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Modèles Hybrides pour la Réverbération Sonore
Hequn BAI

RESUME : Grâce au diverse applications prévues dans le divertissement, l’éducation et les domaines
professionnels, la création d’un monde virtuel interactif a intéressé beaucoup de chercheurs dans l’académie
et l’industrie. L’espace acoustique trois-dimensionnelle peut être synthétisé à partir de deux perspectives :
les approches physiques et les approches perceptives. Méthode de transfert de rayonnement acoustique est
une méthode efficace pour modéliser les réflexions diffuses et la réverbération tardive. Une extension de la
méthode de transfert de rayonnement est proposée dans cette thèse, qui permet de modéliser les réflexions
précoces et spéculaires, en conservant son avantage pour la simulation de réverbération tardive.

Les approches perceptives utilisent des paramètres acoustiques pour modéliser la perception acoustique
principale de l’environnement modélisé. Des réseaux récursifs de lignes à retard sont beaucoup utilisés pour
générer de la réverbération tardive. Dans cette thèse, une nouvelle méthode est présentée, qui hérite l’effi-
cacité de la structure des réseaux récursifs de lignes à retard, mais en le même temps, relie les paramètres
des réseaux directement à la géométrie de l’environnement modélisé. Puis, l’approche physique et l’approche
perceptive ont été combinées. La méthode de transfert de rayonnement acoustique simplifiée, avec extension
à modéliser les réflexions spéculaires et diffuses, est incorporée à la structure des réseaux récursifs de lignes
à retard. Le nouveau filtre réverbérant, en dépit de la modélisation des réfections diffuses et la réverbération
tardive, est également capable de simuler les réflexions précoces et spéculaires avec précision.

MOTS-CLEFS : acoustique des salle, reverberation, audio 3D, realité virtuelle

ABSTRACT : There is an increasing interest in creating interactive virtual worlds due to the
wide variety of potential applications in entertainment and education. The 3D acoustic scene
can be synthesized from two perspectives : the physical approaches and the perceptual ap-
proaches. Acoustic radiance transfer method is an efficient ray-based method to model the
diffuse reflections and the late reverberation. An extension of the Radiance Transfer Method
(RTM) is proposed in this thesis, which allows modeling the early part of specular reflections
while keeping the advantage of the original model for the late reverberation simulation.

Feedback delay networks are widely used structures to generate the late reverberation. A
new method is presented in this thesis, which inherits the efficiency of the Feedback Delay Net-
work (FDN) structure, but aims at linking the parameters of the FDN directly to the geometries
of the modeled environment. The relation is achieved by assigning a physical meaning to each
delay line and studying the sound energy exchange between them. Then the physical approach
and the perceptual approach are combined. The simplified acoustic Radiance Transfer Method,
with extension for both specular and diffuse reflections, is incorporated with the Feedback Delay
Networks. The new reverberator, despite of modeling the diffuse and late reverberation, is also
capable of simulating the early and specular reflections with accuracy.

KEY-WORDS : room acoustics, reverberation, 3D audio, virtual reality.
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Résumé

Grâce au diverse applications prévues dans le divertissement, l’éducation et les domaines pro-

fessionnels, la création d’un monde virtuel interactif a intéressé beaucoup de chercheurs dans

l’académie et l’industrie. Dans ces scenarios d’applications, il est particulièrement important

d’avoir des outils puissants et e�caces pour la synthèse de l’audio trois-dimensionnel pour créer

des espaces acoustiques dynamiquement à partir de la géométrie virtuelle de l’espace. Un tel

système qui synthèse la propagation du son dépend de la géométrie de l’espace simulée, de la

présence d’obstacles dans l’espace et de la position des sources sonores et des récepteurs. Pen-

dent des dernières vingt années, de nombreuses études ont été menées dans le domaine de la

simulation de la propagation du son dans les environnements complexes.

L’espace acoustique trois-dimensionnelle peut être synthétisé à partir de deux perspectives :

les approches physiques et les approches perceptives. Les approches physiques considèrent le

problème de la modélisation de la propagation du son précis dans l’environnement pour toutes

les fréquences audibles par l’oreille d’humaine. Méthode de transfert de rayonnement acoustique

est une méthode e�cace pour modéliser les ré�exions di�uses et la réverbération tardive. Une

extension de la méthode de transfert de rayonnement est proposée dans cette thèse, qui permet de

modéliser les ré�exions précoces et spéculaires, en conservant son avantage pour la simulation

de réverbération tardive. Les ré�exions entre lesmurs sont pré-calculées et découplés de la course

de calcul. Lorsque le caractéristiques et les locations de la source et le récepteur changent, que

l’état initial et �nal doivent être ré-calculés et mis à jour. Cela réduit le calcul pour les scènes

dynamiques.

Les approches perceptives, par contre, utilisent des paramètres acoustiques, comme le temps de

réverbération, pour modéliser la perception acoustique principale de l’environnement modélisé.

A cause de l’e�cacité de calcul, des réseaux récursifs de lignes à retard sont beaucoup utilisés

pour générer de la réverbération tardive. Dans cette thèse, une nouvelle méthode est présentée,

qui hérite l’e�cacité de la structure des réseaux récursifs de lignes à retard, mais en le même

temps, relie les paramètres des réseaux directement à la géométrie de l’environnement modélisé.

La relation est obtenue par étudier la signi�cation physique de chaque ligne à retard et attribuer

de l’échange de l’énergie acoustique entre les murs à chaque ligne.

Puis, dans la dernière partie de cette thèse, l’approche physique et l’approche perceptive ont

été combinées. La méthode de transfert de rayonnement acoustique simpli�ée, avec extension à
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modéliser les ré�exions spéculaires et di�uses, est incorporée à la structure des réseaux récur-

sifs de lignes à retard. Le nouveau �ltre réverbérant, en dépit de la modélisation des réfections

di�uses et la réverbération tardive, est également capable de simuler les ré�exions précoces et

spéculaires avec précision. La matrice récursive dé�nit les ré�exions spéculaires entre com-

posants de la géométrie. Car les ré�exions entre les composants de la géométrie ont été décou-

plées de la course de calcul, seulement l’état initial et �nal doivent à être mis à jour lorsque la

source / récepteur se déplace. Ainsi, ce �ltre réverbérant est approprié pour des applications dans

les scènes dynamiques.

Mots-clé:

L’E�et acoustique de salle réverbération, le temps de réverbération, transfert de rayonnement

acoustique, réseau récursif de lignes à retard, réalité virtuelle, audio trois-dimensionnel, �ltre

réverbérant.



ABSTRACT v

Abstract

There is an increasing interest in creating interactive virtual worlds due to the wide variety of

potential applications in entertainment and education. In these applications, creating dynamic

3D acoustic scenes from a given 3D graphical set up is of particular importance.

The 3D acoustic scene can be synthesized from two perspectives: the physical approaches and

the perceptual approaches. The physical approaches model the accurate sound propagation in

the acoustic environment using the wave-based methods or the ray-based methods. Acoustic

radiance transfer method is an e�cient ray-based method to model the di�use re�ections and

the late reverberation. An extension of the Radiance Transfer Method (RTM) is proposed in this

thesis, which allows tomodel the early part of specular re�ectionswhile keeping the advantage of

the original model for the late reverberation simulation. The high-order wall-to-wall re�ections

are pre-computed and stored in order to speed up the run-time computation. Two �nal gathering

schemes are studied and compared with respect to the accuracy of the modeled early re�ections.

The perceptual approaches, on the other hand, use global acoustic parameters to model the

main perceptual aspects of the modeled environment. Feedback delay networks are widely used

structures to generate the late reverberation. However, this method relies on a careful tuning of

the di�erent synthesis parameters, either estimated from a pre-recorded impulse response, or set

manually from experience. A newmethod is presented in this thesis, which inherits the e�ciency

of the Feedback Delay Network (FDNs) structure, but aims at linking the parameters of the FDNs

directly to the geometries of the modeled environment. The relation is achieved by assigning

a physical meaning to each delay line and studying the sound energy exchange between them.

The assigning scheme of each delay line is designed in order to keep the feedbackmatrix unitary.

This new method is tested under various room geometries and the results show that the modeled

late reverberation is in good agreement with the virtual geometry settings.

Then, in the last part of this thesis, the physical approach and the perceptual approach are

combined. The simpli�ed acoustic Radiance Transfer Method, with extension for both specular

and di�use re�ections, is incorporated with the Feedback Delay Networks. The sparse feedback

matrix de�nes the specular re�ections between wall components. The new reverberator, despite

of modeling the di�use and late reverberation, is also capable of simulating the early and specular

re�ections with accuracy. Since the high order re�ections between wall components have been

decoupled from the run-time computation, only the initial and �nal state of the reverberator need
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to be updated when the source or the receiver moves. Thus this reverberator is suitable for 3D

acoustic rendering of dynamic scenes.

Keywords:

Room acoustics, reverberation, reverberation time, feedback delay networks, acoustic radiance

transfer, virtual reality, 3D audio.
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Introduction en Français

0.1 Introduction de la Thèse

Un acousticien évalue d’abord les e�ets acoustiques d’une salle en frappant ses mains et écouter

la réverbération. Cette méthode empirique a été souvent utilisée pour obtenir une première

compréhension de la caractéristique acoustique de l’environnement et est très pratique pour

percevoir certaines des qualités acoustiques de la salle. La même musique, quand il est joué dans

des environnements di�érents, comme dans un studio, une salle de concert ou en plein air, donne

très di�érentes expériences perceptives. Par conséquent, les e�ets de la salle dans laquelle nous

percevons le son ont une in�uence importante sur ce que nous entendons, puis, in�uencent notre

évaluation des environnements d’écoute.

Si les e�ets des salles peuvent être quantitativement reconstruites, nous pouvons reconstruire

l’espace acoustique pratiquement, pour que nos oreilles entendent le son dans l’environnement

virtuellement modélisé, sans être physiquement présenté là. Cela donne un sujet intéressant

appelé « acoustique virtuel », qui est devenu populaire dans la recherche et dans l’industrie en

raison de la demande constante de l’évolution des techniques de réalité virtuelle.

Le système acoustique virtuelle de l’environnement comprend la modélisation de la source

sonore (sources directionnelles), réverbération de la chambre (son direct, les ré�exions, la dif-

fusion, la réverbération) et la modélisation du récepteur (di�usion individuelle / de di�raction

causé par la diversité de la structure anatomique de l’homme). Les informations de la source et

le récepteur doivent être surveillés et régulièrement mis à jour, ainsi que les e�ets acoustiques de

la chambre. Ainsi, un système acoustique virtuelle sophistiqué doit être interactif, dynamique,

individualisé et en mesure d’e�ectuer le calcul en temps réel.

L’un des dé�s dans les systèmes acoustiques virtuels est comment simuler les e�ets acoustiques

de la chambre de manière interactive et réaliste. Di�érentes méthodes existent pour la modélisa-

tion des e�ets acoustiques virtuels, de méthodes géométriques à base de méthodes fondées sur

la perception.
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Méthodes physiques [Botteldooren, 1995; Savioja et al., 1995] résoudre les équations d’ondes

numérique et peuvent fournir ainsi des résultats plus précis. Toutefois, ils sont également des

méthodes avec calcul le plus lourd.

Approches géométriques à base de rayons utilisent sur les principes physiques de la prop-

agation du son, mais avec l’hypothèse simpli�catrice que les ondes sonores se déplacent sous

forme de rayons. L’image Méthode Source (ISM) [Allen and Berkley, 1979] calcule trajets de

ré�exion spéculaire en considérant un ensemble de sources virtuelles, qui sont positionnés à des

emplacements symétriques par rapport à chaque mur. La méthode de lancer de rayons calcule

rayons sonores issus de la source à travers la scène acoustique, et les reçoie dans le récepteur. La

méthode de transfert rayonnement (en anglais : Rdiance Transfer Method RTM) [Lewers, 1993],

provenant de l’algorithme de transport de la lumière, de manière e�cace, modèle les ré�exions

di�uses et la réverbération tardive.

D’autre part, desméthodes statistiques, également appelés comme desméthodes fondées sur la

perception, utilisent des paramètres acoustiques, tels que le temps de réverbération, de modéliser

les principaux aspects de la perception de la réverbération. Schroeder �ltre [Schroeder, 1962]

utilise des �ltres en peigne récursives et des �ltres passe-tout pour simuler les échos denses de

la réverbération tardive. Il est généralisée dans une structure appelée réseau récursif de lignes

à retard (en anglais : Feedback Delay Networks FDN) [Stautner and Puckette, 1982], qui ont été

largement utilisés pour synthétiser la réverbération tardive dans les méthodes hybrides.

Cependant, di�érentesméthodes ont leurs propres avantages et faiblesses dans la modélisation

acoustique. Par exemple, une méthode peut être précis à modéliser les premières ré�exions, mais

ine�cace pour la modélisation de réverbération tardive. Cela motive de nombreuses œuvres

qui combinent di�érentes méthodes a�n de simuler une réverbération complète. L’objectif de

cette thèse est sur l’enquête et l’innovation des méthodes de modélisation acoustique et leurs

modèles hybrides, notamment les méthodes hybrides combinant les méthodes de transfert de

rayonnement et des réseaux récursif de lignes à retard.

Contribution de la thèse sur la modélisation acoustique

Bien que di�érentesméthodes demodélisation acoustiques existent, nous nous concentrons notre

étude sur leur capacité d’interactivité et de calcul temps réel. L’accent est mis sur les méthodes

de transfert de rayonnement et des réseaux récursif de lignes à retard. Le principal avantage de

la méthode de transfert de luminance énergétique est qu’il découple la source et le récepteur à

partir de la procédure de calcul, ce qui le rend approprié pour la modélisation acoustique dans
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les scénarios dynamique et interactif. Les réseaux récursifs de lignes à retard, en raison de son

e�cacité de calcul, est adapté pour le rendu en temps réel de la réverbération tardive.

Dans la modélisation de réverbération tardive, le réseau récursif de lignes à retard est une

structure e�cace pour générer des impulsions qui synthétisent la tendance de décroissance de

l’énergie de la réverbération tardive. Cependant, une telleméthode repose sur choisissant soigneuse-

ment des paramètres, estimée soit par une mesure de la scène acoustique réel, ou par un réglage

manuel oar les acousticiens avec expérience. Dans le même temps, l’échange de son radiosité

modélisé par la méthode de transfert de rayonnement peut être considéré comme un énorme

réseaux rétroaction de retard où la radiosité de chaque élément est renvoyée à un autre élément

dans la chambre. Ainsi, la première contribution de la thèse est de combiner les deux méth-

odes et de relier les paramètres du FDN à l’échange d’énergie de laméthode de transfert

de rayonnement. Nous ainsi présentons une réverbération tardive géométrique. La réverbéra-

tion géométrique hérite de l’e�cacité de calcul de la structure de FDN,mais estime les paramètres

des FDN directement à partir de la géométrie virtuelle. L’échange de radiosité dans le procédé

de transfert de rayonnement est mis en correspondance avec les lignes à retard de la structure

de FDN. Cela crée une nouvelle façon d’estimer les paramètres des FDN pour la simulation de

réverbération tardive.

Laméthode de transfert de rayonnement a été prolongé sous une forme générale dans [Siltanen

et al., 2007], nommé l’équation de rendu acoustique (en anglais Acoustic Rendering Equation

ARE), qui est capable de modéliser les ré�exions di�uses et aussi spéculaires. Cela se fait en

discrétisant les angles de ré�exion de chaque élément. Cette méthode est très e�cace pour la

modélisation de la réverbération tardive et la prévision des paramètres acoustiques. Cependant,

la précision des premières ré�exionsmodélisés ne sont pas expliquées en détail dans la littérature.

Dans la deuxième contribution, la précision de lamodélisation des premières ré�exions en

utilisant l’équation de rendu acoustique est étudiée. La procédure �nale est spécialement

étudié et une nouvelle schéma de collecte uniforme est proposé. Deux schémas de collecte �naux

ont été comparés. Utilisation de la schéma de collecte uniforme, une méthode générique unique

peut e�cacement modéliser à la fois le début et la �n de réverbération.

La dernière contribution est sur la combinaison de l’équation de rendu acoustique avec

les réseaux récursif de lignes à retard pour modéliser les ré�exions précoces et spécu-

laires. Dans le ARE modèle, les ré�exions sonores entre éléments de surface peuvent être con-

sidéré comme des boucles de rétroaction dans les réseaux récursif de lignes à retard. Ainsi, il

est naturel d’intégrer le ARE modèle avec le FDN pour la synthèse de réverbération. Cependant,

quelques modi�cations et simpli�cations doivent être fait pour le ARE modèle. Premièrement, le

schéma de discrétisation directionnelle est modi�é a�n de relier les éléments de calcul de ARE
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avec les lignes rétroaction de retard. Deuxièmement, la ré�exion est simpli�ée pour maintenir les

réseaux rétroaction de retard stable. L’équation de rendu acoustique simpli�ée, qui modélise les

ré�exions spéculaires et di�uses, est incorporé dans le FDN structure. Ce travail est l’un des rares

solutions qui sont capables de simuler les premières ré�exions en utilisant les réseaux récursif

de lignes à retard.

Les résultats des travaux de cette thèse sont publiés dans les articles de revues et de conférences:

• [Bai et al., 2013] H. Bai, G. Richard, and L. Daudet. Modeling early refections of room

impulse responses using a radiance transfer method. In Proceedings of the IEEE Workshop

on Applications of Signal Processing to Audio and Acoustics (WASPAA), pages 1–4, New Paltz,

NY, October 2013.

• [Bai et al., 2015b] H. Bai, G. Richard, and L. Daudet. Late reverberation synthesis: From

radiance transfer to feedback delay networks. Audio, Speech, and Language Processing,

IEEE/ACM Transactions on, 23(12):2260–2271, 2015.

• [Bai et al., 2015a] H. Bai, G. Richard, and L. Daudet. Geometric-based reverberator using

acoustic rendering networks. In Proceedings of the IEEE Workshop on Applications of Signal

Processing to Audio and Acoustics (WASPAA), pages 1–4, New Paltz, NY, October 2015.

• H. Bai, G. Richard, and L. Daudet. Re�ection-based variable delays in feedback delay net-

works. will be submitted to Journal of the Audio Engineering Society - special issue, 2016.

0.2 Techniques de la Modélisation Acoustique

Un son émis par la source peut subir plusieurs ré�exions et réfractions dans la scène acoustique

avant qu’il ne soit entendu par l’auditeur. Réaliste modélisation de la propagation du son et de

rendu peuvent ajouter une nouvelle couche de réalisme à la visualisation des environnements

virtuels.

Le scène acoustique en 3D peut être synthétisé à partir de deux perspectives: les approches

physiques et les approches perceptives. Les approches physiques modéliser la propagation du

son précis dans l’environnement acoustique en utilisant les méthodes basées sur les vagues ou

les méthodes géométriques à base de rayons. Les approches perceptives, souvent cités comme
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l’acoustique statistique, d’autre part, utilisent des paramètres acoustiques pour modéliser les

principaux aspects de la perception de l’environnement.

Dans chapitre 2, l’état de l’art des techniques de modélisation acoustique est étudié par caté-

gorie. Nous concentrons notre discussion sur les méthodes à base de rayons et les méthodes

statistiques. Nous concluons chapitre 2 en discutant du potentiel dans la combinaison de dif-

férentes techniques de modélisation et les avantages et les inconvénients des modèles hybrides

existants.

Acoustique Numérique à Base d’Onde

Méthodes numériques à base d’onde sont des méthodes les plus précis pour la simulation de

la propagation des ondes sonores dans des environnements. La solution numérique directe de

l’équation d’onde, atteint par l’utilisation de méthodes d’éléments discrets, fournit un moyen

d’émuler le comportement des champs sonores qui intègre intrinsèquement des propriétés on-

dulatoires. Dans le même temps, ils sont les méthodes les plus compliquées aussi.

Les méthodes de modélisation acoustiques utilisés actuellement peuvent être classés en trois

catégories: Finite Element Methods (FEM), Boundary Element Methods (BEM) et méthodes de

Finite-Di�erence Time-Domain (FDTD ) [Botteldooren, 1995; Savioja et al., 1995]. Dans FEM,

l’espace considéré est discrétisé en éléments volumétriques, tandis que dans BEM, où seulement

la frontière de l’espace sont discrétisée. Alors que les FEM et les BEM fonctionnent générale-

ment dans le domaine de fréquence, les FDTD simule l’acoustique de la salle dans le domaine

temporel. Le principe des FDTD est que les dérivés dans les équations d’ondes sont remplacés

par les di�érences �nies correspondant [Strikwerda, 2004].

Cependant, les méthodes à base d’onde sont également des méthodes les plus compliquées.

Ainsi, dans la pratique, ils ne sont généralement utilisés pour la modélisation de l’acoustique de

la salle que pour les fréquences basses [Kleiner et al., 1993; Pietrzyk, 1998]. Pour auralization

en temps réel, elles ne sont utilisées que pour modéliser le son direct et les premières ré�exions.

En tenant compte de simpli�er le calcul, le FDTD peut être adapté en temps réel auralization

[Strikwerda, 2004].

Étant donné que les méthodes à base d’onde ne sont pas l’objet de cette thèse, les auteurs

intéressés sont invités à se référer à ces progrès récents [Kowalczyk and Van Walstijn, 2011;

Sakamoto et al., 2006; Savioja et al., 2006; Southern et al., 2013; Svensson and Kristiansen, 2002;

Van Walstijn and Kowalczyk, 2008].
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Acoustique Géométrique sur la Base des Rayons

Dans acoustique géométriques où la taille de la salle est grande par rapport aux longueurs d’onde

du son, le concept d’une onde n’est plus d’importance; il est remplacé à la place par le concept

d’un rayon [Kuttru�, 2009]. Cette condition est souvent rencontré dans la salle acoustique. Le

rayon sonore a direction bien dé�nie de propagation, et est soumise aux ré�exions spéculaires et

di�uses quand il frappe les surfaces ré�échissantes. La vitesse limitée du son exige que le temps

de propagation ne peut pas être négligée. De nombreux e�ets acoustiques sont liées au temps de

propagation, tels que des échos et des réverbérations.

De nombreuses techniques ont été proposées pour simuler la propagation du son à l’aide du

concept de rayons [Savioja and Svensson, 2015]. Ces techniques sont appelées des méthodes

telles que géométriques. Dans cette section, nous présentons le concept principal des méthodes

géométriques classiques. L’accent est mis à la discussion sur la di�érence entre ces techniques

et leurs avantages et inconvénients.

La Méthode de la Source d’Image

La Méthode de la Source d’Image (ISM), d’abord présenté dans [Allen and Berkley, 1979], est

la méthode géométrique beaucoup utilisé pour trouver de manière exhaustive tous les chemins

de ré�exion spéculaire provenant d’une source à un récepteur. Les chemins de ré�exion spécu-

laire sont calculées en tenant compte d’un ensemble de sources virtuelles. Le premier ordre de

sources virtuelles est obtenue en considérant les emplacements enmiroir de la source par rapport

à chaque paroi ré�échissante. Le deuxième ordre de sources d’image est obtenue à partir de la

première commande de sources virtuelles: chaque source virtuelle de premier ordre est mis en

miroir par rapport aux parois ré�échissantes pour générer des sources virtuelles du deuxième

ordre.

L’avantage de la méthode de la source d’image est qu’il donne une liste totalement exhaustive

des chemins de ré�exion spéculaire à l’ordre de ré�exion dé�ni. Le principal inconvénient est

que sa complexité de calcul augmente de façon exponentielle avec l’ordre de la ré�exion puisque

le nombre de sources virtuelles augmente également de façon exponentielle.

Méthodes Déterministes du tracé de rayons

La méthode du tracé de rayons [Krokstad et al., 1968; Kulowski, 1985] est l’une des méthodes

géométriques les plus importantes dans la pratique et a plusieurs variations. En partant du con-

cept principal de la méthode de tracé de rayon, de nombreux algorithmes ont été dérivés de

celui-ci, parmi lesquels:
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• Tracé de rayons stochastique [Dalenbäck, 1996];

• Cone tracing [Martin et al., 1993];

• Sonel mapping [Kapralos et al., 2006];

• Phonon tracing [Bertram et al., 2005];

Le procédé de tracé de rayon émet des rayons sonores provenant de la source, dont chacun

porte une certaine quantité d’énergie. Les rayons rebondissent entre les surfaces dans la scène

en fonction de la manière de ré�exion pré-dé�nie, qui sont �nalement collectées par le récepteur.

Bien que la ré�exion spéculaire est communément utilisé, di�raction et di�usion peut également

être considérées [Lehnert and Blauert, 1992; Naylor, 1993].

Acoustics Statistique sur la base de Perception

Les méthodes de modélisation acoustique statistiques sont souvent appelés réverbères arti�-

ciels [Välimäki et al., 2012; Välimäki et al., 2016]. L’observation des caractéristiques de bruit

comme de la réverbération tardive des réponses impulsionnelles acoustiques de la salle a mo-

tivé l’étude de modélisation de la réverbération tardive en utilisant des méthodes statistiques.

Méthodes statistiques utilisent des paramètres acoustiques tels que le temps de réverbération

pour simuler les e�ets acoustiques d’une scène. Les méthodes statistiques ont acquis une grande

popularité, en particulier dans les applications de réalité virtuelle interactives telles que des jeux

vidéo. En général, ils produisent des e�ets acoustiques perceptivement pertinents, qui répondent

à l’expérience d’écoute dans les scénarios d’application interactifs.

Filtre Schroeder

Le �ltre Schroeder utilise des �ltres en peigne parallèles pour produire des impulsions de dé-

composition exponentielles pour modéliser les e�ets de réverbération des salles. A�n d’obtenir

une réponse en fréquence plate, plusieurs �ltres en peigne, normalement au moins 6 �ltres en

peigne, sont connectés en parallèle. Les lacunes de la réponse en fréquence en forme de peigne

sont remplis par les �ltres en peigne ayant di�érentes longueurs de retard.

Feedback Delay Networks

Dans [Stautner and Puckette, 1982] une structure bien adaptée pour la réverbération arti�cielle

appelée “réseaux récursifs de ligne à retard (FDN)” a été introduit. Cette structure se caractérise

par un ensemble de lignes à retard connectés en une boucle de rétroaction à travers une matrice
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de rétroaction. Les signaux de toutes les lignes à retard interagissent par le biais de la matrice

de rétroaction, ce qui augmente la densité d’échos de la réverbération tardive. Jot [Jot, 1992a,b;

Jot and Chaigne, 1991] en outre étudié les FDNs et a développé des techniques associées pour la

conception de bonne de qualité de la réverbération.

Méthodes Hybrides

Les méthodes de modélisation acoustique, de la base d’onde, de �ltres réverbérants arti�ciels, à

base de rayons, ont tous leurs propres forces et faiblesses.

Dans la pratique, les méthodes hybrides sont souvent utilisées où deux ou trois méthodes sont

combinées, l’une est utilisée pour modéliser les premières ré�exions et l’autre est utilisée pour

modéliser la réverbération tardive. Ou une méthode est utilisée pour modéliser les fréquences

basses, et l’autre est pour les fréquence élevée. Il est impossible de donner une liste exhaustive de

toutes ces méthodes hybrides. Nous passons en revue quelques méthodes hybrides couramment

utilisés [Lewers, 1993; Savioja et al., 1999; Southern et al., 2013].

0.3 Filtres Réverbérants Basé sur la Géométrie

Réseaux récursifs de lignes à retard, comme une structure souvent utilisée pour la synthèse de

réverbération arti�cielle, peuvent e�cacement modéliser la réverbération tardive pour la cham-

bre considérée. Dans ce secteur, nous étudions la relation entre la méthode de transfert de ray-

onnement et les réseaux récursifs de lignes à retard. Une telle relation peut être utilisée pour

estimer les paramètres des réseaux récursifs de lignes à retard, et faire des ponts entre les deux

méthodes. Cette section est un résumé du chapitre 3.

Chapitre 3 est organisé comme suit. Dans la section 3.1 nous rappelons la connaissance de la

méthode de transfert de rayonnement acoustique et sa procédure de calcul pour la modélisation

des ré�exions di�uses. Dans la section 3.2 nous discutons de notre idée de relier les réseaux

rétroaction de retard avec la méthode de transfert acoustique. Ensuite, dans la section 3.3 un

paradigme de modélisation statistique géométrique à base est proposé, et la procédure de la con-

ception de l’estimation de paramètre correspondant est décrit. Un accent particulier est mis sur

la conception de la matrice de rétroaction qui rend les réseaux rétroaction de retard stable. Dans

la section 3.6 nous utilisons certains modèles typiques de chambre pour évaluer cette méthode,

à partir des deux points de vue numériques et perspectives perceptives.



0.3 FILTRES RÉVERBÉRANTS BASÉ SUR LA GÉOMÉTRIE 9

Relation entre RTM et FDN

On peut remarquer que, dans la procédure de calcul de la méthode de transfert de rayonnement

[Lewers, 1993] dans le domaine temporel, l’itération des échanges d’énergie entre les éléments

de surface peut également être considérée comme des boucles de rétroaction dans un réseau

récursif de lignes à retard, comme illustré sur la �gure 3.5. Ici, chaque ligne de retard représente

la ré�exion du son sur un élément de surface. La propagation du son entre les éléments de surface

est alors représentée sous forme de lignes à retard dans le réseau.

Il est alors un intérêt pratique pour combiner ces deuxméthodes, en utilisant un réseau récursif

de lignes à retard en tant que structure de synthèse, tandis que les caractéristiques de rétroaction

sont estimées par la propriété de transfert acoustique dans la chambre. Laméthode hybride utilise

ensuite des lignes à retard pour représenter un groupe de ré�exions di�uses entre surfaces de

la chambre, avec les paramètres acoustiques moyennes par les ré�exions di�uses inclus dans le

groupe.

Si nous remplaçons chaque interaction élément-à-élément par une ligne à retard, et mis la

matrice de rétroaction avec les facteurs de forme correspondants, nous pouvons, en théorie, de

construire d’énormes FDN avec des centaines de milliers de lignes à retard, qui serait alors équiv-

alent au modèle de transfert de rayonnement.

Cependant, dans la plupart des cas d’applications, la tendance de la décroissance de l’énergie

est su�sante pour percevoir la dimension de l’environnement. Ainsi, nous pouvons ignorer le

modèle précis de l’amplitude de chaque impulsion, et se concentrer uniquement sur la modéli-

sation des statistiques d’échange d’énergie. Ceci suggère qu’une simpli�cation de modèle RTM

peut être utilisée, en regroupant les interactions énergétiques élément-à-élément, a�n de réduire

le nombre de lignes à retard. Le paramètre de chaque ligne de retard est déterminé par la valeur

moyenne de l’interactions d’élément-à-élément du groupe.

Filtre réverbérant basé sur la Modèle RTM

La �ltre réverbérant proposée est illustrée à la �gure 3.10. Elle consiste en un FDN-RTM pour

la réverbération tardive, comme indiqué dans le cadre supérieur, et une série de �ltres pour les

premières ré�exions, comme indiqué dans le cadre inférieur.

La structure des FDN-RTM est similaire au réseau récursif de lignes à retard proposé dans [Jot

and Chaigne, 1991], sauf que pour chaque ligne à retard, une unité de retard initial et une unité de

retard �nale sont ajoutés avant et après chaque ligne récursif. Chaque ligne à retard représente

un groupe d’interactions de ré�exion de première. L’unité de retard initial est le retard moyen

de la distance entre la source sonore et les éléments de chaque groupe, et l’unité de retard �nale
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est le retard moyen à partir des éléments groupés au récepteur. Le premier ordre de ré�exions

sonores doivent être modélisés et ajoutés à l’aide d’un �ltre FIR supplémentaire (voir la �gure

3.10).

Soit ℘n désignent l’ensemble des interactions sonores élémént-à-élément dans le groupe n.

Ensuite, si le nombre total de groupes est de N , le réseau récursif aura N lignes à retard tel que

représenté sur la �gure 3.10.

Les paramètres des FDN-RTM proposées sont estimés comme suit à l’aide de l’ordre-1 inter-

actions élément-à-élément dans le modèle de transfert de rayonnement.

1. Matrice de rétroaction

L’élément amn dans la matrice de rétroaction décrit en fait la proportion d’énergie qui est trans-

portée par les interactionsd’élémént-à-élément au sein du groupem, qui sera ré�échie demanière

di�use et aller à une autre interaction d’élément-à-élément dans le groupe n, au cours d’une

ordre-1 ré�exion di�use.

Notons que ℓm est l’énergie totale transportée par l’échange élémént-à-élément dans le groupe

m et ℓm,n est l’énergie totale reçue par le groupe n grâce aux ré�exions di�uses du groupe m.

Ils peuvent être estimés à partir de la forme des facteurs Fi,j dans le modèle RTM comme:

ℓm =
∑

i→j∈℘m

Fi,j , (1)

ℓm,n =
∑

i→j∈℘m

∑

j→k∈℘n

Fi,jFj,k, (2)

où ℘m et ℘n sont les ensembles d’interactions sonores dans le groupem et n respectivement.

Les coe�cients amn est dé�ni comme:

amn =
ℓm,n

ℓm
, (3)

sujet
N∑

n=1

amn = 1. (4)

Et la matrice de rétroaction est:
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A =







√
a11 · · · √

a1N
...

. . .
...

√
aN1 · · · √aNN







. (5)

2. Filtres d’atténuation

Les �ltres d’atténuation Hn(z) en FDN traditionnels sont des �ltres passe-bas, qui modélisent

l’absorption dépendant de la fréquence du matériau de surface et de l’air [Huopaniemi et al.,

1997]. Pour FDN-RTM, les atténuations sont les moyennes des coe�cients de ré�exion de tous

les interactions d’élémént-à-élément au sein du groupe:

θ̄ s
n =

∑

i→j∈℘n

Fi,jθ
s
i , (6)

où θ̄ s
n est le coe�cient de ré�exion moyen pour groupe n de bande de fréquence s du coe�cient

de ré�exion du matériau, et Fi,j est le facteur de forme correspondante.

Filtres d’ordre supérieur (FIR ou IIR) peuvent être conçus en utilisant des techniques de �ltrage

numérique basé sur AR (all-pole), MA (FIR), ou ARMA (pôle-zéro) modélisation. La méthode de

Gauss-Newton peut être utilisé pour ajuster les coe�cients d’absorption des bandes d’octave et

d’optimiser les coe�cients de �ltre.

Résultats Expérimentaux

Figure 3.16 montre les courbes de décroissance de l’énergie des réponses impulsionnelles syn-

thétisées en utilisant FDN-RTM et RTM pour quatre chambres considerées. Il est démontré

que les réponses impulsionnelles estimées par FDN-RTM sont exponentiellement décroissants

(diminuant par exemple linéairement sur une échelle logarithmique (dB)). Ceci est dû au fait que

la matrice de rétroaction estimée est proche des matrices unitaires. Les tendance de décroissance

de FDN-RTM concordent bien avec celles simulées en utilisant RTM, ce qui montre que FDN-

RTM peut être utilisé comme une méthode alternative de RTM pour la réverbération tardive.

Les temps de réverbération estimés par FDN-RTM concordent bien avec celles estimées par

RTM et la formule Sabine. Cependant, les temps de réverbération estimées par FDN-RTM sont

légèrement plus longs. La raison principale est que la matrice de rétroaction estimée a des valeurs

propres légèrement plus élevés que les autres, ce qui rend les lignes à retard correspondant dés-

intègrent plus lent. Notez que la réverbération synthétisée des chambres 4 a une erreur plus

élevé par rapport à RTM, principalement parce que la matrice de rétroaction estimée est pas
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parfaitement unitaire (ses plus grandes valeurs propres étant 1.076).

Pour évaluer plus formellement la qualité sonore de la réverbération tardive, des tests d’écoute

subjectifs ont été réalisées en fonction de la stimulation de l’UIT-RBS.1534 avec Invisible Référence

et Anchor (MUSHRA) [ITU-1534, 2001]. Les tests ont été e�ectués en utilisant un casque de qual-

ité professionnelle (Beyerdynamic DT Pro770). 10 auditeurs (à l’exclusion des auteurs) ont été

impliqués, 9 hommes et 1 femme, âgés entre 20 et 32, toutes avec une certaine expérience des

tests d’écoute. Les signaux secs d’entrée sont huit extraits d’enregistrements anéchoïques de la

parole, piano, violoncelle et trompette sons choisis parmi [Bang&Olufsen, 1992; Open-AIR], cha-

cune avec une durée d’environ 7-10 s. Les signaux en cours d’évaluation ont été générés par le

FDN-RTM en utilisant 4, 8 et 16 lignes à retard, avec des paramètres estimés par les géométries

des chambres. Quelques exemples sonores utilisés dans les tests peuvent être trouvés sur le site

Web de compagnie. 1

Figure 3.18 montre les statistiques de la qualité sonore évalué par les auditeurs. Les résultats

montrent clairement que la qualité de son augmente avec le nombre de lignes à retard pour la

voix et les instruments de musique. Bien que FDN-RTM avec 4 lignes à retard peut produire une

excellente qualité sonore dans certains cas, en général, la qualité du son produite est irrégulière

et n’est donc pas recommandé pour une utilisation pratique. La qualité sonore a une amélioration

notable de 4 lignes à retard à 8 lignes à retard. Avec 16 lignes à retard, le son réverbéré devient

plus lisse et est presque aussi bon que le RTM. Certains auditeurs ont confondu le FDN-RTM avec

16 lignes à retard avec la référence. En général, les sons réverbérants sont de meilleure qualité

pour les sources musicales que pour les sources vocales, en particulier où un petit nombre de

lignes à retard est utilisé. En conclusion, pour obtenir une qualité sonore satisfaisante pour la

réverbération tardive, il est suggéré d’utiliser au moins 8 lignes à retard pour le FDN-RTM.

0.4 Filtre Réverbérant avec des Retards Variables

Dans le chapitre 3, les longueurs des lignes à retard de rétroaction sont choisies comme valeurs

�xes. Cependant, les trajets de ré�exion ont des longueurs de retard qui varie de façon continue,

ce qui est di�cile à modéliser en utilisant seulement quelques unités de retard dans les réseaux

récursifs de lignes à retard. En outre, dans le modèle de transfert de rayonnement, les délais de

ré�exion entre les patches discrétisées varient aussi. Dans ce chapitre, nous examinons la varia-

tion des longueurs de retard dans le modèle de transfert de rayonnement et les réseaux récursifs.

Extensions de l’utilisation des longueurs de retard variable sont faites pour les deux méthodes.

1 http://perso.telecom-paristech.fr/~hbai/demo_ASLP2015/

http://perso.telecom-paristech.fr/~hbai/demo_ASLP2015/
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A�n de parvenir à un système invariant dans le temps réel pour les réseaux récursifs, une nou-

velle structure est proposée a�n d’intégrer des unités de retard variable dans la réverbération

arti�cielle. Cette section est un résumé du chapitre 4.

Chapitre 4 est organisé comme suit. Section 4.1 aborde les questions des longueurs de retard

variant entre patches dans le modèle de transfert de rayonnement. Une extension de retards

variables de façon aléatoire est proposé dans lemodèle. Section 4.2 analyse le retard des longueurs

caractéristiques de variation d’une salle, et propose un système de regroupement di�érent au

chapitre 3 basé sur le délai le plus proche des longueurs principe. Un �ltre en peigne à retard

variable statistique est proposée et appliquée aux réseaux de rétroaction à retard. Étant donné

que les statistiques unités de retard variant dans le temps ne sont pas des systèmes LTI, une

nouvelle structure de rétroaction en utilisant des groupes de retard déterministes est proposé.

Les résultats de simulation sont donnés dans la Section 4.3 et des conclusions sont tirées dans la

Section 4.4.

Filtre Réverbérant avec des Retards Variables

Dans le cas de la modélisation de réverbération tardive di�use, la modélisation précise des am-

plitudes de chaque impulsion est souvent di�cile et inutile. Nous nous concentrons donc sur la

modélisation statistique de l’échange d’énergie globale entre les surfaces. Nous approchons du

modèle de transfert de rayonnement, le regroupement des ré�exions avec des retards similaires.

A titre d’exemple illustré à la �gure 4.4, la distribution de probabilité des longueurs de retard de

la salle sont divisés en quatre groupes. Chaque groupe est ensuite modélisée par une distribution

uniforme.

L’unité des di�érents réverbères arti�ciels sont des lignes à retard récursives. La plus simple

rétroaction récursive peut être représenté par un �ltre de peigne [Schroeder, 1962]. Il est bien

connu que le �ltre de peigne avec une longueur de retard �xe produit des signaux avec un son

métallique, qui est expliqué dans la �gure 4.6, par le peigne-forme de sa réponse de fréquence.

Le peigne-forme des réponses de fréquence est causé par la répétition régulière des impulsions

avec les mêmes retards. En introduisant variation des longueurs de retard, le peigne-forme des

réponses de fréquence peut être éliminé, comme le montre la �gure 4.8. Ainsi, nous utilisons une

unité de retard variable. La longueur de retard varie au sein d’une distribution uniforme. Le son

métallique est beaucoup.

En utilisant les retards variables, chaque groupe de la distribution de ré�exion sur la �gure

4.4 peut être considérée comme une ligne à retard dans la structure FDNs, dont les longueurs de

retard sont variable en fonction de la distribution de délai prédé�ni.
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Pour la synthèse de son en ligne, les longueurs de retard variable doivent être remplacées par

des valeurs déterministes. Nous ainsi proposons une implémentation déterministe où chaque

unité de retard variable z−Di(m) est remplacé par M sous-unités de retard �xé, connectés en

parallèle, comme dans la �gure 4.11. Les longueurs de retard des unités de retard di(k) sont

choisies comme les instances des intervalles de longueur de retard, à la suite de leurs distributions

de probabilité. Un exemple montrant la connectivité entre les unités de retard est donnée à la

�gure 4.11.

Un exemple montrant la connectivité entre les unités de retard est donnée à la �gure 4.11.

Le groupe de retard 1 représente la variable ligne de retard z−D1(m) et contient des retards

[d1(1), d1(2), d1(3), · · · ], et le groupe de retard 2 représente z−D2(m) et contient des retards

[d2(1), d2(2), d2(3), · · · ]. Dans cette �gure, les atténuations de ligne de retard et la matrice de

rétroaction est ignoré pour la concision.

Le signal x(n) entre seulement dans l’entrée de l’une des unités de retard de base dans chaque

groupe. Nous avons choisi le 1st unité de chaque groupe de retard de base dans l’exemple. Le

signal x(n) passe de 1st de base unité de retard d1(1) dans le groupe 1. Ensuite, la sortie de la

variable ligne de retard z−D1(m) étant alimenté à lui-même dans la �gure 4.9 peut être représentée

de manière déterministe, par la sortie de 1st de base unité de retard d1(1) dans le groupe 1 étant

renvoyé à l’entrée de l’une des unités de retard de base du même groupe. Dans cet exemple, il

est renvoyé au 2nd de base unité de retard d1(2). La sortie de la variable ligne de retard z−D1(m)

étant renvoyée à la variable ligne de retard z−D2(m) dans la �gure 4.9 peut être représentée par

la sortie du 1st de base unité de retard d1(1) en groupe 1 étant renvoyés à l’entrée de 2nd de base

unité de retard d2(2) du groupe 2.

Résultats expérimentaux

Il est montré dans la �gure 4.15 que la réponse impulsionnelle modélisée par le FDN avec des

retards variants a une réponse de fréquence plus régulière par rapport à celui modélisé par le

FDN traditionnelle. Les fréquences modales sont plus denses, ce qui améliore la qualité sonore

synthétisé et réduit l’audibilité des e�ets sonores métallique.

Les 4 × 4(4) FDNS de retard variable utilisent un total de 16 retards lignes. La densité des

impulsions des RIR synthétisés en utilisant 4 × 4(4) retard variant DNs est plus élevé que les

traditionnels 4× 4 FDNS mais inférieure à la traditionnelle 16× 16 FDNS. Les 4× 4(4) FDNS de

retard variable utilisent 4 lignes à retard d’entrée, qui est lemême que les traditionnels4×4 FDNS,
mais recueillent les sorties de tous les 16 lignes à retard, ce qui est le cas pour la traditionnelle

16 × 16 FDNS.
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Une comparaison des temps de calcul utilisé par le FDN de retard variable et les FDNs tradi-

tionnels est donnée à la �gure 4.17. Sur la �gure 4.17, avec le même nombre d’unités de retard,

le temps de calcul requis par le FDN de retard variable est inférieur à celui requis par les FDNs

traditionnels.

Des tests informels d’écoute révèle que la qualité sonore en utilisant le FDNs variable a de

grandes améliorations par rapport aux FDNs traditionnels. La qualité sonore en utilisant les

retard variant est beaucoup mieux que les traditionnels où le son métallique est presque pas

audible du tout. La qualité sonore en utilisant des retards variantes est mieux, surtout pour les

signaux de parole. La raison est que par l’extension de chaque ligne à retard à plusieurs sous-

unités prédé�nis par la connectivité, la répétition régulière des impulsions est beaucoup réduite

et une réponse de fréquence beaucoup plus lisse peut être obtenu.

0.5 Modélisation des Premières Ré�exions

Dans le chapitre 1, méthode de transfert rayonnement (RTM) a été étudiée, ce qui est un outil

e�cace pour modéliser des ré�exions di�uses. Dans [Kiminki, 2005; Siltanen et al., 2007], une

équation de rendu acoustique (ARE) a été formulé, comme une extension de la RTM, qui con-

sidère les ré�exions di�uses et spéculaires. Car les ré�exions d’ ordre élevé sont pré-calculées

et découplées de la procédure de calcul, cette méthode est bien adaptée pour les applications

dynamiques avec des sources mobiles.

L’exactitude des premières ré�exions modélisées est pas pleinement discuté dans la littérature.

Dans ce chapitre, nous étudions la précision de la modélisation des premières ré�exions de la

méthode ARE et de modi�er les schémas de collecte �naux utilisant ray tracing méthodes qui

nous permet de modéliser les premières ré�exions en conservant les avantages de la méthode

originale pour la simulation de réverbération tardive. Cette section est un résumé du chapitre 5.

Chapitre 5 est organisé comme suit. Dans la section 5.1 nous rappelons les bases de la méthode

ARE et la procédure de calcul principale. La formulation de la sont présentés dans cette section

provient principalement de citep Siltanen 2007. Dans la section 5.1, nous expliquons notre méth-

ode de calcul en utilisant la méthode de traçage de rayons. Dans la section 5.3 la précision de la

modélisation de la méthode sont pour les premiers échos est étudié et deux systèmes de collecte

�nale sont comparés. Certains comparaison expérimentale sont donnés dans la section 5.4.
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Les schémas de collecte �naux

Dans [Antani et al., 2012a,b], les rayons sont uniformément envoyés à partir de l’auditeur et reçus

par chaque élément pour calculer la réponse énergétique pour la collecte �nale, en utilisant un

principe de réciprocité. Étant donné que ces travaux utilisent ce méthode pour modéliser les

ré�exions di�uses pour la réverbération tardive, l’e�et de la discrétisation directionnelle dans la

phase de collecte �nale n’a pas été discutée. Pour la simulation des premiers échos, il est im-

portant de modéliser avec précision l’angle de ré�exion et l’amplitude de l’énergie pour chaque

angle solide. Une telle méthode de collecte �nale peut produire échos précoces inexactes. Dis-

crétisation de la géométrie et directions introduit des erreurs en deux façons. Tout d’abord, le

�ux d’énergie sortante dans une certaine direction est considéré comme constant. En fait, il peut

avoir des variations considérables, en particulier pour les éléments proches de la source. Deux-

ièmement, parce que les sources sonores et les auditeurs sont libres de se déplacer dans l’espace

sonore, il existe des positions pour les auditeurs où l’énergie estimé par la phase de collecte �nale

sont largement sous-estimée ou sur-estimée.

Une façon plus naturelle est d’envoyer les rayons du centre de chaque élément et de les accu-

muler à la position de l’auditeur, semblable à ce qu’ils ont fait pour la modélisation de la radiosité

di�use. Les rayons sont reçus par un volume de réception à la position de l’auditeur. Cependant,

cette méthode produit toujours à de grandes zones où l’auditeur reçoit aucun son, et quelques

autres zones où il reçoit de sons de plusieurs éléments, comme on peut le voir sur la �gure 5.3.

Pour rendre le son ré�échi distribué plus uniformément et pour mieux couvrir l’espace acous-

tique, nous proposons d’émettre des rayons uniformément sur chaque élément le long de l’angle

solide, au lieu d’émettre tous les rayons du centre du patch. Pour chaque angle solide d’un élé-

ment, nous choisissons uniformément K points sur sa surface. Nous envoyons NR rayons de

chaque point le long des directions uniformes dans l’angle solide. Chaque rayon transporte de

l’énergie de eR = 1
K×NR

. Ces rayons sont accumulés dans le volume de réception pour générer

les réponses de collecte �nale. Le schéma �nal de recueillir uniforme est illustrée à la �gure 5.4.

Résultats expérimentaux

Figure 5.6 et la �gure 5.7 a�che la reconstruction des échos. Dans la �gure 5.6, la méthode

proposée montre une meilleure reconstruction. Notez que le premier écho est largement sur-

estimé par la méthode ARE-traditionnelle, mais modélisée avec plus de précision par la méth-

ode proposée. Dans la �gure 5.7 le premier écho est totalement manquée par la méthode ARE-

traditionnelle, mais est bien préservé en utilisant la méthode proposée. L’amélioration est due à
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l’e�et de l’émission de moyenne d’une façon uniforme sur la surface de chaque élément. Notez

que, comme le montre la �gure 5.7, il existe encore quelques impulsions qui ne sont pas bien

modélisées par la méthode. Dans ce cas, l’écouteur est très proche de la surface, ce qui conduit à

des e�ets de discrétisation de surface.

Combiné avec des re�ets d’ordre élevé, la méthode proposée est capable de modéliser e�cace-

ment l’ensemble de RIR. A�n de véri�er que la méthode proposée n’a pas a�ecté la réverbération

tardive, nous avons calculé la durée de réverbération (T30) des deux méthodes, et nous avons

trouvé aucune di�érence signi�cative.

En comparant les deux méthodes dans le même schéma de discrétisation, il est clair que la

méthode proposée surpasse la méthode traditionnelle ARE. La méthode proposée peut parfois

atteindre une performance similaire à la méthode traditionnelle utilisée avec discrétisation plus

�ne. En d’autres termes, la méthode proposée est une alternative compétitive à l’aide de petites

parcelles, quand une grande précision est nécessaire avec des ressources de calcul limitées.

Il est intéressant d’observer à partir du tableau 5.1 qui divisant le plus �n de l’hémisphère

ne met pas nécessairement une amélioration de la précision des premiers échos. Au contraire,

les performances sont légèrement dégradée dans certains tests, mais pas de façon systématique.

Toutefois, cette observation indique que lorsque plus de puissance de calcul et de mémoire est

disponible, d’abord essayer de diviser la surface en plaques plus �nes peuvent être une meilleure

option.

En comparant les deuxméthodes dans lemême schéma de discrétisation, il est clair que les ARE

technique surpasse la méthode traditionnelle ARE, à un coût très légère en termes d’exigences

de calcul. Comme on le voit dans les valeurs moyennes dans les deux derniers modèles de dis-

crétisation, la méthode proposée peut parfois atteindre une performance similaire à la méthode

traditionnelle utilisée avec discrétisation plus �ne. En d’autres termes, la méthode proposée est

une alternative compétitive à l’aide de petites parcelles, quand une grande précision est néces-

saire avec des ressources informatiques limitées.

Le grand nombre de lignes à retard des ARN peut entraîner une énorme charge de calcul.

Cependant, la matrice de rétroaction est très faible. Ainsi, la majorité des calculs peut être en-

registré en ignorant les éléments zéro.

La simulation utilise Matlab sur un ordinateur standard (2.8 GHz CPU) pour synthétiser une

seconde d’RIR. Dans notre expérience en utilisant le code Matlab non optimisé, pour synthétiser

une seconde d’RIR, Salle 1 simulation consommée 429s, et Salle 2 simulation 16.5s consommés.

Ce ne sont pas encore prêts pour la simulation en temps réel, mais l’optimisation potentielle est

encore possible.

Discrétisation grossier peut réduire davantage le temps de calcul. Par exemple, la boîte à chaus-
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sures peut être discrétisé en 6 élément, à savoir chaque paroi étant un patch. Dans ce cas, le �ltre

d’atténuation de chaque ligne de retard doivent être ajustés à l’aide du modèle ISM a�n de com-

penser la dégradation de la précision des premières ré�exions modélisées.

0.6 Réseaux de Rendu Acoustiques

Les réseaux récursifs de ligne à retard (FDN) ont été beaucoup utilisés pour modéliser la réver-

bération tardive. Dans le modèle ARE au chapitre 3, les ré�exions sonores entre les éléments de

surface le long de la direction discrétisée peuvent être considérés comme des boucles de rétroac-

tion. Ainsi, il est naturel d’intégrer lemodèleARE à la FDNpour la synthèse de la réverbérationde

la salle. Dans ce chapitre, nous présentons les réseaux de rendu acoustiques (ARN), une approche

qui hérite de l’e�cacité de calcul de la structure FDN, mais modélise les ré�exions spéculaires et

di�uses à l’aide de la discrétisation directionnelle de la méthode ARE. Cette étude est une exten-

sion de la réverbération basée sur la géométrie présentée dans le chapitre 1 [Bai et al., 2015b] et

le schéma de modélisation des premières ré�exions en utilisant ARE méthode présentée dans le

chapitre 3 [Bai et al., 2013]. Cette section est un résumé du chapitre 6.

Chapitre 6 est organisé comme suit. Dans la section 6.1 les avantages et les inconvénients

des réseaux rétroaction de retard sont brièvement résumées. L’idée de rejoindre le modèle ARE

avec FDNS est alors proposé de surmonter l’un des principaux inconvénients de la suite. Dans la

section 6.2 nous rappelons les bases du modèle ARE et la modi�cation que nous avons fait a�n de

l’intégrer à la structure rétroaction de retard. Dans la section 6.3, nous décrivons les nouveaux

réseaux de rendu acoustique et comment les paramètres des réseaux sont liés à la géométrie de

la pièce modélisée. Certains résultats de simulation sont donnés dans la section 6.4.

Modi�cation de l’Equation de Rendu Acoustique

A�n de résoudre l’équation de rendu acoustique par simulation numérique, la surface de la salle

est discrétisé en plaques. La Fonction Bidirectionnelle de Distribution Ré�ectance (BRDF), qui

dé�nit la façon dont le �ux de son entrant se re�ète sur une surface, est discrétisé en divisant

l’hémisphère dans des angles solides.

Dans [Siltanen et al., 2007], les directions de l’hémisphère d’une surface d’élément, sont divisés

enm angles uniforme d’azimut et n angles d’élévation uniformes. Il en résulte qu’un angle solide

discrétisé donné à partir d’un élément peut couvrir plusieurs autres correctifs.

Contrairement au schéma de discrétisation directionnel utilisé dans [Siltanen et al., 2007] où
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l’azimut et l’élévation de l’hémisphère sont uniformément discrétisée, on divise l’hémisphère

par rapport à tous les autres éléments visibles comme le montre la �gure 6.3. A titre d’exemple,

la direction discrétisée pour l’élément k est illustré par les lignes en pointillés sur la �gure 6.3.

Dans notre schéma de discrétion, une direction discrétisée correspond à une paire élément-à-

élément unique. Ce schéma de division directionnelle réduit la redondance de la discrétisation

où multiples angles solides discrétisées ont frappé sur le même élément, et augmente la précision

de discrétisation entre les éléments loin.

Ce schéma de discrétisation facilite également la mise en œuvre en utilisant la structure de

boucle de rétroaction, puisque la ré�exion élément-à- élément et la discrétisation directionnelle

sont uni�és.

Pour le raison de simplicité, nous simpli�ons encore l’ARE en supposant que l’énergie entrante

d’élément k à élément p sera ré�échie de façon spéculaire seulement le long d’une direction

discrétisée, par exemple, pour élément l, comme le montre la �gure 6.3. Cela peut être fait en

choisissant Patch l que la direction qui reçoit l’énergie la plus forte. Ceci est une approximation

grossière, ce qui peut entraîner une imprécision de l’amplitude des échos précoces modélisés.

Cependant, à des �ns de auralization pour une application en temps réel, nous supposons que

cela est de priorité secondaire.

Réseaux de Rendu Acoustiques

La réverbérationdes réseaux de rendu acoustique proposée utilise une ligne à retard pour représen-

ter une direction discrétisée entre les éléments. Les paramètres acoustiques des directions élément-

à- élément sontmodélisées par unités de retard unidirectionnelsDf (z) et �ltres absorbantsH(z).

Les lignes à retard sont interconnectées les uns aux autres par une matrice de rétroactionA. Cette

matrice de réaction dé�nit essentiellement des lignes à retard qui sont connectés via des ré�ex-

ions spéculaires ou di�us et la quantité d’énergie échangée entre eux. En outre, la source initiale

DS(z) et de l’amplitudeGS et microphone collecte �naleDR(z) et de l’amplitudeGR sont reliés

à chaque ligne à retard.

Nous nommons ce �ltre réverbérant un réseau de rendu acoustique (ARN), car il est une com-

binaison de la méthode de rendu acoustique et la structure du réseau récursif de ligne à retard.

Figure 6.6 montre un schéma conceptuel de ce �ltre.

La faible densité de la matrice de rétroaction pour les réseaux de rendu acoustique est illustré

sur la �gure 6.8. La palette de couleurs de la �gure est mise à l’échelle et inversée a�n de rendre

l’a�chage de la couleur des éléments non-zéros plus visibles. Dans la �gure ref �g: clairsemés,

la couleur blanche représente des éléments zéro, points gris foncé (avec une amplitude d’environ
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0.7 avec coe�cient de ré�exion de 0.7) désignent les composants spéculaires et des points gris

clair (avec amplitude inférieure à 0.1) désignent la composants di�us. (Les points gris clair sont

si densément placés de telle sorte qu’ils ressemblent à des lignes gris clair.) On peut noter que,

pour une matrice de rétroaction de dimension 1106 × 1106, le nombre d’éléments non nuls est

relativement faible. Il n’y a qu’un seul point gris foncé dans chaque rangée. Les zones blanches de

forme carrée à la diagonale de la matrice de rétroaction représentent principalement la visibilité

dans des directions discrétisées à ces taches qui se trouvent sur la même surface.

Résultats expérimentaux

La salle 1 est une salle rectangulaire avec la dimension L = [lx, ly, lz] = [15, 20, 5]. Les surfaces

sont discrétisées en 152 patchs carrés, chacun de taille 2.5 × 2.5m. La source est placée à xS =

[5.78, 14.91, 3.27], et le récepteur à xR = [8.23, 11.92, 2.02]. Toutes les surfaces possèdent un

coe�cient d’absorption α = 0.3 indépendant de la fréquence, ce qui correspond au coe�cient

de ré�exion β =
√
1− α.

Les résultats de simulation sont présentés dans la �gure 6.10.

Comme prévu, le RIR simulé a des premières ré�exions distinctes au cours des premiers 50ms.

Les transits de RIR simulées à di�user comme des impulsions deviennent dense progressive-

ment, tandis que l’énergie des ré�exions spéculaires distinctes diminue. Ceci est conforme aux

propriétés de la propagation du son. Observant soigneusement le zoom pour les premiers échos,

nous pouvons voir que la plupart des premières ré�exions sont modélisés avec une bonne préci-

sion.

Les résultats de simulation pour une chambre rectangulaire de dimension L = [lx, ly, lz ] =

[4, 6, 4] sont présentés dans la �gure 6.12.

D’une manière générale, les premiers échos sont bien modélisés et les impulsions de la réver-

bération tardive est dense et décroît de façon exponentielle. Cependant, il y a un peu, au moins

une ré�exion de l’ordre première et une ré�exion d’ordre secondaire, qui sont largement sous-

estimés. En comparaison avec les résultats de simulation de la salle 1, il est une erreur plus

grande. Cela provient principalement de la discrétisation grossière de la géométrie.

Le coe�cient d’absorption varie de α = 0.2 à α = 0.6.

Tableau 1 montre les T60 prédits en utilisant le modèle ARN. Les résultats de prédiction en

général sont d’accord avec les prédictions Sabine. Il est encore une fois la salle 2 qui a une plus

grande erreur de prédiction. Cela provient principalement de la discrétisation grossière de la

géométrie.

Les tests informels d’écoute révèlent que la qualité sonore modélisé par ARN a une améliora-
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Table 1: Prédiction du temps de réverbération.

Room α 0.2 0.3 0.4 0.5 0.6

1

Sabine (s) 1.271 0.847 0.635 0.508 0.424
ARN (s) 1.317 0.823 0.613 0.477 0.392
Error (%) 3.6 2.8 3.5 6.1 7.6

2

Sabine (s) 0.604 0.403 0.302 0.242 0.201
ARN (s) 0.703 0.449 0.339 0.263 0.212
Error (%) 16.3 11.4 12.2 8.6 5.4

tion considérable par rapport aux FDNs traditionnels. Les premières ré�exions sont perceptibles

qui améliore la clarté du son réverbérant. La qualité du son est comparable à celle de la méthod

hybride et peut être utilisé comme une alternative à la méthode hybride.

En outre, en raison du nombre élevé de lignes à retard et la permutation aléatoire entre la

ligne des commentaires de retard, la réverbération tardive est de satisfaire la qualité de son avec

son réverbéré lisse. Si le nombre de lignes à retard est réduite, une telle structure de rétroaction

avec permutation aléatoire et la matrice de rétroaction clairsemée peut également être utilisé

comme un dispositif de réverbération arti�cielle de remplacement même que pour modéliser la

réverbération tardive.

0.7 Conclusions et Travaux Futurs

Contributions

La contribution principale de cette thèse a été mis sur l’exploration de la réverbération arti�cielle

géométrique basée. Dans la plupart des travaux précédents sur la modélisation acoustique, méth-

odes géométriques et réverbération arti�ciels sont souvent étudiés séparément ou sont utilisés de

manière hybride où chaque méthode est utilisée pour simuler une région temps-fréquence spéci-

�que de la réponse impulsionnelle. Ainsi très peu l’accent a été mis sur l’interprétation physique

des structures et des paramètres des réverbération arti�ciels, tels que la matrice de rétroaction,

les retards et les unités �ltres d’atténuation. Dans cette thèse, nous avons mis l’accent sur l’étude

des liens entre les modèles physiques et les réverbérations arti�ciels. La signi�cation physique

des di�érents paramètres dans les �ltres réverbérant arti�ciels sont étudiés. Modèles acoustiques

géométriques, y compris la méthode de transfert de rayonnement et l’équation de rendu acous-
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tique, sont utilisés pour relier les deux catégories de méthodes, et ont été incorporés dans les

structures de rétroaction récursives pour estimer leurs paramètres. Plus précisément, la méth-

ode de transfert de rayonnement a été utilisé pour estimer les paramètres des réverbères arti-

�ciels pour modéliser les ré�exions di�uses, et le rendu acoustique équation étend en outre les

structures de rétroaction récursives et leur permet de modéliser à la fois spéculaire et ré�exions

di�uses.

La contribution de cette thèse comprend les techniques suivantes:

• Une méthode d’estimation des paramètres pour les réseaux récursifs de ligne à retard et

un �ltre réverbérant géométrique basée.

• Une mise en œuvre pratique des retards variables pour réverbération arti�ciels et une nou-

velle structure rétroaction de ligne à retard récursive pour améliorer la qualité sonore des

réseaux récursifs traditionnels.

• Un schéma de collecte �nale uniforme pour l’équation de rendu acoustique.

• Un nouveau réseau de rendu acoustique qui génère à la fois des échos précoces / spéculaires

et ré�exions tardives / di�uses.

• Un système de rendu acoustique virtuelle pour les applications de social interactif dans la

réalité virtuelle.

Travaux futurs

Basé sur les dé�s des sujets et la réalisation e�ectuée dans cette thèse, la recherche et le développe-

ment peuvent être réalisés à l’avenir dans plusieurs directions.

D’une manière générale, les techniques étudiées dans cette thèse, les techniques de mod-

élisation des e�ets de di�raction dans les méthodes proposées, en particulier la reverberator

géométrique à base et les réseaux de rendu acoustique, ne sont pas bien discuté. Dans les scènes

acoustiques dynamiques à géométrie complexe, la modélisation du phénomène de di�raction

est important, surtout pour les premiers échos. Etant donné que les lignes à retard des réseaux

de rendu acoustique est étroitement liée aux taches super�cielles de la géométrie, le noyau de

ré�exion et la matrice de rétroaction correspondant peut être étendu pour supporter un modèle

de di�raction.

Pour la reverberator �n géométrique à base proposée dans le chapitre 3, le schéma de re-

groupement existant est basé sur le principe de l’énergie uniforme. D’autres extensions peuvent
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enquêter sur d’autres schémas de regroupement, a�n d’obtenir une conception de groupe plus

�exible, et peut-être d’introduire des informations spatiales pour chaque groupe.

Dans certains environnements extrêmes, les fréquences sonores et modaux légèrement mé-

talliques sont les e�ets sonores souhaités. Ainsi, il est nécessaire d’avoir un paradigme général-

isé de choisir les longueurs de retard a�n de modéliser les e�ets sonores de di�érents scénarios

d’application.

Pour augmenter la précision de la modélisation des premiers échos en utilisant l’équation de

rendu acoustique au chapitre 6, l’idée de pré-calcul de la subdivision et la construction de l’arbre

de faisceau de la méthode de traçage de faisceau peut être utilisé pour optimiser la discrétisa-

tion de la géométrie . La limitation sera que cette discrétisation est seulement optimale à un

endroit précis de la source. En utilisant la propriété de réciprocité, ce qui peut être appliquée

dans des scénarios où au moins une des deux parties de communication est statique et l’autre est

dynamique, comme un concert musical et un discours public. L’optimisation de discrétisation est

également applicable aux réseaux de rendu acoustiques dans le chapitre 6.

Dans le système de rendu acoustique virtuelle pour l’application de réseautage social dans le

chapitre 7, seulement la reverberator géométrique à base est actuellement intégrée pour mod-

éliser les ré�exions di�uses et la réverbération tardive. ré�exions spéculaires et au début des

échos peuvent être inclus en utilisant les réseaux de rendu acoustiques du chapitre 6. optimisa-

tion informatique doit être fait pour les réseaux de rendu acoustique, par exemple en utilisant

moins de patches et en utilisant la faible densité de la matrice de rétroaction, a�n de le rendre

applicable pour le rendu en temps réel.
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Introduction

An experienced acoustician �rst investigates the acoustic e�ects of a room by clapping in his

hands and listen. This empirical method was often used to gain a �rst insight of the acoustics of

the place and is very practical to perceive some of the acoustical qualities of a room. The same

music, when played in di�erent environments, such as a recording studio, a concert hall or in the

open air, gives very di�erent perceptual experiences. At the same time, a well-designed concert

hall can be excellent to host an orchestra performance, but may not be suitable to deliver a public

speech to an large audience. Therefore the e�ects of the room in which we perceive the sound

have an important in�uence on what we hear, and then, in�uence our assessment of the listening

environments.

Reflection

Diffusion

Direct sound

Figure 1: Illustration of acoustic e�ects in a concert hall of overture center for the arts, in Madi-
son, Wisconsin, USA. Photo by Je� Goldberg/Esto

What do we hear in a room ?
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Sound perception in a room is a�ected by a number of factors. The originally played sound,

ideally recorded in an anechoic studio without the reverberation e�ects of the environment, is

referred to as dry signal. When the same sound is played in di�erent rooms, a room e�ect, unique

for the environment considered, is imposed onto the original signal. If we denote the original

dry signal as x and what we �nally hear as y, then their relationship can be described as:

y = h(x). (7)

where h is an operator that gathers all the room e�ects imposed to x. It is reasonable to assume

that the room e�ects h is independent of the signal played and is considered constant during

the period of perception. That is to say, the room e�ects operator can be regarded as a Linear

Time-Invariant (LTI) function.

The room e�ects operator h is determined by a number of factors related to the room and

transportation medium:

h = f(xs,xr, α,G, · · · ), (8)

where xs and xr are the positions of the sound source and the listener, α denotes the acoustic

characteristics of the construction materials of the room surfaces, G denotes the shape and ge-

ometry of the room. There are also a number of other named and unnamed a�ecting factors,

such as the directivity of the source and receiver, the furnishing level, the obstacles between the

source and the receiver, the humidity and the temperature in the room, or even a person moving

inside the room can a�ect the received room e�ect.

Can the sound bring us to a virtual environment ?

If the room e�ects can be quantitatively rebuilt, we start to wonder if we can rebuild the acoustic

space virtually, to make our ears hear the sound in the virtually modeled environment, without

physically being there. This arises within an interesting topic called virtual acoustics, which

has become popular in research and in industry due to the constant demand of the evolution in

virtual reality techniques.

Virtual acoustic techniques havemade great progress in the last decade. Existing virtual acous-

tic systems include IKA-SIM by Ruhr-University Bochum in Germany [Blauert et al., 2000; Silzle

et al., 2004], SLAB by NASA in U.S. [Miller andWenzel, 2002; Wenzel et al., 2000], DIVA by Aalto

University in Finland [Savioja et al., 1999], as well as the system by Boston University [Scarpaci

and White, 2005].
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Figure 2: Structure of a dynamic virtual acoustic environment system.

Virtual acoustic environment systems recreate the auditory perceptions as if it would hap-

pen in real world by simulating acoustic environment arti�cially. The virtual acoustic environ-

ment system includes sound source modeling (directional sources), room reverberation model-

ing (direct sound, re�ections, di�usion, reverberation) and listener modeling (individual scat-

tering/di�raction caused by diversity of human anatomical structure). The information of the

source and the receiver need to be monitored and updated regularly, as well as the room rever-

beration e�ects. Thus, a sophisticated virtual acoustic system should be interactive, dynamic,

individualized and able to perform real-time rendering.

One of the challenges in virtual acoustic systems is how to simulate realistic room acoustic

e�ects in an interactive manner for real-time rendering. Various methods exist for modeling

virtual acoustic e�ects, from geometric-based methods to perception-based methods.

How to model the room acoustic ?

Many techniques have been proposed to compute the Room Impulse Responses (RIRs) in order

to simulate the sound propagation within a room. They can be roughly divided into wave-based

methods, ray-based geometric methods and statistical approaches.

Wave-based methods [Botteldooren, 1995; Savioja et al., 1995] solve the wave equations nu-

merically and thus provide the most accurate results. However, they are also the most computa-

tionally demanding methods.

Ray-based geometric approaches rely on the physical principles of sound propagation, but

with the simplifying assumption that sound waves travel as rays. The Image Source Method
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(ISM) [Allen and Berkley, 1979] computes specular re�ection paths by considering a set of virtual

sources, which are positioned at mirrored locations with respect to each wall. The ray tracing

method computes sound rays outgoing from the source through the acoustic scene, and collects

them at the receiver. The Radiance Transfer Method (RTM) [Lewers, 1993], originating from the

light transport algorithm, e�ciently models the di�use re�ections of RIRs and the sound energy

decay of the late reverberation.

On the other hand, statistical methods, also referred as perception-based methods, use global

acoustic parameters, such as reverberation time, to model the main perceptual aspects of re-

verberation. Schroeder �lter [Schroeder, 1962] uses recursive comb �lters and all-pass �lters

to simulate the dense echoes of the late reverberation. It is generalized into a structure called

Feedback Delay Networks (FDNs) [Stautner and Puckette, 1982], which have been widely used

to synthesize the late reverberation in hybrid methods.

However, di�erent methods have their own strengthes and weakness in modeling room acous-

tics. For example, one method can be accurate at modeling the early re�ections, but computa-

tionally ine�cient for late reverberationmodeling. This motivates many works which combined

di�erent methods in order to simulate a complete RIR. The focus of this dissertation is on the

investigation and innovation of the current room acoustic modeling methods and their hybrid

models, notably the hybrid methods combining radiance transfer methods and feedback delay

networks.

Contribution of the dissertation on acoustic modeling

Although various acoustic modeling methods exist, we focus our study on their ability for in-

teractivity and real-time computing. Special focus is put on the radiance transfer methods and

feedback delay networks. The main advantage of the radiance transfer method is that it decou-

ples the source and receiver’s information from the bulk of real-time computation procedure,

which makes it suitable for acoustic modeling in dynamic and interactive scenarios. The feed-

back delay networks, due to its computational e�ciency, is suitable for real-time rendering of

the late reverberation.

In late reverberation modeling, the feedback delay network is an e�cient structure to gener-

ate exponentially decaying dense impulses which synthesize the energy decay trend of the late

reverberation. However such a method relies on carefully choosing a bunch of parameters, es-

timated by either a pre-recorded impulse response from the real acoustic scene, or by manual

setting from the experience of acousticians. At the same time, the exchange of sound radiosity

modeled by the radiance transfer method can be regarded as a huge feedback delay networks

where radiosity of each patch is fed back to other patches inside the enclosure. Thus, the �rst
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contribution of the dissertation is to combine the twomethods and to relate the parameters

of the FDNs with the radiosity exchange of the radiance transfer method. We present a

geometric-related late reverberator. The geometric-related late reverberator inherits the com-

putational e�ciency of the FDNs structure, but estimates the parameters of the FDNs directly

from the virtual geometry setting. The sound radiosity exchange in the radiance transfer method

is mapped to the delay lines of the feedback structure. This creates a new way to estimate the

parameters of the FDNs for late reverberation simulation.

The radiance transfer method was extended in a general form in [Siltanen et al., 2007], named

Acoustic Rendering Equation (ARE), which is able to model not only di�use re�ections by also

specular re�ections. This is done by discretizing the re�ection angles of each patch. This method

is very e�cient formodeling the late reverberation and predicting the acoustic parameters. How-

ever, the accuracy of the modeled early re�ections is not fully discussed in the literature. In the

second contribution, the modeling accuracy of the early re�ections using the acoustic

rendering equation is studied. The �nal-gathering procedure is especially investigated and

an uniform�nal gathering scheme is proposed. Two�nal gathering schemeswere comparedwith

respect to their modeling accuracy of early echoes. Using the uniform �nal gathering scheme, a

single generic method can e�ciently model both the early and the late reverberation of the RIRs.

The last contribution is devoted to the combination of the acoustic rendering equation

with the feedback delay networks to model early and specular re�ections. In the ARE

model, the sound re�ections between surface patches along the discretized direction can be re-

garded as feedback loops in the feedback delay networks. Thus, it is natural to incorporate the

ARE model to the FDNs for the synthesis of room reverberation. However, some modi�cations

and simpli�cations need to be done to the AREmodel. First, the directional discretization scheme

is modi�ed in order to relate the computational elements of the ARE with the feedback delay

lines. Second, the re�ection kernel is simpli�ed to keep the proposed feedback delay networks

stable. The simpli�ed acoustic rendering equation, which models both specular and di�use re-

�ections, is incorporated within the FDNs structure. Thus the hybrid reverberator, �rst designed

to model the di�use and late reverberation, is also capable of simulating the early/specular re-

�ections with accuracy. This work is among the very few solutions which are capable to simulate

early re�ections using feedback delay networks.

The outcomes of the works in this thesis are published in the journal and conference articles:

• [Bai et al., 2013] H. Bai, G. Richard, and L. Daudet. Modeling early refections of room

impulse responses using a radiance transfer method. In Proceedings of the IEEE Workshop

on Applications of Signal Processing to Audio and Acoustics (WASPAA), pages 1–4, New Paltz,
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NY, October 2013.

• [Bai et al., 2015b] H. Bai, G. Richard, and L. Daudet. Late reverberation synthesis: From

radiance transfer to feedback delay networks. Audio, Speech, and Language Processing,

IEEE/ACM Transactions on, 23(12):2260–2271, 2015.

• [Bai et al., 2015a] H. Bai, G. Richard, and L. Daudet. Geometric-based reverberator using

acoustic rendering networks. In Proceedings of the IEEE Workshop on Applications of Signal

Processing to Audio and Acoustics (WASPAA), pages 1–4, New Paltz, NY, October 2015.

• H. Bai, G. Richard, and L. Daudet. Re�ection-based variable delays in feedback delay net-

works. will be submitted to Journal of the Audio Engineering Society - special issue, 2016.

Organization of the document

This document is composed of seven chapters. Chapter 1 introduces the background knowl-

edge of the room acoustics which is essential for the explanation in the rest of the dissertation.

The di�erent presentations used to characterize the acoustical propagation between the source

and the receiver are described. The perceptual aspects related to sound and room acoustics are

discussed.

In Chapter 2, the state of the art of the acoustic modeling techniques is overviewed by cate-

gory. The modeling techniques are divided into wave-basedmethods, ray-based geometricmeth-

ods and perception-based methods. We focus our discussion on the ray-based methods and the

perception-based methods. The pros and cons of each method are presented and a discussion on

the potential in combining di�erent modeling techniques is given.

Chapter 3 presents the proposed hybridmethodwhich combines the di�use version of the radi-

ance transfer method and the feedback delay networks. The basics of the acoustic radiance trans-

fer method and its computation procedure are given. The idea of the link between the feedback

delay networks and the acoustic transfer method is elaborated. The hybrid geometrical-based

statistical modeling paradigm is then presented, with the design procedure of the corresponding

parameter estimation. A special focus is put on the design of the feedback matrix which is essen-

tial for stable feedback delay networks. The method is evaluated in some typical room models,

from both numerical and perceptual perspectives.

Chapter 5 investigates the acoustic rendering equation in its performance in early re�ection

modeling. The basics of the ARE method are reviewed with a discussion on the modeling accu-

racy of the early echoes. Two�nal-gathering schemes are compared. The uniform�nal-gathering
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scheme is evaluated in its performance inmodeling the early re�ections using a rectangular room

with di�erent discretization densities.

In Chapter 6, the acoustic rendering networks are presented. The pros and cons of the feed-

back delay networks are �rstly summarized, which permits us to motivate an hybrid approach by

integrating the ARE model in the acoustic rendering networks. The modi�cation and simpli�ca-

tion of the ARE model are explained and the new geometric-based acoustic rendering networks

are presented. The paradigm of how the parameters of the networks are related to the geom-

etry of the room are then detailed. The simulation results are given to evaluate its modeling

performance.

Chapter 7 discusses the design of systems for creating a virtual acoustic environment in real

time, and links the techniques discussed in the previous chapters with their potential applica-

tions.

Finally in Chapter 8, we summarize our contribution in acoustic modeling techniques. The

perspectives of extending our work in real-time virtual acoustic rendering are discussed.
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Chapter 1

Representation of Sound

In this chapter, we introduce a few physical quantities essential for the understanding of sound

propagation and room acoustics. We describe the di�erent concepts used to characterize the

acoustical propagation between the source and the receiver. We also describe some essential

aspects in room acoustic perception, which often form the guiding principles of spatialisation

and auralization techniques.

1.1 The Physics of Sound

1.1.1 Sound propagation

The generation of a sound wave can be modeled by a mass spring system [Cadoz et al., 1993].

When one mass (for example the membrane of a loudspeaker) is displaced by an excitation, it

takes kinetic energy and vibrates about its mean position. The vibration causes the neighboring

medium to be compressed. The compressed medium stores potential energy and transfers it to

its neighboring medium along its propagation direction, and so on, to continue the propagation

of the sound wave.

Under the in�uence of a sound wave, the medium (for example, the air particles) is compressed

and decompressed, as shown in Figure 1.1. It causes the medium density and pressure vary

rapidly as functions of time and space. The change of the pressure subjects to a temporal and

spatial harmonic variation based on a number of physical laws [Kuttru�, 2009]:

p(x, t) = p̂ exp[i(ωt− kx)], (1.1)

where p̂ is a constant denoting the mean amplitude of the pressure, ω denotes the angular fre-
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Figure 1.1: Top: the air particles are compressed in some region and spread out in others when
sound wave propagates. Bottom: a instant later when the sound propagates slightly
to the right, the particle density changes [Everest et al., 2001].

quency of the wave, k is a real constant called propagation constant or the wave number. Equa-

tion 1.1 is the wave equation in one dimension, and represents the sound propagation in the

positive x-direction.

1.1.2 Sound pressure, intensity and radiance

The propagation of sound wave causes the gas pressure changes rapidly. In room acoustics, the

sound pressure p at the measurement point is de�ned as the di�erence between the instanta-

neous pressure and the static pressure p0:

p = pins − p0. (1.2)

The �uctuation of sound pressure from its static level is much smaller than the static pressure.

The static pressure p0 is 1.013 · 105 Pa in normal laboratory conditions, whereas the sound

pressure p rarely exceeds 10 Pa.

The normally rapidly oscillating sound pressure p is usually more useful for theoretical anal-

ysis than for practical purpose. In practice the Root Mean Square (RMS) of the sound pressure

is often used, which is the square root of the average of the square of the pressure of the sound

signal over a given duration. This is also what we can read on our measurement tools (or what

our ears perceive).



1.1 THE PHYSICS OF SOUND 35

Figure 1.2: Illustration of irradiance and radiance de�nition.

prms = p̄ =

√

1

T

∫ T

0
p2(t)dt. (1.3)

A more frequently used quantity to describe the strength of a sound is the sound intensity. It

is de�ned as the rate of the sound energy �owing across a surface with unit area perpendicular to

the wave direction. It equals the time average of the product of pressure and the particle velocity:

I = p̄v̄ ∝ p̄2. (1.4)

Sound intensity is also related to the Irradiance and Radiance, which are used to describe the

energy �owing when the sound hits a surface.

When the sound hits a surface, there is a certain amount of energy �ow to that surface. The

amount of the energy �owing to the surface is related to the power of the incident sound, the

incident angle and the area of the surface. Irradiance I(x,Ω) is the incident power on surface

x per surface area:

I(x,Ω) =
dΦ

dA
cos Ω (1.5)

where Ω is the angle between the normal n to the surface and the measured intensity, x =

(x, y, z) is the coordinates of the radiation point on the surface, dΦ is the power incident on

the surface dA, as shown in Figure 1.2. The irradiance is equal to the sound intensity when the

incident direction is perpendicular to the surface.

Radiance L(x,Ω) is de�ned as the radiant power per projected solid angle per unit area.
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Radiance is a function of position and orientation:

L(x,Ω) =
d2Φ

dΩ⊥dA
=

d2Φ

dΩ cos θdA
=

dI

dΩ cos θ
. (1.6)

The acoustic radiance de�ned above has the following properties:

• The radiance going from point A to point B equals the radiance incoming at point B from

the direction of point A.

• The radiance does not depend on the distance.

• If the radiance is constant, the energy �owing to a surface with unit area diminishes with

the square of the distance.

1.1.3 Velocity of sound

When the sound wave is propagated in the medium, the propagation speed is called the velocity

of sound. The speed of propagation depends on the characteristics of the particles of the medium.

In the air, the velocity of sound can be approximated by [ISO9613-3, 1996]:

c = 343.2

√

273.15 + K

293.15
, (1.7)

where c is the velocity of sound in the air in [m· s−1], and K is the temperature in degrees Celsius.

1.1.4 Sound re�ections and di�raction

The sound propagation mechanisms normally include specular re�ection, di�usion and di�rac-

tion.

Specular re�ection An acoustic travelling wave can be specularly re�ected by a solid surface.

At the boundary of the surface, the sound travel direction is changed. The amplitude of the

sound wave is attenuated as part of its energy is absorbed by the surface material. There is a

phase change to the re�ected sound, which is due to the re�ection characteristics of the surface

material.

For a plane wave propagating along the positive x-direction, as represented in Equation 1.1,

the re�ected sound is:

pr(x, t) = Rp̂ exp[i(ωt+ kx)], (1.8)
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Figure 1.3: Illustration of the specular re�ection of sound wave. This can be viewed as a virtual
sound source, called “image source”, emitting in free �eld. The angle of incidence θi
equals the angle of re�ection θr .

where R is the re�ection factor, which describes the amplitude attenuation and phase change

between the re�ected soundwave and the incident soundwave. The sign of the x term is inversed

as the re�ected sound travels in the opposite direction of the incident sound.

Specular re�ections behave in the same way as light re�ections from a mirror, where the angle

of the re�ected sound with respect to the surface normal equals the angle of the incident sound:

θi = θr, (1.9)

as shown in Figure 1.3.

In two dimensional space, the original sound wave and the re�ected sound wave in Figure 1.3

can be described as:

pi(x, t) = p̂ exp [i (ωt− k (x cos θi − y sin θi))] , (1.10)

pr(x, t) = Rp̂ exp [i (ωt− k (−x cos θr − y sin θr))] . (1.11)

In near �eld of the re�ection surface, specular re�ection can also result in standing waves.

Di�usion Awave is scatteredwhen it encounters a surface which has variations on the scale of

the wavelengths of the incident wave. Ideally, when a sound is di�usely re�ected by a surface, its

re�ected energy is distributed uniformly in all directions of the space. Thus a perfectly di�usive

sound space is one that has certain key acoustic properties which are the same anywhere in the
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space. For a good concert hall, reverberation should be di�use in order to avoid “standing waves”

[Smith, 2010] and coloration.

Di�raction In a sound propagationmedium, sound wave-fronts travel in straight lines, except

when they encounter an obstacle which has a comparable size to the wavelength of the incoming

sound. Obstacles can cause a sound to change direction from its original rectilinear path. Low-

frequency sounds di�ract more than high-frequency sounds.

Several quantitative descriptions are de�ned to describe in a macro sense the sound re�ections

and di�usion. When a sound hits a re�ective surface, the amount of re�ected sound, both specular

and di�use, is given by the re�ection coe�cient which is the ratio of the pressure between the

re�ected sound and the incident sound. The amplitude of the re�ection coe�cient is:

R2 =
Ir
Ii
, (1.12)

where Ii is the intensity of the incident sound, Ir is the intensity of the re�ected sound.

The amount of energy absorbed by the surface material is given by the absorption coe�cient

denoted as α:

α = 1−R2. (1.13)

The amount of energy which is di�usely re�ected, among all the re�ected energy, is de�ned as

the scattering coe�cient s. Using the conservation of energy, the sound re�ection and absorption

can be described as:

α+ s(1− α) + (1− s)(1− α) = 1. (1.14)

The absorption coe�cient of some commonly usedmaterials can be found in [Vorländer, 2008].

1.2 Representation of Sound Propagation

The propagation of a sound within an enclosed space undergoes several re�ections and di�rac-

tion at walls and obstacles. This physical property creates the so-called reverberation. The re-

verberation e�ects depend on the size and shape of the room, and the construction material of

its surfaces. It sometimes also causes coloration e�ects by the repetition of sound caused by
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re�ections. The coloration depends on the position of the sound source and listener. Thus it is

important to discuss the representation of the sound propagation for the purpose of reverberation

e�ect analysis and sound rendering.

1.2.1 Room Impulse Response

The time-domain representation of the room-dependent sound propagation, between a sound

source and a receiver, is classically characterized by the Room Impulse Response (RIR). It is the

response of a room when excited by an ideal impulsion. The RIR is important to characterize

the acoustic e�ects of the room. Its convolution with an anechoic sound produces a reverberant

sound as perceived in a particular room. The RIR can be parameterized by the following factors:

h(t | xs,xr,k), (1.15)

where t denotes the temporal variable, xs and xr are the positions of the source and the receiver,

and k denotes the room characteristics including its geometry and the surface materials of its

walls.

Two main families of methods may be used to obtain a RIR. It is �rst possible to measure

the response, using an impulsive sound, i.e., a gun shot or a balloon pop in an existing room.

More accurate methods, such as Maximum Length Sequence (MLS) [Borish and Angell, 1983] or

sweep methods [Müller and Massarani, 2001] are often performed for RIR measurements. The

other method used to compute a RIR is through numerical simulation. Many techniques have

been proposed to compute RIRs in order to simulate the sound propagation within a room. They

can be roughly divided into wave-based methods, ray-based geometric methods and statistical

methods. We present in Chapter 2 many algorithms that can be used to model a RIR.

Room impulse responses, depending on their time of arrival and their distinct perceptual cues

provided, are classically decomposed into three parts: the direct sound, the Early Re�ections (ER)

and the Late Reverberation (LR), as shown in Figure 1.4.

Direct sound The direct sound is the �rst contribution that travels from the source to the

receiver. Most of the time, the direct sound is processed apart from the rest of the RIR.

Early re�ections The ER portion of the RIR is often taken to be the �rst 100ms or so [Moorer,

1979]. ER helps in localization and conveys spatial information about the environment. It is

known that the early re�ections have a strong in�uence on the listener’s perception of the shape

of listening-space [Dokmanić et al., 2011, 2013]. That is to say, we can “hear” the shape of the
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time [s]

Early reflections

Direct sound

Late reverberation

Figure 1.4: Illustration of room impulse response: direct sound, early re�ections and late rever-
beration. The impulse response is from the Aachen Impulse Response Database [Jeub
et al., 2009].

room by the aid of the early re�ections.

Late reverberation LR enhances immersion, contributing to the perception of the size of the

environment, its amount of furnishing and type of absorptivity [Kuttru�, 2009]. It however lacks

a clear boundary between the early re�ections and the late reverberation. One de�nition of when

the RIR leaving the early re�ections and entering into the late reverberation is when it begins to

look Gaussian, since a random sum of plane waves uniformly distributed over all angles of arrival

yields a Gaussian distributed pressure �eld [Smith, 2010]. Another desired property of “late re-

verberation” is that the remaining energy in the RIR, the Energy Decay Curve (EDC) [Schroeder,

1965], approaches to be an exponential decay.

1.2.2 Plenacoustic Functions

One would be interested to know what the room sounds like between any source and receiver’s

locations in the room. Plenacoustic functions, �rst mentioned in [Kubovy and Van Valkenburg,

2001], extend the notation of the room impulse response and represent the evolution of RIRs as

a function of the three-dimensional spatial positions of source and receiver. Knowing this infor-

mation, we can easily calculate the reverberant sound produced by the room from the source’s

position to the receiver’s position. The plenacoustic function is thus parameterized by the fol-

lowing factors:

Pk(t,xs,xr | k), (1.16)
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where t denotes the temporal variable, xs and xr are the positions of the source and the receiver,

and k denotes the characteristics of room.

Static acoustic scenes, if neglecting their environmental variations such as temperature and

humidity changes, can be considered as linear and time-invariant (LTI) systems, which can thus

be uniquely characterized by their plenacoustic functions. The plenacoustic fucntions were

�rstly studied and analysized in [Ajdler and Vetterli, 2003a,b] to answer the question “howmany

microphones do we need to place in the space in order to completely reconstruct the sound �eld

at any position in the space ?” In [Ajdler et al., 2006], the optimal sampling pattern in time and

space was discussed and a quantitative sampling theorem, trading o� sampling rate for SNR, has

been presented.

Using the modal theory, [Mignot et al., 2011a] uses a Compressed Sensing (CS) approach to

sample and to reconstruct the plenacoustic functions at low frequencies, with a number of sensors

signi�cantly lower than would be required by Shannon-Nyquist sampling theorem. In [Mignot

et al., 2011b], the sparsity of the early part of the RIRs was exploited and the compressed sensing

approachwas applied to reconstruct the early part of plenacoustic functions. [Bianchi et al., 2013]

utilised the deconvolution techniques from aerospace acoustic imaging to improve the resolution

capabilities of plenacoustic imaging.

1.2.3 Echogram

The echogram, also referred as re�ection diagram, is a temporal representation of the strengths

of re�ections [Kuttru�, 2009]. It equals the magnitude of the impulse response represented on

a logarithmic scale. The echogram is used to represent the response of a room with energetic

propagation algorithms such as ray tracing [Krokstad et al., 1968] and radiance transfer methods

[Lewers, 1993; Nosal et al., 2004]. As the echogram represents the propagation of the energy, it

does not contain phase information.

1.3 Perception of Room Acoustics

1.3.1 Perceived Sound Intensity

Human sensation of loudness corresponds to a logarithmic intensity scale rather than a linear

one. For this reason, it is customary to compare the loudness of two sounds by the logarithm of

the ratio of their intensity or pressure. The loudness level in free space is thus de�ned as:
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Figure 1.5: Curves of equal loudness level (data from [ISO226, 2003]). The dashed line corre-
sponds to the average threshold of hearing.

L = 20 log | p̄1
p̄2
| = 10 log

I1
I2

dB, (1.17)

where p̄2 is the RMS pressure and I2 is the intensity of a reference sound. Usually, p̄2 = 2·10−5Pa

which corresponds to the just audible pure sound at 1 kHz.

1.3.2 Frequency Perception of Sound

It is well known that the perception of frequency content is unequal across the spectrum. Figure

1.5 shows the curves of equal loudness level [Fletcher and Munson, 1933; ISO226, 2003]. They

depict the sound pressure levels for di�erent frequencies at equal perceived loudness.

The ear sensitivity reaches its highest value for frequencies in the range 600 to 5000 Hz. This

frequency region corresponds to the most salient part of human speech spectra.
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1.3.3 Spatial Perception

The perception of sound in 3D involves a number of cognitive mechanisms. The duplex theory

[Strutt, 1907] uses interaural time delay (ITD) and interaural level di�erence (ILD) to model the

human sound localizationmechanism. The time di�erence between the onset of non-continuous

(transient) sounds or the phase di�erence of more continuous sounds at both ears is known as

ITD [Carlile, 1996]. The di�erence in level between the sound reaching both ears, mostly caused

by the “acoustical shadow” e�ect of the head, is known as ILD.

However, the duplex theory alone is not able to explain how one can distinguish a number of

ambiguous situations such as front-back confusions. For a sound located on the median plane,

or directly above or below the listener, both ITD and ILD cues are (nearly) zero. In fact, when

the sound reaches the listener, more complex interactions of sound can occur before it enters

the eardrum, such as di�raction and attenuation by the head, shoulders, torso and particularly

the outer ear. These interactions modify the spectrum and timing of a sound signal, and can be

modeled as complex transfer functions called Head Related Transfer Functions (HRTF). The left

and right ears’ HRTFs HL andHR can be de�ned as:

HL =
ΦL(ω, δ, φ, d)

Φf (ω)
, (1.18)

HR =
ΦR(ω, δ, φ, d)

Φf (ω)
, (1.19)

where ΦL(ω, δ, φ, d) and ΦR(ω, δ, φ, d) are the sound pressure levels (SPL) at the eardrum of the

left and right ears, Φf (ω) is the reference SPL at the central position of the head when the head

is absent. ω is the angular frequency, δ and φ are the azimuth and elevation angles and d is the

distance from the listener to the source.

HRTFs provide the necessary information to perceive vertical directions and to disambiguate

front-back confusions [Moore, 2012]. The problem with HRTF is that they are unique to each

person. Much work has been done in order to �nd a general model to represent the head related

characteristics.

1.3.4 Objective Parameters of Room Acoustics

Room impulse responses can be analyzed from many aspects, from time domain to frequency

domain. In order to simplify the evaluation process for the acoustical characteristics of a room,

several objective indicators have been proposed. Each of them covers a certain aspect of the

perception of the acoustic quality of the room.
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Reverberation Time

The sound intensity of the room impulse response, especially the late part, has an exponentially

decaying trend. Reverberation time (RT), also referred as T60, is a measure of the rate of decay

of the intensity. It is de�ned as the time in seconds required for sound in a room to drop 60 dB

from its original level.

The RT can be measured by a recording device. The device simply measures the time required

for the sound to decay 60 dB. When the background noise is high, it can measure the time for

the �rst 20-30 dB delay, and then extend it to 60 dB using the exponential decay assumption.

By assuming a perfectly di�used sound �eld, the Sabine equation relates the RT with the

volume of the room and the absorption condition of the room [Kuttru�, 2009]:

T60 =
0.161V

A
, (1.20)

where T60 is the reverberation time in second, V is the volume of the room in m3, and A is the

total equivalent area of absorption, which is calculated as

A = A1α1 +A2α2 +A3α3 + · · · , (1.21)

where Ai is the area and αi is the absorption coe�cient for all the absorptive surfaces of the

room.

The reverberation times for typical room types are 0.6-0.7 s for classrooms, 0.9-1.2 s for movie

theaters and 1.7-2.2 s for concert halls.

De�nition D50

The de�nition is the percentage of energy reaching the listener during the 50 �rst milliseconds

over total energy:

D50(%) = 100

(∫ 0.05
0 p2(t)dt
∫ +∞
0 p2(t)dt

)

. (1.22)

It helps to characterize the intelligibility of speech. This information is essential for classroom

or amphitheater modeling. In concert hall acoustics it refers to the degree to which individual

strands in a musical presentation can be di�erentiated from each other.
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Clarity C80

The clarity expressed in dB is based on a ratio of energy during the �rst 80 milliseconds over the

energy after 80 ms:

C80(dB) = 10 log

(∫ 0.08
0 p2(t)dt
∫ +∞
0.08 p2(t)dt

)

(1.23)

C80 is often used to assess the reverberation property for music signals. In an anechoic room

where little/no reverberation is present, the perceived music will be very clear and C80 will have

a large positive value. If the reverberation in the room is large and the listener is far away from

the speaker, the sound will be unclear and C80 will have a relatively high negative value. C80

becomes 0 dB, if the early re�ections and the late reverberation contain equal energy.

For orchestral music a C80 of 0 dB to -4 dB is often preferred, but for rehearsals conductors

often express satisfaction about a C80 of 1 dB to 5 dB, because every detail can be heard. For

singers, all values of clarity between +1 and +5 seem acceptable. C80 should be generally in the

range of -4dB and +4dB.

For speech, in comparison to music, the clarity will be measured as the ratio of the �rst 50 ms

(C50) instead of 80 ms (C80) for music.
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Chapter 2

Acoustic Modeling Techniques

A sound emitted from the source may undergo several re�ections and di�ractions within the

acoustic scene before it is heard by the listener. Realistic sound propagation modeling and ren-

dering can add a whole new layer of realism to the visualization of the virtual environments.

The 3D acoustic scene can be synthesized from two perspectives: the physical approaches and

the perceptual approaches. The physical approaches model the accurate sound propagation in

the acoustic environment using the wave-based methods or the ray-based geometric methods.

The perceptual approaches, oftenmentioned as statistical acoustics, on the other hand, use global

acoustic parameters to model the main perceptual aspects of the environment.

In this chapter, the state of the art of the acoustic modeling techniques is overviewed by cate-

gory. We focus our discussion on the ray-basedmethods and the statisticalmethods. We conclude

this chapter by discussing the potential in combining di�erent modeling techniques and the pros

and cons of the existing hybrid models.

2.1 Wave-based Numerical Acoustics

Wave-based numerical methods are the most accurate modeling methods for the simulation of

sound wave propagation in bounded environments. The direct numerical solution of the wave

equation, achieved through the use of discrete element methods, provides a means of emulating

the behavior of sound �elds that inherently incorporateswave properties. At the same time, they

are the most computationally-demanding methods too.

The currently used wave-based acoustic modeling methods can be classi�ed into three cate-

gories: Finite Element Methods (FEM), Boundary Element Methods (BEM) and Finite-Di�erence

Time-Domain methods (FDTD) [Botteldooren, 1995; Savioja et al., 1995]. In FEM, the complete
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space considered need to be discretized into volumetric elements, while in BEM, only the bound-

ary of the space are discretized. Typically, the requirements of computation resource andmemory

capacity for the FEM are higher than for the BEM. While the FEM and the BEM typically oper-

ate in the frequency domain, the FDTD simulates the room acoustic in the time domain. The

main principle of the FDTD is that the derivatives in the wave equations are replaced by the

corresponding �nite di�erences [Strikwerda, 2004].

However, the wave-based methods are also the most computationally-demanding methods.

Thus, in practice, they are usually only used formodeling the room acoustics in the low frequency

range [Kleiner et al., 1993; Pietrzyk, 1998]. For real-time auralization, they are only used to model

the direct sound and the early re�ections. With consideration of simplifying the computation,

the FDTD can be suitable in real-time auralization [Savioja, 2010].

Since the wave-based methods are not the focus of this thesis, interested authors are encour-

aged to refer to these recent advances [Kowalczyk and VanWalstijn, 2011; Sakamoto et al., 2006;

Savioja et al., 2006; Southern et al., 2013; Svensson and Kristiansen, 2002; VanWalstijn andKowal-

czyk, 2008].

2.2 Ray-based Geometric Acoustics

In geometrical room acoustics where the room size is large compared to the wavelengths of

sound, the concept of a wave is of minor importance; it is replaced instead by the concept of a

sound ray [Kuttru�, 2009]. This condition is often met in room acoustics. For example in a room

with dimension of 4×4×3, if we consider a sinusoid sound of frequency 1 kHz, its corresponding
wavelength is 34 cm, which is much smaller than the dimension of the walls of the room. The

sound ray, like the light ray, is a concept which simpli�es the sound wave to the limiting case

of vanishingly small wavelengths. The sound ray has well-de�ned direction of propagation, and

is subject to specular and di�use re�ections when it hits the re�ective surfaces. The limited

velocity of sound requires that the propagation time cannot be neglected when simulating the

propagation process using sound rays. Many acoustical e�ects are related to the propagation

time, such as echoes, reverberations and so on.

Many techniques have been proposed to simulate the sound propagation using the concept of

sound ray [Savioja and Svensson, 2015]. These techniques are referred to as geometric methods.

In this section, we present the main concept of the classical geometric methods. Focus is given

to the discussion on the di�erence between these techniques, and their pros and cons.
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Figure 2.1: Illustration of the �rst and second order of virtual sources for image source method
[Loyet, 2012]. The red dots are the sound source and its virtual sources, and the green
dot is the receiver.

2.2.1 Image Source Method

The Image Source Method (ISM), �rst presented in [Allen and Berkley, 1979], is the mostly used

geometricmethod to exhaustively �nd all the specular re�ection paths from a source to a receiver.

The specular re�ection paths are computed by considering a set of virtual sources. The �rst order

of virtual sources is obtained by considering the mirrored locations of the source with respect to

each re�ecting wall, as illustrated in Figure 2.1. The second order of image sources is obtained

from the �rst order of virtual sources: each �rst-order virtual source is mirrored with respect to

the re�ectingwalls to generate second-order virtual sources. The process continues until enough

re�ection paths are found, or the re�ected sound energy is small enough to be neglected.

The advantage of the image source method is that it gives a totally exhaustive list of the spec-

ular re�ection paths up to the de�ned re�ection order. The main drawback is that its computa-

tional complexity increases exponentially with the order of re�ection since the number of virtual

sources also increases exponentially [Rindel, 2000]. The exact number of virtual sourcesNS after

N th
r order of re�ections is given by:

NS = 1 +NW +

Nr∑

n=2

(NW − 1)n, (2.1)
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where NW is the number of rigid walls in the scene.

Another problem with the image source method is that, for more complex geometries than

shoeboxes, not all the virtual sources generated using the mirroring positions are visible at the

receiver. Thus, the visibility needs to be checked for each newly created virtual source. [Borish,

1984] proposed the use of the ray tracing method to verify visibility. When a virtual source is

created, a virtual ray is created at the receiver’s location and sent towards the direction of the real

sound source. This virtual ray is propagated in the scene. If the virtual ray reaches the real source

with the same order of re�ections, this virtual source is determined as valid for the computation

of the RIR.

Many extensions were introduced after the proposition of the original ISM. [Lee and Lee, 1988]

improved the computational e�ciency of the image source method by early discrimination of

invisible virtual sources during computation. [Lehmann and Johansson, 2008] uses the ISMmodel

to predict the energy decay trend of the late reverberation and a di�use reverberator is proposed

in [Lehmann et al., 2010] based on this study. [McGovern, 2009] proposes a fast image source

method to calculate the RIRs of shoebox rooms. [Heinz, 1993] used ISM for Binaural auralization.

In general, the image source method, like all the other ray-based geometric methods, only

holds for high frequencies. Besides, it does not allow the preservation of wave characteristics

such as di�raction and di�usion. Based on its advantages and its shortcomings, in real-time

auralization, the ISM is usually used to model the early specular refelctions, leaving the di�usion

and the late reverberation to other methods such as radiance transfer methods (Section 2.2.2 and

3.1) and arti�cial reverberators (Section 2.3).

2.2.2 Deterministic Ray Tracing Methods

The ray tracing method [Krokstad et al., 1968; Kulowski, 1985] is one of the most important

geometric methods in practice and has several variations. Starting from the main concept of the

ray tracing method, many algorithms have been derived from it, among which:

• Stochastic ray tracing [Dalenbäck, 1996];

• Cone tracing [Martin et al., 1993];

• Sonel mapping [Kapralos et al., 2006];

• Phonon tracing algorithm [Bertram et al., 2005];

The basic ray tracing method emits sound rays from the source, each of which carries a cer-

tain amount of energy. The rays bounce between the surfaces in the scene according to the
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pre-de�ned re�ection manner, which are �nally collected by the receiver. Although specular re-

�ection is the commonly used re�ection kernel, di�raction and di�usion can also be accounted

for [Lehnert and Blauert, 1992; Naylor, 1993].

The sound rays are emitted from the source either in a pre-de�ned uniform pattern, or a ran-

domized uniform pattern. A directional sound source can also be modeled by modifying the

emission pattern of sound rays from the source. The receiver is modeled as a receiving vol-

umetric object. It is usually a sphere, in order to have an omnidirectional collecting element.

According to [Vorländer, 1989], the minimum number of rays used in a simulation for a sphere

of radius rL can be approximated by:

Nr ≥
4(Thc)

2

r2L
, (2.2)

where Th is the length of the RIR we intend to model using ray tracing and c is the sound velocity.

To generate a RIR of duration 1 s using a sphere of radius 1 m as receiving volume, at least 4.5·106
rays are needed. [Lesoinne and Embrechts, 2008] use a time-varying receiving volume which

progressively modi�es the receptor size as the ray’s travel grows.

Compared with the exponential increase of the computation load for the ISM, the computa-

tional complexity increases linearly with the order of re�ections. However, large number of rays

need to be used in order to reduce the systematic error due to the �nite number of rays [Ku-

lowski, 1982]. Note that the ray tracing method is source and receiver dependent. When the

source or the receiver moves, the rays need to be emitted and traced again. These computational

constrains make such methods inappropriate for real-time interactive applications.

2.2.3 Beam Tracing

Beam tracing method [Funkhouser et al., 1998; Heckbert and Hanrahan, 1984] is an optimal solu-

tion to the problem of �nding the early specular re�ections [Laine et al., 2009]. It produces exactly

the same results as the image source method, while optimizing the visibility calculation so that

only the image sources which are part of the valid re�ection path are considered [Funkhouser

et al., 1998].

The beam tracing method pre-computes the spatial subdivision, where the 3D space is par-

titioned into convex polyhedral regions, as illustrated in Figure 2.2. A beam tracing algorithm

recursively traces the pyramidal beams through the spatial subdivision to construct a beam tree

data structure representing the region of space reachable by each potential transmission sequence

and specular re�ection path.
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Figure 2.2: Illustration of the spatial subdivision of the beam tracing method [Funkhouser et al.,
1998]. The sound �rst reaches cell E after leaving cellD. It is re�ected in cell E and
enters cell C and �nally cell B.

The original beam tracing handles low-order specular re�ections for �xed sources. [Tsingos

et al., 2001] extended it to include di�raction via the geometric theory of di�raction, for edges

which aremuch larger than thewavelength. An accelerated beam tracing algorithms is optimised

by using the spatial coherence in path validation [Laine et al., 2009]. [Chandak et al., 2008]

present an interactive algorithm which supports moving sources and real-time update rate for

complex scenes. [Antonacci et al., 2008; Markovic et al., 2016] use an iterative lookup of a special

data structure that describes the global visibility between re�ectors to speed up the generation

of the beam tree and is designed for real-time acoustic rendering where both the receiver and

the source are moving.

2.2.4 Radiance Transfer Method

Radiance Transfer Methods (RTM) have been �rstly used in computer graphics to model the

di�use re�ection of the radiosity between patches [Goral et al., 1984]. Basically, the radiance

transfer methods consider every patch a potential emitter and re�ector of radiosity. Radiance

transfer methods were �rstly applied in room acoustic modeling in [Lewers, 1993], where the

author used the radiance method to model the di�use reverberant tail of the impulse response

in a hybrid model. This method is further explored by [Nosal et al., 2004] to support arbitrary

polyhedral geometries. After that, the radiance transfer methods have been extensively used to

model the di�use re�ections and late reverberation in room acoustic modeling [Antani et al.,

2012a,b; Hodgson and Nosal, 2006; Koutsouris et al., 2013a].

The basic idea of the radiance transfer method is to dicretize the surfaces into patches and
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utilise the energy exchange between patches to simulate the propagation of the di�use radiance.

For each pair of patchesA andB, a patch-to-patch energy response is computed whichmeasures

the fraction of the radiant energy leaving patchA that arrives at patchB (detailed in Section 3.1).

A set of propagation equations can be yielded which are used to solve the radiance of each patch

and the energy response from the source to the receiver, via the di�use re�ection patches.

The main advantage is that the patch-to-patch interactions formulated by the radiance transfer

method are independent of the source and receiver positions. By pre-computing a linear operator

that de�nes how a sound emitted from the surface patch a�ects the radiance of other patches,

the high-order patch-to-patch re�ections can be decoupled from the run-time computation. Dur-

ing the run-time computation, the high-order patch-to-patch interactions are summed up, with

additional attenuations and delays related to the locations of the source and receiver, to simulate

the whole the sound propagation.

[Siltanen et al., 2007] reformulated the radiance transfermethod in amore general form, named

Acoustic Rendering Equation (ARE), which supports the modeling of specular re�ections. It is

done by discretizing the re�ection directions of each patch into solid angles, as illustrated in

Figure 2.3. The incoming radiosity of a patch can be specularly and/or di�usely re�ected along

the pre-de�ned solid angles (detailed in Section 5.1).

Figure 2.3: Illustration of the acoustic rendering equation [Siltanen et al., 2010a]. The re�ection
directions are discretized into solid angles and the sound emitted from the source
(the red dot) propagates along the solid angles between patches before it arrives at
the receiver (the green dot).

Although the acoustic rendering equation is able to model general sound propagation, like all

ray-based methods, it is unable to recover the phase information of RIRs. The main limitation of
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the method is its high requirement in terms of computation and memory capacity. Depending on

the complexity of the geometry, the radiance transfer method requires hundreds to thousands

of convolutions at run-time computation to synthesize the room impulse response. [Siltanen

et al., 2009] use the radiance transfer method in the frequency domain to synthesize the impulse

response. [Antani et al., 2012a] exploit the sparsity of the frequency-domain patch-to-patch

transfer operator matrix and use a Karhunen-Loeve transform to compactly represent the sound

propagation. [Siltanen and Lokki, 2008; Siltanen et al., 2010b] extend the method to support

di�raction modeling. Other improvements have been made to the radiance transfer method,

including the extension to model the time-dependent re�ections [Siltanen et al., 2012; Southern

et al., 2013], the improvement in computational e�ciency using GPU [Savioja et al., 2010], and

various hybrid methods [Southern et al., 2011, 2013].

The radiance transfer method will be further discussed in Section 3.1, and the complete for-

mulation of the acoustic rendering equation will be given in detail in Section 5.1.

2.3 Perception-based Statistical Acoustics

The statistical acousticmodelingmethods are often referred to as arti�cial reverberators [Välimäki

et al., 2012; Välimäki et al., 2016]. The observation of the noise-like characteristics of the late re-

verberation of the acoustic room impulse responses motivated the study of modeling the late

reverberation using statistical methods. Statistical methods use acoustic parameters such as re-

verberation time to mimic the acoustic e�ects of a scene. Statistical methods have gained great

popularity, especially in interactive virtual reality applications such as video games. In general,

they produce perceptually relevant acoustic e�ects, which satisfy the listening experience in in-

teractive application scenarios.

2.3.1 Schroeder Filter

The landmark work in arti�cial reverberation was done by Schroeder [Schroeder, 1962] more

than �fty years ago, where he introduced recursive comb �lters and allpass �lters to simulate

the multiple echoes. Moorer further improved this algorithm [Moorer, 1979].

The Schroeder �lter utilises parallel comb �lters to produce exponential decaying pulses to

model the reverberant e�ects of rooms. The building block is a comb �lter, as shown in Figure

2.4, and has the following transfer function and frequency response:

H(z) =
z−d

1− ρz−d
, (2.3)
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Figure 2.4: The comb �lter: building block of Schroeder �lter.

|H(ω)|2 =
1

1 + ρ2 − 2ρ cos ωd
, (2.4)

where ω = 2nπ/d (n = 0, 1, 2, · · · ).
A single comb �lter has a comb-shaped frequency response with its maxima of 1/(1− ρ) and

minima of 1/(1 + ρ). In order to obtain a �at frequency response, several comb �lters, normally

at least 6, are connected in parallel. The gaps of the comb-shaped frequency response are �lled

by the comb �lters with di�erent delay length.

Another issue with Schroeder �lters is that the produced echo density is too low compared to

the real room. This leads to a “�uttering” of the reverberated sound. In order to solve this issue,

a series of all-pass �lters are usually connected after the comb �lters to increase the density of

echoes.

2.3.2 Feedback Delay Networks

In [Stautner and Puckette, 1982] a structure well suited for arti�cial reverberation called “feed-

back delay networks (FDNs)” was introduced. This structures is characterized by a set of delay

lines connected in a feedback loop through a feedback matrix, as illustrated in Figure 2.5. The

signals of all delay lines interact through the feedback matrix, which increases the density of

echoes for the late reverberation. Jot [Jot, 1992a,b; Jot and Chaigne, 1991] further studied the

FDNs and developed associated techniques for designing good quality reverberators.

For arti�cial reverberation, a few considerations are taken into account as the designing cri-

teria [Rocchesso and Smith, 1997b]:

• Precise modeling of early re�ections;

• Minimal coloration due to uneven mode distribution in the frequency domain;

• Smooth change of decaying speed at all frequencies;
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Figure 2.5: Order N feedback delay network.

• Smooth, rich echo density in the late part of the modeled reverberation.

A FIR �lter is usually added to the FDNs to synthesize the early re�ections, whose delays and

amplitudes are estimated by other geometric methods, such as ISM. To obtainminimal coloration

and rich echo density, it is suggested to use at least 8 delay lines [Rocchesso and Smith, 1997b].

Low-pass �lters can be used in each delay line to model the smooth change of the absorption in

di�erent frequency bands of the wall materials.

Many interestingworks have been done after the introduction of FDNs. TheDigitalWaveguide

Mesh (DWM) and the FDNs are linked in the work of [Smith, 1985] and a circulant feedback

matrix was proposed in [Rocchesso and Smith, 1997b]. [De Sena et al., 2011; Hacihabiboğlu

et al., 2011] utilised this hybrid scheme to model the room reverberation using a scattering delay

networks, whose parameters are estimated from the model of the DWM. [Menzer, 2010; Menzer

and Faller, 2009] created a binaural reverberator using two parallel feedback delay networks.

There are also works which proposed novel feedback delay structures [Dahl and Jot, 2000] or

feedback matrices [Menzer and Faller, 2010; Rocchesso, 1997]. [Frenette, 2000] proposed to use

time-varying delay units to construct the FDNs which can reduce the coloration of the modeled

reverberant sound and reduce the number of delay lines. Other approaches exist, including the

recently proposed sparse velvet noise reverberator [Holm-Rasmussena et al., 2013] and the arti�-

cial reverberator in the frequency domain to model the spectral magnitude decay [Vickers et al.,



2.4 HYBRID METHODS 57

2006]. A comprehensive review of other arti�cial reverberators is given in [Välimäki et al., 2012].

In a recent study [Chemistruck et al., 2012], a genetic algorithm was used to automatically

search for an optimal setting of the parameters for order-4 FDNs. [Primavera et al., 2014] auto-

matically �nds the optimal FDNs parameters where the parameter estimation performance was

evaluated by both objective and subjective measures.

2.4 Hybrid Methods

The acoustic modeling methods, from wave-based, ray-based to arti�cial reverberators, all have

their own strengths and weaknesses. The frequency and temporal ranges in which each of these

methods are good at are plotted in the Figure 2.6. There is no strict boundaries between these

categories. The idea is that in a certain frequency range or temporal range, one method is better

than the other in some aspects.

In practice, hybrid methods are often used where two or three methods are used, one is used

to model early re�ections and the other is used to model the late reverberation. Or one method

is used to model the low frequency range, and the other is for the high frequency range. It is not

possible to give an exhaustive list of all these hybrid methods. We review a few commonly used

hybrid methods.

Beam tracing/ISM and radiance transfer methods are often combined to model the complete

impulse response. [Lewers, 1993] used a beam tracing method to model the specular re�ections

and radiance transfer method to model the di�use re�ections. However, there is no clear indica-

tion of the optimal point to switch from the specular to the di�use model. More computationally

e�cient approaches use beam tracing model for the early specular re�ections, and the radiance

transfer methods for the late reverberation.

When using the FDNs to model the reverberation, apart from the feedback loops, it is common

to use an additional FIR �lter to model the early echoes, whose delays and amplitudes are often

estimated by ISM [De Sena et al., 2011; Jot, 1997; Menzer, 2010; Murphy and Stewart, 2007; Savioja

et al., 1999].

[Heinz, 1993] uses the image source method tomodel the specular early parts of the re�ections.

The missing di�usely scattered energies are handled by a method based on the result of a sound

particle tracing procedure with a low time resolution.

[Southern et al., 2013] validated the use of a 3D FDTD scheme in conjunction with optimized

ISM and acoustic radiance transfer method (RTM) models for RIR synthesis. In this implementa-

tion, the FDTD simulation is limited to low frequencies, while ISM and RTM models are applied
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Figure 2.6: Di�erent modeling methods at di�erent frequency range and temporal ranges. The
circles symbolise the open time-frequency domain of operation. The regions in which
the contribution of each technical chapter lies are also marked in the �gure. ISM =
image source method, BT = beam tracing method, RT = ray tracing method, RTM
= radiance transfer method, FDNs = feedback delay networks, FEM = �nite element
method, BEM = boundary element method, FDTD = �nite-di�erence time-domain
methods, ARN = Acoustic Rendering Networks.

to compute, respectively, the high frequency response for the early and late stages of sound

propagation.



Chapter 3

Geometric-Based Late Reverberator:

From Radiance Transfer to Feedback

Delay Networks

Feedback delay networks, as a widely used structure for arti�cial reverberation synthesis, can

e�ciently model the late reverberation of the room impulse response. In this chapter, we study

the relation between the radiance transfer method and the feedback delay networks. Such a rela-

tion can be used to estimate the parameters of the feedback delay networks, that will synthesize

the late reverberation for the room considered.

This chapter is organised as follows. In section 3.1 we recall the knowledge of the acoustic

radiance transfer method and its computation procedure for the modeling of the di�use re�ec-

tions. In section 3.2 we discuss our idea of linking the feedback delay networks with the acoustic

transfer method. Then in Section 3.3 a geometrical-based statistical modeling paradigm is pro-

posed, and the designing procedure of the corresponding parameter estimation is described. A

special focus is put on the design of the feedback matrix which makes the feedback delay net-

works stable. In section 3.6 we use some typical roommodels to evaluate this method, from both

numerical perspectives and perceptual perspectives.
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3.1 Radiance Transfer Method

As seen in chapter 2, the Radiance Transfer Method (RTM), a ray-based geometric method, can

e�ciently model the di�use re�ections of RIRs and the sound energy decay of the late rever-

beration. The RTM decouples the sound source and receiver from the sound propagation by

pre-computing a linear operator that de�nes how a sound emitted from surface patches a�ects

the radiance of other surfaces. As an energy-based method to model the sound interaction be-

tween room surfaces, the phase information of the waves during propagation is assumed irrel-

evant. This section reviews the basics of the radiance transfer method. The sections 3.1.1-3.1.3

are brie�y summarized from the work in [Hodgson and Nosal, 2006; Koutsouris et al., 2013b].

3.1.1 Analytical Formulation

The radiance transfer method is based on the assumption that all boundaries are di�usely re-

�ecting and governed by Lambert’s law:

I(θ,R) = I(0, R) cos θ, (3.1)

where I(θ,R) is the intensity of sound scattered by a surface element along the direction θ

(0 ≤ θ ≤ π/2) from the surface normal n at distance R from the element.

The rate of energy that leaves a unit area of surface is de�ned as radiation density [Kuttru�,

2009]. It is a scalar quantity that is homogeneous to a sound intensity. In this chapter, the

radiation density is seen as a position and time variant quantity, which is noted asB(x, t), where

x is the position vector.

Analytically, the radiation density of an in�nitesimal wall element, x, is de�ned as its initial

radiation density received directly from the source, plus the contribution of the radiation density

from all other wall elements of the enclosure at some earlier time.

The radiationdensity of element atx contributed from the radiationdensity of another element

at x’, as shown in Figure 3.1, is:

Bx’(x, t) = (1− α(x))B(x’, t− |x− x’|
c

)e−mR cos θ cos θ′

R2
, (3.2)

where the term e−mR accounts for the air absorption exponent over a distance R (assumed

frequency-independent), α(x) is the absorption coe�cients for the surface element at x, R is

the distance between x and x’, θ and θ′ are the angle between the line jointing the two elements

and their surface normals, and c is the sound velocity in air. Integrating the contribution from
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Figure 3.1: Integration of radiance density over the room surface.

the source and all the other elements in the enclosure S, the radiation density of element at x is:

B(x, t) = B0(x, t) +
1− α(x)

π

∫

S
B(x’, t− |x− x’|

c
)e−mR cos θ cos θ′

R2
dx′, (3.3)

where the contribution from the source at xs is calculated as:

B0(x, t) =
W (t− Rs

c cos θs)

4πR2
s

(1− α(x))e−mRs , (3.4)

whereW (t) is the radiation power of the sound source, andRs is the distance from the source to

the surface element at x. Once B(x, t) is known for all elements on the surface S, the intensity

at the receiver is:

I(xr, t) = I0(xr, t) +
1

π

∫

S
B(x, t− Rr

c
)e−mRr

cos θr
R2

r

dx, (3.5)

where Rr is the distance from the element at x to the receiver, and the direct contribution from

the source I0(xr, t) is:

I0(xr, t) =
W (t− Rsr

c )

4πR2
sr

e−mRsr , (3.6)
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3.1.2 Numerical Formulation

To numerically simulate the radiation exchange, the room surface S is discretized intoM �nite-

size small planar patches. The average radiation density of patch i is given as the discretized

form of Equation 3.3:

Bi(t) = B0
i (t) + (1− αi)

M∑

j=1,j 6=i

Fi,jBj(t−
Ri,j

c
), (3.7)

where B0
i (t) is the radiation density of patch i contributed directly from the sound source, i.e.,

the initial state, and Fi,j is called the form factor, which de�nes the fraction of energy leaving

patch j and incident to patch i and will be detailed in section 3.1.3.

The numerical simulation of the acoustic radiation can be regarded as an iterative procedure.

In each iteration, after receiving the radiation density from other patches, patch i radiates its

energy to other patches in the same di�use manner. The radiation density of patch i after n

iteration can be written in discretized form as:

B
(n)
i (t) = B

(n−1)
i (t) + (1− αi)

M∑

j=1,j 6=i

Fi,jB
(n−1)
j (t− Ri,j

c
), (3.8)

where Ri,j is the average distance between patch i and j, and Fi,j is a form factor which de�nes

the fraction of energy leaving patch j and incident to patch i.

The total radiation density from patch i can be written as:

Ii(t) =
∞∑

n=0

I
(n)
i (t), (3.9)

where I(0)i (t) is the initial radiation density of patch i, distributed directly from the sound source.

3.1.3 Form Factor

The form factor, Fi,j , which de�nes the fraction of energy leaving patch j and incident to patch

i, is given by:

Fi,j =
1

Ai

∫

Si

∫

Sj

cos θ cos θ′

πR2
dS′dS, (3.10)

where the integrals are taken over the patch areas Si and Sj , and whereAi is the area of patch i,

R is the distance between the points of integration on Si and Sj , θ and θ′ are the angles between
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Figure 3.2: Geometric parameters for the form factor for di�use re�ections. dS and dS′ are the
areas of the patches in consideration, θ and θ′ are the angles between the normal to
the surface and the line joining the centres of the two patches, and d is the distance
between the two patches.

the line joining the points of integration and the surface normals of the two patches, as shown

in Figure 3.2.

It is easily proven that the form factors have the following properties:

AiFi,j = AjFj,i, (3.11)

Fi,i = 0, (3.12)

M∑

j=1

Fi,j = 1. (3.13)

Under the assumption that the dimensions of the patches are much smaller than the distances

between them, Equation 3.10 can be approximated as:

Fi,j ≈
∫

Sj

cos θ cos θ′

πR2
dS ≈ Aj

cos θ cos θ′

πR2
, (3.14)

where θ and θ′ are the angles between the line joining the central points of patch i and patch j,
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Figure 3.3: The pre-computation of the radiance transfer method.

and R is the distance between the central points of the two patches.

3.1.4 Simulation Procedure

The numerical simulation can be divided into an o�-line pre-computation and a run-time com-

putation. During the o�-line computation, the geometry of the room is processed and the form

factors Fi,j are computed to form the order-1 patch-to-patch interaction. The room surfaces are

divided into planar patches. The curved surfaces can be approximated using a number of small

planar patches.

The high order patch-to-patch interactions can be pre-computed and stored by convolving

the order-1 patch-to-patch responses. Frequency-domain operations can be used to calculate

Equations 3.7-3.9 [Antani et al., 2012b; Siltanen et al., 2009]. The time domain response Bi(t)

can be represented in the frequency domain using its Discrete Fourier transform (DFT).

The run-time computation consists of the initial stage, the convolution stage and the �nal

stage. At the initial stage, the sound energy from the source is distributed to each surface patch,

forming the so-called initial shootingmatrix. The initial shootingmatrix is computed by emitting

an impulse of unit energy from the source to all its visible patches. The impulse originating from

the source can be modeled by a Dirac delta function, and the elements in the initial shooting

matrix are also attenuated and time-shifted pulses. The initial stage can be performed in the

frequency domain. The linearity of the Fourier transform assures that scalar multiplication and

addition can be performed similarly to the time domain operation.

Then, the sound energy propagates within the enclosure and is exchanged between surface

patches using the pre-computed high-order patch-to-patch re�ections. It is done by convolving

the elements of the initial shooting matrix with the pre-computed high-order patch-to-patch in-

teraction responses, or by multiplication of their DFTs. After high-order re�ections, the resulting
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Figure 3.4: The computational procedure of the radiance transfer method.

responses are gathered from each surface patch to the listener, using the �nal gathering matrix.

It is worth noting that the high-order re�ection responses are independent from the positions of

the source and the listener. This property makes this method suitable for dynamic scene render-

ing, when both source and listener move, as only initial shooting and �nal gathering matrices

require a real-time update.

In order to speed up the computation, [Siltanen et al., 2009] downsampled the pre-computed

high-order patch-to-patch responses by a factor K (K = 2, 4, 8, · · · ). Such a downsampling

scheme removes the high frequency range of the responses by assuming that the high frequencies

of the responses are of little interest for the reverberation and that their frequency responses

follow the same matter as in the low frequency ranges. In order to use less memory to store the

high-order patch-to-patch responses in time domain, variable sampling rate can be used [Siltanen

et al., 2010b]. Since the energy of the acoustic reverberation decays exponentially, it is reasonable

to use a denser sampling rate for the early part of the reverberation and to use a coarser sampling

rate for the late part, where the sampling rate decays exponentially aswell. [Siltanen et al., 2010b]

also discussed the possible extensions to model di�raction using the radiance transfer model.

Several studies have shown that the radiance transfer method is e�ective in predicting the

reverberation characteristics of a given room. In [Nosal et al., 2004], predictions were made in

three spheric enclosures of varying size and absorptivity. Prediction results show that the radi-

ance transfer method simulates impulse responses with almost the same acoustic characteristic

values, including reverberation time (RT), steady-state sound-pressure and the average radiation

density, compared with analytical solutions [Carroll and Chien, 1977]. In [Hodgson and Nosal,

2006], further investigations were made by comparing with real measured data in a squash court,

a classroom and an o�ce. Experimental results have shown that the purely di�used radiance

transfer method can predict the room sound �eld with good accuracy, and, in general, better

than the prediction made by purely specular ray tracing methods.
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3.2 From RTM to FDN

From this section, we begin to present our idea of how to link the radiance transfer method

with the feedback delay networks. A new interpretation of the delay lines is �rst given from

the physical point of view. Then the delay lengths are further discussed with the analysis of the

geometries of the modeled rooms.

3.2.1 Relation between RTM and FDN

The RTM decouples the sound source and receiver from the sound propagation which makes

it suitable for dynamic acoustic scenes synthesis where the sound source and the receiver may

bothmove. However, the main limitation of the RTM is its computational cost : depending on the

complexity of the geometry, it may require hundreds to thousands of convolutions at run-time.

On the other hand, statistical methods (also termed perceptually-based methods) use global

acoustic parameters, such as reverberation time, to model the main perceptual aspects of rever-

beration. The statistical arti�cial reverberator can be generalized into a structure called Feedback

Delay Networks (FDNs) [Jot and Chaigne, 1991; Stautner and Puckette, 1982]. This structure is

characterized by a set of delay lines connected in a feedback loop through a feedback matrix.

It is however known that, given the structure of a statistical reverberator, it can be a rather te-

dious and empirical task to set all parameters [Rocchesso and Smith, 1997a], including the delay

lengths, attenuation factors and feedback matrix. Besides, these statistical methods sometimes

make use of measured impulse responses, extracting some global acoustic parameters to tune

the arti�cial reverberator, thereby ignoring �ne details of the actual room size/shape or material

absorptivity.

It can be noticed that, in the computational procedure of the radiance transfer method in the

time domain, the iteration of energy exchanges between surface patches can also be regarded as

feedback loops in a feedback delay network, as illustrated on Figure 3.5. Here, each delay line

represents the sound re�ection on one surface patch, and the elements of the feedback matrix A

contain both an attenuation factor aij and a time delay dij . The sound propagation betweenwall

surface patches is then represented as delay lines in feedback delay loops. It is then of practical

interest to combine these twomethods, using a feedback delay network as the synthesis structure,

while feedback characteristics are estimated by the acoustic transfer property in the room. The

combined room geometry-based statistical method then uses delay lines to represent a group of

di�use re�ections between room surfaces, with the acoustic parameters averaged by the di�use

re�ections included in the group.

For the FDNs, the convolution of the room impulse response with the dry signal is replaced by
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Figure 3.5: Relation between the Radiance Transfer Method and feedback delay networks. Left:
In the Radiance Transfer Method, the sound bounces back and forth between sur-
face patches; right: In a feedback delay network, each patch-to-patch interaction is
abstracted as a feedback loop.

N2 + kN multiplications and a few additions per input sample, whereN is the number of delay

lines and k is a constant which is related to the additional attenuation operations in each delay

line. Thus, in another way, the combined structure can also be regarded as an approximated but

computationally e�cient structure of the radiance transfer method.

3.2.2 Grouping the patch-to-patch interactions

If we replace each patch-to-patch interaction by a delay line, and set the feedback matrix with

the corresponding form factors, we can, theoretically, construct huge FDNs with hundreds to

thousands of delay lines, which then would be equivalent to the radiance transfer model.

However, in most cases of late reverberation, the trend of the energy decay is su�cient to

perceive the dimension and layout of the environment. Thus, we can ignore the precise model of

the delay and amplitude of each pulse in the room impulse response, and only focus on modeling

the global energy exchange statistics. This suggests that a simpli�ed RTM model can be used, by

grouping the patch-to-patch energy interactions, in order to reduce the number of delay lines.

The parameter of each delay line is determined by the average value of the patch-to-patch delays

of the corresponding group and the accumulated surface absorption factors.

3.2.3 Delay Lengths of the FDN

The range and distribution of the delay lengths can also guide the choice of delay units in the

FDNs structure. To illustrate this, we have computed the distribution of occurrence and energy
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Figure 3.8: Distribution of occurrence and energy for di�erent patch-to-patch delays due to dif-
fuse re�ections for Room 1. Top: histogram of occurrence. Bottom: histogram of
energy. The dotted lines illustrate some peaks of the distributions. The sampling rate
is 44.1 kHz.

for di�erent delays of the non-convex room displayed in Figure 3.6 - Room 1. This room is mod-

eled using 5248 triangular patches, with the edge of 25 cm. (It should be noted that the triangular

patches in Figures 3.6 and 3.7 do not illustrate the real patching density during the computation of

the RTM algorithm.) The distribution of occurrence and energy is shown in Figure 3.8. Note that

the distribution of energy for di�erent delays is the product of the distribution of their occurrence

with the energy transported by the corresponding delays. Although the occurrence of short de-

lays is low, patch-to-patch sound interactionswith short delays convey important energy, mainly

because short delays normally come from neighboring patches and transport considerably more

energy than longer delays, according to Equation 3.10. A closer look at Figure 3.8 reveals that

both the occurrence distribution and the energy distribution have small peaks at around 390, 540,

800 and 1050 samples, which correspond to distances of 3, 4, 6 and 8 m, respectively. Considering

the dimensions of the room, these peaks reveal some of its acoustic modes. These distributions

can be exploited to appropriately choose delay units which are related to the dimension and

shape of the room. Optimal clustering algorithms (such as K-means) can also be used to �nd the
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optimal quantization of the delays based on their occurrence distribution. In some special cases

the modes are even more easily observed, such as for the long corridor room displayed in Figure

3.7 - Room 3. The delay distribution, as shown in Figure 3.9, has a strong peak at around 250

samples, which corresponds to 2 m, the width of the corridor. In such cases, the delays can be

chosen around the strong peak values to model the acoustic modes.
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Figure 3.9: Distribution of occurrence and energy for di�erent patch-to-patch delays due to dif-
fuse re�ections for Room 3. Top: histogram of occurrence. Bottom: histogram of
energy. The dotted lines highlight the main peak of the distributions. The sampling
rate is 44.1 kHz.

3.3 RTMModel-Based Late Reverberator

In this section, we discuss the link between the RTMmodel and the FDNs structure and present a

new geometrical-based statistical model, named FDN-RTM. The name of the model comes from

two parts. On the one hand, it borrows the FDNs structure for its e�cient implementation and

�exible parameter settings. On the other hand, the order-1 patch-to-patch responses from the

radiance transfer method are used to estimate the parameters of the FDNs structure, in order to
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synthesize a realistic impulse response as expected from the speci�ed room geometry.

3.3.1 System structure

The proposed reverberator is illustrated in Figure 3.10. It consists of a FDN-RTM for late rever-

beration, as shown in the upper frame, and a series of early re�ections, as shown in the lower

frame.

The structure of the FDN-RTM is similar to the feedback delay network proposed in [Jot and

Chaigne, 1991], except that for each delay line, an initial delay unit and a post delay unit are

added before and after the recursive circuit, respectively. Each delay line represents a group of

order-1 patch-to-patch sound re�ections, where the delay unit is determined by the mean patch-

to-patch delay of each group. The initial delay unit is the mean delay from the sound source

to the grouped patches, and the post delay unit is the mean delay from the grouped patches to

the receiver. Since the dry input sound has to pass through the initial delay, the post delay and

at least once through the patch-to-patch delays, the output reverberant sound actually models

sound re�ections starting from the second order. Thus, the �rst order sound re�ections have to

be modeled and added using an additional FIR �lter (see Figure 3.10).

Let℘n denote the set of patch-to-patch sound interactions in groupn. Then, if the total number

of groups is N , the corresponding feedback delay network will have N delay lines as depicted

in Figure 3.10.

3.3.2 Parameter estimation

The parameters of the proposed FDN-RTM are estimated as follows using the order-1 patch-to-

patch interactions in the radiance transfer model.

1. Feedback matrix

The element amn in the feedback matrix actually describes the proportion of energy which is

transported by the patch-to-patch interactions within group m, that will be di�usely re�ected

and go to some other patch-to-patch interactions in group n, during an order-1 di�use re�ection.

Let us denote as ℓm the total energy transported by the patch-to-patch energy exchange in

group m, and ℓm,n the total energy received by group n because of the di�use re�ections of

group m. They can be estimated from the form factors Fi,j in the RTM model as:

ℓm =
∑

i→j∈℘m

Fi,j , (3.15)
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Figure 3.10: Structure of the FDN-RTM method. The input dry signal x(n) in the left undergoes
feedback delay loops to generate the late reverberation (upper part) and a series of
attenuated and delayed taps to synthesize the early re�ections (lower part). The
estimation of the parameters in the structure is detailed in Section 3.3.2.

ℓm,n =
∑

i→j∈℘m

∑

j→k∈℘n

Fi,jFj,k, (3.16)

where℘m and℘n are the sets of patch-to-patch sound interactions in groupm andn respectively.

The feedback coe�cient amn is de�ned as:

amn =
ℓm,n

ℓm
, (3.17)

subject to
N∑

n=1

amn = 1. (3.18)
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According to the energy conservation principle, (3.18) will be satis�ed if the form factors are

computed with ideal precision. Using the form-factor calculation in [Nosal et al., 2004], the

curved surface integration is simpli�ed to planar surface integration where the mean distance

and angle are used as approximation. When using such approximated form factors, each row

only approximately sums to 1.

Note that the radiance transfer method models the propagation of the sound energy within

an enclosure, and thus is based on sound intensity. The feedback coe�cients estimated by the

radiance transfer method are also energy-based. Since the intended input of a FDN is the sound

pressure of the source signal and the intended output is the sound pressure of the reverberant

signal, FDNs parametersmust be designed to process sound pressure. With unit outgoing energy

from group ℘m, the outgoing energy of group ℘n due to the radiation from ℘m is amn. In real

sound propagation this amount of energy amn may contain multiple pulses. In the FDN-RTM

model, this group of pulses are represented by a single pulse with sound pressure of
√
amn, which

contains the equal total sound energy. Thus, in order to synthesize the sound pressure impulse

response from the FDN-RTM structure with equivalent energy, the elements in the feedback

matrix need to be set to the square-root of the energy-based values.

A =







√
a11 · · · √

a1N
...

. . .
...

√
aN1 · · · √aNN







. (3.19)

The signs of these entries can then be chosen according to the procedure described in section

3.4.3.

2. Attenuation �lters

The attenuation�ltersHn(z) in traditional FDNs are low-pass �lters, whichmodel the frequency-

dependent absorption of the surface material and air [Huopaniemi et al., 1997]. In the case of

FDN-RTM, the attenuations are energy-weighted mean re�ection coe�cients of all the emitting

patches within the group:

θ̄ s
n =

∑

i→j∈℘n

Fi,jθ
s
i , (3.20)

where θ̄ s
n is the mean re�ection coe�cient for frequency band s of group n, θ s

i is the material

re�ection coe�cient of patch i for frequency band s, and Fi,j the corresponding form factor.

In the Sabine formula the concept of absorption area is the equivalent absorption weighted by
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the area of each material. In Equation 3.20, the absorption area of each patch is also expressed,

but is hidden in the form factor, where large patches emit more energy than small patches and

thus their absorption coe�cients take more importance in the summation.

   
   

   

   

 
 

Figure 3.11: Implementation of �rst order low-pass �lter.

The frequency-dependent absorption of the surface material can be modeled by a �rst order

low-pass �lter, as shown in Figure 3.11. Its frequency response is:

|H(ejω)|2 =
(1− bp)

2

1 + b2p − 2bp cos(ω)
, (3.21)

which has a ratio (1− bp)/(1 + bp) between zero and Nyquist frequency. Thus, the factor bp can

be estimated using the re�ection coe�cients of materials at zero and Nyquist frequency as:

θ̄fs

θ̄0
=

1− bp
1 + bp

. (3.22)

However, acoustic absorption properties of materials are often only available from 125 Hz until

4 kHz or 8 kHz. When desired, the target response at Nyquist frequency can be approximated

from the 4 kHz or 8 kHz octave band absorption coe�cients.

Higher order �lters (FIR or IIR) can be designed using digital �ltering techniques based on

AR (all-pole), MA (FIR), or ARMA (pole-zero) modeling. The selection of a �lter depends on the

target criteria of the design and the available data. The Gauss-Newton method can be used to �t

the absorption coe�cients of the octave bands and to optimise the �lter coe�cients.

3. Delay units

In FDN-based arti�cial reverberators, the delay lengths are usually chosen as mutual prime num-

bers around the mean free path given by:
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d̄ = 4V/S, (3.23)

where V is the total volume of the room, and S is total surface area enclosing the room. In [Ra�i

and Pardo, 2009] the delays of delay units are also suggested to be distributed over a ratio of 1:1.5.

For the FDN-RTM, the mean delay length d̄n for the nth delay line is calculated as the energy-

weighted mean delay length for all the patch-to-patch delays within that group:

d̄n =

∑

i→j∈℘n
Fi,jdi,j

∑

i→j∈℘n
Fi,j

. (3.24)

The delay lengths calculated using Equation 3.24 represent the true energy decay rate for each

group, but may not be the best combination for sound quality. For good sound synthesis quality,

it is desirable to adjust the delay lengths to be mutual prime numbers. For example, if we want

to model the frequency modes shown in Figure 3.8, some of the delay units can be chosen as

prime numbers around the peaks of the delay distributions. Alternatively, we can choose the

delay values that minimize the average error to represent the delay distribution. In order to

keep the energy decaying rate unchanged, the attenuation of the delay line needs to be modi�ed

accordingly when its length is adjusted:

θ′ = θ̄d
′/d̄, (3.25)

where d̄ is the mean delay length for a certain delay line calculated by Equation 3.24, θ̄ is the

mean attenuation by order-1 re�ection, d′ is the adjusted delay length and θ′ is the attenuation

factor that needs to be modi�ed accordingly.

4. Early re�ections

Early re�ections need to be accuratelymodelled since they play a key role in 3D sound perception

in a room. To that aim, realistic geometric-based model should be used. For simple geometries,

the delays z−r1 , ..., z−rK and attenuations �lters of early re�ectionsF1(z), ..., FK (z) can be esti-

mated, up to the third order for interactive update rate, using traditional ISM [Allen and Berkley,

1979]. These parameters can also be estimated by beam tracing [Funkhouser et al., 1998] or

other recent methods [Antonacci et al., 2008; Laine et al., 2009] since they achieve interactive

performance for both moving sources and receivers. Since the modeling of early re�ections is

not the focus of this chapter, interested authors are encouraged to refer to [Lauterbach et al.,

2007; Lehmann and Johansson, 2008]. Moreover, an extension of the acoustic rendering equation

to model early echoes is proposed in Chapter 5.
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Figure 3.12: Feedback delay networks.

5. Pre-mixing and post-mixing coe�cients

We name z−b1 , ..., z−bN the pre-mixing delays, and b1, ..., bN the gains in Figure 3.10, and relate

them to the initial shooting matrix used in the radiance transfer model. The sound starting from

the source is �rst re�ected at the boundary into the designed groups. The delays z−b1 , ..., z−bN

are chosen as the average integer number of such initial delays. The coe�cients b1, ..., bN are

the amounts of energy emitted from the source which go to each group after the initial shooting.

The post-mixing delays z−c1 , ..., z−cN and gains c1, ..., cN are estimated from the �nal gath-

ering matrix in a similar way.

3.4 Stability of the Reverberator

Although the parameters estimated above satisfy the energy-conservation principle, the feedback

loops in the feedback delay networks, as depicted on Figure 3.12, impose further constraints to

keep the system stable.

3.4.1 System transfer functions

The relations between the ports of the FDNs in Figure 3.12 can be formulated by:
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y(n+ ci) =

N∑

i=1

cpisi(n), (3.26)

si(n+ di) =

N∑

j=1

ai,jθisj(n) + bpiθix(n− bi), (3.27)

where si(n) are the output of the feedback loops of delay line i at time sample n, and θi is the

attenuation coe�cient for delay line i.

Using the z-transform in matrix form, we rewrite the system as:

Y (z) = C(z)CT
p S(z), (3.28)

S(z) = D(z)Θ
[
AS(z) +B(z)BT

p X(z)
]
, (3.29)

The diagonal matrixD(z) is the delay matrix:

D(z) =









z−d1 0

z−d2

. . .

0 z−dN









, (3.30)

and Θ is the attenuation coe�cient matrix at a certain frequency band:

Θ =









θ1 0

θ2
. . .

0 θN









. (3.31)

S(z) = [si(z), · · · , sN (z)]T is the vector denoting the output of the feedback loops of each

delay line, Bp = [bp1, · · · , bpN ]T is the vector of the initial-shooting gains of each delay line,

Cp = [cp1, · · · , cpN ]T is the vector of the �nal-gathering gain of each delay line, and θ =

[θ1, · · · , θN ]T is the vector of the attenuation coe�cients of the patches corresponding to the

patch-to-patch interactions. B(z) = [b1(z), · · · , bN (z)]T is the initial delay vector, and C(z) =

[c1(z), · · · , cN (z)]T is the �nal delay vector. The matrix A = [ai,j ]N×N is the feedback matrix.

Combining Equation 3.26 and 3.27, we obtain the system transfer function as:
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H(z) =
Y (z)

X(z)

= C(z)CT
p [I −D(z)ΘA]−1D(z)B(z)ΘBT

p .

(3.32)

Let G = ΘA where A is the feedback matrix and Θ is the attenuation coe�cient matrix, the

matrix series expasion of [I −D(z)ΘA]−1 can be written as:

[I −D(z)ΘA]−1 = [I −D(z)G]−1 (3.33)

= I +D(z)G +D2(z)G2 + · · ·+Dn(z)Gn + · · · (3.34)

Since ‖D(z)‖ ≤ I and ‖G‖ < I , by using triangle inequality and the Cauchy-Schwarz in-

equality, we have:

‖ [I −D(z)ΘA]−1 ‖ = ‖I +D(z)G +D2(z)G2 + · · ·+Dn(z)Gn + · · · ‖
≤ ‖I‖+ · · ·+ ‖Dn(z)Gn‖+ · · ·
≤ 1 + · · ·+ ‖D(z)‖n‖G‖n + · · ·
≤ 1 + · · ·+ ‖G‖n + · · ·

=
1

1− ‖G‖ ,

(3.35)

where ‖G‖n can be regarded as the attenuation of the re�ection of order n. Therefore, as long

as ‖G‖n decays with n, the stability of the system transfer function is guaranteed.

If we decomposeG using an eigenvalue decomposition:

G = PΛP ′, (3.36)

where the diagonal elements of Λ are the eigenvalues, and P is the eigenmatrix, the high order

re�ections in Equation 3.34 are expressed as:

‖Gn‖ = ‖(PΛP ′)n‖
= ‖P Λ P ′P Λ P ′P Λ P ′ . . . ‖
≤ ‖Λ‖n

.

(3.37)
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Since the product of the eigenmatrix P and its inverse (underlined in Equation 3.37) does not

change the energy of the re�ected sound, in order tomake the system stable, it is su�cient to keep

the largest eigenvalue in Λ smaller than or equal to 1. Note that the Λ gathers the eigenvalues

of the product of the feedback matrix and the re�ection coe�cients matrix.

The non-negative matrix A, estimated using the radiance transfer method, has its dominant

eigenvalue usually much larger than 1, which contains the DC component of its non-negative

entries. Therefore, the square-rootmatrix cannot be directly used as feedbackmatrix. It is known

that real unitary matrices, whose columns are mutually orthogonal, have their eigenvalues lying

on the unit circle and thus are feasible feedback matrices for lossless feedback systems. Switch-

ing the signs of certain entries (+1 and -1) does not alter the energy of the system, but intro-

duces phase inversions of the room impulse response. Therefore, by intentionally designing the

grouping scheme and switching the signs of some entries as below, near orthogonal matrices are

expected to be found for feedback delay networks.

3.4.2 Choice of the feedback matrix

Normalized Hadamard matrices are widely used in feedback delay networks. Their entries are

either +1/
√
N or −1/

√
N , where N is the number of delay lines. The eigenvectors of such

Hadamardmatrices all lie on the unit circle and the absolute value of the eigenvalues are constant

and equal to 1.

There are several ways to construct Hadamard matrices [Lee et al., 2009]. If HN is the N ×
N Sylvester Hadamard matrix, then it is well known that Sylvester Hadamard matrices can be

recursively constructed using Kronecker product as:

H2N = H2 ⊗HN =






+1 +1

+1 −1




⊗HN =






HN HN

HN −HN




 . (3.38)

The Hadamard matrices of �rst and second order can be:

H1 =
(

1
)

, (3.39)

H2 =

(

1 1

1 −1

)

. (3.40)

UN = 1√
N
HN is the normalized Sylvester Hadamard matrix so that the eigenvalues of UN are
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±1’s.

[Jot and Chaigne, 1991] uses the Householder feedback matrix as the feedback matrix. The

Householder matrix is given as:

AN = I − 2

N
µN

TµN , (3.41)

where N is the order of the matrix, I is identity matrix of dimensionN and µN = [1 1 ... 1].

When N = 4, the Householder matrix is

A4 =
1

2









−1 1 1 1

1 −1 1 1

1 1 −1 1

1 1 1 −1









, (3.42)

which is also a Hadamard matrix. The higher order Hadamard matrix can be construct from A4

using Equation 3.40. Hadamard matrix constructed from A4 has uniform energy for each entry,

which leads to the possibility to design a feedback matrix with uniform entries.

3.4.3 Even-energy grouping scheme

The grouping scheme can be designed in di�erent ways, with various factors under considera-

tion. This section gives an example of a grouping scheme with even energy for each group. Such

a grouping scheme gives near uniform-entry matrices which can be transformed to mutually

orthogonal Hadamard matrices.

Since the form factors contain several hidden geometry information in theirs values (for ex-

ample, the patch size, distance to patches and angles), patch-to-patch interactions with similar

form factors are likely to be obtained from neighboring or symmetric positions in the room.

Also, because of the isotropic scattering property of each patch, form factors with neighboring

or symmetric positions are likely to have similar scattering behaviors to other patches. Thus, in

order to obtain a uniform-entry feedback matrix, we design a grouping scheme which assigns

form factors with similar scattering behaviors to di�erent groups. Their similarity in scattering

behavior is indicated by the energy that they transport. The detailed procedure is described be-

low. Since it is not a closed-form solution, the grouping scheme listed here is just an approach

to obtain an approximated mutually orthogonal matrix.

The form factors are �rst sorted into descending order by their transported energy. We assume
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Figure 3.13: Even-energy group assignment scheme for FDN-RTM with four delay lines. The
form factors with the same color denote that they are assigned to the same group.
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that the sorted energy is nearly linearly descending with the same decreasing step. We take the

�rst N form factors as Bin 1 and assign them to di�erent groups, where N is the order of the

desired feedbackmatrix. Then for theN+1 to 2N form factors, Bin 2, we do the same, assigning

each of them to a di�erent group, but in a circular order.

Take N = 4 for example. The 4 × 4 patch-to-patch energy elements sorted in descending

order are divided into 4 bins, as shown in Figure 3.13. Since all adjacent samples decrease with

the same step, to guarantee that each group be assigned with equal amount of energy, we only

need to design a grouping scheme where each group take one largest energy, one second largest,

one third largest, etc., and one smallest energy from each bin. Group 1 takes the �rst, second,

third and fourth form factors from the four bins respectively. Group 2, in a circular order, takes

the second, third, fourth and �rst form factors from the four bins, and so on. The same procedure

continues for the next 16 form factors. The groups are denoted by di�erent colors in Figure 3.13.

The order assignment is summarized in Table 3.1. So eventually Group 1 takes the patch-to-patch

energy elements with index 1, 6, 11, 16, Group 2 takes the patch-to-patch energy elements with

index 2, 7, 12, 13, Group 3 takes the patch-to-patch energy elements with index 3, 8, 9, 14 and

Group 4 takes the patch-to-patch energy elements with index 4, 5, 10, 15.

Table 3.1: Group assignment for four delay lines.

Group index Element assignment index Orders in each bin
Group 1 1 6 11 16 1st 2nd 3rd 4th
Group 2 2 7 12 13 2nd 3rd 4th 1st
Group 3 3 8 9 14 3rd 4th 1st 2nd
Group 4 4 5 10 15 4th 1st 2nd 3rd

A grouping scheme designed in this way guarantees that both the total transmitted energy in

each group and the scattered energy to the other groups are almost evenly distributed, which

results in a near uniform-entry feedback matrix. Such a matrix is then square-rooted and the

signs of the entries are switched according to the signs of the Hadamard matrix. The resulting

matrix is an approximation of the Hadamard matrix, which makes the feedback system stable

and lossless, while still related to the main physical phenomena.

3.5 FDN-RTM Algorithm

The di�erent steps of FDN-RTM algorithm are summarized in Figure 3.14:

1. Decompose the room geometry into patches.
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1. Geometry decomposition 

2. Diffuse form factor calculation 

3. Even-energy grouping 

4. FDN parameters calculation 

5. Sign switching 6. Adjusting reflection factors 

Delay units 

Feedback matrix Reflection factors 

Initial/post delay & attenuations, 

low-pass filter coefficients 

Figure 3.14: Process of �nding the parameters of the FDN-RTM algorithm.

2. Calculate the di�use form factors for all patch-to-patch re�ections using Equation 5.15.

Calculate the distribution of the patch-to-patch delays, and choose the delay units around

the distribution peaks, or quantized delay values which minimize the average error.

3. Sort the form factors based on the transported energy. Assign them toN groups as shown

in Figure 3.13.

4. Estimate the FDN-RTM parameters as detailed in Section 3.3.2: the feedback matrix us-

ing Equations 3.15-3.18, the attenuation factors for each delay line using Equation 3.20,

the low-pass �lter coe�cients using Equation 3.22, and the average delay length using

Equation 3.24.

5. Square-root the feedback matrix and switch the signs of the entries according to the signs

of the Hadamard matrix.

6. Using Equation 3.25, adjust the attenuation factors of each delay line based on the average

delay length (in step 4) and the chosen delay units (in step 2).
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Table 3.2: Wall re�ection coe�cients settings of the experimental geometries.

Room Room size �oor ceiling wall
1. Non-convex 8m×6m×3m 0.9 0.9 0.9
2. Rectangular 4.5m×3m×2.5m 0.4 0.8 0.7
3. Corridor 16m×2m×2m 0.9 0.9 0.9
4. Gallery 19.6m×17.7m×5.1m 0.75 0.75 0.75

3.6 Experimental Results

3.6.1 Experimental geometries

We use both the proposed FDN-RTM and the traditional radiance transfer method, taken as

reference, to model the di�use late reverberation of a set of 4 rooms with di�erent shapes and

dimensions. The experimental geometries are displayed in Figure 3.6 and Figure 3.7.

Room 1 is a non-convex roomwith dimension 8m×6m×3m and uniform re�ection coe�cients

are 0.9. Room 2 is a rectangular roomwith dimension 4.5m×3m×2.5m. Room 3 is a long corridor

with dimension 16m×2m×2m. Room 4 is a more complex gallery geometry. The main shape of

the gallery is a rectangular roomwith dimension 19.6m×17.7m×5.1m, with four pillars and a few

small box-shaped or cone-shaped obstacles on the �oor. The triangular mesh of the geometry

is �rst simpli�ed to 325 triangles in order to remove the �ne details of the architecture, and

then decomposed into 435 patches with variable size for the computation of the patch-to-patch

interactions. The wall re�ection factors of the four rooms are shown in Table 3.2.

3.6.2 Simulation examples

We use Room 1, the non-convex room, as an example to show the parameter estimation process

for a FDN-RTM of order 8 and its modeling results. The source and the receiver are both assumed

to be located at position [3,3,1.5]. The surfaces are divided into 164 patches, with uniform patch

size of 1 m2.

The delay units are chosen as the prime number around the peaks of the delay distribution.

The feedbackmatrix is estimated using the even-energy grouping scheme, and is near orthogonal

with eigenvalues of amplitudes around 1 (0.997, 0.997, 1.001, 0.999, 0.999, 1.000, 1.004, 1.003).

Figure 3.15 shows the synthesized reverberation (normalized) for room 1 using 8 delay lines.

Thanks to the feedback structure, the re�ection density of simulated echoes increases rapidly as

time increases, which gives su�cient echo density for late reverberation. The amplitudes of the

echoes decrease smoothly with an exponential rate.
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Figure 3.15: Room impulse response synthesized for Room 1 with FDN-RTM using 8 delay lines.

3.6.3 Evaluation of the decaying trend

The parameters of FDN-RTM are estimated from the Radiance Transfer Model. Thus, it is of

interest to see if the FDN-RTMmodels the energy decay in a similar way as the Radiance Transfer

Method. We use the energy decay curve to compare these two methods.

Figure 3.16 shows the energy decay curves of the impulse responses synthesized using FDN-

RTM and RTM for the four rooms. It is shown that the impulse responses estimated by FDN-RTM

are exponentially decreasing (e.g. linearly decreasing on a logarithmic scale (dB)). This is due to

the fact that the estimated feedback matrix is near unitary and system poles are of near unit

amplitude. The decay rates of FDN-RTM agree well with those simulated using RTM, which

shows that FDN-RTM can be used as an alternative method to RTM in application cases where

the late reverberation is assumed di�usely re�ected and only the general decay rate is of interest

to the perception.

Table 3.3 compares the reverberation time T60 estimated by the RTM (reference), FDN-RTM

and Sabine formula for the four rooms. The T60 estimated by Sabine formula for Room 4 is an

approximated value where the volume of the room is simpli�ed by considering only the volume
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Figure 3.16: Energy decay curves of the wideband impulse responses synthesized using FDN-
RTM and RTM. The x-axis is kept within [0,1] s and the y-axis is within [0, -60]
dB.

Table 3.3: Prediction of reverberation time using the RTM, FDN-RTM and Sabine formula. The
reverberation times are in seconds, and the errors are in percentage.

Room
Sabine RTM FDN- Error to Error to
(s) (s) RTM (s) Sabine (%) RTM (%)

1 1.178 1.078 1.110 5.8 2.9
2 0.246 0.217 0.228 7.3 3.2
3 0.758 0.743 0.785 1.0 5.7
4 0.861 0.778 0.849 1.4 9.1

of the main shoe-box, four pillars and the windows. Thus the Sabine prediction is not guaranteed

to be accurate for Room 4.

The reverberation times estimated by FDN-RTM agree well with those estimated by RTM and

Sabine formula. However, the reverberation times estimated by FDN-RTM are slightly longer.
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Table 3.4: Computation time consumed for RTM to compute a one-second room impulse re-
sponse.

Room N. patches
RTM

Pre-comp. Render
1 164 1 h 18 min 30.4 s
2 64 13 min 7.1 s
3 68 14 min 8.0 s
4 435 14 h 51 min 85.8 s

Table 3.5: Computation time consumed for FDN-RTM with 4, 8 and 16 delay lines to compute a
one-second room impulse response.

Room N. patches
FDN-RTM N=4 FDN-RTM N=8 FDN-RTM N=16

Pre-comp. Render Pre-comp. Render Pre-comp. Render
1 164 1.93 s 0.078 s 2.72 s 0.187 s 4.64 s 0.476 s
2 64 0.42 s 0.091 s 0.49 s 0.178 s 0.67 s 0.451 s
3 68 0.46 s 0.097 s 0.58 s 0.192 s 0.66 s 0.504 s
4 435 13.34 s 0.090 s 24.08 s 0.190 s 30.48 s 0.493 s

The main reason is that the feedback matrix estimated using even-energy grouping scheme has

some eigenvalues slightly higher than the others, which makes the corresponding delay lines

decay slower. Note that the synthesized reverberation of Room 4 has a higher error compared to

RTM, mainly because the estimated feedback matrix is not perfectly unitary (its largest eigen-

values being 1.076).

Although the experimental geometries have high re�ection coe�cients, the FDN-RTM net-

works also work for more absorptive materials in the same way as for the low absorptive ma-

terials. The feedback matrix estimated using the even-energy grouping scheme in Section 3.4.3

is nearly unitary, and thus is lossless in the feedback delay networks structure. The energy de-

caying trend of the reverberation is a�ected by the estimated attenuation �lter of each delay line

(estimated by the absorption characteristics of the walls).

3.6.4 Computation performance

While achieving comparable simulation results for late reverberation, FDN-RTM requires a much

smaller computation time than the RTM during the pre-computation stage and the real-time

rendering. Table 3.5 compares the computation times for both methods on a standard PC. The

computer used for this simulation has a 2.8 GHz CPU and 8 GB RAM.

Here, the pre-computation time for the RTM includes the decomposition of the geometry, the



88 CHAPTER 3: GEOMETRIC-BASED LATE REVERBERATOR

calculation of the form factors and the computation of high order patch-to-patch responses. The

rendering for the RTM includes the generation of the room impulse response and the convolution

of the RIR with the dry signal. The pre-computation for FDN-RTM method includes the decom-

position of the geometry, the calculation of form factors, the even-energy grouping scheme and

the parameters estimation. The rendering for FDN-RTM method includes the feedback loops of

the input signal, which requiresN2 + kN multiplications and some additions/delays during the

feedback loops, as shown in Figure 3.10, where N is number of delay lines and k is a constant.

The FDN-RTM can be regarded as a simpli�ed and e�cient implementation of the RTM using

only a few delay lines, while the original RTM uses several hundreds to thousands of patch-to-

patch interactions. By increasing the number of delay lines, the sound quality increases, at the

price of a higher computation load. The computation time for FDN-RTM using 4 to 16 delay lines

is shown in Table 3.5. The pre-computation time for the FDN-RTM depends on the complexity

of the geometry, i.e. the number of patches. After the parameters of the FDN-RTM are estimated

during the pre-computation stage, the rendering time is independent of the complexity of the

geometry, and increases almost linearly with the number of delay lines.

To render a one-second signal, FDN-RTM takes about 100 to 500 ms during run-time on a

standard computer, depending on the number of delay lines. This makes this geometry-based

reverberator suitable for real-time processing. It should be emphasized that this is typically 2 to

3 orders of magnitude less than needed by the RTM.

3.6.5 Subjective evaluation using listening tests

In this section, we evaluate the perceptual quality of reverberated sounds as synthesized by the

FDN-RTM model, for both speech and music signals. Informal listening sessions indicate that,

using only 4 delay lines, the reverberant sounds feature a slightly metallic quality. When the

number of delay lines increases, this metallic attribute is reduced, with more natural-sounding

reverberant signals.

To evaluatemore formally the sound quality of the late reverberation, subjective listening tests

(Figure 3.17) were conducted according to the ITU-RBS.1534 Multiple Stimulus with Hidden Ref-

erence and Anchor (MUSHRA) recommendation [ITU-1534, 2001]. The tests were performed

using professional-grade headphones (Beyerdynamic DT770 Pro). 10 listeners (excluding the

authors) were involved, 9 males and 1 female, aged between 20 and 32, all of them with some

previous experience of listening tests. The input dry signals are eight excerpts of anechoic record-

ings of speech, piano, cello and trumpet sounds selected from [Bang&Olufsen, 1992; Open-AIR],

each with a duration of about 7-10 s. The instrumental signals are mostly legato. Room 1 and

Room 4 were used as simulation environments. The re�ection coe�cients of Room 4 were mod-
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Figure 3.17: Subjective evaluation interface.

i�ed to have T60=2.34 s and the T60 of Room 1 is kept at 1.10 s. Sixteen test sessions were carried

out by synthesizing the reverberant sounds of the eight input signals in the two testing rooms.

In each session, the reverberation generated by the RTM was used as reference. As suggested in

[ITU-1534, 2001], the anchor signal was obtained by low-pass �ltering the reference signal with

a cut-o� frequency of 3.5 kHz. The signals under evaluation were generated by the FDN-RTM

using 4, 8 and 16 delay lines, with parameters estimated by the room geometries. Some sound

examples used in the tests can be found on the companion website.1

Before the main test, listeners had to perform a training phase: the listeners were exposed

to the nature of the reverberant signals used in the test in order to gain experience in listening.

During themain test, the listenerswere asked to rate the sound quality of the various reverberant

samples. The experiment takes 20-25 mins for each listener.

Figure 3.18 shows the statistics of the sound quality rated by the listeners. The boxplots shown

in the diagrams contain themedian, upper, lower quartiles and outliers. The results of piano, cello

and trumpet are averaged on a single diagram for the sake of conciseness, and also for the reason

that they show similar results. The results clearly show that the sound quality increases with the

number of delay lines for both voice and musical instruments. Although FDN-RTM with 4 delay

lines can produce excellent sound quality in some cases, in general, its produced sound quality

is irregular and thus is not recommended for practical use. The sound quality has noticeable

1 http://perso.telecom-paristech.fr/~hbai/demo_ASLP2015/

http://perso.telecom-paristech.fr/~hbai/demo_ASLP2015/
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Figure 3.18: Listening test results for reverberation using FDN-RTM with 4, 8 and 16 delay lines.
Ref denotes the reference signals which are computed with RTM, and Anc denotes
the anchor signals which are the low-pass �ltered reference signals, with a cut-o�
frequency at 3.5 kHz.
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Table 3.6: Material absorption coe�cients from 125 Hz to 8000 Hz for Room 1.

Surfaces Area Material 125 Hz 250 Hz 500 Hz 1 kHz 2 kHz 4 kHz 8 kHz
Floor 40 m2 carpet 0.07 0.31 0.49 0.81 0.66 0.54 0.48
Ceiling 40 m2 Concrete 0.02 0.02 0.03 0.03 0.04 0.05 0.05
Wall 84 m2 Curtain 0.06 0.12 0.35 0.45 0.38 0.36 0.36

improvement from 4 delay lines to 8 delay lines. With 16 delay lines, the reverberant sound

becomes smoother and is nearly as good as the RTM. Some listeners have confused the FDN-

RTM with 16 delay lines with the reference. In general, the reverberant sounds are of higher

quality for musical sources than for vocal sources, especially where a small number of delay

lines is used. In conclusion, to obtain satisfactory sound quality for the late reverberation, it is

suggested to use at least 8 delay lines for the FDN-RTM.

3.6.6 Frequency-dependent reverberation for realistic materials

For realistic reverberation simulation, the reverberation time is modeled in di�erent octave bands

following the magnitude response characteristics of the wall absorption �lter.

As an example, the walls of Room 1 are selected with frequency-dependent absorption mate-

rials [Vorländer, 2008], as shown in Table 3.6. The source and the receiver are both assumed to

be located at position [3,3,1.5] m.

A �rst-order low-pass �lter is designed using Equation 3.22 to model the frequency-dependent

characteristics of the absorption materials. The absorption coe�cients at 125 Hz and 8000 Hz are

combined to determine the low-pass �lter coe�cient bp. The Energy Decay Relief (EDR) of the

synthesized room impulse response is shown in Figure 3.19. The T60 at zero frequency is about

2.10 s, while at 22.05 kHz it is about 0.45 s.

Still, this �rst-order low-pass �lter provides only a very crude approximation of the complex

frequency-dependent absorption of real rooms. Using the Gauss-Newton method to �t the ab-

sorption coe�cients and design the frequency-dependent �lter can increase the modeling accu-

racy of the frequency characteristics. Figure 3.20 shows the T60 of octave bands of the modeled

impulse response using third-order �lters, comparing to the Sabine calculated octave band T60

and the RTM modeled T60. The Sabine prediction of the reverberation time in di�erent octave

bands is calculated as [Kuttru�, 2009]:

T60,Sab =
0.161V

∑

iAiαi(ω)
=

0.161V
∑

iAi(1− |H(ejω|2) . (3.43)

It can be seen that the low-pass property is well modeled using a third-order �lter, although
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Figure 3.19: Frequency-dependent energy decay for Room 1 modeled with the low-pass �lter.
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Figure 3.20: Reverberation time in di�erent octave bands. The FDN-RTM uses third-order �lters
to model the frequency-dependent characteristics of the wall materials.
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Table 3.7: Computation time consumed for FND-RTM using 8 delay lines with various orders of
frequency-dependent �lters to compute a one-second RIR.

Filter order no �lter 1st order 2nd order 3rd order
Computation time (s) 0.187 0.214 0.234 0.257

the transition from the high-amplitude frequency band to the low-amplitude frequency band is

slower compared to the ideal RTM and Sabine estimations. In our experiments, we choose the

third-order �lter for realistic reverberation synthesis, as it is su�cient to model the frequency

dependent characteristics for most materials. Further increasing the order of the �lter brings

in little improvement to the modeled frequency characteristics while also increasing the com-

putation time. The computation time using �lters of increasing order is summarized in Table

3.7.

3.7 Conclusions

In this chapter we presented a new method which implements a simpli�ed radiance transfer

method using the Feedback Delay Network structure. It inherits the accuracy of the physical

model of the acoustic radiance transfer method, at a much lower computational load. The sound

quality approaches that of the radiance transfer method, with the increase of delay lines. This

method can simulate room acoustic characteristics, and synthesize virtual reverberation in real

time, taking into account the physical characteristics of the simulated room. Further extensions

can investigate the grouping scheme, in order to obtain amore �exible group design, and possibly

to introduce spatial information for each group.



Chapter 4

Reverberator Using Variable Delays

In Chapter 3, the sound re�ection paths between room surfaces are represented by feedback

delay lines and the delay lengths of the delay lines are chosen as �xed values. However, the

re�ection paths have delay lengths that vary continuously within a whole interval, which is

di�cult to model by using only a few delay units in the feedback delay networks. Moreover, in

the radiance transfer model, the re�ection delays between discretized patches also vary over a

certain range. The normal practice of modeling them using a �xed deterministic delay length

can be problematic if the variation range can not be neglected. In this chapter, we investigate

the variation of delay lengths in the radiance transfer model and the feedback delay networks.

Extensions of using variable delay lengths are made to both methods. In order to achieve a linear

time-invariant system for the feedback delay networks, a new structure is proposed in order to

incorporate variable delay units in the arti�cial reverberator.

This chapter is organized as follows. Section 4.1 discusses the issues of the varying delay

lengths between patches in the radiance transfer model. An extension of randomly variable

delays is proposed to the model. Section 4.2 analyzes the delay lengths variation characteristics

of a room, and proposes a grouping scheme di�erent to Chapter 3 based on the nearest delay

lengths principle. A statistical variable-delay comb �lter is proposed and applied to the feedback

delay networks. Since the statistical time-varying delay units are not LTI systems, a new feedback

structure using deterministic delay groups is proposed. Simulation results are given in Section

4.3 and conclusions are drawn in Section 4.4.
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4.1 Radiance Transfer Model Using Variable Delays

The radiance transfer method, described in Section 3.1, is an e�cient model to simulate the dif-

fuse re�ections and the late reverberation. For numerical simulation, the geometry is discretized

into patches, which results in discretization errors when calculating the radiosity exchange be-

tween patches, especially for the patches close to each other. In this section, we discuss such

discretization errors, and propose an extension of the radiance transfer model using randomly

variable delay lengths to reduce the modeling errors of the re�ection delays.

4.1.1 Variable delays of the radiance transfer model

Patch i

Patch j

Figure 4.1: The surface of each patch is uniformly sampled and the distance between the sampling
points are calculated. The distances between points of two patches, patch i and j, can
vary in a wide range from its mean distance or central distance.

The numerical simulation of the radiance transfer model requires that the geometry of the

room be discretized into small planar patches. Then the radiation density of patch i is given as

its initial radiosity B0
i (t), plus the contribution of the re�ected radiosity from other patches (as

given in Section 3.1.2):

Bi(t) = B0
i (t) + (1− αi)

M∑

j=1,j 6=i

Fi,jBj(t−
Ri,j

c
). (4.1)

In Equation 4.1, the distance Ri,j between patch i and patch j is often taken as the mean dis-
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tance between the two patches or the distance between the centroid of the two patches. However,

this results in quantization errors since the distance between the points of two patches varies in

a wide range, especially for the patches close to each other. Take two patches as illustrated in

Figure 4.1 for example. Each patch surface is uniformly sampled and the distances between the

sampling points are used to calculate the distribution of distances between patches.
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Figure 4.2: Geometry of a rectangular room with dimension 15 × 12 × 4.5m. The distances
between patch marked in red and the patches marked in green (patch 1 and patch 2)
are calculated to show the distribution of the distances between them.

The distribution of distances betweenpatches can be used to better allocate delay lengths in the

radiance transfer model or the feedback delay networks method. Take a geometry of rectangular

room with dimension 15 × 12 × 4.5m, as in Figure 4.2, for example. The distribution of the

distances between the patch marked in red in Figure 4.2 and the two patches marked in green

are plotted in Figure 4.3. The distances between the red patch and Patch 1 (the one closer to

the red patch) is nearly Gaussian distributed, while the distribution for patch 2 (the further one)

has a rather �at distribution between the range of [1230, 1400] samples. In both cases, it is clear

that distances between patches are distributed over wide ranges of delays. Thus it is natural to

extend the distance term Ri,j in Equation 4.1 and use a time-varying term Ri,j(t). The term

Ri,j(t) varies randomly according to the delay distributions of the two patches considered. With

the extension of variable delays, Equation 4.1 becomes:
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Figure 4.3: [Top] Distribution of delays between the reference patch (marked in red in Figure 4.2)
and patch 1. [Bottom] Distribution of delays between the reference patch and patch
2. The delays are calculated in samples, using a sampling rate of 44.1 kHz.

Bi(t) = B0
i (t) + (1− αi)

M∑

j=1,j 6=i

Fi,jBj(t−
r(t)i,j

c
), (4.2)

where r(t)i,j varies according to the delay distribution Pi,j between patch i and j:

r(t)i,j ∼ Pi,j . (4.3)

In the progressive expression of the radiance transfer model, the time-varying delay term

r(t)i,j takes a di�erent realisation r(n)i,j at each iteration. The iterative radiance transfer method is

expressed as:

B
(n)
i (t) = B

(n−1)
i (t) + (1− αi)

M∑

j=1,j 6=i

Fi,jB
(n−1)
j (t−

r(n)i,j

c
). (4.4)
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4.1.2 Modi�cation to the computation procedure

Introducing time-varying delays does not invoke much changes to the computational procedure

of the radiance transfer method. The only di�erence compared with the traditional radiance

transfer method is to randomly generate a delay length according to the delay distribution during

each iteration of the computational procedure.

During the pre-computation of the traditional radiance transfer method, the order-1 patch-

to-patch responses are pre-computed. The high order patch-to-patch responses are obtained by

convolving the order-1 patch-to-patch responses. In contrast, by introducing the time-varying

delays, the high order responses can not be obtained in the same way since the order-1 patch-to-

patch responses are di�erent in each iteration due to the time-varying delays. Thus for the delay-

varying radiance transfer method, the high-order patch-to-patch responses are pre-computed in

a progressive manner. First, the patch-to-patch form factors are calculated and are kept invariant

during all the iterations. Then assume that the computation procedure is currently in the nth

iteration and the previous order-(n−1) patch-to-patch responses are already computed. For the

nth iteration, a delay length is randomly generated, according to the delay distribution between

the patches considered. Gaussian and uniform distributions can be used to approximate the

delay distribution between patches. Together with the form factor, the order-1 patch-to-patch

response is formed. The newly generated order-1 patch-to-patch response is convolved with the

previous order-(n− 1) patch-to-patch responses to form the order-n patch-to-patch responses.

The progression continues until the desired number of iterations are reached. The high-order

patch-to-patch responses are stored for run-time simulation.

The run-time computation, including the initial-shooting and �nal-gathering stages, is the

same as the traditional radiance transfer method.

4.2 Feedback Delay Networks Using Variable Delays

In Chapter 3, the delay lines of the feedback delay networks are linked with the radiance transfer

methods by using one delay line to represent a group of patch-to-patch interactions. The groups

of the patch-to-patch interactions are designed by the uniform energy grouping scheme in order

to obtain an unitary feedback matrix. Di�erent from using the uniform energy grouping scheme,

in this section, we divide the groups based on nearest delay lengths principle. Variable delay

lengths are used to statistically represent the di�erent delay lengths in each group.
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4.2.1 Delay distribution of a room

The delays of the re�ection paths between surfaces of a room varies in a wide range. For di�use

re�ections, this can be analyzed using the radiance transfer model, with the patch size approach-

ing to in�nitesimal. The one-order re�ection delays of the room shown in Figure 4.2 are analyzed

using the radiance transfer model with the patch size of 0.1×0.1m. The distribution of the delays

is shown by the upper plot of Figure 4.4.
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Figure 4.4: Distribution of delays between the patches for the room in Figure 4.2. The delay
lengths are divided into four uniformly distributed groups.

The delays are distributed over a wide range. The delays start shortly after 0, which mainly

come from the re�ections between neighboring patches. The delays are concentrated between

the range of [598, 1594] samples, where 598 is approximately the sample delay of 4.5m, and 1598

is approximately the sample delay of 12m. There is another peak in the distribution around 2008

sample delays, which corresponding to the sample delay of 15m. The statistical distribution of

the delay re�ects to a certain degree the dimensions of the room.

In the case of di�use late reverberation modeling, the precise modeling of the delays and am-

plitudes of each pulses is often di�cult and unnecessary. We thus focus on modeling statistically

the global energy exchange between the surface. We approximate the radiance transfer model,
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grouping re�ection paths with similar delays. As an example shown in Figure 4.4, the probabil-

ity distribution of the delay lengths of the room are divided into four groups based on nearest

delays principle, each of them containing equal accumulated probability. Each group is then ap-

proximated by an uniform distribution. The uniform distribution boundaries of each group are

denoted as [BL
i , B

H
i ], where i is the index of the group. By neglecting the very small and very

large delay lengths since they have small probabilities, the delay distribution is divided into four

uniformly distributed groups, with grouping boundaries as [96, 694, 1141, 1614, 2416] samples.

In the rest of the chapter, uniform distribution is applied for the reason of simplicity. However,

other distribution types can also be used, such as the Gaussian distribution illustrated in Figure

4.5. We use uniform and Gaussian distributions because it is easy to draw random samples from

them. Drawing random samples from arbitrary distributions can be di�cult.
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Figure 4.5: The delay length distribution of Figure 4.4 is divided into four groups, and each of
them is represented by a Gaussian distribution.

4.2.2 Delay-varying comb �lter

The building block of the various arti�cial reverberators are recursive feedback delay lines. The

simplest recursive feedback can be represented by a comb �lter [Schroeder, 1962], as illustrated
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Figure 4.6: The impulse response and the frequency response of comb �lter with �xed delay
length of 983 samples.

in Figure 2.4 in chapter 2. It is well known that the comb �lter with �xed delay length produces

signals with metallic sound, which is explained, in Figure 4.6, by the comb-shape of its frequency

response. The human perception system can not hear the modal frequencies when the modal

density is high enough. Since the delay length is proportional to the model density, they use large

delay lengths to reduce the distances between the peaks in the frequency responses. However,

long delays result in sparse echoes, which is undesirable for late reverberation. Multiple comb

�lters are also used which are connected in parallel to increase the density of the peaks and to

make the dense peaks inaudible by our perception system.

The comb-shaped peaks of frequency responses come from the regular repetition of the pulses

with the same delays. By introducing randomness of the delay lengths, the comb-shape of the

frequency responses can be removed. Thus we use a time-varying delay unit to replace the

delay unit of the comb �lter, whose delay length d(m) changes randomly over a prede�ned

range, as shown in Figure 4.7. By removing the �xed delay taps, the regular comb-shape in

its frequency response is smoothed, as shown in Figure 4.8. The delay length varies within an

uniform distribution, with its mean at 983 samples and the varying interval [983 − 500, 983 +

500] samples. The metallic sound is greatly reduced while the decaying speed is statistically the
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Figure 4.7: The comb �lter with variable delay length.
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Figure 4.8: The impulse response and the frequency response of comb �lter with variable delay
length.

same as with the traditional comb �lter with a �xed delay by adjusting the attenuation factors

accordingly.

4.2.3 Recursive networks using variable delay lengths

Using delay-varying comb �lters, each group of the re�ection path distribution in Figure 4.4 can

be regarded as a delay line in the FDNs structure, whose delay lengths are set according to the

pre-de�ned delay distribution. In Figure 4.9 we illustrate the delay-varying FDNs structure us-

ing four delay lines. This structure is similar to the feedback delay networks in Chapter 3 except
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Figure 4.9: The system structure of the FDNs using variable delay lengths. Four delay lines are
used in this example).

 

                                             

                                                      

 

  

 

 

 

 

Figure 4.10: Deterministic implementation of the time-varying delay unit.

that each delay unit has a time-varying delay length which changes according to the uniform

distribution within the grouping boundaries [BL
i , B

H
i ]. The delays of the impulse response pro-

duced by the varying-length feedback have uniform distributions in each group, which is a rough

approximation of the distribution estimated by the radiance transfer modeled for the room. In

order to reduce the quantization error of the distribution, more delay lines can be used. Thus the

delay-varying feedback delay networks can be regarded as a simpli�ed implementation of the

radiance transfer method to produce the di�use re�ections.
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Such varying-delay implementation can be used to produce delay-varying taps for o�-line

computation of the impulse response. However, it can not be used for on-line rendering of the

reverberant sound as it is not a linear time-invariant (LTI) system. The input x(n) of the networks

is re-ordered and distorted by the time-varying delays. For example, if the input are �ve letters

“h-e-l-l-o [he − loh]”, by the randomly generated delays, the output signal can be distorted in

the order, which may become “e-o-l-h-l”, “e-l-o-l-h”, or any order which is permitted by the

maximum variation range. Thus it can be easily imagined that if the input is sampled music or

speech signal, these samples can be randomly re-ordered, and the output, not surprisingly, may

sound like random noise.

Thus for on-line rendering, the randomly generated delay lengths need to be replaced by de-

terministic values. We propose a deterministic implementation where each time-varying delay

unit z−Di(m) is replaced by M basic delay units [z−di(1), z−di(2), · · · , z−di(M)], connected in

parallel, as in Figure 4.10. The delay lengths of the basic delay units di(k) are taken as the in-

stances from the delay length intervals [BL
i , B

H
i ], following their probability distributions. The

delay lengths of these basic delay units are unchanged during the rendering and thus guaran-

tee the system to be LTI. During each feedback iteration, the basic delay units in delay group

[z−di(1), z−di(2), · · · , z−di(M)] are selected in the pre-de�ned order and their outputs are con-

nected to other basic delay units within the same group and among other groups by the pre-

de�ned connectivity matrix C .

An example showing the connectivity among delay units is given in Figure 4.11. The delay

group 1 represents the variable delay line z−D1(m) and contains delays [d1(1), d1(2), d1(3), · · · ],
and delay group 2 represents z−D2(m) and contains delays [d2(1), d2(2), d2(3), · · · ]. In this �gure,
the delay line attenuations and the feedback matrix is ignored for conciseness.

The input dry signal x(n) enters only into the input of one of the basic delay units in each

group. We chose the 1st basic delay unit of each group in the example. The input dry signal

x(n) passes the 1st basic delay unit d1(1) in group 1. Then the output of the variable delay line

z−D1(m) being fed back to itself in Figure 4.9 can be represented in a deterministic way, by the

output of the 1st basic delay unit d1(1) in group 1 being fed back to the input of one of the basic

delay units of the same group. In this example, it is fed back to the 2nd basic delay unit d1(2).

The output of the variable delay line z−D1(m) being fed back to the variable delay line z−D2(m)

in Figure 4.9 can be represented by the output of the 1st basic delay unit d1(1) in group 1 being

fed back to the input of the 2nd basic delay unit d2(2) of group 2.

In the next iteration, a di�erent basic delay unit can be chosen. For example, the output of

the variable delay line z−D1(m) being fed back to itself is implemented by the output of the 2st

basic delay unit d1(2) in group 1 being fed back to the input of the 3rd basic delay unit d1(3)
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Figure 4.11: Deterministic implementation of the delay-varying feedback delay networks. In this
�gure, the delay line attenuations and the feedbackmatrix is ignored for conciseness.

of the same group. The output of the variable delay line z−D1(m) being fed back to the variable

delay line z−D2(m) can also be implemented di�erently, by feeding back the output of the 2nd

basic delay unit d1(2) in group 1 to the input of the 3rd basic delay unit d2(3) of group 2, etc.

The output of all delay units are collected to form the output y(n). The input delay units and the

connectivity given in Figure 4.11 is only an example of simple implementation for the purpose

of clear demonstration. The choice of basic delay units in each iteration and the connectivity

between them can be designed randomly. But once designed, they are �xed during the process

of auralization, which is the so-called deterministic implementation of the variable delay length.

The computational complexity of the feedback delay networks can be analyzed by the number

of multiplications and additions required to produce one output sample. For the FDNs of order

N , it requiresN ×N multiplications and βN additions, where β is a constant. The delay units

of the original N ×N FDNs are extended to variable length delay units, with each delay group

containing M basic delay units. Since the connectivity between delay units are limited within

and among delay groups, the total number of multiplications required isM×N2, which is much

smaller than the (M×N)2 multiplications required by the traditional FDNs structure. The num-

ber of multiplications can be studied by the number of non-zeros of the feedback matrix where

zeros denote non-connection between the corresponding delay units. The equivalent feedback
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matrix of a 4 × 4 FDNs extended to 8 delay units in each delay line is shown in Figure 4.12.

In this matrix, there are in total 128 non zeros elements, which is much smaller than the 1024

multiplications required by the full FDNs of order 16× 16.

The randomly designed connectivity between basic delay units is equivalent to the introduc-

tion of a random permutation matrix P being multiplied with the feedback matrix C .

4.3 Experiments

4.3.1 Simulated RIRs

We evaluate the proposed delay-varying feedback delay networks using the geometry in Figure

4.2. Its delay distribution is given in Figure 4.4. We approximate the delays in each group using

a uniform distribution. We simulate the reverberation using 4 × 4 FDNs as the reference. The

delay lengths of the reference FDNs are chosen as prime numbers around the centroid of each

group. The delay lengths are [397, 907, 1373, 1861]. Each delay group is extended to 4 delay

units, uniformly distributed within the delay intervals. The impulse responses of the traditional

4× 4 and 16× 16 FDNs and their frequency response are given in Figures 4.13 and 4.14, and the

impulse response and the frequency response of the extended 4× 4(4) delay-varying FDNs are

given in Figure 4.15. Both generated impulse responses have a reverberation time of 2s.

It is shown that the modeled impulse response using the extended 4 × 4(4) delay-varying

FDNs has a smoother frequency response compared with that modeled using traditional 4 × 4

FDNs and 16×16 FDNs. The modal frequencies are denser for the 4×4(4) delay-varying FDNs,

which improves the synthesized sound quality and reduces the audibility of the metallic sound

e�ects.

The 4× 4(4) delay-varying FDNs use in total 16 delays lines. The density of the pulses of the

synthesized RIRs using 4 × 4(4) delay-varying FDNs is higher than the traditional 4 × 4 FDNs

but lower than the traditional 16× 16 FDNs. The 4× 4(4) delay-varying FDNs use 4 input delay

lines, which is the same as the traditional 4× 4 FDNs, but collect the outputs of all the 16 delay

lines, which is the case for the traditional 16× 16 FDNs.

Extending the traditional FDNs using 8 delay units for each delay line, the statistics of the delay

lengths of the whole delay-varying FDNs is obtained and compared with the delay distribution

of the room. The delay distribution of the delay-varying FDNs is given in Figure 4.16. It is

shown that the delays well approximate the designed uniform distribution in each group, and

well represent the statistics of delays analyzed by the radiance transfer model.
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Figure 4.13: The impulse response and the frequency response of the traditional 4× 4 FDNs.

4.3.2 Computational comparison

Theoretically, by extending each delay line using M deterministic basic delay units, the 4 ×
4(M) delay-varying FDNs requires M times more multiplications than the traditional 4 × 4

FDNs. In practice, using Matlab implementation, the computational time is slightly di�erent.

The computation time for rendering a one second signal using the traditional 4 × 4 FDNs is

0.083s, and that using the extended 4×4(4) delay-varying FDNs is 0.197s, which is less than the

theoretical analysis. The reason might be that using Matlab implementation, some computation

is consumed by reading and writing the data in the memory, thus the real computation time does

not well re�ect the theoretical computational complexity of the two algorithms. Further analysis

of the computational complexity requires optimized implementation in C or C++ language.

A comparison of the computation time used for 4× 4(M) delay-varying FDNs and the tradi-

tional 4 × 4 FDNs is given in Figure 4.17. For the traditional FDNs, the number of delay units

are used as a design parameter to determine the system complexity and sound quality. Generally

speaking, the more delay units used in the FDNs, the better sound quality can be. In Figure 4.17,

with the same number of delay units, the computation time required by the delay-varying FDNs

is less than that required by the traditional FDNs. It is mainly due to the limited connectivity
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Figure 4.14: The impulse response and the frequency response of the traditional 16× 16 FDNs.

between delay units, as re�ected by the sparse feedback matrix in Figure 4.12.

4.3.3 Sound quality

Informal listening tests reveals that the sound quality using the delay-varying FDNs has great

improvements over the traditional FDNs. The sound quality using 4× 4(4) delay-varying FDNs

is much better than the traditional 4× 4 FDNs where the metallic sound is almost not audible at

all. Both using 16 delay lines, the sound quality using 4×4(4) delay-varying FDNs is even better

than the 16 × 16 FDNs in some cases, especially for speech signals that had a mettalic sound.

The reason is that by extending each delay line to several basic delay units and the pre-de�ne

deterministic connectivity among them, regular repetition of the pulses is much reduced and a

much smoother frequency response can be obtained. This can be explained using the example in

Figure 4.11. For example, the input signal of the 1st basic delay unit d1(1) in group 1 is feedback

to the 2nd basic delay unit of the same group, and then to the 3rd basic delay unit before going

back again to the 1st basic delay unit. The total length of the delay path between two repetitive

pulses is then d = d1(1) + d1(2) + d1(3). This actually increases the delay length, and thus

increases the modal density of the frequency response.
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Figure 4.15: The impulse response and the frequency response of the extended 4 × 4(4) delay-
varying FDNs.
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Figure 4.16: The distribution of the delays of the extended 4 × 4(8) delay-varying FDNs with
comparison of the delay distribution of the room.
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The delay paths between basic delay units can have multiple di�erent combinations. For ex-

ample, for a 4 × 4(8) delay-varying FDNs where each of the delay line is extended to have 8

deterministic basic delay units, the total number of combination is:

Np = MN = 84. (4.5)

If the average delay length is, in this example, 1327 samples, then the synthesized RIRs will only

have a repetitive pulse every 1327×8 samples. It is in contrast of the traditional FDNs where the

pulses repeat themselves on average every 1327 samples. For a RIR of duration 1 s with 44100

samples, the repetitions only occurs about 4 times during the whole RIR. Besides, the pulses are

already attenuated a lot in their next repetitions. This is the explanation for the reduction of the

metallic perception of the reverberant sound.

4.4 Conclusion

In this chapter, we studied the delay variation phenomenon of the radiance transfer method and

the feedback delay networks. For the radiance transfer method, in order to bettermodel the delay

variation of the sound exchange between patches, a variable-delay radiance transfer method

was proposed and the corresponding modi�cation is made for the simulation procedure. For the

feedback delay networks, the variable-delay feedback delay networkswas proposedwhich can be

used as approximated simple realization of the radiance transfer method for o�-line computation

of the IRs. For on-line rendering of the reverberant sound, a new feedback delay structure is

proposed, which is a deterministic implementation of the variable delay units. Experimental

results show that the proposed feedback delay structure greatly improves the sound quality of

the rendered signal, and the delay distribution of the feedback delay structure approaches the

delay distribution of the room.



Chapter 5

Modeling Early Re�ections Using

Acoustic Rendering Equation

In Chapter 3, Radiance Transfer Method (RTM) was investigated, which is an e�cient tool to

model di�use re�ections. In [Kiminki, 2005; Siltanen et al., 2007], anAcoustic Rendering Equation

(ARE) was formulated, as an extension of the RTM, which considers both di�use and non-di�use

re�ections. Since the high-order re�ections computation is pre-computed and decoupled from

the run-time computation procedure, this method is well suited for dynamic applications with

moving sources. A case study conducted by [Siltanen et al., 2007] has shown that the simulated

RIR using this method can predict several acoustic parameterswith acceptable accuracy, and thus

gives a good estimation of the RIR decay curve, especially for the late reverberation.

However, the accuracy of the modeled early re�ections is not fully discussed in the literature.

Hybrid methods were proposed in [Antani et al., 2012b; Lewers, 1993] where AREmethod is used

to model only the di�use re�ections and the late reverberation while the geometric methods are

used to model the more important early re�ections. Although it is common to split ER and LR,

it would be desirable to have a single generic method that would be accurate for both the early

and the late part. To that aim, we study in this chapter the modeling accuracy of the early echoes

for the ARE method and modify the �nal gathering schemes using ray tracing methods which

allows us to model the early part while keeping the advantages of the original method for late

reverberation simulation.

This chapter is organised as follows. In section 5.1 we recall the basics of the ARE method and

the main computation procedure. The formulation of the ARE presented in this section mainly

comes from [Siltanen et al., 2007]. In section 5.2 we explain our computational procedure using

ray tracing method. In section 5.3 the modeling accuracy of the ARE method for early echoes



116 CHAPTER 5: MODELING EARLY REFLECTIONS

is studied and two �nal-gathering schemes are compared. Some experimental comparison are

given in section 5.4.

5.1 Acoustic Rendering Equation

The ARE model shares similar concepts with the RTM, but is constructed in more general con-

ditions. In this chapter, the complete formulation of the ARE model will be presented, although

some equations may seem similar with the RTM in Chapter 3. We emphasise their di�erence and

the advantages of the ARE model over the RTM.

5.1.1 Kajiya’s Rendering Equation

The formulation of the room acoustic rendering equation originates from the Kajiya’s rendering

equation in computer graphics [Kajiya, 1986]. Di�erent from the room acoustic modeling, the

propagation time of light rays can be neglected since the speed of light, in most practical cases,

can be assumed as in�nite. The time-independent of the Kajiya’s rendering equation expressed

in a recent form [Dutre et al., 2006] is:

L(x→ Ω) = L0(x→ Ω) +

∫

S
ρ(x,Ψ→ Ω)L(x’→ −Ψ)V (x,x’)G(x,x’)dx’ (5.1)

where

• x and x’ belong to R
3, and are the points on the surfaces in 3D space.

• The symbol→means the “in the direction of”. For example (x→ Ω)means “leaving point

x in the direction Ω”, and (x,Ψ → Ω) means “incident on point x from the direction Ψ

and leaving in the direction Ω”.

• L(x→ Ω) is the total outgoing radiance from point x in the direction Ω.

• L0(x → Ω) is the current emitted radiance from point x in the direction Ω. It is zero if

point x is not a light or sound source.

• ρ(x,Ψ → Ω) is the bidirectional re�ectance distribution function (BRDF) which de�nes

how the incoming radiance from the direction Ψ is re�ected to the direction Ω at point

x. It is related to the material re�ectance characteristics of the surface [Nicodemus et al.,

1977].

• L(x’→ −Ψ) is the radiance at point x’ in direction−Ψ, the direction toward x.
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• V (x,x’) is the visibility term between point x and x’.

• G(x,x’) is the geometric term.

•
∫

S dx’ represent the integration of the set of all the points on surface of the enclosure S.

5.1.2 Temporal Propagation Operator

For the acoustic rendering equation, the sound energy exchange is described by the acoustic

radiance, which contains directional information of radiation. The symbol for acoustic radiance

L(x,Ω) is extended to a time-dependent notation L(x,Ω, t), where x is the position vector in

3D space and Ω is the direction of radiation. For the radiance transfer method in Chapter 3, the

energy exchange between surface patches is described using radiation density, which is a position

and time variant quantity, noted asB(x, t). Since the RTM only models di�use re�ections, which

assumes uniform energy distribution in all directions, the radiation density only depend on the

position x and the directional information Ω is thus not considered.

The temporal e�ects of acoustic wave propagation need to be taken into account for acoustic

radiance modeling. The temporal operator which denotes the sound propagation over a linear

absorptive medium is de�ned as:

Sr{I(t)} = e−αrI(t− r

c
), (5.2)

where Sr{·} is the temporal propagation operator that applies temporal delay and absorptive

attenuation to the original sound intensity I(t), c is the speed of sound, and α is the absorption

coe�cient of the medium.

The temporal operator Sr{·} has the linearity and additivity property. If an impulsive sound

is emitted at t = 0 and denoted as a Dirac delta function δ(t), then the linearity and additivity

property can be expressed as:

Sr{µ1δ(t) + µ2δ(t)} = µ1Sr{δ(t)} + µ2Sr{δ(t)} (5.3)

Sr1{Sr2{δ(t)}} = Sr1+r2{δ(t)}. (5.4)

The linearity property in Equation 5.3 allows the di�erentiation, and enables the temporal

propagation operator to be applied to the irradiance and the radiance. Equations 5.3 and 5.4

justify the combination of the propagation operators in the case of multiple specular re�ections.
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The intensity, or the radiance, at a point can be computed as the sum of the direct path and

several early re�ection paths.

Consider sound source located at an arbitrary position in a roomwith emission intensity I0(t)

varying over time. The received intensity at any other location is the summation of the prop-

agation operators from the source to the receiver convolved with the original intensity. It is

expressed as:

I(t) =

[
N∑

i

βiSri{δ(t)}
]

∗ I0(t), (5.5)

where βi is the re�ection attenuation coe�cients, which take into accounts the various wall

absorptions that their propagation paths encounter. ri are the lengths of the re�ection paths,

and I(t) is the detected intensity at the receiver. Note that the temporal delays of each re�ection

path e−αri are hidden in the propagation operators Sri .

5.1.3 Re�ection Kernel

The re�ectance function, the geometric term and the visibility term together describe the re�ec-

tion from point x via point x’ into direction Ω, as in Figure 5.1, and is referred to as re�ection

kernel:

R(x,x’,Ω) = V (x,x’)ρ

(
x− x’

|x− x’| ,x’→ Ω

)

g(x,x’), (5.6)

where V (x,x’) is the visibility term, ρ( x−x’
|x−x’| ,x’→ Ω) is the re�ectance function (or BRDF), and

g(x,x’) is the geometric term.

The re�ection kernel of the ARE uses three variables x, x’ and Ω to de�ne both the incident

direction and the re�ected direction. (The incident direction is de�ned by x and x’, the re�ected

direction is de�ned by Ω.) It de�nes how the incoming radiance from point x to point x’ is

re�ected into direction Ω. In contrast, the equivalent re�ection kernel of the RTM in Chapter

3, de�nes how the radiation density of patch i a�ects the radiation of patch j. Compared to

the RTM, the bidirectional extension of the re�ection kernel enables the ARE to model arbitrary

re�ection patterns including specular re�ection, di�usion and even di�raction.

Visibility term

The visibility term describes if the line between two points x and x’ is obstructed by an obstacle.

This extension is made in order to model nonconvex geometries. The visibility term is de�ned



5.1 ACOUSTIC RENDERING EQUATION 119

as follows:

V (x,x’) =







1, when the line between x and x’ is unobstructed;

0, otherwise.
(5.7)

Geometric term

The geometric term is de�ned as:

g(x,x’) =

(

n(x) · x− x’

|x− x’|

)(

n(x’) · x’− x

|x’− x|

)
1

|x− x’|2 , (5.8)

where n(x) is the surface normal of the patch that contains point x (see Fgure 5.1). The term
(

n(x) · x−x’
|x−x’|

)

is the dot product of the unit vector of outgoing direction x−x’
|x−x’| and the surface

normal n(x). It can also be expressed as the cosine of the outgoing angle.

The geometric term g scales as the inverse square of the distance between x and x’. The

non-orthogonality divergence term reaches its maximum of 1 when the line between x and x’ is

perpendicular to the surface patches of both points.

Re�ectance term

The re�ectance term describes the fraction of energy re�ected along a certain direction from

an incident sound. It is also referred as Bidirectional Re�ectance Distribution Funtion (BRDF).

Suppose the incident acoustic radiance from point x to point x’ is re�ected along a solid angleΩ,

the re�ectance function is de�ned as the ratio between the di�erential of the incident radiance

and the di�erential of the re�ected radiance as:

ρ

(
x− x’

|x− x’| ,x’→ Ω

)

=
dL(x’,Ω)

dL
(

x’, x−x’
|x−x’|

) , (5.9)

where L (x’, (x− x’)/|x− x’|) is the incident radiance on point x’ from point x, and L(x’,Ω) is

the re�ected radiance from point x’ to solid angle Ω (see Figure 5.1).

5.1.4 Room Acoustic Rendering Equation

The acoustic rendering equation can be used to model room acoustics. The room acoustic ren-

dering equation models the sound energy received at the listener’s location by the contribution

of the outgoing sound radiance on the surface in each direction. Let L(x,Ω, t) be the time-
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Figure 5.1: Notations of geometric term g.

dependent outgoing sound radiance at point x along directionΩ. Then the ARE can be described

as

L(x,Ω, t) = L0(x,Ω, t) +

∫

S
R(x,x’,Ω, t)L

(

x’,
x’− x

|x’− x| , t
)

dx’, (5.10)

where

• L(x,Ω, t) is the total acoustic radiance from x along direction Ω.

• L0(x,Ω, t) is the initial emitted acoustic radiance from x along direction Ω. It only has

values when x is a sound source.

• R(x, x′,Ω, t) is the re�ection kernel which describes how the outgoing energy from point

x′ in�uences the outgoing energy at point x in direction Ω, as described in Section 5.1.3.

• L (x’, (x− x’)/|x− x’|, t) is the incoming, time-dependent radiance in direction x’ − x

from x’.

Comparedwith Equation 3.3 inChapter 3, each term in Equation 5.10 has an additional variable

which denotes the outgoing direction, such as the radiation directionΩ in L(x,Ω, t), L0(x,Ω, t)
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and R(x,x’,Ω, t), and the x’−x
|x’−x| in the term of L

(

x’, x’−x
|x’−x| , t

)

. Again, the introduction of the

re�ection direction, together with the incident direction, describes the sound energy exchange

and propagation between room surfaces in a more general form, and enables the ARE to model

the sound propagation phenomenons such as specular re�ections and di�ractions.

Equation 5.10 can be expressed in Neumann series presented in [Kajiya, 1986]. The outgoing

energy resulting from the (n+ 1)th re�ection can thus be expressed as

Ln+1(x,Ω, t) =

∫

S
R(x,x’,Ω, t)Ln(x’,

x− x’

|x− x’| , t)dx’, (5.11)

and the total outgoing energy is

L(x,Ω, t) =
∞∑

n=0

Ln(x,Ω, t). (5.12)

where Ln(x,Ω, t) is the radiance at x after n re�ections.

5.1.5 Discretized Room Acoustic Rendering Equation

In order to solve the Acoustic Rendering Equation by numerical simulation, the room surface

S is discretized into N patches. The Bidirectional Re�ectance Distribution Function (BRDF),

which de�nes how the incoming sound �ux is re�ected at a surface, is discretized by dividing

the surface-side hemisphere of the re�ectance point into solid angles. The hemisphere is divided

into m azimuth angles and n elevation angles.

This discretizing scheme results in N × m × n radiance transfer elements. The sound en-

ergy intensity is approximated as constant over each solid angle. A further assumption is that

the distance between points in the patches are approximated by the average distance between

patches.

The outgoing energy resulting from the nth re�ection can be written in discretized form as

L̂i
n =

N×m×n∑

j=1

Fj,iL̂
j
n−1. (5.13)

with i = {k, p, s} denoting the radiance transfer element in patch k, azimuth p and elevation

s, and j = {l, q, t} denoting the radiance transfer element in patch l, azimuth q and elevation

t. Fj,i is an energy transfer response which models the re�ected radiance from element i by the

contribution of the re�ected or emitted energy �ux from element j. L̂j
n−1 is the outgoing energy

for element j in the n − 1th re�ection, and L̂i
n is the outgoing energy for element i in the nth
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re�ection.

In Chapter 3, we also use Fj,i to denote the form factors, which de�ne only the patch-to-patch

interaction. In this chapter, Fj,i is an element-to-element interaction, where the elements i and j

are three-dimensional variable containing the information of the patch, azimuth and elevation.

If the L̂i
n elements are put into vector form φn and the Fj,i into matrix F , such as:

φn =







L̂1
n
...

L̂N
n







, F =







F1,1 · · · F1,N

...
. . .

...

FN,1 · · · FN,N







, Fī,̄i = 0, (5.14)

then the n − 1th order re�ected energy is propagated into the re�ected energy of the nth order

as:

φn = Fφn−1. (5.15)

The total outgoing energy from the surfaces can be written in discretized form as

φ =
∞∑

n=0

φn = φ0 +
∞∑

n=1

Fnφ0. (5.16)

where Fn denotes the nth convolution of the corresponding elements (energy responses) in the

transfer matrixF if computed in the time domain, or the nth power if computed in the frequency

domain.

Utilising the property of geometric series, and assuming that the series in Equation 5.16 con-

verge, the summation can be rewritten as:

φ = φ0 + (I − F )−1φ0. (5.17)

5.1.6 Relation to the Radiance Transfer Method

Compared to the RTM in Chapter 3, the ARE has several major di�erences which have consid-

erable impact on the modeling performance.

• The RTM only discretizes the room surfaces into patches, while the ARE also discretizes

the directional space of each patch into solid angles.

• The RTM model assumes direction-independent di�use re�ections, while ARE model in-
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corporates the directional information and is able to model other acoustic propagation

phenomenons such as specular re�ections and di�ractions.

• The re�ection kernel of the ARE contains the information of the incoming patch, the re-

ceiving patch and the re�ection direction, while the re�ection kernel of the RTM only

needs the radiation density of the incoming and the receiving patches. The bidirectional

extension makes the ARE more �exible in modeling various sound interactions.

• For the geometries with similar complexity, the computation and memory resources re-

quired by the ARE are much higher than the RTM. By discretizing the directional space of

each patch into solid angles, the dimension of the transfer matrix F is much larger than

the RTM, where no directional information is considered.

5.2 Numerical Simulation Using Ray-Tracing

[Siltanen et al., 2007] uses a progressive radiance transfer solution. The sound energy is shot from

the source to all the surface patches. The patches receiving sound energy radiate to other patches

following the acoustic rendering equation theory. The process continues until a termination

criteria (time limit, iteration limit, or energy level threshold) is met.

Di�erent from the work in [Siltanen et al., 2007], we �rst pre-compute the element-to-element

responses Fi,j and the high-order element-to-element response matrix
∑NT

n=1 F
n. The source-to-

patch responses and the patch-to-receiver responses are computed during run time and are con-

volved with the high-order element-to-element responses to form the whole source-to-receiver

response. In this way, the source and receiver is decoupled from the whole computational pro-

cedure. In addition, we use ray tracing method to compute the acoustic rendering equation.

5.2.1 Pre-computation

The numerical simulation can be divided into an o�-line computation and a run-time computa-

tion, as shown in Figure 5.2. During the o�-line computation, the room geometry is discretized.

The surfaces are divided into patches, and the hemisphere of each patch is discretized into solid

angles. The transfer matrix F is computed and the high-order element-to-element transfer ma-

trix is obtained.

We use energy-based ray tracing to compute the element-to-element responses Fi,j. We as-

sume unit energy is emitted from each element. Rays are emitted uniformly within the solid

angle of element i over the patch. Each ray carries a amount of energy eR = 1
NR

, where NR is

the number of rays emitted from each solid angle. When a ray encounters a geometric primitive,
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Figure 5.2: One-pass numerical simulation. The red spot denotes the sound source and the green
spot denotes the listener. The orange line indicates the direct sound.

it is specularly re�ected, according to the pre-de�ned BRDF. The re�ected energy �ux in each

outgoing direction is calculated to form the one-order element to element response Fi,j.

The elements (energy responses) in the transfer matrix F are convolvedNT times to get high

order responses. NT is chosen as a limited number since after several re�ections, most energy

is absorbed by the re�ection materials. The remaining energy is below a desired threshold and

thus can be neglected. The high order element-to-element transfer matrix is then formed by
∑NT

n=1 F
n.

5.2.2 Run-time computation

Run-time computation can be divided into three stages: initial shooting, energy convolution and

�nal gathering.

Initial shooting

The items in the initial shooting matrix contain the received energy and time delays from the

source to each discretized solid angle of each patch. At the initial shooting stage, rays are emitted

in uniform directions from the sound source. The energy carried by each ray can vary according

to the directivity of the sound. These rays are re�ected and collected in each re�ected angle to

form the initial condition φ0.
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Algorithm 1: Algorithm of pre-computing the element-to-element response

Data: Discretized room geometry S
Re�ectance funtions BRDF ρ of each patch
Result: One-order element-to-element response Fi,j

foreach Patch k do
foreach Solid angle Ω, (i = [k,Ω]) do

foreach Ray R with energy eR do
xR ← UniformSamplePoint()
dR ← UniformSampleDirection()
yI ← GetWallIntersection()
SpecularRe�ection(dR, yI )
dI ← GetRe�ectionDirection()
j← GetRe�ectionIndex(yI ,dI ,S)

Fi,j← Fi,j + eRδ(t − di,j
c )

end
end

end

Algorithm 2: Initial shooting algorithm

Data: Source location xS and directivity
Discretized room geometry S
Re�ectance funtions BRDF ρ of each patch
Result: Initial shooting matrix φ0(i)
foreach Ray R with energy eR do

dR ← UniformSampleDirection()
yI ← GetWallIntersection()
SpecularRe�ection(dR, yI )
dI ← GetRe�ectionDirection()
i← GetRe�ectionIndex(yI ,dI ,S)

φ0(i)← φ0(i) + eRδ(t− dS,i
c )

end
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Final gathering

During the �nal gathering stage, the energy responses from all visible radiance transfer ele-

ments are accumulated at the listener’s location. As for the initial shooting stage, we use ray

tracing to calculate the amount of energy received by the listener from each element. The high-

order element-to-element energy responses in the transfer matrix are convolved with the ele-

ments in the initial shooting matrix and the �nal gathering matrix to form the source-to-receiver

response. The �nal gathering scheme will be discussed in detail in Section 5.3.

It is worth noting that in dynamic scene applications where both the sound sources and lis-

teners move, only the initial shooting and �nal gathering matrices need to be re-calculated. The

high-order re�ection response matrix is independent from the sound sources and listeners po-

sitions. Thus this method has the potential to be applied in dynamic scene applications where

both the source and the receiver move.

5.3 Final Gathering Schemes

In [Antani et al., 2012a,b], rays are uniformly sent from the listener and collected at each patch

to calculate the energy response at the �nal gathering stage, using a reciprocity principle. Since

these works only use AREmethod tomodel di�use re�ections for the late reverberation, the e�ect

of the directional discretization in the �nal gathering stage was not discussed. For simulation of

early echoes, it is important to accurately model the re�ection angle and the energy amplitude

for each solid angle. Using such a �nal gathering method tends to result in inaccurate early

echoes. Discretizing the geometry and directions introduces errors in two ways. Firstly, the

outgoing energy �ux in a certain direction of one patch is considered constant. In fact, it can

have considerable variations, especially for the patches close to the source. Secondly, because

the sound sources and listeners are free to move in the acoustic space, there exist positions for

listeners where the �nal gathering energy responses are largely under- or over- estimated.

Amore natural way is to send rays from the center of each patch and to accumulate them at the

listener’s position, similar to what they did for modeling di�use radiosity. The rays are collected

by a receiving volume at the listener’s position. The receiving volume is adjustable as in the ray

tracing method. The received energy responses are convolved with the corresponding elements

(energy responses) in the initial shooting matrix and the transfer matrix to get the early echoes

as well as the late reverberation. The direct sound is calculated at the initial shooting stage.

Together with the direct sound, the whole RIR is generated in a single computation pass, instead

of splitting the RIR into ER and LR and modeling them separately. However, this method still
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Figure 5.3: Original scheme: �nal gathering scheme by emitting rays from the centers of patches.

 

Figure 5.4: Proposed scheme: �nal gathering scheme by emitting rays uniformly over the patch.

leads to large areas where the listener receives no sound, and some other areas where he receives

overlapped sounds from adjacent patches, as one can see on Figure 5.3.

To make the re�ected sound more uniformly distributed and to better cover the acoustic space,

we propose to emit rays uniformly over each patch along the solid angle, instead of emitting all

rays from the center of the patch. For each solid angle of a patch, we uniformly chooseK points

on that patch. We send NR rays from each point along uniform directions within the solid an-

gle. Each ray carries energy of eR = 1
K×NR

. An non-uniform receiver directivity can also be

taken into account using a varying ray energy distribution. These rays are accumulated at the

receiving volume to generate the �nal gathering responses. The uniform �nal gather scheme is

illustrated in Figure 5.4.

5.4 Experimental Results

In this section, we compare the performance for early re�ections simulation of the ARE method

using the proposed uniform �nal gathering scheme (called as ARE-proposed when presenting

the experimental results) to the ARE-traditional method.
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Algorithm 3: Algorithm of uniform �nal gathering scheme

Data: Listener’s location xL and directivity
Diameter of the receiving volume ball εL
Discretized room geometry S
Result: Final gathering matrix G(i)
foreach Patch k do

foreach Solid angle Ω, (i = [k,Ω]) do
xp ← GetKEmissionPoint()
foreach Emission Point xp do

foreach Ray R with energy eR do
dR ← UniformSampleDirection()
rI ← GetNearestIntersectionWithListener()
if rI ≤ εL then

G(i)← G(i) + eRδ(t − di,L
c )

end

end
end

end
end

5.4.1 Experiment

The test environment is a rectangular room with dimensions 4m×3m×2m, as shown in Figure

5.5. The room surface is divided into 104 triangles. For each patch, the hemisphere is divided

into 144 directions, 24 in azimuth and 6 in elevation, with 15o resolution in each dimension.

The sound source is �xed at (1, 2, 1), while 40 listeners’ positions are uniformly selected on the

plane at height z = 1. Energy responses are generated using each method and are evaluated

by comparison with reference signals obtained by ray tracing. The evaluation of the energy

responses at these 40 locations is presented on Figure 5.8 as a 2D map. The energy responses at

two locations, one picked at the central of the room and the other near the surface, are given on

Figure 5.6 and Figure 5.7 to show the reconstruction details.

In another set of experiments we study the e�ect of discretization of the room surface and

directions. The number of patches varies from 32 to 416, and the solid angle resolution varies

from 15o to 30o. Their combined patterns are shown in Table 5.1. For each discretization pattern,

40 energy responses are simulated at the locations designed above, and their reconstruction

accuracy as well as the average computation time are shown in Table 5.1.
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Figure 5.5: Test geometry: a rectangular room with dimensions 4m × 3m × 2m. The surfaces
are discretized into 416 triangle patches.

5.4.2 Evaluation Criterion

The ray tracingmethod is used as the referencemethod to evaluate the accuracy of bothmethods.

Since the performance of the ARE method in the reconstruction of di�use re�ections and the late

reverberation has been studied in [Antani et al., 2012b; Siltanen et al., 2007], we mainly focus on

the accuracy in early echoes simulation. We thus consider the simulated energy responses up to

the fourth order re�ections.

As a �rst evaluation criterion, we use normalized cross-correlation to assess the distance be-

tween the simulated energy impulse responses simulated with the di�erent ARE methods, and

the baseline ray tracing method. The formula is given in (Equation 5.18) as

∆ =
f(t) ⋆ g(t)

||f(t)||2||g(t)||2
(5.18)

where f(t) and g(t) are the considered signals, ⋆ denotes correlation, and || · ||2 denotes the l2
norm.

Since the individual impulses in the reconstructed energy response using ARE methods can

have slight time shift due to surface discretization, the normalized cross-correlation is not su�-

ciently informative to assess the results. Thus, the di�erence between the accumulated energy

is also used to evaluate the performance.

Let G(t) =
∫ t
0 g(t) dt and F (t) =

∫ t
0 f(t) dt, then the error between the accumulated energy
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Figure 5.6: Case A: energy response obtained by the ARE methods and the ray tracing method.
The sound source is at (1, 2, 1) and the listener is at (2, 1.5, 1).

is

ε =

∫ TM

0
|G(t) − F (t)| dt (5.19)

where [0, TM ] is the time interval considered which in our case roughly corresponds to including

the �rst four orders re�ections.

5.4.3 Results

Figure 5.6 and Figure 5.7 display the reconstructed early echoes at listener’s location (2, 1.5, 1)

and (1, 0.5, 1) (case A and B in Figure 5.8). In Figure 5.6, the proposed method shows a better

reconstruction. Note that the �rst echo is largely over-estimated by the ARE-traditional method,

but more accurately modelled by the proposed method. In Figure 5.7 the �rst echo is totally

missed by the ARE-traditional method, but is well preserved using the proposed method. The

improvement is due to the averaging e�ect of the uniform distribution of the emission points
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Figure 5.7: Case B: energy response obtained by the ARE methods and the ray tracing method.
The sound source is at (1, 2, 1) and the listener is at (1, 0.5, 1).

over each patch. Note that, as shown on Figure 5.7, there still exist a few impulses that are not

well modeled by any of the two methods. In this case, the listener is very close to the surface,

which leads to strong surface quantization e�ects.

Figure 5.8 shows how the error of accumulated energy ε varies at di�erent locations in the

room. The darker color in the error map indicates smaller accumulated energy error, and thus

has better reconstruction accuracy. The error map shows that the reconstructed responses using

ARE-proposed are in general more accurate than the traditional method (noted ARE-traditional)

at almost every position. The errors at some locations such as at (1, 0.5, 1) and (2.5, 2, 1) are

e�ectively reduced by the proposed method.

Combined with high order re�ections, the proposed method is able to e�ectively model the

whole RIR. In order to check that the proposed method did not a�ect the late reverberation, we

computed the reverberation time (T30) of both methods, and found no signi�cant di�erence.

The comparison using cross-correlation as criteria gives similar conclusion, and hence is not
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Figure 5.8: Error map of accumulated energy (lower value indicates better result). The sound
source is at (1, 2, 1) and the listeners are located uniformly on the plane at height
z = 1.
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Table 5.1: Performance comparison for the traditional and proposedmethods under di�erent dis-
cretization patterns.

N m n Algorithm ε̄ max(ε) ∆̄ min(∆) t [min]

32 12 3
Traditional 0.11 0.37 0.67 0.38 0.56
Proposed 0.09 0.18 0.69 0.43 0.52

32 24 6
Traditional 0.13 0.67 0.58 0.25 0.77
Proposed 0.08 0.15 0.65 0.46 0.91

104 12 3
Traditional 0.11 0.26 0.73 0.59 1.99
Proposed 0.07 0.15 0.79 0.64 1.95

104 24 6
Traditional 0.12 0.28 0.71 0.55 2.53
Proposed 0.07 0.18 0.79 0.65 2.62

416 24 6
Traditional 0.08 0.22 0.78 0.68 15.1
Proposed 0.05 0.12 0.81 0.71 15.6

presented here.

Table 5.1 compares the performance of the two methods under di�erent discretization pat-

terns. In this table,N denotes the number of patches,m the number of discretization in azimuth,

and n the number of discretization in elevation. We use ε̄ for the average error of accumulated

energy, max(ε) for the maximum error of accumulated energy, ∆̄ for the average correlation,

and min(∆) for the minimum correlation. t is the computation time in minutes.

It is interesting to observe from Table 5.1 that dividing the hemisphere �ner does not neces-

sarily bring improvement to the accuracy of the early echoes. On the contrary, the performance

is slightly degraded in some tests, although not in a systematic way. However, this observation

indicates that when more computation power and memory is available, �rst trying to divide the

surface into �ner patches can be a better option.

Comparing the twomethods under the same discretization pattern, it is clear that the proposed

ARE technique outperforms the traditional ARE method, at a very mild cost in terms of compu-

tational requirements. As seen in the average values in the last two discretization patterns, the

proposed method can sometimes achieve a performance similar to the traditional method used

with �ner discretization. In other words, the proposed method is a competitive alternative to

using smaller patches, when high precision is needed with limited computational resources.
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5.5 Conclusion

In this chapter we investigated the use of the acoustic rendering equation in modeling early re-

�ections of room impulse responses. We utilised a di�erent energy �nal gathering method com-

pared to the traditional scheme. Using the new scheme, a single generic method can e�ciently

model both the early and the late reverberation of RIRs. Although acoustic rendering equation

is not guaranteed to reconstruct the RIRs as accurately as ray tracing and image source methods,

the fact that they decouple the source and listener positions from the bulk of computation makes

them an appealing choice for real-time acoustic rendering.



Chapter 6

Acoustic Rendering Networks

Feedback delay networks (FDN) have been widely used to model late reverberation. In the ARE

model in Chapter 5, the sound re�ections between surface patches along the discretized direction

can be regarded as feedback loops. Thus it is naturel to incorporate the AREmodel to the FDN for

the synthesis of room reverberation. In this chapter, we present the acoustic rendering networks

(ARN), an approachwhich inherits the computational e�ciency of the FDN structure, but models

the specular/di�use re�ections by using the directional discretization of the ARE method. This

study is an extension of the geometry-based reverberator presented in Chapter 3 [Bai et al.,

2015b] and the modeling scheme of early re�ections using ARE method presented in Chapter 5

[Bai et al., 2013].

This chapter is organised as follows. In section 6.1 the pros and cons of the feedback delay

networks are brie�y summarized. The idea of joining the ARE model with FDNs is then pro-

posed to overcome one of the main drawbacks of the later. In section 6.2 we recall the basics of

the ARE model and the modi�cation that we made in order to incorporate it with the feedback

delay structure. In section 6.3 we describe the new acoustic rendering networks and how the

parameters of the networks are related to the geometry of the modeled room. Some simulation

results are given in section 6.4.

6.1 Feedback Delay Network for Arti�cial Reverberation

Feedback delay networks have been a widely used perception-based method to model the late

reverberation. It uses the iterative feedback structure to produce dense and exponentially de-

caying pulses for the late reverberation. The feedback delay networks are used for the following

advantages:
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Figure 6.1: Feedback delay structure for producing exponentially decaying dense pulses for the
late reverberation.
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Figure 6.2: Noise-like pulses produced by FDNs with four delay lines. The delay lengths are
[0.0497, 0.0674, 0.0738, 0.0750]s.
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• The feedback delay structure is computationally e�cient. Each sample of the input dry

signal requires N × N multiplications and a few additions, where N is the number of

delay lines. The output is the reverberant signal.

• Its parameters are �exible to set in order to model di�erent reverberations. The delay

lengths ([m1, · · · ,mi, · · · ] in Figure 6.2) and the delay line attenuation �lters

([H1(z), · · · ,Hi(z), · · · ] in Figure 6.2) can be used to adjust the decaying trend and the re-
verberation time. The frequency-dependent attenuation can also be �exibly parameterized

in order to model the di�erent absorptive characteristics of the medium and wall surfaces.

• The feedback matrix enables the mixing of the echoes among the delay lines, which pro-

duces more and more sub-echoes in the late part of the reverberation.

On the other hand, it also has its drawbacks and it needs to rely on other techniques to tailor the

reverberation for a given room (for example, using the measured impulse responses to estimate

the reverberation time, using geometric methods to model early re�ections, etc). Its disadvan-

tages include:

• Setting the parameters of a given feedback structure, including the delay lengths, attenu-

ation factors and feedback matrix, can be a rather tedious and empirical task [Rocchesso

and Smith, 1997a].

• The feedback delay networks do not model well the early part of the reverberation, leading

to hybrid methods where geometric methods can be used to model the early echoes.

• The reverberation modeled by the feedback delay networks tries to meet the perceptual

characteristics of the acoustic response in a real environment. Its modeling scheme is not

based on the geometry or the materials’ acoustical characteristics of the room.

In Chapter 5, the acoustic rendering equation was investigated and extended to model both

specular and di�use re�ections. By adopting uniform �nal gathering scheme and increasing the

modeling accuracy of the early echoes, the ARE model o�ers a single generic approach to model

both early re�ections and late reverberations of the RIRs. In Chapter 3, using the radiance transfer

model, the di�use re�ections between surface patches are linked to the feedback structure of the

feedback delay networks. It o�ers a guideline of how to relate the room geometries to the FDNs

and how to estimate the parameters of the FDNs.

It can be noticed that, in the ARE model, the sound re�ections between surface patches along

the discretized direction are also analogous to the feedback of signals in the FDNs. Thus if we
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represent each discretized direction by a delay line, the acoustic modeling using ARE can be

replaced by a structure similar to FDNs. In other words, the new reverberator is able to relate

the FDNs to the physical room layout. The improvement, compared to the geometric-based late

reverberator in Chapter 3, is that it is able to model not only di�use re�ections but also early

and specular echoes. It is also the main improvement from the radiance transfer method to

the acoustic rendering equation. The new hybrid model also alleviates the shortcomings of the

FDNs mentioned above. Before we can easily combine these two methods, some modi�cations

or assumptions need to be made to the acoustic rendering equation.

6.2 Modi�cation of the Acoustic Rendering Equation

As described in Section 5.1, theAREmodels the sound energy received at the listener’s location as

the contribution of the outgoing sound energy �ux on the surface in each direction. LetL(x,Ω, t)

be the time-dependent outgoing sound energy �ux at pointx along directionΩ. Then the acoustic

rendering equation can be described as

L(x,Ω, t) = L0(x,Ω, t) +

∫

s
R(x, x′,Ω, t)L(x′,

x− x′

|x− x′| , t)dx
′,

where L0 is the initial emitted sound energy and L is the total outgoing energy. R(x, x′,Ω, t)

is the re�ection kernel which describes how the outgoing energy from point x′ in�uences the

outgoing energy at point x in direction Ω.

In order to solve the acoustic rendering equation by numerical simulation, the room surface

is discretized into patches. The Bidirectional Re�ectance Distribution Function (BRDF), which

de�nes how the incoming sound �ux is re�ected at a surface, is discretized by dividing the hemi-

sphere into solid angles.

6.2.1 Discretization of directions

In [Siltanen et al., 2007], the directions in the hemisphere of a patch, are divided intom uniform

azimuth angles and n uniform elevation angles, as shown in Figure 6.4. This results in that a

given discretized solid angle from a patch may cover multiple other patches. Conversely, other

patches (especially the patches close to each other) have multiple discretized solid angle that over

a single receiving patch.

Unlike the directional discretization scheme used in [Siltanen et al., 2007] where the azimuth

and elevation of the hemisphere are uniformly quantized, we divide the hemisphere with re-

spect to all the other visible patches in the enclosure, as shown in Figure 6.3. As an example,
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Figure 6.3: Illustration of discretized acoustic rendering equation for specular re�ections.

the discretized direction for patch k is illustrated by the dotted lines in Figure 6.3. In our dis-

cretion scheme, one quantized direction corresponds to an unique patch-to-patch pair. This di-

rectional division scheme reduces the redundancy of the discretization between near patches

where multiple quantized solid angles hit onto the same patch, and increases the accuracy of

discretization between far patches where one quantized solid angle hits onto multiple patches.

This discretization scheme also eases the implementation using feedback loop structure, since

the patch-to-patch re�ection and the directional discretization are uni�ed.

Assume that from patch k there are Nk visible patches. Then the total number of discretized

direction is:

N =

M∑

k=1

Nk, (6.1)

whereM is the number of patches.

6.2.2 Simpli�cation of the re�ection kernel

For simplicity, we further simplify the ARE by assuming that the incoming energy from patch

k to patch p will be specularly re�ected along only one discretized direction, for example, to

patch l, as shown in Figure 6.3. This can be done by choosing patch l as the direction which

receives the most re�ected energy. This is a rough approximation, which can result in inaccuracy

of the amplitude of the modeled early echoes. However, for auralization purpose for real time

application, we assume that this is of secondary priority. This approximation results in that the

ith row of the transfer matrixF in Section 5.1, where i = {k, p}, has only one specular re�ection
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Figure 6.4: Traditional directional discretization scheme [Siltanen et al., 2007]. Hemisphere is
divided into solid angles with 12 uniform azimuth angles and 3 elevation angles.

component. The main reason of such a simpli�cation is that, when adopting the ARE to the

feedback structure, the feedback matrix can be designed to be stable and unitary. This will be

further discussed in Section 6.3.

The discretized acoustic rendering equation and the computational procedures, including ini-

tial shooting and �nal gathering, are similar to the traditional acoustic rendering equation de-

scribed in Section 5.1 and 5.2.

The computation procedure of the modi�ed acoustic rendering equation can be mapped to

the elements in the feedback delay networks. Consider the specular re�ection paths shown in

Figure 6.3. One re�ection path is that the sound emitted from the source is received by patch k.

It is then re�ected to patch p along the discretized direction de�ned by the patch pair k and p. It

is then, according to the discretized re�ection kernel, re�ected to patch l to continue the sound

propagation. If each patch-to-patch discretized direction is represented by a delay line, where

the parameters of the delay line are set according to the acoustic properties of the corresponding

discretized direction, the process of sound re�ections within the enclosure can be reformulated

by a feedback delay structure, as shown in Figure 6.7.

In Figure 6.3, the discretized direction from patch k to patch p is represented by a delay line

Lk,p in Figure 6.7, with a delay length τ1 and appropriate feedback coe�cient. Similarly, the

discretized direction from patch p to patch l is represented by delay line Lp,l with delay length

τ2, etc. Then the sound re�ections from patch k to patch p and then to patch l are reformulated

using the feedback delay lines. The output of the delay line Lk,p is fed into the input of the delay
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Figure 6.5: Illustration of the feedback of the signals described by the discretized acoustic ren-
dering equation for specular re�ections.

lineLp,l, the output of the delay lineLp,l is fed into the input ofLl,···, and so on, as seen on Figure

6.7. If all the patch-to-patch directions are represented by delay lines, the ARE can be formulated

by a speci�c form of feedback delay networks. In the next section, we explain the relationship

between the ARE model and the parameters of the delay lines in the feedback delay networks.

6.3 Acoustic Rendering Networks

In this section, we relate the ARE model to the components and parameters of the delay lines in

the feedback delay networks.

6.3.1 Design overview

The proposed acoustic rendering networks based reverberator uses one delay line to represent a

discretized direction between patches. The acoustic parameters of the patch-to-patch directions

are modeled by unidirectional delay unitsDf (z) and absorptive �ltersH(z). The delay lines are

inter-connected to each other through a feedback matrix A. This feedback matrix basically de-

�nes which delay lines are connected via specular or di�use re�ections and the amount of energy

exchanged between them. In addition, source initial-shooting delays DS(z) and amplitude GS

and microphone �nal-gathering delays DR(z) and amplitude GR are connected to each delay

line using unidirectional delay lines.

We name this reverberator an acoustic rendering network because it is a combination of the
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Figure 6.6: System structure of the acoustic rendering network.

acoustic rendering method and the feedback delay network structure. Figure 6.6 shows a con-

ceptual scheme of the ARN reverberator.

6.3.2 Feedback delay components

The feedback delay components include the feedbackmatrixA, unidirectional delay unitsDf (z)

and absorptive �lters H(z). Each discretized re�ection direction corresponds to a delay line in

the feedback delay networks. Thus the total number of delay lines is:

N =

M∑

k=1

Nk, (6.2)

whereNk is the number of visible patches from patch k andM is number of patches. Let’s place

the delay lines in the order of:

[1→ ρ1, · · · , k → ρk, · · · ,M → ρM ], (6.3)

where ρk denotes the set of visible patches from patch k.

Delay unit

The length of the delay between patch k and p is calculated as:

Dk→p = ⌊Fs‖xk − xp‖/c⌉, (6.4)

where c is the speed of sound, Fs is the sampling rate, xk and xp are the positions of the central
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point of patch k and p respectively. The feedback delay vector is:

Df (z) = [D1→ρ1(z),D2→ρ2(z), · · · ,DM→ρM (z)]. (6.5)

The feedback attenuation is caused by the wall material absorption from the emitting patch.

The air absorption can be easily included as well. The attenuation element can be a �xed atten-

uation factor or a frequency-dependent re�ection �lter. Using the same order as we place the

delay lines in Equation 6.3, the feedback attenuation vector is formed as:

H(z) = [H1(z), · · · ,H1(z)
︸ ︷︷ ︸

N1

, · · · ,HM (z), · · · ,HM (z)
︸ ︷︷ ︸

NM

], (6.6)

whereHk(z) is the wall re�ection �lter of patch k.

Feedback matrix

The feedbackmatrix de�nes which delay lines are connected via specular or di�use re�ections,

and the amount of energy exchanged between them. We �rst neglect the di�use re�ections.

Suppose the incoming energy from patch i to patch k is specularly re�ected to the direction from

patch k to patch j. Then, in the feedback matrix as shown in Figure 6.7, the intersection of the

row corresponding to the direction from i to k and column corresponding to the direction from

k to j is set to 1, and all the other elements are 0s. The row of the feedback matrix corresponding

to the delay line Li,k is:

[0, · · · , 0
︸ ︷︷ ︸

N1

, · · · , 0, · · · , 1, · · · , 0,
︸ ︷︷ ︸

Nk

, · · · , 0, · · · , 0
︸ ︷︷ ︸

NM

], (6.7)

where the “1" is at the corresponding index s for the direction pair {k, j}.
Because of the re�ection kernel simpli�cation in Section 6.2.2, each row of the feedback ma-

trix has only one “1" element, and the rest are all zeros. This reduces the feedback matrix to a

permutation matrix, namely P . The permutation matrix is stable and lossless and does not alter

the energy divergence of the system.

If di�use re�ections are considered, the row of the feedback matrix corresponding to the delay

line Li,k is modi�ed as:

[0, · · · , 0
︸ ︷︷ ︸

N1

, · · · , 2

Nk
, · · · , 2−Nk

Nk
, · · · , 2

Nk
,

︸ ︷︷ ︸

Nk

, · · · , 0, · · · , 0
︸ ︷︷ ︸

NM

], (6.8)
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Feedback matrix

 

 

 

  

 

Figure 6.7: Illustration of setting the feedback matrix.

where the specular re�ection contains energy:

Es = 1− 4(Nk − 1)

Nk
2 (6.9)

and the di�use re�ections contain energy:

Ed =
4(Nk − 1)

Nk
2 . (6.10)

The specular and di�use energy is distributed in such a way that the corresponding sub-matrix

is a permuted Householder matrix of order Nk , which is itself unitary and lossless. Thus the

feedback matrix A containing di�use re�ection can be constructed as

A =









ΛN1
0

ΛN2

. . .

0 ΛNM









P, (6.11)

where Λn is the Householder matrix of order n and P is a permutation matrix. Since the matrix

diag

([ΛN1
,ΛN2

, · · · ,ΛNM
]) is composed of householder matrices, it is thus unitary. Its permuta-

tion is also unitary. The unitary feedback matrix guarantees that the FDN is lossless and that

the energy decaying trend of the reverberator is only a�ected by the attenuation vector. This



6.3 ACOUSTIC RENDERING NETWORKS 145

 

 

200 400 600 800 1000

100

200

300

400

500

600

700

800

900

1000

1100

−0.7

−0.6

−0.5

−0.4

−0.3

−0.2

−0.1

0

Figure 6.8: Illustration of the sparsity of the feedback matrix of dimension 1106 × 1106.

makes it possible to link the frequency-dependent absorption property of the material with the

attenuation �lter of each delay line.

Besides, since the visibility between the discretized directions in the ARE model is limited, the

feedback matrix is very sparse. Although it is of dimensionN ×N , whereN =
∑M

k=1Nk, it has

only N specular components. The total number of di�use components are:

Nd =
M∑

k=1

Nk(Nk − 1). (6.12)

However, the di�use components of each row are of the same amplitude, which requires only

one multiplication for the di�use components instead of theNk multiplications for each of them.

The sparsity of the feedback matrix for acoustic rendering networks is illustrated in Figure

6.8. The colormap of the �gure is scaled and inverted in order to make the color display of the
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non-zeros elements more visible. In Figure 6.8, white color denotes zero elements, dark gray dots

(with amplitude around−0.7with re�ection coe�cient of 0.75) denote specular components and

light gray dots (with amplitude below 0.1) denote the di�use components. (The light gray dots

are so densely placed such that they look like light gray lines.) It can be noted that for a feedback

matrix of dimension 1106 × 1106, the number of non-zero elements is relatively small. There

is only one dark gray dot in each row. The square-shaped white areas at the diagonal of the

feedback matrix mainly represent the in-visibility of the discretized directions to those patches

who lie on the same surface.

6.3.3 Initial and �nal components

Initial components

The input signal �rst passes through the initial-shooting units and then connects to the delay

lines.

The length of the delay between the source at xS and the patch k at xk is determined by the

propagation delay to the central point of the patch:

DSi = ⌊Fs‖xS − xk‖/c⌉. (6.13)

Thus the initial-shooting delay vector is:

DS(z) = [DS1(z), · · · ,DS1(z)
︸ ︷︷ ︸

N1

, · · · ,DSM (z), · · · ,DSM (z)
︸ ︷︷ ︸

NM

]. (6.14)

The initial-shooting amplitude vector is determined by the amount of energy received by each

discretized angle from the source (Sections 5.1 and 5.2). Since the feedback delay networks sim-

ulate the re�ections in the sense of sound pressure, the received energy is square-rooted to get

GS .

Final components

Like the initial shooting delays, the length of the delay line between the central point of patch

k at xk and the listener at xR is determined by the propagation delay:

DiR = ⌊Fs‖xk − xR‖/c⌉. (6.15)
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The �nal-gathering delay vector is

DT
R(z) = [Dρ1R(z),Dρ2R(z), · · · ,DρMR(z)]

T . (6.16)

The �nal-gathering amplitude vector GR is the square-root of the received energy at the lis-

tener from each discretized angle (Sections 5.1 and 5.2).

6.3.4 Relation to previous works

After Jot’s reverberator [Jot and Chaigne, 1991], numerous extensions have been reported. How-

ever, among them, only a few have been devoted to model early/specular re�ections using feed-

back networks [De Sena et al., 2011; Menzer, 2010]. In Chapter 3 [Bai et al., 2015b] , the geometric

acoustic model and the parameters of the feedback networks are linked and a geometry-based

arti�cial reverberator is proposed. Compared with these works, the proposed acoustic rendering

networks have the following major di�erences.

The work in Chapter 3 relates the geometric acoustic model to the feedback delay network. A

geometric-based FDN is constructed by studying the sound energy exchange between each delay

line using the acoustic radiance transfer model. However, the radiance transfer model utilised in

Chapter 3 only includes di�use re�ections, where the ARN model incorporates specular re�ec-

tions.

In [Menzer, 2010], the early/specular re�ections are modeled using the FDNwhose parameters

are estimated using the ISM method. This model relies on two parallel networks, one for the

early re�ections and another for the late reverberation. In the proposed ARN, early re�ections

and late reverberations aremodeled in one generic feedback networkwhich uni�es both specular

and di�use re�ections.

[De Sena et al., 2011] uses digital waveguide mesh to model the sound propagation. The

method only guarantees the accuracy of the �rst order specular re�ections by estimating the

parameters using the ISM. The simulated RIR quickly transits to di�use-like dense pulses from

the second order re�ection. In the ARN model, although directional discretization error may

exist, the specular and di�use re�ections are modeled to in�nite high order using the feedback

loops.
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6.4 Numerical Evaluation

In this section, RIRs of two rooms are generated by the ARN reverberator, and shown along with

their energy decay curves. Early echoes are compared to ISM simulations, taken as reference.

An evaluation of the decay rate and the associated reverberation time is then carried out and is

compared to that estimated by Sabine formula. Finally an evaluation of the impact of frequency-

dependent wall absorption on the reverberation time is given.

6.4.1 Early re�ections

Two examples are given to illustrate the simulated early re�ections.

Room 1

0

5

10

15

20 0

5

10

15
0

5

Figure 6.9: Geometry and discretization of Room 1.

The Room 1 is a shoebox room with dimension (in m) L = [lx, ly, lz] = [15, 20, 5]. The

surfaces are discretized into 152 square patches, each of size 2.5 × 2.5m. The source is placed

at xS = [5.78, 14.91, 3.27], and the receiver at xR = [8.23, 11.92, 2.02]. All the walls have

a frequency-independent absorption coe�cient α = 0.3, which corresponds to the re�ection

coe�cient β =
√
1− α.

The simulation results are shown in Figure 6.10.

As expected, the simulated RIR has distinct early re�ections during the �rst 50ms. The sim-

ulated RIR transits to di�use-like dense pulses gradually, while the energy of distinct specular

re�ections diminishes. This is in accordance to sound propagation properties. Carefully observ-

ing the zoomed-in early echoes, we can see that most of the early re�ections are modelled with
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Figure 6.10: Simulation results of Room 1 with absorption α = 0.3.

good accuracy. Small time shifts, compared to the reference ISM method, are the result of the

coarse discretization, where the re�ecting point is always chosen as the central point of each

patch. However, such time shifts are usually hard to perceive for human ears.

Room 2

The Room 2 is a shoebox room with dimension (in m) L = [lx, ly, lz] = [4, 6, 4]. The sur-

faces are discretized into 32 square patches, each of size 2 × 2m. The source is placed at xS =

[1.21, 4.78, 3.02], and the microphone at xR = [3.11, 1.92, 0.83]. All the walls have a frequency-

independent absorption coe�cient α = 0.25. The simulation results are shown in Figure 6.12.

In general, the early echoes are well modeled and the pulses of the late reverberation is dense

and exponentially decaying. However, there are a few, at least one �rst order re�ection and one

second order re�ection, that are largely under-estimated. Compared with the simulation results

of Room 1, it is a larger error.
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Figure 6.11: Geometry and discretization of Room 2.

The main reason of the errors of the amplitudes of the modeled early re�ections is from the

coarse discretization. Recall that for room 2 we use a patch size of 2 × 2m which is compara-

ble to the patch size of 2.5 × 2.5m for room 1. But room 2 is a much smaller room than room

1. Besides, the simpli�cation of the ARE model also plays a role. Besides using a denser dis-

cretization, improvement of the initial shooting and �nal gather schemes can also increase the

modeling accuracy of the early re�ections. The beam tracing methods [Antonacci et al., 2008;

Funkhouser et al., 1998; Laine et al., 2009; Lauterbach et al., 2007] can also be used to optimise

the discretization scheme when the source/receiver is known.

6.4.2 Late reverberation

Reverberation time T60 is used as a rough metric to assess the performance of the ARN rever-

berator in modeling the late reverberation. The reverberation time is predicted by the Sabine

formula [Kuttru�, 2009].

The absorption coe�cient varies from α = 0.2 to α = 0.6.

Table 6.1 shows the predicted T60 using the ARN model. The prediction results in general

agree with the Sabine predictions. The results are good for Room 1 where the highest prediction

error is 7.6%. It is again room 2 which has higher prediction error. This mainly comes from the

coarse discretization of the geometry. When we use the distance between the central points of

two patches as the delay length of the delay line corresponding to the direction, it is di�erent

from the real re�ection paths. Possible improvement includes using the average distance between

the points on both patches as the delay length.
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Figure 6.12: Simulation results of Room 2 with absorption α = 0.25.

6.4.3 Sound quality evaluation

We compare the sound quality by informal listening tests of the reverberant sound modeled by

the ARN with the pure late reverberation modeled by FDNs and the signal modeled by hybrid

methods where the early echoes are modeled by the ISM and the late reverberation is modeled

by FDNs.

Informal listening tests reveal that the sound quality modeled using ARN has considerable

improvement compared to the pure FDNs. The early re�ections are noticeable which improves

the clarity of the reverberant sound. The sound quality is comparable with that of the hybrid

method and can be used as an alternative to the hybrid method.

Besides, due to the high number of delay lines and the “random” permutation between the

feedback delay line, the late reverberation is of satisfying sound quality with smooth reverber-

ant sound. If the number of the delay lines is reduced, such a feedback structure with random

permutation and sparse feedback matrix can also be used as an alternative arti�cial reverberator
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Table 6.1: Prediction of reverberation time.

Room α 0.2 0.3 0.4 0.5 0.6

1

Sabine (s) 1.271 0.847 0.635 0.508 0.424
ARN (s) 1.317 0.823 0.613 0.477 0.392
Error (%) 3.6 2.8 3.5 6.1 7.6

2

Sabine (s) 0.604 0.403 0.302 0.242 0.201
ARN (s) 0.703 0.449 0.339 0.263 0.212
Error (%) 16.3 11.4 12.2 8.6 5.4

even only to model the late reverberation.

6.4.4 Computation performance

The large number of delay lines of the ARN can result in huge computation load. However, the

feedback matrix is very sparse. Thus the majority of computation can be saved by ignoring the

zero elements.

The simulation uses Matlab on a standard computer (2.8 GHz CPU) to synthesize a one-second

RIR. In our experiment using un-optimised Matlab code, to synthesize a one-second RIR, Room

1 simulation consumed 429s, and Room 2 simulation consumed 16.5s. This is not yet ready for

realtime simulation, but potential optimization is still possible.

Coarser discretization can further reduce the computation time. For example, the shoebox can

be discretized into 6 patches, i.e. each wall being a patch. In this case, the attenuation �lter of

each delay line need to be adjusted using the ISM model in order to compensate the degradation

of accuracy of the modeled early re�ections.

6.5 Conclusion

In this chapter we presented a novel geometry-based arti�cial reverberator which is capable

of modeling both early/specular re�ection and late/di�use reverberations. Although coarse dis-

cretization is the main source of error, the modeled early echoes have considerable accuracy. The

results also show that the extension to specular re�ections does not degrade its performance in

late reverberationmodeling. Coarser discretization can be explored for more e�cient implemen-

tations in the future. Besides, some more quantitative measures can be investigated to assess the

accuracy of the early re�ections. A formal listening test can be of interest to evaluate to which
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degree the di�erence of the delays and amplitudes of the early echoes can a�ect our perception.
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Chapter 7

Applications

Virtual reality immersion is a technique to allow individuals that are geographically apart to in-

teract naturally with each other in a shared virtual environment. In order to enhance the sense

of presence of a sound source located somewhere around a listener, a high-quality virtual spatial

audio scene environment needs to be created. This chapter discusses the design of virtual audi-

tory environment systems, and links the techniques discussed in the previous chapters to their

potential applications. REVERIE1 is a platform enabling immersive and realistic social network-

ing by utilising virtual reality technologies. The second section of this chapter focuses on the

audio module of the REVERIE platform, which captures, transmits and renders 3D audio signals

over a headphone to create an interactive virtual reality environment. The techniques proposed

in the previous chapters, such as the geometric-based later reverberator of Chapter 3, are applied

to generate room e�ects for virtual environments.

7.1 Virtual Auditory Environments

The creation of virtual environments is associatedwith the generation of realistic three-dimensional

visual and audio scenes. Although auditory cues are often assumed less important than visual

cues, a high quality 3D sound can signi�cantly increase the immersiveness and realism of the

experience in the virtual world. Besides, events which take place out of the sight of the subject,

can only be perceived from the auditory cues [Begault, 1994; Krebber et al., 2000]. For example,

the user is able to be aware of the approach of an action before actually seeing it by the distance

cues from the sound source. The user can also experience the actions taking place behind him

by placing virtual sound sources in his back. Besides, the reverberation also carries some infor-

1http://www.reveriefp7.eu/

http://www.reveriefp7.eu/
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mation about the environment in which the events occur. This environmental information helps

in communication and information retrieval in virtual world.

The virtual auditory environment system includes two main components, the auditory scene

synthesis and the sound production. These are known challenges for virtual auditory environ-

ment systems, which havemotivated various researches on the topics [Blauert et al., 2000; Savioja

et al., 1999; Zhang and Xie, 2013].

7.1.1 Interactive auditory scene generation

Virtual auditory systems require a realistic synthesis of the acoustic e�ects of the environment,

which involves the simulation of various acoustic propagation phenomenons. However, there

are di�erent considerations between room acoustic simulation and interactive auditory scene

generation.

Room acoustic simulation emphasises on the accurate simulation of the physical phenomenons

of sound propagation. The many physics-based techniques mentioned in Chapter 2, including

thewave-based and ray-basedmethods, arewithin this category. They are based on the geometry

of the room and on the physical principles of room acoustics. Recent advances include the mod-

eling of di�usions and di�ractions alongside with specular re�ections. A sophisticated acoustic

simulation requires from several seconds to days of computation, depending on the complexity

of the room geometry and the simulation algorithm.

On the contrary, auditory scene generation for virtual reality applications requires that the

room acoustic e�ect simulation is done in real-time. Sound sources and listeners are moving in

the virtual scene, which further imposes interactivity requirement for the algorithm, since any

delay in the scene rendering reduces the impression of immersiveness in the virtual world. To

achieve smooth spatial transitions, the location and the head orientation, as well as the room

acoustic e�ects and the rendering components, need to be updated at least 30 times per second

[Krebber et al., 2000].

To this aim, arti�cial reverberators are used for the purpose of real-time synthesis and render-

ing of the late reverberation e�ects of the room [Välimäki et al., 2012]. A limited number of early

re�ections are calculated in real-time as the source and the receiver moves to include the early

re�ection impression. The image source method and ray tracing are used to calculate the �rst

few re�ections. Radiance transfer methods, as a pre-computed approach, are also used to model

the di�use re�ections, can be optimised for real-time rendering [Antani et al., 2012a].

Besides real-time requirements, latency is also an important consideration of algorithm de-

sign. A critical value is that the latency should not exceed 100 ms [Sandvad, 1996]. Despite
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the computation time of room simulation, the convolution of the anechoic input signal with the

room impulse response in the time domain alone takes considerable computational resources.

Convolution in the frequency domain using block-based FFT is a more e�cient implementation.

However, the block-based computation introduces extra latency between the input and output.

Low latency convolution techniques can be used [Hurchalla, 2010]. Alternatively, arti�cial rever-

berators, by modeling the input-output delay and attenuation e�ects directly from their recursive

feedback structures, reduce the input-output latency.

The arti�cial reverberators have been the focus of the research in this dissertation. In particular

we have studied how the parameters of the arti�cial reverberators can be relatedwith the physical

principles of acoustics and the layout of the roomgeometry. As being computational e�cient and

with low latency, the proposed approaches can be applied in acoustic e�ects rendering in virtual

reality applications. The geometric-based late reverberator proposed in Chapter 3 can be used to

estimate the parameters of the feedback delay networks which can synthesize late reverberations

consistent with the virtual roomgeometry. The acoustic rendering networks proposed inChapter

6, although not ready to be immediately implemented in virtual reality applications due to the

heavy computational resources required by the large number of delay lines, still has the potential

in further development since it has the capacity of modeling the early specular re�ections, which

most arti�cial reverberators cannot do.

7.1.2 Binaural auralization

Sound auralization addresses the problem of reproducing the ear signals through loudspeakers

or headphones in order to create the desired hearing sensation.

Binaural auralization utilises headphones to create the spatial impression of the sound scene.

The spatialization is achieved by exploring some physical parameters called “cues” to create a

spatial e�ect using only two channels. There mainly exist three di�erent so-called “localization

cues”: interaural level di�erence (ILD), interaural time di�erence (ITD) and direction-dependent

�ltering (DDF) [Blauert, 1997; Yost, 1994]. ITD is the di�erence of arrival time of a sound between

the left and right ears, which plays an important role in identifying the direction of low-frequency

sound sources. ILD represents the di�erence in intensity or loudness level between the ears and

is important to localize high-frequency sounds greater than 1000 Hz. As ITD and ILD alone

cannot distinguish between sound sources at an azimuth of 30◦ or of 150◦, DDF is introduced

to solve this issue. DDF is a selective �ltering e�ect caused by the shape and the position of the

pinna of the ear and works in a monaural way.

Binaural spatialization is achieved by the convolution with the head-related impulse response

(HRIR) whose Fourier transform is called the head-related transfer function (HRTF). HRIR con-
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tains the above three important “cues” and is used to model the �ltering e�ect of the outer, head

and torso of the subject.

Binaural auralization requires the least installation and parameterization process compared to

other auralization systems, such as ambisonics and wave�eld synthesis, and thus is suitable for

portable devices. Besides, there is no crosstalk between the two channels of the binaural signals.

However, due to the di�erence of the geometrical dimension of the acoustically relevant elements

such as torso, head and ear pinna, the HRTFs di�ers from person to person. Using an averaged

HRTF set results in inaccuracies in auralization, such as front-back confusion. To obtain the best

localization e�ect, one would need to use personalized HRTFs.

A two-loudspeaker arrangement [Cooper and Bauck, 1989; Møller, 1989] usually uses crosstalk

canceling techniques to reproduce the 3D sound �eld. In ideal conditions (anechoic room, cor-

rect positioning of the receiver), it is possible to achieve the same auditory results as using head-

phones. However, these ideal conditions are di�cult to meet, and the reverberation e�ect of the

listening room is di�cult to eliminate. The two-speaker arrangement reproduces the sound with

good front localization, but has di�culty to model the sound coming from the back.

7.1.3 Applications

Interactive virtual auditory systems are linked to many applications, ranging from entertainment

such as video games and �lms, to distant education and airplane training. Here we list a few

examples.

• Communication. In video conferencing systems, 3D auralization can enhance sound qual-

ity and speech intelligibility when several persons speak at the same time but at di�er-

ent locations (the so-called cocktail party e�ect). In speech communication, adding the

environment acoustic e�ects can increase the situational awareness and can help deliver

environmental information. The European project REVERIE focuses on the development

of novel networking techniques for immersive communication in virtual environments.

High quality 3D audiovisual virtual scenes are produced to increase the experience of the

immersiveness [Mauro et al., 2013; Pasin et al.].

• Medical applications. VETIR is a European project focusing on the development of virtual

reality system for the rehabilitation of patients. By utilising virtual acoustic techniques,

[Sánchez and Lumbreras, 1999] constructed an interactive software used for learning, cog-

nition, and entertainment purposes for blind people.

• Perception and interaction. The ESPRIT project SCATIS (ESPRIT 6358) emphasizes on the
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auditory and multi-modal perception and interactions in a virtual environment.

• Sound design. The acoustical measurements from a speci�c environment are used in sound

production in order to create the environmental impression. O�-line simulation can be

used to create totally virtual acoustic e�ects in music and �lm sound design. While for

interactive applications such as computer games, online simulation is required [Cowan

and Kapralos, 2008; Raghuvanshi et al., 2010].

• Military and aeronaut training [Xie, 2013]. It includes the virtual acoustic systems designed

by NASA [Wenzel, 1991] and the cockpit aiding system by [Calhoun et al., 1987]. Besides,

the military standard of the U.S.A., MIL-STD-1472F, also points out that virtual auditory

displays should be preferred to provide immersion under some conditions.

7.2 3D Audio Rendering in REVERIE

7.2.1 The REVERIE research project

The project REVERIE (REal and Virtual Engagement in Realistic Immersive Environments), sup-

ported by the European Union FP7 program, aims at providing tools for building a mixed reality

space. In the mixed reality space, real and virtual worlds engage and seamlessly interact in real-

time, generating compelling and highly realistic immersive environments. A particular focus of

REVERIE is to introduce a paradigm shift in the content of communication in social networks.

The project involves thirteen research institutions and industrial players from Europe, includ-

ing Télécom ParisTech, Fraunhofer HHI, Disney Research Zurich, STMicroelectronics, CTVC,

Blitz Games Studios, Queen Mary College London, Alcatel Lucent Bell, TP Vision, Centrum voor

Wiskunde en Informatica Netherlands, Microsoft Innovation Center Torino and WOOX Innova-

tions Belgium.

According to the business plan analysis of REVERIE, the project is focusing on online so-

cial networking, providing a collaborative environment bringing together realistic inter-personal

communication and interaction. REVERIE solution encompasses 3D and immersive audio-visual

display technologies for enhancing user experience, introducing also autonomy into avatar be-

haviour, capturing, representing and recreating user emotional state as well as physical activity.

In parallel, REVERIE introduces a new paradigm for immersive communications in social net-

works. It also considers sociological considerations including ethical aspects.

The cutting-edge technologies are integrated, including 3D data acquisition and processing,

sound processing, autonomous avatars, networking, real-time rendering, and physical interac-

tion and emotional engagement in virtual worlds.
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Figure 7.1: Example of participants in a collaborative educational scenario (in European Parlia-
ment).

REVERIE o�ers two use cases which are closely related to education. The �rst use case, orig-

inally de�ned as “immersive social networks”, provides strong integration of many people with

emphasis on social networking, and refers to the use of the system by students and teachers to

serve educational services. Two scenarios are considered: Scenario 1 – Tour and debate in 3D vir-

tual European Parliament and Scenario 2 – Sharing experience in realistic virtual environments.

The second use case has been originally de�ned as “online master classes” and later trans-

formed to “natural interaction in immersive environments”. It focuses on high quality immersion

(aiming at photo-realism and real-time 3D reconstruction), initially for a small set of users, based

on advanced 3D capturing, processing, reconstruction, streaming and visualisation techniques.

It includes two sub use cases: case 1 – REVERIE hangout [Pasin et al.] (i.e. “3D Skype”) and case

2 – role playing games (e.g. table drop, pop quiz, Simon Says).

The audio module of the REVERIE platform utilises the research outcomes from this disserta-

tion, notably the geometric-based reverberator of Chapter 3. The rest of this section gives a brief

introduction of the audio module of the REVERIE platform.

7.2.2 3D audio rendering

The audiomodule of the REVERIE platform supportsmulti-user communications in virtualworld.

The multi-users physically apart from each other are connected by internet and are re-located in

the same virtual room. Figure 7.2 shows the two-users communication case. The audio signals

captured by local microphones are sent to the far-end for room e�ects enhancement and spatial

auralization.
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Network 

User A User B 

Figure 7.2: REVERIE platform for multi-user communication.

Figure 7.3 shows the 3D audio module of the REVERIE platform. A monophonic audio signal

is �rst captured with microphones embedded in a headset of the local user. The local user’s

position and head rotation in the virtual world are tracked in real-time. Via the IP network, the

audio signal spoken by the local user, together with its position and orientation in the virtual

world coordinate, is transmitted from the local user to the far-end listener. At the listener side,

the world coordinate of the virtual speaker is transformed to local coordinate from the view-

point of the listener. The coordinate conversion is done with the aid of the “Scene information

database” where the geometrical information of the scenes is stored. The originally received

audio signal then passes the audio subsystem to add room reverberation and spatialization e�ects.

The room reverberation e�ects, including the early re�ections and the late reverberation are

added to the original signal. Using the converted local coordinate, the reverberant signals are

ready for binaural spatialization, and 3D binaural audio signals are generated.

The work�ow diagram of 3D audio rendering is given in Figure 7.4. The algorithm imple-

mented by the audio module includes the following steps:

1. obtain the positions and orientations of the local user and the remote user;

2. calculate the distance between the local user and remote user and then use it for sound

volume control;

3. transform the Cartesian coordinate system to the interaural polar coordinate system used

by the CIPIC HRTF database [Algazi et al., 2001] for the local user;

4. calculate the elevation and azimuth values between the local speaker and the far-end lis-

tener and �nd an index related to the HRTF database

5. pick up the corresponding set of HRTF coe�cients from the database to obtain 3D binau-

rally rendered signals.

3D audio rendering also needs to include the dynamic synthesis of sound propagation. Except

the distance and spatial e�ects between the sound sources and the listeners, sound re�ections also
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Figure 7.3: Overall REVERIE system architecture for virtual acoustic scene composition and ren-
dering.

need to be included due to the geometry of the simulated room and the presence of obstacles. Due

to the computational e�ciency and low latency, the statisticalmethod, geometric-based feedback

delay network (FDN-RTM) proposed in Figure 3.10 in Chapter 3, is chosen to model the late

di�use reverberation. The geometry of the room is simpli�ed and sound exchange behaviours are

analysed by the use of the radiance transfer method. The parameters of the FDNs are estimated

with an o�ine algorithm (Section 3.3) by studying the energy interaction of the radiance transfer

method. The acoustic characteristics of the construction materials of the room are integrated

to design the low-pass �lters which model the frequency-dependent sound absorptions. The

simpli�ed geometry of the room is also used to calculate the early specular re�ections by the aid

of the image source method.

The early re�ections and the reverberations together create a telepresence e�ects in the virtual

world. By using the HRTF sets, the receiver is able to localize the audio source in the virtual

environment. An interpolation mechanism is proposed to render the moving sources in the

virtual environment. When the speakers or the listeners move or change their orientations,
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Figure 7.4: The work�ow diagram of 3D audio rendering.

the amplitudes and the directions of the direct sound and early re�ections are re-calculated and

rendered in real-time to create the impression of a dynamic scene.

The current rendering system utilises the geometric-based late reverberator of Chapter 3 to

model the di�use re�ections. By using fewer patches and optimizing the computation process,

the acoustic rendering networks in Chapter 6 can also be applied tomodel the specular re�ections

and the early echoes.
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Chapter 8

Conclusions and future work

8.1 Conclusions

The main research work of this dissertation are on the exploration of novel and hybrid meth-

ods to model room acoustical reverberations. Special interest has been put on the simulation

and rendering methods which support real-time simulation and dynamic rendering in interac-

tive scenarios. Two categories of methods became the focus of the dissertation, the radiance

transfer method and the arti�cial reverberators. The radiance transfer method, together with

its recently extended acoustic rendering equation, decouples the source and receiver’s location

and directivity from the complex sound propagation simulations, and uses the pre-computed

energy exchange matrix between room surfaces to generate the source-to-receiver impulse re-

sponse. They are thus advantageous for dynamic acoustic scene rendering. Arti�cial reverber-

ators, being widely used in the reverberation industry, are computationally e�cient and have

low input-output latency. In this dissertation, these two categories of methods have been specif-

ically studied. The links between the parameters of the arti�cial reverberators and the physical

representations of the radiance transfer models are exploited. Parameter estimation schemes,

novel arti�cial reverberation structures and hybrid structures for the acoustical reverberation

simulation and rendering have been proposed and investigated in this thesis.

Chapters 1 and 2 introduced the basic knowledge on room acoustic and the state of the art

techniques for room acoustic modeling. The pros and cons of these techniqueswith respect to the

evaluation criteria for real-time rendering have been discussed. They motivated the hybridation

of these methods in the following chapters.

Chapter 3 studied the radiance transfer methods in their performance of modeling di�use re-

�ections and presented a new method which implements a simpli�ed radiance transfer method
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using the feedback delay network structure. The hybrid method, from one perspective, inherits

the accuracy of the physical model of the acoustic radiance transfer method, at a much lower

computational load. From another perspective, it relates the parameters of the feedback de-

lay networks with the acoustic properties of the geometrical layout of the room, and is thus a

geometric-based arti�cial reverberator. The sound quality of the geometric-based reverberator

approaches that of the radiance transfer method, with the increase of delay lines. This method

can be used to simulate room acoustic characteristics, and synthesize virtual reverberation in

real time, taking into account the physical characteristics of the simulated room. Combined with

the image source method for generating the early echoes, this geometric-based reverberator was

applied in a virtual reality application to synthesize the dynamic acoustic reverberation in real

time.

After the recent generalization of the acoustic rendering equation to model specular re�ec-

tions, in Chapter 5 we investigated the modeling accuracy of the early echoes using the acoustic

rendering techniques. Two �nal gathering schemes were studied and compared. The results

show that the uniform �nal gathering scheme reconstructs more accurately the early echoes and

can be used to simulate early echoes for interactive virtual acoustic environment applications

where interactivity and simulation rate are more important than the modeling accuracy. We fur-

thermodi�ed the re�ection kernel of the acoustic rendering equation and incorporated it with the

feedback delay networks in Chapter 6. We presented a novel recursive reverberation structure,

which combined the modi�ed acoustic rendering equation with the feedback delay networks.

The new reverberator is capable of modeling both early/specular re�ections and late/di�use re-

verberations. Although discretization errors exist, the modeled early echoes have considerable

accuracy for virtual acoustic applications.

In Chapter 7 we discussed the design criteria of audiomodules for the virtual acoustic environ-

ment applications. The applicability of the geometric-based reverberator proposed in Chapter 3

is justi�ed.

8.2 Contributions

The main contribution of this dissertation has been on the exploration of the geometric-based

arti�cial reverberator. In most of the previous works on room acoustic modeling, geometrical

methods and arti�cial reverberators are often investigated separately, or are used in hybrid way

where each method is used to simulate a speci�c time-frequency region of the impulse response

(see Figure 2.6). Thus very few emphasis has been put on the physical interpretation of the

structures and parameters of the arti�cial reverberators, such as the feedback matrix, delays



8.3 FUTUREWORK 167

units and attenuation �lters. In this dissertation, we have been focusing on the study of the

links between the physical models and the arti�cial reverberators. The physical meanings of

the various parameters in the arti�cial reverberators are studied. Geometrical acoustic models,

including the radiance transfer method and the acoustic rendering equation, are used to link

both categories of methods, and have been incorporated in the recursive feedback structures for

estimating their parameters. More speci�cally, the radiance transfer method has been used to

estimate the parameters of the arti�cial reverberators to model the di�use re�ections, and the

acoustic rendering equation further extends the recursive feedback structures and enables them

to model both specular and di�use re�ections.

The contribution of this dissertation includes the following techniques:

• A parameter estimation scheme for the feedback delay networks and a geometric-based

late reverberator (Chapter 3).

• A practical implementation of variable delays for arti�cial reverberators and a novel recur-

sive feedback delay structure to improve sound quality of the traditional feedback delay

networks (Chapter 4).

• An uniform �nal gathering scheme for the acoustic rendering equation (Chapter 5).

• An novel acoustic rendering network which generates both early/specular echoes and

late/di�use re�ections (Chapter 6).

• A virtual acoustic rendering system for interactive social networking application (Chapter

7).

8.3 Future work

Based on the challenges of the topics and the accomplishment done in this dissertation, further

research and development can be carried out in the future along several directions.

Generally speaking, for the techniques investigated in this dissertation, the modeling tech-

niques of di�raction e�ects in the proposed methods, especially the geometric-based reverber-

ator and the acoustic rendering networks, are not well discussed. In dynamic acoustic scenes

with complex geometry, modeling the di�raction phenomenon is important, especially for the

early echoes. Since the delay lines of the acoustic rendering networks is closely tied with the

surface patches of the geometry, the re�ection kernel and corresponding feedback matrix can be

extended to support a model of di�raction.
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For the geometric-based late reverberator proposed in Chapter 3, the existing grouping scheme

is based on the uniform energy principle. Further extensions can investigate other grouping

schemes, in order to obtain a more �exible group design, and possibly to introduce spatial infor-

mation for each group. In some extreme environments, the slightly metallic sound and modal

frequencies are the desired sound e�ects. Thus there is a need to have a generalized paradigm of

choosing the delay lengths in order to model the sound e�ects of various application scenarios.

To increase the modeling accuracy of the early echoes using the acoustic rendering equation

in Chapter 5, the idea of pre-computing the subdivision and the construction of the beam tree of

beam tracing method can be used to optimise the discretization of geometry. The limitation will

be that such discretization is only optimal to a speci�c source location. By using the reciprocity

property, this can be applied in scenarios where at least one of the two communication parties is

static and the other is dynamic, such as a musical concert and a public speech. The optimization

of discretization is also applicable to the acoustic rendering networks in Chapter 6.

In the virtual acoustic rendering system for the social networking application in Chapter 7,

only the geometric-based reverberator is currently integrated to model the di�use re�ections

and late reverberation. Specular re�ections and early echoes can be included using the acoustic

rendering networks of Chapter 6. Computational optimization need be done to the acoustic

rendering networks, for instance using fewer patches and utilising the sparsity of the feedback

matrix, in order to make it applicable for real-time rendering.
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Appendix A

List of Abbreviations

3D Three dimensional. v, vi, 47, 51

ARE Acoustic Rendering Equation. 15, 29, 31, 53, 115, 116, 122, 133

ARN Acoustic Rendering Networks. 135, 142, 148, 151, 152

BEM Boundary Element Methods. xvi, 47, 48, 58

BRDF Bidirectional Re�ectance Distribution Function. 116, 118, 119, 121, 124, 138

CPU Computation Processing Unit. 152

CS Compressed Sensing. 41

DFT Discrete Fourier Transform. 64

DWM Digital Waveguide Mesh. 56

EDC Energy Decay Curve. 40

ER Early Re�ections. 39, 115

FDN-RTM Feedback Delay Networks (based on) Radiance Transfer Method. 70, 71, 73, 82–88

FDNs Feedback Delay Networks. v, xvi, 28, 29, 55–58, 66, 67, 70, 73, 76

FDTD Finite-Di�erence Time-Domain. xvi, 47, 48, 57, 58

FEM Finite Element Methods. xvi, 47, 48, 58
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FIR Finite Impulse Response. 57, 74

GPU Graphics Processing Unit. 54

HRTF Head-Related Transfer Function. 43

IIR In�nite Impulse Response. 74

ILD Interaural Level Di�erence. 43

ISM Image Source Method. xvi, 28, 49, 50, 56–58

ITD Interaural Time Di�erence. 43

LR Late Reverberation. 39, 40, 115

LTI Linear and Time-Invariant. 26, 41

MLS Maximum Length Sequence. 39

MUSHRA MUltiple Stimulus with Hidden Reference and Anchor. 88

RIR Room Impulse Response. 27, 29, 39, 40, 50, 51, 60, 88

RMS Root Mean Square. 34

RT Reverberation Time. 44

RTM Radiance Transfer Method. v, xvi, 28, 52, 57, 58, 60, 66, 67, 69, 70, 85–88, 115, 116

SNR Signal to Noise Ratio. 41

SPL Sound Pressure Level. 43
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