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Prefazione

Le interfacce multimodali rappresentano al giorno d’oggi un fattore chiave per l’abilitazione di
un uso inclusivo delle nuove tecnologie. In questo contesto, sono di basilare importanza modelli
realistici che descrivano il nostro ambiente, in particolare modelli che rappresentino accurata-
mente i fenomeni acustici e la comunicazione attraverso la modalit̀a uditiva. Fra questi, i modelli
per l’audio spaziale (o 3-D) sono capaci di offrire informazioni accurate sulla relazione tra la
sorgente sonora e l’ambiente circostante, rappresentandoun’informazione che non può essere
sostituita da nessun’altra modalità. Tuttavia, essendo i sistemi multimediali attualmente foca-
lizzati soprattutto sulprocessinggrafico e integrati semplicemente con audiostereoo surround,
l’odierna rappresentazione spaziale del suono tende ad essere semplicistica e ad aver poco poten-
ziale interattivo. Inoltre, le tecnologie di auralizzazione si basano correntemente su dispositivi
di riproduzione invasivi e/o costosi (ad es.head-mounted displaye altoparlanti), responsabili
di un’esperienza percettiva non integrata a causa di un vuoto mai colmato tra il mondo reale e
quello virtuale.

Gli approcci di audio binaurale (ossia basati su riproduzione tramite cuffie) si collocano su
un livello diverso. La maggior parte delle tecniche direnderingbinaurale attualmente utilizzate
in ricerca fanno affidamento sull’uso delle cosiddetteHead-Related Transfer Function (HRTF),
ovvero particolari filtri che catturano le trasformazioni subite da un’onda sonora nel proprio per-
corso dalla sorgente al timpano, generalmente dovute a effetti di riflessione e diffrazione sul
torso, sulla testa, sulle spalle e sui padiglioni auricolari dell’ascoltatore. Tale caratterizzazione
permette di posizionare virtualmente una o più sorgenti sonore nello spazio circostante sem-
plicemente filtrando i segnali desiderati attraverso un paio di HRTF, creando quindi una coppia
di segnali da presentare ai canali sinistro e destro di un paio di cuffie. In questo modo, campi
sonori tridimensionali con un alto senso di immersione possono essere simulati e integrati in
strutture multimodali.

Purtroppo, importanti limitazioni si nascondono dietro tali tecniche. Innanzitutto, potrebbero
richiedere grosse risorse computazionali nel caso in cui sivogliano simulare pìu sorgenti sonore
nello spazio. In secondo luogo, i filtri HRTF vengono solitamente presentati sotto forma di se-
gnali acustici registrati attraverso appositi manichini:ciò significa che le differenze antropome-
triche fra diversi soggetti non vengono prese in considerazione. Al contrario, alla pari dell’impor-
tanza della posizione relativa tra l’ascoltatore e la sorgente sonora, l’antropometria del soggetto
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ha un ruolo chiave nella caratterizzazione della HRTF: sebbene le HRTF non individualizzate
rappresentino un mezzo diretto ed economico per offrire unaparvenza di percezione 3-D nella
riproduzione via cuffie, l’ascolto del segnale risultante potrebbe frequentemente tradursi in evi-
denti errori di localizzazione quali percezione distorta dell’elevazione della sorgente, inversioni
fronte-retro, e mancanza di esternalizzazione, specialmente in condizioni statiche. D’altro canto,
misurare individualmente le HRTF di un numero significativodi soggetti comporterebbe un ele-
vato dispendio di risorse e di tempo.

La modellazione strutturale delle HRTF rappresenta inveceun’attraente soluzione a tutte le
sopracitate limitazioni. Nello specifico, isolando i contributi alla HRTF di testa, padiglioni au-
ricolari, canali uditivi, spalle e torso dell’ascoltatorein diverse componenti - ciascuna model-
lante un fenomeno acustico ben definito - la HRTF globale può essere ricostruita attraverso
un’adeguata combinazione di tutti gli effetti considerati, grazie alla linearit̀a della scomposizione.

Questa tesi presenta un modello strutturale utilizzabile per una riproduzione immersiva del
suono, focalizzato in particolare sul contributo del padiglione auricolare (pinna) alla HRTF.
La pinna gioca un ruolo fondamentale nella percezione dell’elevazione della sorgente grazie
alle rilevanti modifiche spettrali che essa introduce nel suono che arriva al timpano. Tuttavia,
la relazione tra i fenomeni acustici dovuti alla stessa - soprattutto risonanze e riflessioni - ed
antropometria non ha ancora trovato una convincente rappresentazione nella letteratura. Una
promettente corrispondenza tra i punti di riflessione teorici sulla superficie della pinna e le fre-
quenze di una terna dinotchspettrali presenti nella HRTF̀e invece discussa in questa tesi: tale
risultato, sicuramente nuovo nel suo genere, apre le porte ad un’interessante forma di persona-
lizzazione del modello strutturale, il quale include parametri relativi all’antropometria dell’utente
oltre a parametri più strettamente correlati alla posizione della sorgente.

L’approccio proposto ha implicazioni anche in termini di trasmissione dei contenuti, poiché
opera elaborando un segnale monofonico esclusivamente dalla parte del ricevitore (ad es. su
un dispositivo terminale o mobile) per mezzo di filtri di basso ordine, permettendo cosı̀ una
riduzione dei costi computazionali. Grazie alla ridotta complessit̀a, il modello pùo essere quindi
utilizzato per rendere scene con molteplici oggetti audiovisivi in una variet̀a di contesti quali
giochi per computer, cinema,edutainment, e qualsiasi altro scenario in cui spazializzazione rea-
listica del suono e riproduzione personalizzata del suono siano requisiti importanti.

Tra questi, le specifiche aree di ricerca per le quali il suddetto modelloè stato pensato sono
quelle della riabilitazione virtuale (virtual rehabilitation) e della robotica riabilitativa (rehabili-
tation robotics), potenzialmente due dei più interessanti campi di applicazione per la ricerca nel
design di interazione sonora (sonic interaction design). Lo scopo finale della ricerca in queste
due areèe quello di facilitare la reintegrazione di pazienti con disordini neurologici (causati ad
esempio da ictus) nella vita sociale e domestica aiutandolia riottenere le abilit̀a per compiere
autonomamente leactivities of daily living(ADLs, e.g. mangiare o camminare); nonostante
ciò, una grossa mole di lavoròe tuttora richiesta per fronteggiare esigenze relative a hardware,
software, design di sistemi di controllo, cosı̀ come per la definizione di approcci efficaci per il
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trattamento. Le ADL incorporano infatti task motori complessi per i quali i sistemi riabilita-
tivi attuali mancano della raffinatezza richiesta nell’assistenza dei pazienti durante l’esecuzione
degli stessi task. In particolare,è risaputo che un grosso numero di gradi di libertà deve essere
usato nella riabilitazione assistita da robot, e che il feedback multimodale spesso gioca un ruolo
centrale.

Nonostante l’esistenza di una varietà di sistemi per la riabilitazione che sfruttano ambienti
virtuali multimodali con feedback visivo e aptico, l’uso consistente del feedback uditivoè tuttora
raro. Un’analisi accurata della letteratura conferma taleipotesi, dimostrando come il potenziale
del feedback uditivo sia largamente sottostimato in tale contesto. Cinque diversi esperimenti,
descritti in questa tesi, permettono lo studio del ruolo chenuovi tipi di feedback uditivo presen-
tati durante la camminata o durante movimenti di tracciamento giocano nel miglioramento della
performancein soggetti sani, costituendo una base per un futuro paragone con pazienti neuro-
logicamente deficitari. In particolare, viene qui attestata l’utilit à di un feedback sonoro relativo
al task e della spazializzazione del suono nel coordinamento dei movimenti dell’utente durante
semplici task di inseguimento. I risultati suggeriscono quindi come un feedback multimodale
costruttivo e ben progettato possa essere usato sistematicamente per migliorare performance e
learning in task motori complessi, grazie all’elevato livello di attenzione, coinvolgimento e pre-
senza offerto all’utente. Tali studi rappresentano una novità nella letteratura sulla riabilitazione
virtuale e/o assistita da robot, soprattutto per quanto riguarda l’utilizzo di tecniche di sonifi-
cazione per convogliare informazioni in uno scenario riabilitativo.
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una semplice esperienza lavorativa con me e per tutti gli eventi conviviali passati insieme. Grazie
in particolare al Dott. Enrico Marchetto per aver decisamente alleviato le tipiche preoccupazioni
di un dottorando dall’alto della sua recente esperienza.

La mia gratitudineè dovuta al Dott. Ville Pulkki per la sua supervisione durante il mio
periodo all’estero presso la Aalto University, cosı̀ come per tutti gli scambi di idee e per la con-
cessione di materiali e spazi che hanno reso possibile partedel lavoro incluso in questa tesi. Più
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Abstract

Multimodal interfaces represent a key factor for enabling an inclusive use of new technologies
by everyone. To achieve this, realistic models that describe our environment are of topical im-
portance, in particular models that accurately describe the acoustics of the environment and com-
munication through the auditory modality. Models for spatial (or 3-D) audio can provide accu-
rate information about the relation between the sound source and the surrounding environment,
and this information cannot be substituted by any other modality. However, being multime-
dia systems currently focused mostly on graphics processing and integrated with simple stereo
or surround sound, today’s spatial representation of audiotends to be simplistic and with poor
interaction potential. Furthermore, current auralization technologies rely on invasive and/or ex-
pensive reproduction devices (e.g. head-mounted displays, loudspeakers), which cause the user
to perceive a non-integrated experience due to an unbridgedgap between the real and virtual
worlds.

On a much different level lie binaural sound rendering approaches (i.e. based on headphone
reproduction). Most of the binaural rendering techniques currently exploited in research rely
on the use of the so-called Head-Related Transfer Functions (HRTFs), i.e. peculiar filters that
capture the transformations undergone by a sound wave in itspath from the source to the eardrum
and typically due to reflection and diffraction effects on the torso, head, shoulders and pinnae of
the listener. Such characterization allows virtual positioning of sound sources in the surrounding
space by filtering the desired signals through a pair of HRTFs, thus creating left and right ear
signals to be delivered by headphones. In this way, three-dimensional sound fields with a high
immersion sense can be simulated and integrated within multimodal frameworks.

However, such techniques bear relevant limitations. First, they may request considerably
large computational resources, especially in the case where one needs to simulate several sound
sources in the surrounding space. Second, and most important, HRTF filters are usually presented
under the form of acoustic signals recorded through dummy heads: this means that anthropomet-
ric differences among different subjects are not taken intoaccount. Contrariwise, along with
the critical relative position between listener and sound source, anthropometric features of the
human body have a key role in HRTF characterization: while non-individualized HRTFs repre-
sent a cheap and straightforward mean of providing 3-D perception in headphone reproduction,
listening to non-individualized spatialized sounds may likely result in evident sound localization
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errors such as incorrect perception of source elevation, front-back reversals, and lack of exter-
nalization, especially in static conditions. On the other hand, individual HRTF measurements on
a significant number of subjects is often both time- and resource-expensive.

Structural modeling of HRTFs ultimately represents an attractive solution to these shortcom-
ings. As a matter of fact, if one isolates the contributions of the listener’s head, pinnae, ear
canals, shoulders, and torso to the HRTF in different subcomponents - each accounting for some
well-defined physical phenomenon - then, thanks to linearity, he can reconstruct the global HRTF
from a proper combination of all the considered effects.

This thesis presents one such model that can be employed for immersive sound reproduction,
with a particular focus on the pinna contribution to the HRTF. The pinna plays a primary part in
the perception of source elevation by introducing major spectral modifications, yet the relation
between acoustic phenomena due to the pinna - mainly resonances and sound reflections - and
anthropometry has not been understood up to date. Instead, apromising correspondence between
reflection points on pinna surfaces and frequencies of notches occurring in the high-frequency
range of the HRTF spectrum is formally found here. Such a relevant result allows for an in-
teresting form of content adaptation and customization of the structural model, as it includes
parameters related to the user’s anthropometry in additionto the spatial ones.

The proposed approach has also implications in terms of delivery, since it operates by pro-
cessing a monophonic signal exclusively at the receiver side (e.g., on a terminal or mobile device)
by means of low-order filters, allowing for reduced computational costs. Thanks to its low com-
plexity, the model can be used to render scenes with multipleaudiovisual objects in a number of
contexts such as computer games, cinema, edutainment, and any other scenario where realistic
sound spatialization and personalized sound reproductionis a major requirement.

Remarkably, the specific areas for which the proposed model isthought for are those of vir-
tual rehabilitation and rehabilitation robotics, two of the most potentially interesting application
fields for research in sonic interaction design today. The final goal of research in these areas is
to facilitate re-integration of patients with neurological disorders into social and domestic life by
helping them regain the ability to autonomously perform activities of daily living (ADLs, e.g.,
eating, or walking); however, much work is still needed to address challenges related to hard-
ware, software, control system design, as well as effectiveapproaches for delivering treatment.
As a matter of fact, ADLs embody complex motor tasks for whichcurrent rehabilitation systems
lack the sophistication needed in order to assist patients during their performance. In particular,
it is recognized that a large number of degrees of freedom ought to be used in robot-assisted reha-
bilitation, and that multimodal feedback often plays a key role in both forementioned application
fields.

Although several rehabilitation systems which make use of multimodal virtual environments
with visual and haptic feedback already exist, the consistent use of auditory feedback is less
investigated. A thorough analysis of literature reported in this thesis confirms this impression,
showing that the potential of auditory feedback is largely underestimated in such systems. Five
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different proposed experiments allow investigation of therole that novel auditory feedbacks pre-
sented during gait training and tracking movements play in improving performance in healthy
participants, providing a basis for a future comparison with neurologically injured patients. In
particular, usefulness of task-related sound feedback andsound spatialization in coordinating
the user’s movements during simple target following tasks is attested. Results thus suggest that
constructive and well-designed multimodal feedback can definitely be used to improve perfor-
mance and learning in complex motor tasks, thanks to the highlevel of attention, engagement,
and presence provided to the user. Such studies represent a novelty in the current literature on
virtual rehabilitation and rehabilitation robotics, especially concerning the use of sonification
techniques to convey information in a rehabilitation scenario.
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Gomez Bolãnos, for their help in setting up and performing the odd measurements. Also thanks
to Archontis Politis and Simeon Delikaris-Manias for the drinks and chats we had together in the
coolest Helsinki pubs.

Thank you to all the people who have remotely collaborated and co-authored the papers
written during my doctoral period. A worthy mention goes to Prof. Giulio Rosati and Fabio
Oscari at the Department of Mechanical Innovation and Management, University of Padova;
Prof. Sunil K. Agrawal and Dr. Damiano Zanotto at the University of Delaware; and Prof. David
J. Reinkensmeyer at the University of California Irvine. I also wish to acknowledge Prof. V.
Ralph Algazi for his support with the CIPIC HRTF database and the accompanying pictures. I
want to stress the contribution from the people that took part in the experiments reported in this
thesis too.

Special thanks to Barbara, Emanuele and Francesca (in strictalphabetical order) for always

x



having been close to me, admirably tolerating my chronic fickleness during the past three years
and beyond. You are living proof that true friendship does not have an expiration date.

Last but absolutely never least, I wish to express my love andgratitude to my family. This
thesis would have not been possible without the unflagging love and support that my father
Giorgio and my mother Antonella have constantly demonstrated to me throughout my life, and
I will never forget about the effort they have unconditionally spent to let me become who I am
today. And how could I not mention my sister Aurora: thank youfor always making me smile.
You are the most beautiful thing life has ever gifted me with.

xi





Contents

Prefazione i

Ringraziamenti iv

Abstract vii

Acknowledgments x

Table of Contents xiii

List of Figures xvii

List of Tables xxiii

1 Introduction 1

2 Auditory Feedback in Virtual Rehabilitation and Rehabili tation Robotics 7
2.1 Post-stroke rehabilitation robotics . . . . . . . . . . . . . . .. . . . . . . . . . 8
2.2 Audio and rehabilitation . . . . . . . . . . . . . . . . . . . . . . . . . .. . . . 10

2.2.1 Motivations and open issues . . . . . . . . . . . . . . . . . . . . . .. . 10
2.2.2 Auditory feedback for continuous interaction . . . . . .. . . . . . . . . 12

2.3 Current uses of auditory feedback in rehabilitation systems . . . . . . . . . . . . 15
2.3.1 Comparative analysis of auditory displays in rehabilitation systems . . . 17

2.4 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 19

3 Effects of Audio in Virtual Rehabilitation Tasks: Experimental Results 21
3.1 Auditory feedback for gait training . . . . . . . . . . . . . . . . .. . . . . . . . 22

3.1.1 Subjects . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 23
3.1.2 Experimental setup . . . . . . . . . . . . . . . . . . . . . . . . . . . . .23

xiii



3.1.3 Experimental protocol . . . . . . . . . . . . . . . . . . . . . . . . . .. 25
3.1.4 Data analysis . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 27
3.1.5 Results and discussion . . . . . . . . . . . . . . . . . . . . . . . . . . .28

3.2 Auditory feedback for arm training: task-related feedback . . . . . . . . . . . . . 30
3.2.1 Subjects . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 30
3.2.2 Experimental setup . . . . . . . . . . . . . . . . . . . . . . . . . . . . .31
3.2.3 Experimental protocol . . . . . . . . . . . . . . . . . . . . . . . . . .. 33
3.2.4 Data analysis . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 34
3.2.5 Results and discussion . . . . . . . . . . . . . . . . . . . . . . . . . . .36

3.3 Auditory feedback for arm training: sensory substitution of audio . . . . . . . . . 38
3.3.1 Subjects . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 38
3.3.2 Experimental setup . . . . . . . . . . . . . . . . . . . . . . . . . . . . .38
3.3.3 Experimental protocol . . . . . . . . . . . . . . . . . . . . . . . . . .. 39
3.3.4 Data analysis . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 40
3.3.5 Results and discussion . . . . . . . . . . . . . . . . . . . . . . . . . . .40

3.4 Auditory feedback for arm training: visuomotor transformations . . . . . . . . . 42
3.4.1 Subjects . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 42
3.4.2 Experimental setup . . . . . . . . . . . . . . . . . . . . . . . . . . . . .42
3.4.3 Experimental protocol . . . . . . . . . . . . . . . . . . . . . . . . . .. 44
3.4.4 Data analysis . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 44
3.4.5 Results and discussion . . . . . . . . . . . . . . . . . . . . . . . . . . .45

3.5 Auditory feedback for arm training: effect of sound spatialization . . . . . . . . . 48
3.5.1 Subjects . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 48
3.5.2 Experimental setup and protocol . . . . . . . . . . . . . . . . . .. . . . 48
3.5.3 Data analysis . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 49
3.5.4 Results and discussion . . . . . . . . . . . . . . . . . . . . . . . . . . .49

3.6 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 52

4 Binaural Perception and Rendering: Previous Work 55
4.1 Spatial source localization . . . . . . . . . . . . . . . . . . . . . . .. . . . . . 57

4.1.1 Azimuth cues . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 57
4.1.2 Elevation cues . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 59
4.1.3 Distance cues . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 62

4.2 HRTF modeling techniques . . . . . . . . . . . . . . . . . . . . . . . . . .. . . 64
4.3 Head and torso models . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .. 67

4.3.1 The spherical head model . . . . . . . . . . . . . . . . . . . . . . . . .67
4.3.2 ITD and anthropometry . . . . . . . . . . . . . . . . . . . . . . . . . . .70
4.3.3 Inclusion of distance dependence . . . . . . . . . . . . . . . . .. . . . 72
4.3.4 Inclusion of the torso . . . . . . . . . . . . . . . . . . . . . . . . . . .. 74

xiv



4.4 Pinna models . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 76
4.4.1 Time-domain structural pinna models . . . . . . . . . . . . . .. . . . . 76
4.4.2 Frequency-domain structural pinna models . . . . . . . . .. . . . . . . 78

5 Spherical Transfer Functions and Distance Modeling 81
5.1 Spherical transfer functions and PCA . . . . . . . . . . . . . . . . .. . . . . . . 82

5.1.1 Principal Component Analysis . . . . . . . . . . . . . . . . . . . . .. . 82
5.1.2 PCA analysis of STFs . . . . . . . . . . . . . . . . . . . . . . . . . . . 83
5.1.3 STF reconstruction optimality . . . . . . . . . . . . . . . . . . .. . . . 86

5.2 Near-Field Transfer Functions . . . . . . . . . . . . . . . . . . . . .. . . . . . 87
5.2.1 DC gain of NFTFs . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 88
5.2.2 Frequency dependence in NFTFs . . . . . . . . . . . . . . . . . . . .. 90
5.2.3 A model for distance rendering . . . . . . . . . . . . . . . . . . . .. . . 94

5.3 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 98

6 Pinna-Related Transfer Functions: Estimation Methods and Analysis 101
6.1 PRTF measurement . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .102

6.1.1 Measurement procedure and apparatus . . . . . . . . . . . . . .. . . . . 102
6.1.2 Data post-processing . . . . . . . . . . . . . . . . . . . . . . . . . . .. 105
6.1.3 Early results . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 108

6.2 PRTF extraction and separation . . . . . . . . . . . . . . . . . . . . .. . . . . . 110
6.2.1 Data collection and pre-processing . . . . . . . . . . . . . . .. . . . . . 110
6.2.2 The separation algorithm . . . . . . . . . . . . . . . . . . . . . . . .. . 111

6.3 PRTF analysis: results . . . . . . . . . . . . . . . . . . . . . . . . . . . .. . . 116
6.3.1 The resonant component . . . . . . . . . . . . . . . . . . . . . . . . . .116
6.3.2 The reflective component . . . . . . . . . . . . . . . . . . . . . . . . .. 118

6.4 Conclusions . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 120

7 Pinna-Related Transfer Functions: Relation to Anthropometry 123
7.1 Reflections and ray tracing . . . . . . . . . . . . . . . . . . . . . . . . . .. . . 124
7.2 The contour matching procedure . . . . . . . . . . . . . . . . . . . . .. . . . . 126

7.2.1 Pinna contour extraction . . . . . . . . . . . . . . . . . . . . . . . .. . 127
7.2.2 Contour matching algorithm . . . . . . . . . . . . . . . . . . . . . . .. 128

7.3 Contour matching procedure: results . . . . . . . . . . . . . . . . .. . . . . . . 129
7.4 Discussion and conclusions . . . . . . . . . . . . . . . . . . . . . . . .. . . . . 133

8 A Personalized Head-Related Transfer Function Model 135
8.1 Filter model . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .137
8.2 Parametric model fitting . . . . . . . . . . . . . . . . . . . . . . . . . . .. . . 139
8.3 Results and discussion . . . . . . . . . . . . . . . . . . . . . . . . . . . . .. . 142

xv



9 Conclusions and Future Work 149
9.1 A real-time system for 3-D audio evaluation . . . . . . . . . . .. . . . . . . . . 151
9.2 Publications . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .. 153

9.2.1 International Journals (submitted for publication). . . . . . . . . . . . . 153
9.2.2 International Conferences . . . . . . . . . . . . . . . . . . . . . . .. . 154
9.2.3 National Conferences . . . . . . . . . . . . . . . . . . . . . . . . . . . .155
9.2.4 Book Chapters . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 155

Bibliography 157

xvi



List of Figures

1.1 Simplified3-D audio reproduction system based on headphones and HRTFs.. . . 2
1.2 Generalized 3-D audio reproduction system based on a structural HRTF model. . 3

2.1 PhysioSonic: forestal wildlife as a metaphor to absolute height of the arm. . . . . 12
2.2 The Ballancer: balancing a virtual glass marble on an aluminium track. . . . . . 13
2.3 Experimental setup with the Pnew-WREX robotic system. . . .. . . . . . . . . 16
2.4 Distribution of auditory feedback in the 36 reviewed rehabilitation systems. . . . 18

3.1 Experiment G1: experimental setup. . . . . . . . . . . . . . . . . .. . . . . . . 23
(a) A CAD model of the ALEX II device. . . . . . . . . . . . . . . . . . . . . 23
(b) Healthy subject during the experiment. . . . . . . . . . . . . . .. . . . . 23

3.2 Experiment G1: Cartesian space and joint space trajectories. . . . . . . . . . . . 24
(a) Cartesian space trajectories. . . . . . . . . . . . . . . . . . . . . . .. . . 24
(b) Joint space trajectories. . . . . . . . . . . . . . . . . . . . . . . . . .. . . 24

3.3 Experiment G1: experimental protocol timeline for a single subject. . . . . . . . 26
3.4 Experiment G1: two error metrics. . . . . . . . . . . . . . . . . . . .. . . . . . 28

(a) Calculation ofJSerr. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 28
(b) Calculation ofTSerr. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 28

3.5 Experiment G1: results for one healthy subject. . . . . . . .. . . . . . . . . . . 29
(a) Accuracy metrics. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 29
(b) Precision metrics. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . .29

3.6 Experiments T1 and T4: experimental setup. . . . . . . . . . . .. . . . . . . . . 31
3.7 Functioning scheme of the target tracking system. . . . . .. . . . . . . . . . . . 33
3.8 Experiment T1: statistical analysis on integral of relative velocity. . . . . . . . . 35
3.9 Experiment T1: statistical analysis on weighed position error. . . . . . . . . . . . 36
3.10 Experiment T1: statistical analysis on lag error. . . . .. . . . . . . . . . . . . . 37
3.11 Experiments T2 and T3: experimental setup. . . . . . . . . . .. . . . . . . . . . 39
3.12 Experiment T2: statistical analysis on integral of relative velocity. . . . . . . . . 41
3.13 Experiment T2: statistical analysis on weighed position error. . . . . . . . . . . . 42
3.14 X position versus time in one representative trial of experiment T3. . . . . . . . . 43
3.15 Experiment T3: statistical analysis on integral of relative velocity. . . . . . . . . 45

xvii



3.16 Experiment T3: statistical analysis on average tracking distance. . . . . . . . . . 46
3.17 Experiment T3: statistical analysis on weighed position error. . . . . . . . . . . . 46
3.18 Experiment T4: statistical analysis on integral of relative velocity. . . . . . . . . 49
3.19 Experiment T4: statistical analysis on weighed position error. . . . . . . . . . . . 50
3.20 Experiment T4: statistical analysis on lead error. . . .. . . . . . . . . . . . . . . 51

4.1 The two spherical coordinate systems considered in literature. . . . . . . . . . . 57
(a) Interaural polar coordinate system. . . . . . . . . . . . . . . . .. . . . . . 57
(b) Vertical polar coordinate system. . . . . . . . . . . . . . . . . . .. . . . . 57

4.2 Interaural time difference and interaural level difference. . . . . . . . . . . . . . 58
4.3 Cone of confusion and torus of confusion. . . . . . . . . . . . . . .. . . . . . . 60
4.4 The six pinna resonance modes identified by Shaw. . . . . . . .. . . . . . . . . 61
4.5 Effects of torso and shoulders. . . . . . . . . . . . . . . . . . . . . .. . . . . . 62

(a) Shoulder reflections. . . . . . . . . . . . . . . . . . . . . . . . . . . . . .62
(b) Torso shadowing. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 62

4.6 Iso-ITD and iso-ILD contours as a function of spatial location. . . . . . . . . . . 64
4.7 Example HRTF magnitude plots. . . . . . . . . . . . . . . . . . . . . . .. . . . 65

(a) Azimuth dependence in the horizontal plane. . . . . . . . . . .. . . . . . 65
(b) Elevation dependence in the median plane. . . . . . . . . . . . .. . . . . 65

4.8 Brown and Duda’s complete structural HRTF model. . . . . . . .. . . . . . . . 66
4.9 A set of 27 anthropometric parameters for the head, torso, and pinna. . . . . . . . 67

(a) Head and torso parameters. . . . . . . . . . . . . . . . . . . . . . . . . .. 67
(b) Pinna parameters. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 67

4.10 Magnitude response of a sphere for an infinitely distantsource. . . . . . . . . . . 68
(a) Exact solution. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 68
(b) First-order approximation. . . . . . . . . . . . . . . . . . . . . . . .. . . 68

4.11 ITD computation for a spherical head model on the horizontal plane. . . . . . . . 70
4.12 Effect of distance on the magnitude response of a spherical head. . . . . . . . . . 73
4.13 The snowman head-and-torso model. . . . . . . . . . . . . . . . . .. . . . . . . 74

(a) Frontal view of the model. . . . . . . . . . . . . . . . . . . . . . . . . . .74
(b) Zones for the right-ear response. . . . . . . . . . . . . . . . . . . .. . . . 74

4.14 The snowman head-and-torso filter model. . . . . . . . . . . . .. . . . . . . . . 75
4.15 Two notable physical models of the pinna and concha. . . .. . . . . . . . . . . 77

(a) Shaw’s flange-and-cavity pinna model. . . . . . . . . . . . . . . .. . . . 77
(b) Lopez-Poveda’s concha model. . . . . . . . . . . . . . . . . . . . . . .. 77

4.16 Time-domain structural models of the pinna. . . . . . . . . .. . . . . . . . . . . 78
(a) Watkins’s model. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 78
(b) Faller’s model. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 78

4.17 Signal processing steps for extracting the pinna spectral notch frequencies. . . . . 79

xviii



4.18 Satarzadeh’s pinna filter model. . . . . . . . . . . . . . . . . . . .. . . . . . . . 80

5.1 Principal Component Analysis applied to a3-D data set. . . . . . . . . . . . . . 83
5.2 The133 STF vectors considered for PCA. . . . . . . . . . . . . . . . . . . . . . 84
5.3 The first six basis vectors from PCA applied to the STF collection. . . . . . . . . 85
5.4 The first six principal components from PCA applied to the STF collection. . . . 85
5.5 ILD jnd and PCA reconstruction optimality. . . . . . . . . . . . .. . . . . . . . 86

(a) ILD jnd as a function of frequency. . . . . . . . . . . . . . . . . . . .. . 86
(b) ILD error functions withp = 7. . . . . . . . . . . . . . . . . . . . . . . . 86

5.6 Analytical NFTFs as functions of distance and incidenceangle. . . . . . . . . . . 88
5.7 NFTF gain at DC. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 89
5.8 Frequency behaviour of normalized NFTFs for two different incidence angles. . . 91

(a) θinc = 0◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 91
(b) θinc = 180◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 91

5.9 A model for a spherical head including distance dependence. . . . . . . . . . . . 95
5.10 Reconstructed NFTFs as functions of distance and incidence angle. . . . . . . . . 96
5.11 Spectral distortion introduced by modelHdist. . . . . . . . . . . . . . . . . . . . 97

(a) 0◦ ≤ θinc ≤ 25◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97
(b) 30◦ ≤ θinc ≤ 55◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97
(c) 60◦ ≤ θinc ≤ 85◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97
(d) 90◦ ≤ θinc ≤ 115◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97
(e) 120◦ ≤ θinc ≤ 145◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97
(f) 150◦ ≤ θinc ≤ 180◦. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 97

6.1 Isolation of the pinna through an ad hoc device. . . . . . . . .. . . . . . . . . . 102
(a) The isolation device, configuration1. . . . . . . . . . . . . . . . . . . . . 102
(b) The isolation device, configuration2. . . . . . . . . . . . . . . . . . . . . 102
(c) Close-up of the pinna hole. . . . . . . . . . . . . . . . . . . . . . . . . . .102
(d) Pinna isolation. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 102

6.2 Measurement setup and subject position. . . . . . . . . . . . . .. . . . . . . . . 103
(a) The measurement setup. . . . . . . . . . . . . . . . . . . . . . . . . . . . 103
(b) Subject position during the measurements. . . . . . . . . . . .. . . . . . 103

6.3 The microphone used for HRTF acquisition. . . . . . . . . . . . .. . . . . . . . 104
(a) Knowles FG-23329 microphone stuffed inside a hollow earplug. . . . . . . 104
(b) Placement inside the ear canal. . . . . . . . . . . . . . . . . . . . . .. . . 104

6.4 Right pinnae of four participating subjects. . . . . . . . . . .. . . . . . . . . . . 105
(a) Subject02. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 105
(b) Subject08. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 105
(c) Subject13. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 105

xix



(d) Subject18. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 105
6.5 PRIR for elevationφ = 0◦, subject04. . . . . . . . . . . . . . . . . . . . . . . . 107
6.6 Original sweep magnitude response and post-processed PRTF magnitude. . . . . 108
6.7 PRTF magnitude plots of four subjects at all available elevations. . . . . . . . . . 109

(a) Subject02. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 109
(b) Subject08. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 109
(c) Subject13. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 109
(d) Subject18. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 109

6.8 PRTF extracted from a CIPIC database HRIR. . . . . . . . . . . . . . . .. . . . 111
6.9 Flow chart of the separation algorithm. . . . . . . . . . . . . . .. . . . . . . . . 113
6.10 An example of the separation algorithm’s evolution. . .. . . . . . . . . . . . . . 115
6.11 Resonant component of four subjects’ left pinnae for−45◦ ≤ φ ≤ 90◦. . . . . . . 117

(a) Subject010. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 117
(b) Subject027. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 117
(c) Subject048. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 117
(d) Subject165. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 117

6.12 Reflective component of four subjects’ right pinnae for−45◦ ≤ φ ≤ 90◦. . . . . 118
(a) Subject010. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 118
(b) Subject027. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 118
(c) Subject134. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 118
(d) Subject165. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 118

6.13 General model for PRTF reconstruction. . . . . . . . . . . . . .. . . . . . . . . 121

7.1 Reflection ray-tracing on the pinna. . . . . . . . . . . . . . . . . . .. . . . . . . 124
7.2 Ray-traced reflection points on four CIPIC subjects’ rightpinnae. . . . . . . . . . 125

(a) Subject010. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 125
(b) Subject027. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 125
(c) Subject134. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 125
(d) Subject165. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 125

7.3 The20 pinna pictures used in the contour matching procedure. . . . .. . . . . . 126
7.4 Pinna anatomy and the five chosen contours for the matching procedure. . . . . . 127
7.5 Optimal ray-tracing for two CIPIC subjects. . . . . . . . . . . .. . . . . . . . . 132

(a) Subject040. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 132
(b) Subject134. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 132

8.1 Spatial range of validity of the structural HRTF model. .. . . . . . . . . . . . . 136
8.2 The structural HRTF model. . . . . . . . . . . . . . . . . . . . . . . . . .. . . 137
8.3 Notch frequency extraction from a picture of the pinna. .. . . . . . . . . . . . . 139

(a) Contour tracing. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 139

xx



(b) Polar coordinates. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 139
(c) Notch track extraction and approximation. . . . . . . . . . . .. . . . . . 139

8.4 Box plot and mean of notch tracks gain and bandwidth valuesamong CIPIC subs. 140
(a) TrackT1, gain. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 140
(b) TrackT1, bandwidth. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 140
(c) TrackT2, gain. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 140
(d) TrackT2, bandwidth. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 140
(e) TrackT3, gain. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 140
(f) TrackT3, bandwidth. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 140

8.5 Mean resonant component magnitude spectrum averaged among CIPIC subs. . . 141
8.6 Original versus synthetic PRTF magnitude plots. . . . . . .. . . . . . . . . . . 143

(a) Subject010, elevationφ = −6◦. . . . . . . . . . . . . . . . . . . . . . . . 143
(b) Subject027, elevationφ = 11◦. . . . . . . . . . . . . . . . . . . . . . . . 143
(c) Subject165, elevationφ = −23◦. . . . . . . . . . . . . . . . . . . . . . . 143
(d) Subject165, elevationφ = 11◦. . . . . . . . . . . . . . . . . . . . . . . . 143

8.7 Mean spectral distortion between reconstructed and measured HRTFs. . . . . . . 144
8.8 Original and synthetic HRTF magnitude plots for Subject048. . . . . . . . . . . 146

(a) Original plot. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 146
(b) Synthetic plotHs

tot. . . . . . . . . . . . . . . . . . . . . . . . . . . . . . . 146

9.1 A real-time experimental setup for evaluating the structural HRTF model. . . . . 152

xxi





List of Tables

2.1 List of the surveyed devices that use some form of auditory feedback. . . . . . . 17

5.1 Coefficients for Eq. (5.7) and approximation fitness. . . . .. . . . . . . . . . . . 90
5.2 Coefficients for Eq. (5.16) and approximation fitness. . . .. . . . . . . . . . . . 93
5.3 Coefficients for Eq. (5.17) and approximation fitness. . . .. . . . . . . . . . . . 94

6.1 PRTF database: subjects’ information. . . . . . . . . . . . . . .. . . . . . . . . 106
6.2 Notch frequencies averaged across20 subjects per elevation and track. . . . . . . 120

7.1 Contour matching procedure: fitness scores. . . . . . . . . . . .. . . . . . . . . 130
7.2 Contour matching procedure: winning configurations. . . .. . . . . . . . . . . . 131

8.1 Notch frequency mismatch between tracks and contours. .. . . . . . . . . . . . 145

xxiii





Chapter 1

Introduction

The ability of the human auditory system to estimate the spatial location of sound sources in an
acoustic environment has high survival value as well as a relevant role in several everyday tasks:
detecting potential dangers in the environment, selectively focusing attention on one stream of
information, and so on. Audition performs remarkably at this task, complementing visual infor-
mation: as an example, it can provide localization information of targets that are out of sight.

Accordingly, in recent years spatial sound has become increasingly important in several ap-
plication domains. Spatial rendering of sound is recognized to greatly enhance the effectiveness
of auditory human-computer interfaces [14], particularlyin cases where the visual interface is
limited in extension and/or resolution, as in mobile devices [64]; it improves the sense of pres-
ence in augmented/virtual reality systems, and adds engagement to computer games.

The sound produced by an external source placed in the space around the listener is subject
to diverse transformations along its path towards the listener’s ears. Among these, we can count
isofrequential energy loss due to the traveled distance (i.e. path loss) and frequency-dependent
energy loss due to air absorption and/or to the screening effects of possible objects the wave
encounters that cause reflections and diffraction of sound waves. Knowing just this information,
the diversity of sound waves arriving at the listener’s earsalready comes out clear: the two paths
are different. Still, another factor that prominently comes into play is the listener itself. As a
matter of fact, sound waves are influenced by the active role of the listener’s body in transforming
them too, emphasizing the difference between the inputs to the two auditory channels.

It is indeed thanks to such difference that the listener can collect informations on the spatial
location of the sound source, in such a way that he/she can discriminate its angular direction and
distance with respect to his/her head within a certain errorthreshold. Auditory cues related to
directional information include both binaural cues, such as interaural level and time differences,
and monaural cues, such as the spectral coloration resulting from filtering effects of the human
body, especially the external ear. All these features are summarized into the so-calledHead
Related Transfer Functions (HRTFs)[30], i.e. the frequency- and space-dependent acoustic
transfer functions between the sound source and the eardrum. Binaural spatial sound can be

1
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Figure 1.1: Simplified3-D audio reproduction system based on headphones and HRTFs.

synthesized by convolving an anechoic sound signal with thecorresponding left and right HRTFs.
Techniques for sound source spatialization follow different approaches [83]. Stereo is the

simplest system involving spatial sound, but a correct spatial image can only be rendered along
the central line separating the loudspeakers (the “sweet spot”). Surround systems based on mul-
tichannel reproduction, such as5.1 or 10.2 systems, or Ambisonics [60], also suffer from similar
“crosstalk” problems (i.e., the sound emitted by one loudspeaker is always heard by both ears).
Crosstalk cancellation techniques commonly employed are effective only in a very limited lis-
tening region.

Wave-Field Synthesis is a currently active line of research. This method, initially proposed
in [16], uses arrays of small and individually driven loudspeakers to reproduce a faithful replica
of a desired spatial sound field. As a result, the spatial image is correct in the whole half-space
at the receiver side of the array. Research in this direction is progressing rapidly, however wave-
field methods require expensive and cumbersome reproduction hardware, which makes them
suitable only for specific application scenarios (e.g., digital cinema [55]).

The most important distinction among spatialization techniques concerns the sound repro-
duction method, i.e. the use of loudspeakers opposed to headphone-based systems. Since bin-
aural reproduction can be obtained either with loudspeakers or headphones [54], binaural tech-
niques lie between the two groups and enable authentic auditory experiences if the eardrums are
stimulated by sound signals bearing roughly the same pressure as in real life conditions [19].
Nevertheless, the use of headphone-based reproduction – onto which this thesis focuses on – in
conjunction with head tracking devices grants a degree of interactivity, realism, and immersion
that is not easily achievable with loudspeaker-based binaural systems, due to limitations in the
user workspace and to acoustic effects of the real listeningspace.

The rendering scheme of Fig. 1.1 assumes the availability ofa database of measured HRTFs.
Acoustic measurement of individual HRTFs for a single subject is an expensive and cumber-
some procedure, which has to be conducted in an anechoic chamber, using in-ear microphones,
specialized hardware, and so on. Therefore individual HRTFs cannot be used in most real-word
applications. Alternatively, generalized HRTFs are typically measured on so-called “dummy
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Figure 1.2: Generalized 3-D audio reproduction system based on a structural HRTF model.

heads”, i.e. mannequins constructed from averaged anthropometric measures, representing stan-
dardized heads with average pinnae and torso. However, thislimits to some extent the realism of
the rendering: in fact one dummy head might sound more natural to a particular set of users than
another, depending on anthropometric measures and also on technicalities in the measurement
procedure.

A second problem is that HRTF measurements can only be made ata finite set of locations,
and when a sound source at an intermediate location must be rendered, the HRTF must be inter-
polated. If interpolation is not applied (e.g., if a nearestneighbour approach is used) audible arti-
facts like clicks and noise are generated in the sound spectrum when the source position changes.
Clearly this problem becomes even more severe in interactivesettings, where both the listener
and the sound sources are moving in the environment and the rendering must be dynamically
updated.

In such context innovative techniques for binaural sound rendering are being developed.
These are based on structural modeling of HRTFs [20], an extremely attractive and revolution-
ary approach based on the physical description of the most important effects involved in spatial
sound perception (such as acoustic delays and shadowing dueto head diffraction, reflections on
pinna contours and shoulders, resonances inside pinna cavities and the ear canals, etc.) and,
above all, a solution to the forementioned shortcomings. The main advantage of this approach
is that the rendering algorithms’ control parameters are definable as a function of the main an-
thropometric features; it is thus possible to adapt the designed spatial rendering algorithms to a
specific subject, just by knowing some of his/her anthropometric quantities such as head radius,
pinna shape, shoulder width, and so on. As Fig. 1.2 depicts, such an approach also bears advan-
tages from the computational point of view because models are substructured in smaller blocks,
each one simulating a single physical effect. This leads in particular to a greater efficiency in the
case where one needs to simulate complex, multisource acoustic environments. A review of the
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literature in the field of structural modeling of HRTFs, along with a roundup of basic concepts
and findings on sound source localization, is provided in Chapter4.

Following the structural modeling approach, this thesis primarily investigates the contribution
of the head and of the external ear to the HRTF. The head will beassumed to be spherical
and its contribution in the near field (i.e. the sound source lies within 2 m from the center of
the head), summarized in the Near-Field Transfer Function (NFTF), studied by means of an
analytical representation [42] and modeled through a low-order filter structure in Chapter5, the
results being objectively verified through spectral distortion measurements.

Concerning the external ear, its contribution to the HRTF, known as Pinna-Related Trans-
fer Function (PRTF), will be extensively studied in the following chapters. While the pinna is
known to play a primary role in the perception of source elevation, the relation between PRTF
features – resonances associated to cavities and spectral notches resulting from reflections [12] –
and anthropometry is not fully understood. Recent related works [85, 81, 115] adopt a physical
modeling approach in which PRTFs are studied through computationally intensive simulation
techniques, such as finite-difference time-domain (FDTD) methods, or boundary elements meth-
ods (BEM). Alternatively, the relationship between PRTF features and pinna geometry can be
studied by directly analyzing real measured HRTFs, and by relating relevant extracted spectral
features to known anthropometric data [137, 149].

In this thesis I will follow this latter approach. In Chapter6 a number of experimental
PRTFs will be estimated, both through direct measurement and through derivation from avail-
able HRTFs, and analyzed with the help of an algorithm that separates the resonant and reflective
parts of the PRTF spectrum. In Chapter7, focus will then be put on the relationship between
PRTF notches and pinna contours: ray-tracing analysis performed on the notches’ central fre-
quencies extracted in the previous analysis step will be compared with a set of possible reflection
surfaces directly recognizeable from the corresponding subject’s pinna picture. Results of such
an analysis will be discussed in terms of the reflection coefficient sign.

Based on these findings, a structural model for real-time HRTFsynthesis which allows to
control separately the evolution of different acoustic phenomena such as head diffraction, ear
resonances, and reflections will be proposed in Chapter8 through the design of distinct filter
blocks. Parameters to be fed to the model will be derived either from analysis or from anthro-
pometric features of the specific subject. Finally, objective evaluations of reconstructed HRTFs
in the chosen spatial range will be performed through spectral distortion measurements. The
results of this work are the first step towards the development of a fully parametric structural
HRTF model that can be customized according to individual anthropometric data, which in turn
can be automatically estimated through straightforward image analysis.

The application area of the presented work on spatial audio is that of technology-assisted
motor rehabilitation. The integration of auditory feedback in rehabilitation devices is a topic that
is rarely investigated in the literature of technology-assisted motor rehabilitation and that will be
discussed in the first two chapters of this thesis in order to highlight how and why an effective



Chapter 1. Introduction 5

model for spatial sound rendering is required.
In Chapter2 current trends, open issues and up-to-date uses of auditoryfeedback in such

context will be reviewed, along with a discussion on a numberof scenarios in which the use of
auditory feedback can contribute to overcome some of the main current limitations of rehabilita-
tion systems, in terms of user engagement, improved motor learning, acute phase rehabilitation,
standardization of the rehabilitation process, and development of home rehabilitation devices.
Then, in Chapter3 the results of a set of novel preliminary experiments in which continuous
auditory feedback is used to augment motor training exercises for upper limb and gait training
in healthy subjects will be presented. In particular, the benefits that task-related spatial audio
feedback can offer the user will be highlighted.





Chapter 2

Auditory Feedback in Virtual
Rehabilitation and Rehabilitation Robotics

The final goal of the rehabilitation process is to facilitatere-integration of patients into social
and domestic life, by helping them regain the ability to autonomously perform activities of daily
living (ADLs, e.g., eating, or walking). However such activities embody complex motor tasks,
for which current rehabilitation systems lack the sophistication needed in order to assist patients
during their performance.

One of the domains being explored to enhance patient recovery during rehabilitation is to em-
ploy technological means for the rehabilitation treatment, mainly robotic systems (rehabilitation
robotics) and virtual reality systems (virtual rehabilitation) [66]. The main difference between
the two approaches is that robotic systems can assist the patient in completing the motor task,
while a virtual reality system can provide the patient with augmented feedback only. From this
point of view, virtual reality systems are more likely to be employed in the chronic phase (i.e.
after approximately three months from the trauma), while robot-mediated rehabilitation can be
delivered in the acute and sub-acute phases (typically lessthan three months from the trauma)
to severely impaired subjects as well. However, in most cases the robot or haptic interface is
not used in isolation and requires at least a computer interface and possibly also a virtual en-
vironment to deliver the rehabilitation therapy. This is why the two approaches are currently
converging into one common direction, so that we can refer toboth of them with the concept of
technology-assisted motor rehabilitation.

Technology-assisted motor rehabilitation is today one of the most potentially interesting ap-
plication areas for research in sonic interaction design (SID). The strong social implications,
the novelty of such a rapidly advancing field, as well as its inherently interdisciplinary nature
(contents combine topics in robotics, virtual reality, haptics, as well as neuroscience and rehabil-
itation) are some of the aspects that consolidate its challenging and captivating character. Such
prospects justify the considerable amount of attention it has received in the last decade from re-
searchers in the fields of both medicine and engineering, thepurpose of their joint effort being

7
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the development of innovative methods to treat motor disabilities occurring as a consequence
of several possible traumatic (physical or neurological) injuries, e.g. stroke (discussed in Sec-
tion 2.1).

Still, much work is needed to address challenges related to hardware, software, control sys-
tem design, as well as effective approaches for delivering treatment [66]. In particular, although
it is understood - as Section 2.2 will point out - that multimodal feedback can be used to improve
the performance in complex motor tasks [37], a thorough analysis of the literature in this field,
reported in Section 2.3, shows that the potential of auditory feedback is largely underestimated.

The work presented in this Chapter was published in [9] and hasbeen accepted for publication
in [11].

2.1 Post-stroke rehabilitation robotics

Hemiparesis/hemiplegia is the most common outcome of stroke, the third leading cause of death
after cardiovascular diseases and cancer and the greatest cause of severe disability and impair-
ment in the industrialized world. Every year in the U.S. and Europe there are 200 to 300 new
stroke cases per 100.000 people, the 30% of whom survive withsevere invalidity and marked
limitations in daily activities, mainly deriving from impaired motor control and loss of dexterity
in the use of the arm [95, 89]. The main characteristics observed in hemiparetic patients are
weakness of specific muscles, abnormal muscle tone, abnormal postural adjustments, lack of
mobility, incorrect timing of components within a pattern,abnormal movement synergies, loss
of interjoint coordination, and loss of sensation [31].

The group most prone to cerebrovascular accidents or stroke(whose relative incidence dou-
bles every decade) is the over 55 years old category [56]. According to the World Health Or-
ganization (WHO), by 2050 the proportion of people over 65 years old will have increased by
more than70% in industrialized countries and by more than200% worldwide: as a consequence,
stroke cases are going to increase further in the next decades [89]. Motor training after stroke is
thus becoming a primary social goal, based on the increasingevidence that the motor system is
plastic following stroke and can be influenced by motor training [125].

The fundamental rehabilitation goal in hemiplegic subjects is to promote recovery of lost
functions so as to allow independence and early reintegration into social and domestic life. Tradi-
tional treatments are based on the use of physiotherapy which is heavily reliant on the therapist’s
training and past experience. Robotic therapy proposes itself to be a novel and realistic approach
that can help therapists increase the intensity of treatments while operating safely within the hu-
man workspace and with the prospective of reducing costs during their work. In other words,
robotic devices have the potential to help post-stroke automatic repetitive training in a controlled
fashion. Mechanical devices for rehabilitation are, in fact, designed to interact with the patient,
guiding his/her upper or lower limb through repetitive exercises based on a stereotyped pattern,
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and providing force feedback for sensorimotor-type rehabilitative training [101].
The most commonly explored paradigm is to use a robotic device to physically assist the

patient in completing desired motions of the arms, hands, orlegs as he/she plays computer
games presented on a screen. A variety of assistive control strategies have been designed (see
review [99]), ranging from robots that rigidly move limbs along fixed paths, to robots that assist
only if the patient’s performance fails to remain within some spatial or temporal bound, to soft
robots that form a model of the patient’s weakness.

The rationale for physically assisted movement is that it provides novel sensory and soft
tissue stimulation, demonstrates how better to perform a movement, and increases the motiva-
tion of the patient in therapy engagement [99]. However, an unintended and possibly negative
effect of providing assistance is that patients may reduce their effort and participation during
training, both for arm [187] and gait [76] rehabilitation. Such reduction has been hypothesized
to explain the diminished benefits of robot-assisted gait training compared to conventional gait
training, recently documented for chronic stroke patientswho were ambulatory at the start of the
robotic training [70]. In the extreme, if a patient is passive as a robot moves his/her limbs, the
effectiveness of repetitive movement training is substantially reduced [73]. Yet, even a moderate
reduction in patient effort may diminish training effectiveness, in case that the magnitude of the
experienced efferent activity plays a role in provoking neural plasticity mechanisms.

For these reasons, one of the main goals of research in this area is to identify the mechanisms
that determine engagement of the patient during robotic armmovement training after stroke, in
order to optimize the design of rehabilitation robotic systems. A reasonable working hyphothesis
is that patient engagement and effort are related to (and canbe modulated by) sensory information
delivered by the robotic system, and that more highly engaged patients are able to experience
increased benefits from robot-assisted training [73].

In the past two decades there has been a rapid increase in the number of research groups
and companies that develop robotic devices for assisting motor rehabilitation in people with dis-
abilities, but recent reviews on the first Randomized Controlled Trials (RCTs) of upper-limb
robot-assisted rehabilitation outlined that clinical results are still far from being fully satisfac-
tory [94, 108, 131]. Indeed, even though motor recovery is usually greater in robot-assisted
groups than in control groups, only few studies on acute and sub-acute phase rehabilitation
showed some positive results at the functional level (i.e.,in ADLs) [100], the summary effect
size of all the studies being very close to zero. These results suggest that the therapy devices,
exercises and protocols developed so far still need to be improved and optimized, one further
issue being the development of home rehabilitation systemsin order to help patients continue
treatment after hospital discharge [142].

Still, the most fundamental problem that robotic movement therapy must address in order to
progress is the lack of knowledge on how motor learning during neuro-rehabilitation works [139].
Specifically, many experimental results suggest that, after local damage to the motor cortex, reha-
bilitative training with active engagement of the participant can shape subsequent reorganization
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in the adjacent intact cortex, and that the undamaged motor cortex may play an important role in
motor recovery [126]. There is also evidence that kinematicerror drives motor adaptation [175]
and, moreover, that humans adapt to robot-generated dynamic environments in a way that ap-
pears to minimize a cost function in both error and effort terms [45].

Besides, it is still not sure how the central nervous system combines different kinds of simul-
taneous feedbacks such as proprioceptive and visual information or haptic feedback. It is known
that visual and proprioceptive feedback may be combined in fundamentally different ways dur-
ing trajectory control and final position regulation of reaching movements [153] and that when
estimating the position of the arm, the brain selects different combinations of sensory input based
on the computation in which the resulting estimate will be used [162]. Moreover, people tend to
make straight and smooth hand movements when reaching an object [50], these trajectory fea-
tures being resistant to perturbation, and proprioceptiveas well as visual feedback may guide the
adaptive updating of motor commands enforcing this regularity. Morris et al. [120] found that
recall following visuohaptic training is significantly more accurate than recall following visual
or haptic training alone, although haptic training is inferior to visual training. This result sug-
gests that haptic training may be an effective tool for teaching sensorimotor skills that include a
force-sensitive component in conjunction with visual feedback.

There is also evidence that the effect of auditory feedback in reaching tasks after chronic
stroke depends on the hemisphere which was damaged by the stroke [140], and that a proper
sound may help individuals in learning a motor task [173, 135, 155], but the precise ways that
mental engagement, repetition, kinematic error and sensory information in general translate into
a pattern of recovery is not well defined for rehabilitation [139]. Audio is used in many rehabili-
tation systems with the purpose of motivating patients in their performance; however, in all these
systems the audio component plays mostly a marginal role, giving a positive (negative) feedback
if the patient completes (does not complete) a task or reinforcing the realism of a virtual reality
environment.

2.2 Audio and rehabilitation

2.2.1 Motivations and open issues

Strong motivations for integrating interactive sound intomotor rehabilitation systems can be
found by examining in some detail the most prominent currentresearch challenges in the field of
rehabilitation robotics, as described by Harwinet al. [66] in a recent study.

As already mentioned, the most important challenges are related to recovery of ADLs, in
order to facilitate re-integration of patients into socialand domestic life. The functional move-
ments associated to ADLs typically involve very complex motor tasks and a large number of
degrees of freedom of the implied limbs (e.g., ankle, arm, hand). On one hand, this requires
the use of sophisticated sensors and actuators (in particular, multiple degrees-of-freedom robots
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have to be used in the case of robot-assisted therapy). On theother hand, representing such com-
plex motor tasks to the patient is a particularly challenging goal. The simple schematic exercises
implemented in current rehabilitation systems help recovery of ADLs only to a limited extent.

ADLs rely on an essentially continuous and multimodal interaction with the world, which
involve visual, kinesthetic, haptic, and auditory cues. Such cues integrate and complement each
other in providing information about the environment and the interaction itself, both in complex
tasks (e.g., walking, riding a bicycle) and in relatively simpler ones (e.g., a reach and grasp
movement). To this regard, in order to effectively represent the environment and/or the user’s
movements, auditory feedback has to be used in conjunction with other modalities.

Engagement of the patient to the rehabilitation task is another fundamental aspect to consider.
It is common sense that a bored patient may not be as motivatedas an engaged patient. In the
literature it is widely accepted that highly repetitive movement training in which the participant
is actively engaged can result in a quicker motor recovery and in better re-organization [33].
Therefore an open research challenge is how to increase engagement and motivation in motor
rehabilitation.

Several studies have shown that auditory feedback purposedly designed to be related with
physical movement can result in attainment of optimal arousal during physical activity, reduction
of the perceived physical effort, and improvement of mood during training [84]. Moreover,
engagement is strictly related to the concept of presence, i.e. the perception of realism and
immersion in a virtual environment, commonly used in virtual reality research. In this respect,
it is known that faithful spatial sound rendering increasesthe realism of a virtual environment,
even in a task-oriented context [69, 136]. Nonetheless, it must also be emphasized that auditory
feedback can also be detrimental to patient engagement, if not properly designed. This is a
general issue in sound design: users will typically turn audio off in their PC interface if the
auditory feedback is monotonous or uninteresting/uninformative (e.g. sound objects unrelated to
what happens on the virtual scene).

The use of interactive sound in rehabilitation systems is also motivated by technological chal-
lenges. The qualities of virtual reality and robotic systems in motor rehabilitation are counterbal-
anced by their disadvantages in terms of customizability and high costs, and designing low-cost
devices and hardware-independent virtual environments for home rehabilitation systems is in-
deed one of the current challenges for technology-assistedrehabilitation.

In this context the auditory modality can be advantageous over the visual and haptic ones,
in terms of hardware requirements and computational burdens. High quality sound rendering
is comparatively less computationally demanding than 3D video rendering or haptic rendering,
and can be conveyed to the patients through headphones or through a commercial home theater
system, with no need for dedicated, expensive, and cumbersome equipment. In the context of
home rehabilitation, auditory feedback may even be used as asensory substitute for the visual
and haptic modalities [10, 109].

Finally, auditory feedback may be in certain cases the only modality accessible to the patient,
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Figure 2.1: PhysioSonic training scenario: forestal wildlife as a metaphor to absolute height of
the arm (figure reproduced from [179]).

whereas other modalities (especially the visual one) are not. A notable example is found in post-
stroke neurorehabilitation treatment: in this case, it is demonstrated by many studies [143, 38, 39]
that it is essential to start the rehabilitation process as soon as possible, since training during
the acute and sub-acute phase has a greater impact in improving recovery of ADLs compared
to robotic therapy in the chronic phase. However, since the acute phase patient has extremely
limited motor and attentional capabilities, and in some cases a limited state of consciousness,
this is not always possible. Auditory feedback may be successfully used in such situations, since
it can still be perceived without requiring patients to keeptheir attention focused on a screen, and
can be processed with relatively little cognitive effort.

2.2.2 Auditory feedback for continuous interaction

A few scenarios, methods and technologies from recent research on sound modeling and on sonic
interaction design, which can be employed and applied in thecontext of motor rehabilitation
tasks, are now examined.

In order to realize a fully interactive auditory feedback, suitable synthesis models which al-
low continuous control of audio rendering in relation to user gestures need to be used. One
interesting scenario is provided by the PhysioSonic [179] system, that presents a generic model
for movement sonification as auditory feedback, in which target movement patterns produce
motivating sounds while negatively defined sounds are triggered by evasive movement patterns.
Sonification is applied to intuitive attributes of bodily movements, and comes in the form of
metaphorical sounds (e.g., the sound of a spinning wheel is associated to velocity). Furthermore,
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Figure 2.2: The Ballancer: balancing a virtual glass marble on an aluminium track (figure
reproduced from [135]).

sounds can be chosen by each subject and change over time, thus reducing fatigue or annoyance.
In an example the authors implement a system for the treatment of shoulder injuries, providing
two different training scenarios for the abduction movement where the arm elevation and veloc-
ity are sonified into environmental sounds (see Fig. 2.1) andreproduction rate of a sound file,
respectively. In both cases, all evasive movements add noise or creaking to the auditory feedback
proportionally to their displacement.

One second relevant example of continuous and interactive auditory feedback related to user
gesture is described in [135]: the Ballancer is a simple tangible interface composed by a track
(approximately a 1-meter long) and an accelerometer that measures acceleration in the direction
of the track’s length thus allowing estimation of the track’s tilt angle. The movement of a virtual
ball, which rolls on the track and stops or bounces back when it reaches the extremities, is
rendered in real-time both visually on a monitor (see Fig. 2.2) and sonically through a physically-
based sound synthesis model which uses the state of the ball and the tilt angle as input controls.
The task of the user of this interface is to balance and tilt the track in order to move the virtual
ball to a target position on the track, and to stop it there. The experimental tests presented
in [135] demonstrate that the presence of continuous auditory feedback (the rolling sound of
the virtual ball) shortens the completion time for this taskwith respect to the case where no
sound is provided. Therefore the auditory feedback effectively conveys information about such a
complex gesture as tilting and balancing. Although the Ballancer is not conceived as an interface
for motor rehabilitation, it highlights the potential of continuous auditory feedback in supporting
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motor learning in complex tasks such as in ADLs.

Despite the abundance of literature on the use of Human-Computer Interaction (HCI) meth-
ods in the design and evaluation of input devices and interfaces [98], sound started to play a
significant role in HCI research only in recent years, and yet few studies [146] were devoted to
the application of HCI methods to the design and the evaluation of “new interfaces for musical
expression”. Orioet al. [128] started the investigation in this direction in 2001, focusing on the
evaluation of controllers for interactive systems. The authors mention a target acquisition task
that could be compared with the acquisition of a given pitch as well as a given loudness or timbre
[178], proposing interesting analogies with HCI studies.

These works inspired a thread of research in the field of soundand music computing, focused
on the analysis of simple HCI tasks (e.g. target acquisition)in the auditory domain [130]. Here
the aim is not the comparison of different input devices but rather the evaluation of the influence
of different kinds of feedback on the user’s performance. Asan example, de G̈otzen and Roc-
chesso [36] performed various tests to evaluate pointing/tuning tasks with multimodal feedback:
their results suggest that when interaction involves any sort of kinesthetic feedback the perfor-
mance is distinctly better with respect to free gesture interfaces, and that these improvements in
performance are especially significant with high speeds of the target, i.e. when the target should
be more difficult to hit. Furthermore, redundant feedback isneeded when the task is difficult.
These results support the idea of applying predictive HCI laws, along with multimodal feed-
back, in the field of technology-assisted motor rehabilitation, with the purpose of improving the
patient’s performance during rehabilitation tasks.

Recent research on novel musical interfaces provides a number of systems and approaches
that could be directly applied to rehabilitative applications [138, 112]. Work in mobile sen-
sor performance technology is particularly interesting inthis respect. Small sensors (including
microphones, accelerometers, and so on) are already being used to detect various kind of move-
ments and gestures that can affect the produced auditory feedback, e.g. by changing the tempo
of a musical accompaniment, or by controlling some expressive effects added according to input
gesture [27, 26], thus transforming rehabilitation into a more engaging activity.

The application of all these results to the design of auditory feedback for motor rehabilitation
systems must take into account the specificities of people involved, which can often be affected
by various perceptual deficits. In particular, extensive experimental work is needed in order to
assess the influence of auditory feedback on motor learning processes, to understand the effect of
the combination of auditory feedback with other modalities, such as the visual and haptic ones,
and to define criteria and guidelines for the design of the feedback, depending on the required
motor task.
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2.3 Current uses of auditory feedback in rehabilitation sys-
tems

In recent years auditory feedback has been exploited in various systems, both in the fields of
rehabilitation robotics and virtual rehabilitation. The simplest possible use, which can be found
in many systems discussed in the literature, consists in employing non-processed, pre-recorded
samples of vocal or environmental sounds in order to improvethe involvement of the patient in
the task. As an example, Cameiraoet al. [25] developed a neurorehabilitation system composed
by a vision-based motion capture device augmented with gaming technologies: in this case au-
dio has a rewarding function, in particular a “positive sound” is triggered whenever the patient
accomplishes the goal of a specific game. In a similar way, speech and nonverbal sound is used
by Lourieroet al. [97] as a feedback modality, with the role of providing encouraging words
and sounds during task execution, and congratulatory or consolatory words at the end of the ex-
ercise. Despite its simplicity, such use of sound has positive effects on patients’ emotions and
involvement.

A complementary approach to the use of auditory feedback is to actively guide the execution
of a motor task, rather than simply triggering it as a response to the patient’s performance. As an
example, Masieroet al. [102] present a robotic device which includes simple auditory feedback:
a sound signal is delivered to the patient and its intensity is increased at the start and the end
phase of the rehabilitation exercise, in order to signal thepatient the occurrence of these phases.
According to the authors, this kind of feedback retains the power of maintaining a high level
of attention in the patient. On the other hand, the feedback has no correlation with quality of
performance. Colomboet al. [32] used a similar type of feedback to guide the user’s movement
in wrist and elbow-shoulder manipulators.

A more interactive use of sound can be found in the GenVirtualapplication [35]. This aug-
mented reality musical game is designed as an aiding tool forpatients with learning disabilities.
Users of this system are instructed to imitate sound or colorsequences in the GenVirtual envi-
ronment, and auditory feedback is provided to help users memorizing such sequences. A similar
approach can be found in [92], [91], and [61]. However, it hasto be noted that no realistic inter-
action is provided between user and environment, even though sounds are more correlated to user
movements with respect to the former examples. Moreover, auditory feedback is still realized in
the form of triggered pre-recorded sounds.

In many systems, auditory feedback is intended as generation of soundscapes that can rein-
force the verisimilitude and realism of a virtual environment, thus addressing aspects of sound
design that are closer to SID research topics and in particular to aesthetic quality issues. To
date, a plethora of environments have been developed, ranging from relatively simple driving
scenarios (such as car, boat or airplane [79, 37]), to more complex ADLs [122, 71]. The latter
work describes a system which allows patients to practice various everyday activities, such as
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Figure 2.3: Auditory feedback and engagement: experimental setup with the Pnew-WREX
robotic system (figure reproduced from [155]).

preparing a hot drink: here the role of auditory feedback is to render as realistically as possible
the sounds of the virtual objects involved in the activity and manipulated by the patient (e.g. the
kettle, the cup, and so on). However, a fully realistic sonicinteraction is not achieved, because of
the unidirectional and noncontinuous nature of the relation between user movements and sound
generation.

Despite the great variety of uses assigned to auditory feedback, the studies discussed above do
not generally provide a quantitative assessment of the effectiveness of sound, regarding patient’s
performance in the rehabilitation task. Schaufelbergeret al.[152] are among the few authors who
have provided such an assessment, although using healthy subjects. In their work, the use of short
tonal sequences is experimentally evaluated in the contextof an obstacle scenario. In particular,
different distances from the obstacle and different obstacle heights are sonically rendered using
different repetition rates and different pitches of a tonalsequence, respectively. Experimental
results provide quantitative indications that, when auditory feedback is added to the visual one,
subjects perform better both in terms of completion time andin terms of fewer obstacle hits.

Concerning upper limb movements in stroke patients, Maulucci et al. [104] used auditory
feedback which informed subjects of the deviation of their hand from the ideal path in order to
verify if auditory feedback could increase motor learning,and found that such training improved
performance. In [155] it was studied how a relatively mild visual distractor affects performance
errors during a common robot-assisted exercise (target tracking, see Fig. 2.3) with both healthy
subjects and patients with chronic stroke. It was fond that in both cases performance was de-
graded by the distractor yet restored to near normal values when auditory feedback of the tracking
error was provided.
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Reference Device EC AI SO SS SP
Boianet al. [18] Rutgers Ankle X

Colomboet al. [32] Wrist Rehab. Device X
Colomboet al. [32] Shoulder and Elbow Device X
Connoret al. [34] AFF Joystick X
Johnsonet al. [79] Driver’s SEAT X
Johnsonet al. [80] HapticMaster robot X

Kousidouet al. [90] Salford Rehab. Exoskeleton X
Krebs and Hogan [91] MIT-MANUS X

Loureiroet al. [97] GENTLE/s X
McLaughlinet al. [107] Phantom X

Nef et al. [122] ARMin X X
Reinkensmeyeret al. [139] Pneu-WREX X X
Reinkensmeyeret al. [139] T-WREX X X

Rosatiet al. [143] NeReBot X
Shinget al. [160] Rutgers Master II X X

Wellneret al. [182] Lokomat X X X

Table 2.1: List of the surveyed robotic/haptic devices that use some form of auditory feedback,
and related literature. Columns from 3 to 6 list the typologies of auditory feedback that have
been used, according to the classification given in Section 2.3.1, whereas column 7 indicates
whether sound spatialization is used.

It has to be noted that, despite the substantial amount of research, there are very few cases in
which technology-assisted rehabilitation systems have made the step from research prototypes to
a real-world application in a medical context. A relevant example is Vibroacoustic Sound Ther-
apy (VAST), initially conceived for children with profoundand multiple learning difficulties and
recently developed with frail and mentally infirm elderly people in the context of an interactive
multisensory environment (iMUSE) [44].

2.3.1 Comparative analysis of auditory displays in rehabilitation systems

To conclude this section, a quantitative analysis of current uses of auditory feedback in technol-
ogy-assisted rehabilitation systems is provided. A detailed review of a large number of systems
has been carried out. Specifically, the systems taken into account for this analysis have been col-
lected based on the works referenced in two recent review articles [170, 72], on a related journal
special issue [82], and on the 2006-2008 proceedings of two relevant international conferences:
the ICORR (International Conference on Rehabilitation Robotics), and the ICVR (the Interna-
tional Conference on Virtual Rehabilitation). A total of 36 systems, described in 47 papers, have
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Figure 2.4: Distribution of auditory feedback in the 36 reviewed rehabilitation systems.

been selected. These systems have been grouped into four different clusters, representing four
different macro-categories of auditory feedback:

• auditory icons(AI), pre-recorded everyday sounds (including environmental sounds often
employed in virtual reality applications) mapped to computer events;

• earcons(EC), short pieces of music that characterize individual events;

• sonification(SO), the mapping of multidimensional datasets into an acoustic domain;

• synthetic speech(SS).

These categories correspond to those identified by McGookinand Brewster [106].

The quantitative results can be viewed in Fig. 2.4, whereas amore detailed report of the
surveyed systems that use any kind of audio is given in Table 2.1. Such analysis pitilessly reveals
that most of the systems do not make any use of auditory feedback. In addition, speech and
sonification, despite being the two most attractive alternatives for SID, are used only in a small
number of cases. Sound spatialization is also very little used, as the last column of Table 2.1
clearly shows. On the other hand, the vast majority of the systems that employ sound use it in
the simplest possibly way, i.e. through pre-recorded samples triggered by a single event. As
a result it emerges clearly that, although several systems exist which make use of multimodal
virtual environments, the consistent use of auditory feedback is very little investigated, and its
potential largely underestimated.
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2.4 Conclusions

Very little attention to auditory feedback is paid in the robotic rehabilitation community. The
majority of the reviewed systems do not utilize any auditoryfeedback, whereas the others exploit
only a limited set of possibilities, such as earcons or auditory icons. Auditory feedback is mostly
implemented in a virtual reality context, to reproduce realistic environmental sounds with the
aim of increasing the user’s sense of presence. Only in very few cases it is utilized to support the
motor learning process, providing an augmented feedback tothe user.

Although current technology-assisted rehabilitation systems exploit only a limited set of pos-
sibilities from SID research, several studies show that properly designed auditory feedback, able
to provide temporal and spatial information, can improve engagement and performance of pa-
tients in the execution of motor tasks, can improve the motorlearning process, and can possibly
substitute other feedback modalities (as with visually impaired users). Moreover, the relatively
limited computational requirements of audio rendering andthe low costs of related hardware
make it attractive to use auditory feedback in the context ofhome rehabilitation systems. In light
of this, there is strong evidence that research in technology-assisted rehabilitation may only take
advantage from a wary use of the know-how in sonic interaction design.





Chapter 3

Effects of Audio in Virtual Rehabilitation
Tasks: Experimental Results

This chapter presents experimental results from a set of tests with healthy subjects that use au-
ditory feedback to augment motor training exercises. The goal of the presented study is to in-
vestigate the role of sound in motor learning and motor control as a potential novel sensory
information to be compared to both visual and proprioceptive modalities. The final aim of this
work is to incorporate an optimized real-time auditory feedback related to one or more variables
(e.g. position error or velocity) in augmented-feedback robotic or virtual rehabilitation systems,
in order to improve clinical outcomes of therapy. In this context, the term auditory feedback
denotes an audio signal automatically generated and playedback to the user in response to an
action or an internal state of the system. The design of auditory feedback requires a set of sensors
to capture the system state, a feedback function to map sensor signals into acoustic parameters,
and a rendering engine to generate audio accordingly [151].

An incentive to the following research is given by the observation that audio, just like video,
is more direct and requires less attention than proprioception as input modality [156]. Thus,
auditory feedback is not only potentially relevant as a stimulation in augmenting the patient’s
engagement and motivation but also as an additional or substitutive straightforward information
with respect to video in improving performance and learning. The working hypothesis is then
that properly designed auditory feedback could be used to:

1. aid patient motivation in performing task-oriented motor exercises;

2. represent temporal and spatial information that improves the motor learning process;

3. substitute other feedback modalities in case of their absence.

Five different experiments are presented, one for gait training and four for upper limb train-
ing, with the aim of investigating the effect of novel different auditory feedbacks in improving the

21
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performance in non-disabled participants. Very preliminary results for one subject are presented
for the gait training exercise in Section 3.1, where the effect of task-related and subject-related
auditory feedbacks with or without the support of visual feedback and force field constraint is
compared to the no-sound condition.

Concerning upper limb rehabilitation, the first experiment (Section 3.2) investigates whether
continuous task-related auditory feedback can be more efficacious than error-related feedback
in terms of performance during a common tracking task. In thesecond (Section 3.3), sensory
substitution [103] is applied to compare different types ofauditory feedback with their equiva-
lent visual feedback, in order to find out whether mapping thesame information on a different
sensory channel (the visual channel) yields comparable effects to those gained in the first ex-
periment. In the third experiment (Section 3.4) a continuously altered visuomotor transforma-
tion [116] between the controller and the screen is applied and kinematic information is mapped
in order to investigate whether the task-related auditory feedback is more effective in the screen
or in the controller’s reference system. Finally, the fourth experiment (Section 3.5) compares
performances of spatialized versus non-spatialized task-related auditory feedback.

The studies described in the following sections are the result of a joint work with the De-
partment of Mechanical Innovation and Management, University of Padova, together with the
University of Delaware (gait training experiment) and the University of California Irvine (upper
limb training experiments). In these works my main task has been the development of the various
auditory feedback modalities and their integration withinthe experimental setups.

The works presented in this Chapter were published in [144] (Section 3.2) and have been sub-
mitted for publication in papers [191] (Section 3.1) and [145] (Sections 3.2- 3.4). The experiment
reported in Section 3.5 is still unpublished.

3.1 Auditory feedback for gait training

The aim of this experiment, which I refer to as experiment G1 (where G stands for gait), is to
investigate whether the most commonly used combination of feedback in rehabilitation robotics
(i.e., haptic and visual) can be either enhanced by adding auditory feedback or successfully sub-
stituted with a combination of kinetic guidance and auditory feedback, while helping a subject
performing and learning an altered gait motor pattern. Adaptation of an altered motor pattern
was in fact found to be necessary to achieve a semblance of functional walking following the
neuromuscular impairments caused by stroke [129]. Auditory feedback is presented in conjunc-
tion with or in substitution to visual feedback and/or force-field constraint (FFC) provided by a
robotic exoskeleton that the participant is wearing.
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(a) A CAD model of the ALEX II device. (b) Healthy subject during the experiment.

Figure 3.1: Experiment G1: experimental setup (figure (a) reproduced from [186]).

3.1.1 Subjects

The experiment is currently involving a significant number of healthy subjects (> 25), random-
ized into four groups based on the kind of feedback provided during gait training: group NF,
group FS, group TR, and group SR (such division will be later explained). Conversely, early
results reported in this thesis refer to a pilot study on a single healthy subject, aged28 and cau-
casian, performing all of the single training sessions of the four groups.

3.1.2 Experimental setup

Fig. 3.1(a) reports a model of the robotic exoskeleton employed in this study, i.e. the ALEX II
(Active Leg EXoskeleton) device developed at the University of Delaware. Without entering into
detailed information about mechanics and control of the exoskeleton that can be found in [186], it
is sufficient to report in this context that the device is a unilateral exoskeleton with two active DoF
(hip and knee flexion and extension) that can accommodate either the left leg or the right leg of
the subject. Additionally, the ALEX II provides 4 passive DoF at the trunk (vertical rotation and
anterior/posterior, superior/inferior and side-to-sidemotions). The leg is mounted on a movable
back support that has been designed to be used in conjunctionwith a traditional treadmill for
robot-aided gait training.

The device can operate in zero-torque mode or with force fieldenabled. The inertia of the
device is not actively compensated in the zero-torque mode,even though gravitational loads are.
When the Cartesian-based force field is active, a target footpath is loaded into the controller,
which represents the locus of points that the projection of the subject’s malleolus onto the sagit-
tal plane would pass through in an ideal gait cycle. The force-field behavior is modeled by a
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(a) Cartesian space trajectories. (b) Joint space trajectories.

Figure 3.2: Experiment G1: Cartesian space and joint space trajectories. Blue curves: baseline
trajectory. Green curves: template trajectory. Red curves: mean trajectory during a training
time slice.

non-linear virtual spring [186] that exerts a normal force towards the prescribed footpath if the
deviation of the subject’s foot from the target footpath exceeds an adjustable threshold. Con-
versely, no force is ideally exerted by the robot to the subject’s leg if his/her ankle is sufficiently
close to the prescribed footpath.

Fig. 3.1(b) pictures a more global view of the setup. The shoeworn by the subject’s cho-
sen leg (that in post-stroke patients will be the impaired lower limb) is instrumented with three
pressure sensors mounted at the heel, ball, and toe of the foot that provide information about
foot contact. These signals are used to pace the auditory feedback to subject’s gait as well as
for offline data processing. Each subject, after having fit into the exoskeleton, has to walk at
regular speed on a treadmill. Subject motion in exoskeletonis recorded by the device itself, that
continuously monitors the hip angle, knee angle, and ankle position in the subject’s sagittal plane
relative to the hip. The ankle position plotted against timegives rise to a peculiar trajectory in
the sagittal plane, an example of which can be seen in Fig. 3.2(a).

The goal of the subject during training is to follow as much aspossible one such trajectory
(the templatetrajectory), guided by FFC plus auditory feedback and/or visual guidance (VG)
presented on a screen placed in front of the treadmill, reporting the current position of the ankle
on the Cartesian space template. The trajectory can also be visualized by the operator in the
space of the two joints involved during gait training, hip and knee: Fig. 3.2(b) reports such an
example.

Recorded data are sent from the robot real-time controller toa host PC, which runs the
human-machine interface (HMI). A MATLAB script running on the same PC performs real-
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time processing on the limited set of data (hip angle, knee angle, and ankle position) required for
computing the auditory feedback, and sends them to a laptop via the OSC (Open Sound Control)
protocol. A real-time graphical programming environment,Pure Data [132], is running on the
laptop and is used for real-time audio synthesis. Sounds arepresented to the subject by means of
stereo speakers located in front of the treadmill.

Two different types of auditory feedback were designed:

• a rhythmic feedbacktriggering instrumental sounds during the subject’s walk;

• sonificationof the template trajectory based on formant synthesis of voice.1

The rhythmic feedback can be both subject-related and template-related. In the first case, a thumb
piano key sample is triggered each time the subject lifts up his toe from the treadmill (toe-off,
TO) and a metronome is played when the subject’s foot hits again the treadmill (heel-strike, HS).
Notes played by the thumb piano cycle among4 different tones to make the auditory feedback
more pleasant. In the second case, events TO and HS are not related to the subject’s gait but to
the template points where the expected TO and HS occur: rhythmic cues are triggered by the
PC at a frequency that corresponds to the stride period of thetarget trajectory, yielding a regular
rhythmic pattern. The use of a double-metronome allows participants to pace both footfalls to
the rhythmic cues.

Concerning template sonification, each point of the joint space is mapped to a determined
vocalized sound produced by a formant synthesis patch. In particular, the current hip angle
controls the formants (i.e., the couple of frequencies thatproduce a vowel) of the sound, while
the current knee angle is mapped to its fundamental frequency, which increases with knee flexion.
By replicating the same sound at each gait cycle, the subject is able to easily reproduce the same
footpath. However, informations about the mismatch between the current and the prescribed
footpath are only provided by the force field.

3.1.3 Experimental protocol

In this experiment each participant in every group is asked to walk on the treadmill taking into
consideration the information given by the perceived feedbacks. As already mentioned, what
distinguishes the different groups is the kind of feedback provided to them during training:

• group NF: FFC plus VG, no auditory feedback;

• group FS: sonification plus FFC;

• group TR: template-related rhythmic feedback plus FFC;

1Sonification can be defined as a mapping of multidimensional datasets into an acoustic domain for the purposes
of interpreting, understanding, or communicating relations in the domain under study [151]. As such, it can be
thought of as the auditory equivalent of data visualization.
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Figure 3.3: Experiment G1: experimental protocol timeline for a singlesubject.

• group SR: subject-related rhythmic feedback plus FFC and VG.

The full protocol for each subject is schematized in Fig. 3.3. Each subject walks for2 minutes
on the treadmill at his/her comfortable walking speed (CWS). Afterwards, his/her left leg is fitted
to the device, and he/she walks for 10 minutes while the robotis controlled in zero-torque mode.
During this warm-up session, the subject’s CWS in the robot is determined, and the adjustments
of the device can be slightly modified to improve his/her comfort. The treadmill speed is then
maintained for the rest of the experiment. In this study, therobotic leg is attached to subject’s
non-dominant leg, i.e., the limb which is commonly recognized to be mainly involved in motion
control. Indeed, several works on laterality and asymmetryin able-bodied gait corroborate the
hypothesis that the non-dominant leg contributes to control tasks, support, and body weight
transfer, while the contralateral limb is mainly responsible for propulsion [147].

In the following 5-minutes walk (baseline session, BSL), thehip and knee joint angles are
recorded by motor encoders. By averaging data taken from the last30s time-slice in this session,
and mapping the resulting averaged footpath to the task-space (i.e., the Cartesian space), the
subject’s baseline footpath is derived. The target footpath is then computed by applying isotropic
scaling to the set of points of the baseline footpath in the hip/knee joint space, with0.8 as the
scaling factor and the origin of the hip/knee axes as the external homothetic center. This method
yields a stable yet challenging gait cycle, characterized by a shorter and shallower step. Similarly,
the target stride period is computed from the average baseline stride period by comparing the
relative positions of the heel-strike/toe-off points in the baseline footpath to the corresponding
estimated positions in the target footpath. Notice that, being the treadmill speed equal to the
baseline CWS, smaller steps in the prescribed trajectory result in a faster prescribed cadence
(i.e., a shorter target stride period).

During training, subjects walk in the robotic exoskeleton,trying to match the target foot-
path. Training consists of four,10-minutes long sessions, during which the force field (FFC) is
always active (threshold10mm, stiffness of non-linear spring760000N/m2). Conversely, when
provided, visual guidance and auditory feedbacks are turned on intermittently (i.e., during the
first and third quarter of each training session) to prevent subjects from over-relying on extrinsic
feedbacks.

Breaks are given to subjects between each pair of consecutivetraining sessions. Duration of
the breaks is up to the subjects, ranging from 2 to 5 minutes. Minimal verbal cues are provided
during early trainings, only if the subject finds it difficultto adapt to the force field. Participants
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included in groups TR and SR are shown the current ankle position and the prescribed footpath
during the first40s of each training session. This approach is meant to providesubjects with
minimal information about the goal movement. Therefore, these groups do not receive kinetic
guidance and auditory feedback only, even though the amountof visual guidance is negligible
if compared to groups NF and FS. Similarly, during the first40s of each training session, peo-
ple in group SR are provided with the prescribed cadence instead of the subject-triggered one.
Thus, subjects in group SR do actually receive minimal informations about the cadence they are
expected to walk at.

Post-tests consist of3 sessions,5 minutes each, the first of which starts1 minute after the
conclusion of the last training session. A5-minute break is given between consecutive sessions,
thereby the second and the third post-tests start11 and21 minutes after training, respectively.
During these sessions, the robot is controlled in zero-torque mode and subjects are instructed to
walk as normally as possible. These last sessions are regarded as measures of learning.

3.1.4 Data analysis

Data from encoders and pressure sensors are collected at500 Hz and then filtered with a forward-
backward5-th order Butterworth filter (fc = 30 Hz). Starting from these data, a set of variables
which describes the participant’s performance during training and post-test sessions (accuracy
and precision measures) is computed. Data collected over a specific session (5 minutes for base-
line and post-tests,10 minutes for trainings) are first split into30s time intervals. Then, metrics
are computed within each time interval and subsequently averaged to yield a single value per
session.

Concerning accuracy, three different error metrics are considered:

1. the normalized error area enclosed between the current trajectory and the template trajec-
tory in the joint space,

JSerr =
|AJSi − AJStmp|

|AJSbsl − AJStmp|
, (3.1)

whereAJSi is the trajectory mean area in thei-th time slice,AJStmp is the area enclosed by the
template trajectory, andAJSbsl is the area enclosed by the baseline trajectory, all computed
in the joint space reference system;

2. the normalized error area enclosed between the current trajectory and the template trajec-
tory in the Cartesian space,

TSerr =
|ATSi − ATStmp|

|ATSbsl − ATStmp|
, (3.2)

whereATSi , ATStmp, andATSbsl are the metrics respectively equivalent toAJSi , AJStmp, andAJSbsl ,
but computed in the Cartesian reference system; and
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(a) Calculation ofJSerr. (b) Calculation ofTSerr.

Figure 3.4: Experiment G1: two error metrics. The white area enclosed between the current
trajectory (red curve) and the target trajectory (green curve) gives a measure of accuracy. The
blue curve is again the baseline trajectory.

3. the normalized stride period error,

Terr =
|Ti − Ttmp|

|Tbsl − Ttmp|
, (3.3)

whereTi, Ttmp, andTbsl are the average stride period in thei-th time slice, and the stride
periods of the template and baseline, respectively. Single-stride periods are all calculated
as the time intercurring between two subsequent TO events.

Fig. 3.4 reports a graphic representation of the above metrics. As an example, if the subject is
walking on the baseline trajectory bothJSerr andTSerr will be unitary, whereas if he/she follows
perfectly the template trajectory these will be equal to zero. Similarly, a unitary value forTerr

indicates that the subject is walking to the pace of the baseline trajectory.
Precision metricsJSprec, TSprec, andTprec are defined just asJSerr, TSerr, andTerr, with the

only difference that the average trajectory/stride periodof the subject computed over the whole
bout replaces the baseline trajectory/stride period. These can be seen as repeatability measures:
a high value of such metrics indicates that gait in differenttime slices is highly variable around
its mean, i.e. that repeatability is low.

3.1.5 Results and discussion

I shall now present and discuss the results of a pilot experiment involving one subject performing
the training sessions for the four groups. Fig. 3.5 illustrates the mean and standard deviation
among different time slices of the six defined metrics for each of the four feedback types.

It can be clearly seen that mode TR (template-based rhythm) gives the best results in all of
the precision metrics and inTerr. These are easily explained by the “metronome” paradigm in-
corporated in such kind of regularly triggered feedback. Still, good results are also obtained in
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(a) Accuracy metrics. (b) Precision metrics.

Figure 3.5: Experiment G1: results for one healthy subject.

the other two metrics (JSerr andTSerr) even though visual feedback is absent and no extrinsic
information about error is provided apart from FFC. Such result suggests that this kind of audi-
tory feedback allows the subject to concentrate more on proprioception than on visual feedback,
hence to base his/her own gait corrections on proprioceptive information.

Mode SR (subject-based rhythm plus visual guidance) yieldsvery good results inTSerr prob-
ably thanks to visual information, whereasJSerr is comparable to mode TR. However, variance
across time slices is greater, and this fact reflects itself onto the high values in the precision
metrics: trajectories are not repeatable.Terr is also higher both in mean and variance, probably
because of the prominent weight of the feedback component thanks to which the subject con-
centrates more on minimizing error rather than performing acorrect gait. Still,Terr is lower than
in mode NF (no auditory feedback), indicating that having a greater perception of his/her steps
helps the subject avert his/her attention away from error-related feedback provided by visual
guidance.

Similarly to mode TR, audio in mode FS (formant synthesis) cannot be regarded as an error-
related feedback. Errors inJSerr andTSerr are comparable to both previous modes, whileTerr is
definitely worse. However, precision is almost as good as in mode TR, even without any rhythmic
information: this result may be explained by the observation that thanks to trajectory sonification
the subject has knowledge of results, and aims at replicating the correct trajectory by minimizing
differences between what he/she had learned to be the correct vocalization and what he/she hears
during gait, regardless of step cadence. Although not beingthe best in the viewpoints of both
accuracy and precision, such sonification-based feedback modality is the most innovative, having
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never been investigated in previous literature.

Along with correctness of movement, repeatability is a fundamental goal for gait training: as
a matter of fact, it can mean that the subject has created his/her own motor pattern and follows it
with a high degree of precision. A proper task-based feedback may help the subject in performing
repetitive exercises, even in presence of a desired alteredtemplate, and could lead to improved
learning. Furthermore, task-related feedback can easily be integrated in everyday life, where
external information on error is unavailable. High precision does not occur for modes SR and
NF, where the subject executes several different attempts in order to follow a template visualized
on the screen; this result highlights how motor control is inthese two modes more influenced
by feedback than feedforward. As a consequence, all of the robotic rehabilitation systems that
make use of video as the principal feedback modality are liable to induce the subject gaining
excellent performances (i.e. low errors) without really learning motor control, that needs to be
mainly based on feedforward information in order to reach a higher level of effectiveness.

The reported observations are currently being verified at the University of Delaware on a
significant number of subjects. Clearly, the comprehensive results will have to be interpreted by
considering retention effects (i.e. performance in post-training phases) too: a previous study [86]
has revealed that, even in mode NF, short-term gait modifications lasting up to2 hours could be
induced in healthy individuals. Thus, it has to be investigated whether the same effect can be
provided or even improved by the use of the auditory channel;in other words, the conclusion
advanced in [86] thatmultiple feedback modalities allow better adaptation to a new gait pattern
needs to be extended to audio. Still, the preliminary results of the presented pilot experiment
have indicated that the auditory system can already be seen as a useful information channel for
the subject during gait.

3.2 Auditory feedback for arm training: task-related feed-
back

We now move to experiments for upper limb training through simple target tracking exercises
augmented with multimodal feedback. The aim of this first experiment, which is referred to as
experiment T1 (where T stands for tracking), was to find out whether a task-related auditory
feedback is able to provide informations that help the subject improving performance more than
position-error-related auditory feedback or visual feedback alone.

3.2.1 Subjects

A total of 20 healthy subjects participated to the experiment. They wereaged between 21 and
29 (mean age22.95 ± 1.99), 55% male and45% female, caucasian and right-handed. All the
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Figure 3.6: Experiments T1 and T4: experimental setup.

participants had normal vision with no color blindness, andno hearing problems based on their
self-report.

3.2.2 Experimental setup

As pictured in Fig. 3.6, each participant was provided with apair of common headphones that
presented auditory feedback and a Wacom pen as his/her controller. During the whole experi-
ment, each subject was sitting in front of a desk with a Full HDscreen in the middle of it, and a
Wacom pen tablet suitably calibrated in order to match the screen size right in front of him/her.
The screen was backed by a blank wall.

The main application was implemented in MATLAB. Two color-filled, 25-pixel-radius dots
were displayed on the screen: one representing the controller’s position (green dot) and one for
target position (red dot). Each participant was asked to perform a tracking exercise of the target’s
movement on a horizontal line while at the same time controlling the green dot as accurately as
possible. Obviously, control of the pen required movement of the right upper limb.

Two different types of target motion were envisaged:

• a fixed-lengthprofile, where the length of each left-right-left movement cycle was set to
60% of screen size for all iterations within the same session, corresponding to a range of
motion for the subject’s hand of nearly300 mm;

• a random-lengthprofile, where at each iteration the length of the segment pseudo-random-
ly varied from20% to 90% of the screen size. At the end of the session, the total distance
traveled by the target was the same as in the first case.
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In both cases, the trajectory of the target had a minimum-jerk profile, i.e. considering a fifth-
degree polynomial function

q(t) = a0 + a1(t− ti) + a2(t− ti)
2 + a3(t− ti)

3 + a4(t− ti)
4 + a5(t− ti)

5, (3.4)

whereti is the start time of the trajectory, onto which the followingcontour conditions are im-
posed:

• end timetf =
|qf−qi|

v
;

• initial positionqi = q(ti) and final positionqf = q(tf );

• initial velocity q̇i = q̇(ti) = 0 and final velocityq̇f = q̇(tf ) = 0;

• initial acceleration̈qi = q̈(ti) = 0 and final acceleration̈qf = q̈(tf ) = 0.

The coefficient values that uniquely determine the desired trajectory are then

a0 = qi

a1 = q̇i

a2 =
1

2
q̈i

a3 =
20(qf − qi)− (8q̇f + 12q̇i)T + (3q̈f − 2q̈i)T

2

2T 3
(3.5)

a4 =
30(qi − qf ) + (14q̇f + 16q̇i)T + (3q̈f − 2q̈i)T

2

2T 4

a5 =
12(qf − qi)− 6(q̇f + q̇i)T − (q̈f − q̈i)T

2

2T 5
,

wherev is the mean velocity in each segment, kept constant during the exercise, andT = tf − ti.
Just as in the gait training experiment, auditory feedback was developed in Pure Data. Tar-

get’s and subject’s data (positions and velocities in the X and Y directions) were sent in real-time
to Pure Data through the OSC protocol. Two different types ofauditory feedback were designed:

• a task-relatedauditory feedback simulating the sound of a rolling ball;

• anerror-relatedauditory feedback performing formant synthesis of voice.

For task-related feedback, the velocity of the target was applied as a simple gain factor onto the
output of a pink noise generator filtered through a bandpass filter with 200-Hz center frequency
and Q factor equal to 7. Concerning error-related feedback, the position errors between indicator
and target in both axes were used to control the parameters ofthe same formant synthesis patch
used in the previous experiment. Specifically, the X-axis position error was mapped onto the
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Figure 3.7: Functioning scheme of the target tracking system. The Wacompen is used in exper-
iments T1 and T4; the joystick is used in experiments T2 and T3.

amplitude and fundamental frequency of a synthetic vocalized sound, while the Y-axis position
error controlled the formants of the sound.

Spatial sound information was added to both feedbacks usingtheearplug ∼ Pure Data ex-
ternal, which offers 3-D sound rendering based on non-personalized head-related transfer func-
tions [30], by fitting the target X-axis position to the azimuth angle parameter. The described
auditory feedbacks were provided in turn to the user throughheadphones. A simple scheme of
the system’s architecture is reported in Fig. 3.7, where theSimulink model and the joystick were
not used in this experiment.

3.2.3 Experimental protocol

All the participants were asked to complete six different tasks. For each task, the subject had to
draw a trajectory onto the tablet with the pen in order to follow the target on the screen. The six
tasks were:

• task A: fixed-length trajectory, no auditory feedback;

• task Br: random-length trajectory, no auditory feedback;

• task C: fixed-length trajectory, task-related auditory feedback;

• task Dr: random-length trajectory, task-related auditoryfeedback;
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• task E: fixed-length trajectory, error-related auditory feedback;

• task Fr: random-length trajectory, error-related auditory feedback.

Each task lasted 80 seconds and consisted of 13 repetitions of the left-right-left movement
cycle. The mean velocity of the target was set to 400 pixels per second. During each task, target
and subject’s indicator position and velocity were sampledat a frequency of300 Hz. Each subject
executed all tasks in a randomly-generated sequence, aftera first warm-up task without target
where the participant could get acquainted with the tablet.During the three seconds preceding
each task, a countdown was simulated through a sequence of three tonal beeps.

3.2.4 Data analysis

For each participant, the integral of relative velocity (i.e., the difference between subject’s and
target’s velocities), the weighted position error along the horizontal direction (X-axis), and the
mean distance between subject indicator and target were measured. Each measure was calculated
for every left-right and right-left segment, then it was averaged over the whole task for each
subject.

The integral of relative velocityfor thek − th segment is defined as

Rvel(k) =
1

Lk

∫ tk+1

tk

|~vr|dt, (3.6)

where|~vr| = |~vs − ~vt| is the norm of the relative velocity vector,Lk is the length of segmentk,
whereastk andtk+1 are the beginning and end times of the segment.Rvel was calculated using
the rectangle method:

N
∑

h=1

√

(vx,s (h)− vx,t (h))
2 + (vy,s (h)− vy,t (h))

2 · dt

Lk
(3.7)

whereN is the number of samples in the segment. TheRvel parameter measures the extra distance
traveled by the subject while following the target, accounting for the movements made by the
subject to correct tracking errors. A null value of this metric indicates that the velocity profile of
the target has been exactly reproduced by the subject, even though the average position error (in
terms of a constant offset measured by the second metric) maybe not null.

The position error along the X-axis was weighed with the signof target velocity and normal-
ized to target radiusR. Theaverage weighed position errorfor segmentk is defined as:

ex(k) =
1

N

N
∑

h=1

(xs (h)− xt (h)) · sign (vx,t (h))

R
. (3.8)
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Figure 3.8: Experiment T1: statistical analysis on integral of relative velocity.

This formula takes into account the direction of motion of the target, thus showing whether the
subject leads (positive error) or lags (negative error) thetarget during the exercise. Lead error
is defined as the tracking error when the subject indicator anticipates the target (i.e. leads the
target motion), while lag error is the tracking error when the subject indicator follows the target.
Formally, positive terms in the summation in Eq. (3.8) contribute to lead error (elead

x ) calculation,
while negative terms contribute to lag error (elag

x ) calculation. A null value in this metric indicates
that the subject had an average null delay with respect to target motion, even though the distance
traveled around the target (which is measured by the first metric) may be not null.

Finally, the average distance normalized to the dot radius,defined as

dm(k) =
1

N

N
∑

h=1

√

(xs (h)− xt (h))
2 + (ys (h)− yt (h))

2

R
(3.9)

for segmentk, was also calculated. This measure roughly indicates the accuracy of movement.

A comparison between paired data was performed (D’Agostinoand Pearson omnibus nor-
mality test), resulting in a Gaussian distribution for tasks A-C-E-Fr (integral of relative velocity),
A-Br-C-Dr-E-Fr (weighed position error and lead error), A-C-E(lag error), and A-Dr-E (mean
distance). Consequently, either parametric or non-parametric (Wilcoxon) paired t-tests were per-
formed in order to compare the measures among different tasks.
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Figure 3.9: Experiment T1: statistical analysis on weighed position error.

3.2.5 Results and discussion

The main result of the statistical analysis on the integral of relative velocity was that, as one
may expect, the fixed-length task is always significantly better executed than the corresponding
random-length task, regardless the audio modality employed (see Fig. 3.8): the subjects made
significantly greater corrections in the random-length tasks with respect to the corresponding
fixed-length task for every audio modality. On the other hand, no statistically significant differ-
ence was found, in terms of extra distance traveled around the target, when the audio modality
was changed while keeping the same trajectory type, indicating that the audio modality did not
affect the number of corrections made by the subject while tracking the target.

Conversely, statistical analysis on average weighed position error revealed that, in terms of
tracking delay, there is no significant difference between fixed and random length tasks within the
same auditory feedback modality (see Fig. 3.9), indicatingthat the trajectory type did not affect
the average tracking delay. However, task C presented a significantly smaller negative error with
respect to tasks A and E, while task Dr did the same with respect to Br and Fr. In other words,
task-related auditory feedback (C and Dr) helped the subjects to significantly reduce average
tracking delay with respect to error-related auditory feedback (E and Fr) and to no audio (A and
Br), both in the easier (fixed length) and in the more complex (random length) tasks.

By decomposing the previous measure into lead and lag error, it was found how subjects
averagely tend to lag during the task, especially for the random-length tasks (see Fig. 3.10). This
result can be easily justified by the unpredictability of these tasks and the subject’s physiological
response delay to multisensory feedback. In this context, it is important to underline that in the
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Figure 3.10: Experiment T1: statistical analysis on lag error.

statistical analysis lag error in tasks C and Dr is statistically lower compared to the corresponding
tasks A and Br, whereas this does not happen for lead error. Task-related auditory feedback thus
involves actions that aim at reducing lag error.

Conversely, error-related feedback seems to act more as a deterrent to performing tracking
errors rather than an augmentation of the visual information available to the user. This hypothesis
may explain the deterioration of the performance with respect to the task-related case in all of
the analyzed statistics except the lead error: indeed, thiskind of feedback seems effective only
in indicating the target’s deceleration phase by warning the user not to overshoot the end point
of the segment.

The effects of both error-related and task-related feedback on performance and motor learn-
ing are often discussed in the literature, sometimes with contrasting results. As an example,
according to Timmermanset al. [177] rehabilitation technology should provide both knowledge
of results as well as knowledge of performance. A combination of error-based augmented feed-
back and feedback on correct characteristics of the performed movement is thus advisable to
enhance both motor learning and motivation. The results of experiment T1 suggest instead that
even task-related feedback alone can be beneficial to users’performance.
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3.3 Auditory feedback for arm training: sensory substitution
of audio

The purpose of the following experiment, which is referred to as experiment T2, was to prove
whether equal information to auditory feedback onto a different sensory channel gives the same
positive effects in users’ performance. The experimental setup of this experiment was very sim-
ilar to that of the previous one, the only substantial difference being the controller.

3.3.1 Subjects

A total of 22 healthy subjects participated to the experiment (mean age23 ± 1.66, 81.8% male
and18.2% female). They were caucasian and right-handed, except for one subject who was left-
handed. Again, all the participants had normal vision with no color blindness, and no hearing
problems.

3.3.2 Experimental setup

As shown in Fig. 3.11, the subjects sat on a chair with an haptic 2-DoF semiactive joystick
(see [28]) fixed on the right side of it. The experimental setup was also composed by a PC host
and a pair of common headphones that presented auditory feedback. The 2-DoF joystick was
used in passive mode (i.e. free motion). According to [28], manipulation of the joystick along
the first DoF, which involves movement along the X-axis, was measured through a Baumer BHK
incremental encoder with8000imp./rev., while the second DoF, which was disconnected from
the passive actuator in order to reduce friction and inertia, was measured using a10kΩ single-
turn conductive plastic potentiometer with a10V power supply. A Sensoray 626 I/O module
was managed in an external computer through a real-time software (Simulink R2010b) running
at100Hz. A Graphical User Interface (GUI) in MATLAB allowed to send UDP packets in real-
time to an audio synthesis patch through the OSC protocol. The scheme of the setup can be again
related to Fig. 3.7, the joystick replacing the tablet.

As in the previous experiment, two color-filled, 25-pixel radius dots were represented on
the screen, one for controller position (green dot) and one for target position (red dot), and each
participant was asked to perform a tracking exercise of the target’s movement as a horizontal left-
to-right movement. In this experiment, all tasks shared afixed-lengthtrajectory with a minimum-
jerk velocity profile as in Eqs. (3.4)− (3.6), corresponding to a range of motion for the subject’s
hand of150 mm.

auditory feedback was again developed in Pure Data. In addition to the previous two types of
auditory feedback, adapted to and improved for this experiment, a third type of feedback related
to velocity error was designed. Ultimately, the three auditory feedback modalities were:

• a task-relatedauditory feedback simulating the sound of a rolling ball;
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Figure 3.11: Experiments T2 and T3: experimental setup.

• aposition-error-relatedauditory feedback performing formant synthesis of voice;

• avelocity-error-relatedauditory feedback simulating DJ scratching.

Task-related auditory feedback was improved through the use of a bandpass filter with Q factor
equal to 9 and 500-Hz center frequency, slightly variable with the velocity input in the latter
version. For position-error-related auditory feedback, the position error between the indicator
and the target in X-axis was used alone to control the parameters of the formant synthesis patch.
Specifically, the X-axis position error was mapped onto the amplitude, the fundamental fre-
quency and the couple of formants in order to generate a soundwhich changes in frequency for
small errors and vowel for medium/large errors, resulting in a more straightforward feedback.

Velocity-error-related auditory feedback was designed asa cubic polynomial profile of the
X-axis velocity error applied onto the output of a pink noisegenerator filtered through a bandpass
filter, set up as in the task-related audio signal. In addition, a dead zone and a sign control were
added to activate feedback only in presence of medium-to-large errors and when the controller
was moving away from the target. All of the auditory feedbacks were again binaurally spatialized
through theearplug ∼ Pure Data external.

For this experiment visual alterations equivalent to the described auditory feedbacks were
also designed in MATLAB. Basically, a progressive alterationof the screen’s background color,
fading from black to light blue proportionally to the current mapped quantity, i.e. X-axis position
error, X-axis target velocity, or X-axis velocity error, was introduced.

3.3.3 Experimental protocol

Each participant was asked to complete seven different tasks. For each task, the participant had
to grasp the joystick handle performing a horizontal movement with the aim of following the
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target on the screen. The seven tasks were:

• task A: no audio/color feedbacks;

• task B: position-error-related color feedback;

• task C: velocity-error-related color feedback;

• task D: task-related color feedback;

• task E: position-error-related auditory feedback;

• task F: velocity-error-related auditory feedback;

• task G: task-related auditory feedback.

Each task lasted about 90 seconds and consisted of 15 repetitions of the left-right-left move-
ment cycle. The mean velocity of the target was set to 500 pixels per second. Each subject
executed all tasks in a randomly-generated sequence, aftera first warm-up task without target,
where the participant could get acquainted with the device.During the three seconds preceding
the beginning of each task, a countdown was simulated through a sequence of three tonal beeps.

3.3.4 Data analysis

For this experiment the weighed position errorex, the lead and lag position errorselead
x andelag

x ,
the integral of relative velocityRvel, and the mean distancedm were calculated as in the previous
experiment, see Eqs. (3.6)− (3.9). Four participants, who misinterpreted the execution of one or
more color feedback tasks, were excluded from the analysis.

A comparison between paired data (D’Agostino and Pearson omnibus normality test) was
performed, resulting in a Gaussian distribution for tasks A-B-C-D-F-G (integral of relative ve-
locity, weighed position error and lead error), A-B-D-F-G (mean distance) and A-D-F-G (lag
error). Thus, either parametric or non-parametric (Wilcoxon) paired t-tests were performed in
order to compare performance parameters among different tasks.

3.3.5 Results and discussion

The comparison of the integral of relative velocity betweentasks A and B in Fig. 3.12 shows
that the addition of the error-related color feedback increases the extra total distance traveled by
the subject. Moreover, each color feedback modality (B, C andD) induces significantly greater
trajectory corrections with respect to the corresponding substituted audio modality (E, F and G).
Concerning audio tasks, results confirm those found in experiment T1 (no significance on this
metric if compared to the first task), including the new soundmodality (velocity-error related
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Figure 3.12: Experiment T2: statistical analysis on integral of relative velocity.

audio): the auditory feedbacks do not significantly alter the extra total distance traveled by the
subject while tracking the target.

A similar trend for color tasks is also found in the statistical analysis on the weighed position
error data, shown in Fig. 3.13. Indeed, background-color alteration degrades tracking perfor-
mance in terms of lag from the target, resulting in an increased weighed error for each task both
with respect to task A and to audio tasks. As a consequence, providing the same information
on task or error through vision does not bring upgrades in performance, suggesting that visual
information cannot be augmented through the same channel inthe experienced motion tracking
tasks. Replacing auditory feedback with a background color transformation on the screen leads
to results that are even worse than having the original visual feedback alone. This finding indi-
cates that, in these tests, the visual channel is already saturated by the target following task, so
that the background color variation turns out to be a distraction rather than a useful additional
information for the user. Instead, two separated information channels (visual and auditory), if
properly coordinated, work in a parallel fashion and can contribute to performance enhancement,
as already pointed out.

In addition, the absolute better performance of task-related auditory feedback, as found in
the experiment T1, is confirmed. This last result shows how task-related auditory feedback is
effective independently of the controller used in the experiments: as a matter of fact, the use of
two very different input devices (pen tablet in T1 and joystick in T2) yielded totally analogous
results.
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Figure 3.13: Experiment T2: statistical analysis on weighed position error.

3.4 Auditory feedback for arm training: visuomotor transfor-
mations in task-related feedback

The aim of this third experiment, which is referred to as experiment T3, was to find out in which
reference system (video or controller) for target trackingas an input to a task-related auditory
feedback better helps the subject improving performance inthe context of a continuously variable
visuomotor transformation. The experimental setup was almost identical to that of experiment
T2.

3.4.1 Subjects

A total of 47 healthy subjects participated to the experiment (mean age24.04 ± 2.77, 78.7%
male and21.3% female). They were caucasian and right-handed, except for two subjects who
were left-handed. This time too, all the participants had normal vision and no hearing problems.
Subjects were randomized into four groups based on the kind of feedback provided during the
experiment: 11 subjects belonged to group NF, 12 to group ER, 12 to group TR-V, and 12 to
group TR-J. Such division will be made clearer in the following.

3.4.2 Experimental setup

In this experiment the same hardware and software equipmentof experiment T2 was exploited,
i.e. the joystick fixed on the right side of the subject, the PChost running the Simulink model as
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Figure 3.14: X position versus time of target (green line) and subject (blue line) in one repre-
sentative trial of the visuomotor transformation task of experiment T3. Subject position has been
converted into pixels for the purpose of this chart. Dashed violet lines indicate the beginning of
each trajectory segment. Despite the variable amplitude oftarget motion, the subject tends to
make a fixed amplitude motion, due to the presence of the visuomotor transformation.

well as the MATLAB GUI representing the two dots (target and current position) on the screen,
and headphones as pictured in Fig. 3.11. Each participant was asked to perform a tracking
exercise exactly as required in experiment T2.

The target movement displayed on the screen had a minimum-jerk velocity profile, in which
the length of each segment:

• in the first phase (warm-up task), was kept constant as in experiment T2;

• in the second phase (visuomotor transformation task), pseudo-randomly varied from20%
to 90% of screen size; in addition, in this phase the scale between the video and the joy-
stick was changed at each iteration, in such a way that the required motion of the joystick
remained fixed along all segments (as in the warm-up task): owing to the alteration of the
introduced video-joystick scale, the random-length motion of the target visualized in this
phase corresponded to the same fixed-length target motion ofthe subject’s hand used in
the warm-up.

Fig. 3.14 depicts the X position versus time of the target (green line) and of the subject (blue
line) in one representative run of the visuomotor transformation task. It is clearly shown in the
figure that, despite the variable amplitude of target motion, the subject tends to make a fixed
amplitude motion, due to the presence of the visuomotor transformation. We can summarize by
saying that, in this modality, the target motion of the arm had a fixed length, while the motion of
the target displayed on the screen had a randomly-variable length.

Three different auditory feedbacks were used:
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• anerror-relatedauditory feedback performing formant synthesis of voice; in this modality,
the mapped quantity was the position error on the X-axis, measured on the screen;

• a video-task-relatedauditory feedback, simulating the sound of a rolling ball bymapping
the target velocity in screen scale;

• a joystick-task-relatedauditory feedback, simulating the sound of a rolling ball bymapping
the target velocity in joystick scale.

By using the last two modalities, it is tested whether the efficacy of task-related audio in reducing
the average tracking error, as observed in experiments T1 and T2, was induced by an augmented
description of the visualized task or by audio rendering of the target motion of the arm.

3.4.3 Experimental protocol

For each task, the participant had to grasp the joystick handle performing a horizontal movement
with the aim of following the target on the screen. In this experiment each participant in every
group was asked to complete the same single task. No information on the visuomotor trans-
formation were provided to the subjects. As mentioned before, what distinguished the various
groups was the kind of auditory feedback provided to them during the exercise:

• group NF: no auditory feedback;

• group ER: error-related auditory feedback (in the video reference system);

• group TR-V: video-task-related auditory feedback;

• group TR-J: joystick-task-related auditory feedback.

The warm-up task was made of 20 repetitions of the fixed-length, fixed scale target trajectory.
After a 5 minutes rest, a sequence of three tonal beeps signaled the beginning of the visuomotor
transformation task. This task consisted in 15 repetitionsof the left-right-left movement cycle
with random-length, visually altered trajectory. The meanvelocity of the target on the screen
was set to 500 pixels per second.

3.4.4 Data analysis

The weighed position errorex, the lead and lag position errorselead
x and elag

x , the integral of
relative velocityRvel, and the average distancedm were calculated as described in the previous
experiments using the visual scale.

A comparison between unpaired groups (D’Agostino and Pearson omnibus normality test)
was performed, revealing a Gaussian distribution for all the examined cases except for the lead
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Figure 3.15: Experiment T3: statistical analysis on integral of relative velocity.

error of group ER. Thus, either parametric or non-parametric(Mann-Whitney) unpaired t-tests
were performed in order to compare the participants’ performance measures among different
groups (i.e., among different feedback modalities).

3.4.5 Results and discussion

The histogram of the integral of relative velocity, shown inFig. 3.15, reports no statistically
significant difference in task execution between differentgroups, i.e. the extra total distance
traveled by the subject’s hand during the task is not influenced by the auditory feedback provided,
and is comparable to that of group NF (no auditory feedback).

The results of the average normalized distance (Fig. 3.16) show instead a significant differ-
ence between group ER and TR-V and TR-J respectively, resulting in a better average accuracy
of the movement when task-related auditory feedback (both in the joystick and in the video
reference system) is provided rather than error-related auditory feedback. However, group NF
presents an average distance statistically equivalent to the groups with auditory feedback, even if
group TR-V actually lightly improves accuracy compared to group NF.

Regarding the average weighed position error reported in Fig. 3.17, one can observe that
in presence of the visuomotor transformation, the error-related auditory feedback yields sig-
nificantly greater average tracking delays with respect to all other modalities. In other words,
providing position-error related information through sound, despite being substantially equiva-
lent to the absence of auditory feedback in experiments T1 and T2, may be detrimental during
learning of a novel visuomotor transformation.
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Figure 3.16: Experiment T3: statistical analysis on average tracking distance.
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Figure 3.17: Experiment T3: statistical analysis on weighed position error.
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On the other hand, providing task-related information through sound during learning of a
novel visuomotor transformation can be beneficial if the auditory information is consistent with
that provided by visual feedback, yielding reduced averagetracking delay with respect to no
auditory feedback. This trend is due to a consistent different influence on lag error (histogram
and significances are similar to those reported in Fig. 3.17)as opposed to a comparable level of
lead error (figure not included), which is however not sufficient in counteracting the lag. On the
contrary, providing auditory information related to expected arm movement is not likely to bring
benefits in presence of a novel visuomotor transformation with respect to no auditory feedback.

To sum up, it comes out from this experiment that task-related feedback is effective in the
context of a visuomotor transformation explicitly designed to confuse the user, although in minor
measure with respect to the proportional case. The video-related feedback, being consistent
with what the user actually sees, is more effective in reducing tracking delay with respect to
the joystick-scale audio, which provides information on the effective target motion of the arm.
This result is particularly interesting, as more correct information on desired arm motion were
provided in the joystick-related modality, which in turn yielded worse results. On the contrary,
performance was improved by enhancing task information that were inconsistent with the desired
arm motion. This finding suggests that the subject tends to expect information on task rather than
on motor command from extrinsic feedback. Secondly, video-related audio provides additional
information in accordance with the sensory channel onto which the user’s attention is already
focused, following a visual dominance principle.

In other words, the user manages to compensate the mismatch between the two movement
ranges by relying mostly on the visual feedback, yet the sensory augmentation given by visual-
scale auditory feedback contributes to increase performance with respect to the condition where
the auditory channel is not used. Conversely, creating a conflict between the audio and video
modalities leads the user to maintain attention focused onto the visual input [13], obtainig results
comparable to those gained in absence of the audio signal. However, joystick-related feedback
leads to a slightly better performance than the video-only condition. This result is in agreement
with [141], where it is stated that misleading or noisy feedback increases coordination variability
although saturating toward the level without feedback at most.

An improved performance achieved from video-related auditory feedback during a contin-
uous visuomotor perturbation may indicate a more effectivecontinuous learning of the scale
variation. Thus, a properly designed task-related auditory feedback continuously provided to
the user may lead to enhanced learning in rehabilitation exercises. This last hypothesis requires
further investigation that could be addressed in future research.
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3.5 Auditory feedback for arm training: effect of sound spa-
tialization

The aim of this last experiment, which is referred to as experiment T4, was to find out whether
the information given to the user by spatialized task-related auditory feedback helps the subject
improving his/her performance more than non-spatialized task-related auditory feedback.

3.5.1 Subjects

A total of 16 healthy subjects participated to the experiment. They wereaged between 19 and
42 (mean age26.31 ± 6.46), 50% male and50% female, caucasian and right-handed. All the
participants had again normal vision with no color blindness, and no hearing problems.

3.5.2 Experimental setup and protocol

The setup for this experiment was much analogous to that of experiment T1, i.e. the participants
used the Wacom pen tablet and wore headphones, and can thus beagain related to Fig. 3.6.
Both fixed-length and random-length profiles for the movementof the target were envisaged.
The sole relevant difference with respect to experiment T1 lied in the choice of the auditory
feedbacks. In particular, a singletask-relatedfeedback simulating the sound of a rolling ball
was realized in Pure Data. The only differences with respectto the task-related feedback used
in experiment T1 were in the bandpass filter’s parameters, having 300-Hz center frequency and
Q factor equal to 10: such a choice yielded a much lighter timbre to the rolling sound. The
task-related feedback was then either spatialized throughthe usual binaural rendering patch or
not, resulting in two different auditory feedbacks to be compared against each other as well as to
the no-sound condition.

All the participants were asked to complete the following six different tasks, presented in a
random order:

• task A: fixed-length trajectory, no auditory feedback;

• task Br: random-length trajectory, no auditory feedback;

• task C: fixed-length trajectory, non-spatialized auditory feedback;

• task Dr: random-length trajectory, non-spatialized auditory feedback;

• task E: fixed-length trajectory, spatialized auditory feedback;

• task Fr: random-length trajectory, spatialized auditory feedback.

Just as in experiment T1, each task lasted 80 seconds and consisted of 13 repetitions of the
left-right-left movement cycle.
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Figure 3.18: Experiment T4: statistical analysis on integral of relative velocity.

3.5.3 Data analysis

Identically to all of the three previous experiments, the weighed position errorex, the lead and
lag position errorselead

x andelag
x , the integral of relative velocityRvel, and the mean distancedm

were calculated.
A comparison between paired data (D’Agostino and Pearson omnibus normality test) was

performed, resulting in a Gaussian distribution for tasks Br-C-Dr-E-Fr (integral of relative ve-
locity), A-Br-Dr-E-Fr (weighed position error and lead error), A-Dr-E-Fr (mean distance) and
A-Br-Dr-E (lag error). Consequently, either parametric or non-parametric (Wilcoxon) paired
t-tests were performed in order to compare performance parameters among different tasks.

3.5.4 Results and discussion

Similarly to previous findings, the only relevant result of the statistical analysis on the integral
of relative velocity, reported in Fig. 3.18, was that the fixed-length task is always significantly
better executed than the corresponding random-length task, independently of the audio modality.
The same result was also found by analyzing the mean distancemeasure.

Conversely, no significant difference between fixed and random length tasks within the same
auditory feedback modality was evidenced by the statistical analysis on the average weighed
position error, see Fig. 3.19. In this case, it was the auditory feedback modality that made the
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Figure 3.19: Experiment T4: statistical analysis on weighed position error.

difference. Both the fixed-length audio tasks C and E presented a smaller negative error with
respect to task A, and the same applied to random-length audio tasks Dr and Fr with respect to
task Br. However, only the spatialized audio tasks reported significant difference with respect
to the no-audio tasks, while non-spatialized ones did not. In other words, only spatialized task-
related auditory feedback (tasks E and Fr) helped the subjects to significantly reduce average
tracking delay with respect to having no auditory feedback,both in the fixed length and in the
random length tasks. Non-spatialized auditory feedback lied between the other two modalities in
such terms, even though not reporting significant difference with respect to spatialized auditory
feedback.

The careful observer will note that Fig. 3.19 exhibits smaller differences in average tracking
error values between tasks A-E and Br-Fr if compared to the results for experiment T1 reported
back in Fig. 3.9 for the equivalent feedback couples A-C and Br-Dr. This may be partly due to
the slightly different settings of the rolling sound. However, the statistically significant upgrade
given by the spatialized task-related auditory feedback ispreserved.

While analysis of lag error did not add much with respect to theprevious measure, lead
error (reported in Fig. 3.20) was found to be statistically different both between fixed-length
and equivalent random-length tasks and among fixed-length tasks themselves. In particular, lead
error in task A was significantly lower than in tasks C and E. This result is harder to interpret
than the previous ones; still, it could be advanced that the lead error component was greater in
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Figure 3.20: Experiment T4: statistical analysis on lead error.

random-length tasks because of the sudden, unpredictable deceleration phase for short segments,
whereas in fixed-length tasks lead error was lower but tendedto increase in presence of consistent
auditory feedback because subjects felt more confident in executing the task, tending sometimes
to lead the target’s movement. Complementarily to experiment T1, it was thus found how task-
related auditory feedback involves actions that aim at increasing lead error.

To sum up, whereas differences between spatialized and non-spatialized task-related auditory
feedback were not seen to be particularly marked, spatialized feedback led to a statistically better
performance than with no audio that could not be attested fornon-spatialized feedback. The use
of generalized HRTFs could of course have limited the realism of the spatialization in some sub-
jects, psychoacoustically resulting in a trivially pannedversion of the non-spatialized feedback.
It has indeed to be mentioned that half of the subjects (8 out of 16) informally reported no sig-
nificant difference between the two audio modalities, and that 4 among them explicitly felt that
the rolling auditory feedback was confusing, preferring the condition with no audio. However,
the other half felt that spatialization added useful information to the task, by helping in particular
during the most sudden acceleration and deceleration phases and by letting the subject better
concentrate on the task. Along with improvements in the monophonic signal, a required step
towards a better rendering of the used feedback is thus the exploitation of customized HRTFs.



52 Techniques for Customized Binaural Audio Rendering with Applications to Virtual Rehabilitation

3.6 Conclusions

The results of experiments T1 to T4 confirm that auditory augmentation of visual feedback is
overall beneficial to the user’s performance in upper limb movement tasks, even in presence of
a novel visuomotor transformation. In other words, the addition of a secondary sensory chan-
nel that faithfully represents the information already provided by the visual channel helps the
user having a stronger perception of the task, allowing for improved sensory-motor coordina-
tion. Such result lies in accordance with [141], which states that coordination variability with
more than one sensory modality is smaller than with one modality only. This suggests that the
performer can easily manage to integrate visual and auditory information online during task ex-
ecution by tending to optimize the signal statistics.

The rolling ball paradigm for the proposed task-related feedback is obviously included in
this class of continuous auditory cues, being a straightforward and intuitive mean of providing
velocity profiles through the auditory channel, and indeed remarkably enhances performance.
This may also be likely due to the fact that provision of feedback through the auditory system
allows better parallel processing, even in cases where the information seems redundant. As a
matter of fact, rather than acting as a confounding influence, auditory feedback enhances visuo-
motor control because it provides similar information [155].

Task-related auditory feedback proved to be effective in reducing the average tracking error,
even though it did not affect the number of trajectory corrections made by the subject while at-
tempting to follow the target (integral of relative velocity). Such result is consistent with the
observation that this audio modality can be considered as a feedforward input for the subject’s
motor control. Conversely, providing error-related information through sound in presence of
visual feedback (through both formant synthesis reflectingposition error and scratching effects
reflecting velocity error, as of experiment T2) did not affect tracking performance. This result
may be explained by considering that error-related audio presents redundant information with
respect to the visual modality, rather than providing an augmentation of the visual information
available to the user. In addition, one may argue that the subject may expect to receive or elabo-
rate error related information from video rather than from the auditory sensory channel, and this
may lead the subject to disregard the information received through sound.

The effect of spatialization was also found to be overall beneficial to the user, although the
information provided by generalized HRTFs could not be unanimously appreciated. In light of
this, the next chapters of this thesis will focus on how to improve the currently exploited spatial
sound rendering through a customized HRTF model not involving any cumbersome measure-
ment. The use of customized HRTFs will be expected to ultimately positively augment the gap
between performances in the no-audio and spatialized audioconditions.

The influence of auditory feedback was studied on healthy subjects first to characterize the
normative response of the human motor system to auditory feedback, yet these experiments
should be adapted to a post-stroke scenario in order to attest the absolute effectiveness of auditory
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feedback in rehabilitation contexts. However, these results definitely provide a basis for a future
comparison with post-stroke patients.

An important implication of these findings is that more and more attention should be paid to
incorporating effective forms of auditory feedback duringrobot-assisted movement training. To
date, although there are attempts to use sound in a more sophisticated way, auditory feedback is
underutilized in most robotic therapy systems, playing a role as background music or signifying
only task completion in most cases (as already discussed in Section 2.3). Understanding the real
potential of audio in rehabilitation contexts requires further investigation that will be addressed
in future research, that should thus examine how auditory feedback can best be crafted to im-
prove engagement, performance and learning in rehabilitation exercises, the ultimate goal being
enhancement and acceleration of motor adaptation and motorrecovery.





Chapter 4

Binaural Perception and Rendering:
Previous Work

At the beginning of the last century, Lord Rayleigh’s studieson the scattering of sound waves by
obstacles gave birth to the extensive and still partially misunderstood field of 3-D sound. Within
the context of his notable Duplex Theory of Localization [169], a commonly known formula
that approximates the behaviour of sound waves diffractingaround the listener’s head provided
indeed a first glance of the today-called head-related transfer function (HRTF). Alas, despite
the importance and applicative potential of such a centenary theory, most of the efforts towards
efficient modeling of HRTFs were spent in the last few decadesonly.

Formally, the HRTF at one ear is defined as the frequency-dependent ratio between the sound
pressure level (SPL)Φ(θ, φ, ω) at the eardrum and the free-field SPL at the center of the head
Φf (ω) as if the listener were absent:

H(θ, φ, ω) =
Φ(θ, φ, ω)

Φf (ω)
, (4.1)

where(θ, φ) indicates the angular position of the source relative to thelistener, andω is angular
frequency. The HRTF can alternatively be seen as the Laplacetransform of the free-field com-
pensated impulse response relative to the path of the sound wave from the source to the eardrum,
the head-related impulse response (HRIR). This means that theHRTF contains all of the infor-
mation relative to sound transformations caused by the human body, in particular by the head,
external ears, torso and shoulders. Clearly, a left and a right HRTF exist, one per ear: apart from
perfect symmetries, these two HRTFs are different. Such characterization allows virtual posi-
tioning of sound sources in the surrounding space: consistently with its relative position to the
listener’s head, the emitted signal can be filtered through the corresponding pair of HRTFs creat-
ing left and right ear signals to be delivered by headphones [30]. In this way, three-dimensional
sound fields with a high immersion sense can be simulated and integrated into a great variety of
contexts.

55
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Unfortunately, recording individual HRTFs of a specific listener requires specific facilities,
expensive equipment, and delicate audio treatment processes. For these reasons non-individual-
ized (or generalized) HRTFs, e.g. measured ondummy heads(mannequins constructed from
average anthropometric measures), are used in most applications. A series of experiments were
conducted by Wenzelet al. [183] in order to evaluate the effectiveness of non-individualized
HRTFs for virtual acoustic displaying. A very similar perceived horizontal angular accuracy
in both real conditions and with 3-D sound rendering was obtained by employing generalized
HRTFs; however the experiments showed that the use of generalized functions increases the rate
of front-back reversals (i.e. a sound in the front is perceived in the back, orvice versa). Also,
Begaultet al. [15] compared the effect of generalized and individualizedHRTFs applied onto
a speech sound in static and dynamic conditions. Their results showed that source localization
with generalized HRTFs in static conditions is marginally deteriorated with respect to the indi-
vidualized case in the horizontal dimension, while head motion is crucial to reduce angular errors
in the vertical dimension and to avoid reversals.

To sum up, while non-individualized HRTFs represent a cheapand straightforward mean
of providing 3D perception in headphone reproduction, listening to non-individualized spatial-
ized sounds is likely to result in evident sound localization errors such as incorrect perception
of source elevation, front-back reversals, and lack of externalization [117] that cannot be fully
counterbalanced by additional spectral cues, especially in static conditions [176]. In particular,
elevation cues cannot be characterized through generalized spectral features. Hence, alongside
critical dependence on the relative position between listener and sound source, anthropometric
features of the human body have a key role in HRTF characterization.

Throughout the last decades, low-order rational functionsand series expansions were pro-
posed as tools for HRTF modeling. Albeit the straightforward nature and intrinsic simplicity
of both techniques, real-time HRTF rendering requires fastcomputations which cannot undergo
the complexity of filter coefficients and weights, respectively. Oppositely, structural model-
ing [20] ultimately represents an attractive solution to these shortcomings. If one isolates the
contributions of the user’s head, pinnae and torso to the HRTF in different subcomponents, each
accounting for some well-defined physical phenomenon, thenthanks to linearity he/she can re-
construct the global HRTF on-the-fly from a proper combination of all the considered effects.
Relating each subcomponent’s temporal and/or spectral features in the form of digital filter pa-
rameters to the corresponding anthropometric quantities would then yield a HRTF model which
is both economical and individualizeable. As a further advantage, the intuitive nature of physical
parameters enforces the chance to relate the model to simpleanthropometrical measurements.

In this Chapter some of the most relevant findings and issues inthe contexts of spatial sound
localization (Section 4.1) and HRTF modeling (Sections 4.2, 4.3, 4.4) are outlined. In the fol-
lowing I will refer to an unique spatial coordinate system, the interaural polar system reported
in Fig. 4.1(a). It is one of the two spherical coordinate systems found in literature, the other one
being thevertical polarsystem reported in Fig. 4.1(b). In the interaural polar coordinate system
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Figure 4.1: The two spherical coordinate systems considered in literature.

the origin coincides with the interaural midpoint, the elevation angleφ goes from−180◦ to 180◦

with negative values below the horizontal plane and positive values above, while the azimuth
angleθ ranges from−90◦ at the left ear to90◦ at the right ear. The third dimension, distance
r, is the Euclidean distance between the observation point and the origin. Also with respect to
Fig. 4.1, in the following I will refer to planexy as thehorizontalplane, planeyz as themedian
(or sagittal) plane, and planexz as thefrontal plane.

4.1 Spatial source localization

Spatial cues for sound localization can be categorized according to the involved polar coordinate.
As a matter of fact, each coordinate is thought to have one or more dominant cues in a certain
frequency range associated to a specific body part, in particular:

• azimuth and distance cues at all frequencies are associatedto the head;

• elevation cues at high frequencies are associated to the pinnae;

• elevation cues at low frequencies are associated to torso and shoulders.

Based on known concepts and results, the most relevant cues for sound localization are now
discussed.

4.1.1 Azimuth cues

Back in 1907, Lord Rayleigh studied the means through which a listener is able to discriminate
at a first level the horizontal direction of an incoming soundwave. Following his famous Duplex
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Figure 4.2: Interaural time difference and interaural level difference.

Theory of Localization [169], azimuth cues can be reduced totwo basic quantities thanks to the
active role of the head in the differentiation of incoming sound waves, i.e.

• Interaural Time Difference(ITD), defined as the temporal delay between sound waves at
the two ears;

• Interaural Level Difference(ILD), defined as the ratio between the instantaneous ampli-
tudes of the same two sounds, also known asInteraural Intensity Difference(IID).

Fig. 4.2 schematically sketches both concepts. ITD is knownto be frequency-independent below
500 Hz and above3 kHz, with a theoretical ratio of low-frequency ITD versus high-frequency
ITD of 3/2, and slightly variable at middle range frequencies [93]. Conversely, frequency-
dependent shadowing and diffraction effects introduced bythe human head cause ILD to greatly
depend on frequency. These two points will be further discussed in the next section.

Consider a low-frequency sinusoidal signal (say up to1.5 kHz approximately). Since its
wavelength is greater than the head dimensions, ITD is reduced to a phase lag∆ϕ < 2π between
the signals arriving at the ears [17]. For this reason ITD is seen as a robust cue for horizontal
perception in the low-frequency range. Conversely, ILD is not thought to be a robust cue because
low frequency components trespass the head without causingsignificant attenuation on the op-
posite side with respect to the source. Specularly, a high-frequency sinusoidal signal (above1.5
kHz) yields an ITD that is greater than a period. Being the human ear phase-sensitive only, ITD
turns out to be useless in the high-frequency range, apart from detection of sound onsets. Nev-
ertheless, the considerable shielding effect of the human head on high-frequency waves makes
ILD the most relevant cue in such spectral range.

Still, the information provided by ITD and ILD can be ambiguous. If one assumes a spherical
geometry of the human head as in Fig. 4.1, a sound source located in front of the listener at
azimuthθ and a second one located at the rear, at azimuth180 − θ, provide in theory identical
ITD and ILD values. In practice, ITD and ILD will not be identical at these two azimuth angles
because
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1. the human head is clearly not spherical;

2. all subjects exhibit slight asymmetries with respect to the median plane;

3. ear canals are not located in the horizontal plane as in Fig. 4.1 but lie below and behind the
x axis [2].

Nonetheless their values will be very similar, andfront-back confusionis in fact often observed
experimentally [23, 21]: listeners operate reversals in azimuth judgements, erroneously locating
sources at the rear instead of at the front (orvice versa, less frequently). It can be argued that
this asymmetry may originate from a sort of ancestral survival mechanism, according to which
if something can be heard but not seen then it must be at the rear. However, this kind of reversal
is highly listener-dependent.

4.1.2 Elevation cues

Directional hearing in the median vertical plane has long been known to bear little resolution
compared with the horizontal plane [185]. For the sake of record, the threshold for detecting
changes in the direction of a sound source (known as “localization blur”) along the median plane
was found to be never less than4◦, reaching a much larger threshold (≈ 17◦) for unfamiliar
speech sounds, as opposed to a localization blur of approximately1◦− 2◦ in the horizontal plane
for a vast class of sounds [17]. Such a poor resolution is motivated by two basic observations:

• the need of high-frequency content (above4−5 kHz) for accurate vertical localization [180,
68, 8];

• the theoretically nonexistent interaural differences between the signals arriving at the left
and right ear in the sagittal plane.

Indeed, if a source is located outside the horizontal plane,ITD- and ILD-based localization
becomes problematic. As Fig. 4.3 sketches, sound sources located in the far field at all possible
points of a conic surface pointing towards the ear of a spherical head produce the same ITD and
ILD values. These surfaces, that generalize the forementioned concept of front-back confusion
for elevation angles, are known asconfusion conesand represent a potential hump for accurate
perception of sound direction.

Nonetheless, it is undisputed that vertical localization ability is brought by the presence of
the pinnae [53]. Even though localization in any plane involves pinna cavities of both ears [119],
determination of the perceived vertical angle of a sound source in the median plane is essentially a
monaural process [67]. The external ear plays an important role by introducing peaks and notches
in the high-frequency spectrum of the HRTF, whose center frequency, amplitude, and bandwidth
greatly depend on the elevation angle of the sound source [159], to a remarkably minor extent
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Figure 4.3: Cone of confusion and torus of confusion (figure reproduced from [22]).

on azimuth [96], and are almost independent on distance between source and listener beyond a
few centimeters from the ear [24]. Following two historicaltheories of localization, the pinna
can be seen both as a filter in the frequency domain [17] and a delay-and-add reflection system
in the time domain [12] as long as typical pinna reflection delays for elevation angles, clearly
detectable by the human hearing apparatus [189], were seen to produce spectral notches in the
high-frequency range.

Additionally to reflections, pinna resonances and diffraction inside the concha were also seen
to contribute to HRTF spectral shaping. Shaw [158] identified six resonant modes of the pinna
(see Fig. 4.4) excited at different directions which clearly produce the most prominent HRTF
spectral peaks: an omnidirectional resonance at4.2 kHz (mode1), two vertical resonances at
7.1 and9.6 kHz (modes2 and3), and three horizontal resonances at12.2, 14.4, and16.7 kHz
(modes4, 5, and6).1 These results find accordance in a more recent study by Kahanaet al. [81]
on BEM-based numerical simulation of baffled pinna responses.

Concerning diffraction effects, Lopez-Poveda and Meddis [96] motivated the slight depen-
dence of spectral notches on azimuth through a diffraction process that scatters the sound within
the concha cavity, allowing reflections on the posterior wall of the concha to occur for any direc-
tion of the sound. Presence of diffraction around the tragusarea has also been recently hypothe-
sized by Mokhtariet al. [114, 115].

Nevertheless, the relative importance of major peaks and notches in elevation perception
has been disputed over the past years.2 A recent study [75] showed how a parametric HRTF

1The reported center frequencies were averaged among10 different pinnae. Vertical modes are excited by
sources above the head; horizontal modes by sources in the vicinity of the horizontal plane.

2In this context, it is important to point out that both peaks and notches in the high-frequency range are percep-
tually detectable as long as their amplitude and bandwidth are sufficiently marked [118], which is the case for most
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Figure 4.4: The six pinna resonance modes identified by Shaw (figure reproduced from [158]).

recomposed using only the first, omnidirectional peak in theHRTF spectrum (corresponding to
Shaw’s mode1) coupled with the first two notches yields almost the same localization accuracy
as the corresponding measured HRTF. Additional evidence insupport of the lowest-frequency
notches’ relevance is given in [118], which states that the threshold for perceiving a shift in the
central frequency of a spectral notch is consistent with thelocalization blur on the median plane.
Also, in [68] the authors judge increasing frontal elevation apparently cued by the increasing
central frequency of a notch, and determine two different peak/notch patterns for representing
the above and behind directions.

In general, hence, both pinna peaks and notches seem to play an important function in vertical
localization of a sound source, but it is difficult without extensive psychoacoustic evaluations to
ascertain how importantly these features work as spatial cues. It is also generally considered
that a sound source has to contain substantial energy in the high-frequency range for accurate
judgement of elevation, because wavelengths longer than the size of the pinna are not affected.
One could roughly state that the pinnae have a relatively little effect below3 kHz.

While the role of the pinna in vertical localization has been extensively studied, the role of
torso and shoulders is less well understood. Their effects are relatively weak if compared to those
due to the head and pinnae, and experiments to establish the perceptual importance of the relative
cues have produced mixed results in general [20, 8, 2]. As canbe seen from Fig. 4.5(a), shoulders

measured HRTFs.
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(a) Shoulder reflections. (b) Torso shadowing.

Figure 4.5: Effects of torso and shoulders.

disturb incident sound waves from all directions other thanbelow at frequencies lower than those
affected by the pinna by providing a major additional reflection, whose delay is proportional to
the distance from the ear to the shoulder when the sound source is directly above the listener [87],
that sums up with the direct sound. Such reflection translates into a series of comb-filter notches
in the frequency domain [6]. Complementarily, the torso introduces a shadowing effect for sound
rays coming from below (see Fig. 4.5(b)). Torso and shoulders are also commonly seen to perturb
low-frequency ITD, even if it is questionable whether they may help in resolving localization
ambiguities on a cone of confusion [87].

However, as Algaziet al. remarked in [2], when a signal is low-passed below3 kHz elevation
judgement is very poor in the sagittal plane if compared to a broadband source, but proportionally
improves as the source is progressively moved away from the median plane, where performance
is more accurate in the back than in the front. This result suggests the existence of low-frequency
cues for elevation that, although being overall weak, are significant away from the median plane.

4.1.3 Distance cues

Distance estimation of a sound source (see [190] for a comprehensive review on the topic) is
even more troublesome than elevation perception. At a first level, when no other cue is available,
sound intensity is the first variable that is taken into account: the weaker the intensity, the far-
ther the source should be percepted. Under anechoic conditions, sound intensity reduction with
increasing distance can be predicted through the inverse square law: intensity of an omnidirec-
tional sound source will decay of approximately6 dB for each doubling distance [14]. Still, a
distant blast and a whisper at few centimeters from the ear could produce the same sound pres-
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sure level at the eardrum. Having a certain familiarity withthe involved sound is thus a second
fundamental requirement [52].

However, the apparent distance of a sound source is systematically underestimated in an
anechoic environment [110]. On the other hand, if the environment is reverberant, additional
information can be given by the proportion of reflected to direct energy, the so-calledR/D ratio,
which functions as a stronger cue for distance than intensity: a sensation of changing distance
occurs if the overall intensity is constant but the R/D ratio is altered [14]. Furthermore, distance-
dependent spectral effects also have a role in everyday environments: higher frequencies are
increasingly attenuated with distance due to air absorption effects.

Literature on source direction perception generally lies its foundations on a fundamental
assumption, i.e. the sound source is sufficiently far from the listener. In particular, previously
discussed azimuth and elevation cues are distance-independent when the source is in the so-
calledfar field (approximately more than1.5 m from the center of the head) where sound waves
reaching the listener can be assumed to be plane. On the otherhand, when the source is in the
near fieldsome of the previously discussed cues and HRTF features exhibit a clear dependence on
distance. By gradually approaching the sound source to the listener’s head in the near field, it was
observed that low-frequency gain is emphasized; ITD slightly increases; and ILD dramatically
increases across the whole spectrum for lateral sources [24, 23, 21]. The following conclusions
were drawn:

• elevation-dependent features are not correlated to distance-dependent features;

• ITD is roughly independent of distance even when the source is close;

• low-frequency ILDs are the dominant auditory distance cuesin the near field.

It should be then clear that ILD-related information needs to be considered in the near field,
where dependence on distance cannot be approximated by a simple inverse square law.

For small distances the concept of cone of confusion becomesinapplicable. Assuming an
acoustically transparent head, i.e. that its effects on thesound are frequency-independent, one
can analyze near-field iso-ITD and iso-ILD curves on the horizontal plane. Fig. 4.6 shows such
contours spaced every50 µs for ITD and every1 dB for ILD. By superposing a given iso-ITD
region with the corresponding iso-ILD region and rotating their intersection around the interaural
axis we obtain a toroidal solid where ITD and ILD have approximately the same value, known
astorus of confusion(see Fig. 4.3) [161]. As expected, as the source moves away laterally from
the listener tori degenerate into cones of confusion. The same happens when the source is in the
vicinity of the median plane.

Removing the previous assumption on the acoustical transparency of the head, strong depen-
dence of ILD on frequency would lead to think of the torus of confusion as a purely abstract
concept in presence of a broadband source. However, as [161]argues, the head can be assumed
to be acoustically transparent below500 Hz at least, while for medium and high frequencies
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Figure 4.6: Iso-ITD (left) and iso-ILD (right) contours as a function ofspatial location for an
acoustically transparent head (figure reproduced from [161]).

part of the information conveyed in the ILD covaries with theinformation conveyed in the ITD.
Hence, if the source is broadband, combining spatial information in the ILDs in different fre-
quency bands will restrict the source location to the same torus of confusion, since mid- and
high-frequency ILDs contain spatial information similar to the information conveyed by ITD.

Finally, it has to be remarked that switching from a static toa dynamic environment where
the source moves with respect to the listener and/orvice versa, both source direction and distance
perception become much eased. The tendency to point towardsthe sound source in order to mini-
mize interaural differences, even without visual aid, is commonly seen and openly disambiguates
any front/back confusion [184]. Active motion helps especially in azimuth estimation and to a
lesser extent in elevation estimation [176]. Furthermore,thanks to themotion parallaxeffect,
slight translations of the listener’s head on the horizontal plane can help discriminating source
distance: if the source is near, its angular direction will drastically change after the translation
(reflecting itself onto interaural differences), while fora distant source this will not happen.

4.2 HRTF modeling techniques

As should be already clear, the HRTF is a function of four variables: three spatial coordinates and
frequency. As Fig. 4.7 depicts, it is a quite complicated function, and it may significantly vary
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(a) Azimuth dependence in the horizontal plane.
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(b) Elevation dependence in the median plane.

Figure 4.7: Example HRTF magnitude plots.

from person to person. Actually, the most effective systemsfor 3-D sound synthesis have large
tables of FIR filter coefficients derived from HRIR measurements stored for individual subjects.
The desirability of replacing such tables by functional approximations is thus well recognized;
in light of this, different approaches to HRTF modeling havebeen pursued in the literature.

Being unable to factor the HRTF into an azimuth-dependent part and an elevation-dependent
part, researchers have applied various filter design, system identification, and neural network
techniques in attempts to fit multiparameter models to experimental data (see e.g. [43]). Unfor-
tunately, many of the resulting filter coefficients are themselves rather complicated functions of
both azimuth and elevation, and models that have enough coefficients to be effective in capturing
individualized directional cues do not provide significantcomputational advantages.

However, one can argue on a physical basis that a relatively small number of physical pa-
rameters could suffice in completely determining the HRTF. This suggests that the intrinsic di-
mensionality of HRTFs might be small, and that their complexity primarily reflects the fact that
we are not viewing them correctly. In the search for simpler representations, several researchers
have applied series expansions such as principal componentanalysis (PCA) to the log magnitude
of the HRTF [88], or to the complex HRTF itself [29], or again to the HRIR [74]; or such as
surface spherical harmonics (SSH) to the magnitude and unwrapped phase of the HRTF, and to
the HRIR [47]. These analyses produce each a directionally-independent set of basis functions
and a directionally-dependent set of weights for combiningthe basis functions. In all of these
cases, it has been found that a relatively small number of basis functions are sufficient to rep-
resent the HRTF/HRIR. Thus these techniques have proved to be avaluable tool for studying
the characteristics of the data. Furthermore, it may be possible to relate them to anthropometric
measurements and to scale them to account for individual differences. Unfortunately, series ex-
pansions still require significant computation for real-time synthesis when head or source motion
is involved because weights are relatively complex functions of azimuth and elevation that must
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Figure 4.8: Brown and Duda’s complete structural HRTF model (figure reproduced from [20]).

be tabulated, and because resynthesized HRTFs must be inverse-Fourier transformed to obtain
the corresponding HRIRs needed to process the signals.

As one possible alternative to rendering approaches based on directly measured HRTFs or
on forementioned models, the use of structural models represents an attractive solution to syn-
thesize individual HRTFs or build an enhanced generalized HRTF model. In structural models
the contributions of the listener’s head, pinnae, shoulders and torso to the HRTF are isolated
and arranged in different subcomponents each accounting for some well-defined physical phe-
nomenon. The linearity of these contributions allows reconstruction of the global HRTF from
a proper combination of all the considered effects [5]. Furthermore, room effects can also be
incorporated into the rendering scheme: in particular, early reflections from the environment can
be convolved with the pinna model, depending on their incoming direction. The choice of the
room model is flexible to the specific application and not onlydirected at reproducing a realistic
room behaviour, but also at introducing sound externalization [15]. However, the room model
is not strictly correlated to the HRTF model and will not be treated in this thesis. A synthetic
block scheme of a generic binaural audio system based on a structural model was depicted back
in Fig. 1.2. Similarly, Fig. 4.8 reports a well-known complete and detailed structural model [20],
some of whose blocks will be discussed in a while.

Above all, structural modeling open the doors for an interesting form of content adaptation to
users’ anthropometry. In fact, parameters of the renderingblocks sketched in Fig. 1.2 and Fig. 4.8
can be estimated from real data, fitted, and finally related toanthropometric measurements. Still,
given the great variety of head and pinna shapes amongst the entire world population, fixing a
subset of anthropometric parameters that fully characterize a specific listener is a challenging
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(a) Head and torso parameters. (b) Pinna parameters.

Figure 4.9: A set of 27 anthropometric parameters for the head, torso, and pinna (figures repro-
duced from [7]).

task. Following the studies by Genuit back in the early eighties on features of the human body
that contribute to HRTF characterization, Algaziet al. [7] proposed27 different parameters (17
for head and torso and10 for the pinna, see Fig. 4.9) that can be used for HRTF fitting using
regression methods or other techniques. In this way, a generic structural HRTF model can be
adapted to a specific listener, allowing further increase ofthe quality of audio experience thanks
to an enhanced realism of the sound scene.

4.3 Head and torso models

The following two Sections build up a short review of known head, torso, and pinna models that
can be found in the literature along with some results and comments.

4.3.1 The spherical head model

As already mentioned in the previous Section, presence of the head implies diffraction of the
sound wave around it, and a screening effect on high-frequency components. The simplest model
of the head that can be found in the literature is that of a rigid sphere [169]. Within the assump-
tion of an infinitely distant source from the center of the head, the response related to a fixed
observation point on the sphere’s surface can be described by means of the following transfer
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(a) Exact solution.
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(b) First-order approximation (after [20]).

Figure 4.10: Magnitude response of a sphere for an infinitely distant source.

function, based on Lord Rayleigh’s diffraction formula:3

H(µ, θinc) =
1

µ2

∞
∑

m=0

(−i)m−1(2m+ 1)Pm(cos θinc)

h′m(µ)
, (4.2)

whereθinc is the incidence angle, i.e. the angle between rays connecting the center of the sphere
to the source and the observation point, andµ is the normalized frequency, defined as

µ = f
2πa

c
, (4.3)

wherec is the speed of sound4 anda is the sphere radius, possibly the only subject-dependent
parameter of the model.

Fig. 4.10(a) shows the magnitude of the transfer function ona dB scale against normalized
frequency for 19 different values ofθinc. By analyzing such plot the following considerations can
be drawn:

• independently of the incidence angle, the magnitude response is unitary up toµ = 1, which
for a standard8.75 cm-radius spherical head [65] corresponds to about625 Hz;

• in case of normal incidence (θinc = 0◦) a high-frequency gain of6 dB, equal to a double
SPL with respect to a free-field response, is observed;

3HerePm andhm represent, respectively, theLegendre polynomialof degreem and themth-orderspherical
Hankel function. h′

m
is the derivative ofhm with respect to its argument.

4Speed of sound varies according to the medium and atmospheric conditions in which the wave travels; in dry
air at20◦C it is equal to 343.2 m/s.
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• gain tends to decrease with increasing incidence angle: theresponse forθinc = 100◦ is
almost flat, and as the source is further moved towards the contralateral5 side of the head
the SPL is more and more attenuated while wider and wider oscillations due to wave prop-
agation around the sphere along different directions are introduced in the high-frequency
spectrum;

• however, the minimum response does not correspond toθ = 180◦: if the source is antipo-
dal to the observation point, waves that travel in differentdirections around the sphere
constructively combine at the observation point producingthe so-calledbright spot.

A first-order approximation of the transfer function produced by Eq. (4.2) was proposed by
Brown and Duda [20]. It is a single-pole, single-zero minimum-phase analog filter of the form

H(s, θinc) =
1 + ατs

1 + τs
, 0 ≤ α(θinc) ≤ 2 (4.4)

where

τ =
2a

c
, (4.5)

and

α(θinc) = 1 +
αmin

2
+
(

1−
αmin

2

)

cos

(

θinc

θmin
π

)

(4.6)

is a coefficient that controls the asymptotic high-frequency gain: if α = 2, a6-dB boost at high
frequencies is introduced, while ifα < 1 high frequencies are cut down. Brown and Duda
claimed that parametersαmin = 0.1 andθmin = 150◦ provide a good overall match to the ideal
solution shown in Fig. 4.10(a) and an attenuated bright spot. The magnitude curves resulting
from this parameter choice are reported in Fig. 4.10(b).

Typically, in spherical models the two observations points(i.e. the ear canals) are assumed to
be diametrically opposed, such that a direct correspondence between incidence angles (θ

(l)
inc and

θ
(r)
inc for the right and left ears, respectively) and the azimuth angleθ exists in the horizontal plane.

As an alternative model, the spherical-head-with-offset-ears model described in [2] was obtained
by displacing the ears backwards and downwards by a certain offset, introducing a nonlinear
mapping between (θ(l)inc, θ

(r)
inc ) andθ in the horizontal plane and elevation dependency on a cone

of confusion. Such model was found to provide a good approximation to elevation-dependent
patterns both in the frequency and time domains, particularly replicating a peculiar X-shaped
pattern along elevation (due to the superposition of two different propagation paths around the
head) commonly seen in measured contralateral HRIRs.
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Figure 4.11: ITD computation for a spherical head model on the horizontalplane.

4.3.2 ITD and anthropometry

The filter structure in Eq. (4.4) introduces a group delay

τg =
a

2c
(1− α) (4.7)

at low frequencies which is not sufficient in accounting for the correct ITD alone. However, ITD
information can be hived off from all the remaining information contained in the HRTF through
different possible approximations. The most popular amongst them is based on the simplified
spherical geometry reported in Fig. 4.11 [17]:

ITD =
a(sin θ + θ)

c
, (4.8)

for a far-field sound source placed in the horizontal plane, taking the right ear canal as reference.
Indeed, to a first degree of approximation, in the interaural-polar coordinate system the ITD
is frequency-independent and depends on azimuthθ alone [2]. Eq. (4.8) can be split into two
delay components,τ (l)ITD for the left ear andτ (r)ITD for the right ear, by applying Woodworth and
Schlosberg’s frequency-independent formula [188],

τITD =

{

−a
c
cos θinc if 0 ≤ |θinc| <

π
2

a
c

(

|θinc| −
π
2

)

if π
2
≤ |θinc| < π

; (4.9)

5The source is positioned on theipsilateral side of the sphere if the ray-traced sound wave normally meets its
surface on a point belonging to the hemisphere that has its pole in the observation point;contralateralif the wave
meets the sphere on a point belonging to the opposite hemisphere.



Chapter 4. Binaural Perception and Rendering: Previous Work 71

that is, ITD= τ
(l)
ITD − τ

(r)
ITD.

Comparison of predicted ITD against measured ITD reveals a good match in the high-
frequency range. However, ignoring the already mentioned50% increase of ITD at low fre-
quencies with regard to high frequencies could be detrimental to correct ITD estimation which
highly relies on the lowest frequency range information. Still, this is not a big deal as long as
τ
(l)
ITD andτ (r)ITD are modeled each as a frequency-independent delay line and coupled with the group

delayτg induced by the head filter: as a matter of fact, the sum of the two delays atθinc = 0◦

provides exactly the required50% additional low-frequency delay [20].
Note that Eq. (4.4) is a function of the head radiusa. This is a critical parameter: for instance,

a sphere having the same volume of the head approximates its behaviour much better than a
sphere with diameter equal to the interaural distance [85].Hence, in order to fit the spherical head
filter model to a specific listener, parametrization ofa on the subject’s anthropometry should be
performed. In [3] Eq. (4.8) is compared to a number of real ITDmeasurements for a specific
subject, and the best head radius for that subject is defined as the value that corresponds to the
minimum mean least squares distance between the two estimates for different azimuth angles on
the horizontal plane. Then, a linear model for estimating the head radius given the three most
relevant anthropometric parameters for the head, i.e. width, height, and depth (parametersx1,
x2, andx3 in Fig. 4.9(a), respectively),

aopt = w1x1 + w2x2 + w3x3 + b, (4.10)

is fitted to ITD-optimized radii of45 different subjects through linear regression, yielding optimal
weights

w1 = 0.26, w2 = 0.01, w3 = 0.09, b = 3.2 cm. (4.11)

This result highlights how head height is a relatively weak parameter in ITD definition with
respect to head width and depth.

To sum up, the spherical model of the head provides an excellent approximation to the mag-
nitude of a measured HRTF. Although facial features contribute to HRTF coloring in a different
way across subjects, a recent study [113] highlighted how there is roughly no difference between
FDTD-simulated magnitude responses on an unmodified KEMAR head and on a head shape
morphed towards a sphere in the median plane. However, the spherical model is far less accurate
in predicting ITD, being the latter actually not constant around a cone of confusion, but variable
by as much as 18% of the maximum interaural delay [40]. In other words, ITD is a function of
elevation as well as azimuth. Elevation dependence can be integrated in Eq. (4.8) by introducing
a further term which takes into account the decrease in ITD asthe source moves away from the
horizontal plane:

ITD =
a(sin θ + θ)

c
cosφ. (4.12)

Indeed, a simple cosine dependence of the elevation angle was found to be accurate enough for
simulation purposes [150].
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Following an alternative approach, Dudaet al. [40] managed to improve ITD estimation
accuracy by considering an ellipsoidal head model that can account for the ITD variation and
be adapted to individual listeners. Despite the good result, the analytical solution for the ITD is
far complicated, and no explicit model for the ellipsoid-related transfer function was proposed.
Conversely, models for the head as a prolate spheroid were studied in [124, 77] as the sole
alternative analytical model to a sphere. Although adding nothing new in the ITD’s point of
view, comparison of spheroidal HRTFs against spherical HRTFs revealed a different behaviour
in head-induced low-frequency ripples in the magnitude response at the contralateral ear, which
is closer to responses of a KEMAR head for the spheroidal case[78]. Still, this model has been
very little studied, and consistent advantages over the spherical model have not been made clear.

4.3.3 Inclusion of distance dependence

When the assumption of an infinitely distant source does not hold, dependence on distance can
no longer be ignored. Having defined the normalized distanceto the sourceρ as the ratio between
the absolute distance from the center of the sphere and the sphere radius

ρ =
r

a
, (4.13)

the pressure on the spherical surface caused by a sinusoidalpoint source at an arbitrary distance
greater than the sphere radius can be evaluated by means of the following function [134]:

H(ρ, µ, θinc) = −
ρ

µ
e−iµρ

∞
∑

m=0

(2m+ 1)Pm(cosθinc)
hm(µρ)

h′m(µ)
, (4.14)

for eachρ > 1.
Different considerations on HRTF behaviour for changing distances can be drawn by ana-

lyzing Fig. 4.12, which reports the magnitude of the new transfer function forθinc = 0◦ and
θinc = 150◦, where the mean frequency response has maximum and minimum gain, respectively,
and six different normalized distances:

• as the source approaches the sphere (ρ tends to1) the response on the ipsilateral side
increases, while the response on the contralateral side decreases almost exponentially on a
dB scale;

• as frequency rises, the difference between magnitude responses for different distances
slightly decreases on the ipsilateral side and slightly increases on the contralateral side;

• combination of the previous two points motivates the dramatical ILD boost at small dis-
tances across the whole frequency range;

• however, if absolute gain is overlooked, the responses for asame incidence angle maintain
a common behaviour along the frequency axis.
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Figure 4.12: Effect of distance on the magnitude response of a spherical head (figure reproduced
from [42]).

No low-order filter model has actually been proposed to approximate Eq. (4.14). Further-
more, the infinite sum does not allow construction of a finite algorithm to evaluate the function,
while computation of spherical Hankel functions and Legendre polynomials requires high com-
putational costs. The solution to all of these shortcomingsis provided in [42] by means of a
recursive algorithm where the latter functions are developed iteratively, allowing a relatively fast
evaluation. The resulting equation becomes

H(ρ, µ, θinc) =
ρ

iµ
e−iµ

∞
∑

m=0

(2m+ 1)Pm(cosθinc)
Qm(

1
iµρ

)
m+1
iµ
Qm(

1
iµ
)−Qm−1(

1
iµ
)
, (4.15)

where complex polynomialsPm andQm are recursively computed through the following equa-
tions:

Qm(z) = −(2m− 1)zQm−1(z) +Qm−2(z), (4.16)

Pm(x) =
2m− 1

m
xPm−1(x)−

m− 1

m
Pm−2(x), (4.17)

having fixed initial conditions

Q0(z) = z, Q1(z) = z − z2, P0(x) = 1, P1(x) = x. (4.18)

Iteration onm stops when the fractional change falls below a user-supplied threshold for two
successive terms, evading the infinite sum in Eq. (4.15). Thecode of the recursive algorithm can
be found in [42].

As already mentioned, while the magnitude of the ILD increases dramatically at the closest
distances, ITD generally increases by no more than10%−12% [24]. A similar geometry to that



74 Techniques for Customized Binaural Audio Rendering with Applications to Virtual Rehabilitation

(a) Frontal view of the model. (b) Zones for the right-ear response.

Figure 4.13: The snowman head-and-torso model (figures reproduced from [6]).

of Fig. 4.11 that takes into account near-field effects is reported in [42], yielding a closed form
for ITD at whatever distance on the horizontal plane. Still,it was conjectured that such small
changes in the ITD probably do not provide significant information about distance.

4.3.4 Inclusion of the torso

Similary to the head, in previous works the torso has been approximated by a sphere too. Coaxial
superposition of the two spheres of radiusa andb, respectively, separated by a distanceh that
accounts for the neck, gives birth to the knownsnowman model[6] represented in Fig. 4.13(a).
The far-field behaviour of the snowman model has been studiedin the frontal plane both by
direct measurements on two rigid spheres and by computationthrough multipole reexpansion, a
method that extends the classical solution for a single sphere in Eq. (4.2) to scattering by multiple
spheres [4]. Taking Fig. 4.13(b) as reference, such studiesrevealed that:

• the snowman model exhibits two bright spots, one associatedto the head and one due to
the torso;

• in the reflection zone the response is dominated by the comb-filter patterns produced by
torso reflections;

• in the head shadow zone no relevant torso effects are seen;

• in the contralateral torso shadow zone the combined result of head shadow and torso
shadow produces complicated notch patterns and significanthigh-frequency loss;
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Figure 4.14: The snowman head-and-torso filter model (figure reproduced from [6]). (a) Major
components; (b) the torso reflection sub-model; (c) the torso shadow sub-model.

• in the ipsilateral torso shadow zone responses are more or less flat.

What’s more relevant in this context, a structural head-and-torso model has been derived from
the snowman model [6]. Its structure, reported in Fig. 4.14,distinguishes the two cases where
the torso acts as a reflector or as a shadower, switching between the two filter sub-structures (b)
and (c) as soon as the source leaves or enters the torso shadowzone, respectively. The torso
reflection sub-model includes:

• a direct component that arrives from the direction of the source (incidence angleθD), gets
diffracted by a spherical head filter, and time delayed; and

• a reflected component that arrives at the head from a different direction (incidence angle
θR) after being reflected from the torso with reflection coefficientρ, additionally delayed
by∆TR because of the longer reflection path.

At the end of the filter chain, a scale factor allows continuity when switching between the two
sub-models.

Conversely, the torso shadow sub-model has an unique path that includes two spherical filters,
one for the head and one for the torso, and the usual time delay, all appropriately tuned to the
relative incoming sound direction. All of the spherical filtersHH andHT in the model are of
the form described in Eq. (4.4), with filterHT parameterized on radiusb instead ofa, whereas
the time delays∆TH are of the form described in Eq. (4.9). Reflection coefficientρ is assumed
constant for simplicity, and∆TR is analytically derived by ray-tracing arguments.
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The frequency response of the snowman filter model has a definitely similar behaviour to the
analytical solution, i.e. strong ripples on the ipsilateral side and significant shadowing on the
contralateral side. The only significant difference lies inthe torso bright spot, which is absent in
the filter model. However, since a human torso is not spherical, such a behaviour is actually not
expected in measured HRTFs; furthemore, torso effects at very low elevations greatly depend on
the subject’s posture.

Additionally to the spherical model, an ellipsoidal model for the torso was also studied in
combination with the usual spherical head. This was done either by ray-tracing analysis [2] or
through the BEM [4]. Such model is able to account for different torso reflection patterns and fur-
ther breaks up the symmetry that leads to the torso bright spot. Listening tests confirmed that this
HAT approximation and the corresponding measured HRTF gavesimilar results, showing larger
correlations away from the median plane. Also, the ellipsoidal torso can be easily customized for
a specific subject by defining control points for its three axes directly on the subject’s torso [4],
whereas a spherical torso is hardly personalizable.

In conclusion, the addition of either a spherical or an ellipsoidal torso to the spherical head
brings the overall behaviour of the model closer to that of a real HRTF.

4.4 Pinna models

Different physical and structural models of the pinna have been proposed in the past. The
former class aims at recreating the physics lying behind theproduction of the forementioned
spectral patterns either by approximating the pinna as a cavity configuration or as a reflecting
surface. Examples of the first approach are the simple geometric (cylindrical or rectangular)
concha/pinna models by Teranishi and Shaw [174], which progressively led to Shaw’s notable
flange-and-cavity model in Fig. 4.15(a) [157], and the recent “three-step” model by Takemotoet
al. [172], simulated through the Finite-Difference Time Domain (FDTD) method, which qualita-
tively recreates typical peak/notch patterns along the median plane. The second approach is best
exemplified by the rigorous diffraction/reflection model byLopez-Poveda and Meddis [96] based
on diffraction theory applied to both a half-cylinder shape(see Fig. 4.15(b)) and a realistic con-
cha shape. Despite the objectively good approximations that physical models can provide, their
main drawback is the difficulty in introducing effective customization to the physical structure.

4.4.1 Time-domain structural pinna models

The history of pinna structural models, a new one of which will be presented in this thesis, begins
with Batteau’s reflection theory [12]. According to such theory, high-frequency components
which arrive at the listener’s ear are typically reflected bythe concha wall and rim, provided that
their wavelength is small compared to the pinna dimensions.Due to interference between the
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(a) Shaw’s flange-and-cavity pinna model. (b) Lopez-Poveda’s concha model.

Figure 4.15: Two notable physical models of the pinna and concha (figures reproduced
from [158, 96]).

direct and reflected waves, sharp notches can be observed in the incoming sound’s spectrum at
high frequencies with a periodicity of1/τi, whereτi is the time delay of thei-th reflection.

Following Batteau’s observations, Watkins [181] designed avery simple double-delay-and-
add time-domain model of the pinna (see Fig. 4.16(a)) where the considered reflection paths are
characterized by fixed reflection coefficientsρA andρV , a fixed time delayτA = 15µs and an
elevation-dependent time delayτV calculated from empirical data. The fit with experimental data
was found to be reasonably good; still, beside considering avery limited amount of reflections,

• no method for extracting parametric time delays and gain factors was proposed;

• fixed reflection coefficients overestimate the effective number of notches in the spectrum;

• simple delay-and-add approximations were proven to be inadequate to predict both the
absolute position of the spectral minima and the relative position between them [96];

• the model lacks the description of pinna resonant modes: since pinna cavities act as res-
onators the frequency content of both the direct and the reflected sound waves is signifi-
cantly altered.

Nonetheless, the pioneering novelty of such model is undisputed.
Watkins’s model has accordingly been improved by Falleret al., whose model [49], reported

in Fig. 4.16(b), consists in a reflection structure represented by four parallel paths, each modeled
by a time delayτi and a magnitude factorρi, cascaded to a low-order resonator block. The model



78 Techniques for Customized Binaural Audio Rendering with Applications to Virtual Rehabilitation

A

v(δ)

A

V

+

Direct path

Concha reflection

Rim reflection

ρ

ρ

τ

τ

(a) Watkins’s model. (b) Faller’s model.

Figure 4.16: Time-domain structural models of the pinna (figure (b) reproduced from [49]).

parameters are fitted by decomposing each specific measured HRIR into four scaled and delayed
damped sinusoidal (DDS) components using a procedure basedon the second-order Steiglitz-
McBride (STMCB) algorithm, and associating the delay and scaling factor of each component
to the corresponding parameters of its associated path in the model. A more recent version of
the model [48] exploits an adaptation of the Hankel Total Least Squares (HTLS) decomposition
method instead of the STMCB algorithm to extract a heuristic number of DDSs from measured
HRIRs. Multiple regression analysis was used in order to link the former model parameters to
eight measured anthropometric features [62]. Unfortunately, as well as providing no cloudless
evidence of the physics behind the scattering phenomenon (no clear relation between model
parameters and human anthropometry was explicitly found),the considered measures can only
be acquired through the use of a 3-D laser scanner. Regardlessof such particular concerns, this
work surely endorses the pinna model as a “resonance-plus-delay” architecture.

4.4.2 Frequency-domain structural pinna models

Despite the intuitive nature of multipath HRIR structures, poor temporal resolution of the human
auditory system has led to a progressive abandon of these models [149]. A different approach
for reflection modeling, acting both in the time and frequency domains, was pursued by Raykar
et al. [137]. Robust digital signal processing techniques are usedhere to extract the frequencies
of the spectral notches due to the pinna alone: first the autocorrelation function of the HRIR’s
windowed LP residual is computed; then, frequencies of the spectral notches are found as the
local minima of the group-delay function of the windowed autocorrelation. This procedure is
reported in Fig. 4.17.

Spectral peaks are extracted in parallel by means of a linearprediction analysis, yielding
results which match quite well the pinna resonant modes reported by Shaw, further justifying the
“resonance-plus-delay” approach. What’s more, the authorsadvanced a ray-tracing argument
(borrowed from [68]) to show that the estimated spectral notches, each assumed to be caused
by its own reflection path, are related to the shape of the concha and crus helias, at least on the
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Figure 4.17: Signal processing steps for extracting the pinna spectral notch frequencies. (a)
original HRIR signal; (b) 12th order LP residual; (c) windowedLP residual; (d) autocorrelation
function of the windowed LP residual; (e) windowed autocorrelation function; (f), (g), (h), (i),
and (j) log magnitude spectrum corresponding to signals in (a), (b), (c), (d), and (e) respectively;
(k) group-delay function of the windowed autocorrelation function. The local minima in the
group-delay function, zero thresholded, are shown (figure reproduced from [137]).

frontal side of the median plane. However, there is no clear one-to-one correspondence between
pinna contours and notch frequencies in the available plots.

Finally, the approach followed by Satarzadehet al.[149] approximates the pinna behaviour at
elevations close to zero degrees through a structural modelcomposed of two low-order bandpass
filters and one comb filter, which respectively approximate the two strongest resonances (Shaw’s
resonance modes 1 and 4) and one main reflection. The two second-order bandpass filters and
the comb filter are interconnected as in Fig. 4.18, the lattertaking the form

Hcomb = 1 + ρr exp(−std), (4.19)

whereρr is a frequency-dependent reflection coefficient which strongly attenuates low-frequency
notches, coming over one of Watkins’s model forementioned limitations, andtd is the time delay
of the considered reflection. Heretd is strictly correlated to the frequency of the comb filter’s
first tooth,f0, estimated from the spacing of consecutive notches in the measured spectrum. The
model was proved to have sufficient adaptability to fit both rich and poor real notch patterns.
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Hdepth

Hwidth

+ Hcomb

Figure 4.18: Satarzadeh’s pinna filter model.

What’s more relevant, encouraging correspondences with anthropometry were found in this
work: depending on whether the reflection coefficient is positive or negative, the distances in-
ferred from ray tracing put the point of reflection either at the back of the concha or at the edge of
the rim. In addition, a cylindrical approximation to the concha is exploited in this work for fitting
the model parameters to anthropometric quantities. Specifically, depth and width of the cylinder
uniquely define the first resonance, while the second resonance is thought to be correlated to the
main reflection’s time delay, depending on whether the concha or the rim is the significant reflec-
tor. Though the anthropometric significance of resonance parameters is not robust, Satarzadeh
claimed that if the pinna has an approximately cylindrical shaped concha and a structure with a
dominant reflection area (concha or rim), such an anthropometry-based filter provides a good fit
to experimental measurements.

Still, the most severe limitation of Satarzadeh’s model is that no directions of the sound wave
other than the frontal one are considered. Moreover, the presence of an unique reflection (and
thus a single delay-and-add approximation) limits the generality of the representation. Nonethe-
less it represents, in my humble opinion, the only valuable anthropometry-based pinna model
available up to date.



Chapter 5

Spherical Transfer Functions and Distance
Modeling

Let’s consider a dynamic scenario where the listener is freeto move his/her head with respect
to the virtual source to be rendered, andvice versa. It is clear that real-time computation of
HRTFs is needed in order to track these movements with enoughreactivity, possibly avoiding
any discontinuity in the resulting rendered sound. Furthermore, the possibility of having to
simulate a complex acoustic environment that includes several independent sound sources, and/or
reflections coming from the environment, has to be taken intoaccount.

Relatively simple HRTF-like filter structures for sources inthe far field have been proposed to
date (e.g., Brown and Duda’s first-order filter, see Eq. (4.4)). These turn out to be impracticable in
the near field, having no parametrization on source distance. Moreover, point-to-point real-time
evaluation of Eq. (4.14) using the algorithm found in [42] iscomputationally still too expensive.
As a consequence, a proper approximation to distance rendering on the spherical head model has
to be introduced in order to grant a faster computation.

In this Chapter such an approximation is used to represent a collection of sample analyti-
cal responses. The earless head of the listener is conceptually isolated and treated as a rigid
sphere; therefore its transfer function will be referred toasspherical transfer function, or STF,
throughout the chapter. Furthermore, focus is put on sources located in the near field, for which
real-time computation of HRTFs turns out to be troublesome.In Section 5.1 I make use of a well
known powerful analytic tool, namely Principal Component Analysis (PCA), in order to look
for common trends and possible systematic variability in a set of STFs. Then, in Section 5.2 the
indications given by PCA open the door to a deeper analysis of distance rendering, which yields
the novel low-order model presented in Section 5.2.3.

The work presented in Section 5.1 of this Chapter was published in [163]. The remaining
sections refer to a still unpublished work.

81
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5.1 Spherical transfer functions and PCA

Principal Component Analysis is a widely used procedure which makes use of linear combina-
tions to reduce the dimensionality of an input data set. Its main goal is to provide an efficient
representation of a set of correlated measures – in this instance, a set of vectors. PCA has al-
ready been used in previous works concerning HRTF modeling [29, 88], with the initial data set
consisting in magnitude responses collected from a set of measured HRTFs. However, instead
of applying the technique to experimental data, in this workit will be exploited to investigate
possible trends in a collection of STF magnitudes sampled from Eq. (4.14) on a discrete set of
frequencies. It will be shown that, thanks to the little correlation between source distance and
frequency arising from the PCA analysis, distance dependence in STFs can be decoupled from
far-field diffraction effects during the rendering process.

5.1.1 Principal Component Analysis

Without delving into deep technicalities (which can be found in [41]), in this context suffice it
to say that given a set ofn real-valued vectorsx1, . . . , xn, each of dimensionδ, and defining its
covariance matrixS as

S=
1

n

n
∑

k=1

xkxtk, (5.1)

it can be seen that the bestp-dimensional representation (withp ≤ δ) of the data set is obtained
by taking as basis vectors thep eigenvectors ofS that correspond to thep largest eigenvalues.1

Each vectorxk is then projected onto the space defined by the basis vectors as follows:

ak = Ctxk, (5.2)

whereC is a matrix, the columns of which are the basis vectors.
We call principal component the set of weights{aki}, k = 1, . . . , n, associated to basis vector

i. Obviously the number of principal components is equal to the number of basis vectors; these
are conventionally labeled in such a way that the first component,PC1, is the one that captures
the direction along which the original data retains the maximum variability, while the following
componentsPC2, . . . , PCp reflect increasingly smaller variations. An example of PCA applied
to a3-D data set can be seen in Fig. 5.1.

Now, given the set ofp-dimensional vectorsak, k = 1, . . . , n, an estimate of each original
data vector can be reconstructed by the inverse equation:

x̃k = Cak. (5.3)

1An alternative formulation of PCA requires the mean of all vectors in the data set to be subtracted from each
one of them before constructing the covariance matrix. However, as the data set that will be taken into consideration
is already well-centered, inclusion of the mean turns out tobe unnecessary.
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Figure 5.1: Principal Component Analysis applied to a3-D data set (figure reproduced
from [154].

Clearly, by increasing the dimensionp of the representation the approximation improves. Thus,
when dealing with PCA, the main design goal is to extrapolate the valuep for which the trade-off
between accuracy and data dimensionality is maximized.

5.1.2 PCA analysis of STFs

In this case, the initial collection is chosen to be a set of “representative” STFs for sound sorces
located at different distances and incidence angles with respect to the observation point. Being
Eq. (4.14) dependent on two spatial parameters only, the elevation angle is not considered and
attention is restricted to points lying on the horizontal plane. Therefore for sake of simplicity
θinc is assumed to be the incidence angle at the right ear canal, with θinc = 0◦, θinc = 90◦, and
θinc = 180◦ corresponding to a sound source facing the right ear, in front of the head, and facing
the left ear, respectively.

The set of STFs is sampled by fixing the head radius to the standard valuea = 8.75 cm and
varying the following parameters:

• 19 linearly spacedθinc values, from0◦ to 180◦, at10◦-angle increments;

• 7 exponentially spaced distance values,ρ = 1.25, 1.5, 2, 4, 8, 16, 32 (the last one approxi-
mating the far field response), whereρ is the normalized distance defined in Eq. (4.13));

• 100 linearly spaced frequency points from100 Hz to10 kHz, at100-Hz increments.

A set of19×7 = 133 STFs is obtained, of which only the dB magnitude responses – all reported
in Fig. 5.2 – are considered next. Indeed, the transfer function of an ideal sphere appears to be
minimum phase for all ranges and incidence angles [42]. In addition, when considering inter-
aural differences for binaural hearing, approximated ITD models (e.g. Woodworth’s formula,
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Figure 5.2: The133 STF vectors considered for PCA.

Eq. (4.9)) can be used to simulate phase lag between right andleft ear canal as a simple delay
line. ITD effects can therefore be cascaded to the STF synthesis process.

At this point PCA is applied to the set ofn = 133 real-valued vectorsx1,...,xn, each of
dimensionδ = 100. The first six basis vectorsBV1 . . . BV6 of the analysis are sketched in
Fig. 5.3, whereµ is the normalized frequency defined in Eq. (4.3). After the first one which
accounts for the general slope of the majority of STFs (with apositive weight for ipsilateral
sources and a negative weight for contralateral ones – see Fig. 5.4), each successive basis vector
introduces more and more ripples in the frequency response,starting from the most prominent
in BV2. The keen observer will note thatBV2’s slope heavily resembles that of STFs forθinc =

170◦, BV3 has a very similar frequency behaviour to STFs forθinc = 160◦, and so on. This
means that the greatest variance in STFs appears for fixed distances along the angular range at
contralateral source positions.

By investigating the trend of principal componentsPC2 to PC6 with the varying of distance
and incidence angle we obtain a deeper insight of the analysis. As expected from the observations
reported in Section 4.3.3, weights’ moduli are amplified by decreasing distance; furthermore,
Fig. 5.4 shows that each component emphasizes its corresponding basis vector only for a limited
range of incidence angles, regardless of distance. This last observation further confirms that
after the first basis vector which retains the average behaviour of the STF, those from the second
onwards provide each a particularized description of the rippled high-frequency behaviour of
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Figure 5.3: The first six basis vectors from PCA applied to the STF collection.
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Figure 5.4: The first six principal components from PCA applied to the STF collection.

contralateral STFs, which varies according to the incidence angle. Also, note that principal
componentsPC2 to PC6 present increasingly smaller weights; this point motivates the greater
importance of componentPCi−1 relative toPCi.
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(a) ILD jnd as a function of frequency.
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(b) ILD error functions withp = 7.

Figure 5.5: ILD jnd and PCA reconstruction optimality (figure (a) reproduced from [111]).

5.1.3 STF reconstruction optimality

An interesting point is the number of principal components (parameterp) that can grant a hypo-
thetically flawless reconstruction of the spherical transfer function by means of Eq. (5.3). To this
end, a proper psychoacoustic principle is needed in order totheoretically quantify the maximum
tolerable error, so as to extract the minimump that meets its constraints.

Mills [111] presents a psychoacoustical result which can beused in this context. In particular
the ILD jnd (just noticeable distance) curve as a function offrequency in Fig. 5.5(a) represents
a safe upper bound on the approximation error, owing to no sensitivity of the human hearing
apparatus to small changes in ILD. After having checked thatthe absolute error between all
ILDs derived from a complementary pair of original HRTFs (same distance parameter and sum
of incidence angles equal to 180 degrees, assuming diametrically opposite ear canals) and those
reconstructed after PCA approximation turns out to lie underthe jnd function, it can be stated
that there is no significant information loss in the PCA approximation. Note that the jnd function
has not been defined for very low frequencies; nevertheless,the dominant localization feature in
this frequency range being ITD, ILD information appears to be relevant just for detecting very
close distances.

As can be seen from Fig. 5.5(b) the minimum valuep for which the total error introduced by
the PCA approximation remains below the jnd curve isp = 7. As a consequence, it can be said
that the intrinsic dimensionality of the STF representation is small, thus a good approximation of
a spherical head model can, on a theoretical basis at least, be reached without expensive modeling
nor an excessive waste of computational resources.
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5.2 Near-Field Transfer Functions

For modeling purposes, one could think of the basis vectors arising from the PCA analysis as
the magnitude responses of six filters to be designed, each weighed with a coefficient (i.e. the
corresponding principal component) dependent on distanceand incidence angle. However, such
an analysis cannot be directly used for designing a filter model of the spherical head because,
since the dB magnitude responses of the STFs were considered, weightsak in Eq. (5.3) refer
to a logarithmic scale instead of a linear scale. PCA was then applied to both linear magnitude
responses and complex responses of STFs, yet the same conclusions as in the previous case were
drawn for the following reasons:

• if linear magnitude responses are considered, PCA extracts basis vectors with negative
values that cannot be seen as filters;

• if complex responses are considered, the new representation needs a greater number of
basis vectors to yield a good reconstruction and weights arecomplex themselves.

It is therefore necessary to follow an alternative approach, having however in mind that the
PCA analysis has clearly indicated that angular dependence of STFs is much greater than distance
dependence in the transfer function frequency behaviour. Decoupling distance information from
frequency is thus the primary goal towards the design of a cheap and effective model for the
head.

In order to study the impact of distance, a given STF can be normalized to the correspond-
ing far field spherical response yielding a new transfer function, which I refer to as Near-Field
Transfer Function (NFTF):

HNF (ρ, µ, θinc) =
H(ρ, µ, θinc)

H(∞, µ, θinc)
. (5.4)

Fig. 5.6 reports the133 NFTFs corresponding to the STFs used for the previous section’s PCA
analysis. In all of the seven plots, each referring to a different normalized distance, the response
for incidence angleθinc = 0◦ is the uppermost in level; as the angle grows up toθinc = 180◦,
magnitude decreases.

From these plots it becomes clear that the rippled behaviourof contralateral STFs is not
correlated to source distance at all. NFTFs are very regularfunctions that slightly decay with
frequency, in an approximately monotonic fashion. Furthermore, the magnitude boost for small
distances is evident in ipsilateral NFTFs while it is less prominent in contralateral NFTFs. Note
also that forρ = 1.25 the response completely crosses the0-dB threshold at an angle that is
far smaller than for the remaining distances, i.e.θinc ≈ 65◦: this behaviour is explained by the
intuition that, as source distance decreases, the angular range for which a direct ray can reach an
observation point on the sphere becomes narrower and narrower.
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Figure 5.6: Analytical NFTFs as functions of distance and incidence angle.

5.2.1 DC gain of NFTFs

Now, let’s look more closely at how the DC gainG0 varies in NFTFs as the source moves away
along a given angular direction. For each of the19 incidence angles,θinc = 0◦ − 180◦ at 10-
degree steps, Eq. (4.14) is sampled at DC (µ = 0) for a great number of different, exponentially
increasing distances, specifically

ρ = 1.151+
k−1
10 , k = 1, . . . , 250, (5.5)

and its absolute value calculated, yielding DC gain

G0(θinc, ρ) = HNF (ρ, 0, θinc). (5.6)

Fig. 5.7 plots DC gains as functions of distance and incidence angle.
Note that, if attention is focused on a single incidence angle, gain looks like an exponential

function of distance, either for small incidence angles (where gain decreases with distance) and
for contralateral positions of the source (where gain increases with distance). The only angles for
which an exponential trend is not perfectly seen are those included in the range30◦ ≤ θinc ≤ 60◦,
for which DC gain first slightly increases and then suddenly decreases as distance grows. Never-
theless, in order to model distance dependence of NFTFs at DCwe can think of approximating it
as a sum of two exponentials for all the19 different incidence angles. The need of two functions
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Figure 5.7: NFTF gain at DC.

is justified by both the asymptotic behaviour of the gain function, that tends to1 for ρ→ ∞, and
by the higher number of DoF that two exponentials functions can grant. The exponential fit, that
will thus have the form

Gapp
0 (θinc, ρ) = aθinc exp(bθincρ) + cθinc exp(dθincρ), θinc = 0◦, 10◦, . . . , 180◦, (5.7)

is found with the help of the MATLAB Curve Fitting Toolbox (cftool ).
Coefficientsaθinc, bθinc, cθinc, anddθinc for each of the19 incidence angles are reported in Ta-

ble 5.1, as well as the RMS (root mean square) error measure between real and approximated
DC gains for each incidence angle at the250 evaluated distances. The latter values confirm the
overall excellent fitness of the exponential functions, especially fromθinc = 70◦ onwards where
RMS(G0, G

app
0 ) < 0.01. The first two angles,θinc = 0◦ andθinc = 10◦, are less well approxi-

mated because DC gain seems to have an over-exponential inverse dependence on distance for
small angles instead.

By investigating the trend of the four coefficients in Table 5.1, one could notice that an
exponential function could also be fitted to at least three ofthem in order to fully parameterize
Gapp

0 on incidence angle additionally to distance. However, the discontinuity appearing between
θinc = 50◦ andθinc = 70◦, due to the passage from a sum of exponentials theoreticallytending to
+∞ asρ→ 1 to a sum of exponentials tending to−∞, suggests that a simple linear interpolation
between adjacent functions such as the one that follows could suffice to effectively model DC
gain for intermediate incidence angles:

Gapp
0 (θinc, ρ) =

(⌈

θinc

10

⌉

−
θinc

10

)

Gapp
0

(⌊

θinc

10

⌋

10, ρ

)

+

(

θinc

10
−

⌊

θinc

10

⌋)

Gapp
0

(⌈

θinc

10

⌉

10, ρ

)

. (5.8)

The effective fitness of such an approximation on a dB scale will be objectively evaluated at
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θinc aθinc bθinc cθinc dθinc RMS(G0, G
app
0 )

0◦ 598.5 −3.583 1.748 −0.0237 0.2692

10◦ 61 −2.087 1.513 −0.01542 0.1342

20◦ 9.544 −1.115 1.318 −0.00876 0.0504

30◦ 2.971 −0.6695 1.203 −0.00504 0.0233

40◦ 1.173 −0.4082 1.121 −0.0025 0.0211

50◦ 0.4993 −0.216 1.044 −0.0003 0.0261

60◦ 0.6159 −0.0329 0.5805 0.01028 0.0337

70◦ −5.083 −2.587 1.083 −0.0024 0.0099

80◦ −1.587 −1.403 1.022 −0.0005 0.0017

90◦ −1.073 −0.9476 0.9798 0.00074 0.0052

100◦ −0.9161 −0.7297 0.9483 0.00157 0.0073

110◦ −0.8496 −0.6075 0.9233 0.00218 0.0083

120◦ −0.815 −0.5312 0.9031 0.00265 0.0087

130◦ −0.7944 −0.4808 0.8868 0.00301 0.0089

140◦ −0.7811 −0.4464 0.8738 0.0033 0.0089

150◦ −0.7722 −0.423 0.864 0.0035 0.0089

160◦ −0.7664 −0.4077 0.857 0.00365 0.0089

170◦ −0.7631 −0.3991 0.8529 0.00373 0.0088

180◦ −0.7567 −0.3924 0.8525 0.00372 0.0086

Table 5.1: Coefficients for Eq. (5.7) and approximation fitness.

the end of the analysis process, in Section 5.2.3, even for incidence angles different from those
considered up to now.

5.2.2 Frequency dependence in NFTFs

The behaviour of NFTFs at DC having been checked, it remains to be studied how much NFTFs
depend on frequency and how such dependence can be cheaply modeled. In order to do this the
DC gainG0 can act as a further normalization factor, thus the following operation is performed
for a set of NFTFs computed at the already considered250 distances and in the frequency range
up to30 kHz, sampled at100-Hz steps (assuming again head radiusa = 8.75 cm):

ĤNF (ρ, µ, θinc) =
HNF (ρ, µ, θinc)

G0(θinc, ρ)
. (5.9)

Fig. 5.8 shows the frequency behaviour of normalized NFTFs for the two extreme incidence
angles,θinc = 0◦ andθinc = 180◦, and a downsampled number of distances (1 each8 in Eq. (5.5)),
the smallest always corresponding to the lowest NFTF in magnitude.
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Figure 5.8: Frequency behaviour of normalized NFTFs for two different incidence angles. In
both cases, magnitude increases with distance.

In both plots, magnitude monotonically increases with distance at all frequencies although
tending to the0-dB threshold at most. This means that DC is always the frequency point of the
NFTF where the gain is maximum. However, note the different high-frequency trend for the two
considered angles: atθinc = 0◦ the magnitude plot looks like that of a high-frequency shelving
filter, whereas atθinc = 180◦ a lowpass behaviour is observed. For intermediate incidence angles,
the response for a specific distanceρ gradually morphs from that of a shelving filter to that of a
lowpass filter as the angle increases, the faster rate being observed for small distances.

In light of such result, one could think of approximating themagnitude plot of the normalized
NFTF through a shelving or lowpass filter, depending on incidence angle and distance. Unfortu-
nately, two lawful observations complicate such design process:

• the switch from a shelving to a lowpass filter at a given incidence angle needs to be smooth
in order to avoid listening artifacts;

• a first-order lowpass filter excessively cuts high frequencies with respect to the maximum
10-dB decay observed in the normalized NFTF plots.

These shortcomings can be solved, although at the cost of precision loss, by always approximat-
ing a normalized NFTF through a first-order high-frequency shelving filter. The implementation
chosen for the filter is that found in [192],

Hsh(z) = 1 +
H0

2

(

1−
z−1 + ac
1 + acz−1

)

, (5.10)

where

ac =
V0 tan

(

π fc
fs

)

− 1

V0 tan
(

π fc
fs

)

+ 1
, (5.11)
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V0 = 10
G∞

20 , (5.12)

andfs is sampling frequency.
Now it has to be highlighted how the two key parameters of the shelving filter, cutoff fre-

quencyfc and asymptotic high-frequency gainG∞, can be extracted from the normalized NFTFs
in order to yield a satisfactory approximation. First, the asymptotic gain is calculated as

G∞(θinc, ρ) = 20 log10

∣

∣

∣

∣

ĤNF

(

ρ, 30000
2πa

c
, θinc

)∣

∣

∣

∣

[dB], (5.13)

that is, the (negative) dB gain of the NFTF at30 kHz. The choice of such a high frequency point
is needed to best model the slope of near contralateral NFTFsin the range of interest for the
HRTF, i.e. up to15 kHz.

Second, taking as reference the previously computed asymptotic gain, the cutoff frequency
is calculated as

fc(θinc, ρ) = min
f

∣

∣

∣

∣

(

20 log10

∣

∣

∣

∣

ĤNF

(

ρ,
2πa

c
f, θinc

)∣

∣

∣

∣

−
2

3
G∞(θinc, ρ)

)∣

∣

∣

∣

[Hz], (5.14)

that is, the frequency point where the normalized NFTF presents a negative dB gain of approxi-
mately two thirds of the asymptotic gain. This point is heuristically preferred, after a number of
trials with different values, to the point where the gain isG∞

2
in order to minimize differences in

magnitude between a shelving filter and a lowpass filter for contralateral NFTFs.
The quality of the shelving filter approximation is attestedthrough a measure widely used in

recent literature [123, 133, 48]: spectral distortion

SD =

√

√

√

√

1

N

N
∑

i=1

(

20 log10
|H(fi)|

|H̃(fi)|

)2

[dB], (5.15)

whereH is the original response (herêHNF ), H̃ is the reconstructed response (hereHsh), and
N is the number of available frequencies in the considered range, that in this case is limited
between100 Hz and15 kHz. Mean spectral distortion between original normalizedNFTFs and
designed shelving filters, averaged among the responses forthe50 smallest distances (where the
approximation is most challenging) was found to never exceed 1 dB at each of the19 incidence
angles.

The variation of parametersG∞ andfc along distance and incidence angle was also studied.
In this context too, it was surprisingly noticed how both parameters bear an exponential growth
(in the case of cutoff frequency) or decrease (in the case of high-frequency gain) as the source
approaches. Thus, similarly to what was done for DC gains, a sum of two exponential functions
was fitted as follows to the evolution ofG∞ andfc along distance at given incidence angles:

Gapp
∞ (θinc, ρ) = kθinc exp(lθincρ) +mθinc exp(nθincρ), θinc = 0◦, 10◦, . . . , 180◦, (5.16)
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θinc kθinc lθinc mθinc nθinc RMS(G∞, G
app
∞ ) [dB]

0◦ −11.26 −1.118 −1.436 −0.1061 0.0612

10◦ −8.544 −0.9573 −1.25 −0.09473 0.0476

20◦ −7.586 −0.9905 −1.239 −0.09872 0.0594

30◦ −38.62 −2.339 −1.839 −0.1573 0.0912

40◦ −112.7 −2.858 −1.789 −0.1693 0.0844

50◦ −95.55 −2.386 −1.807 −0.1753 0.082

60◦ −70.2 −1.895 −2.258 −0.1826 0.0909

70◦ −53.15 −1.51 −3.001 −0.1664 0.1133

80◦ −42.73 −1.238 −3.768 −0.1376 0.146

90◦ −36.84 −1.08 −4.468 −0.1162 0.1789

100◦ −33.85 −1.018 −4.958 −0.1043 0.2024

110◦ −32.84 −1.023 −5.105 −0.09919 0.2116

120◦ −33.06 −1.062 −4.953 −0.09865 0.2085

130◦ −33.85 −1.111 −4.676 −0.1012 0.1998

140◦ −34.81 −1.157 −4.415 −0.1053 0.1902

150◦ −35.7 −1.195 −4.213 −0.1099 0.182

160◦ −36.43 −1.224 −4.081 −0.114 0.1758

170◦ −36.89 −1.243 −4.006 −0.1168 0.1721

180◦ −34.43 −1.19 −3.811 −0.1131 0.1608

Table 5.2: Coefficients for Eq. (5.16) and approximation fitness.

fapp
c (θinc, ρ) = pθinc exp(qθincρ) + rθinc exp(sθincρ), θinc = 0◦, 10◦, . . . , 180◦. (5.17)

Table 5.2 and Table 5.3 summarize fitness scores and functionparameters’ values for each of the
two quantities.

The functional approximation ofG∞ is overall excellent, never exceeding a mean RMS error
of 0.25 dB in the considered angular directions. Similarly, the approximation provided byfapp

c

yields a mean RMS error that is below half the actual frequencyresolution of100 Hz for more
than70% of the incidence angles, the most problematic being the intermediate ones where the
frequency behaviour of the normalized NFTF is halfway between those of a shelving and a
lowpass filter. As a matter of fact, for these angular directions the normalized NFTF cutoff
frequency for small distances suddenly explodes from a relatively low value (< 1 kHz) to a high
value (≈ 10 kHz), yielding a very acute slope in the distance-dependentcurve that a sum of two
exponentials cannot approximate without losing precisionin the following points.

Contrarily to the approximation ofG0, in these two cases no consistent trend is seen across
incidence angles for any of the exponential functions’ coefficients. An interpolation of adjacent
polynomials analogous to that in Eq. (5.8) is thus definitelyrequired to correctly model parame-
tersGapp

∞ andfapp
c for intermediate angular values.
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θinc pθinc qθinc rθinc sθinc RMS(fc, f
app
c ) [Hz]

0◦ 483.8 −0.7549 494.3 0.00046 21.02

10◦ 410.1 −0.6986 492.7 0.00059 20.15

20◦ 443.5 −0.7844 493.6 0.00053 21.22

30◦ 2.339e7 −8.839 535.1 −0.0032 35.31

40◦ 4.923e7 −8.23 553.3 −0.00476 46.31

50◦ 1.087e6 −4.284 612.1 −0.00828 52.38

60◦ 8.433e4 −1.804 656.7 −0.00339 115.5

70◦ 2.46e4 −0.6892 1452 −0.01873 180.6

80◦ 1.084e4 −0.3194 5639 −0.00938 126.4

90◦ 3677 −0.2464 1.067e4 −0.00284 57.53

100◦ 846.6 −0.1363 1.272e4 −0.00053 46.57

110◦ 1.333e4 0.00024 3.718e5 −5.851 36.26

120◦ 6913 −2.113 1.32e4 2.044e−7 18.53

130◦ 1629 −0.6621 1.322e4 −0.00033 38.34

140◦ 815.8 −0.3119 1.377e4 −0.00018 34.79

150◦ 1.478e4 −0.0007 46.94 0.05192 21.95

160◦ 1.558e4 0.00027 −1291 −0.6957 32.13

170◦ 1.622e4 0.00038 −1787 −0.5135 34.00

180◦ 1.641e4 0.0005 −2109 −0.5297 35.18

Table 5.3: Coefficients for Eq. (5.17) and approximation fitness.

5.2.3 A model for distance rendering

The analysis performed in the previous section allows straightforward construction of a filter
model for the rendering of distance, that can be easily integrated with an infinite-distance spher-
ical model of the head following one of the implementations available in the literature. In fact,
if the latter is modeled through a filterH∞

spherethat takes the incidence angleθinc as input (as for
instance in Brown and Duda’s model, see Eq. (4.4)), the information given by the NFTF can
be provided by a cascade of a multiplicative gainG0 and a shelving filterHsh as made clearer
by the following equations, that are neither more nor less than an approximated combination of
Eq. (5.4) and Eq. (5.9):

Hhead(ρ, µ, θinc) = Hdist(ρ, µ, θinc)H
∞
sphere(∞, µ, θinc), (5.18)

Hdist(ρ, µ, θinc) = Gapp
0 (θinc, ρ)Hsh(µ,G

app
∞ (θinc, ρ), f

app
c (θinc, ρ)). (5.19)

The general filter structure is sketched in Fig. 5.9. Here thehead radiusa can be freely
chosen previous to the rendering process in order to correctly tune parametersρ andµ, allow-
ing to stretch or extend the frequency and distance axes of the STF/NFTF with respect to the
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Figure 5.9: A model for a spherical head including distance dependence.

case of standard8.75-cm radius. The head radius parameter thus represents a firstraw way of
customizing a HRTF model on the subject’s anthropometry. Based on distance and incidence
angle information, the “Exponential Fit” computation block linearly interpolates functionsGapp

0 ,
Gapp

∞ andfapp
c using Eq. (5.7), Eq. (5.16), and Eq. (5.17) respectively; afterwards,Gapp

0 (θinc, ρ) is
used as multiplicative factor whereasGapp

∞ (θinc, ρ) andfapp
c (θinc, ρ) are feeded as parameters to

the shelving filter.
A legitimate question is the overall goodness of modelHdist, that is, whether all the intro-

duced approximations objectively unsettle the magnitude response of original NFTFs as com-
puted through Eq. (4.14) and Eq. (5.4). NFTFs resulting fromthe above model and correspond-
ing to the normalized distances and incidence angles of the analytical NFTFs in Fig. 5.6 are
reported in Fig. 5.10. From direct comparison of the two figures it can be seen how the general
shape of NFTFs is well reproduced, even though evident errors in the DC gain of a couple of
responses forρ = 32 are clearly recognizeable. In addition, some of the responses for the great-
est distances do not exhibit a smooth transition between consecutive incidence angles as in the
analytical responses aroundθinc = 60◦.

In order to have a quantitative indication of the model’s accuracy and to better explain the
above dissimilarities, the usual spectral distortion measure was calculated either for spatial loca-
tions that were used during the analysis process and new spatial locations, thanks to the functional
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Figure 5.10: Reconstructed NFTFs as functions of distance and incidence angle.

representation of distance and interpolation over incidence angles of the key parameters. Specif-
ically, the magnitude ofHdist for a 8.75-cm spherical head was computed through Eq. (5.19)
for the usual250 distances, this time at5-degree angular steps (θinc = 0◦, 5◦, 10◦, . . . , 180◦),
and compared to the magnitude response of the correspondingoriginal NFTFs up to15 kHz.
Distance-dependent spectral distortion plots for the37 considered incidence angles are all shown
in Fig. 5.11.

Notice that the overall fitness of the approximation is excellent for contralateral sources,
being the SD lower than1 dB in almost all of the considered source locations except for the very
nearest ones aroundθinc = 90◦. Concerning ipsilateral positions, the biggest discrepancies for
very close distances appear in the middle range, i.e. fromθinc = 45◦ to θinc = 65◦. These are well
explained by the already mentioned passage from a shelving to a lowpass frequency behaviour,
that doesn’t find a smooth correspondence in the exponentialfunctions.

Then, as distance increases up toρ = 10, SD tends to decrease except for a small peak
centered aroundρ = 3− 4 for contralateral sources, and a series of peaks forθinc < 40◦ that are
in most cases weak except for those at the smallest angular positions,θinc = 0◦ andθinc = 5◦.
By taking a look to Table 5.1 one can realize that the latter behaviour is due to the non-perfect
fit provided by the first two exponential functionsGapp

0 . These are responsible for the sudden
SD rise at the farthest distances (ρ > 20) observed for the smallest incidence angles that was
also seen in the last plot of Fig. 5.10, being asymptoticallynot tending to0 dB with distance
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Figure 5.11: Spectral distortion introduced by modelHdist.
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yet falling under this threshold. However, the problem can be easily be overcome by forcing
the exponential functionGapp

0 to always tend to0 dB (possibly at the cost of worsening the
approximations at close distances) or, even better, by letting the contribution of the whole filter
structureHdist smoothly dissolve as the source enters the far field, which isdefinitely the case
for ρ > 20.

Finally, note how there is no evident relative SD increase between reconstructed NFTFs for
angles that were considered in the analysis process and other angles. To be more precise, SD for
angleθinc remains approximately halfway the two nearest analyzed anglesθ′inc = θinc − 5◦ and
θ′′inc = θinc + 5◦ for almost all the considered distances. As a consequence, linear interpolations
of the key coefficients are already effective as they are, notneeding to be improved through
higher-order interpolations and/or a denser sampling along the angular axis.

5.3 Conclusions

An extremely low-order model for distance rendering, thought for real-time applications, was
proposed in this Chapter. The main purpose of the model is to cheaply simulate the impact that
source distance has on the sound waves arriving at the ears inthe near field, a region where the
relation between sound pressure and distance is both highlyfrequency-dependent and nonlinear.
The reference for the model was based on an analytical description of a spherical head response,
appropriately filtered out so as to include distance-dependent patterns only. With respect to such
reference, the model was objectively seen to provide a very good fit in almost the whole near
field, despite its simplicity.

It could be questioned whether analytical near-field transfer functions really reflect distance-
dependent patterns in measured HRTFs, and if a weak customization (onto the head radius only)
may be enough to account for differences among subjects. In particular, when a source is very
close to the human head the finer details of the subject’s anthropometry, such as the shape of the
head or the presence of the nose, could prominently come intoplay. Unfortunately, most HRTF
measurements are performed in the far field or in its vicinityat one single given distance: collect-
ing HRTFs for more than one distance would intolerably multiplicate the required measurement
time. Numerical simulations (such as the BEM) are thus neededto address such a question.

Further work in this direction should take into consideration alternative filter structures to the
single, first-order shelving filter, such as a higher-order shelving filter or a lowpass filter realiza-
tion allowing slope control for contralateral positions, in order to better approximate normalized
NFTFs. Also, if one remains within the assumption that ITD does not change with distance, the
design of an all-pass section counterbalancing the effect that the shelving/lowpass filter’s phase
response has on ITD needs to be carried out.

Last but not least, the choice of the far-field head filter to becoupled with the distance render-
ing model will turn out to be pivotal for a good STF approximation. Brown and Duda’s first-order
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filter, although replicating with some degree of approximation the mean magnitude characteris-
tics of the far-field STF, does not simulate the rippled behaviour seen for contralateral sources.
Experimental evaluations on the psychoacoustical importance of these ripples or an alternative
head model are thus needed.





Chapter 6

Pinna-Related Transfer Functions:
Estimation Methods and Analysis

Pinna-Related Transfer Functions (PRTFs) reflect the modifications undergone by an acoustic
signal as it interacts with the listener’s outer ear. These can be seen as the pinna contribution
to the HRTF. Although perceptually dominated by head motioncues, pinna effects on inci-
dent sound waves are of great importance in sound spatialization. Several experiments have
shown that, contrarily to azimuth effects which are dominated by diffraction around the listener’s
head and may be reduced to simple and intuitive binaural quantities, elevation cues are basically
monaural and heavily depend on the listener’s pinna shape, being the result of a superposition
of scattering waves influenced by a number of resonant modes inside pinna cavities. Within
this framework, it is crucial to find a suitable model for representing PRTFs; linking the model
parameters to simple anthropometric measurements on the user’s pinnae represents the ultimate
challenge in this direction. Once this model is available, cascading it to a Head-and-Torso (HAT)
model [6] would yield a complete structural HRTF representation.

This chapter, along with the following two, considers the problem of modeling PRTFs for
3-D sound rendering. Following a structuralmodus operandi, two approaches for PRTF deriva-
tion, either by direct measurement (Section 6.1) or by HRIR processing (Section 6.2.1), and
an approach for the decomposition of PRTFs into ear resonances and frequency notches (Sec-
tion 6.2.2) that will allow separate control of the evolution of each physical phenomenon in the
final PRTF model, are presented. Results of PRTF decomposition will be finally discussed and
further elaborated in Section 6.3.

The work presented in this Chapter was published in papers [168] (Section 6.1) and [57]
(Sections 6.2- 6.3).

101
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(a) The isolation device, configuration1. (b) The isolation device, configuration2.

(c) Close-up of the pinna hole. (d) Pinna isolation.

Figure 6.1: Isolation of the pinna through an ad hoc device.

6.1 PRTF measurement

In this first Section I will describe a database of PRTFs collected from measurements performed
at the Department of Signal Processing and Acoustics, AaltoUniversity, Finland, primarily fo-
cusing on the choices and tools through which the final responses were collected (i.e., experi-
mental setup, measurement procedure, and polishing operations applied to obtain the final PRTFs
from the measured responses). The database, accompanied bydetailed photographs of the sub-
jects’ pinnae and the measurement setup, consists of median-plane PRIRs measured at 61 dif-
ferent elevation angles from 25 subjects and is publicly downloadable as a .zip archive from my
website athttp://www.dei.unipd.it/ ˜ spagnols/PRTF_db.zip .

6.1.1 Measurement procedure and apparatus

In an ideal situation, the PRTF is the response of the pinna mounted on an infinite plane [5].
For the actual measurements, an ad hoc pinna isolation device that approximates the ideal case,

http://www.dei.unipd.it/~spagnols/PRTF_db.zip
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(a) The measurement setup. On bottom right, the
boom-controlled loudspeaker used for sweep reproduc-
tion.

(b) Subject position during the measurements.

Figure 6.2: Measurement setup and subject position.

pictured in Fig. 6.1(a), was built and used. The test subjects’ torso and shoulders were isolated by
a1-m× 1-m,15-mm thick wooden board having a24-cm-diameter circular hole in the middle of
it that approximately fits the size of the human head. A polycarbonate sheet with grinded edges
and a6-cm-diameter circular hole in the middle was fixed with a dozen flat head screws to the
board in order to completely cover the hole for the head whileletting the subjects’ right pinna
come out of the other side of it (see Fig. 6.1(c)-(d)). Furthermore, a thick layer of foam with a
head-profile-shaped cut in the middle was glued to the upper side of the board with the purpose
of adding comfort to the subjects. A piece of such layer couldbe taken off accordingly with the
specific subject’s build (Fig. 6.1(b)).

The isolation device was brought right in the middle of an anechoic chamber and placed over
an acoustically transparent, one meter high cylindrical metallic fence having 1.75mm thread
width in order to avoid reflections from prospective table legs. A controlled boom mounted on
the room’s ceiling had the purpose of moving the sound source(a Genelec 8030A loudspeaker)
along a circumference centered in the pinna hole and laying on the plane parallel to the isolation
device. The loudspeaker was positioned upside down, so thatthe woofer was at the level of
the forementioned plane while the tweeter was under it, allowing high-frequency components to
directly join the pinna hole without reflecting on the borderof the isolation device. Fig. 6.2(a)
reports a global view of this experimental setup.

Furthermore, the distance between the loudspeaker and the pinna hole was approximately1.6
m, so that the incident wave can be assumed plane for frequencies above 3 kHz (the loudspeaker’s
crossover frequency). This assumption may not be guaranteed below3 kHz, yet the relative little
importance of pinna features below this threshold makes this problem negligible. Since the boom
was not acoustically transparent and other loudspeakers were fixed to the chamber’s walls, the
environment should be labeled as low-echoic rather than anechoic. In spite of this, all the data
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(a) Knowles FG-23329 microphone stuffed inside a
hollow earplug.

(b) Placement inside the ear canal.

Figure 6.3: The microphone used for HRTF acquisition.

will be adequately windowed so as to discard late reflectionsoccurring on the room’s equipment.

25 subjects (18 men and 7 women), mostly students and staff ofAalto University, partici-
pated to the measurements, which were performed using the blocked-ear-canal technique [63]: a
Knowles FG-23329 microphone carefully stuffed in the middle of a hollow earplug was placed
right at the entrance of the right ear canal of each subject inturn, as pictured in Fig. 6.3. Then,
the subject was asked to stand in front of one side of the panel(eventually with the help of a
pedestal to let his waist reach the level of the isolation device), bend90 degrees forwards and lay
his head on the right side in order to let his pinna pass the hole (see Fig. 6.2(b)). The required90◦

head-neck rotation could be reached thanks to the thick layer of foam which allowed the right
shoulder to sink at a lower level than the left. This way, the plane spanned by the loudspeaker’s
rotation approximately corresponded to the subject’s median plane. The pinna position was then
adjusted both by instructing the subject on how to move his head and by manual intervention
through a big hole in the fence. Finally, vertical orientation was adjusted by manually rotating
the subject’s head to let his ear axis point at a precise mark on one of the chamber’s walls. Sub-
jects were told to remain as still as possible, yet their movements were not monitored during the
actual measurement session.

The responses were measured via the logarithmic sweep (or logsweep) method [121]. The
used sine sweep had48 kHz sampling frequency,1 s duration, and exponentially spanned the fre-
quency range from20 Hz to 22 kHz. By controlling the boom rotation and sweep reproduction
from a Max/MSP patch running on a workstation just outside the anechoic chamber, sweep re-
sponses for61 different elevation angles were recorded at48 kHz sampling frequency in approx-
imately six minutes’ time per subject. The selected elevation angles, considering the interaural
polar coordinate system, spanned the range fromφ = −60◦ to φ = 240◦ (i.e. φ = −120◦) at
5-degree steps. The boom constantly rotated during the measurements, hence high frequencies
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(a) Subject02. (b) Subject08. (c) Subject13. (d) Subject18.

Figure 6.4: Right pinnae of four participating subjects.

were measured from a slightly different elevation angle than low frequencies. However, since the
angular speed was almost constantly less that one degree persecond, its impact on measurements
looks negligible.

In addition, free-field responses were taken by placing the microphone-stuffed earplug inside
a small foam cut, positioning it in the middle of the pinna hole of the isolation device, and
repeating the measurement procedure in the same way as for the test subjects.

Pictures of the subjects’ right pinnae were also taken before or after the measurements (see
Fig. 6.4). The distance and orientation of the camera with respect to the pinna was kept as con-
stant among subjects as possible through the help of a tripod. Also, each subject’s pinna height
(variabled5 in Fig. 4.9) was measured and tracked down for resizing purposes. This informa-
tion, along with each subject’s sex and evidenced anomaliesin the experiment with respect to
the optimal situation, can be found in Table 6.1. As for anomalies, Subject06’s pinna did not
completely pass the hole, Subject13 had a piercing on the helix which could not be taken off,
and Subject18 had the earplug slightly displaced at the end of the measurements.

6.1.2 Data post-processing

According to the logsweep method, inverse filtering was performed on the measured sweeps
(including free-field sweeps) in order to obtain the corresponding impulse responses. Specifi-
cally, the inverse response of the excitation signal was first computed and then low-passed and
high-passed with fifth-order digital Butterworth filters to compensate for the original zero sound
pressure level below20 Hz and above22 kHz in the sweep signal. Since the pinna has no effect
below3 kHz and sounds above15-20 kHz are hardly perceptible by humans, the high-pass and
low-pass Butterworth filters’ cutoff frequency was kept loose, that is1.2 and21.6 kHz respec-
tively. Hence, each impulse response was calculated by convolving such band-passed inverse
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subject sex pinna height anomalies
01 F 5.6 cm no
02 M 6.5 cm no
03 M 6.5 cm no
04 M 6.5 cm no
05 F 5.9 cm no
06 M 6.9 cm yes
07 M 6.2 cm no
08 M 6.3 cm no
09 F 6.0 cm no
10 M 6.1 cm no
11 M 6.7 cm no
12 M 6.3 cm no
13 F 6.2 cm yes
14 M 6.3 cm no
15 M 5.8 cm no
16 M 6.5 cm no
17 F 5.9 cm no
18 M 6.7 cm yes
19 M 7.2 cm no
20 M 5.6 cm no
21 F 5.8 cm no
22 M 6.4 cm no
23 M 6.3 cm no
24 M 6.0 cm no
25 F 5.6 cm no

Table 6.1: PRTF database: subjects’ information.
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Figure 6.5: PRIR for elevationφ = 0◦, subject04.

filter with the measured sweep.

Subsequently, a 300-sample Hann window was applied to each impulse response with the
aim of cutting off late reflections possibly occurring on thesubject’s legs, the pedestal, or the
room equipment. The window was centered in the first positivepeakp exceeding a heuristic
amplitude threshold in the impulse response, so that the windowed impulse lasted approximately
3 ms fromp.

Finally, free-field compensation of the subjects’ impulse responses had to be performed. To
this end, for each elevationφ, a 10th-order minimum-phase IIR filter which approximates the
magnitude of the inverse free-field response at source elevationφwas designed through the least-
squares fit procedure provided by the Yule-Walker method of ARMA spectral estimation [51].
As expected, all of the free-field responses had similar and almost flat - except for a ripple
around2.5 kHz probably due to the loudspeaker’s crossover frequency -magnitude plots, with
no tangible diffraction occurring on the wooden board. Thisresult certifies the transparency of
the measurement setup. Straightforward filtering of the subject’s impulse response at elevation
φ through the so built IIR filter gave the free-field compensated, final pinna-related impulse
response (PRIR) that is currently stored in the online database, an example of which can be seen
in Fig. 6.5.

Fig. 6.6 shows the magnitude plots of an original recorded sweep and the corresponding post-
processed PRTF. It can be clearly seen how the general notch/resonance structure of the typical
PRTF is preserved, excluding the very upper and lower frequency ranges which are, however,
not of interest in this context.
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Figure 6.6: Original sweep magnitude response (solid line) and post-processed PRTF magnitude
(thick dashed line).

6.1.3 Early results

Through direct inspection of the PRTF magnitude plots of all25 subjects, a couple of obser-
vations can be made. First, when the source is ahead of the frontal plane (in this case when
−60◦ ≤ φ < 90◦), the PRTF behaviour is quite complex and greatly varies from subject to
subject. However, commonly known features evidenced in previous works on PRTFs [159, 81],
such as the4-kHz omnidirectional resonance mode and the notch whose frequency (6− 10 kHz)
increases with elevation, appear in the vast majority of subjects, as can be seen in Fig. 6.7). In
some cases (e.g. Subject 18), however, the reflection structure is unclear, the magnitude plot
presenting valleys which happen to be excessively shallow.

Secondly, while all PRTFs greatly differ among subjects when the source is ahead of the
frontal plane, their behaviour is similar for all other elevations. Specifically, allowing some
degree of approximation:

• for 90◦ ≤ φ ≤ 125◦ the majority of PRTFs show a descending magnitude plot with one
major resonance around7 kHz and no evident notches;

• from aboutφ = 130◦ one frequency notch appears at around10 kHz, eventually followed
by others at higher frequencies when the source is about to cross the horizontal plane at
φ = 180◦ (this notch was found in [81] too);

• PRTFs for the last elevation angles, especiallyφ = 240◦, show a more complex magnitude
structure with3 or more notches below15 kHz (also reported in [81]).

These features can all be detected in Fig. 6.7. The absence ofevident notches when the source is
above the listener may easily be attributed to the presence of the helix which “masks” the concha,
evading direct reflections on it. Conversely, the presence ofcomplicated patterns atφ = 240◦
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(b) Subject08.
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(c) Subject13.
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Figure 6.7: PRTF magnitude plots of four subjects at all available elevations.

comparable to those for sources ahead of the frontal plane may be both attributed to reflections
on different pinna contours such as the upper part of the helix, the tragus or the crus helias, or to
possible unwindowed reflections on the subject’s legs.

Finally, even after post-processing some PRTFs still present a “noisy” spectrum. This artifact
may likely be associated to slight movements of the subjectsduring the sweep reproduction or
to a rattling noise coming from the metallic fence which was reported by a few subjects right
after their measurement session. However, besides being isolated cases only, the main features
of PRTFs remain preserved. The early results and assumptions traced above will be further
investigated later in this thesis, especially for what concerns PRTF behaviour in the elevation
range up to45◦ where pinna modifications happen in greater number.
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6.2 PRTF extraction and separation

The procedure for PRTF measurement described in the previous Section requires, just as typical
HRTF measurements, specific (expensive) equipment, hence it is hardly replicable. In absence
of such facilities, the most straightforward way of obtaining PRTFs it to extract them through
signal processing techniques from existing HRTF databases. This Section describes such an ap-
proach, where the initial data was chosen to be a set of measured HRIRs taken from the CIPIC
database [7], a public-domain database of high spatial resolution HRIR measured at 1250 direc-
tions for 45 different subjects. Once a PRTF is derived, a method for separating the contribution
of reflections to that due to resonances is described in detail.

6.2.1 Data collection and pre-processing

Extraction of PRTF features first requires an analysis step.Taking as reference system the inter-
aural polar coordinate system previously sketched in Fig. 4.1(a), the focus is placed on median-
plane (azimuth angleθ = 0◦) HRIRs, with the elevation angleφ varying fromφ = −45◦ to
φ = 90◦ at5.625-degree steps (25 HRIRs per subject).

The first problem that needs to be addressed is how to extract the PRTF from the correspond-
ing HRIR: basically, the head, torso and shoulders contributions need to be discarded from the
response. Knowing that pinna reflection delays usually range between100 and300µs in the
median plane [12], the HRIR is shortened by applying a1-ms Hann window starting from the
HRIR onset [137]. In this way spectral effects due to reflections caused by shoulders and torso
are removed from the response, while those due to the pinna are preserved.

Concerning head diffraction compensation, if the pinnalesshead is treated as a sphere, then
the ear canal lies aroundθ = ±90◦ − 100◦.1 Assuming CIPIC HRTF measurements, taken
at 1-meter distance, to be comparable to far-field measurements, it can be directly seen from
Fig. 4.10(a) that the corresponding responses of sphericaldiffraction for a source in the frontal
side of the median plane are approximately flat. Further evidence of such “flatness” is found
in [113], where the authors show that the mean spectral distance between measured responses on
a complete KEMAR head and FDTD-simulated responses on its pinna alone is2.3 dB only.

As a consequence, no further preprocessing step is applied to the windowed and zero-padded
HRIR, whose FFT, calculated on a512-sample window size, yields the estimated PRTF. Fig. 6.8
reports an example of extracted PRTF, where spectral notches and resonances can be easily de-
tected.

Both in the PRTF database described in Section 6.1 and in the post-processed CIPIC HRTF
responses, median-plane data was considered. Therefore, it ought to be mentioned that since the
data was collected for a single azimuth value only there is noguarantee that integrating a future

1Since human ears typically lie slightly behind and below thex axis [2], the source-ear angular distance is
certainly greater than90◦ for sources betweenφ = 0

◦ andφ = 45
◦ at least.
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Figure 6.8: PRTF extracted from a CIPIC database HRIR.

pinna model based on these responses in a complete structural model would give an appropriate
representation of the HRTF. In other words, the PRTF for elevationφ and azimuthθ = 0◦ may
have a totally different look than the PRTF for elevationφ and e.g. azimuthθ = 60◦. However,
relative azimuthal variations up to at least∆θ = 30◦ at fixed elevation cause very slight spectral
changes in the PRTF [114, 96, 137]. This observation was supported by an informal personal
inspection of different PRTF sets too. Hence, under the assumption that the source moves in
the vicinity of the median plane, pinna effects can be thought of solely depending on source
elevation.

6.2.2 The separation algorithm

The following issue concerns feature extraction from the obtained PRTF, with the constraint that
reflections and resonances must be treated as two separated phenomena. To this end, the PRTF
can be split into a “resonant” and a “reflective” component bymeans of an ad-hoc designed
algorithm which I will refer to asseparation algorithmand describe in detail. The idea that
drives the algorithm is the iterative compensation of the PRTF magnitude spectrum through a
sequence of synthetic multi-notch filters until no local notches above a given amplitude threshold
are left. Each multi-notch filter is fitted to the shape of the PRTF spectrum at the current iteration
with its spectral envelope removed and subtracted to it, giving the spectrum for the next iteration.
Eventually, when convergence is reached (say at iterationi), the final spectrumH(i)

res contains the
resonant component, while the reflective component is givenby direct combination of all the
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calculatedn multi-notch filters.
Fig. 6.9 reports the complete flow chart of the separation algorithm. The algorithm’s initial

conditions heavily influence the final result; indeed, threeparameters have to be chosen:

• Nceps, the number of cepstral coefficients used for estimating thePRTF spectral envelope
at each iteration;

• Dmin, the minimum dB depth threshold for notches to be considered;

• ξ, the reduction factor for every notch filter bandwidth, whose purpose will be discussed
below.

Before entering the core of the algorithm, letH
(1)
res match the PRTF and setH(1)

refl to 1. These

two frequency responses will be updated at each iteration, resulting inH(i)
res andH(i)

refl at the be-

ginning of thei-th iteration. IfN (i)
nch is the number of “valid” notches algebraically identified

at the end of it, the algorithm will terminate at iterationi if N (i)
nch = 0, while H(i)

res andH(i)
refl

will respectively contain the resonant and reflective components of the PRTF. As one may ex-
pect, both the number of iterations and the quality of the decomposition strongly rely on a good
choice of the above parameters. For instance, choosingDmin too close to zero may lead to an
unacceptable number of iterations; conversely, a high value ofDmin could result in a number
of uncompensated notches in the resonant part of the PRTF. Inthe following, the step-by-step
analysis procedure onH(i)

res is presented, assuming thatN (i−1)
nch > 0. For the sake of simplicity, in

the following the apex(i) indicating iteration number is dropped from all notation.
First, in order to properly extract the local minima due to pinna notches in the PRTF, the

resonant component of the spectrum must be compensated for.To this end, the real cepstrum
of Hres is calculated; then, by liftering the cepstrum with the firstNceps cepstral coefficients and
performing the FFT, an estimateCres of the spectral envelope ofHres is obtained.

The parameterNceps must be chosen adequately, since it is crucial in determining the degree
of detail of the spectral envelope. AsNceps increases, the notches’ contribution is reduced both
in magnitude and in passband while the resonance plot becomes more and more detailed. The
optimal number of coefficients that capture the resonant structure of the PRTF while leaving
all the notches out of the spectral envelope was experimentally found to beNceps = 4. This
number also matches the maximum number of modes identified byShaw [158] which appear at
one specific spatial location: for elevations close to zero,modes 1, 4, 5, and 6 are excited. Once
Cres is computed, it is subtracted from the dB magnitude ofHres yielding the residueEres.

At this pointEres should present an almost flat spectrum with a certain number of notches.
ParameterNnch is first set to the number of local minima inEres deeper thanDmin, extracted by
a simple notch picking algorithm. The aim here is to compensate each notch with a second-order
notch filter, defined by three parameters: central frequencyfC , 3-dB bandwidthfB, and notch
depthD.
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Consider thej-th local minimum. The central frequency of the corresponding notchfC is
immediately determined, while notch depth is found asD = |Eres(fC)|. Computation offB is
less straightforward. Indeed,fB is calculated as the standard3-dB bandwidth, i.e.fB = fr − fl,
wherefl andfr are respectively the left and right +3 dB level points relative tofC in Eres, except
for the following situations:

1. if D < 3 dB, the3-dB bandwidth is not defined. Thenfr andfl are placed at an interme-
diate dB level, halfway between0 and−D in a linear scale;

2. if the local maximum ofEres immediately preceding (following)fC does not lie above
the 0-dB line while the local maximum immediately following(preceding) does,fB is
calculated as twice the half-bandwidth betweenfC andfr (fl);

3. if both local maxima do not lie above the 0-dB line,Eres is vertically shifted until the 0-dB
level meets the closest of the two. Then,fB is calculated as before except if the new notch
depth is smaller thanDmin in the shifted residue plot, in which case the parameter search
procedure for the current notch is aborted andNnch is decreased by one.

Note that case 1 may occur simultaneously with respect to case 2 or 3: in this situation, both
corresponding effects are considered when calculatingfB.

The so found parametersfC ,D, andfB need to uniquely define a filter structure. To this end,
a second-order notch filter implementation of the form [192]

H
(j)
nch(z) =

1 + (1 + k)H0

2
+ l(1− k)z−1 + (−k − (1 + k)H0

2
)z−2

1 + l(1− k)z−1 − kz−2
, (6.1)

is used, where

k =
tan(π fB

fs
)− V0

tan(π fB
fs
) + V0

, (6.2)

l = − cos(2π
fC
fs

), (6.3)

V0 = 10
D
20 , (6.4)

H0 = V0 − 1, (6.5)

andfs is the sampling frequency. Using such an implementation allows to directly fit the param-
eters to the filter structure. Clearly, not every combinationof the three parameters is accurately
approximated by the second-order filter: if the notch to be compensated is particularly deep and
sharp, the filter will produce a shallower and broader notch,having a center frequency which is
slightly less thanfC .

Although moderate frequency shift and attenuation is not detrimental to the estimation al-
gorithm (an underestimated notch will be fully compensatedthrough the following iterations),
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Figure 6.10: An example of the separation algorithm’s evolution. The PRTF magnitude in the
top left panel is decomposed into resonances (top right panel) and frequency notches (bottom
right panel). The bottom left panel shows the evolution of thePRTF spectral envelope from the
first iteration to convergence.

an excessive notch bandwidth could lead to undesired artifacts in the final resonance spectrum.
Here is where parameterξ comes into play: iffB is divided byξ > 1, the new bandwidth speci-
fication will produce a filter whose notch amplitude will be further reduced, allowing to reach a
smaller bandwidth. Typically, in order to achieve a satisfactory trade-off between the size of the
reduction factor and the number of iterations,ξ is set to 2.

Consequently, the parameters to be fed to the filter are(fC , D, fB/ξ), yielding coefficients
vectorsb(j) anda(j) for H(j)

nch. The parameter search and notch filter construction procedures are
repeated for allNnch notches. In order to build the complete multi-notch filterHnch,

Hnch(z) =
b0 + b1z

−1 + b2z
−2

a0 + a1z−1 + a2z−2
=

Nnch
∏

j=1

H
(j)
nch(z), (6.6)

it is now sufficient to convolve all the coefficient vectors computed during iterationi:

b = [b0, b1, b2] = b
(1) ∗ b(2) ∗ · · · ∗ b(Nnch), (6.7)

a = [a0, a1, a2] = a
(1) ∗ a(2) ∗ · · · ∗ a(Nnch). (6.8)

Finally, before considering the next iteration, the globalmulti-notch filterH(i+1)
refl = H

(i)
refl ·Hnch

must be updated and the PRTF compensated by applyingH
(i+1)
res = H

(i)
res/Hnch.

Fig. 6.10 illustrates the algorithm’s evolution for a particular PRTF. The specific choice of
the initial parameters wasNceps = 4, Dmin = 0.1 dB, andξ = 2. The top left panel illustrates
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Subject010’s PRTF for an elevation of−45 degrees. The bottom left panel reports the spectral
envelope evolution, where we can see how interfering spectral notches negatively influence the
initial estimate. The panels on the right represent the resonant (Hres) and reflective (Hrefl) parts
of the PRTF at the end of the algorithm.

Consider the range where acoustic effects of the pinna are relevant, i.e. the range from4 to
16 kHz approximately [68]. Fig. 6.10 shows that inside such range the algorithm has produced a
realistic decomposition: the gain of the reflective component is unitary outside the notch regions,
while the peaks appearing in the resonant component reveal agood correspondence to Shaw’s
modes (this point is further discussed in the next Section).Outside the relevant range for the
pinna, there is a sharp gain decrease in the resonant part andfurther imperfections that appear
for different subjects and elevations. Nevertheless, thisis not a problem as long as the pinna
contribution to the HRTF is considered alone. The behavior exemplified in Fig. 6.10 is observed
for different elevations and subjects too.

6.3 PRTF analysis: results

PRTF features identified through the decomposition carriedout by the separation algorithm are
now discussed. The most general result that will be highlighted is that while the resonant com-
ponent is in broad terms similar among different subjects, the reflective component comes along
critically subject-dependent. In order to facilitate comparison with previous works, most of the
following plots report results for the same CIPIC subjects that appear in [137] and [149], specif-
ically Subjects 010, 027, 048, 134, and 165 (KEMAR head with small pinnae).

6.3.1 The resonant component

The variation in the contribution of pinna resonances to thePRTF throughout the considered
elevation range can be studied by examining the3-D plots in Fig. 6.11. Two major hot-colored
areas can be easily identified in these plots. The first one, centered around4 kHz, appears to
be very similar amongst subjects since it spans all elevations. One may immediately notice that
this area includes Shaw’s omnidirectional mode. The resonance’s bandwidth appears to increase
with elevation; however, knowledge of pinna modes implies that a second resonance is likely
to interfere within this frequency range at higher elevations, specifically Shaw’s vertical mode2
(centered around7 kHz with a magnitude of10 dB).

On the other hand, the second hot-colored area differs both in shape and shade amongst
subjects. Still it is most prominent at low elevations between12 and18 kHz, a frequency range
which is in general agreement with Shaw’s horizontal modes4, 5, and6, and smoothly dissolves
as the elevation angle increases up above the horizontal plane. Note that this higher resonance
area and Shaw’s vertical mode2 seem to be excited in mutually exclusive elevation ranges. This
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Figure 6.11: Resonant component of four subjects’ left pinnae for−45◦ ≤ φ ≤ 90◦.

effect, which appears for all the analyzed subjects and is especially evident for Subject165, gives
the impression of a smooth transition from one resonance to the other, and allows to look forward
to a double-resonance model for the pinna.

Finally, note that the magnitude response around12 kHz occasionally takes low negative dB
values at high elevations, especially in Subject010’s plot: such an incongruity may be explained
by phenomena other than reflections or resonances, e.g. diffraction around the pinna. One may
advance the same observation for very low and very high frequency zones; nevertheless, these
effects are due to the pre-processing step and lie whatever fairly outside the frequency range that
interests the pinna.
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Figure 6.12: Reflective component of four subjects’ right pinnae for−45◦ ≤ φ ≤ 90◦.

6.3.2 The reflective component

As already mentioned, reflection patterns strongly depend on elevation and pinna shape. Never-
theless, a number of common trends can be acknowledged here too. In general it can be stated
that, while PRTFs generally exhibit poor notch structures when the source is above the head,
as soon as elevation decreases the number and depth of frequency notches grows to an extent
that varies between subjects. These remarks can be immediately verified in Fig. 6.12, where
the spectral notches’ contribution for four different pinnae are reported. In particular, Subjects
134 and165 exhibit at low elevations a clear reflection structure with three prominent notches.
Still, robust techniques are required in order to track the effective notch patterns along elevation,
discarding the weak ones together with those which appear occasionally, and to have a consistent
labeling along subsequent elevation angles.
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As an adequate solution to this problem, a widely used analysis tool in the field of sinusoidal
modeling, the McAulay-Quatieri partial tracking algorithm [105]− originally used to group si-
nusoidal partials along consecutive temporal windows according to their spectral location− can
be inherited and fitted to this context. As a matter of fact, the very algorithm can be exploited to
track the most marked notch patterns along elevation, as long as temporal evolution is concep-
tually replaced by elevation dependency and spectral notches take the role of partials: for this
reason, let me refer to it as “notch tracking” algorithm. With respect to its original formulation,
suffice it to add that the notch detection (originally “peak detection”) step trivially locates all of
the local minima in the reflective component’s spectrum, andthat the matching interval for the
notch tracking procedure is set to∆ = 3 kHz.

Since it is preferable to restrict the attention to the frequency range where reflections due to
the pinna alone are most likely seen, and ignore notches which are overall feeble hence not likely
to be associated with a major reflection, two post-processing steps are performed on the obtained
tracks:

• keep only those tracks which remain inside the range4 − 16 kHz, where pinna cues are
most likely to be detected;

• delete the tracks that do not present a notch deeper than5 dB.

The dotted tracks superimposed on the plots in Fig. 6.12 represent the outputs of the notch
tracking algorithm. Results are definitely akin to the findings by Raykar (Fig. 11(a) in [137])
obtained through the use of the labyrinthine DSP-based algorithm depicted back in Fig. 4.17. In
particular, three main tracks are seen for all four subjects, whereas the shorter tracks in the plots
of Subject010 and Subject027 very probably represent the continuation of the missing track at
those specific elevations. Realistically, gaps between tracks may be caused by the algorithm’s
unlikelihood of locating proper minima due to uncontrollable events such as the superposition of
two different notches or the presence of shallow valleys in the considered region of the magni-
tude plot. Nonetheless, the three aforementioned main tracks indicate that congruous reflection
patterns appear in different PRTFs.

As a further step, notch patterns for20 different CIPIC subjects were analyzed in the elevation
range−45◦ ≤ φ ≤ 45◦ where one notch at least appears at a specific elevation. The majority
of them exhibits three notch tracks at a given elevation: only two subjects (Subjects019 and
020) lack of one track, the lowest and the highest in frequency respectively. Average notch
frequencies for the three tracks at each available elevation are reported in Table 6.2: frequencies
in the first two tracks (T1 andT2) monotonically grow with elevation, while frequencies in the
third track (T3) remain almost constant up toφ = −11.25◦, then grow untilφ = 28.125◦, and
decrease at higher elevations on average. These trends wereseen to be consistent across subjects.
Not reported in the table is the number of subjects that exhibit a notch for each track/elevation
coordinate: for the sake of brevity, suffice it to mention that all tracks begin at−45◦ except for
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φ T1 T2 T3
−45◦ 6.10 kHz 8.90 kHz 12.17 kHz

−39.375◦ 6.10 kHz 8.91 kHz 12.14 kHz
−33.75◦ 6.14 kHz 8.96 kHz 12.12 kHz
−28.125◦ 6.31 kHz 8.96 kHz 12.10 kHz
−22.5◦ 6.34 kHz 8.97 kHz 12.18 kHz
−16.875◦ 6.56 kHz 9.10 kHz 12.21 kHz
−11.25◦ 6.75 kHz 9.12 kHz 12.17 kHz
−5.625◦ 6.89 kHz 9.26 kHz 12.37 kHz

0◦ 7.19 kHz 9.42 kHz 12.39 kHz
5.625◦ 7.34 kHz 9.60 kHz 12.49 kHz
11.25◦ 7.71 kHz 9.71 kHz 12.67 kHz
16.875◦ 8.12 kHz 9.81 kHz 12.72 kHz
22.5◦ 8.21 kHz 9.89 kHz 13.00 kHz
28.125◦ 8.24 kHz 10.09 kHz 13.38 kHz
33.75◦ 8.44 kHz 10.27 kHz 13.16 kHz
39.375◦ 8.76 kHz 10.69 kHz 12.92 kHz
45◦ 9.21 kHz 10.84 kHz 12.64 kHz

Table 6.2: Notch frequencies averaged across20 subjects per elevation and track.

three cases only, thatT1 terminates earlier thanT2 on average, and the same applies toT2 with
respect toT3.

6.4 Conclusions

Analysis of the PRTF resonant component in different CIPIC subjects revealed common trends
with respect to elevation: in particular, two prominent peaks at quasi-steady central frequencies
can be distinctly identified in the considered frequency range. Similarly, analysis of the PRTF
reflective component with notch tracking along elevation angles highlighted the presence, in the
vast majority of subjects, of three main (and apparently continuous) notch tracks between5 and
15 kHz approximately, whose evolution will be directly related to the location of reflection points
over pinna surfaces. These two results suggest that Satarzadeh’s filter model (see again Fig. 4.18)
can be generalized through consideration of multiple reflection paths, and extended to a wider
frontal space. This can be done by construction of three different notch filters, each tuned to a
specific anthropometric measure, as a replacement to the simpler comb filter. Fig. 6.13 describes
such an extension, that will be widely analyzed in Chapter 8.

Nevertheless, since robust common trends cannot be identified at a first glance in the evolu-
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Figure 6.13: General model for PRTF reconstruction.

tion of spectral notches, and following the common idea thatnotches are of major relevance for
elevation detection in the frontal region [75, 118, 189, 68], attention in the next chapter will be
focused onto the reflective component.





Chapter 7

Pinna-Related Transfer Functions:
Relation to Anthropometry

There is no doubt that the greatest dissimilarities among different people’s HRTFs for a same
spatial location are due to the massive subject-to-subjectpinna shape diversity, which reflects
itself onto different resonance and reflection patterns in the corresponding PRTF. This chapter is
dedicated to investigation of the anthropometric mapping lying behind the frequency location of
notches in the PRTF spectrum. After an informal ray-tracinganalysis on four subjects similar to
the one described in [137] and sketched in Section 7.1, a formal analysis of the optimal mapping
between contours extracted from a pinna picture and PRTF frequency notches on twenty CIPIC
database subjects is described in Section 7.2. Results are presented and discussed in Sections 7.3
and 7.4, respectively.

Similarly to [137], each notch is associated to its own reflection path. Note that since notch
tracks in PRTFs are pairwise in non-harmonic relationship,both on average (see again Table 6.2)
and for every single analyzed subject, a single reflection path cannot be assigned to any pair of
tracks. Hence the assumption that each notch in the considered frequency range is the result of a
distinct reflection path is well-grounded.

Also, similarly to previous works on reflection modeling [137, 149], central frequency is
considered as the most relevant notch feature. Inspection of different PRTF plots reveals that the
notch moves continuously along the frequency axis depending on the elevation angle [159, 68]
to an extent that can definitely be detected by the human auditory system [118]. Conversely,
changes in notch bandwidth and amplitude along elevation are seen to be far less systematic
(this point will be further discussed in the next chapter), and their perceptual relevance is little
understood in previous literature.

The work presented in this Chapter was published in papers [164], [165], and [166] (Sec-
tion 7.1) and has been submitted for publication in [167] (Sections 7.2- 7.4).

123



124 Techniques for Customized Binaural Audio Rendering with Applications to Virtual Rehabilitation

φd(  )

φ
Acoustic ray

Antitragus

Tragus

Concha

Crus Helias

Rim (Helix)
Antihelix

Figure 7.1: Reflection ray-tracing on the pinna.

7.1 Reflections and ray tracing

Ray-tracing reflection models [68] are based on a very simple and intuitive observation: the
elevation-dependent temporal delaytd(φ) between the direct and the reflected wave projects the
point of reflection at distance

dc(φ) =
ctd(φ)

2
(7.1)

from the ear canal (wherec is again the speed of sound), as can be seen from the raw model
reported in Fig. 7.1. Knowing the simple law described by Eq.(7.1), and assuming the reflection
coefficient to be positive (which is the typical case), then destructive interference (i.e., a notch)
will appear at all those frequencies where the reflection’s phase shift equalsπ:

fn(φ) =
2n+ 1

2td(φ)
=
c(2n+ 1)

4dc(φ)
, n = 0, 1, . . . . (7.2)

Hence the first notch falls at frequency

f0(φ) =
c

4dc(φ)
. (7.3)

The positive reflection assumption was also adopted by Raykar[137] when tracing reflection
points over pinna images based on the extracted notch frequencies.

Nevertheless, Satarzadeh [148] drew attention to the fact that almost80% out of a test bed of
20 CIPIC subjects exhibit a clear negative reflection in their HRIRs. With the help of a simple
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(a) Subject010. (b) Subject027. (c) Subject134. (d) Subject165.

Figure 7.2: Ray-traced reflection points on four CIPIC subjects’ right pinnae.

physical model of the pinna he argued that, since the impedance of the pinna is greater than that of
air, there may be a boundary created by an impedance discontinuity which could produce its own
reflection and ultimately reverse the phase of the wave. In case of negative reflection destructive
interference would not appear at half-wavelength delays anymore, but at full-wavelength delays.
Eqs. (7.2) and (7.3) would then become

fn(φ) =
n+ 1

td(φ)
=
c(n+ 1)

2dc(φ)
, n = 0, 1, . . . (7.4)

and
f0(φ) =

c

2dc(φ)
. (7.5)

Following Satarzadeh’s hypothesis, this last assumption is now exploited in a simple ray-
tracing procedure over pinna pictures of four CIPIC subjects: Subjects010, 027, 134, and165,
whose PRTFs were analyzed in [137] too. Right pinna images arefirst uniformly rescaled in
order to match parametersd5 (pinna height) andd6 (pinna width) in Fig. 4.9. Each notch fre-
quencyf0 is then extracted as described in the previous chapter and associated to a single re-
flection point. Finally, the distance of each reflection point with respect to the entrance of the
ear canal is calculated by reversing Eq. (7.5) and, considering the 2-D polar coordinate system
illustrated in Fig. 7.1 having the right ear canal entrance as origin, each notch is mapped to the
point (d(φ), π+φ). Clearly, the negative reflection coefficient assumption causes distances to be
doubled with respect to those calculated in [137].

Results are reported in Fig. 7.2. For all the subjects, the so-obtained mapping shows a high
degree of correspondence between computed reflection points and pinna geometry. One can
immediately notice that the track nearest to the ear canal very closely follows the concha wall of
each subject for all elevations, except for a couple of cases:
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Figure 7.3: The20 pinna pictures used in the contour matching procedure.

• at low elevations, displacement of points may be caused by the little extra distance needed
by the wave to pass over the crus helias;

• Subject010’s track disappears at aroundφ = 60◦ probably because of the insufficient
space between tragus and antitragus that causes the incoming wave to reflect outside the
concha.

The intermediate track falls upon the area between concha and rim, with variable length
among subjects:

• in the case of subjects010 and165 the track is faint and probably due to the antihelix;

• conversely, subjects027 and134 present a longer and deeper track, that is visually associ-
ated to a reflection on the rim’s edge.

Finally, the furthest track follows the shape of the rim and stops in the vicinity of the point where
the rim terminates, hence it is likely to be associated to a reflection in the inner wall of it, except
for Subject010 whose reflection occurs at the rim’s edge.

Such an attempt towards the explanation of the pinna reflection process resulting in the most
important spectral notches in the PRTF provided visually convincing results. However, in order
to fully justify these preliminary findings, a rigorous analysis using a vast test bed of subjects is
required. This problem is addressed in the following section.

7.2 The contour matching procedure

Attention is now restricted to the elevation range−45◦ ≤ φ ≤ 45◦. The upper elevation limit
is chosen because of the high degree of uncertainty in elevation judgement for sources from
φ > 45◦ [17, 119] and the general lack of deep spectral notches in PRTFs in this region [81,
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Figure 7.4: Pinna anatomy and the five chosen contours for the matching procedure.C1: helix
border;C2: helix wall; C3: concha border;C4: antihelix and concha wall;C5: crus helias.

137], which may besides be two faces of the same coin. Again asin the previous informal
analysis, each extracted notch frequency is treated as thef0 of its respective reflection. Based
on these choices, the correspondence between pinna anatomyand theoretical reflection points
under different reflection sign conditions on a wide morphological variety of CIPIC subjects’
pinnae, a glimpse of which is retained by Fig. 7.3, is now investigated. Since this work involves
the anthropometry of subjects in the form of a picture of their left or right pinna, attention is
restricted to the20 of them for which the corresponding photograph is available[1]: subjects
003, 008, 009, 010, 011, 012, 015, 017, 019, 020, 021 (KEMAR with large pinna),027, 028, 033,
040, 044, 048, 050, 134, and165 (KEMAR with small pinna).

7.2.1 Pinna contour extraction

The basic assumption that drives the analysis procedure is that each notch track is associated to
a distinct reflection surface on the subject’s pinna. Since the available data for each subject is a
side-view of his/her head showing the left or right pinna, extraction of the “candidate” reflection
surfaces must be reduced to a two-dimensional basis. I choseto investigate as possible reflection
surfaces a set of three contours directly recognizeable from the pinna photograph, together with
two hidden surfaces approximating the real inner back wallsof the concha and helix. Specifically,
as Fig. 7.4 depicts, the following contours are considered:
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1. helix border (C1), visible on picture;

2. helix inner wall (C2), following the jutting light surface at the helix approximately halfway
between the rim border and the rim outer wall;

3. concha outer border (C3), visible on picture;

4. antihelix and concha inner wall (C4), following the jutting light surface just behind the
concha outer border up to the shaded area below the antitragus;

5. crus helias inferior surface (C5), visible on picture.

Since automatic contour extraction is hard to obtain because of both the low resolution of the
pictures and the presence of hidden contours, the extraction procedure was performed by manual
tracing through a pen tablet. Photographs were accurately resized to match a1 : 1 scale based
on the quantitative pinna height parameter (d5 in Fig. 4.9) available from the HRTF database’s
anthropometric data [7], or based on the measuring tape pictured in the photograph close to
the pinna in those cases whered5 was not defined. Right pinna photographs were horizontally
mirrored so that all pinnae headed left, and contours were drawn and stored as sequences of
pixels in the post-processed image. Of all the contours,C4 was the hardest to recognize due to
the forementioned low resolution; it is therefore necessary to point out that in some cases the
lower part of this contour was almost blindly traced.

7.2.2 Contour matching algorithm

Before describing the contour matching procedure, some useful definitions are formally stated.

• the focusψ = (ψx, ψy) is the reference point where the direct and reflected waves meet,
usually set at the entrance of the ear canal where the microphone is assumed to have been
placed during HRTF measurements;

• the rotationρ is a tolerance on elevation that counterbalances possible angular mismatches
between the actual orientation of the subject’s ear and the picture’s x-axis;

• a reflection sign configurations = [s1, s2, s3] (with sj = {0, 1}), abbreviated asconfigu-
ration, is the combination of reflection coefficient signs attributed to the three notch tracks
{T1, T2, T3}. Heresj takes0 value if a negative sign is attributed toTj and1 otherwise;

• thedistanced(p, Ci) between a pointp and a contourCi is defined as the Euclidean dis-
tance betweenp and the nearest point ofCi lying in the5-degree elevation range centered
in p with the focus as reference point.
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The main goal of this analysis is to discover which of the 8 configurations is the most likely to
hold according to an error measure between extracted contours and ray-traced notch tracks.

First, in order to perform ray tracing for each configurations = [s1, s2, s3] the focus needs
to be known. Unfortunately, no documentation on the exact microphone position is provided
with the CIPIC database; hence, in order to avoid blind focus fixing, an optimization procedure
is run pixelwise over a rectangular search areaA of the pinna picture covering the whole ear
canal entrance. Also, a rotation toleranceρ ∈ I = [−5◦, 5◦] at 1-degree steps is considered.
More in detail, for each trackTj the corresponding notch frequenciesf j0 (φ), j = {1, 2, 3}, are
firstly translated into Euclidean distances (in pixels) through a sign-dependent combination of
Eqs. (7.3) and (7.5),

djc(φ) =
c

2(sj + 1)f j0 (φ)
, (7.6)

and subsequently projected onto the point

pjψ,ρ(φ) = (ψx + djc(φ) cos(φ+ ρ), ψy + djc(φ) sin(φ+ ρ)) (7.7)

on the pinna image. The optimal focus and rotation of the configuration,(ψopt
s , ρopt

s ), are then
defined as those sastisfying the following minimization problem:

min
ψ∈A,ρ∈I

3
∑

j=1

min
i
dψ,ρ(Tj, Ci)

2, (7.8)

wheredψ,ρ(Tj, Ci) is the distance between trackTj and contourCi, which is defined as the
average of distancesd(pjψ,ρ(φ), Ci) across all the track points. Obviously, for those subjects that
lack a notch track the mean is computed onto two tracks only.

Having fixed the eight optimal foci and rotations, one per configuration, a simple scoring
function is now used to indicate thefitnessof each configuration. This is defined as

F (s) =
1

3

3
∑

j=1

min
i

dψopt
s ,ρ

opt
s
(Tj, Ci)

2− sj
, (7.9)

that is, the mean of all the (linear) distances between each ray-traced trackTj, j = 1, 2, 3, and
its nearest contourCi, i = 1, . . . , 5. Note that the innermost quantity in Eq. (7.9) is scaled by
a 2 factor if the reflection sign is negative; this factor takes into account the halvened resolution
of the ray-traced negative reflection with respect to a positive reflection. The smaller the fitness
value, the larger the fit, clearly.

7.3 Contour matching procedure: results

The above contour matching procedure was run for all the20 considered CIPIC subjects. Ta-
ble 7.1 summarizes the final scores (fitness values) for all possible configurations, while Table 7.2
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Subject F(0, 0, 0) F(0, 0, 1) F(0, 1, 0) F(0, 1, 1) F(1, 0, 0) F(1, 0, 1) F(1, 1, 0) F(1, 1, 1)

003 4.03 9.19 9.27 13.78 7.83 12.45 13.03 17.54

008 2.95 4.86 5.33 7.30 3.69 7.89 5.58 10.64

009 2.55 5.18 4.79 7.02 2.95 5.08 2.94 5.01

010 1.88 5.18 2.26 6.02 3.57 5.69 4.46 6.70

011 2.62 5.10 5.60 9.53 3.16 5.79 4.97 9.25

012 2.08 4.21 4.76 7.30 2.70 5.32 3.20 6.78

015 4.99 9.92 6.14 10.59 3.02 6.70 3.39 3.19

017 2.81 6.35 4.53 8.12 2.99 5.02 5.63 6.79

019 1.64 6.64 4.85 8.00 1.64 6.64 4.85 8.00

020 1.15 1.15 5.27 5.27 1.85 1.85 5.45 5.45

021 2.90 6.40 4.06 8.44 3.30 8.97 6.25 11.54

027 2.07 6.53 5.04 8.56 2.32 5.27 2.80 4.25

028 1.71 3.54 4.21 5.57 3.79 4.02 5.62 6.10

033 2.51 4.73 6.66 6.61 3.42 7.68 9.08 9.98

040 1.74 5.48 2.59 5.35 2.57 5.86 3.30 5.96

044 1.88 2.84 5.33 4.81 2.86 2.49 4.13 3.74

048 2.02 5.33 5.45 7.86 3.70 5.06 5.27 6.97

050 3.25 6.29 7.68 10.52 4.37 7.59 7.57 11.23

134 1.64 6.11 5.18 8.56 3.38 6.31 4.56 7.37

165 1.09 5.35 3.08 5.93 3.43 3.89 3.00 2.99

Table 7.1: Contour matching procedure: fitness scores.

reports the resulting “best” configurationsopt for each subject along with the corresponding best
matching contours and optimal rotationρopt

s . For subjects with two tracks only the missing track’s
reflection sign is conventionally labeled with “∗”. As an example, Fig. 7.5 shows the optimal ray-
traced tracks for Subjects040 and134.

One can immediately notice that configurations = [0, 0, 0], i.e. negative coefficient sign for
all reflections, obtains the best score in all cases except for Subject015. However, it was seen that
for both this subject and Subject009 the optimal focus of the winning configuration is located
well outside the ear canal area, even when the search areaA is widened. Closer inspection of
the corresponding pinna pictures revealed that they were taken from an angle which is far from
being approximately aligned to the interaural axis, resulting much displaced towards the back of
the head. As an effect, the pinna image is stretched with respect to all other cases. Consequently,
as no consistent matching can be defined on these two pinna pictures, in the following Subject
009 and Subject015 are regarded as outliers.

All the remaining subjects exhibitsopt = [0, 0, 0] as the winning configuration. Quantitative
correspondence between tracks and contours varies from subject to subject, e.g. assigning a much
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Subject s
opt ρopt

s Nearest contours
003 [0, 0, 0] 5◦ 1, 4, 3

008 [0, 0, 0] −3◦ 1, 4, 3

009 [0, 0, 0] −5◦ 2, 4, 4

010 [0, 0, 0] −1◦ 1, 4, 3

011 [0, 0, 0] −5◦ 1, 4, 3

012 [0, 0, 0] −5◦ 2, 4, 3

015 [1, 0, 0] −3◦ 3, 1, 4

017 [0, 0, 0] 5◦ 1, 4, 3

019 [∗, 0, 0] −5◦ −, 4, 3

020 [0, 0, ∗] −5◦ 2, 4,−

021 [0, 0, 0] −5◦ 2, 4, 3

027 [0, 0, 0] −5◦ 2, 4, 3

028 [0, 0, 0] −5◦ 2, 4, 3

033 [0, 0, 0] 0◦ 1, 4, 3

040 [0, 0, 0] −5◦ 1, 4, 3

044 [0, 0, 0] 2◦ 2, 4, 3

048 [0, 0, 0] 5◦ 1, 4, 3

050 [0, 0, 0] −5◦ 2, 4, 3

134 [0, 0, 0] 0◦ 2, 4, 3

165 [0, 0, 0] −5◦ 2, 4, 3

Table 7.2: Contour matching procedure: winning configurations.

lower score to Subject165 with respect to Subject003; still, scores were defined as above with the
aim to give an indication of the probability of a configuration for a series of subjects rather than
an intersubjective fitness measure. Interestingly, in all cases except one, scores fors = [1, 1, 1]

are more than doubled with respect to the complementary configurations = [0, 0, 0], a result
which catalogues the hypothesis of an overall positive reflection sign as unlikely. Also, note that
the second best configuration is generallys = [1, 0, 0]. Moreover, tracksT2 andT3 always best
match withC4 andC3, respectively, whileT1 matches best withC1 in 47% of subjects and with
C2 in 53% of subjects. These results enforce the hypothesis of negative reflection sign forT2 and
T3 while leaving a halo of uncertainty onT1’s actual reflection sign.

Nevertheless, the optimality ofsopt = [0, 0, 0] is further supported by the following observa-
tions. First, ifs1 = 1, T1 would fall near to contourC3 just likeT3 (see e.g. Fig. 7.5 for graphical
evidence), hence the hypothesis of two different signs for reflections onto the same surface seems
unlikely. Second, as mentioned in the previous chapter,T1 terminates on average earlier thanT2
andT3. This indicates that for elevations approachingφ = 45◦ the incoming wave hardly finds
a perpendicular reflection surface, and this is compatible with a reflection on the helix, which
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(b) Subject134.

Figure 7.5: Optimal ray-tracing for two CIPIC subjects. The red point surrounded by the search
areaA is the optimal focus of the winning configurationsopt = [0, 0, 0]. Yellow points indicate
the three projected tracks, and blue points the hand-tracednearest contours to the tracks.

normally ends just below the eye level. Last but not least, ifs1 = 0, T1 falls nearC2 for all those
subjects having a protruding ear; this would mean that reflections are most likely to happen on
the wide helix wall rather than the borderC1, which conversely is the significant reflector for
subjects with a narrow helix.

Another quantitative result that deserves to be commented is the score per track, averaged on
the18 “good” subjects:2.37 for T1, 1.84 for T2, and2.57 for T3. Surprisingly, the best score is
obtained forC4, which was harder to trace in the preprocessing phase. By contrast, one of the
clearest contours,C3, is also the one that exhibits the greatest mismatch with respect to its relative
track. This is mainly due to a number of track points around elevationφ = 0◦ projected nearer
to the ear canal thanC3 on the pinna image, a common trend that is observed in11 subjects over
18 and is clearly detectable in Fig. 7.5, especially for Subject 040. This point is further discussed
next.

Finally, note that in many cases the optimal rotationρopt
s equals−5◦ or 5◦, i.e. the extremes

of the search intervalI. This result suggests that the real optimal rotation could lie outside
the current search interval, and indeed by wideningI this happened for some of the considered
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subjects. However, the difference in fitness values is really small, hence the choice of the correct
extremes forI does not represent a big deal.

7.4 Discussion and conclusions

The above results numerically give credit to Satarzadeh’s negative reflection hypothesis. Three
main notches apparently due to three different reflections on the concha border, antihelix/concha
wall, and helix are seen in most HRTFs. One may think of the pinna seen from the median
plane as a sequence of three protruding borders: concha border, antihelix, and helix border.
These are regarded by Satarzadeh as boundaries between skinand air, that in a mechanical wave
transmission analogy would introduce an impedance discontinuity Z1/Z2 < 1 at the reflection
point [148]. Thus, a part of the wave would follow a straight path while another with diminished
amplitude and inverted phase would be reflected back to the ear canal. Despite the clever intu-
ition, there is no substance to the fact that waves are only reflected at borders and not onto inner
pinna walls.

A recent study by Takemotoet al. on pressure distribution patterns in median-plane PRTFs
[171] reveals through FDTD simulations on four different subjects’ pinnae the existence of vast
negative pressure anti-nodes inside pinna cavities at the first notch frequency. Specifically, when
the source is below the horizontal plane the cymba, triangular fossa, and scaphoid fossa resonate
in the same phase which is reverse to that of the incoming wave, while when the source is placed
in the anterosuperior direction the same phenomenon appears at the back of the concha and
the lower part of the helix. The authors then observe that these negative pressure zones cancel
the wave and, as a consequence, a pressure node appears at theear canal entrance. The observed
negative pressure zones approximately cover both contoursC1 andC2, hence one could speculate
about the following generation mechanism for notches in track T1, all of which are referred to
asN1: a given frequency component of the incoming sound wave encounters a negative pressure
area in the vicinity of the helix wall or border, reflects backwith inverted phase, and meets the
direct wave at the ear canal entrance after a full period delay canceling that frequency component.
Unfortunately, similar pressure distribution patterns for notches inT2 andT3 (respectivelyN2 and
N3) have not been studied in [171]; still we can think of analogous generation mechanisms for
these tracks too.

Shifting the focus to actual pinna contours that are responsible for spectral notches, one fur-
ther clue confirms contourC3 as most likely associated to trackT3. The observed “anticipation”
of contourC3 exhibited byT3 at elevations close toφ = 0◦ (see Fig. 7.5) may be regarded as
a delay that affects the direct wave alone due to diffractionacross the tragus. Evidence of this
phenomenon is also conjectured in [115]. Concerning trackT1, the above findings seem to con-
flict with the common idea thatN1 is due to a reflection on the concha wall [68, 96, 137]. In two
works by Mokhtariet al. [114, 115], micro-perturbations to pinna surface geometryin the form
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of 2-mm voxels are introduced at each possible point on a simulated KEMAR pinna. The authors
observe that perturbations across the whole area of the pinna, helix included, introduce positive
or negative shifts in the center frequency ofN1, especially at elevations betweenφ = −45◦ and
φ = 0◦ in the median plane. Such shifts do not appear if voxels are introduced over the helix
area in higher order notches, whose center frequency sensitively varies for perturbations intro-
duced within the concha, cymba and triangular fossa only. This result clearly indicates that the
reflection path responsible forN1 crosses the whole pinna area, calling into question the above
common belief and giving credit to the results of this work instead.

Admittedly, as [115] points out, the last result also suggests that ray-tracing models are based
on a wrong assumption, i.e. that a single path is responsiblefor a notch. The dependence ofN1

on the whole pinna surface clearly indicates that multiple reflection paths concur in the determi-
nation of the notch distinctive parameters. However, even if multiple paths are responsible for
the exact frequency location of the notch, thanks to the concave shape of the considered contours
one may think of a specific time delay for which the greatest portion of reflections counteract the
direct wave as an approximation to a single, direct ray.

Another objectionable point of the described approach is the adequateness of using a2-D
representation for contour extraction. As a matter of fact,since in most cases the pinna structure
does not lie on a parallel plane with respect to the head’s median plane, especially in subjects
with protruding ears, a3-D model of the pinna would allow to investigate its horizontal section,
in such a way that projections on the side-view images could take into account the displacement
caused by the flare angle of the pinna. Beside the unavalaibility of such kind of reconstruction
for the considered subjects, my original aim was to keep the contour extraction procedure as
low-cost and accessible as possible; furthermore, additional results in the following chapter will
confirm that the2-D approximation is, on a theoretical basis at least, already satisfactory.

To conclude, such an analysis has revealed a convincing correspondence between computed
reflection points and reflective structures over the pinna. This opens the door for a very attractive
approach to the parametrization of a PRTF model based on individual anthropometry. Indeed,
given a 2-D image or a 3-D reconstruction of the user’s pinna,one can easily trace the contours
of the concha wall, antihelix and helix, compute each contour’s distance with respect to the ear
canal for all elevations, and extrapolate the notch frequencies by reversing Eq. 7.5. Obviously,
since notch depth strongly varies within subjects and elevations, the reflection coefficient must
also be estimated for each point. This problem theoretically requires strong physical arguments;
alternatively, psychoacoustical criteria could be used inorder to evaluate the perceptual relevance
of notch depth, and potentially simplify the fitting procedure.



Chapter 8

A Personalized Head-Related Transfer
Function Model

In this last Chapter an extension of Satarzadeh’s structuralpinna filter model [149] is proposed.
Satarzadeh’s work has evidenced how a very simple pinna model can incorporate the gross mag-
nitude characteristics of the PRTF, by straightforward parametrization on two physical measures.
However, besides solely considering the frontal directionof the sound wave, taking into account
a single reflection seems to be a limiting factor: as an example, PRTFs with a poor notch structure
do not exhibit a clear reflection in the impulse response.

Instead, the information collected from the outputs of the separation algorithm allows to look
forward to a structural model which models two resonances and three reflections in the PRTF.
Although including both contributions of the head and pinnainto two separate structures, the
motivation that led to the building of such model is the definition of a pinna model that can be
easily merged with the several solutions proposed in literature regarding the head, torso, and
shoulders’ contributions. Indeed, the proposed model was designed so as to avoid expensive
computational and temporal steps such as HRTF interpolation on different spatial locations, best
fitting non-individual HRTFs, or the addition of further artificial localization cues, allowing fu-
ture implementation and evaluation in a real-time environment. The filter structure of the model
is presented in Section 8.1; two instances (one per ear) of such model, appropriately synchro-
nized through ITD estimation methods, allow for real-time binaural rendering.

In light of the previously discussed approximate invariance of PRTFs in the vicinity of the me-
dian plane a fundamental assumption is introduced, i.e. elevation and azimuth cues are handled
orthogonally throughout the considered frontal workspace, where azimuth ranges from−30◦ to
30◦ and elevation ranges from−45◦ to 45◦. The angular range of validity of the presented model
will thus be at least as broad as the shaded area depicted in Fig. 8.1. This way, it is possible
to define customized elevation and azimuth cues that maintain their average behaviour through-
out a significant slice of the front hemisphere. At this preliminary stage, the model can thus
be exploited to simulate a real3-D representation of a sound source in a number of “frontal”

135
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Figure 8.1: Spatial range of validity of the structural HRTF model.

applications, e.g. a sonified screen.

Vertical control is associated with the acoustic effects ofthe pinna while the horizontal one
is delegated to head diffraction. No modeling for the shoulders and torso is considered, even
though it is known that their presence would generally add low-frequency secondary HRTF cues
for elevation perception [2]. Furthermore, dependence on source distance is negligible in the
pinna model but critical in the head counterpart in the near field [42]; however, distance infor-
mation is by now not integrated in the structural model. Although the inclusion of the model
proposed in Chapter 5 would be straightforward in this context, no objective evaluations can be
performed against real, measured responses such as CIPIC HRTFs, that were taken for a constant
1-meter source distance. Furthermore, distance information in real HRTFs would probably al-
ways be retained in the resonant component extracted by the separation algorithm because of its
“frequency smoothness”, and thus already be included by thepinna model. As a consequence,
the overall structure is assumed to be valid only for sourcesat1 m from the center of the head or
farther.

As Section 8.2 will describe, parameters to be fed to the model are both derived from spectral
features directly extracted from PRTF analysis or averagedin a collection of measured HRTFs,
and anthropometric features of the specific subject (some ofwhich are taken from a photograph
of his/her outer ear), hence allowing customization onto a specific listener. Objective evaluation
of the model against measured HRTFs of a number of CIPIC database subjects will be finally
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Figure 8.2: The structural HRTF model. Customization is performed through parameter extrac-
tion from anthropometric measurements and a pinna photograph.

carried out in Section 8.3.
Results of the work presented in this Chapter have been progressively published in pa-

pers [57], [165], [166], [58], and [59], and have been submitted for publication in [167].

8.1 Filter model

Fig. 8.2 reports a global view of the model. From left to right, the first block is the head model.
Different possible existing models can be exploited here; in order to keep the overall struc-
ture as cheap as possible, the digital counterpart of the head shadow analog filter described in
Eq. (4.4) [20], obtained through the bilinear transform, was chosen:

Hhead(z) =

β+αfs
β+fs

+ β−αfs
β+fs

z−1

1 + β−fs
β+fs

z−1
, (8.1)

wherefs is the sampling frequency,β depends on the head radius parametera asβ = c/a, and
α is defined as in Eq. (4.6). In the calculation of the last parameter,θinc relates to azimuthθ as
θinc = 90◦ − θ for the right ear andθinc = 90◦ + θ for the left ear, assuming the interaural axis to
coincide with thex axis for sake of brevity. A reasonably good approximation ofreal diffraction
curves in the considered range of interest for the azimuth angle−30◦ < θ < 30◦ is euristically
found for parametersαmin = 0.1 andθmin = 180◦.

Coming to the pinna block, the only independent parameter used here is source elevation
φ, which drives the evolution of resonances’ center frequency F i

p(φ), 3dB bandwidthBi
p(φ),
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and gainGi
p(φ), i = 1, 2, and of the corresponding notch parameters (F j

n(φ), B
j
n(φ), G

j
n(φ),

j = 1, 2, 3). The resonant part of the pinna model is represented as a parallel of two different
second-order peak filters. The first peak (i = 1) has the form [192]

H(1)
res(z) =

1 + (1 + k)H0

2
+ l(1− k)z−1 + (−k − (1 + k)H0

2
)z−2

1 + l(1− k)z−1 − kz−2
, (8.2)

where

k =
tan

(

π
B1

p(φ)

fs

)

− 1

tan
(

π
B1

p(φ)

fs

)

+ 1
, (8.3)

l = − cos

(

2π
F 1
p (φ)

fs

)

, (8.4)

V0 = 10
G1
p(φ)

20 , (8.5)

H0 = V0 − 1, (8.6)

andfs is the usual sampling frequency. The second peak (i = 2) is implemented as in [127],

H(2)
res(z) =

V0(1− h)(1− z−2)

1 + 2lhz−1 + (2h− 1)z−2
, (8.7)

where

h =
1

1 + tan
(

π
B2

p(φ)

fs

) , (8.8)

while l andV0 are defined as in Eqs. (8.4) and (8.5) with polynomial indexi = 2. The reason
for this distinction lays on the low-frequency behaviour that needs to be modeled: the former
implementation has unitary gain at low frequencies so as to preserve such characteristic in the
parallel filter structure, while the latter has a negative dBmagnitude in the same frequency range.
In this way, the all-round pinna filter does not alter low-frequency components in the signal
forwarded by the head shadow filter.

The notch filter implementation is of the same form as peak filterH(1)
res with the only differ-

ences in the parameters’ description. In order to keep notation correct, polynomialsP1
p must be

substituted by the corresponding notch counterpartsPj
n, j = 1, 2, 3, and parameterk defined in

Eq. (8.3) replaced by its “cut” version

k =
tan

(

πB
j
n(φ)
fs

)

− V0

tan
(

πB
j
n(φ)
fs

)

+ V0
. (8.9)

Note that the notch filter implementation is identical to theone used in the separation algorithm,
reported in Eq. (6.1). The three notch filters are placed in series and cascaded to the parallel of
the two peak filters, resulting in an eighth-order global pinna filter.
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(a) Contour tracing. (b) Polar coordinates.
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(c) Notch track extraction and approximation.

Figure 8.3: Notch frequency extraction from a picture of the pinna.

8.2 Parametric model fitting

Clearly, in order to reach complete control of the model, a mapping of anthropometric parame-
ters, where available, and/or average or extracted PRTF features onto filter parameters is needed.
As for the head filter, the radius parametera, whose value influences the cutoff frequency of head
shadowing, is defined by the weighted sum of the subject’s head dimensions in Eq. (4.10) using
the optimal weights obtained reported in Eq. (4.11) [3].

For what concerns the pinna block, the original peak and notch parameters of each subject
can be derived as follows. First, they are estimated from theseparated resonant or reflective (i.e.
notch tracks) component of median-plane PRTFs for all the availableφ values. An identifica-
tion system based on a sixth-order ARMA model [46] that extracts for everyφ the two highest
maxima of the resonant component allows straightforward computation of the gain, center fre-
quency, and3dB bandwidth of each resonance peak, while required notch features are taken from
the already available notch tracks computed as in Section 6.3.2.1 Second, a fifth order polyno-
mial P i

p or Pj
n, whereP ∈ {F,B,G}, is best fitted to the corresponding sequence of parameter

values, yielding a complete functional parametrization ofthe filters. These functions are used
in the structural model of Fig. 8.2 in order to continuously control the evolution of the resonant
and reflective components when the sound source is moving along elevation. Obviously, all the
polynomials must be computed offline previous to the rendering process.

However, following the important findings of the previous chapter, functionsF j
n(φ) can alter-

natively be extracted from the subject’s anthropometry. Fig. 8.3 sums up the procedure needed to
extract notch frequencies from a representation of the pinna contours. Specifically, first a picture
of the subject’s pinna is resized to match the real dimensions according to his/her anthropomet-

1In order to avoid bad outcomes in the design of notch filters, gaps in notch tracks are assigned a gain equal to0

dB while bandwidth and center frequency are given the value of the previous notch feature in the track.
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(a) TrackT1, gain.
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(b) TrackT1, bandwidth.
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(c) TrackT2, gain.
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(d) TrackT2, bandwidth.

−45−39−33−28−22−17−11−6 0 6 11 17 22 28 33 39 45
−50

−40

−30

−20

−10

0

G
a

in
 (

d
B

)

 

 

mean

Elevation (deg)

(e) TrackT3, gain.

−45−39−33−28−22−17−11−6 0 6 11 17 22 28 33 39 45
0

300

600

900

1200

1500

B
a

n
d

w
id

th
 (

H
z)

 

 

mean

Elevation (deg)

(f) TrackT3, bandwidth.

Figure 8.4: Box plot and mean of notch tracks gain and bandwidth values among CIPIC subjects.
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Figure 8.5: Mean magnitude spectrum of the pinna resonant component, averaged on all45
CIPIC subjects’ left-ear responses.

ric data. Then, contoursC2 or C1 (depending if the subject’s ear is respectively protrudingor
not),C4, andC3 are traced and stored as a sequence of pixels. These are translated into couples
of polar coordinates(d, φ), with respect to a fixed point within the ear canal, through simple
trigonometric computations. Finally, distancesd are translated into sequences of frequencies
through Eq. (7.5), thus assuming overall negative reflection coefficients. Again, a fifth order
polynomial is best fitted to these sequences, resulting in functionsF j

n(φ), j = 1, 2, 3.

For what concerns the other two parameters defining a notch, i.e. gain and3dB bandwidth,
there is still no evidence of correspondence with anthropometric quantities. A first-order statis-
tical analysis on the depth and bandwidth of notches, subdivided by notch track and elevation,
was performed among all45 left pinnae of CIPIC subjects. Such an analysis revealed a high
variance of these values within each track and elevation, and mean values which lie approxi-
mately constant apart from a slight decrease in notch depth and a slight increase in bandwidth as
the elevation increases up toφ = 45◦. These trends can be clearly seen in the various plots of
Fig. 8.4, where box plots are absent at a specific elevation ifthe number of subjects presenting a
notch in that track is less than20. In absence of clear elevation-dependent patterns, the mean of
both gains and bandwidths for all tracks and elevationsφ among all subjects can be computed,
and again a fifth-order polynomial dependent on elevation fitted to each of these sequences of
points, yielding functionsGj

n(φ) andBj
n(φ), j = 1, 2, 3 which can be feeded to the structural

model as an alternative to the corresponding functions derived from subject-specific analysis.

Finally, given that resonances have a similar behaviour in all of the analyzed PRTFs, cus-
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tomization of this component for the model may be overlooked. The mean magnitude spectrum
of the resonant component for the45 left pinnae of CIPIC subjects (shown in Fig. 8.5) may be
instead calculated and substituted to the specific listener’s resonant component for resynthesis
via the usual polynomial fitting procedure onto the three distinctive parameters of its two peaks.

In the remainder of this chapter let me refer to HRTFs given bythe fully resynthesized model
(without contour extraction nor averaged peak and notch features) asHr; to HRTFs resulting
from the contour-parameterized model asHc; and to HRTFs built through the fully synthesized
model (contour extraction plus averaged peak and notch features) asHs. In the following section
I’m going to discuss the effectiveness of all the introducedapproximations through objective
comparison of the synthesized responses to the original HRTFs for a bunch of subjects.

8.3 Results and discussion

Fig. 8.6 reports the comparison between original and re-synthesized PRTF magnitudes through
the pinna block of the structural model for three distinct subjects at four different elevation an-
gles. Adherence rate to the original PRTFs is overall satisfactory in the frequency range up to14
kHz. Still, several types of imperfections stand out: as a first example, deep frequency notches
occasionally complicate the notch filter design procedure.In point of fact, if the notch to be
approximated is particularly deep and sharp, the second-order filter will produce a shallower and
broader notch whose bandwidth may interfere with adjacent notches, resulting in underestima-
tion of the PRTF magnitude response in the frequency interval between them: Fig. 8.6(c) exhibits
this behaviour around10 kHz. Using a filter design procedure which forces to respect the notch
bandwidth specification during re-synthesis would grant a better rendering of resonances, at the
expense of worsening notch depth accuracy.

The absence of modeled notches over the upper frequency threshold is another cause of im-
precision. For instance, Fig. 8.6(a) presents an evident mismatch between original and modeled
PRTF just after the11-kHz notch, due to the cut of the following frequency notch at16 kHz.
This problem may be corrected by increasing the upper frequency threshold of the notch track-
ing algorithm in order to take into account a higher number ofnotches. However, being the
psychoacoustic relevance of this frequency range not effectively known, the overall weight of
such mismatch could bear little significance.

Last but not least, resonance modeling may bring approximation errors too. In particular,
the possible presence of non-modeled interfering resonances represents a limitation to the re-
synthesis procedure. Furthermore, center frequencies extracted by the ARMA identification
method mentioned in the previous section do not always coincide with peaks in the PRTF. Thus,
a stronger criterion for extracting the main parameters of each resonance could be needed. Nev-
ertheless, the approximation error seems to be negligible in all those cases where resonances,
just as well as notches, are distinctly identifiable in the PRTF.
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Figure 8.6: Original versus synthetic PRTF magnitude plots.

However, in order to objectively evaluate the whole structural model against the original
measured HRTFs in the CIPIC database an error measure needs tobe introduced. A measure
definitely suitable to the purpose is the already defined spectral distortion, see Eq. (5.15). In this
case, the considered frequency range is limited between500 Hz and16 kHz.

Fig. 8.7 reportsSD values, averaged across the18 non-outlier CIPIC subjects examined in
the previous chapter, of five different median-plane reconstructed responses:

1. the all-round response of the contour-parameterized model,Hc
tot;

2. the reflective component of the contour-parameterized model given by notch filters,Hc
refl;

3. the resonant component of the model (either contour-parameterized or resynthesized) given
by peak filters,Hres;



144 Techniques for Customized Binaural Audio Rendering with Applications to Virtual Rehabilitation

−45 −30 −15 0 15 30 45

2

4

6

8

Elevation (deg)

M
e

a
n

 S
p

e
ct

ra
l D

is
to

rt
io

n
 (

d
B

)

 

 

H
tot
c

H
refl
c

H
res

H
tot
r

H
refl
r
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HRTFs, averaged among18 CIPIC subjects. Square markers represent total responses, cir-
cular markers represent reflective components, and triangular markers represent resonant com-
ponents. Black-filled markers refer to fully resynthesizedresponses, while white-filled markers
refer to contour-parameterized responses.

4. the all-round response of the fully resynthesized model,Hr
tot;

5. the reflective component of the fully resynthesized modelgiven by notch filters,Hr
refl.

Resonant and reflective components are obviously compared totheir counterparts extracted by
the separation algorithm.

As expected,Hc
tot is the response with the highest averageSD among the five considered

responses. As a matter of fact, errors in the resynthesized resonant (Hres) and contour-parameter-
ized reflective (Hc

refl) components combine together yielding theSD for Hc
tot, which ranges from

4 to 6 dB and is worse at low elevations. This fact can be explained by the occurrence of very
deep notches at low elevations, that causes large errors in theSD when a notch extracted from a
contour is not perfectly reconstructed at its proper frequency.

In proof of this note that, as notches become fainter and fainter with increasing elevation, the
SD of Hc

tot tends to decrease apart from a new rise at the last elevation angles, which is con-
versely due to greater errors in the resonant componentHres. Inspection of resonant components
at higher elevations reveals indeed that the second modeledhigh-frequency peak (horizontal
mode) disappears, gradually letting non-modeled lower-frequency vertical modes in. As a fur-
ther confirmation of the criticality of the exact notch frequency location inSD computation, note
that when frequencies are extracted from real HRTFs theSD of the reflective componentHr

refl
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Subject m(T1, C1) m(T1, C2) m(T2, C4) m(T3, C3)

003 11.42% − 12.02% 18.25%

008 8.98% − 8.69% 14.07%

010 4.80% − 2.90% 18.74%

011 8.75% − 7.77% 12.20%

012 − 5.57% 8.98% 8.69%

017 7.80% − 3.44% 17.97%

019 − − 4.48% 5.92%

020 − 5.50% 4.27% −

021 − 9.18% 10.16% 11.73%

027 − 8.14% 2.09% 7.63%

028 − 7.39% 8.05% 14.79%

033 4.52% − 3.55% 16.44%

040 2.98% − 5.50% 12.92%

044 − 9.63% 6.49% 8.10%

048 4.01% − 3.18% 16.19%

050 − 8.62% 7.28% 18.95%

134 − 2.59% 5.10% 10.13%

165 − 3.91% 4.11% 6.44%

Table 8.1: Notch frequency mismatch between tracks and contours.

distinctly decreases to3 dB or less, resulting in a sensibly lowerSD (about4 dB) in the total
responseHr

tot.
Another error measure is now introduced to show that, even ifcontour-extracted notch fre-

quencies are not exactly correspondent to their measured counterparts, the effective frequency
shift is almost everywhere not likely to result in a perceptual difference. Specifically, we define
themismatchbetween a computed notch trackTj and its associated contourCi as the percentual
ratio between the forementioned frequency shift and the measured notch frequency, averaged on
all elevations where the notch is present:

m(Tj, Ci) =
1

n(Tj)

∑

φ

|f j0 (φ)− F j
n(φ)|

f j0 (φ)
· 100%, (8.10)

wheren(Tj) is the number of available notch frequencies in trackTj andF j
n(φ) is extracted from

the associated contourCi as described in the previous section.
Table 8.1 shows frequency mismatches computed for the same18 CIPIC subjects. These re-

sults can be directly compared to the findings by Mooreet al. included in Experiment V in [118]:
two steady notches in the high-frequency range (around8 kHz) differing just in central frequency
are not distinguishable on average if the mismatch is less than approximately9%, regardless of
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Figure 8.8: Original and synthetic HRTF magnitude plots for Subject048.

notch bandwidth. Although these results were found for justone high-frequency location, mis-
matches ofT1 andT2 may be informally compared with the9%-threshold, concluding that only
4 tracks over35 exhibit a mismatch greater than the threshold and suggesting that the frequency
shift caused by contour extraction is not perceptually relevant on average.

Conversely, trackT3 shows much greater mismatches, mostly due to the “contour anticipa-
tion” effect discussed in Section 7.4. Beside possible improvements that may take into account
such an effect while extracting contourC3 and lower the mismatch, no results are available in
the literature about notch perception in the region between10 and15 kHz. However, as already
mentioned in Section 4.1, the third notch is of lesser importance than the first two in elevation
perception [75], hence psychoacoustical criticality of its center frequency is somehow question-
able.

To sum up, assuming that the forementioned mismatches are inmost cases not perceptually
relevant, we can consider the meanSD of 4 dB inHr

tot as a satisfactory result, being comparable
toSD values found in similar works that deal with HRTF resynthesis by means of HRIR decom-
position [48] or anthropometric parametrization through multiple regression analysis on HRTF
decomposition [123]. What’s more, the structural model is composed by first- and second-order
filters only: given that many responses exhibit sharp notches whose slope cannot be reached by
a second-order filter, increasing the order of notch filters in particular would further improve
theSD score. However, low-order filters allow cheap and fast real-time simulation, which is a
valuable merit of the model.

Finally, let’s have a more informal look at the completely synthetic reconstruction given by
theHs version of the model. As an example, the magnitude plot for Subject048, compared to
her original HRTF, is provided in Fig. 8.8. The use of mean, non-customized values for peak
parameters and notches’ gain and bandwidth specifications negatively influences the SD score



Chapter 8. A Personalized Head-Related Transfer Function Model 147

as expected. However, beside the (desired) different elevation resolution in the original and
synthetic HRTF plots, similar features can be observed:

1. the first resonance, being omnidirectional and having an almost common behaviour in all
subjects, is well approximated;

2. as already pointed out for theHc version of the model the extracted notch tracks closely
follow the measured patterns, although being smoother in frequency, gain, and bandwidth
than the original ones;

3. gains, even in the intermediate frequency areas between notches and resonances, are over-
all preserved.

Coming to subtler differences, comparing Subject048’s pinna picture (see Fig. 8.3) with the
original HRTF plots we can note a relationship between the shorter antihelix and concha wall
reflection surfaces and two distinct notch tracks, the first located around8 kHz at negative el-
evations and the second around10 kHz at positive elevations. Since the initial choice was to
model three contours only, these two notches are collapsed into one continuous track. A further
notch appears around 15 kHz, yet it is likely associated witha mild pinna contour. Furthermore,
the second resonance is clearly overestimated and its shapedoesn’t find a strong visual corre-
spondence. Such mismatch highlights a complex spectrum evolution due the presence of two
or more resonances interacting in the upper frequency rangefor elevations in proximity of the
horizontal plane [158]. However, following the choice of limiting the number of resonances to
two, and assuming the first resonance to be omnipresent, the second synthetic resonance has to
cover multiple contributions.

Further analysis is required toward a detailed model that takes into account the individual
differences among subjects and their psychoacoustical relevance besides the observed objective
dissimilarities. Synthetic notches bear a smoother magnitude and bandwidth evolution compared
to the original ones; in particular, magnitude irregolarities in the original notches could arise from
superposition of multiple reflections and, in addition, from a strong sensitivity of the subject’s
spatial position during the HRTF recording session. Psychoacoustical evaluations into virtual
environments are definitely needed to reveal the appreciation degree of such an approach together
with the real perceived weight of such homogeneous notch andpeak shapes.





Chapter 9

Conclusions and Future Work

This thesis has developed and discussed techniques for an effective, customized rendering of spa-
tial audio, that is nowadays one of the most challenging and interesting research areas for virtual
and augmented reality. The final application area of the studied techniques is that of technology-
assisted motor rehabilitation, a field in which the consistent use of auditory feedback is largely
underestimated yet where the use of even simple forms of auditory feedback can enhance perfor-
mance and learning of a rehabilitative task, as the upper limb rehabilitation experiments and the
pilot study on the gait training experiment reported in thisthesis have pointed out.

As a matter of fact, these experiments corroborated the initial hypothesis that continuous
sound feedback can be successfully employed during motor training to provide the subject with
additional and/or substitutive information on task and/orerror. In particular, it was found that
rendering task-related information through sound helps subjects to increase performance; that a
visuomotor transformation can be learned through a consistent auditory feedback; and that sound
spatialization can further enhance performance. Thus, in this context, the aware use of spatial
sound is expected to bring even more advantages, such as positive effects on patient engagement
and effort during movement training, and help in performingand hopefully relearning complex
functional movements. Future works in this direction will investigate how and to what extent
spatialized auditory feedback can improve learning and motor recovery, possibly in post-stroke
subjects.

Coming to spatial sound rendering, two novel personalizablemodels, one for distance ren-
dering and one for pinna-related transfer functions simulation, were introduced and objectively
evaluated. The main purpose of the distance model was to minimize magnitude differences with
respect to the distance-dependent part of an analytical spherical head model through a low-order
filter structure. This was done through direct fitting of three parameters easily extracted from
the analytical responses to a number of exponential functions and through the use of a first-order
shelving filter. The approximation was found to be appropriate; however, more work is needed
in terms of further improving the model’s accuracy and correctly tuning its phase response in
order to grant a correct ITD estimation when using two of suchmodels in a real-time listening
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scenario.
The structural PRTF model was obtained through a definitely more complex analysis. An

algorithm that separates the resonant and reflective parts of the PRTF spectrum was implemented,
and the resulting decomposition drove the design of a low-order model consisting of two peak
filters and three notch filters. Moreover, an analysis of realHRTF data was performed in order to
study the relationship between PRTF features and anthropometry in the frontal median plane, the
findings supporting the hypothesis that reflections occurring on pinna surfaces can be reduced
for the sake of design to three main contributions, each carrying a negative reflection coefficient.
Based on this observation, the PRTF model was parameterized onto anthropometric features of
the listener extracted from a picture of his/her pinna. Spectral distortion and notch frequency
mismatch measures indicated that the approximation is objectively satisfactory.

Further investigations on the correspondence between anthropometry of the human pinna and
PRTF features will be soon carried out using the new PRTF database as analysis material. As
a matter of fact, the PRTF database can claim the following advantages compared to the CIPIC
HRTF database, thus representing a better alternative as the starting point for future work on this
topic:

• the absence of the head and torso’s contributions in the HRIRs,which cannot be fully
eliminated a posteriori in CIPIC HRIRs;

• a denser and more extended sampling on the median plane (61 elevation angles against
50);

• the availability of highly detailed photographs of the subjects’ pinnae, that allows an easier
contour extraction;

• the public unavailability of all the CIPIC subjects’ pinna pictures.

Clearly, in order to replicate the contour matching procedure on the new data, first the separation
algorithm will have to be adapted to the present database in order to analyze the resonant and
reflective components separately. In other words, the algorithm needs to be rendered format-
independent. The results will be expected to provide betterunderstanding of the behaviour of
the pinna for source positions behind, above, and almost below the listener, possibly allowing
extension of the pinna model to a wider spatial range, including the upper and back side of the
sagittal plane.

More open issues include:

• improvements in the separation algorithm, in particular through the use of a more effective
multi-notch filter design;

• automatic extraction through image processing techniquesof pinna contours from2-D
pictures, that need to be stored in a format which allows computation of distances between
different contours and observation points;
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• understanding the influence of notch depth and bandwidth in elevation perception along
with the relation between the resonant component of the PRTFand the shape of pinna
cavities, both required to have a complete anthropometric parametrization of the pinna
model;

• study of the PRTF behaviour outside the median plane: the model should need to be read-
justed for more lateral sound sources accordingly with the examined reflection/resonance
pattern variation, the psychoacoustical relevance of azimuth effects on the pinna also need-
ing to be verified through listening tests;

• integration of the pinna model with the near-field distance model and a suitable far-field
head model;

• possibly, the study of a model to be built from scratch for representing the shoulders and
torso contributions. The model would add further reflectionpatterns and shadowing effects
to the structural HRTF model, in particular for sources below the listener.

These future studies will ultimately allow a complete representation of the auditory scene
surrounding the listener, offering him or her a full, surrounding binaural experience. However,
subjective evaluations of the model in each of its development phases are required in order to
attest its effectiveness in binaural hearing. This point requires new HRTF measurements as
reference and model reconstruction onto a number of physical subjects, as well as a novel ex-
perimental setup for both static and dynamic listening tests. Admittedly, the setup is already
available and is now briefly depicted.

9.1 A real-time system for 3-D audio evaluation

The experimental setup is schematically represented in Fig. 9.1. The user is wearing a pair
of wireless headphones with three LED markers positioned onthem, one on the left earphone
(green marker), one on the right (red), and one on top of the headphones (blue). A specific area is
delimited by8 high-resolution cameras coordinated by the PhaseSpace Impulse motion tracking
system, featuring a data capture rate of480 Hz (frames/s). The square walking area is3.0 m ×

3.5 m, while the eight cameras are placed on3 horizontal bars (parallel to the square perimeter)
placed2.5 m high. Such redundant camera placement easily allows tracking of the three markers
even in certain occlusion cases.

Two informations are required to properly compute the two audio channels: the listener’s
head position in the tracked region and the relative direction of the head with respect to one or
more simulated sound sources. In this case we can focus on a single source scenario because
it’s the simplest experiment not involving any acoustic effects due the mutual interaction of
possible multiple sound sources. The sound source movements could be defined in different
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Figure 9.1: A real-time experimental setup for evaluating the structural HRTF model.

ways, depending on the evaluation techniques involved. In sake of simplicity, the sound source
can be assumed to move in front of the listener following precomputed trajectories.

The PhaseSpace Impulse routes each marker position via the OSC protocol towards another
workstation responsible for computationally carrying outthe sound rendering task. Currently,
sound spatialization is provided by the already citedearplug ∼ Pure Data external that, to be
more precise than in Chapter 3, convolves the incoming audio signals with the HRTF corre-
sponding to the angular direction of one or more virtual sources, interpolated in real time from a
set of measured KEMAR HRTFs. Additionally, source distanceis rendered in the whole spatial
range by varying the signal’s loudness proportionally to the inverse of the square distance, with
air absorption and reverberation ready to be added as auxiliary distance cues. The exact current
spatial location is computed through a C-developed externalmodule that performs some simple
three-dimensional geometric calculations in order to convert the markers’ absolute positions in
the interaural polar coordinates of the sound source with respect to the listener’s head; this way,
the3-D head position is continuously kept updated.

Azimuth, elevation and distance of the sound source thus become the input parameters on
each of the two audio channels, left and right, processed in an omnicomprehensive Pure Data
patch and correctly synchronized by means of a delay block taking into account for the ITD cue as
in Eq. (4.9). Implementation in Pure Data of the structural model presented in this thesis, or parts
of it, will allow to replace the non-customizedearplug ∼ external and the simplistic distance
mapping in the near field with a customized filter model tuned to the listener’s anthropometric
parameters to be subjectively evaluated. Heavier computations can be of course delegated to
external modules developed in C/C++ language.

Thinking of possible experimental protocols, each subject’s anthropometric quantities will
first be gathered and feeded to the customized HRTF model. Then, three different experimental
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conditions for the model validation will be considered.

1. In thestatic condition, single sounds will be presented to the user through his/her cus-
tomized HRTF model at a specific point around him/her. The user will remain still, listen
to the sound and report the perceived source position.

2. In thesemi-static condition the user still won’t be moving, yet the sound willsimulate
a source which moves in the space around him/her following a precomputed trajectory.
The trajectory will continuously define azimuth, elevation, and distance parameters to be
feeded to the HRTF model, and the user will follow the perceived trajectory by virtually
drawing lines in the 3D space, possibly with the help of a head-mounted display.

3. In thedynamiccondition, the subject will be free to move his/her head and body and judge
the position of a virtual sound source which remains fixed at aspecific point while he/she is
moving. After a free exploration of the space around him/her, the user will have to indicate
the exact position of the simulated sound source.

Obviously, choice of the most suitable condition for evaluation and future exploitation of the
model will depend on the development phase of the model itself and on the final possible virtual
rehabilitation application.

9.2 Publications

The work presented in this thesis has produced the followingpublications.

9.2.1 International Journals (submitted for publication)

♦ S. Spagnol, M. Geronazzo, and F. Avanzini.On the relation between pinna reflection
patterns and head-related transfer function features.IEEE Transactions on Audio, Speech,
and Language Processing (IEEE TASLP).

♦ D. Zanotto, G. Rosati, S. Spagnol, P. Stegall, and S. K. Agrawal.Effects of auditory feed-
back in robot-assisted lower extremity motor adaptation.IEEE Transactions on Neural
Systems and Rehabilitation Engineering (IEEE TNSRE).

♦ G. Rosati, F. Oscari, S. Spagnol, F. Avanzini, and S. Masiero.Effect of task-related con-
tinuous auditory feedback during learning of tracking motion exercises.Journal of Neuro-
Engineering and Rehabilitation (JNER).
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9.2.2 International Conferences

• 2011:

♦ M. Geronazzo, S. Spagnol, and F. Avanzini.A head-related transfer function model
for real-time customized 3-D sound rendering.In Proc. INTERPRET Workshop,
SITIS 2011 Conference, pages 174-179, Dijon, November-December 2011.

♦ S. Spagnol, M. Hiipakka, and V. Pulkki. A single-azimuth pinna-related transfer
function database.In Proc. 14th Int. Conf. on Digital Audio Effects (DAFx-11),
Paris, September 2011.

♦ G. Rosati, F. Oscari, D. J. Reinkensmeyer, R. Secoli, F. Avanzini, S. Spagnol, and
S. Masiero.Improving robotics for neurorehabilitation: enhancing engagement, per-
formance, and learning with auditory feedback.In Proc. IEEE 12th Int. Conf. on
Rehabilitation Robotics (ICORR2011), pages 341-346, Zurich, June-July 2011.Best
Poster Award finalist.

• 2010:

♦ S. Spagnol, M. Geronazzo, and F. Avanzini.Fitting pinna-related transfer functions
to anthropometry for binaural sound rendering.In Proc. IEEE International Work-
shop on Multimedia Signal Processing (MMSP’10), pages 194-199, Saint-Malo, Oc-
tober 2010.Top 10% Paper Award winner.

♦ M. Geronazzo, S. Spagnol, and F. Avanzini. Estimation and modeling of pinna-
related transfer functions.In Proc. 13th Int. Conf. on Digital Audio Effects (DAFx-
10), Graz, September 2010.

♦ S. Spagnol, M. Geronazzo, and F. Avanzini.Structural modeling of pinna-related
transfer functions.In Proc. 7th Int. Conf. on Sound and Music Computing (SMC
2010), pages 422-428, Barcelona, July 2010.

• 2009:

♦ F. Avanzini, A. De G̈otzen, S. Spagnol, and A. Rod̀a. Integrating auditory feedback
in motor rehabilitation systems.In Proc. Int. Conf. on Multimodal Interfaces for
Skills Transfer (SKILLS09), Bilbao, December 2009.

♦ F. Avanzini, L. Mion, and S. Spagnol. Personalized 3D sound rendering for content
creation, delivery, and presentation.NEM Summit 2009, pages 12-16, Saint-Malo,
September 2009.

♦ S. Spagnoland F. Avanzini. Real-time binaural audio rendering in the near field.
In Proc. 6th Int. Conf. on Sound and Music Computing (SMC09), pages 201-206,
Porto, July 2009.
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9.2.3 National Conferences

• 2011:

♦ M. Geronazzo, S. Spagnol, and F. Avanzini.Customized 3D sound for innovative in-
teraction design.In Proc. SMC-HCI Workshop, CHItaly 2011 Conference, Alghero,
September 2011.

• 2010:

♦ S. Spagnol, M. Geronazzo, and F. Avanzini.Structural modeling of pinna-related
transfer functions for 3-D sound rendering.In Proc. XVIII Colloquio di Informatica
Musicale (XVIII CIM), Torino, October 2010.

9.2.4 Book Chapters

• 2012 (expected):

♦ F. Avanzini, S. Spagnol, A. De Götzen, and A. Rod̀a. Designing interactive sound for
neurorehabilitation systems. Chapter inSonic Interaction Designbook, edited by K.
Franinovic and S. Serafin, MIT Press.Accepted for publication.
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