impact of the acoustic shell on the sound field could be noticeable for the audience. The more 

reverberant scenery of PC was still preferred over the other two, even for speech, although the 

participant reported a noticeable decrease of clarity. 

Seven of eight participants were able to clearly identify the position of the sound source at the 

center of the orchestra when asked at the end of the session. 

Being allowed to replay the audio pair as much as they needed was very useful for the 

participants since most of them expressed an initial sense of disorientation. Many subjects also 

reported they were not sure if they were basing their preferences on visual or auditory input. 

4. CONCLUSIONS 

Aim of this preliminary study was to investigate the benefits of comparing a methodic evaluation 

conducted with the objective parameters, given by ISO 3382-1:2009, with the subjective data 

gathered through listening tests with spatialized audio in virtual reality in the case study of ancient 

open-air theatre 

The answers given by the subjects of the listening test result useful to evaluate the accuracy of 

the geometrical-acoustic models. Moreover, they confirm the previous assumptions based on the 

analysis of objective parameters. However, given the limited number of participants (=8) the 

reliability of the results must be further investigated with more listeners that would allow to apply 

more advanced statistical methods. Some of the critical aspects of the test were related to the 

repeatability of the results when the participants were asked to evaluate the same auralization pair 

twice, and to the influence of the visual stimulus on the evaluations. Future research will focus on 

reducing these uncertainties in order to be able to take advantage of subjective listening tests to 

evaluate possible projects of adaptive reuse and to create accurate reconstructions of past 

configurations of the historically valuable buildings of our cultural heritage. 
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ABSTRACT 

Ecological Momentary Assessment (EMA) is a method which includes repeated ad-hoc surveys in real-life 

as well as the collection of objective environmental data. In this way, EMA provides snapshots of individual 

listening experiences affected by hearing loss, living environment, and life-style. The method is considered 

to be more ecologically valid then clinical test methods or virtual acoustic environments for assessing hearing 

abilities. It provides a large amount of data referring to real-world conditions, tasks, behavior, and emotions. 

In comparison with lab experiments, however, EMA comes with uncontrolled parameter settings, many 

confounders, questionable compliance, and low reliability. In EMA, comparisons between participants or test 

settings (e.g., with and without hearing devices) are hindered by the lack of reproducibility since real-life 

situations cannot be precisely reproduced at different points in time. In this contribution, clinical settings, 

virtual test setups in the laboratory, and real-life experiments in EMA studies are compared in terms of their 

differences and similarities. Each of the approaches has its advantages and disadvantages, and it is these 

differences that make them complementary rather than competitors. 

 

Keywords: Ecological Momentary Assessment, clinical settings, virtual acoustics 

1. INTRODUCTION 

In hearing research, EMA is a method to repeatedly assess momentary listening experiences in 

everyday life over a longer period, e.g., several days or weeks (1, 2). The subjective assessments can 

be supplemented by recordings of objective acoustic parameters. Nowadays, modern technologies are 

often used for this purpose, such as the open-source EMA system olMEGA consisting of two head-

worn microphones, a transmission box, and a smartphone (4, 5) presented in another contribution to 

this conference (3). 

Intuitively, EMA allows for data collection with higher ecological validity (6) than measurement 

methods in the laboratory. However, the advantage of higher ecological validity is bought by, for 

example, less controlled experiments and many confounders. Realistic replications of everyday 

situations in the laboratory (7) or virtual experimental setups (8) could act as a link between controlled 

and standardized clinical measurement conditions and everyday life. The analysis of everyday 

situations can contribute to the selection of prototype listening situations (9, 10) that allow 

controllable laboratory experiments relevant to everyday life. In this contribution, EMA is contrasted 

with clinical settings and virtual experimental setups (see Tables 1 and 2). 

2. Comparisons 

2.1 Aspects of study design 

Hearing tests with pure tones, speech tests, and questionnaires are used in clinical settings for 

diagnosis purposes and for the validation of technical hearing devices (hearing aids, implants). The 

pure-tone and speech tests can be considered as controlled experiments. Data are collected under 

predefined conditions with a fixed and standardized set of parameters. Due to the narrow time period 

available in the regular clinical routines, the measurement time for each test is limited to a few minutes. 

From the participant’s perspective, travel and waiting time must be added to the measurement time 

itself to estimate the burden of the clinical examination. During the measurement, maximum 
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compliance must be assumed, which generally can be observed and ensured by the investigator.  

Controlled and high compliance experiments are also performed in virtual test setups. In contrast 

to clinical settings, there is usually more time available in research for conducting measurements in 

virtual test setups. The common measurement period in the laboratory is up to 2 h and can be extended 

by additional appointments. Travel time must also be added to the participant’s burden. The available 

measurement time allows data collection under specifically selected, predefined conditions with 

systematic variation of parameters. Particularly in virtual setups, a wide range of subjective and 

objective methods is used to examine hearing and hearing-related perceptions. An overview of 

measurement methods for listening effort, for example, is given by McGarrigle et al. (11) and Klink 

et al. (12, 13). 

EMA studies, on the other hand, are basically uncontrolled experiments with many confounders.  

The measurement equipment, i.e., at least a smartphone, has to be worn by the participants in their 

daily life mostly for several days or weeks. Thus, the observation time is much longer in EMA 

applications than in laboratory experiments. Several surveys are completed digitally per day and 

additional objective data can be collected. With this approach, EMA can allow for a representative 

design (14), i.e., aiming at a representative image of everyday life by the repeated assessment of 

randomly selected listening situations. There are several sources for selection bias. Assumingly the 

most important, participants cannot always respond immediately to a prompt. For example, the use of 

a smartphone would be impolite in conversational situations or safety-critical in road traffic situations. 

In addition, the risk of careless responses (15) increases with increasing measurement duration. As 

far as compliance is concerned, essentially only retrospective control is possible in EMA by 

calculating the ratio of the number of surveys and the number of prompts. A lot of studies have shown 

that compliance varies widely between participants (2). 

 

Table 1 – Comparison of clinical setting, virtual test setup and EMA by design aspects 

Design aspect Clinical setting Virtual test setup EMA 

Experiment type Controlled Controlled Uncontrolled, with many 
confounders 

Conditions Predefined with 
fixed standardized 
set of parameters 

Specifically selected and 
predefined with 
systematic variation of 
parameters 

Representative design except 
for improper conditions; 
parameter variations depend 
on the individual everyday life 

Appointment Onetime and short, 
in the clinic 

One to several and max.  
2 h each, in the lab 

Longer period of observations 
in everyday life 

Burden Travel, waiting, and 
measurement time 

Travel and measurement 
time 

Carry equipment for several 
days or weeks 

Methods Pure-tone detection, 
speech recognition, 
retrospective 
questionnaires 

Divers subjective and 
objective methods 

Several surveys per day; 
additional objective data 

Compliance Observable and 
assessable;  
goal: 100% 

Observable and 
assessable;  
goal: 100% 

Retrospectively calculated; 
careless responses possible 

 

  



 

 

2.2 Communication task 

In everyday life, the most apparent goal of communication is the exchange of information. For this 

purpose, the content of speech must be understood and processed. Generally, communication 

situations require not only listening, but also one’s own speaking. On average, the proportion of time 

per day spent speaking on one’s own is about 10% (16). In EMA studies, this natural interpersonal 

contact is not substantially influenced by data collection, therefore an almost natural behavior can be 

assumed. 

In contrast, the tasks in clinical hearing testing is characterized by only listening and repeating the 

presented speech. No real communication takes place during the measurements, i.e., it involves 

unnatural behavior without interpersonal contact and meaningful responses. Although the task in 

virtual test setups often also includes the repetition of presented speech stimuli, other tasks can be 

integrated. An example is the DiapixUK task (17), in which two people must converse in order to 

solve a joint task. However, there is always the risk that the interpersonal contacts are too artificially 

established with the consequence that the behavior may turn out unnatural. 

 

Table 2 – Comparison of clinical setting, virtual test setup and EMA by various test features 

Test features Clinical setting Virtual test setup EMA 

Communication task Only listening and 
repeating speech 
items 

Depends, but mostly 
only listening 

Content of speech has to be 
understood and processed 

Personal contact None Artificial Natural 

Behavior Unnatural Possible unnatural (Mostly) natural 

Reproducibility  Exact Exact Limited 

Sound pressure level Speech and/or noise at  
60 or 65 dB SPL 

Selected and calibrated 
appropriate for the 
simulated condition 

Set by the momentary 
situation 

Signal-to-noise ratio Speech recognition 
threshold mostly at 
negative SNR 

Not specified Mostly positive 

Attention One target speaker 
with one noise source 

Diverse conditions Divided and selected; one 
to several sound sources  

Participants Patients Volunteers in their 
leisure time 

Volunteers in their leisure 
time 

Motivation Medical goal:  
diagnostics or 
rehabilitation 

Tasks not necessarily 
meaningful and 
relevant; (almost) 
constant motivation 
during measurement 

Meaningful and relevant 
tasks; motivation varies 
over time; includes stress, 
excitement, personal 
involvement, emotions, 
fatigue over time 

 



 

 

2.3 Reproducibility 

In clinical settings and virtual test setups, measurement conditions can be accurately reproduced 

at any time. This is usually not possible for EMA studies. Even if the participant visits the same 

listening situation at different times, e.g., a restaurant or watching TV at home, one cannot assume 

the same acoustic conditions for different occasions. Additionally, the number and variety of listening 

situations may be different for the same participant in different study periods. From (18, 19), among 

others, it was shown that the agreement of the type of sound classes between two study periods was 

only at correlations coefficients of r=0.64 (18) and r=0.52 (19), respectively. 

2.4 Sound pressure levels 

In clinical settings, speech recognition is typically determined at sound pressure levels (SPL) for 

speech of 60 or 65 dB, which are considered average levels in communication situations  (20). These 

levels are also used for speech-in-noise testing. Virtual test setups aim to replicate everyday situations 

in the laboratory. Therefore, levels which correspond to the selected everyday situation are choosen. 

Pohlhausen et al. (16) used the EMA system olMEGA to analyze SPL in daily life of 13 elderly 

participants. Type of sound sources not considered (speech or noises), a median SPL of 50.3 dBA was 

obtained, which was reduced to 49.0 dBA when the data segments that are very likely to contain the 

participants’ own voices were excluded. Because the participants were often in quiet environments at 

home, the results are consistent with those of Pearsons et al. (21), who observed speech levels of 

55 dB at background noise levels below 45 dB. However, median SPL of about 54 dBA for background 

noise and 64 dBA for speech were measured in home environments by Wu et al. (10). In crowded 

listening situations, SPL for speech reach a median of about 70 dBA.  

2.5 Signal-to-noise ratios 

Since in everyday situations the speech level increases with the background noise level, a negative 

signal-to-noise ratio (SNR) is rarely observed (10, 22, 23). However, in clinical settings, speech 

recognition in noise is often determined at negative SNR. This is because the speech recognition 

threshold (SRT) for speech recognition scores of 50% can be determined quickly and with high 

reproducibility using adaptive procedures. For matrix tests (24), the SRT reference value for young 

normal-hearing persons is about -7 dB SNR. However, persons with hearing loss can also show a 

negative SRT (25).   

2.6 Attention 

In clinical settings, speech recognition is determined for a target speaker, which is usually 

presented via a loudspeaker positioned in the front of the test person (0° direction). The test is 

performed in quiet or with one noise source, i.e., attention can be directed to the target speaker. A 

wide range of conditions can be implemented in virtual test setups. An example is the Concurrent 

Oldenburg sentence test (CCOLSA, 26), where three target speakers are presented and an alternation 

between divided and selective attention is required. In everyday situation, any combination of 

different sound sources and of selective and divided attention can occur. As an example, Figure 1 

shows the percentage of the number of sound sources in an EMA study (27). In most situations, the 

participants reported only one sound source. However, in about a quarter of the situations, more than 

one sound source was present. Wu et al. (10) found that speech targets come from the front in the most 

common listening situations and report a high proportion of diffuse noise situations when it is not 

quiet. 

2.7 Motivation 

In clinical settings, participants are patients who usually have a relevant medical interest in 

diagnosis or rehabilitation. In contrast, studies in virtual test setups or with EMA involve volunteers 

participating in their leisure time. The tasks in virtual test setups are not necessarily meaningful and 

relevant to the participants. As the measurements are performed under the super vision of an 

investigator, it can be assumed that motivation is approximately constant during the measurements. 

Nevertheless, it is difficult to create the same level of stress in laboratory situations that can occur in 

personally volatile situations in everyday life, especially for participants who frequently participate 

in laboratory studies (28). 

EMA studies are also conducted with volunteers and their motivation to respond to smartphone 

prompts may vary over time, but the data collected refers to real-life situations which include 



 

 

meaningful and relevant tasks. Daily life is accompanied by different levels of stress as well as 

excitement, personal involvement, emotion, and fatigue. Moreover, the importance that is individually 

attached to certain situations, may have an impact on the assessment. As an example from an EMA 

dataset (27), Figure 2 shows the relationship between listening effort, loudness, and importance of 

hearing well. Listening effort increases not only with loudness, but also in important listening 

situations compared to less important listening situations.    

  

 

Figure 1 – Percentage of the number of sound sources in an EMA study.  

 

 

 

Figure 2 – Listening effort in dependence of loudness (soft, medium, and loud) and importance 

(unimportant, partly important, and important) 

3. CONCLUSIONS 

In this contribution, clinical setting, virtual test setups, and the EMA method were compared with 

respect to distinctive criteria and exemplified. The methods pursue different goals and should not be 

seen as competitors, but as complements. For the future it would be desirable if elements of the EMA 

method and virtual test setups were adopted in everyday clinical practice to increase the ecological 

validity of clinical settings.  
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ABSTRACT
Virtual reality (VR) is becoming increasingly important in psychoacoustic research as it allows for controllable
and reproducible experimental environments. For the perceived plausibility of virtual environments, the con-
gruency of acoustic and visual stimuli is of high relevance. However, auralization of virtual sound sources can
introduce localization inaccuracies that induce a spatial mismatch between the visual and audio signals, e.g., by
using simplified spatial sound. This, in turn, could increase participants’ cognitive load, which could be a dis-
advantage for listening research in audiovisual VR environments compared to conventional laboratory settings.
With the aid of the well-established serial recall paradigm, this work investigated to what extent such spatial
congruency effects affect verbal short-term memory for heard speech depending on the angle of mismatch be-
tween acoustic and visual stimuli. Furthermore, we tested if the participant’s performance varied when the task
was done in a standard setup with a 2D computer screen presentation or in a virtual 3D scene presented on a
head-mounted display (HMD). In our experiment (n = 23) we found significant differences in the reaction time
between the screen and the virtual reality (VR) environment as well as in dependence of audio-visual spatial
congruency.

Keywords: Short-Term Memory, Serial Recall, Audio-Visual, Spatial Congruency, Virtual Reality

1 INTRODUCTION
In everyday human interaction, verbal communication is of high importance. Although verbal information is
primarily received in the auditory domain, corresponding visual cues like lip movements can affect auditory
perception and help language understanding [1]. This is especially important in challenging listening situations
with background noise or distracting talkers. The process of linking information from multiple sensory modal-
ities (e.g., visual, auditory) is referred to as multisensory integration. More precisely, the integration of visual
and auditory stimuli is called audio-visual integration. Multimodal presentation of stimuli has been shown to
be beneficial for, e.g., short-term memory performance [2]. When integrating audio-visual information, humans
can tolerate a certain degree of incongruency, e.g., in a video call when a poor internet connection causes a
temporal difference between the audio and video channel. Research by Slutsky et al. [3] showed that audio-
visual stimuli with a discrepancy larger than 150 ms are no longer perceived as a unit. Chen and Vroomen [4]
report a temporal just noticeable difference (JND) of ±200 ms. Similar effects can be observed in the spatial
domain: the spatial ventriloquism effect describes the tendency to perceive spatially separated audio and video
stimuli as a unit, given the separation is small enough. Generally, such discrepancies should not exceed 5◦ [3].
However, in other studies, visual and auditory stimuli were perceived as one unit for angle discrepancies as
large as ϕ = 30◦ [5].

In recent years, VR is applied increasingly in research as it allows for controllable and reproducible close-
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to-real-life experimental environments. So far, mostly traditional setups with computer screens have been used
in cognitive psychology research (cf. [6]). Since such artificial scenarios differ from those in everyday life, it is
also possible that different cognitive processes are challenged in reality [7].

3D visual environments are oftentimes accompanied by a virtual acoustic environment to provide coher-
ent spatial sound and thus enhance immersion. However, individualization of spatial cues, e.g., by measuring
an individual head-related transfer function (HRTF), is a time-consuming and expensive procedure. Thus, es-
pecially for commercial applications and for research groups with no access to elaborate spatial reproduction
methods, simplified spatial sound is used which could result in a localization blur [8] and, in turn, in per-
ceived audio-visual incongruency. As short-term memory performance benefits from audio-visual integration,
such uncertainties could increase the difficulty of remembering heard speech.

This study aims to investigate if short-term memory for heard speech is influenced (1) by audio-visual angle
discrepancies and (2) by the visual presentation environment, i.e., computer screen or VR scene on an head-
mounted display (HMD). For this purpose, a listening experiment was implemented. To measure short-term
memory performance for heard material, the auditory verbal serial recall (aVSR) paradigm was used [9]. Here,
the participants hear a sequence of verbal items and are asked to recall them in the presented order after a
short retention interval. The listening experiment was performed both in a VR environment and a traditional
laboratory setup with a computer screen. Furthermore, audio-visual integration was challenged by introducing
angle discrepancies.

2 LISTENING EXPERIMENT DESIGN
2.1 Visual environment
With the technical developments in recent years, VR environments are increasingly applied in cognitive psychol-
ogy research. In contrast to traditional experimental setups with computer screens, VR enables the simulation
of close-to-real-life scenarios. One goal of this work was to investigate whether short-term memory for heard
material is influenced by different modes of visual presentation, i.e., traditional computer setups or VR. For
that purpose, two visual conditions were introduced to the aVSR: the visual stimuli were either presented on a
computer screen or an HMD.

As a plausible visual cue and to simulate a realistic conversational situation, a female virtual human was
generated with MetaHuman Creator. To determine the voice speaking the auditory stimuli which matches the
virtual human face best, a prestudy was carried out using the recordings from Oberem and Fels [10]. This was
done to reduce the influence of a content mismatch in the audio-visual stimuli on the participants’ performance.
The prestudy was generated using SoSci Survey 3.3.11 [11]. The 57 participants (18 male, 36 female, 3 divers)
aged between 22 and 65 years (M = 35.0 years, SD = 8.6 years) rated the voice female voice ’fb’ from the
database as most pleasant and fitting. To obtain a lively appearance, an idle animation and lip-syncing via
Oculus Lipsync were added to the virtual human for the main experiment.

In the 2D computer screen environment (hereafter referred to as Screen Environment), the face of the virtual
human was presented on a Fujitsu B24T-7 screen with a 24" diagonal and a resolution of 1920 × 1080 pixels
placed on a desk in front of the participant. The 3D environment (hereafter referred to as VR Environment) was
visualized using an HTC Vive Pro Eye HMD. Here, the virtual human was shown to be seated on a chair in
front of the listener in such a way that the height and distance at which the face was positioned stayed constant
in between environments.

2.2 Audio-visual angle discrepancies
The visual target was positioned at a fixed position in front of the listener at an azimuth angle of ϕ = 0◦. Four
absolute azimuth angles were chosen for the audio target position. The selection of audio-visual mismatch an-
gles should include cases small enough so that the visual and auditory stimuli are still expected to be perceived
as a unit and cases large enough so that an audio-visual mismatch is obvious. Research on the ventriloquism
effect showed that a visual and auditory stimulus can be perceived as a unit for angle discrepancies as large as
ϕ = 30◦ [5]. To cover this interval, |∆ϕ|= 15◦ and |∆ϕ|= 30◦ were selected. As an obviously mismatching case
an angle deviation of |∆ϕ| = 60◦ was chosen, following the work by Fintor et al. [12], where a conversation



Figure 1. One trial in the implementation of the aVSR in Unreal Engine consists of four steps: countdown,
audio-visual presentation of stimuli, retention period, and recall period.

between two talkers at ϕ =±60◦ is investigated. Lastly, as a baseline condition, |∆ϕ|= 0◦ was included, where
no audio-visual angle discrepancy occurs. As in [12], the visual and all auditory sources were positioned at a
distance of 2.5 m from the participants’ head center.

2.3 Paradigm
The well-established auditory verbal serial recall paradigm was used in this study to investigate short-term
memory performance. The study was implemented using Unreal Engine 4.27 based on the aVSR code by
Schlittmeier et al. [6]. One experimental trial is displayed in Figure 1. Each experimental trial started with a
countdown, where three rectangles decreasing in size were presented visually, with an interval of 0.5s between
appearances. Subsequently, an arbitrary digit sequence was chosen from a predefined set. Each digit sequence
consisted of 8 elements, namely the digits from 1 to 9, with each digit only appearing once in a sequence.
Obvious sequences like 1-2-3-4-5-6-7-8 were excluded from the predefined set. The serial positions of the
digits were approximately balanced over all sequences. Every number sequence was only presented once to
each participant.

The digits were presented auditorily at a rate of one digit per second. Simultaneously, the virtual human with
matching lip-synchronization was shown as the visual stimulus. After a retention period of 3s, the presented
digits were arranged on the screen in a randomized order in a matrix. The participants were then asked to
reconstruct the remembered presentation order by clicking the respective digits. There was no time limit for the
number reconstruction task. No corrections were possible, as the digits disappeared upon clicking. Afterwards,
the next trial began.

2.4 Auralization
The target signal consisted of recordings of the digits 1 to 9 in German of the female voice ’fb’ by Oberem
and Fels [10]. No recording of the digit 5 was included in the publication but was available as a raw recording
and post-processed accordingly. To avoid a visual fixation on the potential source positions, it was decided
against loudspeakers when choosing the audio reproduction method. Instead, the source sources were realized
as virtual sources using Virtual Acoustics (VA) [13], version 2020a. The signals were auralized in a free
field environment with no room acoustics. To ensure plausible spatial cues, a generic HRTF of the Institute
for Hearing Technology and Acoustics (IHTA) artificial head [14] with a 5◦× 5◦ resolution was used, which
provides sufficiently precise localization in dynamic scenes for most listeners as shown by Oberem et al. [15].
The target signal was played back via Sennheiser HD650 headphones in both visual environments. Headphone
equalization was performed by measuring an individual headphone-related transfer function (HpTF) for each
participant with the method proposed by Masiero and Fels [16]. The target signal was calibrated to 60 dB(A)
at the ear canal entrance with the IHTA artificial head (Note: the IHTA head is not equipped with an ear canal
simulator).

To enable head movements while creating the perception of a fixed sound source position, head tracking was



employed. The position of the sound receiver’s head center was continuously updated in VA. Different tracking
systems were chosen for the two visual environments. In the HMD environment, the tracking system provided
by HTC was used to both update the visual position of the virtual pawn in Unreal and, via the VA plugin
for Unreal, the position of the sound receiver in the VA environment. In the Screen Environment, this tracking
system could not be used, as the participants did not wear the HMD. Thus, a tracking body was attached to
the headphones which could be tracked with OptiTrack infrared cameras in Motive 2.1.1. Positional data was
streamed to VA with the OptiTrack Unreal Engine 4 plugin 2.27 and the VA plugin for Unreal.

2.5 Participants
In the scope of this study, 23 adults (7 female, 17 male, 1 divers) aged between 19 and 36 years (M = 26.16
years, SD = 4.28 years) were recruited amongst students and assistants at the IHTA and via the institute’s
listening experiment online booking system. Participants had to be native German speakers (self-reported) to
participate. To ensure normal hearing below 25dBHL, an audiometry up to 14kHz was performed prior to
the listening experiment. Furthermore, participants had to pass a Snellen Test (20/30) [17] to examine their
eyesight. Participants with corrected-to-normal vision were admitted if their visual aid could be worn under the
HMD without discomfort. All participants received compensation in the form of sweets and a 10e voucher for
a local bookstore.

2.6 Room
The experiment was carried out in the virtual reality laboratory (VRLab) of the IHTA at the RWTH Aachen
University in Germany (l ×w× h = 5m× 8m× 2.8m). The walls are covered with curtains, which enclose a
quadratic ground plane of 5m×5m for the experimental area [18]. To ensure congruency between the Screen
Environment, where the visual target is only visible on the PC screen, and the VR Environment, where the
participant is fully immersed in a virtual room, a 3D model of VRLab was generated in Unreal Engine 4.27.
While in the Screen Environment the model served as the background for the virtual human, it surrounded the
participants as a virtual environment in the VR Environment.

2.7 Procedure
The participants completed all trials for one visual environment (Screen or VR) before moving on to the next
environment. The start environment was balanced over participants. In each environment, written instructions
for the task were displayed on white background. After that, all participants went through a training block
consisting of eight trials (two per audio-visual angle discrepancy condition) to familiarize themselves with the
respective controller and the task itself. Participants could ask questions and take a break afterwards. In the
main block, each audio-visual angle discrepancy condition was tested 12 times, resulting in a total of 48 main
trials per environment. The trials were split up into three blocks of 16 trials each (four per audio-visual angle
discrepancy condition) to avoid fatigue effects. The order of the angle discrepancy conditions was randomized
within each block. After each main block and before switching the visual environment, the participants had the
chance to take a break of no fixed length. The duration of the whole experiment was ca. 60 min long.

3 RESULTS AND DISCUSSION
The results are evaluated with regard to two dependent variables: the reaction time and the performance accu-
racy in terms of the proportion of correctly recalled digits per trial. The reaction time is defined as the time
passed between two button clicks (or the time between the start of the feedback period and the first button
click for serial position one) and is measured in seconds. The performance accuracy is computed as the sum
of digits recalled at the correct serial position in one trial divided by the total number of digits per trial, here
eight, and thus ranged between 0 (no digits recalled correctly) and 1 (all eight digits recalled correctly). All
statistic evaluations were performed in IBM SPSS Statistics, version 28.0.1.1.

A 2× 4 repeated measures analysis of variance (ANOVA) was conducted for both the reaction time and
performance accuracy, with the visual environment (Screen, VR) and the audio-visual angle discrepancy |∆ϕ|
(0◦, 15◦, 30◦, 60◦) as the two within-subjects factors. Prior, data cleaning was performed by excluding trials
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Figure 2. Distribution of performance accuracy and reaction time between the Screen, the VR Environment, and
both environments (– median, ◦ mean). The reaction time between environments is significantly different.

that exceeded the range of M±2 ·SD per participant and factor combination.
Performance accuracy values were normally distributed except for |∆ϕ|= 60◦ and |∆ϕ|= 30◦ in the Screen

Environment, as assessed by the Shapiro-Wilk test with α = .026 and α = .019, respectively. For the reaction
time, normality violations were found only for |∆ϕ| = 60◦ in the VR Environment (α = .009). According to
Berkovits et al. [19], the ANOVA is robust against these violations if the requirement for sphericity is met.
This was confirmed with the Mauchly test. Thus, the ANOVA results could be interpreted.

3.1 Effect of visual environment
In Figure 2, the distribution of the performance accuracy and reaction time data are displayed for the two visual
environments Screen and VR. No significant differences in performance accuracy could be found between the
environments, F(1,22) = 0.139, p = .713. This leads to the assumption that the performance accuracy of the
participants was not influenced by the visual environment they had to perform the task in. For the reaction
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Figure 3. Difference in reaction time between the VR and the Screen Environment in seconds over the serial
position ± the standard error.



time a significant difference between the environments could be found, F(1,22) = 9.018, p = .007, with a
larger reaction time in the VR Environment (M = 1.029s, SD = 0.286s) compared to the Screen Environment
(M = 1.135s, SD = 0.404s). This result can potentially be explained by the handling of the controllers. While
in the Screen Environment a mouse was used, the digit selection VR Environment was done with a VR controller,
which requires more physical and time-consuming movement by the participants.

Especially at the beginning of the feedback phase before selecting the first digit, the VR controller has to be
moved from the resting position to the number pad, while the mouse cursor naturally stays within the area of
the computer screen. Thus, the largest difference in reaction times between the environments is to be expected
at the first serial position. As visualized in Figure 3, this is the case. Paired t-tests of the reaction time between
the VR and Screen Environment for each serial position showed significantly lower reaction times in the Screen
Environment for the first serial position, t(22) = 3.579, p = .002. No other serial position did yield significant
differences in reaction time.

3.2 Effect of audio-visual angle discrepancies
The course of the performance accuracy over the audio-visual angle discrepancies |∆ϕ| is displayed in Figure 4.
The angles were chosen to cover both audio-visual spatial congruent cases (|∆ϕ| = 0◦), cases in which audio-
visual spatial integration has been shown in literature (|∆ϕ| = 0◦, 30◦), and cases where a spatial separation
between the audio and visual stimulus is obvious (|∆ϕ| = 60◦). From the choice of the angles, a general
decrease in performance was expected for angles where audio-visual discrepancies become obvious. However,
the results of the ANOVA did not show a significant influence of the angle discrepancies on the performance
accuracy, F(3,66) = 0.869, p = .462. There are multiple possible explanations for this finding. Either no audio-
visual integration was necessary to successfully complete the task, as all the information was contained in the
auditory stream while the visual stream (lip movements) only offered repetitive information. Or, audio-visual
integration did happen but the chosen angle discrepancies did not influence (or only to a degree not visible
with n = 23) the results. It is also possible that the face and the lip-movement of the virtual human, which
was generated artificially, were not close enough to reality and thus irritate the participants. Although not
significant, the graphs show an increase in performance accuracy for larger angular differences, indicating better
performance for larger separation between the audio and video stream. These tendencies should be investigated
further in future research.

For the reaction time, a significant influence of the audio-visual angle discrepancies could be found, F(3,66)=
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Figure 4. Proportion of correct recalled digits per trial ± standard error for the Screen, the VR Environment,
and both environments over the audiovisual angle discrepancies |∆ϕ|.
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Figure 5. Reaction time between digits ± standard error for the Screen and the VR Environment over the
audiovisual angle discrepancies |∆ϕ|.

2.833, p = .045 (cf. Figure 5). However, Bonferroni post-hoc tests did not identify two angles leading to sig-
nificantly different reaction times. On a descriptive level, the reaction time increases from |∆ϕ| = 0◦ to 30◦ and
decreases again towards a minimum at |∆ϕ| = 60◦. This leads to the assumption that less reflection time was
needed in the case of stronger stream segregation. More research is necessary to investigate this tendency.

Finally, the interaction between the visual environments and audio-visual angle discrepancies was investi-
gated. No interaction could be found for the reaction time (F(3,66) = 0.688, p = .562) or the performance
accuracy (F(3,66) = 0.700, p = .555).

4 CONCLUSION
The results of the listening experiment revealed that the performance accuracy did not differ significantly be-
tween the Screen and the VR Environment. The reaction time differed significantly, presumably due to the
different physical effort required to operate the different controllers (computer mouse, VR controller). No sig-
nificant influence of the audio-visual angle discrepancies on the performance accuracy was found. The reaction
time was influenced significantly by the angle discrepancy in general. However, post-hoc tests did not reveal a
pair of angles that showed a significant difference. Overall, the findings are qualified by several limitations that
suggest new directions for future research.
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ABSTRACT 

A mismatch between the outcomes of “classical” audiological tests and the perceived benefits of aided 
hearing impaired patients leads to an interest in more ecologically valid testing methods, better reflecting the 
patients’ performance in real-world situations. 
In daily-life, a highly relevant indoor (home) environment is the living room in which listening and speech 
communication typically involve different target or interferer sources on a sofa or chair, a TV set, or in an 
adjacent room connected with an open door. 
This study compares speech intelligibility in a controllable laboratory environment closely resembling an 
average German living room with an adjacent kitchen and in the according virtual representations. Speech 
recognition thresholds of normal hearing listeners in the real-world living room lab and in three different 
acoustic reproductions were compared using measured and simulated room impulse responses: binaural 
presentation via headphones, a small-scale 4-channel loudspeaker array, and a 3-dimensional 86-channel 
loudspeaker array in an anechoic environment. Target and interferer positions were permuted over four 
different positions in the living room lab, including an acoustically challenging position in the adjacent 
kitchen room without line of sight. Implications are discussed in the context of the reproductions and potential 
applications with hearing impaired listeners. 
 
Keywords: virtual acoustics, ecological validity, speech intelligibility 

1. INTRODUCTION 
Moving challenging daily-life acoustic situations into the lab is a step in hearing research towards 

ecologically valid testing (1). Typically, a mismatch between proposed benefit of hearing aids and 
experienced benefit by the hearing aid wearer in real-life situations is observed (e.g., 2). A typical 
acoustic communication environment at home for hearing-impaired and normal hearing people is the 
living room (3, 4). Virtual acoustic environments offer the potential of more ecologically valid testing, 
enabling controlled, lab-based reproduction of existing real-world environments and other realistic 
complex acoustic environments. 

Speech intelligibility has been measured in several virtual environments: in a virtual underground 
station with measured and modeled impulse responses auralized via 60 loudspeakers (5), in an office 
meeting scenario reproduced using higher-order ambisonics (HOA) recordings, rendered on a 64 
channel spherical loudspeaker array (6), and in a simulated reverberant cafeteria in a 3-D loudspeaker 
array with 41 equalized loudspeakers (7). Virtual sound environments auralized via a spherical array 
of 29 loudspeakers using Ambisonics or nearest loudspeaker method have been validated by a 
comparison to the real environment (8). A comparison of speech intelligibility in a real room compared 
with speech intelligibility in virtual reproduction, has been performed for a reverberant reference room 
(9). 

In the current study, we focus on a direct comparison of a real living room environment, established 
as “living room lab” in the university building and simulated acoustic reproductions. Once the 
simulation is verified, it offers the advantage that arbitrary conditions can be generated for 
psychoacoustical testing as well as for large datasets, e.g., for machine learning. Speech recognition 
thresholds (SRTs) were measured with loudspeakers as sources in the real room - the ground truth – 
and were compared to SRTs measured with simulated acoustic reproductions: Besides binaural 
reproductions using headphones, a minimum, small-scale 4-channel horizontal loudspeaker array in a 
listening booth was used as well as a reproduction with a spherical 86-channel loudspeaker array in 
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an anechoic chamber. The small-scale loudspeaker array in the listening booth resembles a 
reproduction system typically available at a commercial hearing aid distributor or in a clinical context. 
The large scale system offers more optimal 3-dimensional reproduction without undesired acoustic 
effects of the reproduction room itself. Both loudspeaker reproduction systems enable the listener to 
wear hearing aids during the measurement and allow for natural head movements. 

2. METHODS 

2.1 Listeners 

Five normal hearing German native speakers (four females, one male; aged 22-28 years; median 
age of 25 years) participated in the experiments. They had hearing thresholds for pure tones better 
than 20 dB HL at the frequencies 125, 250, 500, 750, 1000, 1500, 2000, 3000, 4000, 6000 and 8000 
Hz, except for one listener with a hearing threshold of 30 dB HL at 500 Hz and 25 dB HL at 750 Hz. 
All listeners received an hourly compensation for their participation in the experiment. 

2.2 Acoustic environment and conditions 

A typical living room and its virtual acoustic reproduction were used in the measurements (see 
Fig. 1). 

The living room was built and designed as a lab environment at the University of Oldenburg to 
closely resemble a typical German living room with an adjacent smaller (kitchen) room, connected by 
a door. In the living room lab, a seating group, a sofa table, a carpet, and a TV on a TV board are 
present among other furniture items. The flooring is laminate. 
 

 
Figure 1 – Living room lab at the university Oldenburg with indicated target and receiver positions 

 

The living room has the dimensions 4.97 m x 3.78 m x 2.71 m (width x length x height), while the 
kitchen has the dimensions 4.97 m x 2.00 m x 2.71 m. The overall volume of booth rooms is 77.85 m³. 

The receiver is positioned at R1, seated on the couch. The masker has a fixed position at S4. The 
target is presented from one of three target positions: in the coupled room without a direct line of sight 
(S7), to the right of the receiver on a chair (S5), and directly in front of the receiver (S-TV). For the 
target and masker, Genelec 8030 loudspeakers were located at the respective positions (10, 11). The 
upper row in Table 1 shows the reverberation time (specified as T30) of the living room with open 
door to the connected kitchen. 

 

Table 1 – Reverberation time T30 in the living room (door open) in seconds: 

 125 Hz 250 Hz 500 Hz 1000 Hz 2000 Hz 4000 Hz 8000 Hz 

Measured ��� (�) 0.49 0.5 0.49 0.53 0.54 0.47 0.38 

Simulated ��� (�) 0.47 0.45 0.48 0.48 0.48 0.46 0.34 



 

 

2.3 Apparatus and procedure 

Speech intelligibility (50% speech recognition threshold, SRT) was measured using the AFC 
framework (12) with the OLSA matrix sentence test (13) in the presence of an interfering nonsense 
speech talker using a male-transformed version (14) of the international speech test signal (ISTS; 15). 
While the masker level was fixed, the level of the target was varied depending on the number of 
correctly identified words. The OLSA was presented as an open test, and listeners repeated the 
understood words or sentences. 

The target S-TV was calibrated to 63 dB SPL at the receiver position using a stationary masking 
noise with the same spectrum as the sentences of the OLSA matrix test. 

Speech perception was compared in the real world living room lab (LRL) and in three different 
acoustic reproductions (see Table 2). The “ground truth” setup in the real living room consisted of 4 
loudspeakers (from which 2 were active in each measurement) at the positions S-TV, S7, S5 and S4. 
Here, the listener was seated at the receiver position R1 on the sofa. Seated in the same position, the 
listeners were additionally presented with the simulation via binaural rendering on headphones (HP). 
The second setup was a minimum (small-scale), horizontal 4-channel loudspeaker array (45°, 135°, 
225°, 315°) with a radius of 1.0 m located in a listening booth. Additionally, the simulation was 
presented to the listeners via headphones in the listening booth. The third setup was a 3-dimensional 
spherical 86-channel loudspeaker array in an anechoic chamber. Again, the simulation was 
additionally presented via headphones. 

Simulated binaural room impulse responses (BRIRs) and loudspeaker renderings were obtained 
using the room acoustic simulator RAZR (16, 17). Here, early reflections are calculated using an 
image source model and the reverberant tail is based on a feedback delay network. 

For measurements with headphones, Sennheiser HD 650 was used, while setups with loudspeakers 
used Genelec 8030 CP. In the measurement in the listening booth, a RME Fireface UCX, in the living 
room a Fireface UFX, and in the VR Lab a Madiface XT audio interface was used. 

All listeners visited the living room for familiarization prior to starting the measurements. 
 

Table 2 – Overview measurement setups 

Lab presentation mode rendering abbreviation 

Listening booth 
Horizontal 4-channel Loudspeaker array simulated LB 4ch LS 

Headphones simulated LB HP 

Living Room Lab 
2 Loudspeakers active 

real 
acoustics 

LRL 

Headphones simulated LRL HP 

Virtual reality Lab 
3-D 86-channel Loudspeaker array simulated VR 86ch LS 

Headphones simulated VR HP 

 

RESULTS AND DISCUSSION 
Figure 2 shows the SRTs in dB SNR of all presentation methods for the two target positions in the 

living room (STV, S5) and connected kitchen (S7) in the different panels (left to right; triangles, dots, 
and squares, respectively). Different acoustic presentation modes are indicated at the x-axis and color 
coded. It is obvious that SRTs are considerably higher for target S7, for which no direct line of sight 
(or sound path) exists, thus involving sound diffraction through the door opening. 

A two-way repeated-measures ANOVA (target position x presentation mode) showed a significant 
main effect of target position [F(2,8) >100 , p < 0.001], a significant effect of presentation mode 
[F(5,20) = 3.823, p = 0.014], and a significant interaction [F(10,40) = 2.173, p = 0.040]. 

For presentation mode, post-hoc pairwise comparisons with Bonferroni correction only showed a 
significant difference (p=0.036) between headphone simulation in the living room lab (LRL HP) and 
the reference living room lab condition (LRL). 

For target position, post-hoc pairwise comparisons with Bonferroni correction showed a highly 
significant difference (p < 0.001) between S-TV and S5, S-TV and S7, as well as S5 and S7. The 



 

 

difference of S5 and S7, is however, considerably smaller. Lower SRTs in S5 (as observed for the 
simulations) are in line with expectations from better-ear listening, given that for S5 the target is at 
the side opposed to the masker, while for S-TV the target is in the front, spatially less separated from 
the masker. Somewhat unexpected, a trend in the reversed direction is observed for the SRTs in the 
living room lab (LRL, black symbols). However, the relatively small sample size of the listener group 
and potential training effects should be noted. 

There is a trend that SRTs for the living room lab are higher than for the simulated conditions for 
targets S7 and S5. Here, uncontrollable additional background noise from outside might have had a 
small effect (birds outside or a train passing by in the far distance). 

3. CONCLUSION 
A lab environment resembling a typical living room with a connected (kitchen) room has been 

established. The living room lab enables reproducible measurements in realistic everyday conditions. 
Here, preliminary SRT measurements in different acoustic reproduction modes for three different 

target positions with a fixed masker are presented. It was demonstrated that SRTs depend on the three 
different target positions, with highly elevated SRTs for the target in the connected room, reflecting a 
challenging, realistic communication situation. Except for one condition with headphone reproduction, 
no significant differences between SRTs in the real room and for room acoustics simulations of the 
living room lab with RAZR were found. Accordingly, SRTs obtained with the minimum set of four 
horizontally arranged loudspeakers in the listening booth well match the SRTs in the living room lab 
and those for the large-scale loudspeaker array. This promising result needs to be validated with more 
listeners, as this would offer the possibility to move challenging listening situations from the real 

Figure 2 – SRTs of all presentation methods for the three target positions STV, S5, S7 (left to right; 

triangles, dots, and squares). In each panel, the loudspeaker setup in the living room lab is shown in black 

(LRL). Headphone and loudspeaker presentations with simulated RIRs are shown in red and in blue color 

tones (LB HP – Listening booth headphones, 4-ch LS – booth 4-ch loudspeaker array, LRL HP – Living 

room headphones, VR HP – headphones in 86 channel array lab, VR LS – 86 channel array) 



 

 

world to a small-scale loudspeaker setup in the lab. 
Moreover, regarding visual cues, it would be interesting to repeat the measurement with a mixed 

reality setup using a Head Mounted Display (HMD), while listening to the loudspeakers in the room. 
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ABSTRACT 

In multi-talker situations, listeners face the challenge of having to identify a target speech source out of a 

mixture of interfering sources. To test these realistic situations in the laboratory it is common to employ 

arrays with many loudspeakers. Allowing clinics to use such experimental paradigms, headphone playback 

can be an alternative. However, headphone reproduction often leads to different outcomes because of the lack 

of individual head-related transfer functions (HRTFs). Here, we investigated how normal-hearing listeners 

analyze virtual audio-visual scenes that differed in terms of the number of concurrent talkers and the amount 

of reverberation using either head-tracked headphones using generic HRTFs or via a loudspeaker-array. 

Listeners were asked to identify and locate an ongoing story in a mixture of other stories. The visual 

components of the scenarios were reproduced via virtual reality headset. Differences between loudspeaker 

and headphone-based reproduction were evaluated using the response time and the localization accuracy. The 

number of talkers as well as the amount of reverberation affected the ability to analyze an audio-visual scene, 

in terms of response time and localization error. Preliminary data suggest only slightly elevated response 

times when employing headphone reproduction compared to loudspeakers, making them a valid tool for 

clinical research. 

Keywords: Hearing, Speech, Virtual Reality 

1. INTRODUCTION 

When multiple talkers are present in a scene, listeners face the challenge to perceptually separate 

them, to be able to understand the speech. In a previous study a method to analyze a listener’s ability 

to analyze a scene consisting of multiple talkers has been presented [1]. The listeners’ task was to 

identify and locate a spoken story in the presence of other stories. Within the experiment, the number 

of simultaneous talkers (stories) and the amount of reverberation were varied. The acoustic 

information was presented via a spherical 64-channel loudspeaker array (see [2] for details) and visual 

information via virtual reality glasses. However, in clinical practice as well as in research such 

loudspeaker array is often not available. Thus, the sound reproduction via headphones is desirable.  

When employing headphones for the reproduction of realistic spatial audio, head-related transfer 

functions (HRTFs) are needed. HRTFs reflect the acoustical properties of the human torso, head and 

pinna. While the use of individual HRTFs allow for an accurate spatial reproduction of a sound, the 

measurement of individual HRTFs needs either a large loudspeaker setup or long time when using few 

loudspeakers. Thus, using a generic HRTF that are representative of a number of listeners, for example 

one measured on a dummy head is of advantage. However, using a non-individual HRTF has been 

shown to affect sound perception (e.g., [3]). 

The aim of the current study was to investigate the difference between loudspeaker reproduction 

and headphone reproduction using generic HRTFs in a speech perception task that closer reflects 

listening in real-life situations. Visual stimuli were presented via virtual reality glasses.  The two 

outcome measures that were analyzed are the response time to identify and locate a target story  and 

the localization error. The target stories were presented between ±105°, in 15° steps. 

 

2. RESULTS 

Figure 1 shows the response time to identify and locate the target story. The response time increases 



 

 

with the number of simultaneously presented talkers as well as with reverberation. No effect of the 

reproduction method can be seen. Figure 2 shows the localization error. As for the response time, an 

effect of the number of talkers can be seen. Furthermore, more and larger errors can be seen for the 

headphone reproduction than for the loudspeaker reproduction. 

 

 

Figure 1. Response time from audio onset until the listener identified and located the target story. The colors indicate the 

reverberation conditions. Top panel: Headphone reproduction. Bottom panel: Loudspeaker reproduction. 

 

Figure 2. Absolute localization error of the target story in the azimuthal plane. The bubble sizes in each column visualize the 

error distribution and add up to the same size. The colors indicate the reverberation conditions (see Figure 1). Top panel: 

Headphone reproduction. Bottom panel: Loudspeaker reproduction. 



 

 

3. CONCLUSIONS 

Headphone- and loudspeaker-reproductions were analyzed within a speech comprehension and 

localization task. Two outcome measures showed different findings. The response time to identify and 

locate a speech source was similar with both reproduction methods. The localization error was worse 

with the headphone reproduction compared to the loudspeaker reproduction. 
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ABSTRACT 

Pupillometry is a common approach to measure cognitive effort due to attending auditory targets in noise. 

The enhanced attention to sound sources required in difficult listening situations is associated with cognitive 

effort, which is linked with an increased pupil diameter. However, pupil diameter is far more affected by the 

luminance of the focused visual object. Hence, pupillometry is done with low illumination or by focusing on 

a region with constant luminance. In ecologically valid audio-visual environments, visual objects appear 

interactively, dynamically in view and luminance changes constantly. We present a method that compensates 

for these ‘environmental luminance effects’ such that the measurement of attention through pupil dilation is 

possible. Using a head-mounted world-camera and an eye-tracker, luminance in the focused area is measured. 

A system of differential equations is solved to dynamically predict a baseline pupil diameter as a function of 

momentary luminance. The approach is verified in a listening experiment with cued attention to one of two 

spatialized talkers and varying difficulty, while luminance on a video projection screen is varied. Results 

show that the large effect of luminance on pupil diameter can predicted with sufficient accuracy in order to 

measure the residual small effect of attentional effort. This paves the way for dynamic attention 

measurements in virtual communication scenarios. 

 

Keywords: Spatial attention, eye-tracking, communication 

1. INTRODUCTION 

Listening to speech in noisy spaces is an everyday task, which we master seemingly with ease in 

young years. Nevertheless, listening creates a cognitive workload that becomes apparent as we age or 

acquire hearing loss, particularly in noisy situations (1). One approach to measure the effect of 

cognitive load are dual-task paradigms in which participants listen to speech while conducting another 

non-auditory task, e.g. adding numbers (2, 3). The dual-task approach is demanding and a laboratory 

task – it cannot be easily embedded into natural communication situations without interrupting the 

communication.  

In order to increase ecological validity in auditory testing, communication and hearing ability are 

recently tested in more natural tasks with the help of virtual reality (4-6). For example, Hladek et al. 

(7) presented two virtual audiovisual scenes for communication testing in a virtual underground 

station and verified the auralization quality with room-acoustical, binaural hearing and speech 

intelligibility measures against the real-world counterpart. Subsequently, Hládek and Seeber (8) 

conducted a triadic conversation experiment in which three participants were free to talk about 

anything while they were standing in the Simulated Open Field Environment (SOFE) (9) in an 

anechoic chamber and their voices were auralized with the reverberation of the virtual underground 

station in real time. The presence of interfering speech-shaped noise sources reduced their 

interpersonal distance. While the position changes were too small to affect the signal-to-noise ratio 

noticeably, getting closer to the source may indicate an enhanced attention to the source and hence 

listening effort.  

Measuring attention and effort with high temporal resolution in a non-intrusive way in dynamic 

listening situations will be key to understanding natural communication. Pupillometry is another 

measure for cognitive effort and it appears correlated with perceived listening effort. For example, 

Zekveld et al. (10) showed that peak pupil diameter amplitude, peak latency and mean pupil diameter 
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systematically increase with decreasing speech intelligibility at adverse signal-to-noise ratios (SNRs). 

Beyond energetic masking, the results by Woodcock et al. (11) indicate that informational masking 

likewise affects pupil dilation, thus supporting the view that pupillometry can yield one proxy measure 

for listening effort. The complexity of the task also affects pupil dilation in a dynamic manner, in 

agreement with the extra effort needed to complete the task (12). Hence, pupil dilation appears like a 

good measure for effort in natural communication situations.  

However, the pupil’s diameter is primarily affected by the luminance of the visual scene while the 

effect of cognitive effort is small in comparison. It is thus common to use highly controlled, constant 

lighting in pupillometry experiments measuring cognitive effort. In a natural communication scenario 

in audiovisual space, luminance changes substantially depending on the person looked at, or if focus 

is on the body or the face or on objects in the environment or even the sky. The aim of the present 

study is to investigate if the pupil response due to luminance can be predicted dynamically to such a 

high accuracy that permits the measurement of the smaller “residual” effect of listening effort in a 

switching attention auditory task.  

2. METHODS 

2.1 System Overview 

 

Figure 1: Overview of the real-time recording and prediction software and system setup. 

 

Figure 1 gives an overview of the total system for time-stamped real-time processing of the eye 

and luminance data including its embedding in the test environment (“light stimulus”). The overall 

assumption is that the pupil dilation change due to listening effort can be computed as the residual of 

the observed pupil diameter in the task and a predicted average pupil diameter based on the luminance 

of the focused part of the visual scene. Pupil diameter, gaze position and world camera data are 

measured with the Pupil Core eye tracker (Pupil Labs, Berlin, Germany). It consists of two eye 

cameras for the left and right eye, respectively, and a world camera. The eye tracker ’s dll is used to 

compute the pupil view vector at 120 Hz rate which is mapped using individual calibration data to the 

image captured by the world camera (at 30 Hz). Thus, the x-y coordinates in the world camera image 

are known where the subject is looking. The luminance in candela per meter squared is computed from 

an area around the view coordinates with the help of luminance calibration data for the world camera. 

The luminance data are then fed into a differential equation system which is solved to predict the pupil 



 

 

diameter.  

2.2 Luminance measurement, calibration and computation 

The luminance reaching the foveal area is considered most relevant for pupil dilation. It thus 

depends strongly on where someone is looking. The dll of the pupil lab eye tracker computes the x,y-

coordinates of the point of view in the world camera image (stream) of 1080x720 pixels. The pixels 

around that position are taken into account for luminance calculation with a decreasing weight 

according to a two-dimensional Gauss-function depending on radial distance, as depicted in Figure 2. 

 

 

Figure 2: Eye-position dependent weighting function for luminance  

computation from the world camera images. 

 

The world camera of the Pupil Labs eye tracker uses an automatic exposure correction which can 

be controlled by setting a fixed exposure time >1/30 sec. This slow exposure fits well with our lab 

environment with its (low) luminance from video projection in the anechoic chamber. The  camera’s 

8-bit image data are then non-linearly related to the actual luminance in the field of view of the subject.  

In order to obtain the transfer function of luminance in cd/m2 and the camera’s 8-bit image 

luminance data, gray scale images with varying luminance (RGB values) were projected using the 

frontal video projector of the SOFE. The luminance of the projected images was measured with the 

luminance meter RS-137 (RS Pro by RS Components Ltd.). Figure 3 gives the transfer function of 

luminance in cd/m2 and the camera’s 8-bit image pixel values and the exponential fit to the data.  

 

Figure 3: Transfer function of the eye-tracker world camera pixel values and luminance. 

 

2.3 Dynamic pupil dilation computation 

Figure 4 presents measured pupil diameter as a function of computed luminance around the view 

point for projected gray images with increasing luminance. Pupil diameter changes after every 

luminance step increase: it decreases on average, but the response shows a substantial temporal 

behavior like an overshoot with return to a luminance-dependent baseline, the pupil light reflex. This 

requires a dynamic prediction model.  

We base our prediction of pupil diameter on the set of differential equations by Pamplona et al. 

(13) which are solved to obtain the time course of pupil diameter. Additionally, we identify moments 

of strong luminance change and add an extra template element to model the overshoot phenomenon.   



 

 

 

Figure 4: Pupil diameter as a function of luminance. 

2.4 Spatial attention experiment 

The aim for the approach is to measure cognitive effort in a multi-source speech situation. This 

requires that the effect size of the pupil diameter change due to cognitive effort is larger than the error 

for predicting the pupil diameter when luminance changes. The pupil diameter prediction for variable 

background luminance was evaluated in a preliminary experiment with the second author as a subject. 

We have chosen a speech intelligibility task where attention had to be directed to one of two 

simultaneous, spatialized speech sources presented from the SOFE loudspeakers at -60° and +60° in 

the horizontal plane (9), with the target being presented at random from the left or the right 

loudspeaker. Target and interferer speech were 5-word OLSA sentences (14) from the same speaker 

which were selected at random from 40 word lists. Since a trial lasted 35 sec, only the first five 

sentences from each list were used. Target and interferer speech sources were presented each at 60 dB 

SPL (0 dB SNR). Two 150ms-long bursts of pink noise separated by 100 ms indicated the target 

location prior to the onset of speech. The task of the subject was either to report the last of the five 

OLSA words (“easy task”) or the first and the last of the five words (“difficult task”). 

Video projection to the frontal screen of the SOFE was used to present different luminance levels 

and the subject was instructed to keep their eyes to the frontal screen (no head turns allowed) . In the 

low luminance (“dark”) condition, a luminance of ~0.1 cd/m2 was presented to allow for a reliable 

eye diameter estimation of the tracker. In the changing luminance condition, luminance of the 

projected gray image was changed to a random image RGB-value in [90-255] every 4 sec while 

acoustic stimuli were presented.  

The following conditions were tested: 

1. Acoustic stimulus in constant, very low luminance (audio, dark),  

2. No acoustic stimulus in constant, very low luminance (no audio, dark),  

3. Acoustic stimulus and varying luminance (audio, luminance change), 

4. No acoustic stimulus and varying luminance (audio, luminance change). 

For each condition, ten measurements were conducted in random order. Each measurement lasted 

35 seconds and contained five trials (5 sentences each with response). The audio conditions were 

repeated for the easy and the difficult task.  

  



 

 

3. RESULTS 

3.1 Dynamic pupil diameter prediction 

 

 

Figure 5: Dynamic prediction of pupil diameter based on eye-tracker measured luminance. 

 

Figure 5 shows results of the dynamic pupil diameter prediction model for random luminance steps 

presented anew every four seconds. The green and blue dashed lines show measured pupil diameter 

of the left and right eyes, respectively. The red curve, the prediction, fits the measured right eye 

diameter well in general and on average, albeit the time course deviates in detail after each luminance 

step. The left eye has a larger diameter in general, but the prediction is nevertheless good. The model’s 

prediction could be improved with individual parameters for the diameter and for time constants, 

which has not been attempted here.  

 

3.2 Spatial attention experiment 

 

Figure 6: Pupil diameter measured in the four test conditions of the spatial attention experiment. 

 
Figure 6 presents the measured pupil diameter for the different conditions of the preliminary spatial 

attention experiment. Luminance had by far the largest effect on pupil diameter, as expected. Pupil 



 

 

diameter changed from around 5.7 mm in the dark conditions to 3.5-4.0 mm in the bright conditions. 

The effect of cognitive effort to conduct the speech task (“audio”) is comparatively small in these 

preliminary data and potentially visible only as a 0.2 mm diameter change in the bright condition.   

 

Figure 7: Analysis of the preliminary results with regard to task complexity: Pupil diameter is presented for 

luminance changes without a task, for the easy task to report only the final word of the sentence, and for the 

complex task to report both the first and the last word of the sentence. 

 

This is analyzed further in Figure 7 with respect to the two task-complexity levels investigated. 

For the complex task, pupil diameter is increased for the right eye only compared to the easy task, but 

for both tasks pupil diameter is increased over the baseline without a task. This suggests that – with 

the experimental design used here with only one subject – the effect of task complexity is difficult to 

measure against the variance imposed by the luminance changes. However, the effect of a task is 

clearly visible over having no task. The limited sensitivity to the task may be due to at least two 

factors: 1) the ±60° spacing of the two speakers made both tasks relatively easy, 2) pupil diameter 

was averaged across the whole duration of the recording, i.e. including moments in quiet between 

sentences or when results were reported. Further analysis around selected moments during and shortly 

after sentence presentation yielded far stronger effects on pupil diameter, but are not reported here. 

4. CONCLUSIONS 

A prediction of pupil diameter as a function of the luminance of the visual object in focus was 

developed and verified in an experiment with random luminance changes. The pupil diameter 

prediction was applied in a task in which the subject switched attention between two cued speakers. 

Results show that the effect of pupil dilation due to listening effort can be captured despite the large 

changes of pupil diameter due to luminance changes, which can be compensated by the new method. 

This lays the basis for measuring effort in communication scenarios in realistically simulated 

audiovisual environments.  
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ABSTRACT

In the German priority program SPP2236 - Auditory Cognition in interactive virtual environments (AUDIC-
TIVE), the aim is to significantly improve the realism and vibrancy of virtual environments, both in terms of
audiovisual representation as well as user interaction by means of innovative audio techniques and findings from
auditory cognition research. Only a few studies until now have addressed complex mental models and effects
that could help answering the question of how much immersion and interaction is sufficient to investigate cogni-
tive performances in virtual reality, and transfer the results to real-life. AUDICTIVE brings together researchers
from different disciplines - cognitive psychology, acoustics, and computer science/virtual reality - by encourag-
ing joint research efforts to enhance our understanding of and competence in the field of auditory cognition in
interactive virtual environments, as a proxy to the real world. This work presents an overview of all paradigms,
tasks, scenes, and quality evaluation methods that are currently used in AUDICTIVE. The long-term goal is to
analyze the different research approaches and research questions related to interactive virtual scenarios and to
develop a better understanding of the criteria and requirements of virtual scenes for hearing research.

Keywords: binaural audio, cognitive psychology, acoustics

1 INTRODUCTION

Audiovisual virtual reality has reached a high level of realism in the last decades and is used widely in many
areas, e.g. video games, education, and research. Moreover, concepts like the Metaverse1 even go further by
imagining the internet as an immersive virtual rality (VR) and augmented reality (AR) environment focused
on social connections. For research purposes, VR enables controlled research environments and thus yield the
possibility to extend investigations to contextual factors. In case of auditory cognition research2, we expect
that interactive VR technology helps us to understand the underlying cognitive and neural processes in complex
acoustic and visual contexts like classrooms, open-plan offices, or multi-party communication. The German
priority program SPP2236 - Auditory Cognition in Interactive Virtual Environments (AUDICTIVE) connects three
disciplines – acoustics, cognitive psychology and computer science/virtual reality – to address the topics of (1)
how the realism of VEs can be elevated, (2) to what extent are the theories of auditory cognition applicable
in IVEs and (3) what are suitable quality evaluation methods to assess VR systems.3 Eleven projects are
dedicating their research topic to those questions by working in interdisciplinary teams. By combining two
or three disciplines, we aim at a holistic approach for deeper understanding in auditory cognition processes.
In this paper, we introduce the experiments conducted within AUDICTIVE, discussing the ecological validity
and benefits of experimental control of IVEs as well as the quality assessment methods for VEs, including the
concepts of research data management.

1The term orginated from the science fiction novel Snow Crash by Neal Stephenson in 1992.
2Auditory cognition addresses the interplay of cognitive processes and the auditory input condition.
3https://www.spp2236-audictive.de
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2 VIRTUAL REALITY FOR AUDITORY COGNITION

In AUDICTIVE, we transfer already existing paradigms to VR, extend them and develop new approaches for
auditory cognition experiments. In this section a brief overview of the paradigms and conducted experiments is
given.

The auditory serial recall task is a well established paradigm to examine short-term memory performance.
The participants listen to a series of spoken digits and have to repeat them in the same order after a short
retention period of several seconds. The long term goal is to understand the cognitive-psychological factors
which are inherent when someone is listening to and remembering content of spoken language. This task can
be extended from a paper-and-pencil assessment to a fully immersive VR task, where it is possible to add
audiovisual features and spatial cues. As a first step, spatial information is added to the auditory cues instead
of diotic headphone reproduction. [1] Gradually, the audiovisual realism of the task is increased, eventually
leading to a fully immersive VR experience. Non-verbal cues of virtual humans are incorporated to increase
the perception of social presence. [2] The integration of multi-modal stimuli is important for the realism and
therefore the external validity of the task, since multiple channels are involved in multi-talker interactions that
involve auditory perception of social cues (i.e. prosody), visual perception (i.e. gestures) and plausibility of the
scene. As a first attempt to use state of the art conversational agents, animated characters were generated with
the MetaHuman Creator agents who spoke the digits, increasing the overall realism of the scene and feeling of
presence. [3]

In VR, the speech perception and listening comprehension can be studied in realistic environments, when
tasks are extended to close to real-life settings, i.e. a virtual classroom or multi-talker scenarios, with multiple
sound sources, visual and auditory cues. Suitable paradigms are the auditory selective attention task or the
listening comprehension task, where the realism of the virtual environment is increased from computer gener-
ated images such as Unity 3D to immersive 360◦ video, where photo-realistic representation of a scene can be
achieved. [4, 5, 6, 7]

Audiovisual virtual environments provide a controlled environment for studying the distance perception of
sound sources in rooms and underlying attentional processes. One experiment focuses on a setup, where mul-
tiple robots are distributed in a reverberant room. [8, 9] With the help of auditory cues from the robots, the
distance perception is investigated by measuring psychological and physiological measures. Another experiment
focuses on investigating the auditory perception of pedestrians in car pass-by scenarios in VEs. [10, 11] By
comparing time-to-collision estimations in wave field synthesis and higher order ambisonics setups, the influ-
ence of different reproduction system can be identified for conducting further research in navigation tasks. The
impact of emotions on perception in the auditory domain is investigated in [12]. Participants are exposed to
affective voice and have to place virtual loudspeakers or agents at the perceived location of the source. Distance
estimates vary depending on the type of voice (i.e. angry or neutral).

The concept of plausibility plays an important role when it comes to interactive tasks, such as shared expe-
riences and communication in a multi-talker scenario. In an interactive conversation task, factors influencing
audiovisual plausibility are investigated. [13] The communication behaviour is analysed with regard to spa-
tial and non-spatial audio setups as well as embodied conversational agents with different audio reproduction
techniques.

Speech perception depends not only on the audio signal but also on the visual information that supports the
understanding of spoken language. Lip-syncing and facial expression pose a major challenge in VR because of
the high complexity and increased computational demand. The question is, if current findings can be generalized
to experiments in VE. By measuring the cortical tracking of speech with a mobile EEG, different lip animations
of real and animated characters are investigated. [14] Furthermore, the underlying brain mechanisms of multi-
modal speech processing is investigated with the help of EEG studies in [15].

In the navigation task, participants are asked to navigate through a virtual environment without any visual
cues, only by listening to the direct sound, early reflections from the walls and the reverberance. [16] This way
it is possible to understand how humans process acoustic cues to orient and navigate in space.



3 QUALITY EVALUATION OF INTERACTIVE VIRTUAL ENVIRONMENTS

In order to evaluate if VR is a suitable tool to investigate phenomenon in auditory cognition research, a frame-
work for the quality evaluation has to be designed. [17] Current methods in quality evaluation from the virtual
reality community include questionnaires on presence, social and co-presence, simulator sickness, immersion,
coherence, illusion and plausibility. The question is, if those concepts can be adapted to gain a better under-
standing of how VR can be improved for auditory cognition research. Furthermore, combining assessments
methods (i.e. questionnaires with physiological measures) could be beneficial in understanding the mechanisms
that lead to increased immersion or higher validity regarding research results. Jung and Lindemann [18] suggest
metrics to evaluate the VR experience by introducing a model connecting the context (coherence and realism),
the system (immersion) and the concept of illusion (presence). In the following paragraphs we adapt those
metrics and suggest further fidelity levels in the evaluation procedure. Figure 1 illustrates the components of
the quality evaluation framework from an interdisciplinary viewpoint with the focus on auditory cognition in
interactive virtual environments.

Figure 1. Quality evaluation framework from an interdisciplinary viewpoint for auditory cognition in interactive
virtual environments. Blue: disciplines, yellow: quality components, red: tasks.

Immersion has multiple definition, among others it can be divided into perceptual immersion and psycho-
logical immersion. [19] According to [18], objective immersion can be evaluated with the following metrics:
(1) Wide and high-resolution field of view (HMD vs. screen vs. CAVE(like) systems), (2) 6DoF tracking, (3)
spatial audio cues, and finally (4) additional sensory cues to enhance immersion. Spatial audio cues are not
further elaborated and a more detailed distinction is necessary for specific task or contexts. With the diversity
of audio reproduction systems in AUDICTIVE, we hope that we can contribute to the understanding of aspects
influencing immersion, including spatial audio cues.

Realism can be regarded as the extent to which a virtual environment is similar to the real world. One



aspect that has a major influence on realism is the stimulus fidelity, which presents an option for an objective
metric of the VE. Studies show that highly realistic systems produce sensory stimuli that are very similar
to real-world stimuli. [20] In case of auditory cognition research, realistic auditory stimuli including spatial
information as well as an adequate reproduction system depending on the task are necessary. With the tasks in
AUDICTIVE, we aim at identifying fidelity characteristics of reproduction systems as an objective metric for
realism.

Presence is defined as the sense of being there in the virtual space, co-presence as the sense of perceiving
and being perceived by others, and social presence relates to the feeling of being there together. [21] Compo-
nents influencing presence are the (1) place illusion, (2) plausibility illusion and (3) embodiment. They can be
evaluated by standardizes questionnaires.

In order to evaluate the components of the quality framework, additional information regarding the specific
tasks and the overall research goal has to be collected or provided beforehand. In this context, tools and
methods from the field of research data management appear to be helpful (i.e. glossary, metadata collection, data
documentation). Working in an interdisciplinary project requires a basic understanding of the terms, culture, and
working habits of the involved disciplines. Therefore, everyone involved can benefit from an interdisciplinary
glossary set up at the beginning of the project runtime. Furthermore, metadata and data documentation is
crucial when it comes to collaborating across disciplines and exchange of data. Within AUDICTIVE, data
documentation procedures in every discipline have to be combined in order to properly describe the investigated
task, used methods, acquired data and results. Finally, the overall technical system involving all aspects of each
discipline has to be summarized in order to evaluate the influence of each component on the quality level.

4 GENERAL DISCUSSION AND CONCLUSION

Obvious advantages of conducting experiments in VR are the controllable environment, the scalable conditions
and eventually the gained reproducibility (although increased complexity). Nevertheless, the question remains
on how we evaluate the quality of the VR experience and how the findings from labs are transferable to real-
life situations. In the majority of experiments, where multi-modal interactive environments are employed, the
congruency of acoustic and visual stimuli play a major role. Therefore, the auralization of sound sources has
a great impact when VR is used in auditory cognition research. The diversity of technical systems has the ad-
vantage of investigating multiple aspects from different viewpoints (i.e., different audio reproduction techniques
like higher order ambisonics and wave field synthesis could lead to different results in specific tasks or results
might vary depending on the visual environment used, like HMD vs. 360◦). On the contrary, the diversity also
poses the challenge of reproducibility and investigated level of detail. Here, the fidelity aspects of auditory and
visual stimuli play a major role when it comes to realism. The question is if the level of realism (evaluated via
the stimulus fidelity) is a suitable indicator for VR environments for experiments in auditory cognition and if it
is necessary to ensure a high level of quality of experience in order to obtain valid results?

Another key component in VR is the realism of the virtual representation of the interlocutor. The natural-
ness of characters or virtual agents and their behaviour influences the plausibility of the scene. A face-to-face
conversation in reality is accompanied by various aspects, i.e. gestures, facial expressions, eye movements, body
postures, etc., leading to an overall communication experience. All those aspects are desirable when it comes
to embodied virtual agents as communication partners. This poses a major challenge, since multi-modal aspects
have to be combined (i.e. auditory and visual cues, gestures, prosody, etc.). Experiments with a communication
loop further increase the complexity, although the increased interactivity might lead to a higher plausibility of
the VR scene.

The initial experiments confirm the validity of VR experiments by replicating results to paper-and-pencil
assessments. Unfortunately, only little is gained from the use of VR, if no additional insights are obtained. On
the contrary, many experiments yield the potential to include measures that move beyond one discipline and
provide close to real life environments like classrooms or multi-talker settings. The benefit of interdisciplinary
work is the mutual assistance when it comes to detailed research question in the specific field. Cooperation be-
tween disciplines are helpful to assess auditory cognition with regard to spatial audio techniques, physiological



measures, psychological evaluation methods, and advanced VR systems from computer science. With current
technology, it is possible to track head and eye movements, gestures and investigate the correlation between
multi-modal stimuli and physiological responses. For the future is is desirable if further questions can be dis-
cussed from an interdisciplinary and multi-modal point of view: (1) Are differences between the field and the
lab expected or not, and does it depends on what we are measuring or how we assess the metrics? (2) When it
comes to the detailed design of an audiovisual VR scene, combinations like audio only, video only, combined
audio and video, can lead to different outcomes. How can a multi-modal approach be applied that comprises
all important aspects regarding a specific task? (3) Further components influencing the VR experience, which
have not been discussed in this work, are the haptic feedback systems and additional sensory cues like olfac-
toric, tactile, and taste feedback. Is it even possible to create a plausible, real, and immersive VR environment
without considering all senses?
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ABSTRACT 

There is currently scientific focus on improving the ecological validity of laboratory hearing assessments. 

Most work has highlighted the selection of listening scenarios and playback using multi-speaker setups. Our 

work has instead centered on investigating the listening tasks that can be used, specifically real conversations. 

Various outcomes can be obtained during a conversation. The actual conversation may be analyzed 

acoustically (e.g., turn-taking timing), linguistically (e.g., repetition behavior) or behaviorally (e.g., head and 

eye movements). Another option is to stage a conversation and use traditional psychoacoustical tests while 

conversing (e.g., paired comparisons of two hearing-aid settings). There are also various ways to elicit a 

conversation. Collaborative puzzle-solving, map-navigation, and spot-the-difference (Diapix) tasks have 

been used in conversations between two interlocutors. Here, we report on aspects of using real conversations 

in small groups of interlocutors. In one study, groups of three interlocutors subjectively evaluated four 

different ways to elicit group conversations, while acoustical analyses were used to explore how the 

elicitation method affected the conversations. In another study, groups of four interlocutors evaluated four 

staged scenarios in terms of perceived realism and conversation success. The experimental considerations 

for using group conversations in the laboratory will be discussed. 

 

Keywords: Group conversation, Outcome measures, Conversation sparkers 

1 INTRODUCTION 

We want hearing-aid users to experience everyday benefit from their hearing aids. Therefore, 

evaluation methods that show a high degree of ecological validity, i.e., methods that are indicative of 

everyday performance, must be used when the aids are developed and fitted. To develop such 

evaluation methods, knowledge about peoples’ auditory reality is important. Which listening situa-

tions are frequently experienced, and which are the listening demands in these situations? 

In previous work, we investigated the signal-to-noise ratios (SNRs) experienced in the everyday 

life of 20 hearing-aid users. Generally, the SNRs were higher than in traditional laboratory testing, 

and many situations that were experienced to vary in listening difficulty, had similar SNRs (1). We 

further investigated common listening situations that people are encountering, and in the Common 

Sound Scenarios (CoSS) framework these situations were categorized into seven “task categories” (2). 

In subsequent studies, using Ecological Momentary Assessments (EMA), we have learned about how 

often these various types of situations occur in peoples’ everyday life, how important they are to hear 

well in, and how difficult it is to hear in the situations (3). 

We have also used EMA to evaluate people’s preferred hearing-aid settings in everyday life (3). 

Two hearing-aid settings were implemented in two hearing-aid programs, and the preferred program 

was indicated when the participants were prompted to report. The advantage of using EMA is that 

evaluations are made in the participants self-selected everyday listening situations. However, there 

are also drawbacks with using EMA. Some difficult and important situations do not occur very often 

(3), which makes EMA inefficient. It may also be difficult or socially unacceptable to report in certain 

situations, especially in situations with social interaction (4). 
Therefore, there is still a need for laboratory testing for these important, often difficult social 

interaction situations. When looking at the CoSS framework, it becomes apparent that traditional 



 

 

laboratory testing only targets “focused listening”, i.e., listening intently and sometimes repeating 

back what was heard. Neither real conversations, nor more passive listening situations are normally 

used in laboratory testing. The current paper will explore ways to broadening laboratory testing to 

include real conversations. 

Nicoras et al. (5) investigated the concept conversation success for people with normal and im-

paired hearing using group concept mapping. Seven factors important for conversation success were 

identified: 1. Being able to listen easily; 2. Being spoken to in a helpful way; 3. Being engaged and 

accepted; 5. Sharing information as desired; 5. Perceiving flowing and balanced interaction; 6. Feeling 

positive emotions; 7. Not having to engage coping mechanisms. These factors can potentially be used 

when developing outcome measures for hearing-aid satisfaction or benefit in conversation situations.  

Here, we will report on some of the activities we have been involved in that contribute to the 

understanding of conversations and which outcome measures we can develop. First, we will give an 

overview of ways to study conversations, with a focus on finding outcome measures for hearing -aid 

performance. Second, we will discuss different ways to spark a conversation in the laboratory, and we 

will present a study evaluating four conversation sparkers. Third, we will present a pilot study 

focusing on perceived realism and conversation success in group conversations. Last, some 

experimental considerations for using group conversations in the laboratory will be discussed.  

In the following, the term “scenario” refers to listening situations implemented in the laboratory 

or clinic. Several aspects of these scenarios need to be designed carefully for laboratory test ing to 

produce ecologically valid findings. A scenario includes an activity (for instance described using the 

CoSS task categories), an acoustic environment and its implementation. The scenarios should sound 

(and preferably also look) realistic, but it is also important that both the test participants and the 

hearing aids behave as they would in a corresponding real-life situation. The activities performed in 

the scenarios govern the outcome measures used. 

2 OUTCOME MEASURES FOR CONVERSATIONS 

Conversations are studied by researchers from many different fields, such as linguistics, social 

psychology, cognitive neuroscience, engineering, and audiology. The purposes of studying conver-

sations differ and different research methods have developed in the various disciplines. 

In a linguistic analysis of conversations, researchers may for instance investigate breakdown and 

repair in a conversation (6), lexical or syntactical alignment between interlocutors, or the use of 

backchanneling (verbal or nonverbal responses to a talker indicating for instance attention or 

agreement). The acoustic speech signals can be analyzed by looking for instance at speech levels, 

speech rate, and turn-taking timing (7). Body posture, gestures (8), head movements, eye gaze (9) and 

coordination of body movements can indicate difficulties or ease in a conversation. With the use of 

EEG or other electrophysiological correlates, selective attention (10), attention switching (11), and 

attention drifting (12) can be investigated. 

Some of these investigation methods have indicated differences in conversation behavior between 

test participants with normal and impaired hearing. Researchers have shown that conversations 

between one young interlocutor with normal hearing and one older interlocutor with impaired hearing 

can work well, but that the communication effort was higher when the interlocutor with impaired 

hearing was unaided than when hearing-aids were used (7, 13). 

In general, the investigation methods mentioned above can be difficult to use for instance during 

hearing-aid development, when a new hearing-aid feature will be compared to an old one. However, 

by tying some of the measures mentioned above to perceived conversation success  (5), we will learn 

more about which measures could be useful as outcome measures.  

Another outcome measure strategy is to stage a conversation situation and use traditional 

psychoacoustical methods to evaluate for instance hearing-aid preference. In our research group we 

did so when we developed the Live Evaluation of Auditory Preference (LEAP) laboratory test (14). 

The test used six mandatory test scenarios, selected based on the CoSS framework, and a few self-

selected scenarios (derived from experienced listening situations during an EMA study). The scenarios 

were implemented using a basic loudspeaker setup. For the conversation situations, we used real 

conversations between the test participant and one or two test leaders. During the conversations, the 

test participants compared two hearing-aid programs using a paired-comparison paradigm and report-

ed on their preferred setting. 



 

 

3 CONVERSATION SPARKERS 

Different methods have been used to initiate or spark conversations in the laboratory. For two 

talkers, Baker and Hazan (15) and Petersen et al. (7) used Diapix material, where the interlocutors 

have one version each of similar pictures and they together solve a “spot the difference task”. Beechey 

et al. (16) elicited naturalistic conversation by providing the interlocutors with one version each of a 

puzzle with 10 by 10 items, where the task was to find a way from the upper left corner of the puzzle 

to the lower right corner by combining the information from the two sets of the puzzle. Doherty-

Sneddon et al. (17) used two versions of a map and the task was to give and take instructions about a 

route to find a treasure. These tasks seem to have worked well in the mentioned studies. However, 

they are probably less suitable for group conversation. Further, with a strong visual focus on a picture, 

a puzzle or a map, the interlocutors might not pick up visual cues from the rest of the group or might 

exhibit an unnatural behavior regarding for instance eye contact.  

We therefore suggested and evaluated four other group conversation sparkers: 1. Photographs with 

keywords (example: a photograph of a huge pan of paella with the key words “food, restaurant, 

vacation”), 2. Consensus tasks (example: “Agree on a dinner menu exclusively with dishes none of 

you like”), 3. Timeline tasks (order four historical events chronologically), and 4. Free conversation. 

Ten examples of each sparker were evaluated by four groups with three conversation partners in each 

group. Test participants were recruited among unacquainted colleagues from different departments 

and without insights into the project. The four types of sparkers were evaluated subjectively using 

questionnaires and ranking of the sparkers. In addition, outcome measures such as speaking time, 

utterance length, turn-taking information, and speech levels were used. 

Overall, the participants judged all sparkers to be natural, engaging and with a good flow  (7-8 on 

a 10-point scale). The results showed that the Timeline task was least suitable. It had significantly 

lower ratings on the question “Did the task make you feel that you could contribute to the conversation” 

(p<0.05). It also created the most unbalanced conversation in terms of test participants’ speaking time 

(Figure 1). The task created more silence, more very short utterances, longer gaps in turn -taking, and 

fewer turn-takings than the other sparkers. The fact that there is a “right answer” to the task probably 

contributed to it being less successful as a sparker. Although the outcomes of the Free speech task 

were not found to differ from the remaining tasks, the participants ranked the Free speech as the least 

suitable conversational sparker (although not statistically significant). Participants commented that 

not providing any conversational sparker would make it difficult for some participants/groups to hold 

a conversation. Both the Photos with key words and the Consensus task seemed appropriate as group 

conversation sparkers. 

 
Figure 1 – The left panel shows the speaking time for the three participants in each group. For 

each conversation sparker, the data for the participants who spoke least are presented first and the 

data for the participants who spoke most are presented last. The right panel shows the overall 

proportion of speaking time for each sparker. Medians are represented by the horizontal line within 

each box. Outliers are defined as values outside 1.5 times the box length, and the whiskers extend to 

the highest and lowest values when outliers are excluded.  

  



 

 

4 LEAP Group Conversation 

In a pilot study, a group conversation version of the LEAP test was investigated. The study aimed 

at producing a set of group conversation scenarios in an office setup and evaluate perceived realism 

and conversation success. In each conversation group four people participated, two with hearing im-

pairment and two with normal hearing. 

4.1 Method 

4.1.1 Research participants 
20 test participants (5 groups) were recruited for the experiment. The inclusion criteria were age 

between 65 and 79 years, fluent Swedish speakers with good eyesight (after correction). The inclusion 

criteria for participants with impaired hearing were moderate hearing loss in both ears and hearing-

aid users for more than 6 months. The normal-hearing participants had self-reported normal hearing 

and had passed an online speech-in-noise hearing test (horseltestaren.se). In one of the five group 

conversations, one of the participants with normal hearing was unable to attend and was replaced by 

a colleague. Her data were excluded from the analyses. Audiograms for the two participant groups are 

shown in Figure 2. 

 
Figure 2 – Average audiogram (best ear) and standard deviation for older normal-hearing (ONH) 

and older hearing-impaired (OHI) test participants. 

4.1.2 Setup and Sound Files 
Four listening scenarios were implemented. Sound files were selected from the Ambisonic Record-

ings of Typical Environments (ARTE) database (18). Background sound levels were set based on the 

levels reported when the sound files were recorded or sound levels reported in our SNR study (1), and 

informal listening by a group of colleagues with normal hearing.  

 

1. Dinner at home (ARTE: 04_Living_Room_MOA_31ch, 52-55 dBA) 

2. Dinner in restaurant (ARTE: 12_Food_Court_1_MOA_31ch, 57-60 dBA) 

3. Business meeting (only video projector noise, 44-46 dBA) 

4. Party (ARTE: 09_Dinner_party_MOA_31ch, 70 dBA) 

 

Three of the scenarios were implemented in a meeting room (345×693 cm). The room was 

acoustically treated with a suspended mineral fiber ceiling (pending down 55 cm from the 379 cm 

inner ceiling) and a wall-hanging treatment (238×116 cm). Thin curtains (floor to ceiling) covered a 

3 m long window section on one wall. Sound files were played from a laptop equipped with a RME 

Fireface 802 sound card. Four loudspeakers (Genelec 8030 CP), placed in and oriented towards the 

corners, were used. The test participants were placed at a table, two persons (one with impaired 

hearing and one with normal hearing) at each side of the table. 

The Party scenario was implemented in a kitchenette area with an adjacent room and corridors. 

The main area was 354×336 cm with a ceiling height (suspended mineral fiber) of 324 cm. In one 

section (80 cm closest to the kitchen part) the ceiling was lower (220 cm). Two loudspeakers placed 
at the two ends of the kitchenette area were used. In this scenario, the participants were standing and 

could place themselves freely. 

0

10

20

30

40

50

60

70

80

90

100

125 250 500 1000 2000 4000 8000

So
u

n
d

 L
ev

el
 (

d
B

 H
L)

Frequency (Hz)

ONH OHI



 

 

4.1.3 Conversation Sparkers 
Conversation sparkers were selected based on the study described above. For scenarios 1, 2, and 4 

Photos with key words were used. For scenario 3, a Consensus task was used, and all test participants 

were asked to act as “secretaries” for the business meeting and note down what the group agreed on.  

4.1.4 Subjective Evaluations 
After each conversation, the participants used a tablet (Samsung Galaxy Tab S6 Lite) to rate realism 

and conversation success using a 5- or 6-step Likert scale (if not otherwise indicated below).  

Realism: 

1. How realistic did you perceive the situation? 

Conversation success: 

2. How easy was it to hear in the situation? 

3. How engaged did you feel in the conversation? 

4. How well were you able to say what you wanted to say?  

5. How well did you think that the conversation was flowing?  

6. How successful did you think that the conversation was?  

After the last test scenario, the group discussed how realism could be increased in the scenarios 

and what constitutes conversation success. 

4.2 Results 

The focus of this pilot study was to evaluate perceived realism and conversation success in the 

four scenarios. 

4.2.1 Realism 
The Party was judged to be most realistic and the Dinner at home least realistic (Figure 3). In the 

discussions after the testing, the participants commented that standing up in the kitchen area and being 

able to move freely in relation to the other interlocutors contributed to the perceived realism in the 

Party situation. The background noise type and level also contributed to the realism, but a few 

participants with hearing impairment commented that these situations can be even louder in real life. 

The Business meeting was judged to be realistic because the testing took place in an actual meeting 

room. 

 

 
Figure 3. Perceived realism in the four scenarios used. OHI = Older participants with hearing 

impairment. ONH = Older participants with normal hearing.  
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The two dinner situations were judged to be less realistic, and in the subsequent discussions the 

participants said this mainly was related to the type and level of the background noise. Test partici-

pants, especially those with impaired hearing, commented that these situations are usually more diffi-

cult in real life. They thought that the background noise was too static and that it should include 

transient sounds from silverware, porcelain, and glasses. It could also include someone coughing or 

yelling, a chair being pushed, a telephone ringing, a baby crying or similar. The background sound 

levels were also judged to be too low. 

4.2.2 Conversation success 
Here, the results of all questions related to conversation success are presented. Questions 2 -5 are 

related to four of the factors found to be important for conversation success in the study by Nicoras 

et al. (5), whereas question 6 asks for conversation success directly.  

The results of the question “How difficult/easy was it to hear in the situation?” (question 2) showed 

the expected difference between the two participant groups (Figure 4). The participants with normal 

hearing generally rated the question higher than the participants with impaired hearing. The situations 

that were perceived easiest to hear in were Dinner at home and Business meeting, where the noise 

levels were low. None of the situations were described as “very difficult” to hear in. The participants , 

in particular those with impaired hearing, commented that listening is more difficult in real life. It 

was also slightly easier for the participants with normal hearing to say what they wanted (question 4) 

and they perceived slightly higher conversation flow (question 5) . The conversation flow was similar 

for all scenarios. 

The test participants showed the highest engagement (question 3) in the Business meeting (where 

the consensus task was used as a sparker) and Dinner in public (where picture cards with keywords 

were used). Both participant groups showed similar degree of engagement. 

In terms of conversation success (question 6), dinner at home was judged to be the least successful 

conversation. This scenario was presented first for all groups, which might explain the result. There 

was no difference in judged conversation success between the two participant groups.  In the 

subsequent discussion about the conversations, the test participants agreed that the most important 

factor for conversation success was that everybody joins, but it was not judged important that 

everybody spoke equally much. They also mentioned that it is important that all interlocutors “give 

and take”, i.e., both listen and speak and that everybody should be included in the conversation in a 

natural manner. 

 
Figure 4. Perceived ability to listen easily in the four scenarios. OHI = Older participants with 

hearing impairment. ONH = Older participants with normal hearing.  
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5 EXPERIMENTAL CONSIDERATIONS 

In the two experiments described above, office rooms and a limited number of loudspeakers were 

used. In the LEAP Group Conversation study, perceived realism was investigated, but detailed 

physical measurements were not made to ensure that the sound fields in the four scenarios resembled 

the sound fields in corresponding everyday listening situations. 

The obvious way to improve the acoustical representation of the background sounds would be to 

use an anechoic test room with many loudspeakers, using for instance higher order ambisonics to 

playback multi-microphone recordings faithfully (19). There are two problems with this approach for 

group conversations. First, it will be difficult to place a group of interlocutors in  the sound field in 

such a way that the acoustic representation is accurate for all participants. The so-called “sweet spot”, 

where the reproduction error is small, is usually too small to host all participants. It might be worse 

to sit far outside the sweet spot in an ambisonics playback situation than in a more simplistic setup in 

a room with some reverberation, which smooths the sound field. Second,  the voices of the interlocu-

tors will sound as if they do not belong to the intended scenario if the background sounds were record-

ed in a reverberant environment. If the scenario is one that could take place in an environment similar 

to, for instance, the office and kitchenette rooms used in the Group LEAP study, it might be better to 

test where the representation of the interlocutors’ voices is more realistic.  

Another option is to use so called Variable Room Acoustics Systems (VRAS), where microphones 

are picking up the interlocutors’ voices, which are then processed so that the voices match the scenario 

(20). Researchers need to ensure not only that the scenario sounds realistic, but also that the physical 

sound field is accurate, since the interlocutors will hear their communication partners as a combination 

of direct sound from the communication partners’ mouth and the processed version from the loud-

speakers. 

Another question is related to the visual realism. In the LEAP Group Conversation study described 

above, the Party and the Business meeting were described as the most realistic. For these situations, 

the visuals of the scenario corresponded roughly to what it would be in real life. Standing with a group 

of people in a kitchen area at a party or sitting down at a business meeting in a room that is used for 

business meetings is realistic. For the dinner situations, further visual input could potentially have 

increased the perceived realism. 

6 DISCUSSION AND CONCLUSIONS 

We have presented some of our ongoing work where we include real conversations in laboratory 

testing and strive to develop outcome measures indicating how hearing aids function in real group 

conversations. Many ways to study conversations have been presented. Some of these can potentially 

be used as outcome measures during hearing-aid development if they can be tied to conversation 

success. Alternatively, traditional psychoacoustical test methods, such as ratings or paired 

comparisons of certain attributes, can be used in staged group conversations. Different ways to elicit 

or spark group conversations have been evaluated. Photos with keywords and Consensus questions 

seemed to work well. We further staged four group conversation scenarios, with four interlocutors in 

each scenario. The scenarios were evaluated in terms of perceived realism and conversation success. 

The results will be used to refine our conversation scenarios. Finally, we discussed the experimental 

considerations when creating group conversations in the laboratory. 
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Evaluation of spatial tasks in virtual acoustic environments by means

of modeling individual localization performances
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ABSTRACTVirtual acoustic environments (VAEs) are an excellent tool in hearing research, especially in the context ofinvestigating spatial-hearing abilities. On the one hand, the development of VAEs requires a solidevaluation, which can be simplified by applying auditory models. On the other hand, VAE researchprovides data, which can support the further improvement of auditory models. Here, we describe howBayesian inference can predict listeners' behavior when estimating the spatial direction of a static soundsource presented in a VAE experiment. We show which components of the behavioral process are reflectedin the model structure. Importantly, we highlight which acoustic cues are important to obtain accuratemodel predictions of listeners’ localization performance in VAE. Moreover, we describe the influence ofspatial priors and sensorimotor noise on response behavior. To account for inter-individual differences, wefurther demonstrate the necessity of individual calibration of sensory noise parameters in addition to theindividual acoustic properties captured in head-related transfer functions.
Keywords: sound localization, binaural sounds, probabilistic approach
1 INTRODUCTIONThe fidelity of virtual acoustic environments (VAEs) is commonly assessed via psychoacousticexperiments. However, these procedures are usually time-consuming and limited to small samplesizes (1). A more efficient alternative utilizes computational models to evaluate VAEs for a largerpopulation (2). In particular, auditory localization models can be applied to investigate the variousattributes of spatial audio quality in VAEs (3). However, models that investigate sound localizationare usually limited to either the horizontal (4), vertical (5) or radial (6) dimension while VAEsprovide the users with a 3D sound experience.To overcome this limitation, we here present a Bayesian inference framework that is capable ofincorporating multiple spatial features as well as prior knowledge. The probabilistic approach isfurther designed to accommodate inter-individual differences in perceptual uncertainty with the aimto match the localization performance of a human individual to the best possible degree. Ourevaluation of the framework mainly focused on the vertical dimension where inter-individualdifferences are quite pronounced (7).
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2 THE MODELThe basic structure of the model framework is depicted in Fig. 1A. The model first extractsspatial features such as interaural time differences (ITDs), interaural level differences (ILDs), andmonaural spectral-shape cues from the binaural sound. These features are corrupted by additiveGaussian noise with individual variance in order to limit the sensitivity to individual cues. Then,those noisy input features are compared with location-specific templates to obtain a spatiallikelihood function. Bayesian inference then combines the likelihood with priors to form a posteriordistribution. The maximum of this distribution comprises the optimal choice in a spatialidentification task. Finally, a sensorimotor scatter is introduced to predict the listener’s spatialpointing response in a localization experiment.By using gradient extraction to extract monaural spectral-shape cues (6), a very simplisticapproach to extract ITDs and ILDs (8), and a persistent spatial prior reducing the likelihood ofelevated sources (9), the model can be fitted to listener-specific localization performance reasonablywell. Fig. 1B shows results for five listeners and three commonly used performance metrics,evaluating localization accuracy on the horizontal dimension (LE, top row), on the verticaldimension (PE, middle row), and with respect to the frequency of large errors such as front/backconfusions (QE, bottom row). While the metrics of good localizers such as NH12 (most left column)can be fitted very well, deviations between actual and simulation results remain especially for poorlocalizers such as NH18 (most right column).The model implementation is named as barumerli2022 in the Auditory Modelling Toolbox (10)and it can be tested by running the script demo_barumerli2022.
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ABSTRACT
Dialogue systems, combined with deep learning technologies, have increased the potential for practical applica-
tions across many disciplines. One such vein of applications involves multi-modal dialogue systems deployed
in interactive spaces that seek to provide an immersive experience for participants. This project proposes a com-
bination of spatial awareness with a multi-modal, immersive dialogue system as a potential interactive medium
to provide an additional layer of immersion. The system employs an array of audio/visual sensors that track
participants within the interactive space. It responds contextually depending on the application and information
domain, for example, by displaying and sonifying conversational agents at accurate spatial locations. The cur-
rent application of this system involves foreign language learning (i.e., Mandarin Chinese), in which the system
will act as both a learning medium and conversation augmentation system to provide students with an immersive
environment to learn a language and provide real-time feedback during the learning process. This project aims
to provide insight into interactive spaces for education and general conversation applications and demonstrate
the capabilities of combining spatial awareness with a multi-modal dialogue system.

Keywords: Dialogue, Immersion

1 INTRODUCTION
Virtual reality systems have found their place in education and training scenarios, with studies finding significant
benefits over traditional learning methods [26, 20, 14, 19, 15, 23]. A remaining problem for long-term training
is the effect of cybersickness when using head-mounted displays [21, 34]. A recent study showed that even
when watching a 3D movie, about 55% of the viewers complain about the side effects [30]. As an alternative
approach, Rensselaer has developed, erected, and operated two large-scale collaborative, immersive cognitive
laboratories with panorama screens, the CRAIVE-Lab [5, 3, 28] and the Cognitive Immersive Room (CIR) at
the Experimental Media and Performing Arts Center (EMPAC) [4, 12, 11]. We define collaborative, immersive
cognitive systems as environments where:

1. Groups of human collaborators can communicate naturally with each other without obstruction from wear-
able devices (collaborative),

2. Collaborators are exposed to situational and multi-sensory virtual environments facilitated by human-scale
panoramic projections with spatially-aware audiovisual rendering capabilities (immersive),

3. Users can draw from AI-based computing capabilities (cognitive).
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Figure 1. CAD model of the CRAIVE-Lab (usable floor area: 12×10 sqm).

Both labs can serve as classrooms providing access to up to 49 students while mitigating cybersickness. The
CRAIVE-Lab has a useable floor space of 12×10 sqm (Fig. 1); the Cognitive Immersive Room (CIR) has a
diameter of 12 m. The CIR hosts several projects including the Mandarin Project [10], which aims to teach
students Chinese language in an immersive way. Several scenes have been developed for the project including
the restaurant scene shown in Fig. 2. Both labs provide a new form of embodied learning, one where the
learned material no longer needs to be scaled to the real world because situated learning is very similar to the
real world experience. One no longer needs to recall what was written in the textbook for what to say to the
Chinese customs officer because one learned the appropriated phrases in an immersive, human-scale environment
talking to a life-size interactive avatar presented on screen [11].

The theories of embodied cognition suggest that people naturally construct and utilize environmental cues to
help them reason and lower cognitive workload [1, 9, 16]. An important feature of working in an immersive
system is the affordance of using body movements and gestures that are intuitive to communicate and perform
tasks and therefore leave the interface transparent. For example, the user can “grab” and “drag” new information
and “throw away” irrelevant items. In contrast, most existing computer-based learning systems require the users
to sit in front of a computer and use a keyboard and mouse to interact. The users’ body movements are generic
for operating a computer and have nothing to do with their tasks. Immersive cognitive systems thus can allow
users to interact with the digital environment in a similar way as they interact with the physical world. By
turning the meaningless hand movements of mouse click and pulling down a drop-down menu into something
consistent with the operation’s effects, we expect immersive cognitive systems to be more engaging and natural
to use.



Figure 2. Scene from the Mandarin Project Class. The restaurant environment was created using Unity.

This paper describes a method of using a dialogue system with an immersive educational environment to
facilitate interactions between students and automated services, for example, a tutor avatar that teaches a student
vocabulary. The immersive dialogue system for educational use should possess the following components: (i)
A dialogue system that receives input from the user, decides on a response, and sends the response to the
appropriate visual and audio output systems, (ii) Audio and visual hardware to receive input from participants
and output their respective responses, (iii) A database/third-party resource to draw answers from regarding the
domain(s) of interest, (iv) A spatial tracking system to identify where participants are in the space and identify
individual participants, and (v) A visual avatar system that is displayed to the participants.

2 IMMERSIVE SYSTEM INFRASTRUCTURE
The CRAIVE-Lab addresses the need for a specialized virtual-reality (VR) system for the study and enabling of
communication-driven tasks with groups of users immersed in a high-fidelity multi-modal environment located
in the same physical space [6]. It is therefore ideal for the integration of a dialog system. For the visual
domain, an eight-projector front-projection display to (re)create scenes on a seamless screen has been created.
A DMX-controlled lighting system can tune the color and intensity of the interior light, which illuminates
the participants without much spill to the screen area. For the acoustic domain, a 134-loudspeaker-channel
system has been designed and installed for Wave Field Synthesis (WFS) with the support of Higher-Order-
Ambisonic (HoA) sound projection to render inhomogeneous acoustic fields (Fig. 3). The screen material is
micro-perforated to minimize acoustical reflections. An intelligent position-tracking system estimates current
user locations and head orientations as well as positioning data for other objects. For the tracking system, a
hybrid visual/acoustic sensor system is being used to emulate the humans’ ability to extract robust information
by relying simultaneously on different modalities. A network of six cameras has been installed in the CRAIVE-
Lab as well as a time-of-flight sensor array using six Microsoft Kinects. A 16-channel spherical ambisonic
microphone with additional peripheral microphones is used for acoustical tracking – see Fig. 3.



Figure 3. Audio system of the CRAIVE-Lab, from left to right: Audio rack, loudspeaker system, spherical
microphones.

3 SPATIAL TRACKING
In order to localize participants, an acoustic tracking system has been developed and implemented into the
CRAIVE-Lab [25, 24]. The audio tracking system uses a 16-channel spherical microphone array in conjunction
with a sparse iterative beamforming algorithm to enable low-latency estimation of acoustical sound sources at a
low computational cost. Our Sparse Iterative Search (SIS) method starts out by analyzing the whole spherical
area with equal-area grid size. The algorithm computes the received energy in each area and contracts the
analyzed area and grid size based on the received energy. Using an iterative approach, the algorithm zones into
the energy-emitting sound sources with high accuracy due to the small grid size. Incorporating conditions based
on temporal smoothing and diffuse energy estimation further refines this process. This way, the algorithm can
track up to four simultaneous static or moving sound sources.

Figure 4. Localization errors for different audio tracking algorithms as a function of reverberation time –
from [24].



Figure 5. Architecture of the integrated audio-visual tracking/speech isolation system – from [24].

The system was successfully tested against existing algorithms, including Coarse-to-Fine Region Contrac-
tion (CFRC), Eigenbeam Estimation of Signal Parameters with Rotationally Invariant Techniques (EB-ESPRIT),
Pseudo-intensity Vector (PIV), Sparse Iterative Search (SIS), Stochastic Region Contraction (SRC), and Steered
Response (SRP). The Sparse Iterative Search (SIS) method maintains an average localization error of about 8◦

at 2 seconds of reverberation time (T60), while all other methods showed errors of more than 12◦, typically at
a much higher computational cost – see Fig. 5 and [24].

The audio tracking system has been integrated with a time-of-flight sensor-based tracking system as shown
in Fig. 5. The hybrid tracking system received input from the spherical microphone (label:“HoA Array Data”)
using the higher-order ambisonics (HoA) format and six time-of-flight (ToA) sensors (Microsoft Kinect), see
label: “ToF Array Data”. The acoustic data is then processed through the previously described Sparse Iterative
Search (SIS) method – see box “Acoustic Source Localization.” The time-of-flight sensor data is analyzed using
a Gaussian mixture model with background subtraction [33, 2, 27, 29, 18] – see box “Estimation Of Subject
Position.” Given that the ToF data is processed using a Cartesian Coordinate system and the HoA data using
a polar coordinate system, a transformation has to be applied to bring both data sets into the same coordinate
system – see box “Coordinate Transform.” Here, it is also noteworthy that the angles of the acoustic source
signal can be much better determined than the distance of the source from the spherical microphone. The
additional ToF data partially resolve the distance uncertainty. Alternatively, one could also use a second HoA
array to triangulate the sound source. Detected utterances are assigned to the estimated location of the sound
source (box: “Speech Activity Data Association”) and both can be used used to steer a beamformer (box:
“Beamforming”). For details see [25].

Using this multi-modal approach, the participants can be tracked optimally. When a participant is talking, we
can identify the source of the utterance and assign this utterance to the visually tracked object. We can continue
to track the participants when moving in quiet. By tracking participants acoustically, the tracking process is also
less susceptible to difficult lighting conditions, although the latter can be adjusted automatically using a DMX
lighting system. Under certain conditions, the participants benefit from a dark interior, for example, when being
presented with a movie or panoramic photography/videography.

4 DIALOGUE SYSTEM
4.1 Background
Dialogue systems involve human-computer conversations with at least one human and one computer system.
The applications of dialogue systems are ubiquitous, such as personal assistants available on smartphones such
as Google Assistant and Siri, non-player characters in video games, customer service bots that handle frequently
asked questions, and chatbots that employ machine learning to hold casual conversations. All of these systems
fundamentally use either or a combination of pre-defined choices and Natural Language Understanding as inputs
and employ a dialogue logic system to determine the best course of action in responding. Using their application
as a basis, dialogue systems can be categorized into two groups: task-oriented and non-task-oriented systems
[8].
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Figure 6. Dialogue System Architecture.

Task-oriented systems, akin to their name, aim to assist users with a task of some sort, whether that be
booking travel tickets or finding products. These systems focus on a goal or set of goals to accomplish by the
end of the conversation and may have additional mitigation to minimize off-topic conversation and task fail-
ure. These systems typically consist of Natural Language Understanding (NLU), dialogue state tracking, policy
learning, and Natural Language Generation (NLG). In a nutshell, each component, respectively, is responsible
for parsing inputs, predicting the user’s goal, generating the best system action, and finally responding with
natural language generation, e.g., see [8].

Non-tasked-oriented systems, on the other hand, focus on conversing on open domains where the conversa-
tion is steered by the human(s) interacting with the system. To accomplish open-domain discussion, non-tasked-
oriented systems use a retrieval-based, generative, or hybrid approach to dialogue responses [31]. Retrieval-
based systems can employ more intelligent and fluent responses [17], while generative systems allow for more
context-aware responses that are not part of the original corpus [32].

4.2 Dialogue System Architecture
The immersive dialogue system in this project consists of a three-step process that handles visual and audio
inputs and outputs separately but uses both to provide the most amount of context needed to best respond in
the current dialogue. First, the systems uses a speech-to-text system, gesture/body language interpreter, and
tracking system to handle inputs, processes the inputs in the dialogue engine. Second, working with the game
engine in tandem, the dialogue engine gathers information from third-party sources and an internal database
and decides on a combined audio/visual response. Finally, the response is carried out through the avatar system
and text-to-speech output. The design of the immersive dialogue system builds upon the work done by Divekar
et al. [13] for the initial prototypes for the Mandarin Project by using the core architecture and extends its
functionality to include auditory spatial tracking enhancements in addition to a virtual human avatar that can
act as both the subject of a conversation and an assistant to group conversations.

Figure 6 shows the dialogue system design for the immersive dialogue agent that also includes an avatar for
visual representation. Another example, depicted in Fig. 7, shows students interacting within a garden scenario
in the Mandarin Project where they can talk to agents to participate in various activities, such as one that will
teach basic Tai chi (white-clothed avatar pictured to the right).

Visual and audio components are utilized as described in the Immersive System Infrastructure and Spatial
Tracking sections to track participants as they use the system. The additional functionality of agent gaze can



be implemented as a standalone application using cameras that also takes in inputs from the visual and audio
tracking system, displays an image of an agent, and adjusts the agent’s gaze to look towards the head of the
active participant. Identifying the active speaker requires both a visual identification in the installation space
along with the participant currently or most recently speaking.

A primarily task-oriented system was decided upon as the basis for the dialogue system due to its intended
purpose of acting as an assistant to language learning and foreign-language dialogue. The unpredictable and
demanding nature of multi-user interactions with real-world conversations also proposes a unique challenge for
a multi-modal system, which makes the inherently unpredictable nature of generative dialogue systems less
suitable for this application. Furthermore, there are currently no standardized designs nor testing procedures
for comparison. As such, determining the effectiveness renders generative-leaning models too unpredictable for
evaluating initial user feedback to a system intended to educate or assist.

Figure 7. Students interacting with the Mandarin dialogue system.

5 DISCUSSION & OUTLOOK
The current application of the immersive system with the Mandarin Project demonstrates the potential reach
and impact through enabling potential content creation by such a system. A successful pilot program has been
conducted using the space to supplement an undergraduate Chinese class held at Rensselaer Polytechnic Institute
[10]. Both student feedback and learning performance were notably positive, which shows promising results for
immersive educational content. Future work for the project aims to integrate the Mandarin Project as a formal
addition to the Chinese curriculum at Rensselaer with expanded content covering more topics and interactable
scenarios.

Additional future work will focus on a practical demo involving a game of “I Spy” where participants will
locate objects or points of interest in an environment by responding in Mandarin and/or pointing at an item.
The demo will employ additional spatial tracking features to enhance immersion while playing the game by
building upon the panoramic imagery system from Chabot et al. [7]. In addition, an investigation will be done
on incorporating the additional features of the new spatial tracking system into the dialogue, as adding multi-
modal components has been demonstrated to improve generative-based dialogue systems. In this context, Liao
et al. combined image data with text in the fashion domain and found their hybrid model outperformed other
state-of-the-art models [22].



The potential for other applications outside of the education sector cannot be understated either, as potential
use cases such as remote monitoring and collaboration for business applications or site experiences for tourism
can exploit the spatial awareness and group engagement the immersive system allows.
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Abstract
Immersive sound systems are now widely adopted in music performances, theater performances, and media arts.
We have regarded the immersive sound system as a system for controlling a sound field, rather than just a tool
for 3D productions. In general, a sound field comprises a sound environment influencing spatial impression
like a reverberance, and sound elements such as the type, location, and size of sound sources. To develop
the immersive sound system into a sound field creation system, we propose the combination of two systems:
reverberation and sound image controls. The system named active field control (AFC) has been developed to
control a sound environment as a tool for acoustic design, and has been widely installed at several venues.
Because an image control function has been implemented to the latest AFC system, the entire sound field can
have been controlled. In this study, a unique classical music concert, which was held using AFC system to
optimize the sound fields for each music piece, is investigated. The proposed system was also utilized to share
sound fields and the performances of players in different rooms.

Keywords: immersive sound system, reverberation control, sound image control

1 INTRODUCTION
On October 8, 2021, Tomomi Nishimoto, artistic director and conductor, presented the classical concert “MARI-
NART becomes a Forest” at the Shimizu Cultural Hall “MARINART” in Shizuoka city. This classical concert
was planned and directed by Nishimoto under the auspices of the “ARTS for the future project,” and supported
by the Agency for Cultural Affairs in Japan, to bolster the enhancement of cultural and artistic activities and
overcome the Corona disaster.

Owing to the effects of COVID-19, distance restrictions have been enforced in various situations, and oc-
casions to visit any places or experience anything have been limited. Therefore, in this performance, the total
stage production including lighting and sound was designed to realize a “Journey of the inner mind” in which
the audience could feel the different scenes corresponding to each performed music piece like traveling differ-
ent spaces without leaving their seats. We provided technical support as members of the production team. A
summary of the performance is presented in Table 1.

In realizing the “Journey of the inner mind,” we considered that in addition to the music, the spatial im-
pression of a sound field is important. Two factors represent the spatial information of a sound field: sound
environment and sound elements [1]. The sound environment is the acoustic characteristics of a space and is
perceived with some spatial extent. In contrast, the sound elements are sound sources presented in a space
and are perceived at a specific location within a space. Hence, in this performance, to enhance the audience’s
immersion in the music, we controlled the sound environment and sound elements according to the scenes of
the pieces.

ABS-0807



Table 1. Specifications of the concert

Name MARINART becomes a Forest

Date October 8, 2021

Venue Shizuoka City Shimizu Cultural Hall “MARINART”

Artistic Director Tomomi Nishimoto

Performer

Conductor Tomomi Nishimoto

Recitation Yoshiko Sakuma

Orchestra IlluminArt Philharmonie Orchestra

Chorus IlluminArt Chorus, Narumi Yamaguchi(Sop.)

Program

Puccini / “Suor Angelica” - Ave Maria, Intermezzo

Smetana / “Má vlast” - Vltava

Glazunov / Ballet “The Seasons” - Autumn, Winter highlight

Debussy, arr. Nishimoto / “Rêverie”

<Yoshiko Sakuma, lyrics and recitation / A Tale of Beech Forest>

In live performances such as classical concerts, a sense of intimacy between the performers and audience is
also important to give the audience immersions in the music. This sense is usually created when the performers
and audience feel like they are located in the same space. However, for this concert, the chorus had to be in a
different room from the orchestra and audience to prevent infection. Therefore, we attempted to share the same
sound field among the performers and audience even though they were in different rooms. To share the sound
field, we considered it would be effective to exchange the sound environment and sound elements rather than
simply transmit sound signals.

For this concert, Yamaha’s active field control (AFC) system [2, 3], a sound field control system that con-
trols reverberation and sound image, was utilized to realize the aforementioned productions. In addition, the
characteristics of the original sound field are also significant to control the sound field. Therefore, this facility,
which an acoustic design was developed by the authors [4], was selected as the concert venue. By utilizing
our knowledge of the acoustic design, we attempted to design a sound system while making the best use of
the hall’s characteristics and functions. This study reports an overview of the system adopted for the acoustic
productions and its effects.

2 AFC SYSTEM
AFC system is a sound field control system that combines a reverberation control system (Rev system) and
a sound image control system (Image system). AFC system was originally developed as an acoustic design
tool to control the sound field in a room, and in 2021, the sound image control function was implemented in
addition to the conventional function. This enabled total control of the room’s sound field, including the spatial
localization of sound elements and reverberation.

2.1 Rev system
The Rev system is a system that naturally alters the main auditory impressions of the sound environment, such
as reverberation, early reflections, and loudness, by adopting electroacoustic technology. In general, acoustic
control systems can be divided into in-line and regenerative methods [5]. The in-line system is a method in
which the processor adds reverberation to the signal recorded using a microphone placed at a distance close to
the sound source, and then plays them back from the loudspeakers while avoiding the acoustic feedback. In
contrast, the regenerative system actively utilizes acoustic feedback loop, in which diffuse sound is recorded
by microphones placed at some distance away from the sound source and reproduced via a loudspeaker, which



Figure 1. Basic model diagram of Rev system Figure 2. Section of the venue

again becomes the input signal for the microphones.
In the AFC Rev system, both the in-line and regenerative methods are implemented, and by combining

them, natural and highly variable reverberation control can be achieved. The basic model of the Rev system is
illustrated in Figure 1. The Rev system adopts impulse response data recorded in an actual hall. In particular,
the in-line method utilizes impulse response data recorded at the boundary of the hall walls, and by using
reflected sound data of different halls, it plays an important role in controlling the spatial impression of the
sound field.

2.2 Image system
The Image system controls sound image localization using 3D amplitude panning, a highly realistic acoustic
technology based on psycho-acoustics [6]. The system supports object-based audio (OBA) [7] and can be
configured with any speaker placement and configuration. Although the sound object information of OBA is
generally normalized by a cubic shape, the Image system can adjust its information into polygons.

The Image system adopts open sound control (OSC) [8] to receive information such as the position and
size of the sound image. This makes it possible to control the sound image information from a digital audio
workstation(DAW), mixing console, or PC software that can handle OSC.

3 ACOUSTICAL FEATURES OF VENUE
The concert was held at shimizu cultural hall “MARINART.” This venue is a cultural complex, and the authors
were in charge of its acoustic design. This facility has two multi-purpose halls (a main hall and small hall), a
rehearsal room, and two practice rooms. The main hall, small hall, and rehearsal room were utilized for this
concert. The halls specifications are presented in Table 2, and a layout of the venue is illustrated in Figure 2.

The main hall is designed primarily for musical use, with a sound field suitable for acoustic instrument
performances. The basic shape of this hall is a shoebox type, which provides a rich auditory source width
and listener envelopment. To realize a sufficient reverberance, the ceiling was raised to get a room volume per
seat of more than 10m3. Accordingly, the reverberation time is 2.1s (250Hz to 2kHz average value) with the
unoccupied condition, which is suitable for musical performances. The stage is surrounded by movable acoustic
shells, which can be turned in to accommodate a various events, such as pop concerts, drama performances,
and ceremonies. The reverberation frequency characteristics of the main hall are illustrated in Figure 3.

The small hall is a multipurpose hall for civic use, suitable for both theater and music. The small hall is
also equipped with movable acoustic shells to accommodate a variety of uses. In order to obtain a good sound
impression and reverberation for musical performances, the interior ceiling is not affixed to create room volume.
Furthermore, sound-absorbing curtains installed above the seating area provide a variable reverberation range of
0.1s, and can be used to adjust sound absorption. The reverberation time of the small hall is 1.4s with the
unoccupied condition, and the reverberation frequency characteristics are presented in Figure 3.

The rehearsal room was designed to be used for stage rehearsals and small recitals. To achieve the same



Table 2. Specifications of the venue

Main hall Small hall Reharsal room

Configuration Concert Drama Concert Drama -

Capacity (N) 1,513 292 -

Volume (V) [m3] 15,300 12,900 2,500 2,200 740

Surface area (S) [m2] 5,400 4,800 1,400 1,200 620

V/S [m] 2.8 2.7 1.8 1.8 1.2

V/N [m3] 10.1 8.5 8.6 7.4 -

Reverberation time [s] (Unoccupied) 2.1 1.6 1.4 1.0 0.9

Reverberation time [s] (Occupied) 2.0 1.5 1.3 0.9 0.7
* Reverberation time is 250Hz to 2kHz octave band average
* Reverberation time at full occupancy is an estimated value

Figure 3. Reverberation time of the main hall and small hall

performance impression as on the stage of the main hall, the room volume was made as large as possible, and
the floor was constructed to be the same as that of the stage. The reverberation time of the rehearsal room is
0.9s with the unoccupied condition.

A distinctive feature of this facility is that these rooms are connected to each other by electroacoustic lines.
This allows for the combined use of these rooms. Furthermore, this facility was designed under the Private
Finance Initiative (PFI) program. Therefore, the staff and operators have high knowledge about the design
intent and functions of the facility. This enables them to provide accurate support for even large-scale events
that use multiple rooms in complex ways.

Because the sound field of the halls were suitable for classical music, the entire halls could be used flexibly,
and the staff could provide advanced support; hence, the concert was held at this facility.

4 SYSTEM DESIGN IN SOUND PRODUCTIONS
4.1 Outline of sound production
In this concert, we adopted the Rev and Image systems for two primary purposes: (1) creating sound space
according to the scene of the piece and (2) sharing sound space in several rooms. For (1), to enhance a sense of
immersion in the scenery expressed in the pieces, we planned to change the acoustics of the venue synchronized



Table 3. Overview of sound productions

Concept Production detail

(1) Creation of sound space
(A) Reverberation enhancement of the venue to match the scene in the piece

(B) 3D Playback of environmental sounds representing scenes

(2) Sharing sound space in multiple spaces
(C) Transmission of sound to multiple spaces with low latency

(D) Bringing impression of the reverberation closer between rooms.

Combination of (1) and (2) (E) Real-time rendering and 3D playback of sounds in another space

Improving stage support (F) Construction of a virtual acoustic shell in the hall

Table 4. Production List

Main hall Small hall Reharsal room

Audience X - -

Performers Orchestra Chorus Solo Instruments

(A) X - -

(B) X - -

(C) X X X

(D) - X X

(E) X - -

(F) X - -

Figure 4. System block diagram

with the pieces, and to position and play environmental sounds representing the scenery in 3D during and in-
between music. For (2), we planned to transmit sound signals with low latency, to enhance a sense of sharing
music, as well as close the impression of reverberance between rooms. Furthermore, to harness the fact that
being performed in separate spaces, we were able to place the sound image of each space in various areas in
the venue.

In this performance, because of the stage and lighting production, it was impossible to install the acoustic
shells. Therefore, to improve the play-ability of the stage, we attempted to construct a virtual acoustic shell
that assists in easing the performance by adopting the Rev system [9]. The details of the sound productions are
summarized in Table 3.

4.2 Overview of sound system
For this performance, the performers were divided into the main hall, small hall, and rehearsal room in the
venue. The orchestra performed in the main hall, and the chorus in the small hall, while the solo instruments
and piano performed in the rehearsal room. The details of the acoustic performance in each room are presented
in Table 4. To perform music in three different spaces simultaneously, a low-latency sound transmission method
that can support multiple channels was required. Hence, signal transmission over a digital audio network was
used as the basis of the system. This enabled us to obtain the necessary signals for each room from the audio



Figure 5. Main hall loudspeaker layout Figure 6. View of each room

network, as well as realize multi-channel signal transmission without complicated wiring. The system block
diagram is presented in Figure 4.

4.2.1 Main hall
In the main hall, the output system of AFC system was configured with a total of 56 loudspeakers combining
installed and brought-in loudspeakers. The layout of the equipment is illustrated in Figure 5.

For the production (A), in which the reverberation in the hall changes according to the music scene, a large
variable range of reverberation was required to enhance the effect of the production. Consequently, the in-line
method was adopted, with microphones signal near the performers as the input signal, to ensure safety against
feedback. This enabled a long reverberation-like huge cathedral effect for the piece that represented a church
scene, and an atmosphere in a forest for the piece that represented a forest scene. In addition, the regenerative
method was adopted to construct a virtual acoustic shell for the performance (F), and it also supported the
player’s performance. Because the regenerative method uses the hall’s original reverberation, the sound energy
and reverberation on the stage were naturally enhanced. Hence, we created an acoustic field in which the
performers could easily perform with comfort.

For the 3D reproduction of environmental sounds in production (B), 3D acoustic content that had been
produced beforehand was reproduced on a DAW and rendered to loudspeakers in real time using the Image
system. For the production (E), in which the sound image in other spaces was moved, its position and size
were changed in real time to enhance the effect of the production. The sound images were smoothly moved
and positioned, which included moving a bird motif by piccolo as if a bird were flying, or arranging the
humming by chorus, such that it enveloped the hall.



Figure 7. Confirmation of sound production at
Yamaha Ginza Studio

Table 5. Specifications of Yamaha Ginza Studio

Capacity (N)
Seats 96

Standing 250

Volume (V) [m3] 1,000

Surface area (S) [m2] 670

Reverberation time [s] (Unoccupied) 0.6
* Reverberation time is 250Hz to 2kHz octave band average

4.2.2 Small hall
In the small hall, the Rev system realized a production (D) that makes the impression of the room reverberation
feel closer to that of the main hall. In the small hall where the chorus was performed, it was necessary to avoid
creating the uncomfortable feeling triggered by the varied reverberation. Therefore, the regenerative method was
adopted as the Rev system, which harnesses the original reverberation of the small hall. This allowed a natural
extension of the reverberation and created a sound similar to that of the main hall.

4.2.3 Rehearsal room
In the rehearsal room, similar to the small hall, the Rev system was adopted to realize production (D). Un-
like the small hall, the rehearsal room has a small room volume, and its original reverberation time is short.
Therefore, the in-line method, which is a widely variable reverberation control method was used.

5 PERFORMANCE PREPARATION: Sound Productions Confirmation
To verify the effect of the sound productions beforehand, a demonstration of the sound productions was con-
ducted in the studio of the Yamaha Ginza Building installed with AFC system. The picture taken that day is
shown in Figure 7, and specifications of the studio are presented in Table 5

Because the size and shape of the rooms in the studio differed from those in the performance hall, it
was assumed that the sound effects would be heard differently in the studio. To create a sound space that
assumes a production venue, we attempted to create a sound space by adopting AFC system. First, the Rev
system was adopted to create a sound environment similar to that of the actual performance venue, and the
regenerative method was used to enhance the reverberation of the entire studio. Next, the Image system was
used to reproduce the position and size of the sound elements. The Image system supports OBA; hence, it
can reproduce sound image information, such as position and size, even in a space with different loudspeaker
configurations. This made it possible to verify the contents of the production even in a space that differed from
the actual venue, which led to more effective adjustment work in the production.

6 PERFORMANCE: participants’ reactions to the performances
After the performance, the following comments were received from the audience.

- The synergistic effect of sound, stage, and lighting expressed the scene of the piece well.
- There were some parts where the sound effects did not complement the performance.

From these results, it is inferred that while the sound effects were effective in expressing the scenes, they did
not reach the level of naturalistic production that would have prevented the audience from feeling incongruous.



We also gathered feedback from the performers about the sound effects. In particular, we asked for their
opinions about the simultaneous performance from different spaces. The performers who performed in the main
hall gave the following comments

- The ensemble did not uncomfortably feel the difference between the small hall and rehearsal room.
- The sound’s realistic air vibration was not felt; hence, that the sense of playing together was shut out.

The chorus members who performed in a small hall gave the following comments
- As the orchestra sound was not live, some sounds were submerged and it was difficult to match the

orchestra sound when we sang.
- Owing to the rich reverberation of the small hall, we were able to perform while relying on the voices of

the chorus surrounding us.
These comments suggest that there were no problems with simultaneous performance because no significant
delays occurred in the transmission; however, some level of unnaturalness was felt because the size and quality
of the sound image could not be reproduced realistically. Regarding the sound source position, it is hypothesized
that moving the sound image within the auditorium for the production (E) was one of the factors that interfered
with the sense of simultaneous performance.

Further improvement is required for the realistic presentation of sound sources with a wide and deep sound
image, such as an orchestra. Nevertheless, there were several positive comments regarding the use of a rever-
beration control system to make the small hall sound more like the main hall. This will be a useful reference
when sharing music with other places in the future.

7 CONCLUSIONS
A novel production approach combining reverberation and sound image control technology was devised and
attempted for a classical concert. Conductor Nishimoto commented, “For this concert, we planned a production
that would allow the audience experience another dimension while still inside the hall, and would also connect
space to space. In the future, I would like to make it possible to transcend various restrictions and create a
musical experience that connects us transparently and at a higher dimension.” We consider the sharing of sound
space to be the key to enjoying music together beyond space. We intend to investigate ways to further enhance
the sense of sharing the sound space using immersive sound technology.
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ABSTRACT
The advent of affordable technologies for interactive spatial audio has facilitated the delivery of auditory aug-
mented reality (AAR) experiences. The basic idea behind AAR is to superimpose sounds on top of the real
world as its user moves through it, unlike games and VR where people experience pseudo-interactions in a
virtual space. However, the nature of AR prevents programmers from imagining in which space the user will
experience the AR application, making it more difficult to process sounds based on spatiality than in games and
VR. Therefore, we developed a real-time spatialized audio reproduction system using space data automatically
obtained by the AR application. This system provides dynamic spatial acoustics according to a space where
it operates by the following processes: 1) capture room shape from mesh data generated by LiDAR sensor;
2) calculate room impulse response on each sound and user position based on an image-source method; and 3)
rotate the sound image according to the user’s direction and provide spatialized sounds in binaural format. Since
these processes require only the game engine’s AR library and existing audio middleware to compute spatial
acoustics, it is possible to achieve personalized spatial acoustics and evaluate its plausibility for AR and audio
researchers.

Keywords: Augmented reality, Virtual acoustics, Game audio

1 INTRODUCTION
The fundamental concept of augmented reality (AR) is an interactive experience of a real-world environment
where the objects that reside in the real world are enhanced by computer-generated perceptual information,
typically 3D model visual information. According to Azuma et al. [1], an AR system should contain these
following components that: 1) combine real and virtual objects in a real environment; 2) run interactively and
in real-time; and 3) register real and virtual objects with each other. Whereas the concept of virtual reality
(VR) is based on an entirely virtual interaction that does not correspond to the user’s physical environment,
AR is unique that computer-generated objects are superimposed on the actual world and such an augmented
experience is presented to the user instantaneously.

With the development and commercialization of technologies related to spatial acoustics, such as binaural
technology and Ambisonics rendering system, the concept of auditory augmented reality (AAR) has emerged
[2]. The basic AAR system is similar to a visual version of AR. Users who play the AAR can listen to
and interact with both virtual sound sources that are sequentially updated through spatialization filters such as
the dynamic head transfer function (HRTF) according to their head movements, allowing them to realize the
direction and presence of the sound sources in real time. In addition, the distance between the users and the
sound sources can be calculated by motion sensors installed in the AR device, making it possible to present the
corresponding sound intensity in approximately the same way as in a physical space.

For a successful realization of AAR, the virtual acoustics objects have to be seamlessly integrated into
the real environment. There are several factors to match the sound objects with the environment; the critical
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attribute would be how to accord with the target room’s acoustical information [3]. In a room sound field,
not only direct sound, which is from the sound source directly arriving at the user’s ear, but also reflected
sounds from the room walls and ceiling will be heard simultaneously. The relative difference between direct
and reflected sounds can significantly change the perceived impression of the sound field and the sound itself.
Room reflection of sound is classified into two categories, early reflection and late reverberation, according to
the delay time from the direct sound. Early reflections affect auditory impressions such as loudness, articulation,
and apparent source width (ASW), while late reverberations create the impression of reverberance and listener
envelopment (LEV) [4]. AAR makes us easily recognize acoustic differences between physical and AR space
because any generated experiences are tied to real space. If room reflection of sound is not properly handled
in the AR space and users experience a mismatch of auditory impressions, they may not be able to immerse
themselves in the augmented interaction. Although the acoustic processing that an AR device can handle is
limited, plausible match in the room acoustic reproduction is required to create a reasonable acoustic perception
for the AAR system.

However, the basic premise of AR is that the space where users experience AR application is inherent to
each individual, and the geometric and material information about the space is not available to the developer at
the time the application was developed. Some methods have been proposed to estimate the room acoustics of
the space using a camera [5] or to compute some of the room acoustics by providing a simple impulse response
from a device [6] [7]. Yet, these methods still have issues such as real-time performance, and as Neidhardt et
al. have stated that “perfectly transparent reproduction devices are not (yet) available [3].”

We therefore implemented a research platform to investigate whether target room acoustic matching would
enhance plausible user experiences and subsequently overcome the aforementioned problems by combining ex-
isting AR application production technology with a commonly-used audio authoring tool for game development.
We envision that this platform will enable AR and acoustic researchers to achieve and evaluate reasonable spa-
tial acoustics in AAR applications and will contribute significantly to the development of immersive perception
research for not only existing applications but also future ones including but not limited to auditory perception
in the metaverse.

2 PLATFORM OVERVIEW
Augmented reality Room Acoustic Estimator (ARAE) is the state-of-the-art iOS platform to compute variable
characteristics of room acoustics and produce spatialized sounds instantaneously using a game development
software, Unity and its audio middleware, Wwise. Figure 1 illustrates a typical usage of ARAE.

The users first launch ARAE while wearing earphones and move the AR device measuring the shape of the
room. After placing a sound source at an arbitrary position, they can experience realistic listening of the sound
source in which the shape of the room and corresponding room acoustics are taken into account. The detailed
usage and procedure of this platform will be explained in the following sections.

2.1 Technical detail
ARAE requires a mobile phone with a LiDAR sensor, such as iPhone 12 pro (Apple Inc.) or higher. Moreover,
earphone or headphone with a motion sensor is required to estimate a user’s head orientation. We use Airpods
pro (Apple Inc.) to meet this requirement, which can obtain the user’s motion data directly through Apple’s
Headphone Motion API (as shown in Figure 1).

For the AR rendering side, we decided to use Unity (Unity Software Inc.) and its AR library, AR Foun-
dation. Unity is a cross-platform game engine and it can be used to develop two-dimensional and three-
dimensional games, as well as interactive experiences and physics engine simulation. AR Foundation, an exten-
sion of Unity, works with the Unity’s 3D rendering system to provide features for designing AR experiences
that work efficiently on any device. This package only provides a system interface to design AR experiences
and it does not implement the AR functionality itself, requiring other sub-packages for each platform. There-
fore, the functionality available in each sub-package may be limited. As for this platform, meshing, one of the
AR functions to capture a room shape, can only be available in iOS’s AR function (ARKit) at the time this
paper was published; thus, this platform cannot be used other than the iOS environment.



Figure 1. Typical usage of ARAE. A user uses the platform with with LiDAR-equipped iPhone and an earphone
with a motion-sensor in a small room, and listens to a virtual sound source rendered to account for a given
acoustics of the room.

The processing of the audio experience is implemented in Wwise (Audiokinetic Inc.). Wwise is a commonly-
used audio middleware for game engines. It features an audio authoring tool and a sound processing engine
that enable to design and compute comprehensive sound expression that general game engines themselves cannot
achieve.

2.2 Procedure
ARAE provides dynamic spatial acoustics according to a space in which the platform operates by the following
processes: 1) capture room shape from mesh data generated by LiDAR sensor; 2) calculate room impulse re-
sponse (RIR) on each sound and listener position using the image-source method; and 3) rotate the sound image
according to the listener’s direction and provide spatialized sounds in binaural format. This section describes
the detailed functionality of this platform in three parts. This section aims to let prospective AAR researchers
know what hardware preparation and software features should be required to study acoustics matching in AR
space.

2.2.1 Capture room shape
ARAE offers two features to obtain a geometrical room characteristic; Meshing and Re-emergence. Meshing
relies on AR mesh manager, one of the AR foundation functions, and employs the LiDAR sensor to create
a 3D polygon mesh model from the geometry of the real world. Once this feature is activated (by pushing
the “meshing” button at the top of the GUI [the left panel of Figure 2] in the case of this platform), the user
measures an entire space where the platform operates, relying on the blue-colored mesh displayed on the screen.
The platform stores the mesh model of the entire room. It is also possible to play sounds while capturing the
shape of the room, depending on design of an AR application. The data will be saved in Wavefront OBJ format
(.obj), but it can also be saved in any 3D model format that Unity supports, such as Standard Triangulated
Language (.stl) or Filmbox format (.fbx).

Re-emergence includes converting the mesh model to a format suitable for room acoustics calculations and
then sending the information to the audio rendering section. As the audio rendering software cannot handle
excessively detailed mesh models, it is necessary to simplify them using a mesh simplification method (as
a typical example in [8]). The quality of the simplification required to properly compute its room acoustics



Figure 2. The platform GUI (left panel) and Wwise profiler (right panel). A user can obtain room shape and
place sound object through the GUI. Wwise profiler displays various acoustical information such as a shape of
the room (orange-colored mesh) and trajectories of early reflections (yellow-colored lines)

depends on the volume of the room and the complexity of its geometry; therefore, a user may need to adjust
the parameter of its compression quality in response to the device’s processing capacity and adequacy of the
calculating reverberations. Once simplification is complete, the mesh model will be shown again to match the
physical space, and at the same time as this process, the room model will be sent to Wwise.

2.2.2 Audio rendering
After completing these processes, the user locates the sound source at the desired position. With these processes,
all the necessary information for the audio rendering has been prepared. Wwise acquires the user’s position
(relative three-dimensional coordinates of devices located on space in Unity), the orientation of the user’s head
(head tracking data from the Headphone Motion API), the position and direction of the sound sources, and
the geometric data of the room. An extensional library of Wwise, Wwise Reflect [9], uses this information to
compute early reflections of the room. This library allows features controlling properties such as the order of
the early reflections, absorption coefficient of each surface, and filters for each reflection (see [9] for details).

Wwise RoomVerb also allows controlling parameters for late reverberation of the room model. It can add
arbitrary late reverberation to the captured room model and it also provides the function to estimate the decay
of the reverberation based on its volume and surface area. While this platform currently does not implement
an algorithm to estimate more precise late reverberation that takes room materials and complex interiors into
account carefully, it could estimate those parameters by capturing an impulse response of the room and rec-
ognizing the surface material by build-in microphone and camera while measuring the room geometry (see [5]
and [7] for the possible implementation of this algorithm).

Furthermore, Wwise offers fundamental features to modify attributes of sound sources such as its intensity
and frequency response, as well as parameters such as distance attenuation of direct sound and attenuation based
on the direction of the sound source (this attenuation function is called “cone attenuation” in Wwise).

ARAE itself does not have an ability to visualize audio information such as sound levels of each sound
source and propagation of the early reflections; however, Wwise profiler running on a PC can illustrate such
information (the right panel of Figure 2). With ARAE and the PC on the same network, Wwise profiler
can automatically retrieve the data used for acoustic processing and draw the illustration on a separate system
from the platform. Moreover, many of the parameters involved in the sound processing in Wwise can also be
controlled through the Wwise authoring API, which can be manipulated asynchronously by python or Node.js



as well as Unity.

2.2.3 Input and output
Sound sources can also be played not only from audio data embedded in the platform but also from those
stored separately on external storage using Unity Addressable. The platform supports not only 1-channel and
2-channel sound sources, but also it can be potentially used for up to 13-channel surround audio formats and
up to 5th-order Ambisonics. (As a side node, these are audio formats supported by Wwise itself and multi-
channel format and higher-order Ambisonics (HOA) may not be processed properly due to a user device’s CPU
capability.)

Sound sources are sent to the audio bus after applying EQ and other filters. Each audio bus can choose
whether to treat the sound sources as a channel-based, an Ambisonics format, or an object audio. In addition,
it is possible to determine at which stage the early reflections and late reverberations are to be combined.
These sounds are finally binauralized according to the user’s head orientation using Wwise Auro-Headphones
and played back through the earphones. Employing another binaural decoding algorithm or individual HRTF
filtering is possible by implementing a custom plugin.

The platform’s GUI allows users to arbitrarily change the early reflections and reverberations, thereby com-
paring how the AR acoustic impression differs with or without the reflections at any point.

2.3 Future researches
Spatial acoustics in AAR that takes advantage of room characteristics have a chance to create a more precise
impression than otherwise. For example, the presence of sound is enhanced by early reflections, making it
easier to understand where the sound emanates from and the distance between them. This will be of great help
in a navigation system, which is one of typical use cases of AR (as a representative application; Google maps
AR navigation). Generally, AR navigation with only visual information is fraught with dangers, such as using a
smartphone while walking. However, the spatial-aware AAR avoids such problems and could guide users safely.
We expect that the proposed platform will be instrumental in investigating what acoustic parameters would be
for precise and reasonable sound localization in various user-end applications including AR navigation.

ARAE has only constructed a system in which the various acoustic parameters are provided in a form
that developers and users can freely edit. Consequently, if those parameters are not optimized to provide an
acoustically natural listening experience, users may find the platform less immersive than a simple AAR that
can be achieved with existing AR systems themselves. There have not been many psychoacoustical studies on
AR experience conducted with AR applications as few systems have been implemented that allow experimenters
to properly control its experimental environment and take sufficient physiological and behavioral data. Therefore,
it has been difficult to define the optimal parameters at present. Our next research project with ARAE is to
conduct subjective evaluation experiments on acoustic impressions in the AR spaces, and to suggest presets
of acoustical parameters that provide an acoustically reasonable listening experience in AR environments. Once
completed, we expect that this will not only extend the acoustic expressions in the existing AR systems but will
also enable a new sound experience that takes full advantage of AR’s potentiality by allowing free movement
through space in a six-degree of freedom (6DoF), thereby feasibly increasing the importance of acoustics in the
metaverse.

3 CONCLUSION
ARAE has a potential as an experimental platform for AR and audio researchers to investigate the necessary
elements for natual acoustic representation in AR spaces. As noted in the review by Neidhardt et al., the
opportunities for AAR usage are accelerating; still, psychophysical and physiological studies to ascertain its
acoustical plausibility have been difficult to implement due to technical limitations [3]. Yet, we are confident
that this platform, which combines typical hardware and software used in game production, will overcome the
technical limitation and could provide a multitude of research opportunities for experimenters who do not even
specialize in the field of AR.
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ABSTRACT
Multichannel three-dimensional spatial sound can improve auditory perceptions for the listener, but at the
cost of more complex three-dimensional loudspeaker configuration. In order to adapt to some practical
applications, multichannel three-dimensional spatial sound sometimes needs to be downmixed. However,
vertical localization information is generally lost when multichannel three-dimensional spatial sound is
downmixed with horizontal loudspeaker configuration reproduction. In this paper, based on the mechanism
of binaural dynamic cue acting on elevation perception, a downmixing method is proposed which enables
to recreate virtual source at various elevations with horizontal loudspeaker configuration. The proposed
method is implemented in the 5.1-channel horizontal loudspeaker configuration recommended by the
International Telecommunications Union (ITU). A virtual source localization experiment validates that the
proposed method can generate virtual sources with different elevation angles within a certain range of the
upper hemisphere, especially those with high elevation angles. Therefore, the method proposed in this
paper reduces the loss of vertical information in downmixng by only using horizontally arranged
loudspeakers.

Keywords: Downmixng; Spatial sound; Vertical localization; Dynamic cue

1. INTRODUCTION
Recently, multichannel sounds have been evolving from horizontal surround to

(three-dimensional) spatial sounds (1). In comparison with horizontal surround sound, multichannel
spatial sound can recreate vertical localization information and thus improve the auditory perceptual
performance in reproduction. Multichannel spatial sounds usually uses layer-wise (three-dimensional)
loudspeaker configurations which include the horizontal, upper and sometimes bottom layers of
loudspeaker arrangement. However, these layer-wise loudspeaker configurations are complex and
not appropriate for some practical uses. For example, in some domestic uses, it is inconvenient to
arrange the upper (high) layer of loudspeakers for multichannel spatial sound. In these cases, it is
necessary to downmix the multichannel spatial sound signals to fewer channel signals and then to
reproduce with some appropriate horizontal loudspeaker configurations. Traditional downmixing
methods for horizontal loudspeaker reproduction lose vertical localization information and therefore
the perceived virtual source is limited to the horizontal plane at most. A similar problem occurs in
object-based spatial sound (2), in which objects intended for being reproduced with
three-dimensional loudspeaker configurations may be rendered with a horizontal loudspeaker
configuration. Therefore, a general problem is how to recreate vertical virtual source via a horizontal
loudspeaker configuration associated with a appropriate signal mixing or downmixing method.

Psychoacoustic principle can be utilized to realize aforementioned purpose to some extent.
Actually, the virtual source-elevated effect, a special psychoacoustic phenomenon, was observed in
early studies on stereophonic sound (3). For a two-channel stereophonic loudspeaker configuration
with a large span angle and an identical signal amplitude, the perceived virtual source is located at a
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high elevation in the median plane rather than in the direct front, especially when the head rotates
around the vertical axis. In the end of the 1950s, Leakey interpreted this effect by an analysis of
interaural time difference (ITD) variation caused by head rotation (4). Some recent studies also
provided experimental results with additional details (5).

According to psychoacoustic principle (6-8), both dynamic cue at low frequency (especially
dynamic variation of ITD caused by head turning) and spectral cue at high frequency (caused by the
scattering and diffraction of pinna) contribute to front-back and vertical localization. But the
information provided by these two cues is somewhat redundant. When one cue is eliminated, another
cue alone still enables front-back and vertical localization to some extent (9).

In present work, the psychoacoustic principle of virtual source-elevated effect is utilized to
recreate vertical virtual source using horizontal loudspeaker configuration. Taken the four horizontal
loudspeakers in ITU 5.1-channel loudspeaker configuration as an example, a signal mixing or
downmixng method is proposed. This method can create desired low-frequency ITD and its dynamic
variation with head rotation and thus can recreate virtual source in various elevation the median
plane. And a virtual source localization experiment is conducted to validate the proposed method.

2. PRINCIPLE OF SYNTHESIZING VERTICAL VIRTUAL SOURCE WITH
HORIZONTAL LOUDSPEAKER CONFIGURATION

2.1 System coordinates
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
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 – Default coordinates in the present work

2.2 Summing Localization Equations based on Simplified Head Model
It is known that low-frequency (f < 1.5 kHz) is a dominant cue for lateral localization (10), by

which the interaural polar azimuth of a sound source can be determined. Early in 1940, Wallach
suggested that dynamic cue contribute to front-back and vertical localization (7). In detail, the ITD
variation caused by head turning around the vertical axis (rotation) allows the discrimination of the
front-back location as well as vertical displacement from the horizontal plane; and head turning
around the front-back axis (tilting) provides supplementary information for up-down discrimination.
Wallach’s classical hypothesis has been validated by some modern experiment (8).

Based on Wallach ’s hypothesis and a simplified (shadowless) headmodel, the perceived virtual
source direction in multichannel spatial sound reproduction can be analyzed by comparing the ITD
and its dynamic variation of reproduction with these of a target source, and then a set of summing
localization equations can be derived (11). The original equations are expressed in conventional
spherical coordinate system. Here, the equations are converted to the interaural polar coordinate



system used in present paper.
Suppose that there are M loudspeakers arranged at a constant and far-field distance to the center

of head. The direction of the ith loudspeaker is (Θ i, Φ i) and the amplitude or gain of corresponding
loudspeaker signal is Ai. The direction of perceived virtual source at low-frequency is denoted by (ΘI,
ΦI) and can be evaluated by following three equations.

Comparing the ITD for a fixed head orientating to front in reproduction with that of target source
yields
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Comparing the variation rate of ITD against head rotation in reproduction with that of target
source yields
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Comparing the variation rate of ITD with head tilting in reproduction with that of target source
yields
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(3)

Eq. (1) to Eq. (3) are applicable to the analysis of the summing localization in multichannel
spatial sound reproduction. Because a shadow-less head models is used in the derivation of these
equations, the equations are valid only at low frequencies below 700 Hz.

2.3 The principle of the proposed method
By using the theory presented in Section 2.2, we propose a method to recreate vertical virtual

source in median plane with horizontal loudspeaker configuration. The ITU 5.1-channel loudspeaker
configuration is taken as an example (12). As shown in Fig.2, it involves five full-band channels and
loudspeakers, namely the left (L), center (C), right (R), left-surround (LS) and right-surround (RS)
loudspeakers. It also involves an optional low-frequency effect channel and subwoofer. We only use
the left, right, left-surround and right surround loudspeakers to recreate vertical virtual source in the
median plane. In interaural polar coordinate, the directions of these loudspeakers are:
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Figure 2 – Loudspeaker configuration of 5.1-channel surround sound system

The amplitudes of loudspeaker signals are:
1 L 2 R 3 LS 4 RSE E E E E E E E    (5)



In order to synthesize the virtual source in the median plane, the amplitudes of the loudspeaker
signals should be left-right symmetric, then

1 2 3 4E E E E  (6)
Substituting Eq.(5) and Eq.(6) into Eq.(1) yields:

0sin IΘ (7)
Therefore, when the head is fixed to orient to the front, the ITD in reproduction vanishes and the

perceived polar azimuth is Θ I = 0°. Therefore, the synthetic virtual source is indeed in the median
plane.

To derive the loudspeakers signals for virtual source in the median plane, substituting Eq.(5) and
Eq.(6) into Eq.(2) yields:
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Because Θ'I = 0° then cosΘ'I = 1, Eq.(8) becomes
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On the other hand, substituting Eq.(5) and Eq.(6) into Eq.(3) yields:
0sincos II Φ"Θ" (10)

Because Θ''I = 0°, we have
 18000sin III Φ"orΦ"Φ" (11)

Eq.(9) and Eq.(11) leads to inconsistent results. In this case, the localization of the perceived
virtual source is determined according to the psychoacoustic mechanism or hypothesis. Eq.(11)
indicates that, for reproduction with four horizontal loudspeakers, head tilting falls to provides
effective information for up-down discrimination. The virtual source is located in the direct front or
back in the horizontal plane. However, Eq.(9) indicates shows that the head rotation provides
information about the displacement of the virtual source from the horizontal plane. Since the vertical
displacement of the virtual source from the horizontal plane is mainly determined by the ITD change
caused by the head rotation around the vertical axis, the elevation angle of the virtual source can be
approximately determined by Eq.(9). And in practice, the auditory system is used 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, it will be used to sensing that the
virtual source is in the upper hemisphere.

Eq.(9) indicates that the polar elevation of the perceived virtual source is determined by the
amplitude ratio AR = E3 / E1 or interchannel level difference (ICLD) d = 20log10 (E3 / E1) (dB).
Theoretically, when the ICLD changes from -∞ dB to +∞ dB, and the polar elevation of the virtual
source changes from 30° to 110°. The variation of perceived polar evaluation with ICLD is plotted in
the following Fig.3. Therefore, the horizontal loudspeaker arrangement can produce virtual sources
with different polar elevation angles in the median plane.

From Eq. (9) and following condition of constant overall power of loudspeaker signals:
2 2 2 2
1 2 3 4 constE E E E    (12)

the amplitude of loudspeaker signals can be obtained:
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Eq.(13) and Eq.(14) can be regarded as a panning law or signal mixing method for the horizontal
loudspeaker configuration to recreate virtual source at different evaluation. When the target
elevation Φ'I is given, the amplitude or gain of loudspeaker signals can be calculated from these two
equations. When the multichannel spatial sound signals are downmixed for reproducing with
horizontal loudspeaker configuration, or when the signal of a vertical object in object-based spatial
sound is reproduced with horizontal loudspeaker configuration, the signals can be mixed to
loudspeakers according to these two equations.



3. VIRTUAL SOURCE LOCALIZATION EXPERIMENT

3.1 Experimental method
A virtual source localization experiments validate that the proposed method can recreate virtual source

in different evaluation in the median plane. Experiment was conducted in a listening room with
reverberation time 0.15s and background noise less than 30 dBA. Four loudspeakers (Philips MC1500H),
namely, the L, R, LS and RS loudspeakers were arranged in a circle with radius r = 1.45 m according to
Fig.2. The height of loudspeakers was 1.2 m. The loudspeaker signals were created according to Eq.(13)
and Eq.(14), resulting to signals with EL= ER, ELS = ERS and ICLD of d = 20 log10 (ELS / EL) varying from
-24 dB to +24 dB at an interval of 6 dB. Two kinds of stimuli, e.g., pink noise with full audible bandwidth
(20 Hz ~ 20 kHz) and 3 kHz-low pass filtered pink noise were used in the experiment.

Eight subjects (3 male and 5 female), aging from 22 to 27 with normal hearing participated in the
experiment. Before the formal experiment, the subjects were trained in virtual source localization. In
the formal experiment, subject judged the perceived elevation of virtual source. During the
experiment, subjects were encouraged to turning their heads. Generally, rotation angle of head
ranged from ±10° to ±25°, and the tilting angle of head ranged from ±10° to ±20°, as monitored by
an electromagnetic head tracker. Under each condition, the signals were reproduced three times in a
random order, and each subject judged three times repeatedly. Therefore, there were 3 repetitions × 8
subjects = 24 judgments in total under each condition.

Statistical analysis was applied to the result. Firstly, the consistency of the experimental data is
checked. And then the average perceived polar azimuth is used to judge whether the perceived
virtual source is near the median plane. Finally, the average perceived polar elevation and
corresponding standard deviation of 24 judgments under each condition were calculated as the final
statistical result.

3.2 Experimental results and discussion
Kruskal Wallis H test was performed on the experimental data. The test showed that the results of

all subjects were consistent with the repeated results at a significance level of 0.05, indicating that
the experimental data were reliable and stable. Preliminary experimental statistical results showed
that all perceptual virtual sources were in the upper hemisphere, and the average perceived polar
azimuth was less than 5°, that was, the perceived virtual sources were located near the median plane
of the upper hemisphere.

In order to analyze the relationship between the actual perceived elevation of virtual source and
the target (theoretical) elevation of the virtual source given by Eq.(9), Fig.3 illustrates the average
perceived polar elevation and the corresponding standard deviation for different ICLD and two
stimuli with different bandwidths. At the same time, the figure plots curve of elevation of virtual
source vs the ICLD according to Eq.(9). It can be observed from the figure that the results of two
stimuli with different bandwidths are similar. The average perceived polar elevation of the two
stimuli increases with the increase of the ICLD, and the overall trend of the perceived polar
elevation is basically consistent with the calculation from Eq.(9). A detail observation of Fig. 3
indicates that, when the ICLD is less than 0 dB, the perceived polar elevation is smaller than the
calculation result of Eq.(9). When the ICLD is greater than 0 dB, the perceived polar elevation is
larger than the theoretical calculation result of Eq.(9). Therefore, in comparison with the calculation
results, the average perceived elevation of virtual source exhibits a bias towards the horizontal plane
expect for the virtual source at the top of Φ'I = 90°.

Actually, Eq.(9) is derived by assuming that the ITD variation caused by head rotation dominate
the perceived of displacement of virtual source from the horizontal plane. On the other hand, Eq.(11)
indicates that virtual source is located in the horizontal plane in spite of ICLD. This inconsistent
result indicates that head tilting provides different information. Actual perceived elevation may be
determined by a weighted combination of information providing by head rotation and tilting.
Although head rotation contribution more to the perception of the displacement of virtual source
from the horizontal plane, a completely neglecting of the information provided by head tilting may
cause some error the analysis.

In addition, it can also be observed from Fig.3 that, for ICLD = -24 dB, the average perceived
evaluation of virtual source is near 25° rather than 0° in the horizontal plane. In this case, the signals
of LS and RS loudspeakers (Fig.2) almost vanish, and the virtual source is created by the L and R
loudspeakers with identical signal amplitude. Because head rotation is encouraged during the



experiment, the experimental results exhibit a conventional virtual source-elevated effect generated
by the L and R loudspeakers (although the span angle of these two loudspeakers is 60°).

Overall, the aforementioned experimental results indicate that the proposed method can
effectively synthesize vertical virtual sources with different elevation angles by adjusting the ICLD,
including the virtual source directly above.

Figure 3 – Average and the corresponding standard deviation of perceived polar elevation of
synthetic virtual

4. CONCLUSION
Multichannel spatial sound improves the spatial perception performance, but requires more complex

three-dimensional loudspeaker configuration. In order to adapt to some practical applications and
facilitate actual loudspeaker arrangement, it is necessary to downmix multichannel spatial sound signals
for reproduction with horizontal loudspeaker configuration. However, spatial information, especially the
vertical information is often lost in the conventional downmixing. A similar problem may occur in
object-based spatial sound.

To address above problem, the method of recreating vertical virtual source by using horizontal
loudspeakers configuration is proposed in present work. For a horizontal loudspeaker configuration with
four loudspeakers taken from the ITU 5.1-channel configuration, theoretical and experimental results
indicate that appropriate signal mixing can recreate virtual source in various evaluations in the
upper-median plane. Therefore, the proposed method effectively reduces the loss of vertical localization
information and improves the performance the downmixing reproduction of multichannel spatial sound.

The method in this paper is not only suitable for reproduction with 5.1-channel loudspeaker
configuration, but also suitable for other horizontal loudspeaker configuration. It provides a new method
for reproduction three-dimensional spatial virtual sources with horizontal loudspeaker configuration.
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ABSTRACT 

In transaural reproduction, binaural pressures are controlled by loudspeakers to create virtual source in 

various directions. Virtual source localization performance in reproduction is determined by the stability and 

effort of binaural pressures control. The effort of binaural pressures control is related to the average power 

of transaural filter responses. An increase of the effort of binaural pressures control leads to difficulty in 

creating virtual source. Previous studies have investigated the problem in recreating lateral virtual source in 

transaural reproduction with two frontal loudspeakers. By evaluating the stability and effort of binaural 

pressures control, the performance of transaural reproduction with three frontal loudspeakers are analyzed in 

present work. Results indicate that, compared with two-loudspeaker configuration, three-loudspeaker 

configuration with half-span angle of 30° is more stable, while three-loudspeaker configuration with half-

span angle of 90° exhibits a less effort. Virtual source localization experiment also reveals that transaural 

reproduction with three front loudspeakers exhibit slight better localization performance of lateral virtual 

source. 

Keywords: Transaural reproduction, Binaural pressures control, Localization 

1. INTRODUCTION 

Transaural reproduction is a special kind of spatial sound technique which creates the auditory 

perception of virtual source by controlling the binaural pressures v ia a set of loudspeakers(1‒3). One 

advantage of transaural reproduction is that it is simple, e.g., it requires a small set of (not fewer than 

two) loudspeakers for reproduction. Therefore, it is not only used as an independent reproduction 

system, but also used to convert various multichannel sound signals (such as 5.1-channel signals) for 

reproducing with fewer loudspeakers.     

 Transaural reproduction with two or more loudspeakers in frontal-horizontal plane can 

theoretically duplicate the binaural pressures of an arbitrary target source. Therefore, it is expe cted to 

be able to recreate virtual source in arbitrary direction. However, practical static transaural 

reproduction with loudspeakers in frontal-horizontal plane usually exhibits following problems:  

1) The perceived virtual source directions are limited to the frontal -horizontal plane, rather than 

arbitrary spatial directions.   

2) The size of listening region (sweet point) is very small. A slight translation of head will destroy the 

perceived effect. 

3) Lateral virtual source moves towards the front.   

The aforementioned three problems are related to one another. The reasons for the first problem 

are that, in static transaural reproduction with frontal loudspeaker configuration, the dynamic cues for 

front-back and vertical localization are incorrect, and the high-frequency spectral cues are unstable 

(4).  

The second problem is related to the stability and robustness of binaural pressure control which 

can be evaluated by the condition number of transfer matrix from loudspeakers to two ears (5). Some 

loudspeaker configuration, such as two-frontal loudspeakers with narrow span angle (stereo dipole) 

(6), three-frontal loudspeaker configuration (2) and optimal source distribution (7), have been 

suggested to improve the stability in reproduction.  
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Previous work indicated that the third problem is related to multiple factors, including mismatched 

HRTFs, mismatched characteristics of loudspeakers pair, mismatched dynamic cues caused by head 

turning around the vertical axis (3). Hamdan and Fazi analyzed effectiveness of binaural pressure 

control or crosstalk cancellation in sound reproduction using a modal method (8). Moreover, our 

recent work has indicated that the third problem is closely related to the effectiveness of binaural 

pressure control (9). In transaural reproduction with two frontal loudspeakers, a narrow span angle 

between loudspeakers increases the effort (required total signal power) of binaural pressure control 

for lateral virtual source.    

2. Basic principles of transaural reproduction with a set of frontal loud-

speakers 

A horizontal polar coordinate is chosen. The origin of coordinate is located at the head center. The 

horizontal position is specified by (r, θ), where r is the distance with respect to the origin; −180° < θ 

≤ 180° is the horizontal azimuth with θ = −90°,0° and 90° being the left, front and right, respectively. 

For a target horizontal source at far-field distance rS ≥ 1.0 m and azimuth θS, the binaural pressures 

can be calculated by a pair of far-field head-related transfer function (HRTFs) which are 

asymptotically independent of source distance: 
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where f is frequency; P0 is the free-field pressure at the position of head center when the head is absent.  

For transaural reproduction with a set of front loudspeakers, N ≥ 2 loudspeakers are arranged in a 

semi-circle in the frontal-horizontal plane. The distance from each loudspeaker to the head center 

satisfies r ≥ 1.0 m. Then the binaural pressures are the superposition of those caused by all 

loudspeakers: 
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where θi with i = 1,2…N is the azimuth of the ith loudspeaker; HL(θi,f) and HR(θi,f) are the HRTFs 

from the ith loudspeaker to the left and right, respectively.  Ei is the signal of the ith loudspeaker. 

Eq.(2) can also be written in the following simple form:  

 EP ][' H=  (3)   

where P’, E and [H] represents the vector of binaural pressures, vector of loudspeaker signals and 

transfer matrix from loudspeakers to two ears, respectively.  

Given the loudspeaker configuration, loudspeaker signals in transaural reproduction can be solved 

by matching the binaural pressures of reproduction in Eq.(2) with those o f target source in Eq.(1) (2).  

In the case of conventional reproduction with two loudspeakers, loudspeakers are arranged 

symmetrically in the frontal-horizontal plane with respect to the listener. The azimuth of left and right 

loudspeakers are θL = θ1 = -θ0 and θR = θ2 = θ0. The HRTFs from two loudspeakers to two ears satisfy 

HL(θL, f) = HR(θR, f) = α and HL(θR, f) = HR(θL, f) = β. Except for some frequencies at which the matrix 

[H] is ill-conditioned, Eq.(1) and Eq.(2) yield an unique solution of loudspeaker signals:   
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where E0(f) = P0 is the complex-valued input signal; GL(θS, f) and GR(θS, f) are the responses of a pair 

of transaural filters: 
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In the case of three loudspeaker reproduction, the three loudspeakers are also arranged 

symmetrically in the frontal-horizontal plane with respect to the listener (Figure 1). The azimuth of 

the left, right and center loudspeakers are θL = θ1 = -θ0, θR = θ2 = θ0 and θC = θ3 = 0º. The HRTFs 

from three loudspeakers to two ears satisfy HL(θL, f) = HR(θR, f) = α, HL(θR, f) = HR(θL, f) =β and HL(θC, 



 

 

f) = HR(θC, f) = γ. Because fewer receiver points (two ears) than loudspeakers exist, the problem is 

underdetermined. Therefore, there exist infinite sets of solution of loudspeaker signals from Eq.(1) 

and Eq.(2). Some restriction should be added to fine a unique solution. A conventional solution is 

derived from the pseudoinverse of transfer matrix [H] in Eq.(3), which is equivalent to minimizing 

the total power of loudspeaker signals. To explore the effectiveness of binaural pressure control for 

lateral virtual source, another solution of loudspeaker signals are analyzed.         

Similar to the sum-difference or mid-side transformation in traditional stereophonic sound (10), 

the sum-difference transformation of target binaural signals in Eq.(1) is given by  
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 (6) 

The sum signal EM(f) includes the front localization information, which should be reproduced by 

the center loudspeakers. The difference signal EM(f) includes the lateral localization information, 

which should be reproduced by the left and right loudspeakers. Therefore, the three loudspeaker 

signals can be written as:       
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 (7)  

where FS1(f), FS2(f) and FM(f) are the responses of three filters to be determined.  

Substituting Eq.(6) an Eq.(7) into Eq.(2) and matching the binaural pressures in reproduction with 

those of target in Eq.(1), we obtain the FS1(f), FS2(f) and FM(f) and then the loudspeaker signal: 
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where the responses of three transaural filters are given by (2): 
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Figure 1 – Transaural reproduction with two or three frontal loudspeakers 

3. Analysis on the stability and effort of binaural pressures control in 

transaural reproduction  

3.1 Method of analysis 

Eq.(4) and Eq.(8) indicate that, in transaural reproduction, binaural pressures can be controlled by 

filtering the input signal with two or three transaural filters and then reproduc ing by two or three 
loudspeakers. The binaural pressure control in transaural reproduction can be evaluated by some 

criteria. The stability (robustness) of binaural pressures control against certain perturbations is usually 



 

 

evaluated by the condition number of the transmission matrix [H] in Eq.(3) [5], e.g.,.  
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where σ1 and σ2 are the largest and smallest singular values of the transmission matrix [H], 

respectively. Under the ideal conditions, κ(H) = 1. A small κ(H) (close to 1) represents that binaural 

pressure control is robust to perturbations. However, condition number is not enough for evaluating 

the ability of creating virtual source at various directions.   

Here, the effort of binaural pressures control, which is defined as the average power of transaural 

filter responses across certain frequency range as a function of target virtual source direction, is also 

used to evaluate the ability of creating virtual source at various directions. An increase of the effort 

of binaural pressures control leads to difficult in creating virtual source. For transaural reproduction 

with two loudspeakers, the effort of binaural pressure control is calculated by following formula:  
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where the responses GL and GR of two transaural filters are given by Eq.(5), K and Δf are number and 

interval of frequency samples within the concerned frequency range, respectively.  

For transaural reproduction with three loudspeakers, the effort of binaural pressure control is 

calculated by following formula:   
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where the responses GL, GC and GR of three transaural filters are given by Eq.(9). 

In the following, the three-loudspeaker configurations with half-span angle of θ0 = 30° and 90° (or 

2θ0 = 60° and 180°) are analyzed. For comparison, conventional two-loudspeaker configuration with 

half-span angle θ0 = 30° (or 2θ0 = 60°) are also analyzed. W(θS) is calculated over two frequency 

ranges, 0.1~10 kHz and 0.1~1.5 kHz. The far-field HRTF data of the KEMAR artificial head with 

DB060/061 pinnae but without torso obtained by boundary element calculation are used in analyzed 

(11). The sampling frequency of HRTF is 44.1 kHz, the length of HRTF is 882 points.   

3.2 Results of the stability of binaural pressures control      

 

Figure 2 – The condition number of different loudspeaker configurations 

Figure 2 illustrates the condition numbers of the three-loudspeaker reproduction with different two 

span angles. In the low frequency range below 1 kHz, the three-loudspeaker reproduction with half-

span angle of θ0 = 90° exhibit a smaller condition number and is relatively stable. At mid-frequency 

range, the condition number of the three-loudspeaker reproduction with half-span angle θ0 = 30° is 

smaller, indicating a better stability. Narrowing the span angle can improve the stability of the mid-

frequency binaural pressures control, but at the cost of deteriorating the stability of the low-frequency 

binaural pressures control. In comparison with the case of two-loudspeaker reproduction with half-

span angle of θ0 = 30°, the condition number of the three-loudspeaker reproduction with half-span 

angle θ0 = 30° is small, especially in the mid-to-high frequency range of 2~4 kHz, which has obvious 



 

 

advantages over the other two configurations. The three-loudspeaker reproduction with half-span 

angle θ0 = 90° has better stability at low frequencies, and is inferior to the other two configurations at 

high frequencies. The stability of the two-loudspeaker reproduction with half-span angle θ0 = 30° is a 

compromise. The condition number depends on loudspeaker configuration only and is independent 

from the direction of target virtual source. Therefore, it cannot account for the target direction -

dependent defect of localization (especially defect in lateral localization).  

3.3 Results of the effort of binaural pressures control 

Figure 3(a) illustrates the effort of binaural pressure control for reproduction with different 

loudspeaker configurations within the frequency range of 0.1~10 kHz. For all loudspeaker 

configuration, the general trend is that the effort of binaural pressures increases when the target virtual 

source deviates from the front (θS=0°) towards the side, and maximizes at θS = ±90°. This trend reveals 

that it is more difficult to recreate lateral virtual source than to recreate frontal virtual source in 

reproduction. When target source azimuth exceeds θS = ±60º, the efforts of three loudspeaker 

reproduction with two different span angles are smaller than that of two-loudspeaker reproduction. 

And in three-loudspeaker reproduction, the effort for configuration with half-span angle of θ0 = 90° 

is small than that with half-span angle of θ0 = 30°. For example, when θS = 90º, effort for two 

loudspeaker reproduction and three loudspeaker reproduction with half-span angles of θ0 = 30° and 

90° are -15.4 dB, -16.6 dB and -18.3 dB, respectively. Therefore, three loudspeaker reproduction 

moderately improves the effort in binaural pressure control for lateral target virtual source. Moreover, 

in three-loudspeaker reproduction, a large half-span of loudspeaker (θ0 = 90°) further improves the 

effort in binaural pressure control for lateral target virtual source. This improvement of the effort may 

enhance the localization of lateral virtual source in reproduction to some extent.   

Figure 3(b) illustrates the effort of binaural control within the frequency range of 0.1~1.5kHz. The 

general trend is similar to those within frequency range of 0.1~10kHz.  

  

(a)Within the frequency range of 0.1 to10 kHz   (b) Within the frequency range of 0.1 to 1.5 kHz 

Figure 3 – Effort of binaural pressure control in two and three loudspeaker reproduction 

4.  Virtual source localization experiment 

4.1 Experimental design 

A virtual source localization experiment was conducted to explore the effort of binaural pressure 

control in virtual source localization, especially in lateral virtual source localization, in transaural 

reproduction with three loudspeakers.  

Localization experiment was conducted for three loudspeaker reproduction with half-span angle θ0 

= 30°, 90° and two loudspeaker reproduction with half-span angle θ0 = 30°. The input stimuli included 

pink noise with full audible bandwidth and 1.5 kHz low-pass-filtered pink noise. Including the 

stimulus of low-pass-filtered pink noise is for exploring the effect of different signal bandwidths on 

localization. 

 The length of stimulus was 10s. Localization at thirteen target virtual source azimuths of θS = 0°, 
±15°, ±30°, ±45°, ±60°, ±75°, ±90° was evaluated. Experimental signals were generated by a PC and 

fed to the loudspeakers via a Galaxy 64 channel sound card (only three channels were used) and 

custom power amplifiers. 



 

 

The experiment was conducted in a listening room with a reverberation time of 0.15s. The 

background noise level in the listening room did not exceed 30 dBA.  PhilipsMCI500H loudspeaker 

systems were used in experiment. All loudspeakers were arranged at a height of 1.5 m and at a distance 

of 1.45m with respect to the center of the subject's head. The pressure level (evaluated in the position 

of head center with the head absent) was about 75 dBA. A total of 8 subjects (6 male and 2 female) 

with normal hearing participated in the experiment. Subject judged the perceived virtual source 

azimuth. In each condition, each signal is played with random order, and each subject judge 3 times 

repeatedly. Statistical analysis was applied to the experimental data. 

4.2 Experimental results and discussion 

Figure 4 is the results of virtual source localization experiment for pink noise with full audible 

bandwidth. The figure shows the average perceived azimuth and standard deviation of the virtual 

source. Compared with two-loudspeaker reproduction with half-span angle θ0 = 30º, when the target 

virtual source azumith |θS| ≥ 60°, the average perceived virtual source azimuth for a three-loudspeaker 

reproduction with a half-span angle θ0 = 90° is slightly larger and closer to the target virtual source, 

e.g., the lateral virtual source localization is slight improved. Further statistical t-test also confirmed 

the above conclusion.  

 

Figure 4 – Results of virtual source localization experiments for pink noise with full audible bandwidth 

 

(a)three-loudspeaker configuration of θ0=30°   (b)three-loudspeaker configuration of θ0 = 90°   

Figure 5 – Results of virtual source localization experiments for 1.5 kHz low-pass filtered pink noise  

Figures 5 show the results of virtual source localization experiment for low-pass-filtered pink noise 

in three-loudspeaker reproduction with half-span angle of θ0 = 30° and 90°. For comparison, the results 

of pink noise with full audible bandwidth are redrawn in the Figure 5. A statistical t-test on the results 

indicates that there is no significant difference between the localization results of the stimuli with two 
bandwidths. Actually, interaural time difference (ITD) at low frequency (below 1.5 kHz) is dominant 

cue for lateral localization, the aforementioned two stimuli lead to identical low-frequency ITD in 



 

 

reproduction, and then similar average perceived azimuth of virtual source.   

The aforementioned experimental result is consistent with the analysis on the effort of binaural 

pressures. Actually, a similar analysis on effect of span angle of loudspeakers on the transaural 

reproduction with two loudspeakers indicated that, a narrow span angle (such as in stereo dipole) 

increases the effort of binaural pressures control for lateral virtual source considerably (9), and thus 

is less effective in recreating virtual source. Therefore, the localization performance and defect of 

lateral virtual source in transaural reproduction with two or three loudspeakers in the frontal -

horizontal plane is closely related to the effort of binaural pressure control, and the relation to 

condition number of transfer matrix from loudspeaker to two ears is not obvious.  

5. CONCLUSION 

By controlling binaural pressures via two or more loudspeakers, transaural  reproduction is 

expected to recreate virtual source at different directions. The condition number of transfer matrix is 

previously used to evaluate the stability in transaural reproduction. The effort of binaural pressures 

control is closely related to the localization performance in reproduction. An increase of the effort of 

binaural pressures control leads to difficulty in creating virtual source. Compared with conventional 

two loudspeaker reproduction, three loudspeaker reproduction with span angle of 90º reduces the 

effort of binaural pressure control and slight improve the effect of lateral virtual source localization. 

Therefore, one way to improve the lateral virtual source localization in transaural reproduction is to 

chose an appropriate loudspeaker configuration and signal feeding to reduce the effort of binaural 

pressure control. Further work includes analyzes the effort of binaural pressure control in transaural 

reproduction with different number, configuration and signal feeding of loudspeakers.  
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ABSTRACT 

Virtual acoustic environments serve as essential tools for hearing research and development in complex 

acoustic environments, where sound sources can be occluded by finite objects or corners in rooms with 

diffracted sound reaching the listener. State of the art (real-time) room acoustics simulations are often based 

on geometrical acoustics (GA). Integration of diffraction phenomena into GA has been suggested in literature, 

with different computational demands for a) determining the spectral effects of diffraction and b) 

implementing filter representations. 

Here, edge diffraction from flat, limited size objects (e.g., tables, boards) placed inside a reverberant room is 

rendered using computationally-efficient low-order recursive filters. The suggested method can well 

approximate diffraction from a plate in comparison to acoustic measurements. For different geometrical 

arrangements of a whiteboard and flipchart in a room with obstructed and unobstructed sound paths, room 

acoustics simulations with varying complexity are assessed: Conditions with and without (approximated) 

edge diffraction are compared with varying number of diffraction paths. Renderings are perceptually 

evaluated in listening test with measured room impulse responses serving as a reference. A perceivable effect 

of the presence of objects in the room is found, both in the measurements as well as in the simulation. 

 

Keywords: Virtual Acoustics, Room Acoustics, Diffraction 

1. INTRODUCTION 

Virtual acoustic environments (VAE) can be created using acoustics simulation, to replicate 

existing real-world environments or to construct arbitrary environments without a real counterpart. 

Applications range from entertainment to architectural planning (1) and hearing research (2), where 

ecological validity (3) in laboratory experiments might be improved by the use of realistic, complex 

VAE (4,5). 

Given that (real-time) simulation of complex acoustic environments contain multiple interactive 

auditory objects, typically located in rooms, simplifications in the underlying room acoustics 

simulation are required with the potential to reach high perceptual plausibility (6) at sufficiently low 

computational complexity. 

For enclosed spaces, where discrete early reflections and diffuse late reverberation occur in 

addition to the direct sound, geometrical acoustics (GA) have become a de-facto standard (e.g., 7–9). 

Here, ray-like propagation is assumed for sound, often implemented by means of an image source 

model (10,11). Limits of GA occur for obstructed sound paths, where the wave properties of sound 

cause diffraction at, e.g., room corners or finite objects such as billboards and tables. Based on the 

geometrical theory of diffraction (12), the uniform theory of diffraction (UTD, 13) and similarly (14) 

offer asymptotic diffraction solutions for infinite wedges in the context of GA. Finite and infinite 

wedges can be described using a secondary source model (here referred to as BTMS, Biot-Tolstoy 

Medwin, 15,16). These solutions are, however, computationally involved and have to be simplified 

for application in VAEs. 

Several approaches have integrated diffraction in GA-based acoustics simulation, using two basic 
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processing steps: i) sound propagation paths including diffraction at edges have to be established  (e.g., 

17,18), and ii) diffraction transfer functions of filters have to be derived and implemented , based on 

the geometrical arrangement of the incident and excitant sound ray in relation to each edge. A 

prominent simplification is to only consider diffraction in the shadow zone, where the (direct) sound 

path is occluded. Here, the effect of diffraction is perceptually most prominent, resul ting in an 

increasing attenuation of high frequencies for increasing deflection (bending) angle of the sound path  

(19). Diffraction paths with spectral properties derived from BTMS are rendered in (20) using finite 

impulse response (FIR) filters. (21) used diffraction paths with spectral properties derived from UTD. 

Similarly, UTD transfer functions are approximated by a number of bandpass filters in (18). (22) 

proposed a volumetric approach to approximate the (coarse) spectral characteristics of diffraction at 

finite objects, disregarding the spectral fine structure of such transfer functions.  (23) evaluated a 

parametric low-order infinite impulse response (IIR) solution for which parameters were derived using 

machine learning from the BTMS solution. (24) suggested a modified fractional-order filter function 

to approximate infinite edge diffraction in the shadow zone. Recently, (25) suggested a 

computationally efficient, universal filter representation of the Pierce, UTD, and BTMS solution, 

suited for application in VAEs. 

While several approaches with different simplifications and approximations of spectral diffraction 

effects exists, often diffraction at sound barriers, (large scale) building- or room corners was in the 

focus, and perceptual evaluation of simulated diffraction in comparison to real-world measurements 

is scarce. (26) conducted ABX tests on the audibility of simulated diffraction with different source 

stimuli and found that differences could be detected with a pulse, however, not for speech. Particularly, 

perception of diffraction effects in the presence of other non-diffracted early reflections and late 

reverberation has not been assessed systematically. However, in many indoor communication 

situations, diffraction at small-scale finite objects such as tables and whiteboards occurs in the 

presence of reverberation. 

Here, perception of diffraction from flat finite objects in reverberant rooms is investigated. 

Binaural room impulse responses (BRIRs) have been measured in two rooms with different 

reverberation times, containing either a reflecting table or an occluding whiteboard placed between 

the sound source and receiver. Additionally, BRIRs for the same conditions without the table and 

whiteboard were measured. Based on (24,25), diffraction at the edges of the finite object was 

simulated, extending the room acoustics simulator (RAZR, 9,27). Perceptual ratings of overall 

difference and for a subset of attributes from the spatial audio quality inventory (SAQI, 28) were 

obtained for headphone auralizations in two spatial configurations in relation to the objects, with a 

varying number of additional diffraction paths in the acoustic simulation. The results yield 

information regarding i) the impact of finite objects on the spatial perception in listeners, and ii) 

technical requirements for room acoustics rendering of perceptually plausible virtual acoustic 

environments. It was found that an occluding object results in a different spatial perception and that 

including objects and diffraction in the simulation increases similarity to the measured reference.  

2. METHODS 

2.1 Listeners 

Listening tests were conducted with 6 normal hearing listeners (pure tone threshold of < 20 dB HL, 

aged 22 – 35, 2 male). All listeners reported some previous experience with listening tests. 

2.2 Rooms and finite objects 

Two approximately shoebox-shaped rooms were used for evaluation (see Figure 1). The smaller 

(5.2 m x 7.2 m x 2.7 m) conference room, referred to as KAS, has a frequency-dependent reverberation 

time of approx. 0.5 s – 0.7 s between 125 Hz and 8 kHz. The floor is covered in short-pile carpet, and 

there are foam baffles at the ceiling. One of the long walls consists of windows, with the panes angled 

to avoid flutter echoes. On the opposing wall, there are diffusor elements. One of the short walls is 

made of acoustically treated plaster with a big window. The other short wall is a semi-permanent room 

divider. The receiver is placed at a distance of 2.3 m from the long wall and 3.5 meter from the short 

wall at height of 1.3 m. 

The slightly larger (6.0 m x 7.0 m x 3.2 m) acoustic laboratory room, referred to as VAR, has a 

reverberation time of 0.9 s and 1.4 s between 125 Hz and 8 kHz. One side of the room consists of 

windows with angled panes. There is a vinyl floor and the ceiling is covered with box-shaped diffusors 



 

 

with dimensions of about 0.2 m x 2.0 m x 0.5 m. Eleven of these diffusors are also distributed on the 

remaining walls. The receiver is placed at a distance of 2.6 m from the long wall and 3.4 m from the 

short wall. 

Two loudspeakers were placed at a radius of 2.1 m and 1.3 m height above the floor at 0° and 330° 

azimuth in relation to the view direction of the listener (see grey dot and crosses in Figure 1). The 

finite objects were a 1.4 m x 1.4 m table with a thickness of 25 mm at a height of 0.7 m and a portable 

whiteboard (about 30 mm thick) with a main vertical surface that is 1.19 m in height, placed 0.9 m 

above the floor, and a width of 1.8 m. Both objects were placed with their center at half of the distance 

between the receiver and the 0° loudspeaker, with the whiteboard perpendicular to the view direction  

(see bold outlined shapes in Figure 1). 

BRIRs were measured using a G.R.A.S. KEMAR 45 BB-3 head and torso simulator with 

anthropometric pinnae (KB0090 and KB0091) using swept sines (29) using Genelec 8020d 

loudspeakers as sound sources. 

 

 

Figure 1 – Shoebox room representations (light and dark blue) and locations of objects, sources, and 

receivers. The listener position and direction are indicated by the grey dot and bar. The loudspeaker 

positions are indicated by the black crosses and bars. The thickly outlined horizontal plane represents the 

table, while the vertical plane represents the occluding whiteboard 

 

2.3 Room acoustics simulation 

An extended version of RAZR (9,27) was used. An image source model is used for the direct sound 

and discrete early reflections (up to the 3rd reflection order) followed by physically-based feedback 

delay network (FDN) for late reverberation. 

To account for diffraction in the extended version, diffraction paths are established for each of the 

four edges of the finite object in the room according to Fermat’s principle with an apex point located 

on the physical edge, reflecting a node in the diffracted path (e.g., 21). If the apex point would be 

located outside the physical edge, the path node is located at the respective corner (end point of the 

edge). Spectral characteristics for the diffraction paths were implemented using two second-order 

section (SOS) IIR filters, extending the filter implementation described in (24), and based on the two-

term filter representation of (25). Heuristically motivated, complementary lowpass and highpass 

filters were applied to the direct sound and associated diffraction paths to account for effects of higher-

order diffraction in the low-frequency region. The resulting simulated diffraction for a thin plate 

closely matches according measurements available in the benchmark for room acoustics simulation 

(BRAS, 30) for occluded and non-occluded sound paths in a frequency range between 200 Hz and 6 

kHz (not shown here). Source directivity was modelled based on the data provided for the Genelec 

8020 loudspeaker in (30) and receiver directivity was accounted for through the “kemar_s.sofa” 

dataset from (31). Different renderings were obtained as described in Table 1. 
 

 



 

 

Table 1: Overview of measured and simulated BRIRs 

Abbreviation Description 

mea_obj BRIR measured with object in place 

mea_empty BRIR measured without object in place 

sim_full 
Simulation with object, 3rd-order ISM and diffraction paths, 

 including one diffraction node for all paths with up to 3 reflections 

sim_direct 
Simulation with object, 3rd-order ISM and diffraction paths, 

 including one diffraction node only for the direct sound path 

sim_geo Simulation with object, 3rd-order ISM, but no diffraction modeling 

sim_empty Simulation without object, 3rd-order ISM 

sim_ism Simulation with 15th-order shoebox ISM (Allen and Berkley, 1979) 

 

2.4 Apparatus, stimuli, and procedure 

Listeners were seated in a double-walled listening booth. A computer monitor was placed in front 

of them, and responses were provided using a mouse. Stimuli were presented at a sound pressure level 

of 65 dB using Sennheiser HD650 headphones, driven by an RME Fireface UCX at a sampling rate 

of 44.1 kHz. 

Three stimuli were binaurally rendered by convolution with the different measured and simulated 

BRIRs listed in Tab. 1. i) A sentence from the OLSA corpus (32), spoken by a male talker, about 2 s 

in length. ii) A short excerpt of an electric bass played with slapping technique, about 2 s in length . 

iii) A deterministic transient stimulus (referred to as pulse or pink pulse) of 0.5 s duration (decay from 

0 dBFS to -60 dBFS in 36 ms), which was defined in the frequency domain by as a pink spectrum 

between 50 Hz and the Nyquist frequency with minimum phase, and then transformed to the time 

domain. To reject temporal aliasing artifacts in the resulting periodic impulse, only the first half the 

impulse was cut and a raised-cosine off ramp was applied to the second half of that cut. 

For all three stimuli, the overall difference of the renderings (see Table 1) was rated in comparison 

to the measured reference (mea_obj) using a multi-stimulus test with hidden reference and anchor 

(MUSHRA, 33) -inspired paradigm. The sim_ism renderings served as an anchor. Differences were 

rated for the table and whiteboard in both rooms, with a loudspeaker positioned at 0°. 

Additionally, ratings for overall difference and a subset of SAQI attributes (see Table 2) on a 

bipolar scale (using an adapted MUSHRA procedure) were obtained for the pink pulse. Here, the 

whiteboard was used in both rooms with a loudspeaker positioned at 330°, moving the sound source 

closer to the shadow boundary and potentially increasing the prevalence of binaural cues. 

 

Table 2: Subset of SAQI attributes for listening test. Reverberation was chosen as a compound attribute that 

encompasses “level of reverberation” and “duration of reverberation” 

Perceptual quality    Scale end labels 

Horiztontal direction shifted anticlockwise – shifted clockwise 

Source distance         closer – more distant  

Source width less wide – wider   

Reverberation     less reverberant – more reverberant 

Tone color     darker – brighter 



 

 

3. RESULTS AND DISCUSSION 

 

Figure 2 – Average overall difference ratings (0 indicates no perceived difference) and standard deviation 

across listeners. Source position at 0° azimuth. The blue diamonds indicate average scores for VAR, the red 

triangles correspond to KAS. For comparison, the grand average over all stimuli and rooms is plotted as the 

grey horizontal bars 

 

Figure 2 shows the results for the overall difference ratings. The grand average over all stimuli and 

rooms (grey horizontal bars) indicates a reliable detection of the hidden reference and anchor. The 

simulations including diffraction (sim_full and sim_direct) achieved similar ratings when compared 

to mea_empty at about 27. Not including diffraction results in worse scores (about 45) and simulating 

an empty shoebox (about 63) further decreases similarity to the reference mea_obj. 

Different tendencies can be observed for the two different objects: For the table (lower row), the 

difference ratings tend to be similar for mea_empty and sim_full and sim_direct for speech and bass 

at about 25. In contrast, with the occluder, a larger difference of about 35 is found for mea_empty, 

indicating a larger influence of the presence of the object on the spatial impression. Differences tend 

to be rated higher for the less reverberant KAS (red triangles) when compared to VAR (blue diamonds). 

For the occluder (upper row), the difference is rated at about 25 for the similarly performing 

sim_full and sim_direct, smaller than for mea_empty. This hints towards a relatively accurate 

reproduction of the spatial impression by the simulations including diffraction. 

Deviating from the clear differences observed for the table, sim_geo, where the occluded sound is 

completely muted, does not evoke a much larger difference compared to sim_full and sim_direct. 

However, such a simulation is problematic for transitions from occluded to unoccluded conditions, 

where the sound would abruptly change. For both rooms, sim_empty has been rated to be most 

different, only being surpassed the sim_ism anchor. 

A four-way, repeated-measures analysis of variance (rmANOVA) with factors room, stimulus, 

diffracting object, and rendering method revealed significant main effects of room [F(1, 5) = 8.78, p 

= 0.031] and rendering method [F(6, 30) = 57.29, p < 0.001]. The main effect of stimulus just missed 

significance [F(2, 10) = 3.36, p = 0.077]. 

Figure 3 shows the ratings of the individual spatial quality attributes (and overall difference) for 

the pulse stimulus. Again, the hidden reference (mea_obj) and anchor (sim_ism) are well detected. It 

is obvious that tone color showed generally the largest deviations, likely affecting the overall 

difference rating for all simulations. The anchor also showed large deviations for reverberation, source 

width and source distance. For each attribute, a two-way rmANOVA was performed, with factors 

rendering method and room. A significant main effect of the rendering method was found for overall 

difference [F(6, 30) = 35.12, p < 0.001], source distance [F(6, 30) = 8.79, p < 0.001], reverberation 

[F(6, 30) = 8.12, p < 0.001], and coloration [F(6, 30) = 21.8, p < 0.001]. A significant main effect of 

the room was only found for coloration [F(1, 5) = 21.99, p < 0.005]. 



 

 

 

 

Figure 3 - Results for overall difference and SAQI attributes for the pulse source at 330° azimuth, occluded 

by the whiteboard, in the same style as in Fig. 2. 

4. CONCLUSION 

Based on the tested scenarios and the limited sample size of the (non-expert) listener group, the 

following (preliminary) conclusions may be drawn: 

• There is a perceivable effect of the presence of objects in the rooms, both in the 

measurements as well as in the simulation. The effect tends to be bigger for occlusion than 

for reflection in the tested conditions. 

• There are perceivable differences between measurements and simulations, with tone color 

likely affecting overall difference ratings as a main cue. 

• Simulations incorporating objects resulted in better perceptual agreement to the 

measurements with objects than simulations without objects.  

• Simulations including diffraction effects for all reflected paths (up to 3 rd order) did not 

improve agreement with measurements over simulating diffraction for the direct sound 

only. This is generally in line with the findings from (26). 
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ABSTRACT 
The Exterior Effects Room (EER) is a psychoacoustic testing facility at NASA Langley Research Center 
which primarily focuses on testing human response to aircraft noise. The 39-seat auditorium houses a real-
time spatial audio system and flyover simulation environment. The audio server utilizes an implementation 
of three-dimensional vector base amplitude panning (VBAP), a perceptual spatial audio technique exploiting 
loudspeaker triplets to place a virtual sound source at an arbitrary spatial position. Due to the irregular room 
geometry and nonuniform loudspeaker setup, the audio server applies equalization filtering to compensate 
for spectral coloration attributed to loudspeaker installation, crossover filtering, and delay/gain offsets. These 
filters can incorporate measurements taken at multiple listening points, allowing a more extensive listening 
area than filters derived from measurements taken at a single listening point. This work endeavors to update 
the existing equalization filter generation process by producing a new set of filters for various human subject 
testing scenarios. 
 
Keywords: Equalization, Vector Base Amplitude Panning, Spatial Audio. 

1. INTRODUCTION 
NASA has a long history of performing laboratory psychoacoustic research for community noise 

applications across the aerospace industry: from fixed wing aircraft and rotorcraft of all shapes and 
sizes (see Rizzi for a recent overview (1)), to current efforts to produce quiet supersonic aircraft (2), 

 

Figure 1 – Exterior Effects Room: (a) Floor plan, (b) Photograph 
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to early versions of wind turbines (3) and beyond. One of the psychoacoustic test facilities that has 
seen a considerable amount of use over the past decade is the Exterior Effects Room (EER) at Langley 
Research Center. Originally designed as a small auditorium, it was retrofit with speakers and 
acoustical treatments to allow for use as a psychoacoustic testing facility (4). This facility was well 
suited for presentation of recorded aircraft flyover noises given its seating arrangement. Originally, 
single-event psychoacoustic testing required large panels of actual subjects sitting in the field (i.e., 
outdoors, on chairs, responding via pencil and paper, e.g., Beranek (5)). This required extensive 
coordination between pilots attempting to fly different aircraft consistently in the prevailing (and ever 
changing) environmental conditions. In a laboratory environment such as the EER, researchers can 
control various aspects of the acoustic scene and be sure that there is a high degree of reproducibility 
between presentations (e.g., to different groups of subjects). 

Originally, an array of 10 loudspeakers was used to render moving noise sources in the EER, and 
these speakers were manually equalized to the center of the room using the electroacoustic equipment 
available at the time. In the late 2000s the EER was completely renovated into its current configuration 
(6). The setup now utilizes a 31-channel playback system of twenty-seven Klein & Hummel O300 and 
four Klein & Hummel O900 subwoofer loudspeakers (Figure 1). Satellites are arranged roughly in 
three rings in the EER, with those in the lower two rings baffled to protect the loudspeakers from 
accidental contact by researchers and subjects. The subwoofers are fully embedded in the corner facets 
of the EER. 

Although it is possible to use the facility with any multichannel audio playback device – patching 
into the speakers can be accomplished either via a ¼” TRS patchbay or “soft patched” via AVB-
networked audio devices – the primary playback device is a Vectsonic AuSIM3D audio rendering 
server (7). This system implements a Vector Base Amplitude Panning (VBAP) approach to spatialize 
sounds within the EER. VBAP is an extension of stereophonic panning that can create the impression 
of a sound coming from anywhere in the EER (6), and the server can apply this technique both to 
recorded/auralized sources (e.g., rotorcraft flyover noise that was captured in synchrony with GPS 
data (8)) as well as to real-time inputs. This system is integrated with a three-dimensional visual 
environment that, while not typically used for psychoacoustic testing purposes, has great utility as a 
communication tool (e.g., to stakeholders and the public). 

In addition to the VBAP processing, the AuSIM3D server can apply compensatory equalization 
filters for each speaker in the array. Originally, these filters (along with compensation for differing 
time-of-flight delay and gain) were derived for two multichannel microphone arrays within the EER 
(6). Since that work, the renovated EER has been used for many psychoacoustic tests (e.g., most 
recently (8)). Subjects typically sit in 4 seats near the geometric center of the room,1 however, the 
original equalization process was undertaken before any of these tests. This fact, combined with recent 
upgrades to the playback system – from an all-analog system to one built around an AVB audio 
network, in addition to any effects of aging/replacement of audio equipment – make it a prudent time 
to resurrect the equalization process and undertake it for the system as it exists today. 

This paper details the procedure to recalibrate the EER multichannel audio system for different 
subject configurations using the current hardware and physical configuration. First, the EER VBAP 
system is described. Then the method of deriving equalization filters from recordings of pink noise at 
various locations (including subject seat locations) is developed. Example filter shapes are shown for 
combinations of these recordings. 

2. VECTOR BASE AMPLITUDE PANNING 
The common left-right stereophonic panning scheme, as in most contemporary recorded music, 

applies differential gain between two channels of audio in order to create the illusion that a sound is 
coming from a particular azimuthal/horizontal direction, as shown in the left of Figure 2 (see e.g., 
Begault (10)). VBAP generalizes this concept to 3 Cartesian (or 2 polar) dimensions to derive gains 
for triplets of speakers to generate localization cues in both the azimuthal and elevation/vertical 
directions. 

Given the unit vectors of the loudspeaker positions, 𝒍(⋅) = [𝑙$ 𝑙% 𝑙&]', a loudspeaker triplet is 
used to reproduce a virtual source within a triangle formed by the 3 locations (Figure 2R). The gain 
for each loudspeaker is calculated using a linear combination of the loudspeaker vectors, 

 
1 A series of recent tests have also used a single subject location near one of the subwoofers. See, most 
recently, Rafaelof et al. (9). 



 

 

 

Figure 2 – VBAP loudspeaker arrangements where blue is the virtual source vector and black are the 
loudspeaker vectors. (a) Stereo pair. (b) Triplet. 

 
𝒑 = 𝑔(𝒍( + 𝑔)𝒍) + 𝑔*𝒍* , 

𝒈 = 𝒑'𝑳()*+,  
(1) 

where 𝒈	is the gain vector, 𝒑 is the virtual source vector, and 𝑳()* = [𝒍( 𝒍) 𝒍*]'. 
The EER spatial audio system augments VBAP with virtual source positions to remedy triangle 

ambiguity between loudspeaker triplet sets. The arrangement of the ceiling loudspeakers creates 
indistinguishable triangles – loudspeakers arranged in a rectangle form two geometrically similar 
triangles. This phenomenon leads to undesirable level changes when panning through the triplets. 
Consequently, virtual loudspeakers were used to create unique triangle sets (Figure 3). Gains are 
calculated using the virtual loudspeaker vectors and then distributed between the physical 
loudspeakers within the neighboring loudspeaker triplets. For example, for a sound positioned within 

the triangle 6R, 6L, and Virtual, the gains are calculated using normal VBAP. The gain assigned to 
the virtual speaker is then shared equally among its neighbors (5L, 5R, 6L, 6R), so that 6L and 6R 
will have more gain than 5L and 5R. The same technique was also applied to the subwoofers: virtual 
sources were placed above and below the plane of the 4 subwoofers in order to render sounds coming 
from any elevation. EER VBAP processing also uses spread angle to minimize gain artifacts that can 
become apparent when a source location results in playback through a single loudspeaker. This is done 
by defining a small ring of virtual sources around the current source position (6). 

3. LOUDSPEAKER EQUALIZATION 
Equalization for each loudspeaker is individually calculated given a measurement at a set of 

listening locations; one speaker’s equalization is not dependent on another’s. To implement 
equalization of each loudspeaker in the EER, three main components are required: equalization filters 
in second-order sections structure, relative gain compensation, and time delay compensation. The 
following sections describe the methods utilized to calculate these elements of equalization. 

 

Figure 3 – EER VBAP triangles of loudspeaker triplets. Physical loudspeaker positions are black. 
Virtual loudspeakers positions are red. (a) Satellite triangle sets. (b) Subwoofer triangle sets. 

 



 

 

 
 

Figure 4 – Desired response of subwoofers (blue), satellites (orange, green), and the entire frequency 
range of the EER system at a sampling frequency of 48 kHz (dashed). 

3.1 Equalization Filter 
Implementation of the equalization accounts for both spectral coloration and crossover filtering. 

Conceptually, this is accomplished by inverting the difference between the measured response and the 
desired response shown in Figure 4. An eighth-order Linkwitz-Riley filter2 was used as the desired 
response due to minimum reaction at the crossover positions. 

While an exact inverse of the frequency response may be obtained for a single measurement with 
zero error, the limitations of this simplistic process may cause the resulting filter to exhibit undesirable 
artifacts such as excessive gain when compensating for a null caused by a reflection. Spatial averaging 
is considered in the equalization process by incorporating the frequency response of multiple 
measurement locations within the listening space. The following sections will discuss the techniques 
used to generate the equalization filters. 

 
3.1.1 FIR Wiener Filters  

Wiener filtering, a linear optimal filtering, allows for the estimation of a desired response assuming 
a linear-time invariant system. The process minimizes the mean-squared error between the desired 
and measured system response (11). This process is carried out via Toeplitz matrix operations (12). 
The number of FIR taps used for the satellite and subwoofers are 8,192 (213) and 32,768 (215), 
respectively. More taps are needed for the subwoofers to generate FIR filters that have the necessary 
resolution at low frequency. Incorporating multiple responses in the same filter improves the 
conditioning of the matrix in the Wiener filtering process. Unfortunately, using these high-order FIR 
filters mean that their implementation is both computationally very expensive and would add a 
prohibitive amount of delay into the system for tracked sources. Therefore, the direct use of the FIR 
filters is restricted to offline simulation. 

 
3.1.2 IIR Filters  

Lower order IIR filters which approximate the large FIR filters were computed to allow real-time 
playback within the Vectsonic system. Minimum-phase IIR filters which estimate the magnitude 
responses of the FIR filters were generated via a Gauss/Newton spectral factorization method (13). 
To improve frequency resolution of the satellite IIR approximation, the FIR filter approximation 
divided the passband into two segments: 80 Hz to 500 Hz and 500 Hz to 18.75 kHz.3 If not split up, 

 
2 That is to say that this has an equivalent response to two cascaded 8th-order Butterworth filters. 
3 The upper frequency limit is determined by the sampling frequency of the generated set. It is 𝑓-/2.56, or 
18.75 kHz for the 48 kHz filters shown in this paper.  



 

 

the IIR estimator will tend to assign too many points of control to higher frequencies, as frequencies 
are linearly weighted in the process. The two segments are then joined to form a single IIR filter. 
Orders were reduced significantly to 25 second-order sections and 55 second-order sections for 
subwoofers and satellite loudspeakers, respectively. 

3.2 Time Delay Compensation 
The system time delay between input and output was calculated using a peak detection algorithm 

in the time domain for a single measurement point (typically the center of the room). The compensated 
delay was calculated by subtracting each delay estimate from the maximum measured delay; the delay 
differences were then added to the uncompensated delays. These delays account for the full path, 
including the digital signal path and geometric position relative to the selected measurement position. 
This allows the AuSIM3D engine to process the delay in a single line for each loudspeaker (6). 

3.3 Relative Gain Compensation 
Gain compensation was estimated using the mean of the one-third octave band level of each 

loudspeaker’s passband. The same compensation technique was utilized with relative gain as 
mentioned with delay – levels were subtracted from the maximum mean gain, compensating each 
loudspeaker with the difference from the maximum. 

4. RECORDINGS AND RESULTS 
During the development of the original equalization filters, frequency response measurements were 

taken at fourteen microphone positions – twelve spaced throughout the designated listening area and 
two placed near the room center (6). The two-microphone array (2Mic) was used to obtain a small but 
accurate sweet spot intended for human-subject experimentation (though before it was known where 
exactly the subjects would sit). The twelve-microphone array was used to obtain a larger sweet spot 
that was a compromise between the larger distribution of positions and could be used for facility 
demonstrations to large groups.  

During the current equalization process, 21 measurements were taken with locations strategically 
selected given experiences with past tests. The locations measured are indicated in Figure 5. Eleven 
seat location recordings were set roughly to a center-of-head position; consistency of this location 
was maintained by using a jig that fit over the armrests of the seats. The main four subject locations 
were included in this set (4Mic), along with the extrema of the seating space. Recordings were also 
taken at locations “in the pit” (or “on the stage,” depending on your proclivities), at the ends of an 
aisle, and at several locations that matched those from the previous effort. All mics faced upwards, 

 
 

 
Figure 5 – Frequency response measurements used in updated equalization framework. Positions 

include center location (cyan), two-microphone configuration (orange), seat locations (green), listening 
area positions (dark blue, beige, red). 



 

 

Figure 6 – Comparison between old and new equalization filters: (a, c) Subwoofer 16R, (b, d) Satellite 
8L. (a, b) Comparison between old 2Mic filters (blue) and 2Mic recreation with new measurements 

(orange). (c, d) Comparison between old 2Mic filters (blue) and new 4Mic filters derived from subject 
seat location measurements (orange). 

 
 
 except for positions that were meant to match those from the previous effort.4 

The mics used were GRAS 40AQ capsules on 26CA preamplifiers. Two GRAS 12AX ICP power 
supplies were used to power the mics and apply a +20 dB gain within the EER. The microphone 
signals were digitized using an RME ADI-8 QS in the nearby EER control room and were transmitted 
via a MADI connection to a computer running the Reaper DAW. 8 channels were captured at once – 
7 microphone “response” signals and a direct reference “stimulus” signal which was a digital copy of 
the signals being sent to the speakers. As the speakers are self-powered, there are no amplifier settings 
for each channel that could add complications. Pure tone calibration recordings were captured using 
a B&K Type 4231 pistonphone. 

 
4 Prior to the first psychoacoustic test following the latest renovation, a set of white curtains were added to block 
the view of one subject from another. These curtains, while mainly acoustically transparent, were not installed 
during the original recording effort. They were included in this set, as they are always now present during human 
subject testing in the EER.  



 

 

 

4.1 Equalization Filters 
The recording suite consists of two-minute pink noise excitations per-speaker and per-microphone 

location. These recordings are processed into incoherently-averaged single-sided power spectral 
densities via FFTs of 32,768 (215) samples. At a 48 kHz sampling rate, this results in a binwidth of 
1.5 Hz. A 50% overlap is used, to generate 240 averages. This was done for all speaker-microphone 
combinations – 651 responses. Choosing to include a response (or not) in the equalization process 
effectively extends the intended “sweet spot” of the listening area to those locations to the greatest 
extent possible (given the constraints of the other included responses). 

Figures 6a and 6b show examples of the original 2Mic equalization filter of a satellite and 
subwoofer with filters derived from the new measurements (and using the new workflow) that were 
made to replicate the old 2Mic case. This shows a large amount of agreement between the two efforts. 
Although there are some minor discrepancies, especially in the higher frequencies (where these sorts 
of measurements are more sensitive), the trends largely match. These results are typical of the 
agreement found for all of the speakers between the new and old measurements. Evidence of the linear 
weighting of the IIR-estimation process is evident by the increasing “jaggedness” of the filter 
responses towards the top of the partitioned passbands (consider the smoothness of the functions just 
below and above 500 Hz). 

Figures 6c and 6d compare magnitudes of the old 2Mic equalization filters used for human subject 
testing with the new 4Mic case derived from the measurements of the subject seat locations. As 
expected, the crossover filter limits are consistent while the bandpass variations show some marked 
differences in response. Because the typical psychoacoustic test positions the subjects in these four 
seat locations, the new 4Mic equalization filters are expected to improve the sound reproduction over 
the 2Mic equalization filters (new or old). 

Figure 7 – Full-path time delay compensation for each satellite and subwoofer using a measurement 
made in the geometric center of the room as the reference. 

 

4.2 Delay and Gain 
The same suite of recordings can be processed in order to determine the relative delays and overall 

gain values for the speakers. In the past, a microphone at the geometric center of the room was used 
to derive the delays, and this location was included in the current recording suite. When employed as 
the timing reference point, the maximum delay is approximately 16 ms or 750 samples (see Figure 7). 
In comparison to the original measurements, the most considerable difference is within 0.5 ms, 
showing the updated framework is highly consistent with the original results. It is possible to use 
another microphone location to derive these delays, for example to accommodate a single subject 
sitting close to a subwoofer, but for typical EER usage going forward, the center mic will be used to 
derive the timing information. 

Finally, the same recordings can also be used to set the relative gain offset between speakers. These 



 

 

results also showed consistency with previously derived gains. The process by which the gains are 
derived is tied to the microphones selected for the filter derivation, and not that chosen for the delay. 
That is, it is possible to use the center mic to derive the timing, and the 4 subject seat locations to 
derive the filter and gains, but unwise to split the filter and gain computations between different mics. 
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ABSTRACT 

The creation and simulation of ecologically valid acoustic environments is becoming an integral task in 

virtual acoustics. Such environments enable simulation of realistic daily-life situations under laboratory 

conditions in hearing research and audiology. Regarding the underlying room acoustics simulation, it is 

unclear which acoustic level of detail is required to capture the perceptually relevant effects. In this study, 

different levels of detail in the acoustic simulation of three diverse environments, a typical living room with 

a connected kitchen, a pub, and an underground station were examined. In each environment, an acoustic 

scene relevant for hearing research and audiology was tested. In the room acoustics simulation, the level of 

detail in the geometrical acoustics-based simulation of early reflections, the inclusion of diffusely reflected 

energy, and simplified rendering of late reverberation were varied, including conditions were only the direct 

sound was presented. Using synthetic binaural room impulse responses and dummy-head recordings from 

the corresponding real environments, speech intelligibility was examined with a matrix sentence test and an 

additional interferer in the scene. Spatial audio quality was evaluated using a pulse with a pink spectrum, a 

music sample, and a speech signal. Differences observed for speech intelligibility and audio quality are 

compared. 

 

Keywords: Room acoustics simulation, virtual acoustic environments, spatial audio quality 

1. INTRODUCTION 

In psychoacoustics, it is often necessary to conduct listening experiments under strict laboratory 

conditions, in which all relevant factors can be controlled. This is opposed to the fact that results from 

such laboratory conditions, often using simplified acoustic conditions and abstracted synthetic stimuli 

do not necessarily correspond to results measured in more complex real-life situations. Regarding 

hearing aid performance and speech intelligibility, this discrepancy has already been demonstrated 

(e.g., 1). Therefore, ecological validity, referring to the degree to which research findings reflect real -

life hearing-related function, activity, or participation (2) has received increasing attention in hearing 

research. Complex acoustic environments (CAEs, e.g., 3) with suited acoustical reproduction and 

rendering methods offer an opportunity to close the gap between simplified laboratory and real-life 

measurements (e.g., 4). Hereby, the use of ecological valid CAEs allows for a better understanding of 

auditory perception as well as for an situation targeted hearing aid fitting in listening conditions 

closely resembling real live situations. Acoustic measurements, characterization, and documentation 

of real-life CAEs offer “ground truth” data for establishing lab-based measurements (e.g., 5, 6). 

One relevant acoustical factor in realistic CAEs and embedded communication situations are sound 

reflections and reverberation, typically occurring in enclosed spaces. One way to generate CAEs with 

the ability to directly control room acoustic properties, is the use of room acoustics simulation and 

virtual acoustics. Several room acoustic simulation approaches exist (e.g., 7, 8, 9, 10, 11), all involving 

simplifications of the underlying acoustic processes. While a high degree of perceptual plausibility 

can be reached with state of the art approaches (12), it remains unclear which acoustic details of the 

simulation are particularly relevant for speech intelligibility and how spatial audio quality of the 

simulation is affected. 

This study investigates how different acoustic levels of detail (ALOD) of the room acoustics 

simulation affect speech intelligibility and sound quality in three acoustically diverse rooms. Binaural 
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room impulse responses (BRIRs) recorded in a living room with a connected kitchen, a pub, and an 

underground station (6, publicly available on the open Zenodo platform, 

https://zenodo.org/communities/audiovisual_scenes/) were used as reference for headphone 

auralization. The Room Acoustics SimulatoR RAZR (10, 11) was used to generate synthetic BRIRs. 

The ALOD in the simulation was systematically changed from a simple anechoic condition 

maintaining (relative) level effects, over the use of a shoebox image source model (13), to using all 

features of RAZR including simplified effects of scattering and diffraction.  

2. Methods 

2.1 Listeners 

Three normal-hearing listeners aged between 29 and 37 years who were all native German speakers 

participated in the experiment. One of the three participants received hourly compensation. The other 

two listeners were employed by the University of Oldenburg. All listeners had some prior experience 

in psychoacoustic tests. 

2.2 Acoustic scene 

Three everyday life acoustic scenes in three different acoustic environments were used (see van 

der Par et al., 2022 for details): The living room scene is located in a furnished living room with the 

dimensions of 4.97 m x 3.78 m x 2.71 m, which results in a volume of 50.91 m³ and a reverberation 

time (T30) of 0.54 s. Connected to the living room by an open door is a kitchen (4.97  m x 2.00 m x 

2.71 m), resulting in a volume of 26.94 m³ with a reverberation time (T30) of 0.66 s. The scene in this 

environment consists of a receiver seated on a sofa and the target in the coupled kitchen directed 

towards the door between the two rooms (located to the front-left of the receiver). In the speech 

intelligibility measurement, a masker sound source is located in the living room to the front -right of 

the receiver at a distance of 1.6 m. 

The pub consists of a single large room with dimensions 17.76  m x 10.2 m x 2.9 m, leading to a 

volume of ~442 m³. The reverberation time (T30) is 0.7 s. The pub scene is characterized by a 

relatively low reverberation time for its large volume and several objects in the immediate vicinity of 

the receiver position, such as a table and a chalkboard, resulting in nearby reflections. The receiver is 

located at a table, while the target signal is located 1  m away on the opposite side of the table. The 

masker for the speech intelligibility measurement is located to the right of the receiver, with a distance 

of 0.83 m. 

For the third scene, an underground station serves as the environment. It consists of a very large, 

elongated space (containing the platform and two tracks) of about 120  m x 15.7 m x 4.16 m with a 

total volume of about 11000 m³ and a reverberation time (T30) of 1.6 s. In addition to the already 

large volume of the underground station, the connected underground tunnels and escalators provide 

additional (coupled) volumes affecting the late reverberation. The target signal is located at a distance 

of 6.37 m in front of the receiver. A masker for the speech intelligibility measurement is located to 

the right of the receiver at a distance of 1.6 m. 

2.3 Room acoustics simulation 

To obtain acoustic simulations in the three scenes at different acoustic level of detail , synthetic 

BRIRs were generated using the Room Acoustic Simulator RAZR (10, 11). RAZR combines a proxy 

“shoebox room” image source model (ISM) for calculation of early reflections (13) and a feedback 

delay network (FDN) for diffuse reverberation (14) using physically-based delay times. Five sets of 

synthetic BRIRs were generated per scene with different levels of detail, by enabling/disabling 

features of the simulation: i) The set with the lowest ALOD are the anechoic scenes. These simulations 

only consider the distance between the target position and the receiver position.  ii) The second set 

referred to as high-order ISM uses a pure shoebox ISM (13) of tenth order. Here, a completely regular 

spatial and temporal pattern of (specular) reflections emerges. iii) The highest ALOD uses RAZR with 

all features including coupled rooms. A third-order ISM is used for the early reflections with jittering 

of image source positions as well as temporal smearing of early diffuse reflections, effectively 

simulating effects of scattering and multiple (inter-)reflections caused by geometric disturbances at 

walls and by objects in the room (15). iv) The ALOD in the early reflections is lowered by a reduction 
of the ISM order from three to one. v) For the last set of synthetic BRIRs, referred to as RAZR simple, 

for each room a specific feature of the acoustic simulation was disabled. For the living room, the 

https://zenodo.org/communities/audiovisual_scenes/


 

 

coupled room simulation was replaced by a virtual source in the center of the door which radiated the 

response of the kitchen room, simulated in isolation. For the pub scene, nearby reflecting finite 

surfaces representing the table top and a chalkboard were removed. In the underground station, a 

coupled volume, representing the underground tunnels and escalators, was disregarded in the 

simulation, removing a dual-slope characteristic in the energy decay curve. 

2.4 Stimuli 

Speech intelligibility was assessed using the Oldenburg Sentence Test (OLSA, 16). The OLSA 

speech material consists of a large number of meaningless test sentences with correct grammatical 

structure but no semantic predictability, as all sentences were constructed from a total of 50 words 

with ten alternatives for each word type (name-verb-numeral-adjective-object). The sentences were 

spoken by a male talker with only a very mild accent. A male-transformed version (17) of the 

International Speech Test Signal (ISTS, 18) was used as a masker for the speech intelligibility test. 

ISTS reflects nonsense speech generated from six different talkers in different languages . 

The sound quality measurement used three different target stimuli.   Additionally, one OLSA 

sentence (duration about 2 s) was used as well as a short excerpt of an electric bass played with 

slapping technique, about 2 s in duration. 

All stimuli were binaurally rendered to headphones using either recorded BRIRs from the real -life 

environments as reference or synthetic BRIRs generated at different ALOD. 

2.5 Apparatus and procedure 

Listeners were seated in a double-walled, sound-proof booth and listened via Sennheiser HD 650 

headphones driven by an RME Fireface UCX at a sampling rate of 44.1 kHz. A computer monitor was 

placed in front of them, and responses were provided using a computer mouse. 

For the speech intelligibility measurement, the closed version of OLSA was used with all potential 

words shown in matrix form on the computer screen. For each test, the SNR was determined at a 50% 

word intelligibility (speech recognition threshold, SRT). Lists of twenty sentences were used. The 

measured impulse responses, the anechoic condition, RAZR (with all features), and the high-order 

ISM were used. 

Sound quality ratings were obtained using a procedure similar to the Multi-Stimulus Test with 

Hidden Reference and Anchor (MUSHRA). The listeners rated a number of stimuli in comparison to 

a reference using sliders on the computer screen. The signal convolved with the measured BRIR was 

considered the reference, while the test signals were convolved with the four simulated BRIRs with 

different ALODs. The measured stimulus was also presented as hidden reference and (based on pre-

tests) the high-order shoebox ISM condition served as anchor. Nine items from the Spatial Audio 

Quality Inventory (SAQI, 19) were evaluated with ratings relative to the reference. The overall 

difference was rated on an unipolar scale. A bipolar rating scale with respective descriptors on both 

ends of the scale (e.g., more pronounced – less pronounced) was used for tone color, metallic tone 

color, reverberation (jointly representing reverberation level and time), envelopment (by 

reverberation), source distance, source width, horizontal direction, and externalization. For the overall 

difference, all three target signals speech, pink pulse, and bass were used. For the remaining 8 items 

only the pink pulse was used. This resulted in overall 33 tests. The participants first evaluated the 

overall difference in random order before they evaluated the other quality items in random order. 

Listeners were able to listen to the signals repeatedly, to listen only to self-selected time segments (of 

at least 1 s), and to sort the stimuli (sliders) according to their rating. 

3. RESULTS AND DISCUSSION 

3.1 Speech Intelligibility 

In Figure 1 the average SRT as signal-to-noise ratio (SNR) at a speech intelligibility of 50 % is 

shown. Error bars represent the standard deviation across listeners. The data are grouped according to 

the three environments, living room, pub, underground, respectively. The results show that SRTs are 

lowest in the pub, followed by the underground station and the living room. In all rooms, the anechoic 

scene leads to the lowest SRTs caused by the absence of reverberation. Nevertheless, the overall 

difference between the environments is maintained, reflecting effects of distance attenuation in the 



 

 

direct sound. In the pub and the underground station, speech intelligibility is very similar for the 

measured reference, the RAZR simulation and the high-order shoebox ISM. In the living room, 

however, SRTs are considerably higher for high-order ISM and somewhat lower for RAZR than for 

the reference. 

3.2 Speech Intelligibility 

Figure 2 shows the overall difference ratings as box plots. The middle marker of a box shows the 

median of the listeners’ data and the top and bottom edges show the 25th and 75th percentiles, 

respectively. The whiskers extend to the most extreme data points. The le ft to right panels show the 

results for speech, bass guitar and pink pulse, respectively. Each panel is divided into five sections, 

one for each ALOD, separated by a vertical dashed line. In each section, the colors represent the 

different environments (left to right): living room (blue), pub (red), underground (black). The y-axis 

shows the rating scale, where 0 represents no difference between the test stimulus and the reference 

while 100 represents very large differences. 

The listeners reliably identified the hidden reference and often assigned the highest perceived 

difference to the high-order shoebox ISM (which served as anchor). Variability in the data is quite 

high. There are perceived differences between the measured reference and all simulations.  For all 

three stimuli and rooms, the differences between RAZR and RAZR with 1st-order ISM are relatively 

 

Figure 1. Average SRTs (including one standard deviation across listenres) for different ALODs 

(blue: measured; red: RAZR; yellow: anechoic; purple: high-order shoebox ISM) on different 

environments (left: living room; middle: pub; right: underground station. 

 

 

Figure 2. Overall perceived audio quality difference (0 represents no difference between the test 

stimulus and the reference,100 represents very large differences) for speech (left), bass guitar (middle) and 

pink pulse (right). The three different colors represent the living room environment (blue), the pub (red) 

and the underground station (black). 

 



 

 

small. For the living room (blue) and all three stimuli, the listeners rated RAZR simple, where the 

impulse response of the coupled room was realized by convolution of the impulse responses of the 

two individual rooms, considerably more different than the reference and RAZR. For speech and the 

bass guitar in the pub, the difference of the high-order shoebox ISM (anchor) condition from the 

reference was comparable to that of the other ALOD conditions. 

Figure 3 shows the scores for all quality items using the pink pulse in the same format as for the 

overall difference in Fig. 2. Again, the hidden reference was reliably detected and rated with no 

difference. Differences between RAZR and RAZR with 1st-order ISM are small for all three rooms. 

For externalization, horizontal direction, and metallic tone color, median differences between the 

reference, RAZR, and RAZR with 1st-order ISM are small. For these ALOD conditions, the largest 

differences and spread across listeners occur for tone color, source width, and envelopment, likely 

contributing to the overall perceived difference (see upper right panel). Differences between RAZR 

and RAZR simple are mostly small except for the living room, for which tone color, metallic tone 

color, and reverberation showed larger differences. The high-order shoebox ISM differed most from 

the reference for most items. Only for horizontal direction and source width, the results are similar to 

the other ALODs. 

4. CONCLUSIONS 

Preliminary data for a small group of three listeners was presented comparing speech intelligibility 

and spatial audio quality features between headphone auralizations using room acoustics simulation 

with varying acoustic level of detail and acoustic (ground truth) measurements in three diverse 

environments, a living room, a pub, and an underground station.  

For speech intelligibility, an overall good agreement between binaural renderings based on 

measured and simulated BRIRs was shown, with part of the difference between the environment 

explained by an anechoic simulation, representing distance-dependent level and SNR effects in the 
direct sound. For spatial audio quality, a pure high-order shoebox ISM showed the largest perceived 

differences. There was no considerable difference whether early specular reflections of the shoebox 

room approximation in RAZR were rendered up to the first or third order in combination with a FDN 

 

Figure 3. Spatial audio quality ratings for the pink pulse depending on ALOD. The verbal attributes 

assigned to the scales are indicated on the top and bottom of each panel. Numerical values from -50 to 50 

where assigned to the bipolar scales; 0 represents no difference to the reference. Different colors represent 

the living room environment (blue), the pub (red) and the underground station (black). 



 

 

for late diffuse reverberation. 

The current (preliminary) data have to be extended using larger subject pool and more measurement 

repetitions to draw stronger conclusions. More training is required for the spatial audio quality ratings, 

which are recommended to be performed by expert listeners.  
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ABSTRACT
This paper proposes an efficient method to create auralizations of acoustical landmarks using a 2D ray-tracing
algorithm and publicly available floor plans for a 128-channel wave field synthesis (WFS) system with 2.5D
approximation. Late reverberation parameters are calculated using additional volumetric data. The approach
allows students to create auralizations from floorplans and other available information (e.g., building height,
material info, and acoustical parameters ) using Matlab or Octave. By using adequate sound sources, important
historical events can be recreated. The listeners can walk through these recreations over an extended user area,
such as an immersive classroom, and the software suite can be used to calculate room acoustical parameters for
various positions directly using a binaural rendering method or via the WFS simulation.

Keywords: Virtual Acoustics, Wave Field Synthesis, Raytracing

1 INTRODUCTION
The paper presented here aims to create walkable room simulations using a rapid prototyping approach. Using
a 2D ray-tracing algorithm, the program can render sound fields over an extended listening area for classroom
activities. The program is used regularly in a class titled Aural Architecture, where students create their own
final projects. The program can also render binaural impulse responses using Head-related Transfer Functions
(HRTFs) for the automated analysis of acoustical parameters using binaural models [3]. The concept uses a
2D method to render the direct sound signals and early reflections, a feasible approach considering that wave
field synthesis (WFS) systems are usually 2D setups, where loudspeakers are placed along the perimeter of an
extended listener area [4]. The proposed method is compatible with the 2.5D operator for WFS.

The system is primarily used to recreate historic architectural venues from antiquity to today so that listen-
ers can experience these venues’ acoustical footprints over the extended floor area (10×12 sqm) of Rensselaer’s
Collaborative Research Augmented Immersive Virtual Environment Laboratory (CRAIVE-Lab). The CRAIVE-Lab
uses 134 full-range loudspeakers (JBL 308, 128 speakers along the lab’s perimeter at ear height, plus six ceil-
ing speakers). Eight short-throw front projectors reproduce congruent immersive 360-deg images, e.g., HDR
panoramic photos, on a screen that encloses the listening area up to a height of 4.3 m. The screen is microp-
erforated for improved acoustic performance. This makes the CRAIVE-Lab a unique venue for auralizations,
given that typical CAVE systems have hard projection surfaces. The latter create audible room reflections that
superimpose with the simulated room reflections of the WFS signals. The floor area of the CRAIVE-Lab is
also more extensive than that of a typical CAVE. The lab can host up to 49 participants at a time (restricted
by fire code), providing the opportunity to experience an extended section of the simulated acoustical enclosure.
The lab has been optimized for user interaction with the panorama-screen environment [5].

The proposed auralization method allows users to render historic buildings from scaled floor plans, which
are often publicly available in contrast to full three-dimensional CAD models. The research started from an
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Figure 1. Photographic panorama presentation of a marketplace (Weikersheim, Germany) in the CRAIVE-Lab.

educational angle, and much of the description in this paper still reflects this original goal.
The 2D approach has some educational advantages over traditional 3D methods. Firstly, it allows creating

a model in less than an hour to a few hours, given the complexity of the floor plan and additional volumetric
estimations. A 3D model typically takes much more time to reconstruct, and often the necessary information
is not available. The rendering process is also much quicker, and it allows students to render a 128-channel
simulation in class, while a 3D method takes much longer for the same number of channels. Given that the
CRAIVE-Lab and most other WFS systems position all loudspeakers on a 2D plane, the compromises of the
dimensional reduction are acceptable, as long as the volume of the enclosure is considered to calculate the
parameters for the late reverberation. For three-dimensional loudspeaker setups, e.g., dome configurations for
higher-order ambisonics, the 2D approach has more setbacks, although the annotated floorplan approach might
still be useful for educational purposes. The biggest side effect of dome configuration will be the lack of ceiling
reflections, which have been deemed important in concert-hall acoustics. For these setups, it might be useful
to estimate and add at least one first-order ceiling reflection, for example, using another 2D approach in the
vertical plane that dissects a concert hall from front to back.

In the next section, the basic concept of our proposed auralization technique is discussed, followed by
auralization examples that are described in Section 2. The paper concludes with a brief conclusion section.

2 METHODS AND IMPLEMENTATION
Figure 2 shows the system architecture of the ray-tracing program. All input variables and data are shown at
the bottom. The basis for auralizing a building or outdoor venue is a floor plan with a scale or known di-
mensions. Further, a wall and floor materials database is utilized to determine absorption coefficients [7]. The
user determines the locations of sound sources and receivers and provides sufficiently anechoic sound files for
auralization. The receiver positions determine the locations of virtual microphones for the WFS loudspeaker lo-
cations, the location of a virtual dummy head (rendered through head-related transfer functions), or the position
of a virtual spherical microphone array.
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Figure 2. System architecture for the auralization algorithm.

2.1 Floor-plan annotation
In order to allow fast calculations, the method presented here is confined to simulations in the horizontal plane
(two-dimensional rendering method). This allows for the simulation of complete walk-throughs using a batch
process. The ray-tracing algorithm was implemented in Matlab following common practices [14, 9, 2]. Addi-
tional features were added where needed, for example, an algorithm to create circular boundaries to simulate
tree trunks and a method to rapidly generate models from floor plans.

Coordinates of acoustic boundaries can be assigned to the ray-tracing algorithm in three different ways: (i)
line segments with start and end points representing walls, (ii) squared pillars with the center coordinates and
the pillar width, (iii) circles represented by center and radius coordinates. Figure 3 shows an example of the
ray-tracing software for a concert hall in Eisenstadt that was recreated from an annotated floor plan. For this
purpose, publicly-available floor plans are marked up in a standard bitmap editor (GIMP, Photoshop, etc.). Red
dots are used for room corners, green dots for squared pillars, and blue dots for circles – see Fig. 3, left graph.
In the next step, the program plots annotated points on top of the map providing a unique index for each
annotated point – see Fig. 3, center graph. The user then creates a list of how the red points connect to walls.
The scale of the floor plan needs to be annotated, and the original dimensions need to be handed over to the
program (e.g., 1 and 10 m for two scale points). The program then transforms these data points into an editable
list of geometrical objects that can be extended by a user, for example, by adding identifiers for wall materials.
The user corrects and edits these pairs to finalize the digitized floor plan.

The user can either assign a single wall-material ID to all walls or specify individual wall-material IDs
for each wall – see Fig. 2, bottom, 2nd-from-left box. Currently, wall material data is taken from a DIN
database, and the database contains a short description of the material, frequency-specific absorption coefficients,
and Finite-Impulse-Response (FIR) filter coefficients. The latter is needed to compute adequate room impulse
responses.

2.2 Ray-tracing algorithm
For each sound-source position, the program sends out rays at equidistant azimuth angles covering the full
horizontal plane (360◦ circle) – see Fig. 2, 3rd-left bottom box. Intersection points are computed for each ray
and boundary object using the solution of the line–line intersection problem in Euclidean geometry. For each
ray, the closest boundary intersection is determined. At the intersections, the reflection angle is calculated using
Ibn Sahl/Snell’s law [12, 15]. Then the next-order ray is sent out into the new direction until the maximum
order (e.g., the number of reflections) specified by the user is reached or the ray exits the floor plan – see
Fig. 4. The outgoing rays are stored as a sequence of ray elements containing the intersection points and
the boundary material identifiers. Since the initial angles are stored with the rays, a source-specific directivity
pattern can be simulated after all rays have been traced.
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Figure 3. Demonstration of the ray-tracing algorithm for the Haydn-Saal in Eisenstadt, where Joseph Haydn
was active. Left: Processed marked-up floor plan for visual inspection, Center: Assignment of wall-corner
identification numbers, Right: Geometric model with a sound source (red dot) and receiver (blue dot) and
calculated rays. The original floor plan was obtained from [10, p. 147].

2.2.1 Creating a room impulse response
In the following step, the rays are collected by receivers in the module IR estimation – see Fig. 2, rightmost
bottom box. Receivers can be located anywhere in the rendered room. For WFS, a virtual array is placed
into the floor plan section that should be auralized. The receivers (virtual microphones) are positioned at the
WFS loudspeaker positions. So for a 128-channel loudspeaker system, the same number of receivers are placed
at the loudspeaker positions. For each receiver, a separate impulse response is created. A virtual circle with
an adjustable diameter is positioned at each receiver location to catch the rays. Then, the algorithm calculates
which ray elements intersect the circle, and for all positive cases, the total ray distance between sound source
and receiver is calculated. All listed values are stored together with the final angle of incidence, the angle the
ray was initially sent out, the reflection order, and the sequence of wall identifiers. Based on these data, the
impulse response is created. The direct sound and reflections are computed as delta peaks at the delays that
correspond to the ray’s path length from the source to the receiver. In addition, each impulse is transformed the
following way:

1. The intensity of the ray is reduced based on the inverse-square law. Consequently, the sound pressure
magnitude decreases with 1/r.

2. The high frequencies are filtered out based on atmospheric attenuation.

3. The absorption effects of the walls and other boundaries are simulated using a cascaded Finite Impulse
Response (FIR) filter. The material-specific filters are chosen from a DIN database [7]. The number of
cascaded filters matches the order of the reflection.

4. In the final step, direct incoming sound and reflections are selected by their close proximity passing a
receiver position within the virtual circle that was placed around it. The virtual receivers are directionally
sensitive using the positive lobe of a figure-of-eight pattern. The latter point outward the array to avoid
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Figure 4. Left: Example of a ray-tracing pathway, Right: Ray-tracing signal flow diagram for this pathway.

echo artifacts resulting from rays passing through the array at the opposite end of the array. An overlap-
add method ensures that the delayed reflections can partially overlap, which can happen because of the
cascading FIR filters’ prolonged effect that simulates the wall reflections.

2.2.2 Simulation of late reverberation
Late diffuse reverberation is computed in addition to the early reflections generated by the ray-tracing model.
The structure of the simulated reverb tail is constructed from a Gaussian noise sample with temporal windowing
to simulate the reverberation decay – for details, see [4]. This method reflects that the late reverberation tail is
formed by a stochastic process with an underlying Gaussian distribution.

3 AURALIZATION CASE STUDIES
This paper aimed to test the feasibility of the rapid prototyping approach. For this purpose, several landmark
buildings were selected to see if a single person could model them within one afternoon, a typical time slot
available for preparing a class, such as in this case “Aural Architecture.”

3.1 Notre-Dame of Paris
The first building selected was the Notre Dame cathedral in Paris. Built between the years 1163–1260, the
church is among the most notable examples of Gothic church architecture. Moreover, large cathedrals likely
had a crucial role in the development of polyphonic music, a musical movement spearheaded by medieval com-
posers Léonin (1135–1201) and Perotin (1160–1230), who were both based in Notre Dame. One theory states
that polyphonic music was a consequence of the long reverberation found at large churches. The reverberation
tail of approximately 6 seconds [11] prolongs a sung note to the extent that multiple sequentially sung notes
will overlap in time, leading to the idea of having three voices sing these accidentally overlapping tones simul-
taneously. It should be noted, though, that Léonin and Perotin’s work preceded the completion of Notre Dame.
The polyphonic movement is also closely tied to the development of music notation in part because it was
difficult to remember each voice, especially the center line, which completes the chord structure and is typically
not very memorable by itself.



Figure 5. Floor plans of two landmark buildings created using the rapid-prototyping approach – left: Notre-
Dame (Paris), right: Westerkerk (Amsterdam). The blue rounded rectangle represents the CRAIVE-Lab’s spatial
footprint in 2D, while the red dots represent source position, and the connected red lines represent sensitivity
among all secondary sound sources (individual loudspeaker).

Name Length Width Height Volume No. seats RT

First Gewandhaus 23 m 13 m 7.5 m 2,242.5 m3 400 1.3 s

Second Gewandhaus 38 m 18 m 15.5 11,200 m3 1,560 1.6 s

Third Gewandhaus 32.3 m 36 m 19.8 m 21,000 m3 1,900 2.0 s

Table 1. Dimensions for the three Gewandhaus concert halls (RT stands for reverberation time).

3.2 Westerkerk in Amsterdam
The second selected building is the Wester Church (Westerkerk) in Amsterdam, the largest protestant church in
the Netherlands. Hendrick de Keyser designed the church, which was built during the years 1620–1631. The
Renaissance church has an 85-m tall tower, a historic pipe organ from 1686, and is the burial site of Rembrandt
van Rijn. For this building, it is essential to remember that the church Reformation also had profound acoustical
consequences. By empowering ordinary citizens, it became necessary that everyone could follow the church
service, and local languages replaced Latin, which was only understood by a small part of the population. In
1708, Christopher Wren, who was commissioned to build 50 new churches, determined that the new churches
needed to be sufficiently small so everyone could follow what was being said by the preacher [6], [8, Page
9]. The produced floor plan exhibits how small the Wersterkerk is compared to Notre Dame. Here, the plotted
dimensions of our WFS array showed to be a valuable tool for grasping the overall scale of a building.

3.3 Gewandhaus in Leipzig
The acoustics and history of the Gewandhaus Orchestra is an ideal example of aural architecture in the im-
mersive classroom. The Gewandhaus Orchestra is the first German orchestra formed by a civil movement and
not as part of court procedures. It started in 1743 under the label “Great Concerts” [Grosses Concert]. The
Gewandhausorchester was initially a small ensemble of 16 musicians, which grew over time to the size of a
full late-romantic orchestra with 185 full-time musicians. Over time, the orchestra has been housed in different
buildings, reflecting the modern concert hall’s evolution. After performing for years in a regular tavern named



Figure 6. Simulated sound fields for the three Gewandhaus concert halls: First Gewandhaus (top-left panel), Sec-
ond Gewandhaus (top-right panel), Third Gewandhaus for overall structure (bottom-left panel), Third Gewand-
haus for effective early reflection surfaces (bottom-right panel).



Figure 7. Simulated 128-channel impulse responses for the three Gewandhaus concert halls: First Gewand-
haus (top-left panel), Second Gewandhaus (top-right panel), Third Gewandhaus for overall structure (bottom-left
panel), Third Gewandhaus for effective early reflection surfaces (bottom-right panel). Each graph shows the
spatially aligned impulse responses for the CRAIVE-Lab configuration.

Zu den drey Schwanen [at the three swans], a dedicated concert hall was integrated into a former garment trading
building. The hall was constructed in 1781 by Johann Carl Friedrich Dauthe. This hall is known as the first
Gewandhaus.

The floor-plan-based auralization process presented in this article is ideal for simulating the first Gewand-
haus, as there is little data on this building; it was demolished before architectural acoustical design principles
were developed. The first Gewandhaus resembles the transition from court-based orchestral practices to private
organizations. Given their transitional nature, these provisional solutions have been replaced by specifically de-
signed concert halls, and floor plans, drawings, and verbal descriptions are the only evidence of these buildings.
These circumstances make it an ideal project for the proposed rapid prototyping method. The simulated sound
field shown in the top-left panel of Fig. 6 was created using an existing floor plan. The height of the building
can be estimated from contemporary drawings. The second Gewandhaus was designed by Martin Gropius and
completed in 1884. It was destroyed in World War II. After a transitional period with a repurposed building
(Kongreßhalle am Zoo), the current Gewandhaus opened in 1981 and was the only single-purpose concert hall
erected by the East German Government. Table 1 lists the dimensions for all three Gewandhaus concert halls
– the data for the other two concert halls and the seat counts have been described in the literature – e.g., see
[13, 1].



Various sources list measured or estimated reverberation times for all three halls, including data for the
second Gewandhaus that Clement Sabine analyzed in a case study while planning the New Boston Music Hall.
The top-right panel in Fig. 6 depicts the simulated sound field for the second Gewandhaus. Note that the
dimensions are much larger than the first hall, with a seating capacity that is about four times as high and a
volume that is about five times larger. The plotted location of the simulated wave field synthesis array in both
venues provides a good reference for the scale. The current fan/rhombus-shaped concert hall has much larger
dimensions than its two predecessors – see Fig. 6, panel bottom left. However, when computing the reflecting
walls at the concert podium level, the effective reflecting walls are much closer to each other, which is a
strategic part of the acoustic design. Now the effective floor area is similar to that of the second Gewandhaus
– see Fig. 6, panel bottom right.

Figure 7 shows the simulated impulse responses for the four simulated sound fields from Fig. 6. Given
its small dimensions, the early reflections arrive the earliest for the First Gewandhaus and are noticeable later
for the Second Gewandhaus. For the Third Gewandhaus, early reflections are absent in the graph if the outer
enclosure is used for the simulation, but they are present if the inner enclosure is simulated as well. In the
latter case, the strength of the reflections is similar to the second Gewandhaus simulation.

The growing library of simulated venues also includes the Cologne Cathedral, Savoy Ballroom Jazz Club,
Columbia 30th Street Studio, St. Mark’s Cathedral in Venice, St. Patrick’s Cathedral in New York City, Pantheon
in Rome, Amphitheatre in Trier, to name a few.

4 CONCLUSION
A rapid auralization method was demonstrated in this paper. The process allows rapid prototyping of acoustical
enclosures using annotated floor plans and a ray-tracing method. It usually takes less than an hour to annotate
the floor plan for a project and about another hour to render the impulse responses and create the auralizations
for a brief demo with eight sound sources and 128 loudspeakers on a typical desktop computer.
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ABSTRACT
The head-related transfer function (HRTF) is a major tool in spatial audio. The HRTF for a point
source is defined as the ratio between the sound pressure at the ear position and the free-field sound
pressure at a reference position. The reference is typically placed at the center of the head. However,
when using spherical Fourier transforms (SFT) and distance-varying filters (DVF) to synthesize HRTFs
for point sources very close to the head, the synthesized HRTF assumes that the measurement position
and the reference position are the same. Ear centering is a technique that overcomes this ambiguity.
Ear centering can be performed with translation operators in the spatial domain (the unit sphere) or
with DVFs in the transform domain (the SFT domain). This paper presents a review of ear centering
and shows that operating in the spatial domain is computationally more efficient than operating in
the transform domain. The reason behind this is that transform-domain ear centering requires DVFs
that depend on two source distances, from the reference and from the ear, whereas spatial-domain ear
centering requires DVFs that depend on the distance from the reference only. Moreover, operating in
the spatial domain is more accurate.

Keywords: Head-related transfer functions, ear centering, translation operator, spherical Fourier
transform, distance-varying filter.

1 INTRODUCTION
There is a growing interest in accurately synthesizing the head-related transfer function (HRTF) for
arbitrary points in the near field, that is, in the region of space within 1 m from the center of the
head [1, 2]. Interests include the design of near-field binaural recording systems [3], the development of
near-field auditory displays [4], and the consideration of distance in auditory attention experiments [5, 6].

A promising synthesis approach extrapolates near-field HRTFs from far-field ones using the spheri-
cal Fourier transform (SFT), distance-varying filters (DVF), and the inverse spherical Fourier transform
(ISFT) [7, 8, 9]. When using the SFT to represent spherical HRTF datasets, the default spherical sym-
metry of the SFT is specified with respect to the reference position. The default spherical symmetry,
however, does not allow to distinguish between the reference position (the head center) and the measure-
ment positions (the ears). Such mismatch produces a demand of a high number of basis functions in the
SFT representation and, therefore, affects the synthesis accuracy.

Ear centering overcomes the mismatch between the default SFT center and the ear position. Ear
centering is performed with acoustic operators that translate the SFT center from the head center to the
ears. Table 1 overviews research related to ear centering interpreted in terms of translation operators. In
summary, translation operators can be applied in the spatial domain (the unit sphere) [10, 11, 12, 13, 14,
15, 16] or in the transform domain (the SFT domain) [17], can be used in far-field [10, 11, 12, 13, 14] or
near-field [15, 16, 17] HRTF synthesis, and can consider acoustic propagation in the free field [13, 14, 15,
16, 17] or include an acoustically rigid scatterer that mimics a simple head [10, 11, 12].
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Table 1. Overview of translation operators used for ear centering in HRTF synthesis.

Reference Domain Distance Translation model

Porschmann et al.,
2019 [10, 11] and

Arend et al., 2021 [12]

Spatial domain Far field Plane wave with rigid
sphere

Zaunschirm et al., 2018
[13]

Spatial domain Far field Plane wave

Ben-Hur et al., 2019
[14]

Spatial domain Far field Plane wave

Urviola et al., 2021 [15]
and 2022 [16]

Spatial domain Near field Spherical wave

Richter et al., 2014 [17] Transform domain Near field Spherical wave

In our previous papers [15, 16], a question remained open on whether translation operators perform
better in the spatial domain or in the transform domain when synthesizing near-field HRTFs. In this
paper, we address the question by contrasting the performance of the spatial-domain method proposed
in [15, 16] and the transform-domain method proposed in [17].

2 EAR CENTERING IN THE SPATIAL AND TRANSFORM DOMAINS
The HRTF is defined as the sound pressure at the left or right ear position rear due to a point source
at the source position r, divided by the free-field sound pressure at the reference position rref [18]. The
HRTF, denoted by H, is defined as

H(r, rear, rref) = Ψ(r, rear)
ΨF F (r, rref)

, (1)

where Ψ(rs, rr) denotes the pressure emanated from a source position rs measured at a receiver position
rr and the sub-index FF stands for "free-field", which indicates that the head is not present.

rrefrear

a

b

Figure 1. Geometry for near-field HRTF synthesis.

Figure 1 shows the top-view geometry for theoretical near-field HRTF synthesis. The center of the
head coincides with the reference position rref and the ear position is denoted by rear. The point a is
a point in a continuous, spherical distribution at a far distance ∥a − rref∥ from rref . The point b is an



1 Direct translation operator: T (a, rref 7→ rear)

H(a, rear, rref)

2 Spherical Fourier transform

3 Distance-varying filters: Dn(∥a − rref∥ 7→ ∥b − rref∥)

4 Inverse spherical Fourier transform

5 Inverse translation operator: T −1(b, rear 7→ rref)

H(b, rear, rref)

H(a, rear, rear)

Hnm(∥a − rref∥, rear, rear)

Hnm(∥b − rref∥, rear, rear)

H(b, rear, rear)

Figure 2. Near-field HRTF synthesis with ear centering in the spatial domain [15, 16].

1 Spherical Fourier transform

H(a, rear, rref)

2 Distance-varying filters: Dn(∥a − rref∥ 7→ ∥b − rref∥)

3 Translation operator: Dn(∥b − rref∥ 7→ ∥b − rear∥)

4 Inverse spherical Fourier transform

H(b, rear, rref)

Hnm(∥a − rref∥, rear, rref)

Hnm(∥b − rref∥, rear, rref)

Hnm(∥b − rear∥, rear, rref)

Figure 3. Near-field HRTF synthesis with ear centering in the transform domain [17].



arbitrary point at a near distance ∥b−rref∥ from rref . The distances to a and b from rear are respectively
denoted by ∥a − rear∥ and ∥b − rear∥.

Figure 2 overviews the process for near-field HRTF synthesis using ear centering in the spatial do-
main [15, 16]. The input is a continuous, spherical distribution of HRTFs denoted by H(a, rear, rref)
whereas the output is a synthesized HRTF denoted by H(b, rear, rref). The encoding stage comprises
the direct translation operator in block 1 and the SFT in block 2 . Range extrapolation from distance
∥a −rref∥ to distance ∥b−rref∥ is performed by block 3 using DVFs; they are transform-domain acoustic
propagators based on a ratio of spherical Hankel functions [7, 8, 9]. The decoding stage comprises the
ISFT in 4 and the inverse translation operator in 5 . Note that spatial-domain ear centering is composed
of blocks 1 and 5 which explicitly translate the reference position.

Figure 3 overviews the process for near-field HRTF synthesis using ear centering in the transform
domain [17]. The input and output of this process are identical to those shown in Fig. 2. The encoding
stage only contains the SFT in block 1 . Range extrapolation is performed by block 2 in a similar
manner to block 3 in Fig. 2. Ear centering is performed by the transform-domain translation operator
in block 3 which is implemented with an additional DVF now from distance ∥b − rref∥ to distance
∥b − rear∥. Although the original proposal in [17] considered an additional optimization stage to modify
rear according to frequency, block 3 in our implementation operates with the real position rear. The
decoding stage only contains the ISFT in block 4 . Note that transform-domain ear centering does not
explicitly translate the reference position.

Operating in the spatial domain is computationally more efficient than operating in the transform
domain. The reason behind this is that implementing the DVF of block 3 in Fig. 2 only requires
distances from rref whereas implementing the transform-domain translation operator of block 3 in Fig. 3
requires DVFs that depend on distances from rref and rear.

The mathematical formulation of the blocks used in Figs. 2 and 3 is available in detail in [15, 16].

3 EVALUATION WITH AN INDIVIDUAL CALCULATED HRTF
This section compares the performance of near-field ear centering in the spatial [15, 16] and transform [17]
domains. The DVF and SFT algorithms respectively described in [9] and [19] were adapted to numerically
evaluate four scenarios:

• No ear centering

• Transform-domain ear centering [17]

• Spatial-domain ear centering [15, 16].

3.1 Conditions
The conditions for evaluation are similar to the ones used in [15, 16]. Among the existing calculated near-
field HRTF collections [20, 21], we chose the one in [21] because its data is open and its resolution across
distance is dense. Left-ear HRTFs for one individual head model without torso are used in evaluations.
The spatial features due to the torso are prominent at the lower frequencies and can extend up to
3 kHz, whereas the features due to the head and pinna span the middle and high frequencies [22]. Our
assessment focuses on head and pinna features, for this reason the lower frequencies are also covered;
hence, the absence of torso does not limit our results. The HRIRs have 512 samples along time, were
sampled at 48 kHz, and c = 344 m/s. The left-ear positions were extracted from the head model.

The sound sources are distributed in spherical grids based on subdivisions of the edges of the icosa-
hedron. Icosahedral samplings are chosen because they achieve bounded spherical integration errors dis-
tributed across all orders, whereas other samplings aiming at perfect quadrature at low SFT orders yield
large errors concentrated in the high SFT orders [19].

The maximum frequency up to which reliable synthesis is ensured is calculated as

fmax = cNg

2πrbound
, (2)
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(a) No ear centering.

(b) Transform-domain ear centering [17]. (c) Spatial-domain ear centering [15, 16].

Figure 4. Synthesis error calculated with (3). Black-dashed curves indicate −3 dB values. Black-dashed
lines indicate fmax in (2).



Figure 5. Synthesis error calculated with (4). The black-dashed line indicates fmax in (2).

where c is the speed of sound in air, Ng is the maximum SFT order of the icosahedral grid, and rbound
is the radius of a sphere fully containing the head.

Datasets at distances b, ranging from 20 to 100 cm with 1 cm spacing, are used as target data. For
each distance, 642 directions on an icosahedral grid are considered. Datasets are also synthesized for these
distributions of points.

3.2 Error Metric
Target and synthesized HRTF datasets are respectively organized as H(bi, Ωj , fκ) and Ĥ(bi, Ωj , fκ). Index
i = 1, 2, ..., 81 indicates radial distances; index j = 1, 2, ..., 642, directions on the sphere; and index
κ = 1, 2, ..., 257, frequency bins. The overall synthesis error across angles is defined as

E(bi, fκ) =
RMS

Ωj

{H − Ĥ}

RMS
Ωj

{H}
, (3)

and the overall synthesis error across angles and distances as

E(fκ) = RMS
bi

{RMS
Ωj

{H − Ĥ}

RMS
Ωj

{H}

}
, (4)

where RMS stands for root mean square along either directions Ωj or distances bi.

3.3 Results
Panels in Fig. 4 show synthesis errors calculated with (3) and displayed in a logarithmic scale, from
−30 dB to 0 dB, to contrast with the perceivable HRTF dynamic range of around 30 dB, as reported
in [23]. The black-dashed curves highlight the −3 dB values and are used as an indicator to compare
among panels. We use the −3 dB indicator because this value is commonly considered as a perceivable
difference. The black-dashed lines indicate fmax as formulated in (2).

Contrasting panels (a) and (b) in Fig. 4, it is observed that synthesis without ear centering and with
ear centering in the transform domain yield similar results. Panel (c) in the same figure, on the other
hand, clearly shows that the most accurate synthesis is obtained when applying ear centering in the
spatial domain.



Figure 5 shows the overall synthesis errors across angles and distances calculated with (4). These
results also indicate that spatial-domain ear centering yields a clear enhancement in near-field HRTF
synthesis.

4 CONCLUSIONS
We presented a review of ear-centering methods used in HRTF synthesis. Ear centering can be applied
in the spatial or transform domains, can be formulated for sources in the far field or near field, and can
consider acoustic propagation in the free field or include an acoustically rigid scatterer that mimics a
simple head.

When aiming at synthesizing near-field HRTFs, we showed that operating in the spatial domain is
computationally more efficient than operating in the transform domain. Moreover, operating in the
spatial domain is more accurate than operating in the transform domain.

Extensions to this work might consider detailed mathematical analyses to contrast the equivalences of
the existing methods for ear centering in the spatial and transform domain. Assessments with top-down
auditory models and subjective tests could also provide more insight into the validity of ear centering.
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ABSTRACT
Virtual reality offers attractive tools to assess the urban design and its consequences for the quality of life in
cities, especially in complex acoustic scenarios. However, the evaluation with regard to the level of realism of
such scenarios still is a challenge. In this study, individuals are assessing with their own words the realism of
such renderings in an audio-visual case study, the IHTApark, geolocated in Aachen, Germany. The multimodal
nature of this kind of study allows for different levels of detail in both acoustic and visual cues, ranging from
non-plausible reproductions to renderings closer to realism. In particular, the auralizations are computed using
geometrical acoustic approaches, the visualizations are evaluated using physically-based visual renderings. The
study aims to provide a personal-weighted vocabulary collection to define what is a realistic representation of
such scenarios.

Keywords: Auralization, Visualization, Audiovisual simulation, Urban Soundscapes, Virtual Acoustics

1 INTRODUCTION
The topic of realism in auralization has been present since the technology appeared [1], and has developed
towards other terms, such as plausibility, accuracy or credibility [2], and more recently towards ecological
validity [3], [4], when it comes to capturing and reproducing the acoustic environment as closely as possible
to how it appears in the real context. All those terms are dealing with a common problem which might be
resumed in the following question: "how close to reality are our environment representations?".

In order to assess the realism of audio-visual representations, we assume that the most salient features of an
urban space need to be -at least- recognised, or even better, maintained. However, since the verbal expressions
highly differ between experts and non-experts, we intend to include qualitative descriptions of the environment
to later extract common perceptual patterns.

In this study we report what research results have been to this point. In particular, that soundscape evalu-
ations of the same urban space have been rated differently under different psychoacoustic conditions [5]. This
requires a need for more reproducible approaches when studying the soundscapes, such as state-of-the-art sim-
ulations. They allow the parametric modification of the physically-based simulations. Additionally, the synchro-
nized audio-visual renderings are used and evaluated, compared to the real experience of the same environment.
In order to extract the perceptual categories which can be mixing both acoustic and visual impressions, we
use a descriptive evaluation method called Individual Vocabulary Profiling, which reveals perceptual dimensions
from collections of personal attributes [6].

2 METHODS
2.1 Individual Vocabulary Profiling
The Individual Vocabulary Profiling (IVP) method consists of a descriptive analysis test, in which the assessors
perform individual word elicitation by listening and viewing to the stimuli. While experiencing the reproduced
environments, the assessors provide words to describe how they perceive the space quality and the differences

ABS-0709

josep.llorca@akustik.rwth-aachen.de


between them. Assessors can provide 8 to 12 words as they feel necessary to describe their perception. The
assumptions behind this approach considers that assessors will fundamentally perceive the stimuli in a similar
manner, but may use different adjectives to express their perception. The test consisted of two phases:

• A. Elicitation of attributes. 10 assessors are asked to provide attributes which describe the qualities of
stimulus and the differences among them. A total of 4 to 8 attributes are required to complete the
task,including audio and visual qualities. The assessors are asked to provide for each attribute not only
one adjective, but also pairs of extremes which can be used in scale ratings later on. The list of ad-
jectives with their extremes are discussed personally with the testers, in order to avoid inaccuracies and
redundancies. The outcome of this phase is an individual collection of attributes.

• B. Ratings of scenes. The same assessors are asked to rate the stimuli with the collection of attributes they
personally developed in Phase A. The outcome of this phase is a personal-weighted attribute collection.

In order to extract words and ratings describing realism, the IVP paradigm is adapted to perform phase A
(elicitation of attributes) in the real scenario (IHTA park) with a minimum of 4 words for the acoustic and the
visual attributes. Later, the participants provide other 4 words inside the laboratory comparing the three different
simulations of the IHTA park among them and with the real environment. In this way, each participant provides
a total of 8 auditory- and 8 visually-related attributes.

2.2 Simulated scenario

Figure 1. Visualization model (bottom left), auralization model (bottom right) and aerial photograph of the
IHTApark (up). In the auralization model, the sound sources, their trajectories and the receiver positions are
depicted. In the visualization model, the highest level of detail is shown as an example. The models are freely
accessible in [7].

The so-called benchmark IHTApark site is used as case study here. This environment has been previously used
as case study by the authors [8], [9], figure 1. The venue is located west of the German city of Aachen, close-
by to the Institute for Hearing Technology and Acoustics, at RWTH Aachen University. The study site spans



an area of about 9840 m2 and is enclosed by the roads Kopernikusstraße to the north-west, the road Seffenter
Weg to the north/east, and Mies-van-der-Rohe Straße to the south-east. The southwest border adjoins a footpath,
and thallotment gards Familien-Dauergärten "Eschenallee" e.V. Estimated roughly from looking at the map, the
surface sealed degree in the area amounts to 45 per cent. The area surrounding the study site is characterised by
more open building structures and more unsealed and green spaces as opposed to the area within the city ring,
which is much more densely built and sealed. In figure 1, the models used for visualization and auralization
are depicted.

For the auralization of the scenario, a mixed approach combining recorded and simulated sounds was used.
This approach is especially useful to increase the level of realism with background ambient sound when repro-
ducing urban spaces and when studying the perception of complex scenes, as urban environments are. This is
one of the key outcomes of ISO 12913 on soundscapes, where context plays a crucial role for the represen-
tation of scenes for audio-visual soundscape studies. The question remains that sound sources are expected to
contribute a plausible acoustic environment in a specific context. In order to include recorded ambient sounds
with virtual vehicle synthesized sound sources in the urban context, we follow the calibration method proposed
by Heck et. al. [10]. The following acoustic scenario is created:

• Background sound recorded in the place in a quiet situation, discarding vehicle, machinery and people
sounds. The recording was done using a Sennheiser Ambeo first order ambisonics microphone.

• Two synthesized car sounds passing the road of Seffenter Weg. The auralization is generated with geo-
metrical acosutics between a dynamic source position and a static receiver position, as indicated in 1. The
propagation paths have been calculated using the geometrical model shown in the same figure, following
the model by Dreier and Vorländer [11] and the vehicle pass-by noise synthesis by Dreier et al. [12].

• One synthesized aircraft sounds passing over the area, as shown in 1. The geometrical acoustics auraliza-
tion is rendered following the model by Schäfer and Vorländer [13].

• A pre-rendered sequence can be found in the following link: https://youtu.be/rudxfV94UwA?t=15

Regarding the visual simulation, three different urban representations have been produced, modifying the
visual level of detail in each of them, while one single acoustic simulation is used. The visual levels of detail
follow the framework described by the authors [8] and the variables included in this study are described in
Table 1 and a screenshot of each of the scenario can be seen in in Figure 2.

Table 1. Visual simulation levels of detail

Variables High Med Low

Geometry Near façade objects <5cm >10cm >20cm

Far façade objects <10cm >2m >2m

Grass ♦ ♦

Materials Diffusion maps ♦ ♦ ♦

Roughness maps ♦ ♦

Effects Flying pollen ♦ ♦

Wind on foliage ♦

Viewer Walkable area 25m2 25m2 25m2

https://youtu.be/rudxfV94UwA?t=15


2.3 Acoustic and visual reproduction
The scenario was reproduced visually using the VR glasses HTC Vive, Unreal Engine 4.27, in an area allowing
a walkable space of 5x5 m. The acoustic reproduction was done via headphones Sennheiser HD650. Head-
phone compensation was included using the Heaphone Transfer Function measured on the Kemar test fixture.
The reproduction was calibrated by adjusting the levels and A-weighted levels between the reproduction and
the recorded levels in the real park. The levels and A-weighted levels were calculated for the background
sound (48dB and 40dBA, respectively) and for one pass-by vehicle combined with background sound (56dB
and 49dBA), as well as in the reproduction system.

Figure 2. The three levels of detail in comparison: high, medium and low (up-down respectively). Note the
differences in the windows of the left building, the buildings in the background, and the grass, in accordance
to Table 1.

2.4 Attributes clustering
The attributes are later clustered according to similar individual profiles. A hierarchical clustering is performed
to recursively cluster two items at a time. The Euclidean distances are used to measure the distance between
the attribute ratings for each urban representation. Since three simulations and one real environment were
studied, four different distance matrices were generated accordingly. Taking the mean over all four distance
matrices results in a final distance matrix. This matrix contains how close is the mean of attribute X (over
all 4 environments) from attribute Y (over all 4 environments). The means are then clustered under Euclidean



distances. Finally, the number of clusters is chosen as soon as each cluster has at least 2 attributes.

3 RESULTS
A total of 10 participants rated the three simulated and the real environments, giving 8-12 attributes each. This
resulted on a total of 162 attributes. 8 clusters can be clearly distinguished when analyzing all the data. This
information can be seen in figures 3 and 4.

Figure 3. All ratings and all clusters with all attributes.

In figure 3, the ratings are given for the evaluation of the real environment, as well as for the three level
of details: High, Medium and Low, being 0 the lowest rating given for each attribute, and 100 the maximum.
The attributes terminating with "- V" correspond to the visual modality, whereas the ones terminating with "-
A" correspond to the acoustic. Figure 4 depicts each of the clusters separately, with one representative word
for each, extracted from the cluster itself. One representative word for visual and one for acoustics has been
extracted for each cluster, which appears at the top of each cluster.



Figure 4. Clusters, ratings and representative attributes

4 DISCUSSION
After the exploratory inspection of the results, eight main dimensions can be distinguished describing the level
of realism for both the acoustic and the visual modalities. These eight dimensions can be divided into three
groups: properties of the simulations which have been maintained in respect to the real site (cluster 2 and 4);
decreased (6, 5 and 1); and increased (cluster 4, 7 and 3).

In terms of acoustics, the most critical properties to achieve a level of realism are the realism of the traffic
noise and the ambient loudness and mismatch (clusters 1 and 7). This points out to the importance of calibrated
data according to a real situation. Of major importance to be improved are the ambient sound localization (clus-
ter 5), which might be achieved using higher order ambisonic recordings. However, the sound pleasantness and
naturalness, as well as ambient loudness are achieved with a decrease mean of 10 per cent (cluster 2). This
indicates that the three simulated levels (high, medium and low) are equally rated for the attributes pleasant-
ness, naturalness and loudness. Finally, the most unrealistic evaluation change between the real and the three
simulations is recorded in the ambient localization (cluster 5), but with a tendency to be diminished when the
visual simulation is less accurate. This indicates that people might concentrate less on the acoustic part when
the visual level of detail is high.

5 CONCLUSIONS
In this study, three levels of detail of an urban environment have been simulated visually and acoustically
to be compared among them and with the real environment. While maintaining the acoustic simulation the
same for all three visualizations, the differences among the representations have been captured using individual
vocabulary profiling. The results show that the most critical properties of the real scenario to be respresented
as realistic in the simulations where the following for the acoustic modality: realism of vehicle simulations,
which highly depends on the source synthesizer, and vehicle sound loudness, which slightly increases when
visual level of detail decreases. This suggests that special attention needs to be paid into the visual and the
acoustic simulations when dealing with vehicle sound sources. On the same time, a good sound naturalness



and coherence is achieved using the proposed recorded ambient sounds in the simulations, which indicates that
high level realism supports them. The study also suggests that more robust and reliable methods for capturing
complex urban scenarios [14] are needed to achieve realistic auralization and visualizations.
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ABSTRACT
This poster presents the IHTApark lab, a real environment monitorized with acoustic and visual recordings, as
well as with weather indicators, together with a virtual reproduction of the same environment for real-time,
realistic and physically-based renderings of such scenarios. The description in detail of how the virtual model
has been designed and simulated regarding the acoustic and the visual cues are included. Additionally, the poster
presents an online test paradigm for the individual assessment of urban sound in audio-visual environments, and
the possibility for the reader of the poster to directly participate in the test, with the aim of approach a diverse
group of tested people in such urban assessments. The results of the test will be compared with the same test
performed in laboratory conditions.

Keywords: Auralization, Visualization, Audiovisual simulation, Urban Soundscapes, Virtual Acoustics
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ABSTRACT
Interactive virtual environments (iVEs) with binaural auralization over headphones and visualization via head-
mounted display (HMD) are a promising research tool to transfer real room experiments into the lab. For this
reason, there is a high demand on the visual model and the associated auralization of the represented room.
It has been shown that, using speech stimuli with head-tracked binaural auralizations based on measured and
simulated binaural room impulse responses (BRIRs), a convincing agreement between the real and the simulated
room is possible, even when some approximations are made for the auralization (Blau et al. 2021). However,
auralizations might suffer when presented in a reproduction room that deviates from the real room. This is known
as the “room divergence effect” (Brandenburg et al., 2016). It is expected that congruent visual cues presented
via HMD reduce this effect. In this study, a virtual model of the auralized room was built and integrated into
a gaming engine. Subjects sitting in the real room wearing a HMD and headphones had to compare different
auralizations based on measured and simulated BRIRs to a loudspeaker representation in the real room. Results
show that a convincing auralization is possible even if both auditory and visual representations are based on
simulations.

Keywords: virtual acoustics, head-mounted display, auralization

1 INTRODUCTION
Moving the real world into the lab is a trade-off between realism and control. Interactive virtual environments
(iVEs) are a promising tool to combine ecologically valid environmental conditions with high control over the
experiment. The combination of controllable visual and auditory stimuli opens up new possibilities to explore
human perception. As a pendant to visualization, auralizations can be used to make sound fields audible by
rendering them over headphones or loudspeakers [1, 2], resulting in the possibility to integrate advanced audio
in iVEs. Auralizations have the potential to replace experiments in real rooms [3]. The requirement is that they
be as close as possible to reality.

A common way to test auralizations is to compare simulated with measured sound fields, assuming that
measurements represent the reality accurately enough [4, 5, 6]. Alternatively, auralizations over headphones
can be compared to loudspeaker representations in the real room. A highly plausible auralization was found
by [7], comparing static binaural auralizations with a loudspeaker in an anechoic environment. Nevertheless,
direct comparisons led to differences between real loudspeaker presentation and headphones, especially for noise
pulses. Head-tracked binaural auralizations compared to loudspeakers, while being present in the real room,
showed that subjects were able to find differences for noise but not for speech stimuli [8]. These findings were
confirmed by [9] where head-tracked binaural auralizations over headphones were compared to loudspeakers in
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a typical classroom scenario. In addition to auralizations based on measured BRIRs, BRIRs simulated with the
room acoustical simulator (RAZR, [10]) were added to the comparison. Results showed that simulated BRIRs
were rated lower then measured BRIRs. In a follow up study the lower ratings were attributed to the use of
omnidirectional sources in RAZR. An extended RAZR version with the possibility to add speaker directivities
was built [11]. By using the directivity of the loudspeakers the ratings for simulated BRIRs improved. Results
showed that a convincing agreement between the real and the simulated room is possible when using speech
stimuli with head-tracked binaural auralizations based both on measured and simulated BRIRs [12]. Subjects
compared different auralizations to a loudspeaker representation while sitting in the real room. In conclusion,
all but the auditory cues were perfectly preserved.

It is known that auralizations might suffer from a mismatch between the real and the auralized room due to
the so called "room divergence effect" [13]. As with auralization, visualization must be as close as possible to
reality. By using visualizations via HMD, a mismatch between the real and simulated room might occur. Thus,
it remains unclear whether a convincing auralization is possible when using simulations for both visualization
and auralization.

In this study, plausibility tests were performed while subjects were sitting in the real room, comparing loud-
speaker reproductions with measured or simulated BRIRs while wearing an HMD. While visual cues and the
playback over headphones were based on simulations, all except visual cues for the loudspeaker presentations
are perfectly preserved.

2 METHODS
2.1 Room setup
The underlying room acoustic is a small lecture room at Jade Hochschule in Oldenburg, Germany (7.12 x 11.94
x 2.98 m3). The room consists of three concrete walls and a window front with opened curtains. The floor is
covered with linoleum and the ceiling is fully covered with broad-band absorbing plaster board including 5 cm
of mineral wool and approximate 30 cm air space.

Subjects were seated slightly off axis in the center of the room with an ear height of 1.3 m. Three source
positions were used for the audio playback. The first loudspeaker was 4.32 m straight in front of the subject
with a height of 1.6 m. The second loudspeaker was placed 90◦ on the left hand side of the subject with a
distance of 3.6 m. A third loudspeaker was placed slightly behind the subject on the right hand side. For the
last two speakers the acoustic center was placed at 1.3 m, see Figure 1.

2.2 Visual room model
During the whole experiment, subjects saw a visual 3D model of the room under investigation, presented over
a HMD. This 3D model was created by architecture students at Jade Hochschule Oldenburg using 3Ds Max
(Autodesk, Inc., San Rafael, CA, USA). Subsequently, the model was imported to Unreal Engine 4.26 (Digi-
tal Extremes, London (Ontario), Canada and Epic Games, Inc., Raleigh, NC, USA) via the datasmith plugin.
Textures and lighting were fitted within Unreal to get close to the visual impression in the real room. The
Graphical User Interface (GUI) that was used to interact with the subject was presented on a blackboard in the
room, showing the possibilities to answer the question whether the current playback was "A: real" or "B: sim-
ulated". Answers were given with a Valve Index Controller (Valve Corporation, Bellevue, WA, USA).

2.3 Listening setup
To compare the real playback in the room to auralizations based on measured and simulated BRIRs, stimuli
were presented via loudspeakers or headphones. For the presentation in the real room three two-way active
loudspeakers (Genelec 8030b, Genelec Oy, Iisalmi, Finland) were used representing three different source posi-
tions. Auralizations were played back via headphones (AKG K1000, AKG Acoustics GmbH, Vienna, Austria)
"hovering" over the ear. This was achieved by mounting them to the HMD (HTC model VIVE Pro eye, HTC
Corporation, Xindian, New Taipei, Taiwan) using a specifically designed 3D-printed support, see Figure 2. As
a result, there was no haptic cue indicating the presence of headphones.



Figure 1. Left: A commercial head-and-torso-simulator KEMAR sitting in the real room wearing a HMD
including headphones. Right: The visual model used for visualizations via HMD is shown.

Figure 2. A commercial head-and-torso-simulator KEMAR wearing the HMD with AKG K1000 headphones.
Those were mounted with a custom made 3D-printed support.

2.4 BRIR Sets
The auralization was based on five different BRIR sets, of which two were measured and three were simulated.
The first BRIR set, further called "meas:HATS", was measured in the real room using a commercial head-and-
torso-simulator (HATS) (KEMAR type 45BB,GRAS Sound and Vibration A/S, Holte, Denmark). The head-
above-torso orientations of the HATS was varied between -90 to 90◦ in 5◦ steps, resulting in 37 azimuthal
orientations. The elevation angle was fixed at 0◦, the ear height was set to 1.30 m. An anthroprometric ear
plug called PIRATE [14], equipped with MEMS microphones (TDK type ICS-40619, TDK InvenSense, San
Jose, CA, USA) was inserted into the ear canal creating a blocked ear condition comparable to [15]. The
measurement was based on the multiple exponential sweep method [16], including the modification presented in
[17]. The exponential sweep stimulus ranged from 20 Hz to the Nyquist frequency, shifted by 4 s for the usage
of three consecutive loudspeakers. The sampling rate was set to 44.1 kHz. For the measurement procedure an
external audio interface (RME Fireface UC, Audio AG Haimhausen,Germany) and a laptop running Matlab (The
MathWorks, Inc., Natick, MA, USA) and Pure Data scripts [18] were used. As a post processing step, impulse
responses were cut to approximately 410 ms and windowed with a 50 samples half Hann window. The whole
procedure is comparable to [12].

The second BRIR Set, in the following described as "meas:HATSHMD", is comparable to the previously
described meas:HATS. The difference is that the commercial HATS KEMAR wore a head mounted display
including the headphones described in subsection 2.3. This setup is comparable to a situation were the subject
is sitting in the room wearing the HMD and headphones. The BRIR measurement setup was as described above.

The remaining BRIR sets were based on the combination of measured head related impulse responses (HRIRs)
and a simulated room that used the measured HRIRs to create BRIRs. To simulate BRIRs, an improved RAZR
version (0.962b) was used [10, 19]. This version allows to use the directivity of a loudspeaker. Please refer to



[12] for more details with respect to the directivity measurements. RAZR was used with a third order image
source model (ISM) combined with a feedback delay network (FDN) for late reverberation. The loudspeaker
directivity was taken into account for both, ISM and FDN.

RAZR is based on a simplified shoe box shaped room model. Absorption coefficients are uniformly dis-
tributed and can be chosen in octave bands per room wall. For a realistic simulation, absorption coefficients
were manually fitted in a way that the simulated reverberation time T20 was within 5 % of a previously mea-
sured reverberation time of the real room while preserving the characteristic absorption coefficients of each wall.
It should be noted that the absorption adjustment is a global modification affecting all BRIRs.

HRIRs were measured with a custom-made rig, see [9]. This rig is based on an semicircular aluminum arc
with a radius of 1.25 m, equipped with 24 small active loudspeakers (Speedlink type SL-8902-GY Xilu, Jöllen-
beck GmbH, Weertzen, Germany), twelve at each side. The arc was rotated in 5◦ steps between −90◦ to 90◦

around the subject resulting in 37 azimuthal orientations. To represent twelve elevation angles, loudspeakers
were placed ranging between −30◦ to 30◦ in 7.5◦ steps and additional at 45◦, 60◦ and 75◦. As a result, HRIR
sets were measured at 864 directions of incidence. Due to the speaker size, measurements were only valid to a
low frequency limit of approximately 350 Hz. In a post processing step the limitation was overcome by fitting
the magnitude of a spherical head model [20] with a spline interpolation to the magnitude of the measured head
related transfer function (HRTF). To ensure the interaural time differences (ITD) of the subject, the spherical
head model, computed with the open software toolbox AKTools [21], was calculated with respect to the head
diameter.

To calculate BRIRs, a subset of the HRIR set was used. By using the nearest neighbor method, directional
impulse responses computed by the room simulation were convolved with a matching HRIR based on the di-
rection of incidence. BRIRs were obtained for 333 head orientations, nine elevation (−30◦ to 30◦ in 7.5◦)
and 37 azimuth angles (−90◦ to 90◦ in 5◦ steps). HRIRs were measured for a HATS, resulting in a BRIR
set labeled as "sim:HATS", and for individual subjects, further described as "sim:indivHRIRs". In addition, an
anchor BRIR set called "sim:HATSomni" was used where a room simulation with an omnidirectional speaker
directivity was used.

Individually measured headphone transfer functions (HPTFs) were used to equalize the influence of head-
phones and pinna in amplitude and phase. Measurements were performed right after the HRIR measurements
without removing the microphones. For using individual HPTFs a regularized inversion was done compared
to [22]. Since the headphones are permanently installed on the HMD, the test subjects were shown a visual
presentation of the room. The HMD was individually adjusted to ensure the best possible visual presentation.
By marking the lateral fastening as well as the headband, the glasses could be placed in a reproducible manner
before the listening tests.

3 LISTENING TEST - PLAUSIBILITY
To asses the plausibility of the used interactive virtual environment, the following listening test was designed
using the method proposed by [23]. This approach describes a criterion-free method to estimate plausibility by
using a Yes/No task. The analysis of resulting data was based on the signal detection theory (SDT). During the
listening test, subjects had to rate whether the stimulus heard was real or simulated. In the above mentioned
study, d′ values were related to a two alternative forced choice (2AFC) detection rate Pc. The pure guessing
rate (Pc = 0.50) is related to d′ = 0, a deviation of less than 5 % (Pc = 0.55) with d′ = 0.1777. The detection
threshold i.e. the inflection point of the psychometric function is at Pc = 0.75 comparable with a d′ = 0.9539.
Note that a d′ value below indicates that subjects could not reliably distinguish between the real loudspeaker
and the measured or simulated stimulus. Thus, a d′

i value below this value indicates a plausible rendering
method. The d′ value was computed as an individual d′

i as well as an averaged d′
avg. For the estimation

of stable individual SDT parameters at least 100 decisions are necessary [24]. To overcome perfect hit rates,
hit and false alarm rates were corrected by the so called 1/2N rule [25]. As an additional STD parameter
the response bias c was calculated. A neutral bias is given when c = 0 i.e. no response is favored. Positive
values of c can be interpreted as a tendency to answer with "real", negative values indicating a bias towards
"simulated".



3.1 Stimuli
For each BRIR set 100 different guitar as well as male and female speech stimuli taken from the DEGA datasets
for virtual acoustics were used, see [26]. Stimuli were cut into smaller samples (between 3.4 s and 8.1 s long
with a mean of 5.8 s). Cutted stimuli were Hann windowed to overcome cutting artifacts. Guitar samples varied
between slow, melancholic to fast staccato played excerpts [27, 28]. Speech stimuli representing parts of "The
Frog Prince" prerecorded by female and male, professional and layman speakers in German language [29]. To
get a balanced stimulus set, loudness was normalized in accordance with EBU R 128 by the integrated loudness
function taken from the Matlab audio toolbox [30]. Audio playback over headphones was done with a custom
software called VARy which is based on the time variant partitioned convolution algorithm [31]. Binaural
renderings were computed in real-time based on the head tracker data of the HMD. The A-weighted sound
pressure level at the listener position was on average 56 dB when the closest speaker was used as source. The
A-weighted background noise level in the room, depending on outdoor conditions ranged between 20 and 25 dB.

Seven subjects (all male, average age 27.7 years) participated in the study. All of them had experience
in listening tests but were not explicitly tested as expert listeners. The actual playback over loudspeakers or
headphones (real vs. simulated) was drawn randomly for each individual subject.

3.2 Results
For each subject d′

i and ci were calculated, as shown in Figure 3. The majority of values are below d′ = 0.9539
except for the BRIR set "sim:HATSomni". This can also be seen in Table 1. The average d′

avg value of
"sim:HATSomni" is slightly above a rating of one. For auralizations based on "sim:indivHRIRs" and "sim:HATS"
negative d′

i values occur. The average response bias cavg has a slight positive tendency for each BRIR set. Lis-
teners tend to rate stimuli as "real". For auralizations based on "sim:HATSomni" cavg is close to zero i.e. no
bias was present.

Because normality, determined by Kolmogorov-Smirnov test, is not given for every BRIR set, the Fried-
man test was conducted (p = 0.0018). As a post hoc test the non-parametric Wilcoxon signed rank test was
used, testing for statistical significance (p < 0.05). For auralizations based on "sim:HATSomni", d′

i values
were found to be significantly higher than auralizations based on "meas:HATS" (p = .01563) as well as for
"meas:HATSHMD" (p = .04688), "sim:indivHRIRs" (p = .01563) and "sim:HATS" (p = .01563).

Table 1. Values of d′
avg and cavg for each BRIR set

meas:HATS meas:HATSHMD sim:indivHRIRs sim:HATS sim:HATSomni

d′
avg 0.4681 0.5838 0.1993 0.4040 1.1213

cavg 0.4015 0.4094 0.5515 0.5060 0.0961

3.3 Discussion
The results of the listening test showed that a plausible auralization is possible even when the visualization,
presented via HMD, is based on a simulation. Values smaller than d′

avg = 0.9539 were found for both mea-
sured as well as simulated BRIRs. This can be interpreted in a way that subjects were not able to distinguish
between loudspeaker and headphone representation. Note that a d′

avg = 0.9539 corresponds to a 2AFC detection
rate Pc = 0.75 known as the detection threshold. The plausibility of auralizations was found for measured as
well as for simulated BRIRs with the lowest value for sim:indivHRIRs. However no significant difference for
measured vs. simulated and generic vs. individual BRIRs were found.

The proposed value for d′
avg = 0.1777 by [23] comparable to a pure guessing rate in a 2AFC procedure ex-

ceeded by less than 5 % (Pc = 0.55), was not reached by any auralization. In this context it should be noted that
in [23] visual cues were not simulated. In our experiments, some subjects reported slight mismatches between
heard and seen speaker positions. This indicates that subject may no longer have based their judgments on
their internal reference exclusively, which would be in contradiction to the usual definition of plausibility [32].
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Figure 3. Box plots of sensitivity d′
avg and response bias cavg for each BRIR set. Individual values d′

i and ci
are shown as circles. Statistical significant differences p < 0.05 are indicated by horizontal lines in the bottom
part.

Hence, the question is raised how plausibility should be defined and measured in audio-visual iVEs where both
auditory and visual stimuli are simulated. More research is needed to answer the question.

Significant differences (p < 0.05) for d′
avg values were found for the anchor "sim:HATSomni" compared to

"meas:HATS", "meas:HATSHMD", "sim:HATS" and "sim:indivHRIRs". With an average value of d′
avg = 1.12,

subjects were able to distinguish between loudspeaker and headphone presentation for this type of auralization.
It is important to mention that the median d′ value is below 1 as well as four of seven d′

i values. As a
consequence, a plausible auralization with an omnidirectional loudspeaker directivity is possible for some of
the subjects. A plausible anchor results in a difficult listening experiment because every stimulus might sound
plausible. This was also reported by subjects in a short interview after the listing test. Possibly it is better to
use a slightly worse anchor to make it a little easier and less frustrating.

4 CONCLUSION AND OUTLOOK
The present study shows that plausible, close-to-reality binaural auralizations for speech and guitar samples can
be achieved by a combination of a HMD-presented 3D visual simulation and a headphone-presented binaural
auditory simulation, both head-tracked. This is valid for measured BRIRs, as well as BRIRs simulated with
RAZR, for both individual and generic HRIRs. Further work to get an even closer match between loudspeakers
in the visual model and perceived loudspeaker positions in the real room is necessary. Also, existing methods
to define and measure plausibility in iVEs where only the auditory stimuli are simulated need to be adapted to
iVEs where both auditory and visual stimuli are simulated.
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ABSTRACT 

Hearing out a target sound source in the presence of other sources is affected by the sources’ level, spectrum 

at the ears and binaural configuration of interaural coherence and phase. We focus on creating reproducible 

life-like, interactive laboratory test situations of spatial unmasking with moving sound sources and 

reverberation. The real-time Simulated Open Field Environment (rtSOFE) is an open-source software 

package for simulating and auralizing static, moving and interactive sound sources in virtual rooms via 

headphones or via loudspeaker arrays. In order to achieve high simulation update rates, early and late 

reverberation parts are rendered in different rtSOFE instances or taken pre-computed or measured from a file. 

Configuration options and different use cases of rtSOFE are discussed. These include offline room acoustic 

simulation, interactive virtual reality scenarios and auditory modeling in Matlab with on-the-fly computation 

of room impulse responses. New features in the upcoming rtSOFE version 1.2 are presented as well as an 

approach for spatial rendering of scattered energy. It uses spatial channels which are fed with the scattered 

energy and which feed back energy to other spatial channels similar to a feedback-delay network. 

The virtual acoustic scenario is described as a defined acoustic environment in which a particular 

configuration of sources and receivers characterizes an acoustic scene. We present two verified open-source 

scenes for audiological research which take place on the platform of a virtual twin model of an underground 

station in Munich.  

 

Keywords: Auralization, room acoustic modeling, specular reflections, diffuse reverberation 

 

1. INTRODUCTION 

Spatial hearing research increasingly investigates in sophisticated realistic listening conditions 

with the aim to translate research findings from abstracted psychoacoustic conditions with simple tone 

or noise-like stimuli to the real world. Bridging the gap between the laboratory and the real world is 

potentially even more important for audiological research and hearing aid fitting, since the 

reproducibility of patient’s real-world listening problems with past laboratory approaches is limited. 

Virtual acoustics approaches, which simulate the acoustic effects of spatially distributed sound sources 

in rooms and spatially auralize the sources via headphones or loudspeakers, are thus becoming a key 

research tool. Simulation approaches and capabilities differ widely between tools (1) and the 

requirements for physically or at least perceptually adequate spatial rendering are not yet fully clear, 

particularly if computational resources are limited as it is the case with dynamic rendering of moving 

or interactive sources (2). One approach to handle the computational complexity is to simulate early 

and late reflections with different update rates in different threads or distributed across different 

computers, as used in the real-time Simulated Open Field Environment (rtSOFE) software tool. 

Another approach is to use computationally simpler models particularly for late reverberation, as it is 

more stochastic (e.g., Raytracing: (3), FDN: (4)). We will discuss developments which aim to improve 

the physical simulation quality while keeping computational complexity within the requirements for 

real-time simulation.  
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2. The real-time SIMULATED OPEN FIELD ENVIRONMENT (rtSOFE) 

2.1 Overview 

The real-time Simulated Open Field Environment (rtSOFE) is a real-time room acoustics 

simulation and auralization tool developed in C++ and based on a modular, distributed structure. 

rtSOFE is freely available along with documentation and example use cases (5-7). Room acoustic 

simulation entities (‘rtSOFE.exe’) create a spatial room impulse response (RIRs) or a part of a RIR 

which is send to the convolver (‘convolver.exe’), see Figure 1. The convolver creates the sound signal 

for auralization, performs loudspeaker equalization and plays the sound.  

The room acoustic simulation is based on the generalized mirror-image source method for arbitrary 

room geometries (6, 8) and includes multi-threaded, optimized code for image source generation, 

backtracking and validity checking. RIRs can be synthesized for binaural rendering and for multi-

channel loudspeaker setups using nearest-speaker mapping or horizontal Ambisonics.  

The system achieves high update rates (360 Hz is common) by multi-threading and by using single-

instruction, multiple data commands in PC-processors (AVX2 instruction set). Since rtSOFE is used 

to compute images sources to high order (100-200), computation time would nevertheless be too long 

for real-time rendering of moving sources. Hence, only early reflections (e.g. to order 3) are 

recomputed at high update rates, whereas medium and late reverberation (e.g. up to order 100) is 

computed in a second rtSOFE instance (Figure 1). This permits updates of the reverberant tail every 

few hundred milliseconds in interactive situations where the spatial distribution of late reverberation 

can change, e.g. when the receiver comes close to surfaces or openings. The convolver can handle 

variable update rates and will fuse the different RIR parts. An alternate configuration is to use a pre -

computed RIR in cases when the receiver positions are restricted such that little change in the statistics 

of the late reverberation can be expected. Also, measured RIR tails can be used with simulated early 

reflections, permitting the combination of dynamic early specular reflections with highly authentic 

late reverberation (“hybrid rendering”)(9). Current developments to simulate late, diffuse 

reverberation are discussed in section 2.4.  

The convolver can also be used with multiple sound sources. Using network-distributed rtSOFE 

instances will permit the simulation of detailed reflections in real time for each source. This wa s 

demonstrated with six sources, each with source directivity simulation, and live sound input and 

captured in a video2.  

 

 

Figure 1: Common setup of rtSOFE for real-time rendering. Positions and orientations of source and 

receiver are streamed via OSC-messages to rtSOFE instances, which each compute a part of the RIR and 

send it to the convolver. The convolver can use FIR or FFT-blocks of variable length to convolve the sound 

signal with the RIR parts, add them, convolve with loudspeaker equlization filters and play the resulting 

signal. RIR parts can overlap in time. The convolver also handles the fade-over when new RIR parts arrive.  

                                                        
2 See https://www.youtube.com/watch?v=yN7vD1khTOI 

https://www.youtube.com/watch?v=yN7vD1khTOI


 

 

2.2 rtSOFE use cases 

rtSOFE is developed as a research tool for (interactive) hearing research and hence features a wide 

variety of potential uses. rtSOFE is published on zenodo.org (5) and the documentation contains 

example code and tools for Matlab and Python and discusses the following use cases: 

1. Offline rendering: Start of rtSOFE from the command line, single computation from 0th to 

10th order, write RIR to file (rtSOFE in ‘static mode’). 

2. Start of rtSOFE from Matlab, compute image source (IS) structure up to order 3, save IS 

structure and load in MATLAB, e.g. for later manipulation or for rendering (Static mode). 

3. Model-in-the-loop pipeline: Start rtSOFE in Matlab, send positions to rtSOFE, receive RIR in 

Matlab, plot RIR (Interactive mode). 

4. Realtime auralization with early reflections: Start rtSOFE on 1 PC, connect to convolver on 

localhost, use audio from file (.wav) for real-time binaural rendering. Uses source directivity 

transfer functions and head-related impulse responses in SOFA format and computes in 

interactive mode. 

5. Realtime auralization of full RIR with multiple rtSOFE instances: Start two rtSOFEs on 1 PC, 

connect to convolver on localhost, uses audio from file (.wav) for real -time binaural rendering 

(SOFA file) in interactive mode. rtSOFE instance #1 computes early reflections and instance 

#2 the late reflections.  

6. Realtime auralization over loudspeakers: Start rtSOFE instances on 1 PC for early reflections 

(Ambisonics) and late reflections (nearest speaker mapping) rendering, convolver on localhost, 

use audio from file for real-time auralization. 

7. Integration with VR headset with headtracker for real-time auralization over headphones: Start 

rtSOFE instances on 1 PC for early and late reflections, convolver on localhost; use audio from 

file for real-time binaural rendering (SOFA file) and a connection to an HMD to get head 

position and rotation via Python OpenVR library. 

8. This demonstration computes late reverberation by rendering image order 11-100. The 

parameters "source-movement-threshold" and "receiver-movement-threshold" are assigned a 

high value so that computed image sources are reused with position updates only, without 

further validation and visibility checks. Position updates of visible ISs make the RIR rendering 

dynamically position dependent with as little real-time computational cost as possible, as an 

alternative to using a static reverb RIR rendered offline. 

9. Demonstration of binaural rendering of multiple sound sources with the convolver, each 

rendered with a convolution object with different RIRs from different rtsofe.exe processes. A 

static speech source and a noise source rotating around the listener are rendered. The noise 

source is also filtered with source directivity transfer functions from a SOFA file. 

 

Additionally, an extension to the Unreal game engine exist, the “rtSOFE controller”, which sends 

OSC messages from Unreal to start and control rtSOFE instances. The Unreal game engine is used to 

translate the incoming position and orientation data stream from a motion tracker to sources or the 

receiver inside the simulated virtual environment and to send these translated coordinates to rtSOFE 

instances for room acoustic simulation. Unreal also conducts collision checks such that the character 

cannot walk through objects or walls, and it can also start and stop sound sources upon state changes 

in the virtual space.  

 

2.3 New developments for version 1.2 

rtSOFE version 1.1 is publically available on zenodo.org (5). We plan to release version 1.2, which 

is currently being internally tested, in autumn 2022. The new version will feature: 

- source directivity using SOFA-standard transfer functions, 

- a dynamic latency reduction which removes leading zeros in RIRs (e.g. the direct sound or 

first reflection traveling delay) which is useful for live-speech experiments, 

- interactive walls which can be turned on or off dynamically via OSC messages, e.g. to simulate 

open and closed doors, 

- the option to set the seed for the random temporal jitter of image sources. This allows the 

simulation of exactly the same RIR including its random jitter with different source or receiver 

characteristics, i.e. for the front and back microphones in hearing devices, 

- sped up computation by internal changes in rtSOFE.exe to image tree arrangement, visibility 



 

 

tests, update scheduling, and smaller transmitted matrices, 

- updates of convolver.exe to permit multiple sources and to turn them on and off individually.  

A delayed-stop option lets the reverberation ring out when source input stops. Internal 

convolver channels can be dynamically re-initialized for new sound sources and hence be 

reused in interactive settings, 

- FFT-only convolution schemes in convolver.exe to increase efficiency with off-line sources, 

like pre-recorded background sounds, 

- extensively updated documentation. 

 

2.4 Spatial rendering of scattered diffuse energy 

Historically, rtSOFE simulates specular reflections to high orders and renders them spatially with 

a temporal jitter. This ensures that the spectral, spatial and temporal distribution (“reflection clusters”) 

of reflected energy is reproduced across the RIR. The jittering distributes individual reflections in 

time and reduces comb filters from repetitive reflection patters occurring with parallel walls. The high 

number of reflections in higher reflection orders leads to a diffuse field. However, the computational 

load, but more so the lack of scattered energy in an early diffuse field in parallel to specular reflections, 

led us search for additional approaches to simulate the diffuse field.  

We are experimenting with a diffusion approach, which is fed energy through the scattered part 

upon each reflection. We introduce a scattering coefficient which distributes the reflected energy into 

the specularly reflected part and into a diffuse part (10). In reality, scattered energy would reflect into 

all other directions but the specular direction, and it would not immediately reach the receiver but 

bounce off other surfaces first. If we stand near a wall opening or an absorbing surface, the diffuse 

field will be spatially asymmetric, and the simulation should capture this.  

We hence define internal channels for carrying spatial, diffuse reverberation, which can be spatially 

coincident with the loudspeaker directions or a subset of them. To associate absorption with each 

channel (direction), rays are cast outward from the receiver in order to find the intersections with the 

room surfaces. The receiver-surrounding sphere is divided into Voronoi regions associated with each 

spatial channel and the average absorption factor is computed for this spatial area from knowing the 

surfaces intersected by the rays. From each reflection, the scattered energy is cast into several spatial 

channels, where it is delayed and attenuated before being fed back to other spatial channels similar to 

a feedback-delay network. This will diffuse energy across spatial channels and spatial channels with 

more absorption will also feature a higher damping and thus lower level output. Low-pass filtering 

the channel energy-time signals will lead to channel energy envelopes to be applied to noise for non-

isotropic diffuse field rendering (11).  

 

3. AUDIO-VISUAL SCENES FOR HEARING RESEARCH 

3.1 Environment and scene description 

Audio-visual scenes for hearing research are defined as specific combinations of source-receiver 

positions and orientations placed inside a particular audio-visual environment (12). Descriptions of 

environments and scenes are collected in the zenodo.org community audiovisual scenes3. For easy re-

use of the environment in different labs, the description requires a file for the visual representation 

(e.g. in .obj format) and – in lack of universally accepted standards – a text file describing source and 

receiver positions [x,y,z-locations] and orientation vectors in the same frame of reference as the visual 

scene (13).  

We have developed, verified and open-source published two scenes taking place in an underground 

station environment, which we measured and modeled after an underground station near our lab (9, 

14). The lower panel of Figure 2 shows the definition of both scenes: Scene 1 (blue loudspeaker 

symbols) defines equidistant sources around the listener R1, 0° in the front and every 30°. This reflects 

a commonly used setup in audiological research where sources are often placed at 0° and ±60° or ±90° 

or at 180°. Target and interferer sources can be chosen from any of these locations and have similar 

direct-to-reverberant ratios and mostly differ in binaural cues. Additionally, interferers can also be 

placed at positions outside the circle (sources 18-21, green loudspeaker symbols). Scene 2 (sources in 

                                                        
3 https://zenodo.org/communities/audiovisual_scenes  

https://zenodo.org/communities/audiovisual_scenes


 

 

red, #13-17 and source #1) are in front of the listener and change only in radial distance. This mimics 

an approaching speaker and results in changing direct-to-reverberant ratios and direct sound energy. 

Without reverberation, the target would be almost diotic, but the reflection of the notice board in the 

platform center and the late reverberation leads to some decorrelation  of interaural cues.  

 

 

Figure 2: Upper panels: Cross section (top) and floorplan (middle) of the underground station environment. 

Lower panel: View of the platform area with listener position R1 (receivers R2-5 are for room acoustic 

measurements only) and sources (loudspeaker symbols; at 1.6 m height). The blue loudspeakers are part of 

scene 1 and the red loudspeakers of scene 2. Green loudspeakers can be used in both scenes for, e.g., 

interfering sources. (Figure 2 in (12)).  

 

 

3.2 Scene auralization verification 

The auralization of selected scene positions via free-field loudspeakers was verified both 

numerically-acoustically and perceptually (9). The auralization of early reflections with rtSOFE used 

the room-acoustic model of the underground station scene and rendered reflections to the 60 

loudspeakers in the SOFE (6, 7). The later reflections were rendered via the loudspeakers using 

Ambisonics processing of the spatial room impulse responses recorded with a 32-channel microphone 

array (Eigenmike EM32). For details see (9). 

The numerical evaluation included the room acoustical parameters T20, T30, C50, C80 and EDT 
(15), the speech-weighted direct-to-reverberant energy ratio, the interaural time difference, the 

interaural level difference and the interaural coherence in different positions of the modelled and 



 

 

recorded impulse responses. A high correspondence of these parameters for the modelled and the 

recorded baseline impulse responses was obtained (9).  

Moreover, a perceptual evaluation with respect to speech intelligibility was conducted with six 

participants. Speech reception thresholds (SRTs) were measured for modelled room impulse responses 

auralized in the free-field via 60 loudspeakers (“loudspeakers”) as well as for recorded binaural 

impulse responses (“headphones”) as a baseline. The Oldenburg Sentence test was used. The results 

of the speech test in Figure 3 show across different scene positions a high correspondence of speech 

intelligibility in the loudspeaker-reproduced modelled scene to the baseline recorded in the real space. 

 

Figure 3: Speech reception thresholds measured at the different scene positions for the free-field auralized 

modelled spatial room impulse response (“loudspeaker”) and the binaural room impulse responses recorded 

at the scene positions in the real underground station. Figure reproduced from (9). 

 

4. CONCLUSIONS 

This article presents latest developments for simulating and auralizing room reverberation in real 

time with rtSOFE: new features available with version 1.2 for improved dynamic, interactive and 

multi-source rendering are introduced and ideas for rendering scattered energy into a spatially-

dependent diffuse field auralization discussed. Two scenes taking place in a virtual underground 

station are introduced. Their acoustical and psychoacoustical verification demonstrates that the 

auralization with rtSOFE agrees well with the original space.  
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ABSTRACT
Personalised binaural audio requires individual head-related transfer functions (HRTFs). Nowadays, it is feasi-
ble to compute HRTFs numerically from meshes of a listener’s anatomy. These meshes require geometric details
of the pinna which are difficult to capture and often corrupted by noise and outliers. The alignment of a high-
resolution template geometry to the captured listener geometry seems to be a promising approach to deal with
these corruptions. However, such an alignment represents a multi-dimensional optimisation problem. To tackle
this, we describe a parametric pinna model which reduces the representation of a non-pathological human pinna
geometry from a few thousand points in space to 144 parameter dimensions. The model was evaluated in the ge-
ometric and psychoacoustic domains in terms of the Hausdorff distance distribution and simulated localisation
errors, respectively. When aligned with individual ground-truth meshes, the parametric pinna model was able to
represent these meshes with a small geometric error. The predicted sound-localisation performance, using the
aligned meshes as a basis for HRTF calculations, was similar to that of the corresponding listener. These results
indicate that the proposed parametric pinna model represents a versatile tool to create human pinna meshes with
a detailed geometry for the calculation of individual HRTFs.

Keywords: head-related transfer functions, binaural audio, numerical calculation, shape alignment

1 INTRODUCTION
The acquisition of individual head-related transfer functions (HRTFs) for plausible binaural reproduction has
been subject of research for a few decades. Augmented reality and virtual reality (AR/VR) systems evolved
into commercial products, requiring an easy solution for individual HRTF acquisition. Besides the possibility
to obtain individual HRTFs via acoustic measurement systems [1], numerical calculation represents a promising
easy-to-use acquisition method [2, 3].

In order to numerically calculate accurate HRTFs, a three-dimensional (3D) representation of a listener’s
geometry, i.e., a mesh, is essential. While the head, neck, and torso can be modelled by simpler geometric
shapes, such as spheres and trapezoids [4, 2], the sampling of the pinna geometry must be accurate with an
average edge length of 1 mm of the triangular elements, resulting in meshes consisting of thousands of vertices.
Because of this high dimensionality, a substantial reduction of the number of dimensions in the parameteric
representation of the pinna geometry is required [5, 6, 7].

Non-individual HRTFs can be personalised by spectrally warping them using the pinna height, which is
an easily measurable parameter [8]. Altough this method improves the degree of personalisation, it does not
fully achieve it, which motivates a refined parametric description. The pinna geometry has been parameterised
by means of additional anthropometric features, such as pinna height and width, cavum conchae depth, and
others [7, 9]. One problem with these parameterisations is that they do not facilitate an unambiguous synthesis
of a complete 3D pinna. Because of the fast development of computer graphics and augmented reality systems
in recent years, there have been advances towards a more complicated parametric description of a pinna, one of
which is revised in this study.

ABS-0907



Figure 1. A human pinna including technical terms of various regions. The convex cavities, i.e., cymba and
cavum conchae, fossa triangularis and scapha, are important for the first peaks and notches according to [10].

Figure 1 shows distinguished pinna regions, emphasizing that the pinna is a complex biological structure
whose parametric description is not trivial. Based on this representation, one could use, e.g., these regions’
prominences, i.e., depths, as parameters. In that case, the problem would be that these parameters are not easy
to define for concave and convex areas uniformly and that they do not control the curvature of the corresponding
or adjacent regions. Another approach would be to use a few carefully selected landmarks on the pinna surface
that can be moved, with adjacent vertices of the mesh moving according to a proximity-based weighting. The
problem with such an approach is that the pinna cavities cannot be deformed dramatically, as they do for human
subjects (for example, the cavum conchae depth varies up to 30 % for inviduals [9]), and that the proximity
cannot be defined as a sphere because of the small distance between structures. These approaches and their
disadvantages demand a parametric representation that accounts for curvature and depth of the pinna geometry.

In this article, we describe a biologically motivated model of a pinna aiming at bridging the gap between a
low-dimensional representation of a pinna geometry and an accurate pinna mesh for the calculation of individual
HRTFs. We show that our model is capable of deforming a pinna mesh such that it approximates the pinnae
of human subjects with a small geometric error, resulting in numerically calculated HRTFs showing similar
sound-localisation errors as for highly accurate scans.

2 MODEL STRUCTURE
The concept of the described parametric pinna model (PPM) roots in skeletal animation and morph target an-
imation, both concepts being usually applied in the area of animating digital characters, where the skeleton
controlling the mesh is called "armature". Once the armature is constructed, it is attached to a template mesh
such that changes in the armature deform the mesh globally and local regions of it. The armature consists
of two elements: "bendy bones" and "control bones". Further, the PPM includes "shape keys" to fine-tune
the geometry of the template mesh. Because the PPM is implemented in the graphics suite Blender (version
3.1.2)1 [11], we use the software-specific terms.

2.1 Template mesh
The model’s underlying pinna mesh is the average mesh of the WiDESPREaD database [12], which was derived
from a geometric principal component analysis (PCA) performed on the left pinnae of 119 subjects. The subject
meshes were acquired using a commercial structured-light-based scanner. This average pinna mesh will be
denoted as X0 throughout the rest of this manuscript.

1http://www.blender.org

http://www.blender.org


Figure 2. Example of one Bézier curve in the armature: bendy bone with two control bones (shown as spheres
at the start and end of the bendy bone) following the curvature of the lower part of the helix. The displayed
pinna mesh represents the template mesh X0.

2.2 Armature elements: Bézier curves
The armature is defined by cubic Bézier curves [13] c(l) along the surface of the pinna:

c(l) = (1− l)3p0 +3(1− l)2lp1 +3(1− l)l2p2 + l3p3, (1)

with 0 ≤ l ≤ 1, l ∈ R, and pq, q = {0,1,2,3}, representing the curve’s control points in 3D space. Points p0
and p3 correspond to the control points at the start and end of a Bézier curve, respectively. The rotation of the
line between control points p0 and p1, and between control points p2 and p3 determines the amount of curve
flexion. In the software interface, these relationships between the control points is simplified at the start and
end of a Bézier curve with so-called "control bones" that are conveniently named "start" and "end", and the
curve connecting the control bones is called "bendy bone". In our PPM, control bones can be translated and
rotated, whereas bendy bones can be scaled in an isotropic way only. Figure 2 shows an example of such a
bendy bone and its associated control bones.

The armature consists of nine Bézier curves, each with a bendy bone, and a start and end control bone. The
armature additionally includes a special Bézier curve whose control points lie in line and whose control bones
are not exposed in the model. This particular curve controls all bendy bones, allowing to globally translate,
rotate, and scale the pinna mesh. In the PPM, we call this Bézier curve "parent bone", because it’s a parent
object in the software. The parent bone is the only one that may be scaled in an anisotropic way, while
anisotropic scaling of bendy bones is not necessary to accurately describe a pinna mesh. In fact, because
we do not need all degrees of freedom the software offers, not all parameter dimensions are exposed. The
exposed parameters are rotation and translation of control bones, isotropic scaling of bendy bones, and rotation,
translation and anistropic scaling of the parent bone. Table 1 gives an overview of the armature.

In order to fully control the pinna geometry, the armature is attached to the mesh by means of automated
weighting. Automated weighting is implemented as a distance-based mapping of the amount of the rigid trans-
formation of the armature, deforming the vertices in proximity of the corresponding bone. Slight changes to the
weighting function were made manually to avoid overlap of adjacent regions of the complex geometry. Figure 3
shows the uniform weighting of the parent bone, and two examples of the mesh weighting for selected bendy
bones.

The pinna mesh deformation ∆Xb as per armature modifications is described by

∆Xb =
M

∑
i=1

Ai
(
X0,pq

)
, (2)

where M = 10 is the number of all Bézier curves (consisting of bendy and control bones), and Ai is a surjective
function f : R3 7→ R3 that maps the parameter space to the mesh space. The function depends on X0, i.e., the



Table 1. List of the Bézier curves in our parametric pinna model. The first nine entries consist of the exposed
parameters of a Bézier curve described by two control bones and a bendy bone, controlled by 13 parameters
each. The tenth entry is the parent bone, controlled by 9 parameters.

Index Name

1 Lobulus

2 Helix low

3 Helix middle

4 Helix up

5 Tragus

6 Antitragus

7 Antithelix

8 Crus inferius anthelicis

9 Crus superius anthelicis

10 Parent bone

(a) (b) (c)

Figure 3. (a) Uniform weighting of the parent bone. (b, c) two bendy bones, ranging from none (blue) to
maximum deformation (red). Note the overlap between the two weighting functions at the top of the helix.



(a) (b) (c)

Figure 4. (a) The armature of the PPM (green) attached to the template mesh. (b) Example translating and
rotating the lower-helix control bones, and scaling of the corresponding bendy bone. (c) Resulting deformed
template pinna, with hidden armature.

template mesh, and the parameter settings pq for the i-th Bézier curve. These parameters, i.e., the position of the
control points of the Bézier curve in 3D space, are controlled in the model by rotating and translating control
bones, isotropically scaling bendy bones, and rotating, translating and anisotropically scaling the parent bone.

Figure 4 displays the complete armature of the model and demonstrates a deformation of the helix as an
example. Note that there are no points of discontinuity, and that the mesh is deformed in a smooth way.

2.3 Shape keys
Spatially less extensive changes of pinna areas are controlled via shape keys. Shape keys are described as a
weighted deformation of the mesh:

∆Xs =
N

∑
j=1

wjBj, (3)

where ∆Xs is the resulting mesh deformation, N describes the number of shape keys, Bj describes the mesh
deformation by the j-th shape key, and wj the weights controlling the prominence of the corresponding shape-
key deformation. Table 2 presents the weight ranges for each of the shape keys within our PPM.

2.4 Full model
The superposition of Eq. (2) and (3) yields the complete equation describing the deformed mesh controlled by
the parameters of the PPM:

XPPM = X0︸︷︷︸
template

+∆Xb︸︷︷︸
bones

+ ∆Xs︸︷︷︸
shape keys

= X0 +
M

∑
i=1

Ai
(
X0,pq

)
+

N

∑
j=1

wjBj, (4)

with M = 10 Bézier curves and N = 18 shape keys. As for the total number of dimensions, we have nine
degrees of freedom (DOFs) for the parent bone (translation, rotation, anistropic scaling), six DOFs for each
control bone (translation and rotation), one DOF for each bendy bone (isotropic scaling), and one DOF for
each shape key (weights wj), resulting in a total of 144 dimensions:

dim{XPPM}= 6+3︸︷︷︸
parent bone

+(M−1) ·1︸ ︷︷ ︸
bendy bones

+2 · (M−1) ·6︸ ︷︷ ︸
control bones

+ N︸︷︷︸
shape keys

= 144. (5)



Table 2. Shape keys and corresponding weight ranges available in our parametric pinna model.

Index Shape-key name Weight ranges

1 Antitragus-Crease −1 ≤ w1 ≤ 1

2 Cavum_conchae-Depth −1 ≤ w2 ≤ 1

3 Cymba_conchae-Depth 0 ≤ w3 ≤ 1

4 Crus_helicis-Prominence −1 ≤ w4 ≤ 1

5 Upper_helix-Depth 0 ≤ w5 ≤ 1

6 Middle_helix-Depth 0 ≤ w6 ≤ 1

7 Lower_helix-Depth 0 ≤ w7 ≤ 1

8 Lobulus-Form 0 ≤ w8 ≤ 1

9 Scapha-Depth 0 ≤ w9 ≤ 1

10 Fossa_triangularis-Depth −1 ≤ w10 ≤ 1

11 Crus_inferius_anthelicis-Lower_crease 0 ≤ w11 ≤ 1

12 Crus_inferius_anthelicis-Upper_crease 0 ≤ w12 ≤ 1

13 Crus_superius_anthelicis-Lower_crease 0 ≤ w13 ≤ 1

14 Crus_superius_anthelicis-Upper_crease 0 ≤ w14 ≤ 1

15 Tragus-Upper_dent −1 ≤ w15 ≤ 1

16 Crus_helicis-Upper_dent 0 ≤ w16 ≤ 1

17 Crus_helicis-Lower_dent 0 ≤ w17 ≤ 1

18 Ear_canal-Diameter −1 ≤ w18 ≤ 1

3 EVALUATION
We evaluated the model by aligning the template pinna to six target pinnae by manually deforming the described
parametric pinna model. The target meshes were obtained from subjects of the databases maintained by the
Acoustics Research Institute (ARI), Austria, and the Sorbonne University (SOU), France. To adequately sample
the geometric space spanning possible non-pathological human pinnae, we chose six pinnae that have distinctive
features. For example, NH1060 shows a wide scapha and a small lobulus, NH130 shows opposed values for
these parameters. In order to explore the pinna dimensions and further develop the PPM, we exported the
deviations from the default parameter values.

The alignment process was as follows: A target mesh of another pinna was loaded into the Blender workspace.
First, the parent bone was used for globally setting the location, orientation and size of the PPM such that the
template pinna roughly aligns with the target mesh. After that, the control bones and bendy bones were sequen-
tially translated, rotated and scaled respectively until the deformed template pinna was aligned with the target
pinna. In this step, we focused on high alignment accuracy in convex regions.

For further refinement of the alignment, the weights of the shape keys were adjusted to synthesize the
concave target-pinna structures. Due to the overlapping weighting of the bendy bones and the manual definition
of the shape keys, changing one parameter manipulates a region another, possibly multiple parameters influence
as well. Thus, transforming the armature and adjusting shape key weights was done in an alternating fashion,
representing an iterative process.



The alignment was completed once the mean geometric error between the deformed template pinna and
the target mesh was below an a-priori defined error margin of 1 mm. Note that certain pinna regions needed
to be aligned with particular care since larger errors may lead to perceivable effects when listening via the
numerically calculated HRTF [7].

For all six subjects, ground truth meshes (coming from a computed tomography scan of a head cast [14])
were provided. These serve the evaluation for both the geometric and the psychoacoustic domain. It has been
shown that these meshes provide the geometric accuracy necessary for the calculated HRTFs to yield similar
sound-localisation errors as HRTFs from a measurement of the corresponding listener [14, 15]. In this evalua-
tion, we thus only consider results from numerically calculated HRTFs.

In the geometric domain, the alignment process was evaluated using the distance between two point sets,
i.e., the deformed template mesh and the target mesh. A metric commonly used in medical image processing is
the Hausdorff distance [16], describing the largest smallest Euclidean distance between two meshes. However,
this single-value metric does not sufficiently describe whether an alignment was successful or not. Thus, we
used a point-wise single-sided Hausdorff distance, i.e., taking the smallest Euclidean distance for every point of
the target pinna to the deformed template pinna, and inspect its distribution.

In the psychoacoustic domain, the alignment process was evaluated by means of sound-localisation errors,
specifically quadrant error and polar error. We numerically calculated HRTFs from the ground-truth meshes,
which were used as reference HRTFs for the evaluation in the psychoacoustic domain. After the alignment
using our model, the left pinna was stitched back to the ground truth mesh and we calculated the HRTFs again.
This way, we could ensure the only change between the HRTFs is the influence of the left pinna. The HRTFs
were calculated using the the open-source software Mesh2HRTF v1.02. Since the pinna is mostly responsible for
elevation perception [17], we used the model predicting sound-localisation performance in sagittal planes [18],
implemented as the function baumgartner2014 from the Auditory Modeling Toolbox (AMT) v1.23[19]. This
model simulates how a subject would perform in a localisation experiments given the ground-truth HRTFs as a
reference versus the calculated HRTFs from the PPM-aligned mesh stitched to the ground-truth head mesh.

4 RESULTS
Figure 5 shows the range distribution of all PPM parameters for the six alignments as a function of deviation
from the default state. Figure 6 shows the Euclidean distance distribution of the PPM-aligned mesh versus
the target mesh, i.e., the ground truth, calculated and visualised with Meshlab [20]4. All alignments resulted
in geometric distance values largely below the one-millimeter threshold. It has been shown that an accuracy
of distance values at approximately 1 mm lead to perceptually valid HRTFs by means of sound-localisation
errors [14, 21].

Figure 7 shows the results of the sound-localisation model predictions, i.e., computed quadrant error rates
and polar errors for the HRTFs resulting from five of the alignments. The sensitivities have been adapted such
that the quadrant error of the reference is at approximately 8 % for each subject, according to [22]. In the
psychoacoustic domain, we showed that the HRTFs from PPM-aligned meshes yield similar sound-localisation
errors as HRTFs calculated from the the ground-truth meshes. The differences in the quadrant error for subjects
NH1059, NH1060, and NH1061 can be explained by the geometric error in the fossa triangularis and cymba
conchae for the bottom row in Fig. 6.

5 CONCLUSION
We revisited a recently proposed PPM and described its structure and key components in detail, focusing on
the mathematical description connecting to the software-dependent terminology. In order to investigate model
applicability for individualisation of HRTFs, the PPM was manually controlled to align the average mesh to six
human target pinnae, and the deformed meshes were evaluated in the geometric and psychoacoustic domains.
We showed that the PPM was able to approximate the target meshes with a geometric error largely below

2https://github.com/Any2HRTF/Mesh2HRTF
3https://amtoolbox.org/
4https://www.meshlab.net/

https://github.com/Any2HRTF/Mesh2HRTF
https://amtoolbox.org/
https://www.meshlab.net/
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Figure 5. Parameter ranges of (a) the parent bone, bendy bones and control bones, and (b) the shape keys.
Location and rotation are provided in mm and deg, respectively. Rotations are represented by Euler angles with
axis-rotation order ZYX.



(a) NH5, 0.81 mm median distance (b) NH130, 0.72 mm median distance (c) NH131, 0.83 mm median distance

(d) NH1059, 1.04 mm median distance (e) NH1060, 0.72 mm median distance (f) NH1061, 0.59 mm median distance

Figure 6. Geometric error distribution between the PPM-aligned meshes and the corresponding ground truth
mesh, for six different subjects. Left of the coloured pinnae are the individual distance distributions in mm,
ranging from red (error at 1 mm or below) over green (error at approx. 3.5 mm) to blue (error over approx.
5 mm). Subcaptions indicate the median value of the corresponding distance distribution.

(a) (b)

Figure 7. (a) Quadrant-error rate in % and (b) polar error in deg.



1 mm. In the psychoacoustic domain, predictions of the saggital-plane sound-localisation performance were ob-
tained based on the individual HRTFs, which were numerically calculated from the ground-truth meshes and
PPM-aligned meshes. Compared to the results from the corresponding ground-truth HRTFs, both the geometric
error and the predictions of the auditory model indicate that the PPM was able to accurately synthesize the con-
sidered human pinnae. With this geometric and psychoacoustic accuracy, it is likely that the HRTFs calculated
from PPM-aligned meshes yield similar localisation errors as measured HRTFs in a physical sound-localisation
experiment.

The pinna is a highly complex biological structure, and especially the cavities which geometric dimensions
are difficult to describe are the important regions of the pinna responsible for peaks and notches in HRTFs.
The problem of describing this structure is a multidimensional one, and it is not easy to solve. The proposed
PPM serves as a bridge for the gap between a low-dimensional parametric pinna geometry description and
high-accurate mesh synthesis.

For future applications, the model control will be improved to enable an automated alignment process, for
which the exploration of the possible parameter ranges will help. But already in its current state, the model
represents a versatile tool to achieve a parameteric description of the pinna geometry, facilitating access to
individual HRTFs for a wide audience.
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ABSTRACT
When auralizing scenarios in the context of environmental noise, the simulation of sound propagation is an
important aspect. Typically, the respective simulation models base on the concept of geometrical acoustics
which enables processing a huge number of simulations even for complex scenes and higher frequencies in a
reasonable time. However, the respective underlying assumptions limit the scenarios to which those models
can be applied to. An example for challenging scenarios, are aircraft flyovers close to residential areas. While
there are models for urban sound propagation considering reflection and diffraction at buildings, those typically
neglect the inhomogeneity of the atmosphere which leads to curved propagation paths. On the other hand, there
are models for aircraft scenarios considering those atmospheric effects but only consider a direct sound and a
ground reflection. In this contribution, we briefly present an approach which links the two propagation models.
Applications and limitations are discussed in terms of computation times and auralization quality.

Keywords: Auralization, Outdoor sound propagation, Inhomogeneous medium, Urban environment

1 INTERFACE BETWEEN ATMOSPHERIC AND URBAN MODEL
In a recent open-access publication [1], we introduced the so-called virtual source method (VSM). This approach
allows to link between atmospheric and urban sound propagation models used in the context of aircraft noise
auralization. The general idea is to apply the properties of a curved free-field path calculated with the atmo-
spheric model to sound paths of the urban model. For this purpose, a virtual source position is derived from the
atmospheric path which is then used for the urban simulation as shown in Figure 1. This position is chosen, so
that the incident direction at the receiver as well as the atmospheric propagation delay τatmos are maintained for
the direct urban sound path. Thus, the distance between virtual source and receiver datmos is determined using
speed of sound of the urban domain curban:

datmos = curban · τatmos (1)

(a) Deriving the virtual source position from the atmospheric
free-field path

(b) Urban sound paths between virtual source and receiver

Figure 1. Procedure of the virtual source method [1]
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The presented method is based on the following assumptions: Sound mainly propagates through the atmo-
sphere outside the urban domain, i.e. the residual path length in the urban environment are significantly shorter.
Thus, atmospheric propagation effects caused by the inhomogeneity of the medium do not change significantly
between the different urban sound propagation paths. However, considering the scenario of an aircraft flyover,
those assumptions are very reasonable as the distance between aircraft and urban environment is much larger
then the respective dimensions of the buildings.

2 AURALIZATION PARAMETERS
After carrying out the urban simulation, a set of geometric sound paths is available. However, for the auraliza-
tion, we are interested in the respective acoustic properties. Thus, so-called auralization parameters are derived
from those paths, including:

• Propagation delay

• Geometric spreading

• Air attenuation

• Launch direction at source

• Incident direction at receiver

Those parameters are used to adjust the digital signal processing (DSP) elements during the auralization process.
To consider the properties of the atmospheric path, some parameters are calculated using specialized formulas.
For details, it is referred to the original paper [1].

3 PERFORMANCE
The method is tested using a simple flyover scenario with a receiver residing in the center of a street canyon
consisting of two box-shaped buildings as shown in Figure 2. For the atmospheric and urban simulations, the

-2000 0 2000 4000 6000
0

1000

2000 Flyover trajectory

Receiver position

(a) Aircraft take-off trajectory (b) Urban model

Figure 2. Aircraft flyover scenario [1]

Atmospheric Ray Tracing (ART) [2] framework and the image edge model (IEM) [3] are utilized, respectively.
The aim is to verify the main assumptions behind the VSM. Additionally, the computational speed of a com-
bined simulation is measured. Finally, the scenario is auralized using the Virtual Acoustics (VA) [4] software.



3.1 Testing the main assumptions
The position of the virtual source based on a single atmospheric sound path and is chosen so that the acoustic
properties of the atmospheric and urban direct path match. The main assumption was that the auralization
parameters do not change significantly for the other urban sound paths. However, this might not be the case, if
the first point of interaction is far from the receiver as shown in Figure 3. To verify this assumption, additional

Figure 3. Using the virtual source for sound paths interacting with buildings might lead to a mismatch of the
atmospheric properties, e.g. incident direction [1]

atmospheric free-field simulations are carried out for each urban sound path using the first point of interaction
as receiver. Then, the auralization parameters are compared. The results for the incident elevation and the
spreading loss are shown in Figure 4.
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(a) Elevation angle at the first interaction points

-2000 0 2000 4000 6000

0   

1000

2000

Location of city

Source position

-2000 0 2000 4000 6000
-2

-1

0

1

2

Min / max

Quantiles

Median

-2000 0 2000 4000 6000
-2

-1

0

1

2

(b) Spreading loss

Figure 4. Difference in auralization parameters between the atmospheric and urban paths to the first interaction
points for different aircraft positions along the trajectory [1]

Generally, the parameters have the highest deviation at the beginning of the aircraft trajectory. At this
position, the aircraft is at a low altitude, far away from the city leading to a strong curvature of the sound
paths caused by refraction. The incident elevation shows a maximum deviation of 2.5◦. It is relevant for the
3D sound reproduction at the receiver, e.g. using HRTFs. As the localization blur is at least 9◦ [5], this does



not affect the localization. Also knowing that typical HRTF resolution for auralization are below 3◦× 3◦, this
deviation seems to be insignificant especially considering that the overall result is composed by approx. 100
sound paths. Similar results can be seen for the spreading loss. Here, the deviation only comes close to the
just noticable difference (JND) of 1dB [6] for a few aircraft positions and is otherwise close to zero.

The results of the other parameters are discussed in the original paper [1] including an additional psychoa-
coustic analysis. Summarizing, the uncertainties caused by the virtual source method (VSM) alone are negligible
compared to uncertainties of input parameters - like weather profiles - and the influence of time-variant changes
caused by turbulence. Thus, it is reasonable that the VSM does not affect the plausibility of the final auraliza-
tion result.

3.2 Computational effort
Additionally, the computation time for the combined sound path simulation (ART + VSM + IEM) is measured.
As shown in Figure 5, the run-time is approx. 1s for each aircraft position. The simulation of the overall
trajectory (83s flight time, 3900 positions each referring to one audio block) takes roughly one hour. This
is not real-time capable but a reasonably fast considering the complexity of the simulation. Also, it should
be noted that while the individual simulation tools are implemented in C++, the VSM is currently a Matlab
implementation. Thus, a major portion of the computation time is spend on transferring data between those
domains. A pure C++ implementation would be significantly faster.
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Figure 5. Computation time of combined sound path simulation for aircraft positions along trajectory [1]

3.3 Auralization example
Finally, the discussed scenario is auralized using the Virtual Acoustics (VA) [4] framework. The result is pre-
sented in a video [7] that shows the aircraft, the virtual source position, as well as the urban sound paths. The
audio underlines the importance of considering urban structures for sound propagation in such scenarios. This
is particularly relevant when the direct sound is occluded. For example, at approx. 25s, the aircraft resides left
from the receiver but is perceived from the right as the major contributing sound path is the reflection on the
right wall. Additionally, the huge distance between actual and virtual source position, which is up to 460m,
shows the relevance of considering the inhomogeneity of the atmosphere. Regarding the auralization quality,
there are currently some minor artifacts caused by the processing of diffracted sound paths which we like to
remove in the future.

https://youtu.be/jNWJOKI9sTc


4 CONCLUSIONS
The presented virtual source method allows to auralize aircraft noise in complex environments such as urban
areas while considering the inhomogeneity of the atmosphere as well as reflection and diffraction at buildings.
This is done by linking between atmospheric and urban sound propagation model. The method was validated in
a proof of concept showing that it is expected to produce plausible results. This is underlined by the provided
auralization example.

In future work, we would like to improve the auralization quality and reduce the discussed artifacts. Finally,
it is desired to apply this method to generate complex urban scenes with multiple sound sources, e.g. to be
used in listening experiments.
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ABSTRACT
Urbanization with continuously increasing population and mobility results in increasing noise pollution and a
decline of green spaces, although the latter are important for restoration from stress. The Swiss research project
RESTORE (Restorative potential of green spaces in noise-polluted environments) aims to assess the effects of
green spaces as facilitators and noise as impediment to recover from stress. Besides field surveys and experi-
ments, highly controlled laboratory VR experiments are to be conducted. This paper presents a framework for
the design of a perceptual VR experiment inside a laboratory environment, to be used for evaluating the effects
of: 1) noise on stress buildup and 2) green spaces on reducing noise annoyance and promote stress recovery.
The framework is split into four parts: 1) 360° video and higher order ambisonic (HOA) field recordings; 2)
Calibrated spatial sound reproduction with a spherical loudspeaker array; 3) Coupling of HOA audio and video,
which will be played back via head mounded display inside a game engine and the design of a graphical user in-
terface for a perceptual experimental questionnaire; 4) Measurement of physiological stress using saliva cortisol
and skin conductance. For the latter, an outlook is given on the design of the planned experiments.

Keywords: Virtual reality, Ambisonics, Soundscapes

1 INTRODUCTION
The interdisciplinary Swiss research project RESTORE (Restorative potential of green spaces in noise-polluted
environments; www.restore-project.ch) aims at investigating the build-up of noise-related stress in com-
bination with the restorative effects of green spaces and urban environments. The present work is part of
RESTORE. It uses a controlled VR environment to systematically investigate the build-up of and the restoration
from short-term stress via skin conductance and salivary cortisol measurements.

The great advantage of using VR to investigate the effect of different environments on different physiological
parameters is that all the measurements/experiments can be done under control laboratory conditions i.e. one
can control the sound levels, the visual information and systematically change them to investigate their effects
on stress. The challenge is to reproduce all the audiovisual information as accurate as possible in order to
achieve a fully immersive experience.

The main focus of this paper is to present the methodology used to record the audiovisual information on
different urban environments and reproduce them inside the lab. Special attention is given on the spatial audio
reproduction, which was realised using ambisonics, and tested in a validation listening experiment to evaluate
different ambisonic decoders.

The paper is organised as follows. Section 2 outlines the theory for the audiovisual reproduction of urban
environment using ambisonics loudspeaker reproduction for the audio and 360 video for the visuals. Section 3
presents the evaluation of 4 different ambisonic decoders for urban soundscape reproduction. Section 4 presents
the methodology followed for the audiovisual recordings and the experimental setup for the future stress/restora-
tion experiments including a short description of these experiments.

ABS-0300
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2 THEORY
2.1 Loudspeaker vs headphone reproduction of soundscapes
In this research it was decided to use loudspeaker reproduction. Recent work from Hong et al. (1) on the
quality assessment of acoustic environment reproduction methods for VR in soundscape applications showed that
first order ambisonics (FOA) reproduction via 2D loudspeaker array was rated overall as a better reproduction
method compared to the FOA via headphones.

2.2 Introduction to ambisonics
Ambisonics has some properties which make it more attractive compared to other loudspeaker reproduction
techniques such as Wave Field Synthesis (2–4). These are the following: 1) There is an associated recording
technology, which is not the case with Wave Field Synthesis; 2) Encoding is independent of decoding meaning
that you can encode 3rd order ambisonics but if the speaker layout cannot support it you can decode it to a
lower order; 3) It can provide a smooth listening experience from all directions; 4) The number of required
speakers for the playback is only dependent on the maximum ambisonic order and not on the number of sound
sources which are present on the soundfield; 5) Since both recording and reproduction are defined on a sphere
the soundfield can be rotated. However, it has also some disadvantages, which have pushed back ambisonics
from becoming a more commonly used spatial audio method (4, 5). Firstly, the sweet spot is small. Secondly,
perceptual artifacts such as coloration can occur due to the fact that the reproduction is implemented by coherent
loudspeaker signals. A good overview of the ambisonics can be found in (6).

Ambisonics recordings are taken using spherical microphone arrays. There are various first order spherical
microphone arrays available in the market such as the SoundField SPS200 microphone and the RØDE NT-SF1
but only few higher order ones such as the Zylia ZM-1 (3rd order) and the mhacoustics Eigenmike EM32 (4th

order). The signals captured via these microphone arrays cannot be used directly for playback. They must
be first processed in the spherical harmonics domain (encoding) to produce the B-Format signals. The main
challenges at this stage is the design of the radial filters to compensate for the radial structure of the sound field
captured with the microphone, which basically scale the amplification gain of the spherical harmonics modes.
The challenge of these radial filters is to achieve a balance between the recovery of the sound field coefficients
while maintaining the noise amplification of the encoded signals at acceptable levels (7, 8). Companies such
as SoundField, Zylia and mhacoustics provide their own software for encoding the signals captured from their
microphones. There are however, available toolboxes and plug-ins such as the SPARTA suite developed by
Aalto University (9) that allows the users to experiment with different encoding methods and decide which one
suits their needs the best.

Decoding of the ambisonic signals a into loudspeaker feeds s is implemented using the decoding matrix D
as follows:

s=Da (1)

where s = [s1,s2. . . sL]
T, D is an L× (N+1)2 matrix and a = [a1,a2, . . .a(N+1)2 ]T. The goal the decoder is to

achieve the best possible reproduction for the specified loudspeaker layout (4). Various decoding techniques
have been developed. Two traditional decoding methods are the sampling decoding and the mode matching
decoding. These methods are straightforward to implement but are not robust when the speaker setup is irreg-
ular or incomplete, which is the case in most real speaker layouts. Recent decoding methods are the All-round
ambisonic decoding (ALLRAD) and the Energy-preserving decoding (EPAD) (3,10). ALLRAD uses a combina-
tion of ambisonic decoding and vector based amplitude panning (VBAP (11)). Firstly, it decodes the ambisonics
signals to an optimal virtual loudspeaker layout (spherical t-designs (3)) and then uses VBAP to map the vir-
tual loudspeaker signals to the real speakers. That property of ALLRAD gives this method a lot of flexibility.
EPAD’s main goal is to achieve constant energy across all directions. For incomplete spherical loudspeaker
layouts EPAD is based on the design of a new set of modified spherical harmonics, which are orthogonal on
incomplete spheres. These new basis functions need to be used in both the encoding and the decoding stage,
which adds to this method some complexity compared to ALLRAD. Results presented from Zotter et al. (6)
show that for hemispherical or incomplete spherical loudspeaker arrays ALLRAD is the preferred method be-



cause it provides lower directional error, greater flexibility and it is simpler to implement compared to EPAD.
The drawback is that ALLRAD can produce a loudness increase in the front and back direction.

The design of the decoders can be either frequency dependent or frequency independent. Some earlier first
order decoding methods can incorporate frequency dependency by using self-filters or by using dual-band de-
coding matrices (one for the low and one for the high frequencies) together with phase-matched band-splitting
filters (12). The goals of such decoders are to achieve the following: 1) Constant amplitude gain (important for
low frequencies) and energy gain (important for high frequencies) across all angles; 2) Optimizing the velocity
localization vector rV , which is related to low frequency localization, and the energy localization vector rE,
which is related to high frequency localization (rV and rE have been defined by Gerzon (13)). HOA methods
such as EPAD and ALLRAD are not frequency dependent and their main focus is the optimization of the rE .
The performance of the decoders can be also improved with the use of the max-rE weights, which have been
introduced by Daniel (14). These are a set of weights that optimize the energy concentration in the expected
direction by weighting each spherical harmonic component by an order depended gain, which helps in preserv-
ing the total energy in the sweet spot (2). It is also suggested in literature to create multi-band HOA decoders.
For example one can use at low frequencies a non-weighted decoder that focuses on amplitude preservation and
at high frequencies a decoder with max-rE weights. A method to estimate the cross-over frequency between
the decoders is suggested in (2). In cases when the objective is to decode ambisonics recordings one can use a
separate decoder for each of the frequency ranges of the specific ambisonics microphone. According to (15) the
Zylia mic delivers 2nd order signals above 250 Hz and 3rd order above 900 Hz. Based on these considerations,
an ideal frequency dependent HOA decoder may consists of a 1st order non-weighted decoder for frequencies
up to 250 Hz, a 2nd order decoder with max-rE weights for frequencies between 250 Hz and 900 Hz and
a 3rd order with max-rE weights above 900 Hz. These frequency limits are not exact since apart from the
characteristic of the microphone array they also depend on the choice on the encoding filters.

2.3 Monoscopic vs stereoscopic 360 video of urban environments
Monoscopic video means that during playback via the HMD the same image is directed to both eyes by pro-
jecting a flat image to a sphere. As a result the depth perception is lost. Nowadays, there are cameras available
in the market (at much higher price) that offer stereoscopic video, which resembles how humans see. Although
the stereoscopic video can provide a more immersive experience, it is more challenging to capture and edit
(stitching etc) especially in dynamic scenes (16). Badly produced 360 video can cause big discomfort to the
viewer such as nausea and headaches. For video reproduction of urban environments, where objects such as
vehicles and humans move at different distances and speeds, using a monoscopic camera is the safer choice.

3 AMBISONIC DECODERS EVALUATION
3.1 The reproduction room
At the Acoustics/Noise Control Lab at Empa we operate the listening test facility AuraLab (Figure 1) where
often psychoacoustic experiments are conducted. It is an acoustically-treated room with 20 satellite loudspeak-
ers. The speakers are placed at 4 elevation angles (−28◦,0◦,30◦,60◦) and at each elevation plane there are 5
loudspeakers at 36◦, 108◦, 180◦, 252◦ and 324◦. Four distributed sub-woofers on the room’s corner are also
installed with a crossover frequency of 100 Hz. The reverberation time in the mid-frequencies is 0.11 s and the
background noise level is below 7 dB(A).

3.2 Tested decoders for evaluation
The ability of 4 different decoders in creating plausible reproduction of urban soundscapes of relatively low
sound pressure levels (SPL) was evaluated. It should be noted that all the encoding was done with the ZYLIA
Ambisonics Converter plug-in using N3D normalisation and ACN channel ordering. For the FOA decoder the
ambisonic signals were converted to FuMa channel ordering and also the N3D weights were converted to FuMa
weights. The max-rE weights used in this paper were computed as in (3).

The decoders are the following:

1. 2D FOA max-rE decoder using only the 5 speakers at 0◦ elevation, which will be referred to as FOA2D



2. 3rd order HOA max-rE ALLRAD decoder for the hemispherical loudspeaker setup (15 speakers layout),
which will be refered to as HOAhemi

3. 3rd order HOA max-rE ALLRAD decoder making use also of the ground speakers at −28◦ elevation (20
speakers layout), which will be referred to as HOA f ull

4. Dual-band decoder in which for frequencies up to 400 Hz a 1st order unweighted ALLRAD decoder is
used and for higher frequencies a 3rd order max-rE ALLRAD decoder is used (20 speakers layout), which
will be referred to as HOA f ull,dualband

Equation 2 is used for the FOA2D decoder.

sn = K0 ·W +K1 · [X · cos(ϕn)+Y · sin(ϕn)] (2)

where sn are the loudspeaker signals for the nth loudspeaker located at ϕn, W,Y,X are the B-format channels
and the weights K0 = K1 =

√
2/L, where L = 5 is the number of speakers. The reason for setting the weights

K0 = K1 is to yield a max-rE decoder, which works well for frequencies 400 Hz and above and also provides
the best reproduction if no frequency dependent FOA decoding is applied (17).

Figure 1. AuraLab listening test facility at the Laboratory for Acoustics/Noise Control at Empa.

The HOA decoding is implemented using the ambisonics Matlab library developed by Archontis Politis
(7). In all 3 HOA decoders two imaginary speakers are inserted at ±90◦ elevation to fill in the gaps in the
loudspeaker layout as recommended in (6, 18). The signal of the imaginary speaker’ signal is disposed as
suggested in (6). However, whether the signals from the imaginary speakers should be decorrelated and then
mixed into the nearby speaker remains an open question (18).

The minimum required amount of loudspeakers for 3rd order ambisonic reproduction is L = 16 speakers.
However, in hermispherical loudspeaker layouts, such us the one used with decoder HOAhemi, the bottom half
can be omitted when using the ALLRAD or the EPAD with the modified basis functions meaning that this
layout could produce up to 4th order ambisonics on the top hemisphere (6). However, since the Zylia ZM-1
can provide up to 3rd ambisonics signals there is no benefit in that. Some psychoacoustic evaluations in 2D
HOA in the literature (an overview of this research can be found in (7, 19)) have shown that artifacts such as
comb-filtering and spectral impairment occur if the number of the loudspeakers is larger than the one required
(hence more interference) from the the ambisonic order. Therefore, one could claim that using 15 loudspeaker
for producing a 3rd order soundfield in the hemisphere might be a lot. However, the amplitude, energy, velocity
vector and energy vector plots showed that the results were better when all loudspeaker positions where used.

The HOAhemi and HOA f ull make use of the max-rE for the whole frequency range (3). In earlier studies,
there were no speakers bellow the ear level in Auralab. Analysis of the amplitude and energy plots of the
decoder HOAhemi vs HOA f ull in Figure 2 showed that the reproduction could potentially improved (also in the
horizontal plane). Another reason for adding the ground speakers at −28◦ is that in some recording locations



some noise sources were bellow the ear height but with the hemispherical array in some occasions they were
reproduced above the ear height.

In HOA f ull,dualband the max-rE weights were only applied in the mid-high frequency decoder. The cross-over
between the two decoders is done using a 4th order Linkwitz-Riley filter.

Figure 2. Amplitude (a) and energy (b) plots of HOA f ull and amplitude (c) and energy (d) plots of HOAhemi.
The dots indicate the locations of the speakers and the crosses the locations of the imaginary loudspeakers.

3.3 Decoder equalisation
Once a person sits in the center of a loudspeaker array his/her head affects the soundfield by shielding the
sound waves traveling between the left and right side. This shielding effect becomes more dominant at higher
frequencies since the wavelengths become smaller compared to the size of the head. To remove any direction-
independent effects of the ambisonic reproduction, diffuse-field equalisation is applied. More specifically, a
diffuse-field equalisation shelf-filter is applied on all 4 decoders based on virtual loudspeaker simulation and
HRTFs (H). The computation of the equalisation shelf-filter is described in this subsection. Firstly, ambisonic
channel signals are computed for both 1st order FuMa channel ordering and weighting and 3rd order ACN
channel ordering and N3D weighting for multiple coordinates i on the surrounding sphere. The ambisonics
signals are computed for azimuth angles φi starting from 0◦ to 360◦ and for elevation angles θi from −30◦

to 90◦. Both the azimuth and elevation increments are set to ∆φ = ∆θ = 10◦ . In total M = 468 positions
around the sphere are encoded (the encoded signal is a Dirac delta). The 1st order ambisonics signals for each
position i are decoded for the horizontal 2D loudspeaker layout using the FOA2D decoder, the 3rd order signals
are decoded for the hemispherical loudspeaker layout using the HOAhemi and for the layout with the ground
speakers at −28◦ elevation using the HOA f ull and the HOA f ull,dualband . Afterwards, each of the loudspeaker
signals s for each position i is convolved with the corresponding head related impulse response (h) of the
SADIE HRTF database (20) (KEMAR dummy head). The measured angles of the HRTF database do not
perfectly match the angle of all loudspeakers. They are on average 1.5◦ off, thus, the virtual representation of
the layout is not 100% correct. Next, the diffuse-field energetic average of the ambisonically rendered HRTFs
(EDFamb) is computed with the following equation:

EDFamb =
1
M
·

M

∑
i=0

∣∣∣∣∣F
(

L

∑
n=1

(si,n ∗h(ϕn,θn))

)∣∣∣∣∣
2

· cos(θi) (3)

where L the number of speakers in the layout and si,n the nth loudspeaker (with coordinates (φn,θn)) signal for
the ith position. The diffuse-field energetic average of the measured HRTFs at the M coordinates is computed
with equation 4. From the selected M = 468 positions in the above mentioned analysis 35 HRTFs were missing
from the SADIE HRTF database, so, they are excluded from the analysis. A cosine weight is applied to each



HRTF based on its elevation angle in order to ensure no specific direction will be over-represented in the
average. In binaural technology literature it is common to use the solid angle weight and not the cosine weight
but since in this case ∆θ = ∆φ = 10◦ the effect is the same. Finally, a second-order infinite impulse response
(IIR) shelf-filter is designed (using Matlab’s designShelvingEQ function) for each decoder to equalise it and
bring its diffuse-field spectrum closer to the measured spectrum as shown on Figure 3. The approach followed
here is very similar with the one from McKenzie et al. (21), which was developed for binaural reproduction of
ambisonics. The main difference is that instead of using a shelf-filter they created an equalization filter based
on the inverse diffuse-field response in order to flatten it.

EDFmeas =
1
M
·

M

∑
i=0
|H(ϕi,θi)|2 · cos(θi) (4)
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Figure 3. (a) Diffuse-field energetic average of the measured HRTF (solid), of the ambisonically rendered using
the HOA f ull (dotted) and its equalised version (dashed); (b) The shelf-filter used to equalise the loudspeaker
signals computed with the HOA f ull decoder.

3.4 Validation experiment and decoder choice
We played 3 different urban soundscape recordings (audio snippets containing traffic, human voices, or nature
sounds of 10 s in length) to 13 participants (MAge = 35.1±10.7 years; 10 male). Each participant heard the
soundscape recordings decoded with the four different decoders (FOA2D, HOAhemi, HOA f ull , HOA f ull,dualband).
The task was to rank the differently decoded sound snippets as the 1st , 2nd and 3rd most plausible (the unranked
sample was considered as the least plausible). The first trial was the training trial and was always the same
for all subjects; it was not used for the analysis. The other 3 trials were randomised for each participant. The
subjects could listen to the 4 samples at each trial as many times as they wanted. The average duration of the
test was 7 min 40 sec. The results showed that the recordings decoded with HOA f ull,dualband were selected most
often as the most plausible and least often as the least plausible. On the contrary, the recordings decoded with
FOA2D were selected least often as the most plausible and most often as the least plausible. In general, all the
HOA decoders performed very similarly but significantly better that the FOA2D.

4 Data collection and experimental setup
4.1 Audio and video recordings
The Kandao QooCam 360 camera was used to capture the video. The QooCam and the Zylia were placed
at 1 m distance between them (see Figure 4). The Zylia mic was connected to a HP Elitebook Core i7 8th
Gen laptop with Windows 10 operation system via a 20m USB 3.0 active extension cable and the recordings
were taken using REAPER. A reference mic (B&K 4006 with diffuse-field grid) was also placed 30 cm from
Zylia. The reference mic was connected via a 20 m XLR cable to an NTi Audio XL2-TA/Class 1 sound level
meter, which recorded both SPLs and the audio signal. The camera and both mics were placed at 1.20 m
height above ground, which is representative to the eye and ear height of a seated person. The air temperature,
relative humidity and wind speed were also monitored using the Rotronic A1 HYGROMER hydrometer and the



Windmaster 2 wind speed meter. The Zylia recordings were taken at a samplerate of 48 kHz and the videos
at 8K resolution and 30 FPS. The sound level meter stored SPLs every 1 s and the audio was also recorded
at 48 kHz. Windscreen was always placed on both mics (the Zylia original windscreen was used for the Zylia
mic). Before each recording the reference mic was calibrated. The 1 kHz calibration was also recorded in order
to use it at post-processing to calibrate the reference recording, which is then used to calibrate the ambisonic
recording.

Figure 4. Field measurement setup with the sound pressure sensor with a foam windscreen (left), the HOA
microphone with a fur windscreen (center) and the 360° camera (right).

In total 10 locations around Zurich have been recorded (7 quiet green spaces, 2 noisy green spaces, 1 non-
green quiet space). The LAeq in these locations varied from 45 dB to 66 dB. The duration of each recording
is between 30-35 min to have sufficiently long recordings for the planned laboratory VR experiments (see
subsection 4.3).

4.2 VR environment
The VR environment including the experimental GUI is implemented within the Unity game engine. The au-
dio playback is carried using the BASS audio library (https://www.un4seen.com/). More specificaly the
BASS.dll and BASSASIO.dll are imported into the Unity project. The HOA f ull,dualband is used for the reproduc-
tion (see section 3.4). The video playback is done using the VideoPlayer class of Unity and video is played
back via the Oculus Quest 2.

4.3 Application: Planned stress/restoration experiments
We will utilize the developed VR methodology in a full-factorial between-participants laboratory study research-
ing stress restoration. First, participants enter a 10-min stress phase, where they are exposed to different SPLs
of road traffic noise. One half of participants attentively listens to the stimuli, while the other half completes
a series cognitive tasks during the noise presentation (mental arithmetic, Stroop task). By including this addi-
tional cognitive stress component, we can investigate the effect of noise on cognitive performance. After the
stress phase, participants enter the restoration phase, where they can relax in a virtual environment for 20 min.
Half of the participants are immersed in a natural green space recording, the other in a calm urban location.
A continuous electrodermal activity measure will be applied and salivary cortisol will be taken (baseline, post-
stress, and post-restoration) to compare physiological responses between the different noise SPLs and restoration
settings. The results will give insight into (1) stress build-up during noise exposure at different SPLs, and (2)
the restorative potential of green vs urban spaces – information that will be useful to public authorities for
establishing noise regulation guidelines on the one hand, and to city planners for improving public health and
wellbeing of urban populations on the other.

5 CONCLUSIONS
In this paper a framework for the design of a perceptual VR experiment inside a laboratory environment, to
be used for evaluating the effects of: 1) noise on stress buildup and 2) green spaces on reducing noise annoy-
ance and promote stress recovery is presented. The audio reproduction in the VR environment is done using

https://www.un4seen.com/


ambisonics. Listening tests were conducted to evaluate the plausibility of urban soundscape recordings decoded
with 4 different decoders. The results showed that the 3D HOA decoders performed significantly better than the
2D FOA decoder.

ACKNOWLEDGEMENTS
The study is funded by the Swiss National Science Foundation (project RESTORE, grant number CRSII5_193847/1).
We would also like to thank Dr. Archontis Politis for the valuable discussion and his advice on ambisonics.

REFERENCES
1. Hong JY, Lam B, Ong ZT, Ooi K, Gan WS, Kang J, et al. Quality assessment of acoustic environment reproduction methods for cinematic

virtual reality in soundscape applications. Build Environ. 2019;149:1–14.

2. Favrot S. A loudspeaker-based room auralization system for auditory perception research. PhD Thesis. Technical University of Denmark; 2010.

3. Zotter F, Frank M. All-round ambisonic panning and decoding. J Audio Eng Soc. 2012;60(10):807–20. .

4. Zotter F, Frank M, Haar C. Spherical microphone array equalization for Ambisonics. In: DAGA. Nürnberg, Germany; 2015. p. 486–9.

5. Scaini D, Arteaga D. Decoding of higher order Ambisonics to irregular periphonic loudspeaker arrays. In: Audio Engineering Society 55th

International Conference. Helsinki, Finland; 2014.

6. Zotter F, Frank M. Ambisonics: A Practical 3D Audio Theory for Recording, Studio Production, Sound Reinforcement, and Virtual Reality.
Springer Open; 2019

7. Politis A. Microphone array processing for parametric spatial audio techniques. PhD Thesis. Aalto University; 2016.

8. Politis A, Gamper H. Comparing modeled and measurement-based spherical harmonic encoding filters for spherical microphone arrays. In:
IEEE Workshop on Applications of Signal Processing to Audio and Acoustics. New Paltz, New York; 2017. p. 224–8.

9. McCormack, L, Politis, A. SPARTA & COMPASS: Real-time implementations of linear and parametric spatial audio reproduction and pro-
cessing methods. In: Audio Engineering Society International Conference on Immersive and Interactive Audio. York, U.K.; 2019.

10. Zotter F, Pomberger H, Noisternig M. Energy-preserving ambisonic decoding. Acta Acust united with Acust. 2012;98(1):37–47.

11. Pulkki V. Virtual Sound Source Positioning Using Vector Base Amplitude Panning. J Audio Eng Soc. 1997;45(6):456–66.

12. Heller AJ, Lee R, Benjamin EM. Is my decoder Ambisonic? In: Audio Engineering Society 125th Convention. San Francisco, California;
2008.

13. Gerzon MA. General Metatheory of Auditory Localization. In: Audio Engineering Society 92nd Convention. Vienna, Austria; 1992.

14. Daniel, J. Representation de champs acoustiques, application a la transmis- sion et a la reproduction de scenes sonores complexes dans un
contexte multimedia . PhD Thesis. Universite Paris 6; 2000.

15. McKenzie T, McCormack L, Hold C. Dataset of Spatial Room Impulse Responses in a Variable Acoustics Room for Six Degrees-of-Freedom
Rendering and Analysis. 2021.

16. Guillemaut, J. Y., Sarim, M., & Hilton, A. (2010, September). Stereoscopic content production of complex dynamic scenes using a wide-
baseline monoscopic camera set-up. In: IEEE International Conference on Image Processing. Hong Kong; 2010

17. Benjamin E, Lee R, Heller A. Localization in horizontal-only Ambisonic systems. In: Audio Engineering Society 121st Convention. San
Francisco, California; 2006

18. Heller AJ, Benjamin E. The Ambisonic Decoder Toolbox: Extensions for Partial-Coverage Loudspeaker Arrays. In: Linux Audio Conference.
Karlsruhe, Germany; 2014.

19. Zotter F, Pomberger H, Noisternig M. Ambisonic decoding with and without mode-matching: a case study using the hemisphere. In: Interna-
tional Symposium on Ambisonics and Spherical Acoustics. Paris, France; 2010.

20. Kearney, G, Doyle, T. An HRTF database for virtual loudspeaker rendering. In: Audio Engineering Society 139th Convention. Audio Engi-
neering Society. New York, New York; 2015.

21. McKenzie T, Murphy DT, Kearney G. Diffuse-Field Equalisation of binaural ambisonic rendering. Appl Sci. 2018;8(10).



 

PROCEEDINGS of the  

24th International Congress on Acoustics  
 
October 24 to 28, 2022 in Gyeongju, Korea 

ABS-0337  

 

Using Spatial Water Sound Sequences for Traffic Noise 

Masking：Correlation Analysis of Subjective Evaluation and Neural 

Measurements 

Jian LI; Luigi MAFFEI; Aniello PASCALE; Massimiliano MASULLO 
 Department of Architecture and Industrial Design,  

Università degli Studi della Campania “Luigi Vanvitelli”, Italy 

ABSTRACT 
Water-based masking sound has been proven effective on environmental noise control. But less is known 
about the effects and the process of the spatial configuration of water sounds on the perception of the 
surrounding environment. Through an immersive Spatial audio system, a virtual traffic noise environment 
base on an existing urban park was created in the lab. And three different spatial settings of water-sound 
sequences were added into the virtual acoustical environment to investigate the role of spatialization of water-
sound sequences on traffic noise masking. The neural responses and subjective evaluations of twenty 
participants were collected with a portable electroencephalogram (EEG) device during the spatial sound 
playback time. The correlation analysis between subjective ratings and EEG indicators including spectral 
power, cognitive indexes and brain network connectivity were conducted.  
The more positive effects on noise masking induced by the spatial setting of water sound sequences had been 
illustrated from the collinear relationship between the objective descriptors, the brain networks activities in 
the alpha band and positive emotional saliency scores.  
Moreover, the spectral power of the gamma band and the theta alpha ratios used as the cognitive load index 
had showed a significant linear relationship with the negative emotional saliency. 
 
Keywords: Water Sound; Noise Control; Spatialisation; Traffic Noise; EEG 

1. INTRODUCTION 
Noise pollution is a big concern for urban designers and landscape managers since it has been 

proven to impact public health physically and mentally (1). The introduction of natural sounds (e.g. 
water sounds, bird songs) into noisy urban environments has been treated as an effective strategy for 
noise reduction and abatement (2). Among them, water sounds are commonly used to mask traffic 
noise varying in its sound features (3). Many studies have tested various water sounds at different 
signal-to-noise ratios to optimise the soundscape quality and the desired sound levels to set the water 
sounds playback for noise mitigation (4–6). However, the spatial features of water sound are hardly 
discussed. Several studies have found that the spatialisation of sounds could improve the perceived 
sound quality (7,8) and spatial consciousness (8). Masullo and his colleagues (9) used Immersive 
Virtual Reality technology to investigate the effects of combining audio and visual elements of 
installations with water features on traffic noise mitigation in urban green parks. They confirmed the 
informational masking with water's sounds at levels 3 dB lower than the road-traffic background noise 
improved the subjective perception of the environmental quality of urban parks. Installations with 
water features improve their restorativeness on escaping and fascination components. They also 
compared the effect of the simulated and real water features on the restorativeness in urban parks. The 
results showed that water features simulated with audio-visual installations have significant positive 
effects on the Fascination and Being-Away components of restorativeness (10,11). Hong and others 
(12) explored the effects of spatial separations between target noise and water sound on perceived 



 

 

loudness of target noise and overall soundscape quality. The results indicated that the spatial 
separation between traffic noise and water sound can improve the overall soundscape quality and 
decrease the perceived loudness of the noise. 

While there are already existed various studies about the neural responses of different urban space 
including green space (13,14), indoor environments (15–17), contemplative landscape (18) with 
perceived soundscape qualities, most of them used Electrophysiological (EEG) measures as neural 
indicators of sonic environments related to the comfort and restoration of individuals. But the 
cognitive process referring to auditory attention and noise masking and their relationship with 
perceived qualities and subjective responses has been less investigated. The changes of whole-brain 
functional networks have been used for indicating the process of the spatial attention in speech field 
(19) and emotion regulation in marketing researches (20,21). Szalárdy et al.(22) used functional 
connectivity of EEG signals between different brain regions to investigate the neuronal correlates of 
informational and energetic masking in a multi-talker situation. They found energetic masking was 
predominantly associated with stronger connectivity between the frontal and temporal regions at the 
lower alpha and gamma bands, and informational masking was associated with a distributed network 
between parietal, frontal, and temporal regions at the theta and beta bands. Our previous study (23) 
investigated the overall mental effects and attentional process of spatialized water-sound sequences 
related to informational masking of traffic noise through the spectral power and connectivity analysis 
of EEG signals. The results showed higher relative power of the alpha band and greater alpha-beta 
ratio among water sound conditions compared to traffic noise. And different spatial settings of water 
sound sequences induced different attention network changes. The two position switching water 
sounds brought more attentional network activations than other water sound sequences related to noise 
masking. But correlation between the mental processes induced by the mask sounds in noisy 
environments and soundscape qualities with corresponding emotional outcomes are remain unknown. 

In this paper, water-sound sequences with different spatial settings were used to create a traffic 
noise environment base on an existing urban park. And the masking effects of spatial water sound on 
road traffic noise perception were investigated by correlation analysis of the neural responses and 
subjective evaluations collected from twenty participants. The correlation results could inspire the 
urban designer and policy maker to have more thoughts about urban soundscape design and noise 
control regarding acoustic comfort, human health and well-being. 

2. METHODS 

2.1 Experimental Design 
A within-subjects experimental design was used. The independent variable (IV) was the spatial 

settings of the water sounds. Four levels of IV were defined: Frontal-fixed Position Water sound 
(FPW), a Two-position Switching Water sound (TSW) and a Four-position randomised Moving Water 
sounds (FMW), and no water sound (RTN), all of them combined the Road Traffic Noise on frontal 
position as background. The two-position pair of TSW included four spatial settings: frontal-left pair, 
frontal-right pair, back-left pair, back-right pair. Dependent variables (DV) were the neural responses 
collected by a wearable electroencephalogram device during each condition and subjective reports 
obtained by questionnaires at the end of each condition.  

2.2 Sound Environment Settings 
The sound sequences included a 3-minute traffic noise (LAeq: 65 dB(A), recorded by a Zoom H6 

Hand-Recorder device with a Soundfield SPS200 microphone) as background noise (BGN), and a 5s 
water stream sound (recorded by a Zoom H6 Hand-Recorder with a Rode NTG-2 microphone). The 
sound equivalent level of the water stream sound was set at -3 dB with respect to the background 
traffic noise for optimizing noise masking. To match with the same duration of BGN, the water sound 
sequence combined repeated 5s of water stream sound with 2s fade-in and fade-out both ends, and 
then was cross-splitted to two streams with 2s overlap (see Figure 1-Temporal settings). They were 
played back within the Sens i-Lab, the multisensory laboratory of the Department of Architecture and 
Industrial Design of the Università degli Studi della Campania "Luigi Vanvitelli" through the Astro 
Spatial Audio, an object-based audio system (ASA) which drives 25 Adorn A55 Martin Audio and 2 
Sx110 Martin Audio and rendered by SARA II Premium Rendering Engine. Two different kinds of 
sound source objects were used for the playback: a plane wave object, reproducing the wavefront of 
the sound propagation from road traffic noise, and a point source object, reproducing the water sound 



 

 

(Figure 1-Spatial settings). The spatial location of each sound source for each condition was set as 
follow (Figure 1-Spatial Settings). The experimenter controlled the order of these sound sequences 
via browser-based GUI during the listening test. The listener was sitting at the centre of the test room 
of the Sens i-Lab, at about 3.5 meters from position of the virtual sound sources. The audio stimuli at 
listener’s position were recorded using a dual channel system Sympnonie and an Mk1 Cortex manikin. 
They reproduced realistic auditory scenarios of the sound level about 57 dB(A), as those measured 
inside an existing urban park. 

 

 
Figure 1-The spatial and temporal settings of the sound sources 

2.3 Experimental Procedure 
Twenty subjects gave informed consent and were instructed to sit in the center of the test room, 

being immersed in virtual sound environments. Before the formal experiment, the subject fulfilled 
two pages of the initial questionnaire, containing basic information such as age (average: 30; SD: 
5.90), gender (Male: 12; Female: 8), working environment, and noise sensitivity (Weinstein Noise 
Sensitivity Scale) (24) (average score: 3.73; SD: 0.50). After wearing the portable EEG device and 
passing the impedance check of EEG electrodes, the subject was asked to listen to five sequences (two 
TSW condition randomly selected from four TSW conditions) with a comfortable sitting position and 
eyes open in the pre-defined balanced order. Each sequence lasted 3 minutes; then, the subject must 
fill a self-reported questionnaire. The first part of the questionnaire was focused on assessing general 
characteristics of the sound environment including naturalness, mechanicalness, smoothness, 
rhythmicalness, spaciousness, and familiarity, while the second investigated the emotional reactions 
of sounds. The latter part of the questionnaire combined items deriving from the circumplex model of 
soundscape perception with others focused on the emotional feeling of the sound environment (25). 
After finishing the questionnaire, the subject informed the experimenter to play the following sound 
sequence. Finally, the subject took 1-minute rest with his/her eyes closed. The neural activities during 
this period were used for baseline correction for EEG analysis. 

During the whole process, the brain data of each subject were continuously recorded by DSI-24 
wireless EEG headset with 20 dry electrodes signals referenced to Pz electrode at locations 
corresponding to the 10-20 International system (see Figure 2). The light and temperature in the lab 
were kept constant during the test. The EEG data were sampled at 300 Hz and streamed from the 
measurement device to the recording laptop using the Lab Recorder application based on the Lab 
Streaming Layer protocol (LSL) to synchronize the neural data with sound sequences. The Ethical 
Committee for Scientific Research of the Department approved the protocol. 

 
 
 
 
 
 



 

 

Figure 2-The experiment scenario of data collection 

2.4 Data Analysis 
The continuous EEG data were imported into MATLAB and EEGLAB toolbox (26) for data 

cleaning. The data of two subjects were excluded because of less clean data (both the percentage of 
invalid data were higher than 50%, the average of the valid data was 87.06%). Then a 1-45 Hz band-
pass filter was applied for each subject’s data. After re-referencing the EEG signal to the average 
(except for A1 and A2 mastoid electrodes), their independent components were calculated using the 
Infomax algorithm. Eye-blink and ocular movements artifacts were deleted based on the standard 
topographic profiles of the individual components and the distinctive temporal pattern. After the 
removal of eye-movement artifacts, the EEG data during each sound's perception for each subject 
were extracted. 

The cleaned EEG data were analyzed using Matlab and FieldTrip toolbox (27). Time–frequency-
resolved activities were obtained using the multitaper method (4 cycles width) based on Hanning 
sequences between 1 and 45 Hz (stepsize: 1 Hz), from which the average powers of each frequency 
band (delta band was defined as the range of 1 to 4 Hz; theta band: 4-8 Hz; alpha: 8-13 Hz, beta: 13-
30 Hz, low-gamma: 30-45 Hz) were derived. The interested electrodes were divided the interested 
electrodes into five regions: the frontal (Fp1, Fp2, F3, F4), left temporal (F7, T3, T5), central (Cz, C3, 
C4), right temporal (F8, T4, T6) and posterior regions (P3, P4, O1, O2), respectively.  

The relative power of each given band divided by the sum of power from 1 to 45 Hz was calculated 
as follow formula: 

𝑹𝑷(𝒇𝟏, 𝒇𝟐,) = 𝑷(𝒇𝟏, 𝒇𝟐,)/𝑷(𝟏, 𝟒𝟓) ∙ 𝟏𝟎𝟎 

Where P(·) indicates the power, RP(·) indicates the relative power, and f1, f2 indicate the low and 
high frequency, respectively. The relative power for each band and the power ratios for different 
frequency bands were averaged in each region. The ratios of power for different frequency bands in 
each electrode was also computed for possible pairs of frequency bands, such as P(theta)/P(alpha) and 
P(alpha)/P(beta). The 3-minutes EEG data during each sound's condition were also epoched by 7s 
fixed length and analyzed by MNE toolbox (28) using spectral connectivity algorithm. The spectral 
connectivity was computed for the debiased weighted phase lag index (dwPLI). dwPLI is a debiased 
estimator of the squared wPLI developed by Vinck et al.(29), correcting for sample-size bias in phase-
synchronization indices. 

3. RESULTS 

3.1 Correlations between self-reported evaluations: objective descriptors and emotion 

responses 
The scores of positive items’ responses including pleasant, happy, stimulating, attractive, energetic, 

calm were averaged to compute the positive component of the emotional saliency’s (ES+)(25). The 
correlation analysis showed as followed (Figure 3.a). The linear regression analysis between each 



 

 

objective descriptor (naturalness, mechanicalness, smoothness, rhythmicalness, spaciousness, and 
familiarity) of each sound condition and the ES+ were conducted (R2= 0.452, F= 5.69, p<0.001). The 
significant regression coefficient was found in mechanical descriptor (β= -0.185, F= 9.456, p=0.003). 
And the linear relationship was also found between objective descriptors and negative component 
(ES-, averaged by the scores of boring, unpleasant, nervous, weak, sad, unattractive items)(25) (R2= 
0.374, F= 4.11, p<0.001) (see Figure 3.b for the correlation results). The significant regression 
coefficients were found in natural (β= -0.172, F= 4.871, p=0.031), mechanical (β= 0.269, F= 11.775, 
p=0.001), smooth (β= 0.205, F= 7.688, p=0.007) and rhythmic descriptors (β= 0.163, F= 5.560, 
p=0.022). 

Figure 3-The correlation matrixes plots of objective descriptors with ES+ (a) and ES- (b) scores. 

3.2 Correlations between the neural activities and self-reported emotional responses 
The spectral power of the alpha band had a linear relationship with ES+ scores (R2= 0.228, F= 

2.330, p=0.029). The differences between four conditions were significantly observed (F=3.844, 
p=0.014). But the alpha power of each region had no significant relationship with ES+. The 
connectivity of the alpha band had a linear relationship with ES+ scores (R2= 0.390, F= 1.88, p=0.039) 
especially contributed by the left-right regional connectivity (β= 9.290, F=5.105, p=0.028) (Figure 
4a) and intra-right connectivity (β= -5.590, F=8.639, p=0.005) (Figure 4b). And the significant 
differences between each condition were also observed (F=2.889, p=0.044). 

Figure 4- The linear plots of connectivity of the alpha band in left-right inter-region (a) and intra-
right region (b) with ES+ scores 

The theta alpha ratio index had a linear relationship with ES- (R2= 0.290, F= 3.22, p=0.004). 
Especially the theta alpha index of right region had a significant relation with ES- (β= -2.853, F=4.602, 
p=0.036) (see Figure 5.a for the correlation results). But the differences between each condition were 
not significant. The spectral power of the gamma band also had a strong connection with ES- scores 



 

 

(R2= 0.438, F= 6.13, p<0.001). Among each region, the gamma power of the central and posterior 
regions indicated inversed linear relationship with ES- (β=11.840, F=15.140, p<0.001; β=-17.592, 
F=34.719, p<0.001) (see Figure 5.b for the correlation results). But the differences between each 
condition were not significant. 

Fig. 5. The correlation matrixes of the theta alpha ratio index (a) and the gamma power (b) with 
ES- scores 

4. DISCUSSION 
The mechanical road traffic noise influenced both the positive and negative components of the 

emotional saliency. More mechanical caused more negative feelings and less positive feelings. More 
objective descriptors were linked to other negative aspects of the emotional feelings. Natural features 
are inversely correlated to ES- contrary to smooth and rhythmic. The results confirmed the 
effectiveness of introducing natural sounds for noise masking (30). Some controversial evidence 
already indicates the complicated effects of the temporal characteristics of water sounds for noise 
masking (4,31). Our results suggested that the design of spatial and temporal characteristics of water 
sounds needs more consideration for improving positive effects. 

The overall effects of the alpha band power revealed the positive effects of spatial settings react 
on ES+ scores, suggesting the more relaxed and positive state of the brain induced by water sounds, 
especially with spatial settings (TSW and FMW conditions). The difference between left-right inter-
region and right intra-region alpha connectivity refers to the activation level of the default mode 
network (DMN), which is a network of interacting brain regions that are active in a resting state other 
than performing a task accompanied by more inter-regions activity and less intra-region connections 
in brain activities (32) could relate to the ES+ scores differently no matter of the water sound 
conditions or only traffic noise.  

The theta alpha ratio index, often used as task load of mental state (33), was surprisingly negatively 
related to negative feelings observed in the right region (the partial correlation results showed the 
index in the frontal region had a positive relationship with ES- after control the index in the right 
region, r=0.237, p=0.047). Some evidence suggested that the theta/alpha synchronization in the 
temporal cortex could reflect successful auditory memory encoding (34,35). Combined with the work 
from Raufi and Longowhich (36), the results suggested that more investigation is needed to clarify 
the relationship between different regions of the alpha theta ratio index in different contexts and 
environment settings. The gamma power strongly reflected the negative components of emotional 
saliency in central and posterior regions of the brain. The central gamma power was positively related 
to ES-. Meanwhile, the posterior region was inversely related to the ES- scores. Some researchers 
have demonstrated that the posterior gamma power is linked with visual information and memory 
encoding, and the central gamma power reflects spatial attention and emotional processing (37,38). 
The gamma power of different regions could bring more insights into brain activities regarding spatial 
attention and memory in a noisy environment, and more multisensory investigation is needed. 



 

 

5. CONCLUSIONS 
Traffic noise is considered a health threat for citizens in urban cities. Landscape designers and 

engineers are developing more effective strategies of noise mitigation. Through an immersive spatial 
audio system, three different spatial settings of water-sound sequences were added into the virtual 
acoustical environment to investigate the role of the spatialization of water-sound sequences on traffic 
noise masking. The neural responses and subjective self-reported evaluations collected during the 
auditory experiment showed preliminary correlations between the self-report evaluation of the 
objective features of the sound environment, the perceived emotions and EEG indicators, including 
spectral power, cognitive indexes and brain network connectivity.  

The more positive effects on noise masking induced by the spatial setting of water sound sequences 
had been illustrated by the collinear relationship between the objective descriptors, the brain networks 
activities in the alpha band and positive emotional saliency scores. Moreover, the spectral power of 
the gamma band and the theta alpha ratios used as the cognitive load index had shown relationship 
with the negative emotional saliency that need further and deeper investigations. 

 The results also suggest investigating the existing differences existing from the explicit and 
implicit individual responses to noise. 
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ABSTRACT
This work presents the procedure to create a model of the iconic scenery at Copacabana in Rio de Janeiro,
Brazil, for auralization-based noise assessment in virtual urban environments with the aid of photogrammetry.
The proposed procedure, firstly, delivers a description of the investigated space and of the photographic data
acquisition. Secondly, the post-processing with the help of photogrammetry software is described including
alignment, filtering, and noise removal. A textured mesh as well as a simplified model for acoustic simulation
are derived. The final models can be scaled down or complemented in various degrees of detail accounting for
plausible immersion. This allows for using them as a framework for multi-modal perceptual studies in complex
environments under controlled conditions and for further showcases.

Keywords: Urban sound, Auralization, Acoustic model

1 INTRODUCTION
1.1 Motivation
The interest in urban and outdoor noise assessment steadily increases. This does not only apply to established
methods like noise mapping but goes beyond. A way to involve people into planning processes is the use
of auralizations in virtual reality where sound sources, sound propagation and receiver configurations can be
separately controlled [1]. Complemented with a visual representation, those models can serve as a plausible
representation of the space to study people’s perception and preferences under laboratory conditions.

Concert halls and lecture rooms have been shown to be representable by models derived from photogram-
metry [2]. Furthermore, this procedure has already been applied to an outdoor scenario, i.e. a green space in
Aachen, Germany [3, 4]. The focus of this model was on the geographical properties of the green and the
detailed representation of two buildings. The area is of the size of about 170*110 m and it is only visited by
few pedestrians. In contrast, the present paper aims to assess the procedure in a more complex environment
with many moving sources such as pedestrians, cars, buses, bicycles, airplanes, ships etc.

1.2 Copacabana revisited
Who thinks of the album "Rio Revisited" by Antonio Carlos (Tom) Jobim and Gal Costa [5] will immediately
feel transported to the Copacabana promenade. Inspired by their unique Bossa Nova sounds, the idea was born
to not only study the traffic noise along Rio’s streets but to capture data that serve as the basis to build a full
visual and acoustic model of the famous scenery.

This paper describes the capturing procedure, i.e. photography walks. The photography walks were comple-
mented with 360° video and simultaneous audio recordings in first-order Ambisonics format for future reference.
They are, however, not further discussed here. This work focuses on the photogrammetric procedure to build
models for both the visual and the acoustical representation of the space. The derived models can be used for
future studies of urban soundscapes and to demonstrate acoustic simulation techniques developed at the Institute
for Hearing Technology and Acoustics, RWTH Aachen University.
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1.2.1 Topography
Copacabana, part of the city of Rio de Janeiro, is situated near the Tropic of Capricorn and is subject to tropical
climate and continuous trade winds. Copacabana is flanked by Ipanema in the South-West, by forest and hills
in the North, which divide the Southern part of the city of Rio de Janeiro from the Northern part, while it
opens to the Atlantic ocean in the South-East. During our acquisitions between November 29 and December
10, 2021, temperature was in the range of 21.5–32.6°C, the humidity in the range of 52.4–86.2%.

The urban space under study is shown in figure 1. The area of interest is ca. 240 m wide along Avenida
Atlântica (between Rua Santa Clara in the North and Rua Siqueira Campos in the South) and 450 m long
(from the water front to beyond the intersection of Rua Figueiredo de Magalhães with Avenida Nossa Senhora
de Copacabana).

Figure 1. Aerial view of the city block under study.1

1.2.2 Acoustic features of the urban environment
The choice of the investigated space was made with the help of our project partners from the Federal University
of Rio de Janeiro (UFRJ) who could support us with local knowledge of typical traffic flow etc. This helped
to prepare and schedule the photography walks as well as the use of natural lighting conditions. The detailed
description of the urban environment as well as its characteristics follow below.

Firstly, the scenery was selected with regard to prominent traffic noise for the following reasons:

• Heavy motorized traffic on Avenida Atlântica on both lanes, in the morning mainly in northern direction
(to the city center of Rio de Janeiro).

• One-way road Avenida Nossa Senhora de Copacabana. Faster traffic with a lot of buses passing.

1https://www.google.com/maps, accessed on 2022-07-26

https://www.google.com/maps/@-22.9724251,-43.1843335,602a,35y,50.06h,3.13t/data=!3m1!1e3


Furthermore, the space was selected for its special topography which results in key features for acoustic simu-
lations. The main factors that influence acoustic sound propagation in this context are, see also figure 1:

• Highly reflective water surface on the sea.

• Highly absorptive sand at the beach.

• Pavement and asphalt of Avenida Atlântica, its promenade + bicycle lane between street and beach, as
well as the opposite sideway between street and buildings.

• Facades of the 6-8 story buildings along Avenida Atlântica with various degree of absorption and scatter-
ing.

• Some smaller objects that influence sound propagation, i.e. kiosks with sunshades, chairs and tables.

• Parking, stopping and driving cars, buses and trucks.

The sound sources that could be observed at Copacabana are:

• Road traffic noise (cars, buses, trucks, motorcycles, alarm signals of emergency services like ambulance
and police).

• Air traffic (small airplanes and helicopters).

• Music from the bars/kiosks along the beach.

• Generators at the beach which are used to pump the water to provisional showers.

• Ocean sounds (Waves and sea spray as well as birds).

• Babble of voices and voices of vendors.

2 DATA ACQUISITION
The photogrammetric model generation requires a big amount of sufficiently detailed photographs as input data.
For Copacabana, no high quality photographic data were available that could be used for both an acoustic and
a visual model. Therefore, own photographs were taken between November 29 and December 10, 2021. The
path of the photography walks showing all accumulated camera positions is mapped in figure 2. The camera
was a Canon EOS R5 body with a Canon RF 24-105/4.0-7-1 IS STM lens. The photographs were taken with
a resolution of 8192*5464 px in one of the two following configurations:

i. Hand-held photographs at head height (see blue color in figure 2). The camera is looking to the inside of
the area and, thus, defining the boundary of the model space.

ii. High tripod to lift the camera 8-12 m height (see red color in figure 2). The camera is rotated 360° with
± 30° step size looking to the surrounding of the rotation axis. It is slightly tilted in order to not only
capture the horizon.

The whole scene was divided into multiple sets in order to ensure comparable conditions with regard to
sunlight, cloud cover and traffic situation for all pictures of one set. The different sets, the applied configuration
and their order are described in table 1. In total, we concluded with 4271 photographs.

As many pictures as possible were taken in early morning. By this, we hoped to benefit from the diffuse
light and less traffic than at a later daytime. Most problematic was direct light from a high-standing sun as it
threw long shadows that resulted in high contrast and, thus, in a bad color reconstruction in the post-processed
model’s texture.

For the camera settings, we first used fixed settings of shutter time, blend opening and ISO. But since
the weather and cloud cover, and thus the light, heavily changed over the days, we decided in a second step,



Figure 2. Camera positions during acquisition walks at Copacabana. Blue: Hand-held photographs at head
height. Red: Photographs on a tripod at 8–12 m height, rotating 360° with ± 30° step size. Parts I & II
correspond to the two-step approach in the photogrammetric processing, see ch. 3.

Table 1. Protocol of the photograph capture walk

Set no. Space description Capture date Capture config. Color

1 Beach (definition of the boundary) 29.22.2021 Hand-held, head height blue

2a Beach (within boundary) 30.11.2021 High tripod red

2b Beach (within boundary) 01.12.2021 High tripod red

3 Av. Atlântica 01.12.2021 Hand-held, head height blue

4 Rua Figueiredo 02.12.2021 Hand-held, head height red

5 Av. Atlântica (housefront) 02.12.2021 Hand-held, head height blue

6 Av. Atlântica (center reserve) 02.12.2021 High tripod red

7 Rua Figueiredo (elevated camera) 06.12.2021 High tripod red

8 Rua Figueiredo (transition low to high) 07.12.2021 Head height to elevated height blue

9 Beach (North) 07.12.2021 High tripod red

10 Beach (closing inner loop) 09.12.2021 High tripod red

11 Rua Figueiredo (Northern side) 09.12.2021 High tripod red

12 Rua Figueiredo (Southern side) 10.12.2021 High tripod red

13 Rua Figueiredo (around kiosks) 10.12.2021 Hand-held, head height blue

continue taking photographs with the built-in automatic mode. This resulted in a more stable color reproduction
under various lighting conditions, i.e. cloudy sky compared with sunny, cloud-free weather.

Another problem that occurred when capturing the photographs comes with the moving sun. Over the day,
the shadows change their position and length. As capturing the photographs took time (at least 1–2 hrs per set),
light could heavily change during one walk. Thus, the lighting and the colors of the pictures vary a lot. If the
differences are too big, the colors become blurred and look faded and dirty.



3 PHOTOGRAMMETRIC PROCESSING
3.1 From image alignment to a textured model
Once the photographs were taken, the pictures were post-processed in order to build a photogrammetric model.
For this purpose, the software Agisoft Metashape (version 1.8.3) was used. It aligns multiple pictures by trian-
gulation and allows to generate point clouds, meshes as well as textured object models [6, 7].

Figure 3. Photogrammetry workflow. A: Filtering and marker selection, B: Sparse point cloud, C: Dense point
cloud, D: Mesh generation, E: Texture mapping

After manually removing some ineligible photographs, the post-processing followed a two-step approach:
Steps A–D of the procedure were performed separately for part I (2064 pictures along the street Rua Figueiredo
de Magalhães) and part II (2074 pictures for the beach) and joined afterwards in order to economize computa-
tional power. In detail, the post-processing contained the following steps, cf. figure 3:

A. Filtering and marker selection:

• Firstly, pictures with a non-sufficient quality (Metashape’s quality value of less than 0.5) were excluded.

• Markers (at least 4) were manually positioned on, e.g., manhole covers and road signs to align those
pictures that were not automatically aligned in first place.

• Masking was applied to remove parts of pictures that compromised the point cloud quality, i.e. mainly
the sky was removed from the pictures.

• Further filters were applied adjusting the parameter settings for "reconstruction uncertainty", "projection
precision" and "reproduction error" as well as an optimization of the camera positions.

B. Sparse point cloud

C. Dense point cloud:

• A bounding box was defined to exclude distant outliers.

• Filtering dense point cloud according to the confidence level; noise (conf. level ≤ 2) was removed.

• With the "Selection" tool, ghost objects (cars, trees, road signs) were manually removed.

• Over-determined areas were reduced by defining a minimum spacing between points.

D. Mesh: The mesh was generated from the dense point cloud. Interpolation was activated to close remaining
holes. Smoothing was used to remove too complex polygon structures.



E. Texture: The full mesh was textured from the photographs with a texture map of 4096x1 px, see result in
figure 4.

Figure 4. Textured model derived from authors’ terrestrial photographs

3.2 Amendment with flyover photographs
As seen in figure 4, the quality of the reproduced model was so far insufficient for an audiovisual immersion.
Furthermore, the holes in the model prevent the use of geometrical acoustic simulation techniques.

To close our model, we combined the model derived from the presented terrestrial photogrammetry with a
photogrammetry-based model derived from Google Earth2 flyover captures of the beach and Avenida Atlântica.
The result of this amendment, which is only incorporated into part II so far, is depicted in figure 5.

Figure 5. Combined model (terrestrial + flyover photographs) with texture

2https://earth.google.com, accessed on 2022-06-13

https://earth.google.com


4 SIMPLIFIED MODEL FOR ACOUSTIC SIMULATION
While it is, in principle, possible to automatically reduce the mesh size (the number of polygons that form the
mesh), we could not successfully keep important geometries stable and exact. Mainly, the details of facades,
such as ventilators, heat pumps, windows, balconies, balustrade and projections, were not maintained. This is
why we decided on building a new CAD model for the use in real-time auralizations that complies with the
requirement of a reduced number of mesh polygons. It was manually derived from the photogrammetry mesh.
The derived model uses dimensions measured from the photogrammetry model (cf. figure 5) and was built with
simple rectangular blocks. The CAD sketch of the model can be seen in figure 6. The materials were estimated
from the photographs and the corresponding properties were defined on the object surfaces. From this on, the
acoustic model is ready to be simulated with established simulation tools, e.g. to auralize synthesized pass-by
noise in urban environment [8].

Figure 6. CAD model of the urban environment at Copacabana of reduced complexity for acoustic simulation

5 CONCLUSIONS & OUTLOOK
We presented a procedure of capturing and post-processing a complex urban environment for photogrammetry
modelling. This photogrammetry model was used to derive an acoustic model for geometrical acoustic simu-
lations. Both together can be used in interactive audio-visual experiments to study architectural perception and
for auralization-based noise assessment. The models are available at: 10.5281/zenodo.6992946.

The drawbacks we encountered during the post-processing should be briefly discussed: In the camera con-
figuration ii. (high tripod), we slightly tilted the camera to not only capture the horizon but mainly the scene of
interest. This could sometimes have resulted in alignment problems because the horizon may not always have
been clearly recognizable as a landmark. Through adding flyover pictures to our model, we achieved closing
the previously perforated mesh. But the resolution of geometrical details, especially of the facades, as well as
the texture is much lower than from the high-resolution pictures taken by the authors.

Future work will contain a refinement of the post-processing steps with more detailed picture basis (higher
amount of data points), other options for texturing the mesh, the incorporation of flyover photographs at mul-
tiple stages and the testing of filtering algorithms to delete disturbing objects from the photogrammetry model.
Furthermore, we will work on finding mesh reduction algorithms which maintain important geometric features
of building facades that are of importance for the acoustic simulation while reducing the number of polygons

https://zenodo.org/deposit/6992946


significantly. This would allow us to immediately derive the acoustic model from the photogrammetry model
without significant manual adjustments.
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ABSTRACT
This work presents the design and implementation of a perceptionally plausible vehicle pass-by noise synthesis
model for environmental noise auralization. The source model consists of two separate components for engine
noise and road-tyre noise synthesis. Additionally, the model accounts for spatial radiation characteristics by
including higher-order directivity coding. With regard to real-time constraints and parametrical controllability,
the proposed synthesizer is implemented in C++ and relies on procedural audio synthesis using digital waveg-
uide networks and spectral shaping. Striving for the auralization of urban scenarios in VR using multiple object
instances, the model integrates well being computationally efficient.

Keywords: Auralization, Environmental noise, Source modeling

1 INTRODUCTION

1.1 Motivation
Auralization of complex urban scenarios is a promising, but technically challenging approach. From a theo-
retical point of view, urban noise auralization deals with inherent non-LTI (i.e. linear time-variant) properties
of the propagation medium (air) that occurs due to turbulence-induced advection as well as refraction due to
temperature, humidity and pressure inhomogeneities. Beyond the limited scope of urban noise assessments us-
ing level metering based on the the A-weighted equivalent continuous sound level LA,eq, the consideration of
psychoacoustic measures is highly relevant for the acceptance in the population. Auralizations can be used to
predict these psychoacoustic measures at virtual receivers, apart from the opportunity to listen to the auralized
sounds. As exemplarily shown in a recent publication and demonstrated in an according 360◦ video1, environ-
mental noise studies can be performed in Virtual Reality (VR) [1]. An auralization usually consists of separated
simulation models for sources, propagation and receivers [2]. Especially for psychoacoustic perception studies of
noise sources – such as aircrafts, cars or trains – the acoustic source models should reproduce spectro-temporal
characteristics and enable dynamic parameter control for enhanced plausibility.

1.2 State of the art and contribution
Traffic noise auralization approaches based on simulated sources have been performed e.g. in the LISTEN
project [3]. The model combines a pre-calculated road-tyre noise component and additive harmonics for the
engine component. Furthermore, the model is enhanced by horizontal directivities in the frequency range up to
8 kHz. Based on this signals propagation simulations have been performed in combination with measurement-
based [4] or simulated propagation path impulse responses using the pseudo-spectral time domain method [5].
Recently, a framework that includes visualization was developed by researchers at the University of York [6].
With regard to compatibility to the open-source auralization software Virtual Acoustics (VA) [7] and according
real-time constraints, this work presents a vehicle pass-by noise model for dynamic, real-time auralizations.
To the research field on environmental noise auralizations, the presented approach further contributes a spatial

1https://www.youtube.com/watch?v=rudxfV94UwA&list=PLjVMT5BkCe83h299e3FWNivk-MFtRnpw-&index=2
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directivity encoding using the OpenDAFF file format [8]. The framework enables rendering to multiple spatial
headphone- or loudspeaker-based reproduction systems. Due to its server-based nature VA can be interfaced to
visualization engines, such as Unity3D or Unreal Engine.

2 FRAMEWORK FOR URBAN SOUND AURALIZATION
The VA framework is following a three-step paradigm of discrete source, propagation and receiver models. The
following block diagram (fig.1) includes a parameter overview of environmental noise auralization in VA with
the focus of this paper being emphasized in green color. The depiction emphasizes the necessity of a source
model with free-field boundary conditions since all surface reflections are separately simulated by the outdoor
module – that is calculating the effects according to the ISO9613 standard [9] – and urban sound propagation
module.

Figure 1. Block diagram of environmental noise auralization in VA.

3 REAL-TIME VEHICLE PASS-BY NOISE SYNTHESIS
The proposed synthesis model follows the overall goal to be a computationally efficient, reflecting acoustically
free field conditions, being spectrally accurate and customizable model representation of an individual car’s
pass-by noise emissions. With regard to maximum flexibility towards automation and multiple host software
compatibility, the synthesizer module is implemented in C++ as a Virtual Studio Technology (VST) plugin.

3.1 Concept
The model consists of two separate source components: Road-tyre noise (chapter 3.2) and engine noise (chapter
3.3). The concept of vehicle pass-by sound auralization is shown in fig.2. The propagation is simulated along
multiple propagation paths so that the source model should have spherical properties (yellow sphere). Practically,
this is implemented using the OpenDAFF format with spatio-temporal discretized information (green circles).

Figure 2. Digital twin model of vehicle pass-by noise auralization.



As shown in fig.3 the spatial sound source signal is the convolution result of a parametrically synthesized sound
signal with additional directivity.

Figure 3. Concept of real-time parametric sound synthesis: The omnidirectional component is implemented as
procedural processor and convolved with higher-order spatial components.

3.2 Autoregressive modeling of road-tyre noise
The proposed modeling approach assumes the tyre-road sound component – including all its complex aerody-
namic and mechanic sound generation mechanisms – to be purely noisy, i.e. free of tones. In order to find a
compact model description of this noise, a two-step analysis-and-synthesis procedure (chs. 3.2.1 and 3.2.2) is
discussed in the following and depicted in an according flowchart (fig.4):

Figure 4. Flowchart of the iterative filter optimization approach for finding an IIR filter representation of vehicle
pass-by noise.

3.2.1 Road-tyre noise analysis
In a first step the statistical properties of an inversely filtered and calibrated vehicle pass-by recording (paral-
lelogram) are analyzed. The procedure of inverse filtering is described in [10] and is based on time-variant
backpropagation. The resulting signal contains information on the directivity that can be decomposed into an
omnidirectional and a higher-order components. After inversely filtering the backpropagated effects, the signal
must be furthermore equalized for angle-dependent receiver properties of the measurement microphone. Gener-
ally, two approaches are useful for the spectral fitting of the omnidirectional component: Autoregressive model-
ing (AR) and linear prediction. For both techniques the goal is to determine parameters of a linear filter whose
output theoretically could yield the same numerical results:

• From linear prediction technique, a FIR filter that predicts future samples of an autoregressive process,
which is based on a linear combination of past samples, is created.



• From AR modeling an all-pole IIR filter is created that, by convolution with white Gaussian noise, pro-
duces a signal with the same statistics as the autoregressive process to be modeled.

Since the phase response of the digital filter has no audible impact on the resulting convolved signal with the
white noise excitation – and the filter’s group delay can be neglected since the excitation signal is stationary –
the second approach based on recursive IIR filters is chosen to address the low-order, feature preservation and
minimum storage requirements. The algorithmic procedure for finding the filter parameters is briefly described
in the following. The power spectral density (PSD) of a pth-order autoregressive process is [11]

PAR(e jω) =
|b(0)|2∣∣∣∣1+ p

∑
k=1

ap(k)e− jkω

∣∣∣∣2
(1)

with a and b being the IIR filter coefficients resulting by solving Yule-Walker equations with the Levinson
algorithm. The PSD at the output of the IIR filter is given by the magnitude-squared of its frequency response
multiplied by the variance of the white Gaussian noise input.

3.2.2 Road-tyre noise synthesis
For real-time synthesis, the resulting coefficient vectors from the analysis step (ch. 3.2.1) must be converted in
a format conventional C++ libraries can handle. A common approach is the use of cascaded biquads: The IIR
filter block is a cascaded chain of second order sections (SOS) where each SOS consists of a limited number
of coefficients b and a from the solution of equation (1) or alternatively a high-pass, low-pass, parametric or
shelving filter defined by its parameters frequency f, gain G and quality factor Q (fig.5).

Figure 5. IIR filter design consisting of n cascaded second order sections (SOS).

The number of SOS elements depends on the coefficients to be handled. The required number is assessed by
comparison of the vehicle’s averaged near-field radiation spectra with synthesized noise spectra (fig.6). At order
30, a sufficient approximation – that is indistinguishable in its audibility – of the original spectrum is achieved.
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3.3 Engine noise synthesis
In addition to the road-tyre noise component, synthesized engine sound are implemented. The real-time synthe-
ses of intake and exhaust noise contributions are based on the Baldan model [12]. Corresponding to the time
of a full engine cycle (induction, compression, combustion, exhaust) a sawtooth-like trigger phasor linearly rises
from 0 to 1. Four processes (piston motion, fuel ignition, intake valve, exhaust valve) are derived from this
trigger signal and described by trigonometric functions:

• Piston moves up and down two times during one cycle → Cosine wave.

• Intake valve and exhaust valve opening → Positive half cycle of a sine wave.

• Variable pressure increase due to fuel ignition → Parametrically controllable width of the fuel ignition
pulse.

The engine model fundamentally assumes the intake, cylinder and exhaust system to be a tube network with
each tube being realized by a digital waveguide [13]. The implementation of a digital waveguide is the founda-
tion for the synthesis of the engine sound: The sound field inside a waveguide is composed of two time-discrete
input signals x0[k] and x1[k] and two output signals y0[k] and y1[k] (fig.7).

Figure 7. Schematic of the digital waveguide.

On each delay line the waves propagate in both directions: Due to its variable reflection coefficients α and β

a certain part of an incoming wave is reflected at the end of a delay line. The total propagating wave results
from the constructive or destructive interference of the outgoing and the return wave: For multiple integers of
half wave lengths being equal to the waveguide length results in a standing wave of high amplitude. Except
from this case the interference is destructive.
A digital waveguide consists of two delay lines that support very fast modulation of the implemented delay
length without any audible artifacts or clicking noise, which is essential for a plausible result. Each delay line
stores values of an audio stream. A simple storage in terms of a first-in-first-out (FIFO) memory would not
be sufficient, since the variable cylinder tube length due to the piston motion must be mimiced. Therefore, the
delay line is implemented as variable delay line (VDL, fig.8). Each VDL consists of one write position and
two read positions where new values are written into, or read from the VDL.

Figure 8. Schematic of the variable delay line (VDL) implementation.



The sound synthesis originates from a cylinder and is spectrally filtered by the intake and outlet elements. The
latter are modeled as waveguides of fixed length, with modulated reflection at the valve end and a fixed re-
flection coefficient at the free end. Additionally, the intake path is fed with lowpass-filtered white noise to
simulate turbulences in the air and the fuel mixture. The exhaust path consists of a centrally positioned muffler
with inlet and outlet tubes. The spectrally complex modeling of the muffler attenuation is based on four digital
waveguides with length-tuned delay lines resulting in destructive interferences.

3.4 Directivity model
As mentioned in chapter 3.2.1 the presented modeling approach is based on inversely filtered and calibrated ve-
hicle pass-by recording in order to capture information on the acoustic far-field directivities of moving sources.
In such a far-field directivity, some effects on the wave propagation are included that cannot be easily simulated,
even with elaborated numerical methods, and therefore have to be measured:

• Advection due to the object speed and the laminar flow around the moving object;

• Refraction due to turbulent flow at body cavities;

• Diffraction due to object geometry;

• Scattering due to surface roughness (of asphalt) that in turn influences both sound generation mechanism
and the near-field propagation.

In order to obtain a directivity that is comparable to free-field conditions, the measured signals from the pass-by
are corrected for

• an image source that appears due to the surface impedance,

• the geometrical distance law-dependent loss, and

• the air absorption between the measurement point and the virtual directivity hull of the moving object.

The higher-order directional component is the angle-dependent spectral difference between the omnidirectional
component and the according compensated near-field spectrum. The angle-dependent filter curve is stored as
impulse response using the openDAFF file format that is conveniently integratable to the VA auralization frame-
work. According to the slice width of the backpropagated signals, the DAFF file contains magnitude spectra
with an angular resolution of 10◦.

4 Integration to urban auralization framework
The presented vehicle pass-by noise synthesis model yields a spatial and spectro-temporal description with free-
field properties and therefore can be combined with any sound propagation simulation engine. A tool for sim-
ulating propagation paths in 3D models is the image edge model [14]. For vehicle pass-by auralizations infor-
mation on acoustic properties of surface materials can be provided to the propagation algorithm by application
of parameter-based material models of non-porous and porous asphalt [15]. As shown in fig.9 the second-order
reflection and diffraction sound propagation paths are simulated between a fixed vehicle and a virtual receiver
position inside an auralization model of the urban Copacabana site [16].



Figure 9. Simulated second-order reflection (green) and diffraction (yellow) ray paths between a vehicle and a
virtual receiver in a Copacabana site auralization model [16].

From the source’s point of view, the outgoing waves emanate in different horizontal and vertical directions.
The auralization renderer convolves every path’s impulse (defined by its delay τ and gain g) with the according
spatial radiation signal (see fig. 3). For the defined scenario, the overall impulse response consists of 59
impulses (fig. 10, left). The according transfer function (fig. 10, right) reflects the spectral influences of the
outdoor sound propagation effects as defined by [9], i.e. geometrical spreading loss, atmospheric attenuation,
ground effect and diffraction whereas theoretical influences due to turbulence in urban sound propagation are
deliberately neglected as they do not play a significant role.
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Figure 10. Impulse response (left, normalized) and according transfer function (right) between the vehicle’s
position and the virtual receiver’s position from the scenario in fig.9.

5 CONCLUSIONS
Still of ongoing research, this paper presents the concept and details on a real-time implementation of a synthe-
sizer of vehicle pass-by noise including spatial information of distinct road-tyre noise and engine noise compo-
nents. The synthesizer code is efficiently implemented in C++ and compiled using the Virtual Studio Technology
(VST). The synthesizer can be applied and parametrically automated in a wide range of host applications, such
as digital audio workstations (DAW) or real-time auralization renderers such as Virtual Acoustics (VA). Further
research will focus on the individualization of different types of cars and tyres, as well as the integration of
an Acoustic Vehicle Alerting System (AVAS) component to the synthesizer accounting for acoustic features of
electric cars.
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ABSTRACT
The problem of noise annoyance that is due to the characteristics of wind turbine noise such as amplitude
modulation is an important factor against the building of wind farms. It would thus be beneficial to predict the
noise that is generated by the wind turbines in the design phase itself. The auralization tool discussed in this
article synthesizes the noise generated by wind turbine blades with the help of trailing edge noise and turbulent
inflow noise models. The parabolic equation is used to include propagation effects associated to the ground
impedance and the temperature and wind speed gradients. The effect of scattering due to atmospheric turbulence
in the acoustic signal is added to this synthesis tool. To achieve a convincing signal of the environment of the
wind turbine, pre-recorded background noise can be added to the time signals. The resulting signal corresponds
to a wind turbine noise in an outdoor environment which can be used readily. The influence of the various
parameters on the perception and annoyance due to wind turbine noise can be studied in detail using this tool.

Keywords: Auralization, wind turbine noise, Annoyance, Parabolic equation, Harmonoise model

1 INTRODUCTION
Wind energy is among a few green energy sources which serves as a replacement for conventional polluting
energy sources and evidently a steady rise in the number of wind farms can be seen [3]. However one of
the main issue due to the installation of wind turbines is the potential impact of the noise generated by the
moving blades leading to potential causes of annoyance and disturbances in sleep patterns for people living in
the vicinity of wind farms [17, 9]. One way to avert this bargain between concerns on the generated noise and
the necessity for building wind farms is to predict the noise generated by the wind turbines in the design phase
and accordingly adapt them to the requirements. For an accurate prediction of the noise based on controllable
parameters, it is necessary for the model to be physics-based. Synthesis of this noise into time signals can also
be used to study psychoacoustic questions such as disturbance and annoyance caused by wind turbine noise.

The main sources of broadband wind turbine noise as known in the literature are turbulent inflow noise
(TIN), trailing edge noise (TEN) and stall noise [22, 15, 1], among which stall noise is the most intense
and is produced only when the angle of attack of the blade is large. Thus, as a simplest case scenario the
TIN and TEN which are observed as dominant sources of wind turbine noise are considered here. Another
important component that influences the received noise is the propagation of the generated sound through an
inhomogeneous atmosphere and its reflection off the semi-porous ground. In an outdoor environment, the sound
received from a point source can be modelled based on the characteristics of the noise source that is modified
by the influence of the propagation effects of the environment. To account for the propagation effects through
the atmosphere the parabolic equation (PE) methods have be used widely [2, 6, 23] and have also been applied
to the models of wind turbine noise [4, 10, 11, 5]. The new formulation of the parabolic equation as given
by Ostashev et al. [16] is used to compute the effect of the refraction and ground reflection of the sound in a
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moving medium. The effect of scattering due to turbulence in the atmosphere that is accounted for through the
Harmonoise model [19] which we implement here. In this study we synthesize noise from a Megawatts wind
turbine which includes the propagation effects while benefiting from the moving monopole model [5] coupled
with the synthesis tool for wind turbine noise [13]. We first describe briefly the wind turbine noise model in
Section 2 and present a few test cases in Section 3.

Figure 1. Schematics for the wind turbine sound synthesis tool with the receiver represented as a sphere.

2 WIND TURBINE NOISE SYNTHESIS MODEL
The sound pressure level (SPL) in dB observed by a receiver from a point source in the far-field is given by
[20]:

SPL = SPL f f +∆L−αabsR, (1)

where SPL f f (dB) is the sound pressure level observed at the receiver position in free-field, ∆L (dB) is the
sound pressure level relative to free field, αabs (dB/m) is the atmospheric absorption coefficient [20] and R (m)
is the direct distance between the point source and the receiver. The SPL f f is characteristic of the source while
(∆L−αabsR) includes the effects observed due to propagation of the sound through the atmosphere. For the
wind turbine system, the noise from the blades can be modelled as multiple point sources along the length
of the blade, whose individual sound propagates through the atmosphere [22, 5]. In the wind turbine noise
model, the blades are divided into a number of segments whose contribution to the total sound is accounted for
separately (Fig. 1) for the receiver at the position defined by the distance from the hub xR, the height of the
receiver zR and the orientation of the receiver with respect to the wind direction θ .

The wind turbine noise source model developed by Tian and Cotté [22] predicts the trailing edge noise
(TEN) and turbulent inflow noise (TIN) generated by a segmented wind turbine blade based on Amiet’s theory.
The presented wind turbine noise model adapts this approach and predicts the SPL f f (dB) for the TIN and
TEN for a receiver in free field for each segment at each discrete angular positions. The TEN is computed
using Goody’s model of the wall pressure spectrum (WPS) [7] for the pressure side and Rozenberg and Lee’s
model of the WPS [12, 18] for the suction side of the airfoil. The TIN is computed using the Kolmogorov
energy spectrum which is determined based on the turbulent dissipation rate (TDR) ε(m2/s3). The frequency-
domain model approximates the complete rotation of the blade as a series of translations with discrete angular
positions. Following Sinayoko et al. [21], the convective amplification and Doppler effect observed on account
of the moving blades is considered to obtain the the instantaneous PSD.

A few of the propagation effects that have an influence on the sound in the outdoor environment involve
refraction due to the wind speed profile, ground reflection, atmospheric absorption, scattering due to turbulence



in the atmosphere [20]. We implement the wide angle parabolic equation in a moving medium (WAPE-MM) to
account for the effect of the sound refraction and ground reflection obtaining the term ∆LPE [16]. The influence
of the ground impedance parameters in the form of the normalized admittance for the boundary conditions of the
WAPE-MM is important in the interference patterns caused by the wave reflected off the specific ground. These
ground impedance parameters can be estimated for a real ground using the method suggested by Guillaume et.
al. [8] for the Miki model [14] which relate to the impedance observed in terms of the air flow resistivity of
the ground σ(kNs/m4) and the effective thickness e(m). The estimated impedance parameters for a few realistic
grounds are included in this model. For the effect of scattering due to turbulence, the Harmonoise model [19] is
implemented to obtain the term ∆Lscat . For consistency with the source model, the turbulence energy spectrum
used is the Kolmogorov spectrum. The total relative sound pressure observed by the receiver is thus given by:

∆L = 10log10(10∆LPE/10 +10∆Lscat/10), (2)

which accounts for the refraction due to the wind speed profile, ground reflection and the scattering due to the
atmospheric turbulence.

For this study, the WAPE-MM implemented is calculated using a grid resolution of ∆x=∆z < λ/20, where
λ is the wavelength of the propagated sound. A second-order Salomons initial starter at xS = 0 is used at the
required source height zS. The wind speed profile moving in the positive x-direction implemented follows the
power-law profile given by:

Ux(z) =Ure f

(
z

zre f

)α

(3)

where Ure f is the reference wind speed taken at the hub height zre f =80m and α is the wind shear exponent.
The effective wind speed profile observed for a receiver at the orientation θ is thus: U = Ux cos(θ).

For the calculation of the ∆L, the source and the receiver positions are evidently important parameters in
the influence of the propagation effect. However, to be coupled with the emission model described above,
the computation of the propagation effect for each segment of the blade at each height is expensive and time
consuming. We benefit from the moving monopole model which suggests the computation of ∆L for a finite
number of heights and approximates the height of each the noise source of the wind turbine model to the
nearest-neighboring height [5]. Following the suggestion that the approximation of 7 heights or more in the
moving monopole model provides satisfactory results for the implementation of the propagation effects, we
compute ∆L for 7 heights distributed between the highest and lowest heights of the blade noise sources.

With the SPL f f computed for the source model and ∆L−αabsR to account for the propagation effects, we
obtain the frequency response for each moving segment at each discrete angular position. To synthesize a time
signal from the frequency-domain of the wind turbine noise, we use the method of Mascarenhas et al. [13] by
synthesizing the contribution of each blade segment at every angular position by availing of the Inverse Discrete
Fourier transform. The individual time-signals of the segments at each angular position termed as grains are
multiplied with an adaptive window and arranged on the basis of their corresponding propagation time. The
adaptive window is used with an overlap of Ψ=100% to account for the different propagation times of each
segment which is suggested [13]. As each of the blade segments in rotation are assumed to be uncorrelated
with individual contribution to the total noise, the grains are synthesized separately for the TEN and TIN and
then summed together at the corresponding time step. The synthesis of the total wind turbine noise is done
with the inclusion of the propagation effects for a few test cases that are described in the next section.

3 TEST CASES
The modelled wind turbine has a hub height of H = 80 m with a blade span of 45 m divided into 8 segments
and rotational speed Ω = 1.47 rad/s for the blade moving with Nβ = 36 discrete angular blade positions. The
receiver is placed at a distance of xR and constant height zR = 2 m with the orientation θ with respect to the
wind direction (Fig. 1). The implemented wind speed profile follows the power-law profile as in Eq. (3) with
the wind speed Ure f = 8m/s at the reference height zre f = 80m and wind shear exponents α . The SPL f f is



Table 1. Test cases done with xR= 500m, TDR ε = 0.0115m2/s3, Ground parameter for Grass-summer: σ =
354kNs/m4 and e = 0.0157m, Grass-winter: σ = 631kNs/m4 and e = 0.006m.

Cases θ (deg) Ground Wind shear exponent α

A 80 Free field -

B 180 Free field -

C 80 Grass-summer 0.5

D 180 Grass-summer 0.2

E 180 Grass-winter 0.3

computed for the TEN and TIN between the frequencies between 100 Hz and 6000 Hz. For the propagation
model, the influence of the scattering due to the turbulence ∆Lscat and the atmospheric absorption αabsR are
calculated for the same frequencies and all the segments at each height. The ∆LPE is calculated from 100 Hz
until 2300 Hz using Nhts=7 heights which are equally distributed between 35m to 125m as per the moving
monopole model. The average value of ∆LPE of the 3rd octave frequency band at 2000 Hz is taken as the value
of ∆LPE for the frequencies between 2300 Hz and 6000 Hz. We synthesize the signals of the wind turbine noise
at the sampling frequency of fs=44.1kHz between the frequencies fmin= 100 Hz and fmax= 6000 Hz for the few
test cases which are described below. More signals are provided here: [link]. In the signals provided, 0 dBFS
corrsponds to 0.1Pa. The spectrograms of the test cases are shown in Fig. 2 to 4. For a quantitative comparison
of the different test cases, the time averaged SPL is plotted in Fig. 5a. The maximum computed difference in
the amplitude that is observed by the receiver during the rotation of the wind turbine blades for each frequency
is seen in Fig. 5b as the amplitude modulation (AM).

Figure 2. Spectrogram for cases A (left) and B (right)

From comparing the cases A, B with C, D and E it can be seen that the effect of the propagation is
significant in the spectra generated as well as the AM (Fig.5). From case A and C that effect of the ground can
be seen in the interference dips caused by the direct and ground reflected wave while the AM is the same for
most frequencies but different for others. In the downwind condition as seen in cases B and D the interference
dip is also seen but the AM is significantly different. This is because the wind turbine blades rotating in
the inhomogeneous atmosphere experiences different amounts of propagation effects in the term ∆L−αabsR at
different heights. The effect of the type of ground and the wind shear exponent is seen in the cases D and
E where the SPL is not very different as compared to the computed AM. For all the cases that include the
propagation effects (C, D and E), it is seen that the generated AM is not the same for all frequencies.

https://sites.google.com/view/david-mascarenhas/ica-2022


Figure 3. Spectrogram for cases C (left) and D (right)

Figure 4. Spectrogram for case E

4 CONCLUSIONS
We present a physics-based synthesis model of wind turbine noise in a moving medium with ground effect and
turbulence. The source model is based on Amiet’s theory for the TEN and TIN. The propagation model uses
the wide angle parabolic equation in a moving medium to consider the refraction due to the wind speed profile
and ground reflection off the semi-porous ground. The effect of scattering due to turbulence is accounted for
by using the Harmonoise model based on the Kolmogorv spectrum. The synthesis method of Mascarenhas et
al. [13] is used to obtain time signals of the wind turbine noise under the specific desired conditions.

From the test cases it can be seen that the effect of the propagation significantly changes the response
observed in free-field. The model is able to capture the effect of the wind profile on the propagated sound as
well as the ground effect with realistic ground impedance parameters. The individual effects of the controllable
parameters that contribute to the predicted sound can be studied further with the help of this model.

The effect of the scattering due to turbulence is mostly significant in the shadow zone of a particular point
source. The computed result is a certain obtained level in the shadow zone depending on the amount of required
turbulence. However, in the wind turbine noise model as an extended source, the effect of scattering of the
sound in the shadow zone is not the same for all the heights and is thus the overall effect is not very significant.
The turbulence effect on the phase and amplitude fluctuation may be important components which add realism
to the signal which are yet to be added to complete the model. This physics-based synthesis model is relatively
adaptive to the requirements of the study. This makes it an useful tool for further studies that can avail of
this model. One such application is that use of this model for psychoacoustic analysis of the contribution



(a) (b)

Figure 5. (a) Time-averaged SPL and (b) AM of the test cases that are given in Table.1

of individual components of the model on the impact of wind turbine noise. With this model we achieve a
straightforward way to synthesize the noise observed from one wind turbine. We can proceed in this same
course to synthesize an entire wind farm with this tool and thus study the noise on wind farm in the design
phase itself .
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ABSTRACT
Virtual concerts have become an emerging form of music performance, and it casts a perspective on the
development and exploration of real-time interactive virtual spaces as well as the creation of digital twins.
This paper introduces a customizable interactive immersive concert hall system, which can meet the diverse
needs of different roles such as audiences, musicians, conductors and audio engineers. It supports switching
between different concert hall scenes, changing the placement of orchestra, adjusting instrument volume,
and listening to selected instrument ensembles while performing in the concert hall. The system also
supports real-time switching between different music pickup types and microphone frequency responses.
The system simulates the architectural acoustic environment of outstanding concert halls around the world,
and is enabled with real-time auralization.

Keywords: Concert Hall Acoustic Simulation, Real-Time Auralization, Interactive Immersive Acoustic
Space

1. INTRODUCTION
With the development of computer science and digital media technology, virtual reality

technology is no longer used only as an image rendering tool. More and more interactive virtual
environments are being applied across borders in the fields of architecture, industry, education, and
tourism, creating results that drive the industry forward. Music performance, as one of the industries
with the highest demand for audio technology, should become an important object of research and
application for virtual acoustics. A certain number of scholars have already launched related
research, some stage acoustic simulation techniques and real-time audible functions have been
developed, related acoustic evaluations have been carried out. The proven acoustic reliability of
virtual scenes calls for more applied R&D. A development plan for an application-based system
which is close to the needs of the industry was created.

The need to recreate the architectural scenes of a real concert hall in a virtual system is a
technical requirement that is critical to the experience of concert hall audiences and music
appreciators. In addition, for musicians in the performance industry, the development of virtual
platform-based rehearsal and performance simulation systems can help artists shift the stage from
offline to online to help solve the current situation of touring difficulties, talent loss, and difficulty
in establishing cultural and artistic brands in the context of the epidemic.In addition, the public
appreciation mode is gradually changing from passive appreciation to active control, and as more
and more music applications add features such as frequency equalization and reverb switching, we
have seen the threshold of audio technology lowered and music applications are looking forward to a
technological and conceptual innovation. Instead of following the footsteps of increasingly



professional music lovers to upgrade product features, professional audio features should be added
directly to mass-market application products. A full chain of applications serving the music
performance industry should be designed, and more people should be encouraged to reach out to the
specifics of professional audio, regardless of their background.

In this paper, we propose a customized interactive immersive system serving professional
musicians and appreciators based on auralization, virtual acoustics, and architectural acoustics, with
an eye on the various dilemmas and needs of different players in the music performance industry in
the context of the times.

2. RELATED WORK AND BACKGROUND
In 1999, virtual acoustics was summarized as sound source modeling, transmission medium

(room acoustics) modeling, and receiver (listener) modeling, and this concept of
source-room-listener model has been used in the field of virtual acoustics until today (1).
Auralization belongs to a subordinate branch of virtual acoustics in the sense of acoustic modeling
and playback, and the continuous integration of new simulation algorithms, sound synthesis and
signal processing tools has led to the rapid development of auralization (2). In this paper, the
research work related to virtual acoustics involving audibility is organized into the development of
room acoustic simulation technology and the construction of interactive virtual acoustic
environments for a variety of application scenarios, which will be presented in the following
sections.

Room acoustic simulation starts from sound propagation theory and builds a variety of physical
propagation models including reflection, diffraction, and other acoustic phenomena through computer
simulation algorithms (3). Spatial sound rendering is the core technology used to simulate realistic
auditory environments, and a large number of innovative sound rendering algorithms have been proposed
that can be summarized as acoustic wave equation methods (also known as wave-based methods),
geometric methods, and hybrid methods. The advantage of wave-based techniques lies in the realism and
accuracy of sound propagation simulation calculations, such as WAVE (4). Geometric methods include
image-source methods, ray tracing, and beam tracing, which are flexible, high-speed, and easy to interact
with (5). Due to the development of software science, a framework for real-time simulation of room
acoustics based on geometric methods has been developed. Examples are RAVEN (6), EVERTims (7).
Hybrid methods select wave-based methods with the use of several of the geometric methods. Some
hybrid methods using two or more geometric methods are used in commercial tools for acoustic
simulation, such as Odeon (8) and EASE (9).

On the other hand, virtual reality technology enhances the immersion of virtual acoustic environments
and raises the expectation of two additional dimensions, i.e., multimodality and real-time interaction (10).
Common application scenarios include urban noise planning (11), architectural noise studies (12-14),
audio-visual sensory studies integrated into soundscapes (15), soundscape reproduction (16), and acoustic
reproduction and preservation of ancient buildings (17). There are also studies that integrate virtual
reality with music performances to create virtual performance environments (18, 19). McGill University
developed the VAT (The Virtual Acoustics Technology) system (20) and investigated the effect of virtual
acoustic systems on musicians' perception of room acoustics and their musical performance. The virtual
environment was also used as a virtual acoustic practice room to study the vocal behavior of female
singers in different virtual acoustic environments and the effect of the room acoustic environment on
vocal perception (21).

Room acoustic simulations focus more on technical development and algorithmic innovation, and
most of their research results are presented in the form of plug-ins, frameworks and systems that
provide strong technical support for subsequent research projects. Interactive virtual acoustic
environments, on the other hand, build on existing technological tools to further extend the
application of virtual spaces to a wider range of scenarios. Based on the existing platform and
development tools, this paper carries out the development of a virtual concert hall application system
with integrated practical functions with human design at its core to solve practical situational
dilemmas.

Starting from the field of music performance, this paper proposes a multifunctional customizable
interactive immersive concert hall system that combines the usage needs of audiences, musicians,
conductors and audio engineers. Considering the performance requirements of fast real-time
computation, geometric acoustic-based simulation algorithms are the best choice to achieve acoustic
interaction, and a multi-engine based cross-platform development pipeline will be used to fill the
technical gaps between professional development platforms through flexible switching and joint



collaboration between them to form a complete and comprehensive solution.

3. FUNCTIONAL DESIGN
In this paper, we develop a customized interactive immersive concert hall system in which people

can roam. Taking the Chinese Orchestra as an example, the system is equipped with eleven
instruments and simulates the real-time acoustic environment of an interactive immersive concert
hall during a musical performance. The system also incorporates a user interaction module that will
allow users to make real-time customizations to the music being played in the system and the system
acoustic environment. The core design concept involving virtual reality, sound transmission, sound
propagation and other working steps is shown in Figure 1.

Figure 1 – Functional design of the system

3.1 For Concert Hall Audiences
Through sound, vision, touch, smell, and taste, multi-sensory integration into a scene can create

an immersive experience (22). In order to simulate the experience of being there, immersion
becomes the top issue to be considered in the design of audience-oriented concert hall system.The
system provides an immersive experience for the concert hall audience through a combination of
audio and visual senses. In the system we develop a roaming function, and the camera is specially set
to the first-person view. The virtual character can be manipulated to roam in various locations of the
concert hall, standing and listening. To better restore the experience of identifying listening position
in the real world, the system adds the head turn function, audiences can control the virtual roaming
character's head turning through the keyboard direction keys, thus, the change in the orientation of
the sound source is perceived in the process.

Considering that comparing different part of the sitting area is the most urgent demand of the
audience, this concert hall system realizes the interaction between the listener and the sound field
through real-time audible simulation. During the roaming process, as the position of the character
changes, the interactions between the character and the nearby building and sound sources are
calculated by the computer in real time and fed back as a ray carrying sound information. What
might happen is, the listener roam around to feel the effect of the concert in different positions, and
they can also walk to the stage to experience the working point of view of the orchestra conductor,
standing by each instrument up close and get to know its acoustic characteristics.

3.2 For Orchestra & Conductor
The system's functions for orchestra musicians are designed to focus on the dilemmas they face



when working on a global tour. Virtual rehearsals are one of the solutions to the time, travel, and
manpower challenges faced by touring orchestras, and this concert hall system can be used as a
virtual rehearsal hall to simulate the performance of music in different arrangements and genres. The
system is also suitable for open house events and online performance venues. To reproduce the
architectural acoustics of a real concert hall, this system uses both virtual reality technology and
binaural room impulse response, simulates an acoustic environment based on sound propagation
principles, geometric feature models, and acoustic materials.

The system enables switching between different concert hall scenes with the click of a button.
Musicians can rehearse online without being physically present in the real world. This system is also
preset with a variety of classic orchestra position modes for the operator to switch at a single click,
and it enables dragging and dropping to adjust instrument positions during performances. This
function can be used to research the stage acoustics of classical instruments, improved instruments,
and innovative instruments in different positional situations.

3.3 For Audio Engineers
The system is also designed with a range of audio functions for professionals to practice their

skills in the virtual workplace, as well as for music lovers to experience and explore. Given that
digital audio workstations are the most familiar working environment for audio professionals, an
interactive control system in the form of a digital audio workstation is the core requirement. This
concert hall system creates several comprehensive control panels that support customized
adjustments, and all parameter variable changes will have an effect while the virtual orchestra is
performing, without causing pauses or jams.

For mix engineers and music acoustics researchers, the volume of each instrument track in the
orchestra is allowed to be adjusted, and the system supports selective playback and mute when
mixing specific instrument groups or adjusting the overall sound level of the piece. The system also
supports switching and bypass of the reverb effect.

The major work of recording engineers and stage technicians is to deal with various microphones,
and the selection and matching among multiple microphones need to be especially analyzed and
designed. Recording engineers are tasked with delivering first-hand music, but it is difficult to grow
quickly without hands-on learning in the field, and one solution is to simulate recording online for
adequate preparation. As a result, the system supports switching and critically listening to audio files
recorded with different pickup types and frequency responses of microphones. The function can also
contribute to building a digital microphone library.

4. TECHNICAL FRAMEWORK

4.1 Concert Hall Modeling
3D virtual reality technology has greatly assisted the room acoustics simulation needed for

architectural acoustics and virtual acoustics research due to its real-time development and flexible
integration characteristics. Unity, the industry-leading real-time 3D development engine, is chosen
as the scene rendering platform, which has strong interactivity and cross-platform characteristics,
and can be integrated with professional modeling software and interactive audio engine, while the
developed UI system is also carried on the engine, and eventually the above is integrated into an
application system.

The system includes one concert hall model, one scene roaming character model, and eleven
Chinese Orchestra instrument models. The scripting of character roaming and instrument moving
functions is done through C#, a programming language supported by Unity.

4.2 Sound Field Simulation
The audio processing workstation for this system is built outside of Unity and is completed in the

audio middleware Wwise, a leading interactive audio design and development tool that supports
cross-platform development, can be flexibly embedded in the system production pipeline, and offers
some powerful spatial audio rendering plug-ins. As shown in Figure 2, the sound processing chain
includes the specific handling of direct sound, early reflection, and late reverberation.



Figure 2 – Technical process and framework of audio signal flow

4.2.1 Object-Based Direct Sound Setting
In this system, sounds are set up as point sources with their position coordinates given to the

instrument models in the scene and changed as the instrument models move. Attenuation modeling
to simulate the natural sound decay is done in this step, and all sources are classified and the
corresponding distance decay curves are created. To simulate the airborne effect, recursive filters for
different frequencies are also used. The directional patterns of instruments in spatial audio is
accomplished by cone attenuation, as the listener's orientation changes, such as forward, sideways,
and backward, different degrees of volume attenuation and filtering effects occur, and the listener
can directly perceive the process of sound change with direction.
4.2.2 Early Reflection Simulation

Early reflections reveal the size and shape of the room, and are directly related to the distance,
direction, and material information of various reflective obstacles in the propagation path, which
together constitute the listener's judgment of spatial location, and this part should be detected and
calculated in real time. Wwise Reflect, an early sound reflection simulation plug-in developed by
Audiokinetic was chosen to help construct early sound reflection models based on geometric forms
with advanced algorithms. It dynamically presenting early reflections that change in real time based
on the distance and directional relationship between the sound sources and the listener. In this paper,
plug-in algorithm, geometric modeling, filter design and other methods are used. The acoustic model
including the walls, acoustic panels, and audience seating area is established. Segmented matched
filters are designed for simulating different sound absorption materials. The spatialized early
reflection sound as well as the physical phenomena of diffraction and transmission of the concert
hall model are calculated and simulated based on the image-source method and real-time ray casting
technology.
4.2.3 Late Reverberation Simulation

The Wwise Convolution plug-in is chosen for the system, and the late reverberations of the
concert hall system are simulated by means of parameter-based control. We selected nine stereo
impulse response signals recorded from famous concert halls as well as natural, living scenes from
the Bricasti M7 and EchoThief impulse response libraries. The binaural room reverberation sounds
are obtained after convolving the impulse responses with the music stem signals. Multiple auxiliary
buses mounted with convolution reverb effects are added to the audio system to form acoustic
perception of different concert halls, each one will be triggered by the corresponding operator
commands while the system is running.

One issue to be discussed is that the convolution reverb can only convolve one impulse response
signal with dry sound at a single time, and the impulse response signal is actually formed based on
one single point in the concert hall. Strictly speaking, what is perceived is the spatial audio
information standing at one particular point in the concert hall. When the reproduction environment



is changed from a flat 2D to a virtual reality 3D scene, especially when the scene characters can
roam in the auditory environment, with the listening position changes, the convolution reverb will no
longer accurately reveal the real spatial listening sensation, which means that the offline rendered
reverb effect is static and it lacks the spatial position information, nor does it support the rendering
of sound involving head turn positioning. More sound interaction information related to the motion
state of the roaming character should be added to the reverb sound simulation, and one approach that
is used in this concert hall system is to process the dry sound separately from the wet sound. The
convolution reverberation auxiliary bus outputs only wet reverberation, and is set with an attenuation
curve that increases in amplitude as distance increasing. The difference in distance between the
listener and the sound source contributes to the spatial location information. As the wet and dry
sounds transmit through the virtual space, they are smoothly rendered into one reverberation with
integrated information.

4.3 Implementation of the System
As shown in Figure 3, the communication between Wwise and Unity is based on the logic of

Audio Event-Based Packaging, where all audio materials, events and state attributes are packaged
into soundbanks. Through API it can be sent to Unity, where a series of event commands can be
called using C# scripts.

Figure 3 – System implementation
The system outputs audio in a two-channel stereo format. For headphone reproduction, the audio

hardware Nx head tracker developed by Waves is suggested, which helps simulate the effect which is
closer to a speaker reproduction way with algorithms for channel interleaving, filtering and delay,
sound reflections, and sound field displacement.

5. PERFORMANCE
The user interface of this system includes the main control panel, the reverb switching panel, and

the position reset panel.
The main control panel includes volume control for four groups of instruments: wind, plucked,

string bowed and percussion, as well as group mute. Reverb bypass is available by checking
toggle.There is also a button to activate the reverb switching panel. The panel is shown in Figure 4.



Figure 4 – Main control panel
Reverb switching panel includes five classic concert halls in Amsterdam, Berlin, Boston, Chicago,

Vienna and four nature living scenes including bridge, glacier, cathedral and ball court. The panel is
shown in Figure 5-6.

Figure 5 – Reverb switching panel - Halls

Figure 6 – Reverb switching panel - Others
Position reset panel includes three switching buttons. Three types of orchestra positionings are

selected by referring to the performances of the Hong Kong Chinese Orchestra and the China Radio
Nationalities Orchestra. The panel is shown in Figure 7.

Figure 7 – Position reset panel
A real-time profiler is used during the test work to verify the simulation of acoustic phenomena

such as reflections and diffractions based on geometric acoustics. The sound sources, virtual sound
sources, reflection and diffraction rays are shown in Figure 8. The system tests show that the
instrument sources are accurately positioned, that the instrument groups are balanced and well



integrated, and that the visual and aural coherence is largely achieved in terms of the breadth and
depth of the virtual space.

Figure 8 – Refections and diffractions

6. SUMMARY AND FUTURE WORK
In this paper, we develop a customized interactive immersive concert hall system by means of

digital twins, virtual reality, sound field simulation, and interactive function development. Multiple
functions are designed for audience, musicians, conductors and audio engineers. We completes the
modeling and scene rendering of the concert hall in the virtual reality engine, and integrates the
interactive audio development middleware into the system production pipeline, taking the physical
propagation model of direct sound - early reflection - late reverb as the starting point, simulates the
acoustic phenomena of reflections, diffractions, diffusions, absorptions, and transmissions based on
the geometric acoustic methods. In the system, we presents the major famous concert halls'
acoustical characteristics, and the real-time auralization functions of the music performance is
realized.

The audio implementation scheme used in this concert hall system is expected to be improved.
There is a degree of functional overlap between the early reflection and convolution reverb plug-ins
when they are used simultaneously. Currently, this blurred boundary can only be delineated by
manually cutting off the early reflection portion of the impulse response signal. In the future a
simpler and more versatile audio implementation process should be developed and used to achieve a
better immersion of the system. In the following research, models of concert halls with different
volumes and acoustic architectural features will be added to the system. The system will also enrich
the instrument library and music library, and the simulation of different instruments' acoustic
characteristics will be carried out. Basic parameters such as sound power level and directional
patterns of instruments' sound radiation will be benchmarked against professional measurement
results. Internal audio recording function will also be developed to enable virtual recording with
customizable microphone types and placement. In the mean time, a multi-person online version will
be attempted in the future, allowing people in different places to meet and work together in a virtual
concert hall. The system will also extend its application scenarios. One possible proposal is to
develop an online educational system to fulfill the need for quality music education as well as
enlightenment in the subject of audio technology in colleges.
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ABSTRACT 

Vehicle driving simulators allow to recreate the experience of driving a real vehicle. The implementation of 

such simulators requires the use of sound reproduction methods, which may influence the sound perception 

differently inside the vehicles. This study investigated sound localization in a virtual-reality-based driving 

simulator for three sound reproduction methods: higher-order Ambisonics (HOA) reproduced with a 

spherical array of 64 loudspeakers, the matrix inversion method reproduced with a circular array including 

eight loudspeakers and the binaural reproduction with headphones. Ten experienced drivers provided sound 

localization judgments in terms of perceived distance and horizontal angle. Sound recordings were made 

inside a real vehicle and presented at five source positions inside the car in the virtual sound environment. 

The simulated scenarios included the operating conditions of idling and constant speed at 100 km/h, as well 

as a warning and a speech signal. The binaural reproduction over headphones outperformed the reproduction 

methods with loudspeakers in terms of perceived horizontal angle, whereas perceived distance was more 

accurate for the methods including loudspeakers. Moreover, distance perception was more affected for the 

100 k/m than for the idling condition. The results highlight the need to consider the sound reproduction 

method when developing and testing vehicle features. 

 

Keywords: VR-based automotive simulator, Higher order ambisonics, Binaural reproduction, Matrix 

inversion, Multi-modal perception 

1. INTRODUCTION 

The virtual environment should be able to reproduce the perceptual cues obtained while driving a 

real vehicle. Sound source localization is one important perceptual attribute 1. Moreover, the filtering 

of the sound due to the listener’s head, pinnae and torso, which is described by the head -related 

transfer functions (HRTF), influence distance perception, often also known as externalization. In 

enclosed spaces, such as inside a vehicle, distance perception depends on the intensity of the sound 

source and the direct-to-reverberant ratio2. Virtual sound systems can be reproduced over headphones 

by considering the position-dependent filtering effect due to the listener's anatomy3. However, any 

deviation of the listeners' anatomy from the physical features of the head and torso simulator (HATS) 

would affect the accuracy of the reproduction. The spatial resolution of such methods, however, can 

be compromised due to the finite number of loudspeakers4. Thus, in-vehicle sound source localization 

for a VR-based driving simulator is expected to also depend on the source position and type of source.  

 In this study, three sound reproduction techniques were compared: HOA reproduced through a 

spherical array of 64 loudspeakers, matrix inversion method played back through a circular array of 
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8 loudspeakers, and binaural recordings reproduced over headphones. Sound localization performance 

was examined for two types of sources (a speech excerpt and a warning signal), five source positions 

and two operating conditions (idling and constant speed at 100 km/h). 

2. Methods 

2.1 Subjects 

Ten subjects participated in the experiment. All subjects were drivers with five or more years of 

car driving experience, who reported to have normal hearing and normal vision. All subjects provided 

written consent before testing, and all experiments were approved by the Science-Ethics Committee 

for the Capital Region of Denmark (reference H-16036391). 

2.2 Reproduction system 

A head mounted display HTC Vive Pro was used to present the visual scenes, which consisted of 

a first-person view from the front passenger seat. Sound source localization was evaluated for a 

warning excerpt and a speech excerpt. The specific source positions relative to the listener’s position 

were: Front Left (FL), Front Center (FC), Rear Right (RR), Rear Left (RL), and Far Rear Left (FRL). 

The signals were recorded in the front passenger’s seat of a sport sedan in three ways: (1) with the 

built-in microphones of a HATS, (2) with an Eigenmike, i.e. a 32-microphone spherical array, (3) with 

an 8-microphone circular array placed around the HATS’ head. During the experiment, the recordings 

from the HATS were reproduced over headphones. The recordings from the Eigenmike were 

reproduced through a full 64-loudspeaker spherical array using HOA7, 8. The recordings from the 8-

microphone array were reproduced through 8 loudspeakers of the spherical array using the matrix 

inversion method5, 6.  

2.3 Experimental procedure 

The experiment was conducted in the Audio-Visual Immersion Lab located at the Technical 

University of Denmark. The experiment consisted of three experimental testing sessions with a 

duration of 15-20 minutes each. The three experimental sessions were: sound reproduction with 64 

loudspeakers (64L), eight loudspeakers (8L) or headphones (H). Each session contained the trials 

corresponding to two operating conditions (idling and constant speed at 100 km/h), two signals 

(warning or speech), and five source positions. The order of trials was counterba lanced within each 

session, and the session order was counterbalanced across subjects.  In each trial, localization ratings 

were obtained in terms of perceived horizontal angle and distance. For this, the subjects were provided 

with a user interface presented through the HMD. This was repeated until finishing the experimental 

session, after which the subjects were asked to take a break of about five minutes. 

3. Data analysis and Results 

To evaluate sound source localization, relative errors were calculated as the difference between the 

presented and perceived source locations for both horizontal angle and distance ratings. Significant 

effects were evaluated with analyses of variance performed after fitting linear mixed-effects models 

to the relative error ratings.  

Localization error in terms of perceived angle was poor for all sound reproduction methods 

investigated. The poor localization performance for the loudspeaker reproduction may be caused by 

the fact that the recordings were done in the near field while the loudspeaker reproduction was done 

in the far field, with mean errors ranging from about -90° to 90°. Angle errors were position-dependent, 

and varied slightly with the sound reproduction method, operation condition and type of signal.  

The position-dependent effect on perceived horizontal angle across sound reproduction methods was 

more prominent for rear source positions, for which the reproduction method over headphones was 

generally more accurate. In contrast, for frontal positions all three methods performed similarly. This 

was confirmed by post hoc analyses, which revealed significant differences between 8L and H when 

the sound was delivered from positions RR and RL for both the warning and speech signals, and from 

position FRL for the warning signal. Post hoc analyses also showed significant differences between 

64L and H for the source positions RR and FRL when the signal was speech and warning, respectively. 
In contrast, no significant differences were found between the 8L and 64L reproduction methods. Post 

hoc tests were also performed to further investigate the effect of the operating condition and signa l. 



 

 

Angle errors were similar for both operating conditions, except when presented from the position RR 

in the 8L reproduction method. Thus, sound source localization in terms of perceived horizontal angle 

was the same for both operating conditions across most source positions and sound reproduction 

methods. Furthermore, the localization of the warning signal was more accurate than for speech in the 

operating condition of 100 km/h when the reproduction method included loudspeakers . 
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