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SYSTEMS FOR VIRTUAL ACOUSTIC IMAGING USING THE BINAURAL 

PRINCIPLE 

by Takashi Takeuchi 

This work concerns binaural control through the use of loudspeakers in systems used for 

virtual acoustic imaging. Various aspects involved in the process are investigated. An 

interpolation and extrapolation scheme is described that provides an accurate method for 

estimating the head related transfer function at arbitrary locations. A number of practical 

issues are described, discussed and clarified. These include microphone location, the 

treatment of ear canal responses and transducer responses, and the design of inverse 

filters. 

Features of the "Stereo Dipole", a system with closely spaced control transducers, are 

discussed. The principles behind such a system and the practical implementation of a 

system with finite source separation are described and evaluated. Factors contained in the 

plant that could lessen the performance such as individual differences in head related 

transfer functions, misalignment of head and control transducers, and reflections in the 

reproduction space are examined closely. 

The system inversion (cross-talk cancellation) is difficult over certain frequency 

ranges. Furthermore, the process involved gives rise to a number of problems such as a 

loss of dynamic range. Following a detailed investigation, a number of methods are 

described that aim to overcome or mitigate the problems associated with virtual acoustic 

imaging. The "Optimal Source Distribution" introduces the concept of a variable 

transducer span that enables natural and effective spatial sound reproduction with the 

minimum manipulation of sound signals. A number of practical solutions such as 

discretization are suggested for the realization of such optimally distributed transducers. 

Characteristics of the plant at various elevation positions of the control transducers are 

also investigated. As a consequence, a position in the frontal plane above the listener's 

head is found to be an attractive alternative to the conventional horizontal position. 
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1 Introduction 

1.1 A brief review of spatial sound reproduction systems 

Having two ears, human beings can to some extent discriminate sound spatially as well 

as resolve its frequency and temporal components. Many trials have been undertaken to 

reproduce the spatial impression given to a listener through the use of electroacoustic 

systems. One of the earliest attempts to reproduce spatial aspects of sound was probably 

made by Ader with a system installed in the Paris Opera House and the Electrical 

Exhibition Hall in 1881. The system seems to have tried to create spatial sound by 

transmitting the different signals from a number of microphones on the stage to each of a 

number of pairs of telephone receivers[l][2]. 

1.1.1 Stereophony 

Since the use of loudspeakers became popular for sound reproduction systems in the 

1920's, there were many trials to provide directional information with two or more 

loudspeakers rather than headphones. It had been known that a phantom image could be 

produced by intensity differences between two loudspeakers located in front of a listener. 

Blumlein was one of the earliest workers in this field to exploit this knowledge, which is 

the basis of stereophonic sound reproduction systems. In 1933 [3], he proposed a system 

which converted the phase difference between closely placed microphones in the original 

sound field into the intensity difference of the loudspeakers in the reproducing space. At 

the same time, work in this area was also being undertaken at Bell Laboratories in 1934 

which made use of an additional loudspeaker in the centre [4], 

Frontal localisation with Stereophony is achieved by having the loudspeakers in front of 

the head. Lateralisation with Stereophony mainly depends on interaural level difference 
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which is induced by placing one loudspeaker to the right and the other to the left, though 

it can not be controlled fully due to cross-talk. Cross-talk is the process by which sound 

from the right speaker is received by the left ear and vice versa. Thanks to head 

diffraction, the cross-talk in the mid-high frequency range diminishes and interaural level 

difference is reasonably well reproduced. Thus, localisation in the horizontal plane 

between two speakers in front can be realised fairly well. 

A number of derivatives of Stereophony appeared later, which includes quadraphony, 

Dolby stereo, Dolby surround, ITU-R(CCIR) and so on. The main difficulty with these 

reproduction systems is that they rely strongly on the so-called phantom source effect. 

The cues which humans use for sound localisation are different for each arrival direction 

of sound. Consequently, the theory of phantom sources is no longer effective for back -

front or up - down localisation. Other methods for reproducing spatial information have 

been proposed such as "Ambisonics"[5], "Delta Stereophony" [6], "Omnimax" [7], and 

"Wave field synthesis" [8]. 

1.1.2 Binaural reproduction 

Two channel dummy head recordings and headphone reproductions have also been made 

by many workers. The most popularly known earliest trial is the dummy "Oscar" at the 

Century of Progress Exposition in Chicago in 1933 [1]. Since then, the art of dummy 

head transmission has undergone vast improvement by Boer and Vermeulen in 1939 [9], 

Damaske in 1968 [10] and subsequently by others [11]-[13]. 

These systems are based on the idea that human beings primarily make use of the 

information from the two ears to listen to sound, i.e. the skin of the face, vibrations 



propagating through the skull, and other factors have little effect on sound perception. 

Moreover, to obtain acoustical information including directional information through the 

use of the ears, it is necessary in principle only to reproduce the sound pressures at the 

listener's two ears that are exactly the same as those in the original sound field. 

1.1.3 Binaural reproduction over loudspeakers 

To ensure independent sound reproduction at both ears with loudspeakers, the cross-talk 

compensation method was first proposed by Schroeder and Atal in 1963 [14] [15], This 

method cancels cross-talk between loudspeakers and ears by feeding each corresponding 

signal through a matrix of cross-talk cancellation filters and then to the loudspeakers. 

The cross-talk cancellation filter matrix can in principle be found by performing the 

inverse Fourier transform of the inverse matrix of transfer functions between two 

loudspeakers and both ears. Damaske verified in 1971 [16] by subjective experiment that 

cross-talk compensation enabled binaural reproduction using loudspeakers. He obtained 

results that showed good localisation over most directions on the horizontal plane. 

1.2 Objectives 

Our primary objective is to create all the information contained in a sound environment 

in order to ensure the accurate synthesis of the sound environment. Therefore, binaural 

technology is adopted here as a fundamental principle. The principle of this technology 

is to control the sound field at the listener's ears so that the reproduced sound field 

coincides with what would be produced when he is in the desired real sound field. 

Binaural technology is often used to present an accurate virtual acoustic environment to a 

listener. The superiority of this binaural technique lies in its capability of providing very 

accurate spatial impression to a listener. A system based on the binaural technique can 

produce the accurate illusion of a virtual acoustic space, which includes direction, 
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distance and movement of sound sources, and the acoustic response of the surrounding 

space such as rooms. Producing the correct ear sound pressures should lead to almost the 

same sensation as the listener would experience in the real sound field for most realistic 

sound signals. Then the listener would experience an extremely realistic three 

dimensional sound environment. Appropriate control of directional information 

associated with direct and reflected sounds, as well as information regarding reflecting 

surfaces, together with the distance that the sound has travelled and information from the 

sound source itself, is essential to creating a convincing virtual auditory space. In 

exchange for the ability of such precise control, the area of control is limited to only 

around the ears of the listener. A binaural based sound system is essentially a personal 

system although it is possible in principle to extend it to use by multiple listeners. 

Binaural technology requires the control of the sound at each of two ears independently. 

It is necessary to feed each corresponding sound signal into each ear in order to achieve 

independent sound reproduction at both ears. One way of achieving this is to use a pair 

of headphones or similar types of transducers. Headphones ensure that the sound signal 

for each ear is only heard by that ear. However, presenting the correct sound signals is 

not as easy. Errors induced by the whole process often result in perceptual errors, such as 

inside or on the head localisation and bias localisation errors in the rear hemisphere. 

An alternative to this is to use a pair of loudspeakers in a listening space with the help of 

signal processing to ensure that appropriate binaural signals are obtained at the listener's 

ears [14]-[20]. This approach has many advantages. One of them is that the listener does 

not need to attach any objects such as headphones. Most of the advantages the 

loudspeaker as a transducer has over headphones apply to this case as well. Not only the 



ears but the hstener's head, even the whole body, is exposed to the sound so the listener 

obtains a much more realistic sensation of the virtual sound environment. Although the 

system controls the sound signals at both ears only, it often results in reasonably correct 

reproduction of sound signals in the region of other parts of the body at low frequencies 

(which such body parts could sense), apart from the path through the opening of the nose 

and mouth. However, the method has a number of drawbacks as well. Many of them are 

associated with the inversion of the plant that constitutes the transfer frmctions between 

the transducers and the ears. The typical error induced with this approach is the bias 

localisation error which tends to produce the perception of virtual source positions 

towards the transducer positions. Since the presented acoustic environment, especially 

the spatial aspects of it, is different from what the listener would expect from the position 

of the electro-acoustic transducers and the property of the listening space (the real 

acoustic environment), the method of binaural reproduction over loudspeakers is also 

often referred to as virtual acoustic imaging. 

The objective of this work is to investigate the performance of such virtual acoustic 

imaging systems. Various aspects of this kind of system are explored. Factors contained 

in the plant that could lessen the performance of such systems received particularly 

intense attention during this project. Through the investigation presented here, a number 

of methods are described that aim to overcome or mitigate the problems associated with 

virtual acoustic imaging. The performance of the sound reproduction system includes the 

quality of sounds as well as the ability to produce the spatial aspects of the intended 

sound field. However, we shall largely concentrate on the performance related to the 

spatial aspects. In many cases, the ability to localise the direction of a single sound wave 

is investigated as the most frmdamental element comprising a spatial sound environment. 



13 Organisation of this thesis 

This thesis consisting of 9 chapters is a compilation of the projects undertaken by the 

author at the Institute of Sound and Vibration Research, University of Southampton, in 

the period between October 1995 and September 1997, and after an interruption, between 

February 1999 and January 2001. The first chapter serves as an introduction with a brief 

review of spatial sound reproduction systems and human auditory function of spatial 

hearing. The second chapter explains the principles of virtual acoustic imaging using 

binaural control with loudspeakers that receives the main attention in this study. A model 

for the design and evaluation of binaural synthesis over loudspeakers was defined. An 

interpolation and extrapolation scheme described here provides a very accurate method 

of estimating the head related transfer function at arbitrary locations. A number of 

practical issues are described, discussed or clarified such as microphone location, 

treatment of the ear canal responses and transducer responses, and inverse filter design. 

In Chapter 3, features of the "Stereo Dipole", a system with closely spaced control 

transducers, are discussed. The principles of the Stereo Dipole and a practical system 

with finite source separation are described and evaluated. Factors such as individual 

differences in head related transfer functions, misalignment of head and control 

transducers, and reflections in the reproduction space that are contained in the plant 

could lessen the performance of such systems and studies of these are presented fi-om 

Chapter 4 to Chapter 6. In Chapter 7, the system inversion involved in such systems that 

gives rise to a number of problems such as a loss of dynamic range and other problems 

discussed in previous chapters is investigated in depth. A method of overcoming these 

fundamental problems is proposed. The "Optimal Source Distribution" introduces the 

concept of variable transducer span that enables natural and effective spatial sound 

reproduction with the minimum manipulation of sound signals. A number of practical 



solutions such as discretization are suggested for the realization of such optimally 

distributed transducers. Chapter 8 presents a study of the characteristics of various 

elevation positions of the control transducers, particularly for the position in the frontal 

plane above the listener's head that is found to be an attractive alternative to the 

conventional horizontal position. The last chapter concludes with a summary. 

1.4 The psychological and physiological function of spatial hearing 

Humans have the ability to sense the arrival direction and travel distance of a sound 

wave. This ability plays an important role in the spatial perception of sound. The listener 

can extract information about the environment by analysing the structure of the 

impinging sound waves, as well as the information within the sound source signals 

themselves. When designing or evaluating spatial sound reproduction systems, it is 

important to understand the way that human beings perceive the spatial attributes of 

sound. In order to manipulate a listener's spatial auditory perception, the system needs to 

modify accordingly the information that the auditory system utilises. On the other hand, 

knowing the information that the sound reproduction system provides to the listener 

enables to some extent the estimation of the auditory perception, and therefore, the 

estimation of the performance of such a system. The following section presents a 

summary of the current understanding of the psychological and physiological function of 

spatial hearing with regard to the localisation of a single sound source. 

However, knowledge of the human auditory system is still limited despite the extensive 

research undertaken which has revealed much about the human perception of sound. 

Since the sound signals provided by a virtual acoustic imaging system to a listener can 

often be in a manner that can never happen in a real environment, experiments with 



human subjects are also necessary to supplement the analysis based on available 

psycho-acoustical knowledge. 

1.4.1 Directional Cues 

It is widely agreed that humans extract the difference of arrival time at both ears (the 

interaural time difference) and use this information to locate the direction of sound along 

the interaural axis (lateral localisation). Anatomical and physiological studies strongly 

suggest that the interaural time difference (ITD) information is extracted together with 

the interaural cross-correlation of the auditory-nerve responses in the superior olivary 

complex and are then further processed at a higher level of the auditory pathway [21] [22]. 

The ITD associated with high frequency sound can also be extracted in the form of signal 

envelope delay by the cross-correlation system as well as enabling the extraction of the 

phase delay of low frequency signals [23] [24]. This is thought to be the primary cue for 

lateral localisation. The threshold for ITD discrimination is considered to be 

approximately 10|lis [25] which corresponds to about 1° in azimuth localisation of a far 

field source. 

The head (and the pinae and the body of the listener) modifies the spectrum of sound in a 

distincitive maimer that depends strongly upon the direction of arrival. The frequency 

analysis system in the cochlea can be used to extract this information as well as 

perceiving the frequency of sound signal contents. Separating (monaurally) the change of 

spectral shape due to the transmission of sound from the spectra of the sound source 

signal itself requires additional information. Usually, through his experience, the listener 

has a memory of both the spectra of sound source signal and spectral change due to 

fransmission so that separation of these two provides little problem. Since the ITD cue 
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supplies very strong information for lateral localisation, the change of the spectral shape 

of the sound source signal (the spectral cue) is primarily used to localise in vertical 

directions and in fore-and-aft directions. The monaural spectral shape is regarded as an 

important cue to identify one direction of arrival out of a number of directions of arrival 

which have the same interaural differences. However, the monaural spectral cues also 

have a supplemental role in localisation along the interaural axis (lateral localisation) 

[26]. The interaural difference of spectra could have two roles. The major role is to 

localise along the interaural axis with interaural level difference (ILD). This is 

particularly useful when the ITD cue has ambiguity, such as in the case of high 

fi-equency sound with little envelope change. It could also provide another cue to resolve 

confusion among directions with no interaural time difference by utilising the pattern of 

frequency dependent interaural spectral differences [27]. The advantage of this cue over 

the monaural spectral shape cue in practice would be that it does not depend on the 

spectrum of the sound source signal. 

Dynamic change of the cues also supplements the perception of direction. For example, 

when the listener does not have a memory of the spectrum of the sound source signal or 

the spectral change due to transmission, movement of the listener's head helps the 

separation of spectra. The spectrum of the source signal is likely to stay the same while 

the way the head modifies the spectrum changes according to the relative direction of the 

sound source. Another example is the dynamic change of ITD. Rotation of the head 

produces change in ITD that is dependent on the source location. For example, in the 

case of a sound wave arriving from the right side, a right turn of the head will decrease 

ITD caused by the sound when the sound wave is arriving from front and vice versa 

when it arrives from the rear. Such information can give additional cues for localisation. 



Dynamic cues are particularly useful when developing spatial hearing as a child, when 

localising unknown sound signals (as often the case with laboratory experiments), and in 

localising sound when other important directional cues are poorly presented by a sound 

reproduction system. 

1.4.2 Distance cues 

Although directional perception (which is a two dimensional problem) usually receives 

most attention in spatial hearing, distance perception adds another dimension to spatial 

perception. When a sound source is located far away relative to the size of the head (in 

the far field), the loudness of the sound is the primary cue used to estimate distance, hi 

order to estimate the distance with the loudness, the listener needs additional information, 

such as the sound energy emitted by the source, in the same way as the monaural spectral 

cue requires information regarding the source signal spectra. Again, this provides little 

problem in normal circumstances where the auditory system has memory of such 

information gained by experience. 

When a sound source is located relatively close to the head (in the near field), the 

information discussed in the previous section (such as spectral shape) cues has a much 

stronger distance dependence. There are relatively few studies reported which have 

investigated the distance cues in the near field region. However, there are well known 

phenomena that headphone presentation of artificial signals to ears without these cues 

results in a perception of distance that is very close to the head. 
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The ratio of direct and reverberant sound also gives additional information regarding 

distance perception as well as the amount of dynamic change in direction relative to the 

listener's head movement. 

1.5 Coordinate system 

The spherical co-ordinate system used to define direction throughout this thesis is shown 

in Fig. 1.1. This interaural polar coordinate system is used since it coincides well with 

the way the auditory system perceives the location of a sound source. The origin is at the 

intersection of the interaural axis and the median plane. The polar axis coincides with the 

interaural axis. The azimuth angle ranges fi^om -90° to 90° as the direction changes from 

the pole at the left to the other pole at the right. A cone of constant azimuth is 

approximately the same as the cone of confusion where there are constant ITDs. The 

elevation angle ranges from -180° on the horizontal plane behind the head to -90° below, 

0° on the horizontal plane in front, 90° above the head to 180° again on the horizontal 

plane behind. 
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cone of 
constant azimut 

1.1 Mi-llie spherical co-ordinate system used to define the direction of sound sources 

relative to the listener's head position and orientation. An example of "cone of constant 

azimuth" is illustrated. 
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2 Principles of binaural synthesis over loudspeakers 

2.1 Elements of the sound environment 

When there are sound sources in a space, each source emits acoustic signals into the 

surrounding air. The fluctuation of the air pressure propagates as sound waves. Some of 

the waves arrive at the listener directly from the source. Others are reflected, diffracted, 

scattered, or transmitted by objects in the space (including the boundary of the space) or 

refracted in the air, before arriving at the listener. The arrival direction and travel 

distance of each sound wave is governed by the location of the sound sources and the 

listener, and the shape and size of the space defined by the boundaries. The 

time-frequency structure of each sound wave is also modified depending upon the 

characteristics of the objects and the air. Therefore, the sound signals arriving at the 

listener contain spatial information regarding the environment as a superposition of these 

sound waves as well as information associated with the sound source signals. 

Furthermore, the spatial information changes in time when the sound sources, the listener, 

objects, or air move in the space, or when the temperature or humidity change in time. 

The movements also introduce the non-linear phenomenon referred to as the Doppler 

effect. Usually, the term "spatial sound" also includes this dynamic change of the spatial 

information. 

2.2 A model for binaural synthesis 

Binaural signals contain most of the information regarding the sound environment to be 

synthesised (Section 1.1.2). A sound environment can be modelled as follows. This 

model is also useful in the design or evaluation of a spatial sound reproduction system. 

An infinite number of possible situations could comprise different sound environments. 

Therefore, verifying against all of them is impossible. The model used here enables the 
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investigation of the very basic elements that are likely to lead to the maximum 

understanding of the system behaviour. 

Binaural signals are modelled as convolution of the sound source signals with pairs of 

binaural filters. A pair of binaural filters can be defined as the transfer functions between 

a sound source and the ears of a listener in order to represent the static spatial 

information conveyed by each sound source. This can be obtained by measuring the 

transfer functions between a sound source and two ears in an existing space (Fig. 2.1), or 

in an acoustic scale model (Fig. 2.2). The dynamic change of the spatial information may 

be modelled with time-varying binaural filters. The Doppler effect is usually modelled 

by modifying the sound source signal to be convolved rather than by modifying the 

transfer functions. Binaural recordings contain this dynamic spatial information as well 

as sound source signals. They can be obtained by recording sound signals with a 

recording head (e.g. a dummy head) in an existing sound environment. 

hi order to obtain a pair of binaural filters, the response of the space can also be 

calculated. Since solving the wave equation over the entire audible frequency range over 

a reasonable size of space is not yet feasible, the most popular approach is based on 

geometrical acoustic models in order to obtain the arrival direction and course of travel 

of each sound wave. Then the static spatial information is represented by a superposition 

of each direct, reflected, diffracted, scattered, transmitted, or refi-acted sound wave. 

Now the arrival direction and travel distance of a single sound wave, direct or indirect, is 

considered as the basic element of spatial sound. Most of the information is contained in 

a pair of head related transfer functions (HRTFs) and can be obtained by measuring or 
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calculating the transfer functions between a single sound source and the two ears in an 

anechoic environment. Since the HRTF pairs of arbitrarily located sound sources are 

required in order to construct arbitrary static spatial information, the measurements are 

performed at a number of sampled locations in space. In the far field, a spherical surface 

is sampled directionally and interpolation of direction and extrapolation of distance gives 

the HRTFs for an arbitrary location. In the near field, it is necessary to sample a sphere 

both in direction and distance, and interpolate accordingly. The density of sampling in 

space must be fine enough to avoid spatial aliasing. The detail of the interpolation and 

extrapolation scheme used in this study is described in Appendix 1. 

23 Binaural control with loudspeakers 

The block diagram defining each of the signals and transfer functions involved in 

binaural synthesis over loudspeakers is illustrated in Fig. 2.3. The following is described 

with a frequency domain representation of the acoustic paths (transfer functions) and 

acoustic signals. 

A pair of binaural signals d are expressed with a vector of sound source signals s and 

pairs of binaural transfer functions which form the matrix A. Each pair of binaural filters 

corresponds to the transfer functions between each sound source and both of the 

listener's ears. Thus 

d = As 

(21) 

where 
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D,( j®) 
, s 

s.Offl) 
A = 

'An(jA)) 

_A2,(ja;) A2,(j6))_ 

(2.2a, b, c ) 

When there is only one sound source, the vector s becomes a scalar S(j6>) and the matrix 

A becomes a vector a given by 

a = 
AjO^y) 

( 2 3 ) 

The number of rows is 2 because only two points in the sound field (at listener's ears) are 

to be controlled. Even though the principle here is general to these multi-channel or 

multi-listener cases, a case with two ears, i.e. one listener, is taken as an example. When 

there are more than two positions at which to control sound, A becomes a matrix with a 

number of rows equal to the number of positions. 

System inversion is used for multi-channel sound control including binaural reproduction 

over loudspeakers. Independent control of two signals (such as binaural sound signals) at 

two receivers (such as the ears of a listener) can be achieved with two electro-acoustic 

transducers (such as loudspeakers), by filtering the input signals to the transducers with 

the inverse of the transfer function matrix of the plant. When the signals at both ears of 

the listener are controlled by two transducers in the listening space, the 2x2 matrix C of 

transfer functions can be defined between the transducers and the ears. Two monopole 
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transducers produce source strengths defined by the elements of the complex vector v. 

The resulting acoustic pressure signals are given by the elements of the vector w. Thus 

w = Cv 

(2 .4 ) 

where 

C = 
^21 ( j ^ ) 

c.zCiA))' 

^22(j^). 
, v = , w = 

( 2.5a, b, c ) 

The two signals to be synthesised at the receivers are the elements of the complex vector 

d. In order to present the binaural signals at each ear, the signals d are filtered through a 

2x2 matrix H of control filters which contains the pseudo-inverse of the transfer function 

matrix C. Hence 

V = Hd 

(:L6) 

where 

H = 

(2 .7) 

Then the synthesised binaural signals w and the sound source signals s are related by 
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w = CHd=CHAs 

( 2 8 ) 

F o r conven ience i n later analysis , the contro l p e r f o r m a n c e m a t r i x X and vec to r o f 

synthesised b i n a u r a l t ransfer f imc t ions as are d e f i n e d as f o l l o w s 

X = CH 

( 2 ! 9 ) 

Es = C H a = X a 

( 2 j ^ ) 

A n u m b e r o f filter design m e t h o d s h a v e been presented a n d a f e w o f these are descr ibed 

i n the n e x t Sect ion. I n short, w i t h the use o f a m o d e l l i n g d e l a y A and a regu lar isa t ion 

p a r a m e t e r fo r causal stable invers ion , H is designed so that the vec tor w is a g o o d 

a p p r o x i m a t i o n to the vector d w i t h a cer ta in d e l a y [ 2 8 ] - [ 3 1 ] . W h e n 

x = 0 8 = 2 * 1 

( 2 j ^ ) 

is sat isf ied w h e r e I is the iden t i t y m a t r i x , this ensures the synthesised signals w are a 

g o o d a p p r o x i m a t i o n to the o r i g i n a l b i n a u r a l signals d . T h u s , from E q . ( 2 . 1 0 ) a n d 

(2.11), 

w = z ' ^ d 

( 2 j ^ ) 
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2.4 Inverse Glter design 

T h e rea l isat ion o f the inverse filter m a t r i x rel ies o n the i n v e r t i b i l i t y o f the transfer 

function m a t r i x . T h e r e is a r i sk o f p r o d u c i n g a n unrea l isable cross- ta lk cancel la t ion 

m a t r i x i f the c o m p o n e n t s o f the transfer func t ion m a t r i x are n o n - m i n i m u m phase. A filter 

des ign procedure w h i c h is capable o f dea l ing w i t h the presence o f n o n - m i n i m u m phase 

components is p r o p o s e d b y N e l s o n et a l [ 2 8 ] - [ 3 1 ] . A least squares a p p r o a c h w a s used to 

des ign the inverse filter m a t r i x a n d this gives great flexibility f o r filter design. 

T h e d i f fe rence b e t w e e n the desi red b inaura l signals d and the synthesised signals w are 

d e f i n e d as the error s igna l v e c t o r e. T h e n 

e = d - w 

( 2 j ^ ) 

w h e r e 

e = 
E,(jw)' 

e z q w ) 

(2JW) 

A cost func t ion J is d e f i n e d as the s u m o f t w o terms: a " p e r f o r m a n c e e r ror" t e r m e"e , 

w h i c h is a measure o f h o w w e l l the desired signals are r e p r o d u c e d at the receivers, and 

" e f f o r t p e n a l t y " t e r m w h i c h is a measure p r o p o r t i o n a l to the tota l source p o w e r . 

T h e superscript H denotes the H e r m i t i a n transpose o f a m a t r i x ; that is the c o m p l e x 

con jugate o f the t ranspose [ 3 2 ] . T h u s 
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J= e e + /3v^y 

(2 .15) 

T h e pos i t ive r e a l n u m b e r ^ i s a regu la r isa t ion parameter that de termines h o w m u c h 

w e i g h t to assign to the e f for t te rm. B y v a r y i n g from z e r o to i n f i n i t y , the solut ion to 

m i n i m i s e the cost func t ion J changes g r a d u a l l y f r o m m i n i m i s i n g o n l y the p e r f o r m a n c e 

error to m i n i m i s i n g o n l y the e f for t cost. W h e n J is m i n i m i s e d i n the least squares 

sense b y a vec tor v o f source strengths that is g i v e n b y 

v = | c " c + # } " ' c " d 

(2J6) 

I f V is to take its o p t i m a l v a l u e for a n y cho ice o f d , then accord ing to E q . ( 2 . 6 ) , the 

m a t r i x o f inverse filters H m u s t b e g i v e n b y 

H = [C"C+ 

( 2 1 7 ) 

2.5 Practical implementation 

I n order to i m p l e m e n t a v i r t u a l acoustic i m a g i n g system i n pract ice , i t is necessary to 

ob ta in sound signals s and transfer funct ions A a n d C i n E q . ( 2 . 8 ) . T h e i r de f in i t ion a n d 

re la t ionship are i l lustrated i n deta i l i n F i g . 2 . 4 . A case w i t h o n l y o n e sound source is 

e x p l a i n e d here as a n e x a m p l e . 
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2 . 5 . 1 R e c o r d i n g i n f o r m a t i o n i n t h e s o u n d e n v i r o n m e n t 

W h e n a l is tener obtains i n f o r m a t i o n i n a rea l sound e n v i r o n m e n t , a scalar o r ig ina l source 

s ignal S ( j oi) is f i l t e red b y a vec tor p o f t ransfer funct ions b e t w e e n the o r ig ina l source and 

the l is tener 's ear canal entrances. W h e n there are n u m b e r o f sound sources, p becomes a 

m a t r i x P w i t h a n u m b e r o f c o l u m n s equa l to the n u m b e r o f sources. T h e vec tor p 

conta ins the H R T F s o f the l istener. T h e resul t ing sound signals are m u l t i p l i e d b y a 

d i a g o n a l m a t r i x Y o f ear canal t ransfer funct ions to produce a vec tor d o f sound signals 

at b o t h ear d r u m s ( F i g . 2 . 4 a ) . T h e re la t ionship b e t w e e n signals at each p o i n t is g i v e n by ; 

d = aS(jw) = YpS(j#) 

( 2 j ^ ) 

w h e r e 

Y = 
"Y,Offl) 0 

0 y ; ( jw) 

(2.19) 

T h e t ransfer funct ions a b e t w e e n sound source a n d ear d r u m s are separated into t w o ( r e f 

E q . ( 2 . 1 ) ) , because i n the a u d i b l e frequency range, sound propagates as p lane w a v e s i n 

the ear canals so that Y can b e r e g a r d e d as b e i n g independent o f source d i rect ion. I t is p 

that conta ins d i rec t iona l a n d spat ial i n f o r m a t i o n . 

T h e v i r t u a l acoustic i m a g i n g sys tem at tempts to synthesise these signals d as c losely as 

poss ib le b y u s i n g a l i m i t e d n u m b e r o f transducers. T h e easiest w a y to ob ta in the vector 

o f s ignals d is to record the sound source s ignal S(j&>) w i t h a r e c o r d i n g head w h i c h is 
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u s u a l l y a n ar t i f i c ia l head ( F i g . 2 . 4 b ) . I n contrast to E q . ( 2 . 1 ) , the recorded signals fd 

o b t a i n e d also i n e v i t a b l y conta in a d iagona l m a t r i x M o f m i c r o p h o n e responses as w e l l as 

the desi red b i n a u r a l signals d j . T h u s the recorded signals are expressed b y : 

fd = M d , = M a , S ( j w ) = M Y d P , S ( j w ) 

(:L20) 

w h e r e 

M = 
M,(j<w) 0 

0 M, ( jo ) 

(2.21) 

T h e subscript d is necessary since the record ing h e a d m a y b e d i f fe rent f r o m the l is tener 's 

o w n head. D y n a m i c spat ia l i n f o r m a t i o n as w e l l as the sound source signals are o b t a i n e d 

i n this w a y . 

2 . 5 . 2 M e a s u r e m e n t o f s p a t i a l i n f o r m a t i o n 

A l t e r n a t i v e l y , i t is possible to measure the vec to r o f t ransfer funct ions a that contains the 

spat ial i n f o r m a t i o n associated w i t h a sound e n v i r o n m e n t . T rans fe r f u n c t i o n m e a s u r e m e n t 

is n o r m a l l y possible o n l y w h e n the sound e n v i r o n m e n t is static. Static b inaura l f i l ters can 

b e m e a s u r e d as a n acoust ic response o f a space (e .g . r o o m response) i n c l u d i n g H R T F s . 

A l t e r n a t i v e l y , a n H R T F pa i r associated w i t h a n a rb i t ra ry loca t ion o f a sound source m a y 

b e m e a s u r e d a n d the static b inaura l f i l ters are constructed f r o m t h e m as descr ibed i n 

Sec t ion 2 . 2 . h i b o t h cases, t ransfer funct ions b e t w e e n a sound source a n d l is tener 's ears 

are m e a s u r e d w i t h an e lectro-acoust ic t ransducer loca ted w h o s e response is expressed as 
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a scalar La(j oi) at the pos i t ion o f a sound source a n d microphones w h o s e responses are M 

at one o f the l is tener 's ears (F ig . 2 . 4 c ) . T h e measured m a t r i x o f t ransfer funct ions Ba 

contains transfer funct ions pa a n d Y d o f the measurement head ( w h i c h is aga in usua l ly an 

a r t i f i c ia l head) a n d can b e expressed as f o l l o w s . 

B . = M Y d P d L , ( j w ) 

( Z 2 2 ) 

I n order to separate t ransducer responses f r o m the acoustic p ropaga t ion characteristics, it 

is necessary to o b t a i n LaQco) and M b y a f ree f i e l d measurement w i t h mic rophones and a 

loudspeaker . T h e n LaQiU) a n d Mi(j<2J) o r are d e c o n v o l v e d w i t h a inverse f i l ter 

des igned f r o m the m e a s u r e m e n t to ob ta in 

a , = [ m l . ( j ® ) r b . 

= L . G ® r M - ' M y , p , L . ( j f f l ) 

~ ^dpd 

( : l 2 3 ) 

2 . 5 . 3 M e a s u r e m e n t o f t h e p l a n t m a t r i x 

T h e transfer funct ions b e t w e e n the cont ro l t ransducers a n d the l is tener 's ear drums can 

b e separated aga in ( r e f E q . ( 2 . 8 ) ) in to a d i a g o n a l m a t r i x L w h i c h conta ins the responses 

o f the contro l t ransducers, a m a t r i x Q o f t ransfer funct ions, i n c l u d i n g H R T F s , b e t w e e n 

the output o f the transducers a n d the ent rance o f the l is tener 's ear canals, and the 

d i a g o n a l m a t r i x Y o f ear cana l t ransfer funct ions . H e n c e 

C = YQL 

( 2 J 4 ) 
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w h e r e 

L = 
l . q a ) ) 0 

0 
, q = q],(j6))q,2(ja))' 

Q 2 l ( j 6 ) ) Q 2 2 ( j ^ ) 

(2.25a, b ) 

I t is Q that conta ins d i rect iona l a n d spat ia l i n f o r m a t i o n re levant to the l is ten ing space. T o 

des ign the sys tem invers ion filters H , the m a t r i x C can b e m e a s u r e d w i t h the same 

m i c r o p h o n e s used i n ob ta in ing p together w i t h the same transducers that are used for the 

b inaura l cont ro l ( F i g . 2 . 4 d ) . T h e m e a s u r e d m a t r i x o f t ransfer funct ions B e contains 

t ransfer func t ions Q d a n d Y d w i t h the m e a s u r e m e n t h e a d that is a g a i n usua l ly a n ar t i f i c ia l 

head. W h e n the same h e a d is used as that w h i c h is used to o b t a i n p , the m e a s u r e d p lan t 

t ransfer f i m c t i o n m a t r i x B e is expressed as 

B e = M Y d Q d L 

(226) 

w h e r e 

bc = 

( : l 2 7 ) 

I n order to separate the t ransducer responses f r o m the acoust ic p r o p a g a t i o n 

character ist ics, i t is necessary to o b t a i n L and M b y f ree field measurements w i t h the 
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m i c r o p h o n e s a n d the contro l transducers. T h e n L a n d M are d e c o n v o l v e d w i t h inverse 

f i l ters des igned from the m e a s u r e m e n t to obta in 

C d — Y d Q d 

( : l 2 8 ) 

2 . 5 . 4 D e s i g n o f t h e i n v e r s e filters 

T h e inverse f i l t e r m a t r i x H can be des igned b y i n v e r t i n g B e W h e n the m a t r i x invers ion 

is per fec t , 

H = B ; ' = [ M Y , Q j L r 

( 2 . 2 9 ) 

T h e inverse f i l te r m a t r i x c o u l d also b e designed from the acoustic p ropaga t ion 

character ist ics i n the p lan t a f ter the t ransducer responses are separated. F r o m E q . ( 2 . 2 8 ) , 

h = q ; ' y - ' 

( Z 3 0 ) 

2 . 5 . 5 S y n t h e s i s e d b i n a u r a l s igna ls 

W h e n a b i n a u r a l r ecord ing is used f o r reproduct ion , the recorded signals f are used i n 

p lace o f d i n E q . ( 2 . 8 ) . C o m b i n a t i o n o f the signals a n d transfer funct ions i n E q . ( 2 . 2 1 ) , 

( 2 , 2 4 ) , a n d ( 2 . 2 9 ) g ives 

25 



w = CHfJ 

= YQLL-'Qi'y;'M-"MV,p, S(jffl) 

= Y Q Q d " ' Y ; ' V j P , S O f f l ) 

= YQQ-'p,S(jffl) 

(2 .31) 

N o t e that us ing this p rocedure ensures that the m i c r o p h o n e a n d loudspeaker responses 

are d e c o n v o l v e d at the same t ime . I f w e assume that Pd ~ p and Q d ~ Q , E q . ( 2 . 3 1 ) 

becomes 

w = Y p S ( j ^ y ) = d 

( Z 3 2 ) 

T h e r e f o r e i n th is case, per fect b inaura l r e p r o d u c t i o n is achieved. I t is therefore no t 

necessary to i n c l u d e ear cana l responses i n the recordings, bu t i t is also possible to 

inc lude this response. I n that case, ear cana l responses Y d o f the record ing h e a d inc luded 

i n f are d e c o n v o l v e d b y H a n y w a y . T h e ear cana l o f a d u m m y h e a d w i t h mic rophones at 

the ear d r u m pos i t ion is used i n a s imi la r w a y to u s i n g a p robe tube m i c r o p h o n e to obta in 

sound pressure at the ear cana l entrance. T h e advan tage o f this m e t h o d is that there is n o 

add i t iona l object such as a p robe tube i n the m e a s u r e m e n t space w h i c h c o u l d b e a source 

o f error. 

E v e n w h e n a p r o b e is used f o r the measurement , i t does not mat te r , i n p r inc ip le , at w h i c h 

pos i t ion a long the ear cana l the signal is measured , as l o n g as i t is ob ta ined at the same 

pos i t ion and w i t h the same ear cana l fo r r e c o r d i n g f a n d m e a s u r i n g C . H o w e v e r , the 

existence o f ear canals m a y be i m p o r t a n t since t h e y m a y b e a v i t a l par t to i n t e r w e a v e 
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correct i n f o r m a t i o n w i t h the transfer funct ions themselves. I n pract ice, transfer functions 

a long the cana l m a y at certain frequencies a f fect the signal to noise rat io o f the 

recorded /measured signals or transfer funct ions, since it is k n o w n that the ear canal has a 

resonance w i t h i n the audib le frequency range. I t is o f course desirable from the po in t o f 

v i e w o f safety to measure and record as far a w a y as possible from the ear d r u m w h e n 

h u m a n subjects are used for record ing or measurement . 

I t is also possible to synthesise a v i r t u a l acoustic env i ronment w i t h m e a s u r e d transfer 

funct ions Ba I n such a case, c o m b i n a t i o n o f obta ined signals and transfer funct ions in Eq. 

( 2 . 2 2 ) , ( 2 . 2 4 ) , a n d ( 2 . 2 9 ) together w i t h a recorded sound source signal S(j6>) (e.g. 

free f i e l d r e c o r d i n g b y a mic rophone w i t h a response M s O &')) g ives 

w = C H B , m s ( j 6 ; ) S ( j a ) ) 

= Y Q L L - Q ; ' Y ; ' M - ' M Y J P , L . ( j f f l ) M s O ® ) S O f f l ) 

(2.33) 

Since L L " ' = I a n d M M - ' = 1 , 

w = y q q ; ' y ; ' Y J P , L . ( j f f l ) M s ( j ® ) s ( j ® ) 

= YQQ;'p,L.Gffl)Ms(jffl)S(jffl) 

(2.34) 

A g a i n , w e assume that pd = p a n d Qd ~ Q , a n d therefore, Eq . ( 2 . 3 4 ) becomes 

w = YpL.(j6))Ms(j 6))S(j A)) 

= dl , ( j6))Ms( ja)) 

(2 .35) 
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I f a v i r t u a l acoust ic e n v i r o n m e n t is synthesised w i t h m e a s u r e d transfer funct ions f r o m 

w h i c h the t ransducer responses are d e c o n v o l v e d ( E q . ( 2 . 2 3 ) , E q , ( 2 . 3 0 ) ) , together w i t h 

E q . ( 2 . 2 4 ) , the synthesised signals b e c o m e 

w = C H a j M s ( j 6 j ) S ( j 6 j ) 

= Y Q L Q - ' Y ; ' Y , p , M 3 ( j f f l ) S ( j f f l ) 

= YQLQ;'pjMs(jffl)S(j®) 

( 2 . 3 6 ) 

I n E q . ( 2 . 3 5 ) , the responses o f the loudspeakers and mic rophones a f fect m o n a u r a l cues 

b u t t h e y d o n o t a f fec t the b i n a u r a l cues. H e r e , the d i f f e rence i n responses b e t w e e n t w o 

contro l t ransducers induce b i n a u r a l error i n the H R T F synthesis. H o w e v e r , i f L iQ^y) = 

L i O ® ) = L s ( j a i ) , i .e . the i r responses are ident ical , E q . ( 2 . 3 6 ) becomes 

w = Y Q Q - ' p , l , m s ( j 6 ; ) S ( j a ) ) 

= y p l . 

= d l , ms( jw) 

( 2 3 7 ) 

w h i c h is ident ica l to E q . ( 2 . 3 5 ) . T h e ef fect o f the loudspeakers becomes independent o f 

b inaura l par t o f synthesised H R T F s and is equ iva lent to d e g r a d i n g the sound source 

signal . T h e responses o f the loudspeakers o f course st i l l a f f e c t m o n a u r a l cues, bu t t h e y 

d o not a f fec t the b i n a u r a l cues. T h e r e f o r e , fo r b inaura l synthesis, i t is i m p o r t a n t to use a 

w e l l - m a t c h e d p a i r o f loudspeakers. 
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I n E q . ( 2 . 3 5 ) or E q . ( 2 . 3 7 ) , the synthesised signal includes a surplus microphone 

response and a loudspeaker response, h i order to r e m o v e the transducer response, it is 

necessary to obta in La ( j <y)MsO 6>) b y a free f i e ld measurement and deconvolve t h e m w i t h 

another inverse f i l ter designed from the measurement . 

I f the sound source signal i tse l f is also synthesised (e.g. w i t h a computer generated 

signal) , E q . ( 2 . 3 5 ) becomes 

w = YpL.( j#)S(ja) 

= dL.(ja,) 

( 2 3 8 ) 

T h e synthesised b inaura l signals contain a surplus loudspeaker response La(j<2>) only , 

therefore, this is equiva lent to the case that a l l the v i r tua l sound sources are loudspeakers 

each o f t h e m p l a y i n g a corresponding sound source signal. H o w e v e r , it is not possible to 

obta in La(i(W) alone i n pr inc ip le . I n practice, i t is easier to obtain a microphone than a 

loudspeaker that has reasonably good response. There fore , La( j fif) m a y be measured w i t h 

a good microphone i n a free field and an inverse filter can be designed i n order to 

deconvolve the loudspeaker response. T h e inver ted mic rophone response m a y be ignored, 

p r o v i d e d that it has a flat response over the audible frequency range. 

2.6 Conclusions 

T h i s chapter descr ibed the pr inciples o f b inaural synthesis over loudspeakers. A m o d e l o f 

a sound env i ronment for the design and eva luat ion o f the m e t h o d o f b inaural synthesis 

has been def ined w h i c h fo rms the basis o f the analysis and the exper iments described i n 

the f o l l o w i n g chapters. T h e spherical interpolat ion a n d extrapolat ion scheme described in 

( A p p e n d i x 1) prov ides a v e r y accurate m e t h o d fo r est imat ing the head re lated transfer 
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func t ion at a rb i t ra ry locat ions f r o m a sampled database. T h i s enab led the de ta i led 

analysis o f a real ist ic H R T F based m o d e l i n f o l l o w i n g Chapters . A n u m b e r o f p rac t ica l 

issues such as m i c r o p h o n e locat ion , t rea tment o f the ear cana l responses and transducer 

responses, a n d inverse f i l te r des ign h a v e b e e n descr ibed, discussed a n d c lar i f ied . 

30 



' 

F ig . 2 . 1 M e a s u r e m e n t o f the transfer funct ions b e t w e e n a sound source and t w o ears i n a n 

ex is t ing space. 

F ig . 2 . 2 M e a s u r e m e n t o f the transfer funct ions b e t w e e n a sound source and t w o ears i n a n 

acoustic m o d e l . 
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F ig . 2 . 4 c A m o d e l o f the acoustic system b e t w e e n an e lectro-acoust ic t ransducer at the 

posi t ion o f a sound source and the microphone output signals o f the measurement head. 
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Fig. 2 .4d A m o d e l o f the acoustic system between the control transducers and the microphone 

output signals o f the measurement head. 
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3 The Stereo Dipole system 

3.1 Introduction 

T h e loca t ion o f transducers f o r b i n a u r a l reproduct ion o v e r loudspeakers has r e c e i v e d 

l i t t le a t tent ion so far . T w o transducers are usua l ly p l a c e d s y m m e t r i c a l l y i n front o f a 

l is tener subtend ing a n angle o f about 60° . T h i s convent iona l a r rangement is p r o b a b l y 

a d o p t e d from the a r rangement f o r the convent iona l s tereophony that is st i l l w i d e l y used 

to this day . T h e purpose o f this C h a p t e r is to po in t out that the b inaura l synthesis over 

loudspeakers c a n also b e m a d e to operate r e m a r k a b l y e f f e c t i v e l y , a n d a rguab ly m o r e 

e f f e c t i v e l y , b y u s i n g a pa i r o f loudspeakers that are p l a c e d v e r y close together . S u c h a 

system is r e f e r r e d to as a "Stereo D i p o l e " [ 3 3 ] [ 3 4 ] . S u c h a loudspeaker a r rangement 

appears to h a v e rece ived l i t t le a t tent ion i n the past, a l though i t has b e e n re fe r red to i n a 

recent paper [ 3 5 ] . T h e r e are also s o m e v e r y ear ly exper iments b y L a u r i d s e n [ 3 6 ] , w h o 

used a c o m b i n a t i o n o f a c o n v e n t i o n a l b o x e d loudspeaker together w i t h a n o p e n - b a c k e d 

loudspeaker i n a n a l ternat ive scheme f o r stereophonic sound reproduct ion. I t is s h o w n 

that i t is possib le to achieve independent contro l o f the sound signal at t w o ears w i t h a 

m o n o p o l e t ransducer a n d a d i p o l e t ransducer at the same posi t ion. W h e n t w o c lose ly 

spaced m o n o p o l e transducers are used, the sound f i e l d p r o d u c e d is a g o o d a p p r o x i m a t i o n 

to that p r o d u c e d b y a po in t m o n o p o l e a n d a po in t d ipo le t ransducer u p to a g i v e n 

frequency. S u c h a n ar rangement has the advantage that the transducer ar ray is c o m p a c t , 

h i this chapter , the basic b e h a v i o u r o f the sound fields generated b y v i r tua l sound 

i m a g i n g systems are analysed. I t is demonst ra ted that the use o f t w o c lose ly spaced 

loudspeakers also approx imates such a source combina t ion . Sub jec t ive exper iments are 

also p e r f o r m e d to establ ish the basic unders tanding o f v i r t u a l spatial sound reproduct ion 

p e r f o r m a n c e o f such a system c o m p a r e d to a real sound field. 
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3.2 Principle of the ^Stereo Dipole*̂  

I n this analysis, f o r s i m p l i c i t y , a s imp le case i n v o l v i n g the contro l o f t w o m o n o p o l e 

rece ivers w i t h t w o m o n o p o l e transducers (sources) u n d e r f ree field condi t ions is 

cons idered here i n order to understand the phys ics u n d e r l y i n g b inaura l synthesis over 

loudspeakers. T h e e f fec t o f H e a d R e l a t e d T rans fe r Funct ions ( H R T F s ) is also ana lysed i n 

the la ter chapters as a m o r e real ist ic p lant . I n such a case, the acoustic response o f the 

h u m a n b o d y (p innae , head , torso a n d so on) also comes to in f luence the p r o b l e m . T h e 

analysis i n the f o l l o w i n g sect ion can be f o u n d i n re ference [ A 1]. 

3 . 2 . 1 T h e s o u n d f i e l d r a d i a t e d b y t w o m o n o p o l e t r a n s d u c e r s 

A s y m m e t r i c case w i t h the inter -source axis pa ra l l e l to the in ter - rece iver ax is is 

cons idered for a n e x a m i n a t i o n o f the basic propert ies o f the system. T h e g e o m e t r y is 

i l lust ra ted i n F i g . 3 .1 . I n the f ree field case, the p lan t t ransfer func t ion m a t r i x can be 

m o d e l l e d as 

c = - ^ 
AK 

( 3 J ) 

w h e r e e-''^ is assumed as t i m e d e p e n d e n c y w i t h K - CO/CQ. po and co are the densi ty and 

sound speed. 

T h e inverse o f this m a t r i x can b e ob ta ined ana ly t ica l ly . T h e so lu t ion is that a desi red 

va lue o f s ignal is o b t a i n e d at o n e o f the ears, w h i l e the o ther ear receives n o signal. N o w 

consider the case 
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d = /?oe 
-jW, 

Ani, 

D(j6)) 

0 

(2U2) 

i .e . , the desired signals f o r the ear 1 is the acoust ic pressure signals w h i c h w o u l d h a v e 

b e e n p r o d u c e d b y the closer contro l source a lone w h o s e va lues is D(j<2?) w i t h o u t 

d isturbance d u e to the other source (cross- ta lk) . A z e r o s ignal is des i red at ear 2 . T h i s 

n o r m a l i z a t i o n also ensures a causal solut ion. W h e n the ra t io o f a n d the d i f fe rence 

b e t w e e n the p a t h lengths connect ing one source a n d t w o receivers are d e f i n e d as g = /1//2 

a n d A / = /2 - / i , the e lements o f H can be ob ta ined f r o m the exact inverse o f C and can b e 

w r i t t e n as 

H = C ' = 1 

1 - g / e 2 -2jfai/ 

1 - g e 
-ykAl 2 

-ikAl 

( 3 . 3 ) 

T h e r e f o r e , the source outputs g i v e n b y E q . ( 2 . 7 ) can b e w r i t t e n as 

V = • 
D(ja,) 

1 -lyaxt 

(21.4) 

w h e r e r = AZ/co. T h e d e n o m i n a t o r o f this express ion can b e w r i t t e n i n series f o r m as 

f o l l o w s 
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( l - x ) ' = ^ x " ( f o r |x| < 1) 

m=0 

and there fore , E q ( 3 . 4 ) becomes as 

v = d ( j 6 ; ) ^ g ^ ' ' e -Injear 
/f=0 ge 

1 
-jAW 

( 1 5 ) 

A s descr ibed i n [ 1 4 ] , the solut ion f o r the requ i red source strengths has a recursive 

structure w i t h i n . I n the t i m e d o m a i n , the so lu t ion can b e w r i t t e n i n the f o r m 

V; ( f ) = (^(r) * [1 + g " ^ ( / - 2 f ) + g " ^ ( r - 4 r ) + . . . ] 

Vj (t) = -gd{t - -r) * [1 + - 2t) + g^Sit - 4r) +...] 

( 3 6 ) 

w h e r e the asterisk denotes convo lu t ion . I f , f o r e x a m p l e , d { f ) is a pu lse the dura t ion o f 

w h i c h is short c o m p a r e d to the d e l a y t , cont ro l source 1 first emi ts a pu lse d{t) that 

t ravels to ear 1 to g i v e the desired signal d\{t). T h i s pu lse t h e n arr ives at ear 2 but is 

cance l led b y the pu lse -gd{t - f ) that has b e e n e m i t t e d from confro l source 2 . T h i s pulse 

h o w e v e r , causes a n u n w a n t e d pulse at ear 1. T h i s i n tu rn is cance l led b y the pulse ^ d { t -

I f ) e m i t t e d from cont ro l source 1, and so on. T h i s process is i l lust ra ted i n F i g . 3 . 2 w h i c h 

shows a sequence o f "snapshots" o f the instantaneous pressure field p r o d u c e d b y the t w o 

cont ro l sources w h e n the system is t r y i n g to synthesise a b a n n i n g pu lse g i v e n b y 

, x r 0 

' 1(l-cos6)q^)/2 Q<t <ln:ICOQ 

(3 l7 ) 
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as desired signals w h e r e a t is 6 . 4 0 0 j i ( w h i c h imp l ies that the f irst zero i n the spect rum is 

at 6 . 4 k H z ) . T h e intervals o f the i l lustrat ions are O.I/cq. E a c h i l lustrat ion is ca lcu la ted 

over a n area o f I m x I m . T h e cont ro l sources are spanned to g ive the source span 0 o f 

6 0 ° and A r = 0 . 1 8 m . 

3 . 2 . 2 T h e s o u n d f i e l d p r o d u c e d b y a m o n o p o l e t r a n s d u c e r a n d a d i p o l e t r a n s d u c e r 

W h e n the pa i r o f cont ro l sources are p l a c e d close together , the spatial aspect o f sound 

field genera ted i n the r e g i o n o f the l is tener 's h e a d b e c o m e s cons iderab ly s i m p l e w h i l e 

sti l l a c h i e v i n g the same object ive . I n this case, the t w o contro l sources can b e used to 

synthesise a c lose a p p r o x i m a t i o n to t h e sound f i e l d that w o u l d b e p r o d u c e d i n the r e g i o n 

o f the l is tener 's h e a d b y the superposi t ion o f a p o i n t m o n o p o l e type cont ro l source and a 

po in t d ipo le t y p e contro l source. T h e s e t w o equ iva len t cont ro l sources are p l a c e d at the 

m i d - p o i n t o f the t w o m o n o p o l e type contro l sources. T h e strengths o f these t w o 

equ iva lent sources are those necessary to produce the desi red ear signals. T h i s can b e 

f o u n d b y e v a l u a t i n g the m o n o p o l e a n d d i p o l e m o m e n t s associated w i t h the t w o sources 

i n the l i m i t CDT—* 0 a n d g —> 1. 

T h e m o n o p o l e m o m e n t is g i v e n b y 

v ( j a ; ) = V, ( j vz ( j a ; ) = ) / ( l - ) 

(18) 

Since the d e n o m i n a t o r o f this express ion can b e w r i t t e n as ( l - ge'^'^ )(l + g e " " ^ ) , this 

expression b e c o m e s 

3 8 



v ( j a?) = D ( j a ; ) / (l + ) 

U s i n g the series expans ion e"" = l + x + x ^ / 2 + . . . , i n the l i m i t a)T—*0 and g —» 1, E q . 

( 3 . 9 ) becomes 

v ( j # ) = D ( j w ) / 2 

( 3 J W ) 

S i m i l a r l y , the d ipo le m o m e n t can b e w r i t t e n as 

( 3 . 1 1 ) 

A g a i n us ing a series expans ion o f the denomina to r , together w i t h the a p p r o x i m a t i o n 

|A/| = |As|sin<2r, w h e r e the angle or is d e f i n e d i n F i g . 3 . 1 , i n the l i m i t <2>r—> 0 a n d g —» 1, 

E q . ( 3 . 1 1 ) becomes 

/ ( j ® ) = 
pMO))( 1, 

2 sin a 
+ 

^0 y 

( 3 J ^ ) 

I t is a s s u m e d that the acoust ic w a v e l e n g t h is m u c h larger t h a n the p a t h l eng th d i f fe rence 

A / b e t w e e n one o f the cont ro l sources a n d the ears. 
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I den t ica l results can b e d e r i v e d b y a s s u m i n g that the t w o contro l sources used to p r o d u c e 

the same desired ear signals are a superposi t ion o f po in t m o n o p o l e a n d d ipo le sources. 

T h e sound f i e l d p r o d u c e d w h e n the c o m b i n a t i o n o f po in t m o n o p o l e a n d d i p o l e sources is 

used to p roduce the same desired ear signals is s h o w n i n F i g . 3 . 3 . T h e sound f i e l d 

p r o d u c e d has a far less c o m p l e x spat ia l b e h a v i o u r than that p r o d u c e d b y the w i d e l y 

spaced m o n o p o l e t y p e cont ro l sources. I t is possib le to achieve the des i red ob jec t ive w i t h 

a single pulse e m i t t e d b y this type o f cont ro l source combina t ion . 

3.3 Aspects of the system with a finite source separation 

3 . 3 . 1 H i g h f r e q u e n c y l i m i t f o r a p p r o x i m a t i o n 

S ince pract ica l t ransducers h a v e a cer ta in size, there is a phys ica l l i m i t to p l a c i n g t h e m 

close together . T h e r e f o r e , the c o m b i n a t i o n o f t w o m o n o p o l e transducers w i t h a finite 

source separat ion is capable o f p r o d u c i n g this f o r m o f sound field o v e r o n l y a l i m i t e d 

f r e q u e n c y range. T w o m o n o p o l e transducers can a p p r o x i m a t e one m o n o p o l e t ransducer 

o r one d ipo le t ransducer w h e n As i n F i g . 3 . 1 is s m a l l c o m p a r e d to the w a v e l e n g t h . T h i s is 

expressed as f o l l o w i n g . 

/ « — A? 

( 3 . 1 3 ) 

I n a t y p i c a l e x a m p l e o f the c losely p l a c e d case, i n w h i c h the sources span 10° w i t h the 

transducers b e i n g 1 . 4 m a w a y fi-om the l is tener 's head, c^/As is o n l y about 1 . 5 k H z . 

T h e r e f o r e , this a p p r o x i m a t i o n holds o n l y u p to a f e w h u n d r e d H e r t z ( F i g . 3 . 4 ) . H o w e v e r , 

i f the sound field cont ro l is l i m i t e d to the r e l a t i v e l y sma l l r e g i o n p e r p e n d i c u l a r to the 

d ipo le ax is , w h i c h w i t h this a r rangement is a r o u n d the d i rec t ion o f the l is tener 's ears, 
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t w o m o n o p o l e transducers can a p p r o x i m a t e one m o n o p o l e t ransducer or one d ipo le 

t ransducer w h e n Assinf j r is sma l l c o m p a r e d to the w a v e l e n g t h . T h i s is expressed as 

/ « 
A y s i n a r 

( 3 J U ) 

F o r the s a m e e x a m p l e as before , the f requency l i m i t goes up to about 5 k H z (F ig . 3 . 5 ) . 

3 . 3 . 2 T i m e d o m a i n s t r u c t u r e 

W h e n the m o n o p o l e and d ipo le c o m b i n a t i o n is a p p r o x i m a t e d b y the t w o m o n o p o l e 

transducers w i t h f in i te separat ion distance, the t i m e d i f fe rence r a l w a y s remains f in i te 

and the recurs ive b e h a v i o u r o f the sources descr ibed b y E q . ( 3 . 6 ) is a l w a y s present, 

except that the t i m e durat ion b e t w e e n successive source output pulses changes as the 

p a t h l e n g t h d i f f e rence A / changes. T h i s t i m e scale t is g i v e n b y the t i m e at w h i c h the 

sound takes to t rave l the distance A / . A s s h o w n i n F i g . 3 . 6 , r becomes smal le r as the 

source span b e c o m e s smal ler . O n the o ther hand, each successive pu lse reduces its 

a m p l i t u d e f r o m the prev ious pulse b y the factor o f g. T h e reduct ion o f a m p l i t u d e o f the 

successive pulses also becomes smal ler as the source span b e c o m e s smal le r as s h o w n i n 

F ig . 3 . 7 . T h e r e f o r e , as a result , the t i m e f o r these successive pulses to converge (the 

a m p l i t u d e b e c o m e s sma l l e n o u g h to be t runcated w i t h o u t perceptua l consequences) , i .e. , 

the necessary l eng th o f the inverse f i l ters, stays r o u g h l y the same regardless the source 

span. T h e convergence t i m e to - 6 0 d B o f the in i t ia l pulse, w h i c h is d i rec t ly re la ted to the 

necessary l e n g t h o f the inverse f i l ters is p lo t ted i n F i g . 3 .8 . I t is seen to b e about 3 0 m s 

regardless the cont ro l source span, w h i c h is about 1 2 0 0 ~ 1 4 0 0 samples at a sampl ing 

fi-equency o f 4 4 . 1 k H z . H o w e v e r , once these pulses are e m i t t e d into the sound f ie ld , the 

f r e q u e n c y c o m p o n e n t s w i t h i n the h i g h f r e q u e n c y l i m i t w h i c h has large w a v e l e n g t h 
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c o m p a r e d to the separat ion o f the successive pulses are cance l led b y the pulses from the 

other t ransducer. A s a result , a s ingle pulse s imi la r to the m o n o p o l e - d i p o l e c o m b i n a t i o n 

is f o r m e d b y the t w o m o n o p o l e sources w i t h i n a cer ta in frequency range. T h e s imp le 

sound field spat ia l ly as seen i n F i g . 3 .3 can be o b t a i n e d w h e n the p o w e r spect rum o f the 

B a n n i n g pu lse is concentrated b e l o w the h i g h frequency l i m i t . 

3.4 Subjective evaluation 

T h e a b i l i t y to c o n v e y spatial i n f o r m a t i o n th rough the use o f the "Stereo D i p o l e " sys tem 

w a s invest igated b y us ing subject ive loca l isat ion exper iments . A s the v e r y basic 

components o f a v i r t u a l sound e n v i r o n m e n t , genera t ion o f a single inc ident sound w a v e 

is t ak en as a n e x a m p l e here. T h e r e f o r e , the exper iments w e r e car r ied out i n a n anechoic 

chamber . E x p e r i m e n t s w i t h rea l sound sources w e r e also p e r f o r m e d to establ ish the 

accuracy o f the e x p e r i m e n t a l p rocedure i t s e l f A s a c o m p a r i s o n , another a r rangement o f 

transducers spanning 6 0 ° is invest igated. Source di rect ions o n the hor i zon ta l p lane w e r e 

chosen to b e e x a m i n e d since this covers the w h o l e range o f a z i m u t h direct ions and t w o 

a l ternat ive e l e v a t i o n direct ions, i .e. 0 ° ( f ront ) a n d 1 8 0 ° ( rear ) , i n each cone o f constant 

a z i m u t h . 

3 . 4 . 1 P r o c e d u r e 

A n in i t ia l e x p e r i m e n t w i t h p i n k no ise as a test s ignal s h o w e d that the h i g h frequency 

components resul ted i n the d o m i n a n t components perceptua l ly . L isteners h e a r d v e r y l o u d 

h i g h frequency noise at the contro l t ransducer p o s i t i o n w h i l e l o w e r a m p l i t u d e 

m i d - f r e q u e n c y sound w e r e local ised i n space v i r tua l l y . T h e consequence o f large h i g h 

frequency d iscrepancy b e t w e e n the H R T F s o f the subjects a n d the K E M A R [ 3 7 ] H R T F s 

used i n the filter des ign procedure ( S e c t i o n 2 . 4 ) w e r e suspected to b e the cause. I n order 
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to m i n i m i s e this, a w e i g h t e d noise s ignal ( E A I J R C - 7 6 0 3 ) w a s used as source s ignal . T h e 

s ignal has a f la t spect rum b e t w e e n 2 0 0 H z and 2 k H z a n d g radua l l y rol ls o f f towards 

l o w e r a n d h i g h e r f requencies (F ig . 3 .9 ) . T h e re la t ive l eve l is about - 2 d B at 5 k H z , - 5 d B at 

l O k H z , - I S d B at 2 0 H z and 2 0 k H z w i t h respect to the l e v e l b e t w e e n 2 0 0 H z a n d 2 k H z . 

E a c h s t imulus consisted o f a re ference s ignal a n d a test signal. A re ference s ignal was 

presented at 0 ° a z i m u t h a n d 0 ° e levat ion , i .e. , d i rec t ly i n f ront o f the l istener b e f o r e each 

test s ignal . B o t h signals h a d the same sound source s ignal w i t h dura t ion o f 3 seconds for 

the re fe rence signal a n d 5 seconds for the test s ignal w i t h a gap o f 3 seconds i n be tween . 

I n order to a v o i d the e f fect o f presentat ion order, the order o f presentat ion from d i f ferent 

d i rect ions w a s randomised . T h e re ference st imulus not o n l y cance l led the order ef fect , 

but also g a v e subjects p r i o r k n o w l e d g e o f the sound source s ignal spect rum that is 

i m p o r t a n t f o r the m o n a u r a l spectral cue. T h e s t imu l i , consist ing o f a set o f re ference and 

test signals, w e r e repeated w h e n subjects h a d d i f f i c u l t y i n m a k i n g a j u d g e m e n t . 

T h e spher ica l co-ord inate system used to de f ine the d i rec t ion o f the p e r c e i v e d sound 

sources a n d o f the transducers is s h o w n i n F i g . 3 . 1 0 . T w o d i f fe ren t transducer 

a r rangements are invest igated for compar ison . I n b o t h cases, t w o transducers are p laced 

i n front o f the l istener o n the hor i zon ta l p lane ( 0 ° e leva t ion ) and a l igned s y m m e t r i c a l l y 

w i t h respect to the m e d i a n p lane . T h e transducers pos i t ioned spanning 6 0 ° as seen b y the 

l is tener ( ± 3 0 ° a z i m u t h ) are representat ive o f the popu la r a r rangement . T h e span o f 10° 

( ± 5 ° a z i m u t h ) represents c lose spacing, the "Stereo D i p o l e " . T h e loudspeakers as contro l 

t ransducers a n d as rea l sound sources w e r e p l a c e d 1 . 4 m from the o r i g i n o f the 

co -ord ina te system (F ig . 3 . 1 1 ) . T h e p rec is ion o f the a r rangement o f the loudspeakers and 

l is tener 's h e a d w a s o f the order o f ± 1 0 m m . T h e loudspeakers used h a d a f a i r l y f lat 

response b e t w e e n about 2 5 0 H z a n d 5 k H z w h i c h g r a d u a l l y rol ls o f f towards l o w e r and 
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higher f requencies ( F i g . 3 . 1 2 ) . T h e re la t ive l e v e l at 2 0 k H z is about l O d B smal ler v^ith 

respect to the f r e q u e n c y that g ives m a x i m u m response. 

Subjects w e r e r e q u i r e d to choose the closest m a r k e r to the p e r c e i v e d d i rec t ion o f sound. 

T h e markers w e r e p l a c e d a l l a round the head i n the h o r i z o n t a l p lane I m from the o r i g i n 

o f the co-ord inate w i t h 1 0 ° intervals (F ig . 3 . 1 1 ) . I t w a s f o u n d i n p r e l i m i n a r y exper iments 

that the subjects c a n p r o d u c e a large error w h e n t h e y report a d i rec t ion w i t h o u t seeing the 

re ference m a r k e r . T h e m a g n i t u d e o f the error i n repor t ing the d i rec t ion is as large as 4 0 ° 

especia l ly w h e n the d i rec t ion is i n the rear. T h e v is ib le re ference m a r k e r reduces this 

error d o w n to about 5 ° at the expense o f increas ing v isua l re la ted error m a i n l y i n the 

front hemisphere w h e r e loca l isat ion accuracy is m u c h f i n e r than 5° . T h e subjects w e r e 

a l l o w e d to choose m o r e than one m a r k e r w h e n t h e y p e r c e i v e d t w o or m o r e separate 

direct ions o f sound. I n order to a v o i d in t roduc ing d y n a m i c cues that re la te to head 

m o v e m e n t , the subject w a s instructed no t to m o v e the h e a d n o r b o d y w h i l e the s t imu l i 

w e r e presented. H o w e v e r , the subject w a s a l l o w e d to t u r n his head to see markers a f ter 

each test s t imulus h a d stopped. T h e subject 's h e a d w a s not p h y s i c a l l y f i x e d b u t 

supported b y a s m a l l headrest . T h e subject w a s sur rounded b y a t h i n b l a c k cur ta in p l a c e d 

b e t w e e n markers a n d loudspeakers i n order to m i n i m i s e the e f fec t o f v i s u a l i n f o r m a t i o n 

( F i g . 3 . 1 1 ) . Subjects w e r e a l l E u r o p e a n males w i t h n o r m a l h e a r i n g funct ion . 

T h e results from the subject ive exper iments are presented i n the f o l l o w i n g fo rmat . T h e 

area o f each c irc le i n the f igures is p ropor t iona l to the n u m b e r o f subjects w h o p e r c e i v e d 

the source to be i n the g i v e n d i rect ion. I n cases w h e r e the subjects p e r c e i v e d sound 

sources i n m o r e t h a n t w o direct ions, the area o f the c i rc le is d is t r ibuted into those 

posi t ions i n accordance w i t h the n u m b e r o f the responses. T h e dash-dot l ine shows the 
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pos i t ion o f the c i rc les w h e n the p e r c e i v e d d i rec t ion is the same as the presented direct ion. 

T h e dot ted l ine is i n a symmet r ic p o s i t i o n to the dash-dot l ine w i t h respect to the 

interaural axis . T h e r e f o r e , the subject ive responses due to front-back confus ion fa l l 

a round these l ines. 

3 . 4 . 2 R e a l s o u n d sources 

N i n e loudspeakers as rea l sound sources w e r e p laced at 1 0 ° increments at d i f ferent 

a z i m u t h a l angles except ± 2 0 ° and ± 9 0 ° , a n d t w o sources w e r e p laced at a z i m u t h 0 ° w i t h 

d i f fe rent e levat ions o f 0 ° and 1 8 0 ° ( f ron t a n d rear ) . F i v e o f t h e m w e r e pos i t ioned i n front 

( e l e v a t i o n 0 ° ) and f o u r o f t h e m w e r e p o s i t i o n e d i n the rear ( e leva t ion 1 8 0 ° ) . F o u r o f t h e m 

w e r e p o s i t i o n e d to the le f t (negat ive a z i m u t h ) a n d f i v e o f t h e m w e r e pos i t ioned to the 

r ight (pos i t i ve a z i m u t h ) . T h e sound source s ignal w a s recorded o n a D A T recorder and 

p l a y e d b a c k d u r i n g the e x p e r i m e n t v i a a n a m p l i f i e r to each loudspeaker . 

T h e p e r f o r m a n c e w i t h rea l sound sources ( F i g . 3 . 1 3 ) shows the loca l isat ion p e r f o r m a n c e 

o f the subjects a n d the accuracy o f the e x p e r i m e n t a l procedure i t s e l f T h i s therefore 

i m p l i e s the m a x i m u m prec is ion a c h i e v a b l e w i t h the f o l l o w i n g exper iments w i t h 

synthesised v i r t u a l sound sources. M o r e t h a n 6 0 % o f the responses resul ted i n the correct 

m a r k e r b e i n g chosen a n d m o r e t h a n 9 0 % o f the responses resul ted w i t h i n the smallest 

( ± 1 0 ° ) measurab le error w i t h the m e t h o d . T h e j u d g e m e n t s are m o r e accurate f o r smal ler 

a z i m u t h d i rect ions t h a n f o r larger a z i m u t h direct ions. T h e repeatab i l i ty o f the response is 

e x c e p t i o n a l l y g o o d i n that the responses associated w i t h a par t icu lar d i rec t ion for a 

par t icu lar subject a l m o s t a l w a y s ( m o r e t h a n 9 5 % ) resul ted at the same m a r k e r ( e v e n for 

the w r o n g m a r k e r ) . T h e accuracy can b e observed best at sma l l a z i m u t h direct ions 

(c loser to the m e d i a n p l a n e ) and deter iorates towards large a z i m u t h direct ions ( the side 

o f the l is tener) . T h e r e are n o obv ious signs o f confus ion a l o n g the cone o f constant 
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a z i m u t h , i .e . , front-and-back confus ion. T h e subjects repor ted af ter the exper iments that 

the task w a s v e r y easy a n d d i d n o t have a n y a m b i g u i t y i n d e c i d i n g w h i c h m a r k e r to 

choose. 

3 . 4 . 3 V i r t u a l s o u n d sources 

L o c a l i s a t i o n exper iments w i t h b i n a u r a l synthesis over loudspeakers w e r e car r ied out. F o r 

the v i r t u a l source loca l isat ion e x p e r i m e n t , the phys ica l acoust ic paths a a n d C are 

m o d e l l e d w i t h f ree f i e l d (absence o f a n y ef fects other t h a n h e a d ) h e a d re la ted i m p u l s e 

responses ( H R I R s : the t i m e d o m a i n representat ion o f H R T F s ) . A database c o m p r i s i n g 

d i rec t iona l ly discrete H R I R s o n a v i r t u a l spher ical surface 1 . 4 m f r o m a K E M A R d u m m y 

head w a s obta ined f r o m M I T M e d i a L a b [ 3 8 ] . E a c h H R T F is the resul t o f a m e a s u r e m e n t 

i n a n anechoic c h a m b e r at a s a m p l i n g f r e q u e n c y o f 4 4 . 1 k H z . T h e " c o m p a c t " data set 

w a s used. ( T h e researchers at M I T d e c o n v o l v e d the loudspeaker response f r o m the data. 

T h e process induced a phase distort ion. I n add i t ion , d i f f e ren t m i c r o p h o n e s w e r e used f o r 

H R T F measurements and the t ransducer response measurements . T h e r e f o r e , d iscrepancy 

o f m i c r o p h o n e responses r e m a i n s w i t h i n the data. ) T h e con t ro l f i l te r m a t r i x H is 

d e t e r m i n e d b y the fi-equency d o m a i n d e c o n v o l u t i o n m e t h o d descr ibed i n Sec t ion 2 . 4 . 

T h e frequency response o f the inverse f i l ters H and the e f fec t iveness o f the independent 

contro l at each ear X is s h o w n i n F i g . 3 . 1 4 a n d F ig . 3 . 1 5 . A reasonab ly g o o d cont ro l 

p e r f o r m a n c e is a c h i e v e d b e t w e e n a r o u n d I k H z and 8 k H z . C o m p u t a t i o n a l l y , w h e r e the 

largest source o f error is r o u n d i n g error and m o r e t h a n I B O d B o f d y n a m i c range is 

ava i lab le , i t is possib le to des ign a n inverse f i l te r m a t r i x w h o s e con t ro l e f fec t looks m u c h 

better. H o w e v e r , i n pract ice , such f i l ters p r o v e to be m o r e h a r m f u l t h a n e f fec t ive , a n d 

result i n n u m e r o u s p r o b l e m s such as severe colourat ion, d is tor t ion , l o w signal to no ise 

rat io , etc. T h i s m a t t e r is ana lysed a n d t reated i n m o r e de ta i l i n C h a p t e r 7 . F o r the t i m e 
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be ing , regu la r isa t ion is used to find the fine ba lance i n this t rade-of f . T h e inverse filters 

w e r e i m p l e m e n t e d b y d ig i t a l filters us ing a n M T T L o r y A c c e l d ig i ta l s ignal processing 

system. E a c h filter h a d 1 6 0 0 coef f ic ients at a s a m p l i n g fi-equency o f 4 4 . 1 k H z . T h e 

output o f the d ig i ta l filters w e r e recorded o n a D A T recorder and p l a y e d b a c k d u r i n g the 

e x p e r i m e n t v i a a 2 - c h a n n e l a m p l i f i e r to t w o pairs o f loudspeakers. 

T h e t w o cont ro l transducers are p l a c e d i n f ront o f the l is tener o n the hor i zon ta l p lane ( 0 ° 

e l eva t ion ) a n d a l i g n e d s y m m e t r i c a l l y w i t h respect to the m e d i a n p lane. T h e contro l 

transducers pos i t ioned spanning 6 0 ° as seen b y the l istener ( ± 3 0 ° a z i m u t h ) are 

representat ive o f a s tandard a r rangement as i n S tereophony. T h e span o f 1 0 ° ( ± 5 ° 

a z i m u t h ) represents the "Stereo D i p o l e " . F i g . 3 . 1 6 shows the d i f ference o f response o f 

the t w o pa i rs o f loudspeakers. T h e characterist ics o f the p a i r o f contro l transducers w e r e 

w e l l - m a t c h e d ( 0 . 5 d B d i f f e r e n c e i n a m p l i t u d e a n d a f e w degrees d i f fe rence i n phase 

response) . T h e r e f o r e , i t is equ iva len t to synthesising a v i r tua l loudspeaker as i n 

E q . ( 2 . 3 8 ) despi te the fact that the loudspeaker responses w e r e not deconvo lved . 

Subjects local ise the p o s i t i o n o f a v i r tua l loudspeaker , b u t no t an idea l m o n o p o l e sound 

source. N e v e r t h e l e s s , the loudspeaker pairs fo r d i f f e r e n t t ransducer arrangements w e r e 

s w a p p e d f o r h a l f o f the subjects w i t h the a i m o f m i n i m i s i n g b ias errors w h i c h are 

i n d u c e d b y d i f f e r e n t responses b e t w e e n the loudspeakers. S i x t e e n v i r tua l sound sources 

w e r e p l a c e d at 0 ° , ± 2 0 ° , ± 4 0 ° , ± 6 0 ° a n d ± 8 0 ° a z i m u t h w i t h 0 ° e leva t ion ( f ron t ) a n d 0 ° , 

± 2 0 ° , ± 4 0 ° a n d ± 7 0 ° a z i m u t h w i t h 1 8 0 ° e leva t ion ( rear ) . 

F ig . 3 . 1 7 a n d F i g . 3 . 1 8 s h o w the loca l isat ion p e r f o r m a n c e for 11 subjects. T h e 

loca l isa t ion p e r f o r m a n c e is m u c h poorer than tha t f o r the real sound sources. T h e 

loca l isa t ion i n a z i m u t h is a g a i n m o r e accurate f o r sma l le r a z i m u t h than larger a z i m u t h . 
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H o w e v e r , a z i m u t h loca l isa t ion error i n genera l is m u c h larger than the loca l isa t ion o f rea l 

sound sources. 

I t w a s also r e v e a l e d that there w a s a p o p u l a t i o n o f subjects f o r w h o m the synthesis o f 

v i r tua l sound sources w o r k s reasonably w e l l ( " g o o d " subjects) whereas it does not w o r k 

so e f f e c t i v e l y f o r the rest o f the subjects ( " p o o r " subjects). O n l y a f e w f ront -back 

confusions can b e observed w i t h the 7 " g o o d " subjects. H o w e v e r , the 4 " p o o r " subjects 

d i d not local ise the v i r t u a l sound sources i n the rear h a l f o f the h o r i z o n t a l p lane correct ly , 

and instead, loca l ised t h e m around s y m m e t r i c pos i t ions i n the f ront . M o r e o v e r , v i r tua l 

sound sources at la rge a z i m u t h direct ions ( a r o u n d ± 9 0 ° a z i m u t h ) w e r e pe rce ived at the 

m u c h offset pos i t ion systemat ica l ly towards the centre ( sma l l e r a z i m u t h angle ) . 

T h e reason w h y this happens is not certain. H o w e v e r , there are a coup le o f possible 

hypotheses. O n e is that the H R T F s used to des ign the contro l filters H are v e r y d i f fe ren t 

fi-om these subjects' o w n H R T F s . A s a resul t , sound signals at the ears are not 

synthesised w e l l e n o u g h for the i r aud i to ry system to local ise sound source w e l l . A n o t h e r 

is that these t w o groups o f subjects m a k e use o f o r g ive a n i m p o r t a n c e to d i f fe rent 

i n f o r m a t i o n to d is t inguish the sound source at the f ront and the back . T h e n , the 

i n f o r m a t i o n w h i c h is used b y the " g o o d " group is synthesised w e l l b u t that used b y the 

" p o o r " group is not . H o w e v e r , i t is c lear that the g r o u p i n g o f subjects has n o re la t ion to 

the d i f ferent t ransducer span. I t also has no r e l a t i o n to the ab i l i t y o f the subjects to 

local ise rea l sound sources (Subjects i n F i g . 3 . 1 3 inc ludes b o t h f r o m F i g . 3 . 1 7 a n d F i g . 

3 . 1 8 ) . T h i s aspect is invest iga ted fur ther and descr ibed later i n C h a p t e r 4 . 
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I n p r inc ip le , d i f f e r e n t contro l t ransducer ar rangements shou ld not p roduce m u c h 

d i f fe rence i n p e r f o r m a n c e w h e n the l is tener 's head is at the in tended posi t ion. 

Never the less , the 1 0 ° contro l t ransducer span s h o w e d s l igh t ly better p e r f o r m a n c e for 

" g o o d " subjects a r o u n d 0 ° a z i m u t h w h e r e i t s h o w e d n o front-back confusion, contrary to 

the considerable a m o u n t o f confusions w i t h the 6 0 ° span. T h e increase i n front-back 

confus ion w i t h the 6 0 ° contro l t ransducer span suggests that spectral cues m a y h a v e been 

degraded. T h e 6 0 ° span transducer a r rangement has a s l ight advantage i n a z i m u t h 

local isat ion, b o t h b y the " g o o d " subjects a n d b y the " p o o r " subjects. T h i s observat ion 

m a y accord w i t h the bet ter contro l p e r f o r m a n c e at the l o w e r frequency reg ion b y the 6 0 ° 

contro l t ransducer a r r a n g e m e n t w h i c h is i m p o r t a n t f o r the synthesis o f t i m e re la ted cues. 

These aspects are invest iga ted fur ther i n C h a p t e r 5 . 

3.5 Conclusions 

A c o m b i n a t i o n o f a m o n o p o l e source a n d a d ipo le source is s h o w n to w o r k as a control 

t ransducer fo r b i n a u r a l synthesis o v e r loudspeakers. I t is a lso demonstra ted that the use 

o f t w o c lose ly spaced m o n o p o l e sources can a p p r o x i m a t e such a source combinat ion . 

Sub jec t ive e x p e r i m e n t s are p e r f o r m e d to establ ish the basic understanding o f v i r tua l 

spatial sound r e p r o d u c t i o n p e r f o r m a n c e o f such a sys tem c o m p a r e d to a pa i r o f 

convent iona l m o n o p o l e contro l transducers w i d e l y spaced. B o t h types o f system 

p e r f o r m e d e q u a l l y w e l l i n terms o f presenta t ion o f spat ial i n f o r m a t i o n , w i t h d i f ferent 

advantages a n d disadvantages. T h e loca l isa t ion p e r f o r m a n c e is cons iderab ly w o r s e w i t h 

b o t h systems c o m p a r e d to rea l sound sources. T h e m o s t s igni f icant observat ion is a 

d i f fe rence i n p e r f o r m a n c e a m o n g subjects rather t h a n b e t w e e n d i f fe ren t t y p e o f systems. 

T h e e l e v a t i o n loca l isa t ion error ( f r o n t - b a c k c o n f u s i o n ) w a s s igni f icant . T h e error was 

b iased i n that m o r e rear images are p e r c e i v e d i n f ron t than v ice -versa . 
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F i g . 3 . 1 G e o m e t r y o f the v i r t u a l source i m a g i n g system . 
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F i g . 3 . 2 A series o f i l lus t ra t ions o f t h e s o u n d f i e l d p r o d u c e d w h e n t w o p o i n t m o n o p o l e 

sources are used to generate a desired pu lse at ear 1 w h i l e p r o d u c i n g z e r o pressure at ear 2 . 

E a c h i l lustrat ion depicts the m a g n i t u d e o f the acoustic pressure o n a g r e y scale, w i t h l ighter 

shading denot ing pos i t ive pressures a n d darker shading denot ing nega t i ve pressures. 
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F i g . 3 .3 A series o f i l lustrat ions that are equ iva len t to those s h o w n i n F i g . 3 . 2 , except that 

the des i red f i e l d is p r o d u c e d b y us ing the superposi t ion o f a p o i n t m o n o p o l e and a po int 

d ipo le . 
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F i g . 3 . 4 D i r e c t i v i t y pa t te rn o f t ransducer pairs, a ) m o n o p o l e a n d d i p o l e c o m b i n a t i o n , b ) 

a p p r o x i m a t i o n b y t w o m o n o p o l e transducers ( / « Cg /As ) . 
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F i g . 3 .5 D i r e c t i v i t y pa t te rn o f t ransducer pairs , a ) m o n o p o l e a n d d ipo le c o m b i n a t i o n , b ) 

a p p r o x i m a t i o n b y t w o m o n o p o l e transducers ( / « C g / A s s i n <2 ) . 
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F i g . 3 . 6 T i m e d i f f e r e n c e t o f t h e success ive p u l s e as a f u n c t i o n o f t h e source span. 
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F i g . 3 . 7 R e d u c t i o n o f a m p l i t u d e o f t h e success ive p u l s e as a f u n c t i o n o f t h e source span. 
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F i g . 3 . 8 C o n v e r g e n c e t i m e o f inverse filters ( - 6 0 d B ) as a f u n c t i o n o f the source span. 
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F i g . 3 .9 . T h e s p e c t r u m o f w e i g h t e d noise s ignal ( E A I J R C - 7 6 0 3 ) used as source signal . 
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r e l a t i v e to t h e l i s t e n e r ' s h e a d p o s i t i o n a n d o r i e n t a t i o n . A n e x a m p l e o f " c o n e o f constant 

a z i m u t h " is i l l u s t r a t e d . T h e t w o d i f f e r e n t t r a n s d u c e r a r r a n g e m e n t s i n v e s t i g a t e d a r e also 

s h o w n ( r e l a t i v e to the o p t i m a l h e a d p o s i t i o n a n d o r i e n t a t i o n ) . 
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F i g . 3 . 1 1 . T h e a r r a n g e m e n t f o r the s u b j e c t i v e e x p e r i m e n t . 
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F i g . 3 . 1 2 . T h e f r e q u e n c y response o f o n e o f t h e loudspeaker . 
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F i g . 3 . 1 3 . R e s u l t s o f t h e sub jec t ive e x p e r i m e n t f o r l o c a l i s i n g r e a l s o u n d sources. 6 subjects 

w e r e tested. 
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Difference Amplitude Response (serial no.924 & 925) 
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F ig . 3 . 1 6 T h e d i f f e r e n c e o f response o f t w o pai rs o f loudspeakers, a ) P a i r 1. b ) Pa i r 2 . 
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F i g . 3 . 1 7 . R e s u l t s o f t h e l o c a l i s a t i o n e x p e r i m e n t w i t h b i n a u r a l synthesis o v e r loudspeakers . 
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F i g . 3 . 1 8 . Resu l ts o f t h e l o c a l i s a t i o n e x p e r i m e n t w i t h b i n a u r a l synthesis o v e r loudspeakers . 

T h e l i s t e n e r ' s h e a d is a t t h e o p t i m a l p o s i t i o n a n d o r i e n t a t i o n . 11 s u b j e c t s w e r e t e s t e d . 
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span, b ) 1 0 ° t r a n s d u c e r span. 
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4 Influence of individual differences in head related transfer 

functions 

4.1 Introduction 

D i f f e r e n c e s i n p e r f o r m a n c e a m o n g ind iv idua l subjects w e r e observed t h r o u g h the 

loca l isa t ion tests i n the prev ious Chapter . A c c o r d i n g to these results, i t w a s possible to 

de f ine t w o groups o f subjects. F o r one group the v i r t u a l acoustic i m a g i n g system w o r k s 

w e l l , bu t does not w o r k so e f f e c t i v e l y fo r the other group. T h e latter subjects d i d not 

cor rec t ly local ise the v i r t u a l sound source i n the rear h a l f o f the hor i zon ta l p lane and 

loca l ised t h e m at a x i s y m m e t r i c a l posit ions i n front w i t h respect to the in teraura l axis. 

M o r e o v e r , the v i r t u a l sound sources at b o t h sides are u s u a l l y p e r c e i v e d at a n of fset 

pos i t ion towards the front. 

A frirther invest iga t ion w a s car r ied out i n order to find ou t the cause o f these d i f ferences. 

A m o n g the types o f error observed i n the test, w e put emphasis o n front-back confus ion, 

since i t is w i d e l y repor ted that such b inaura l based v i r t u a l rea l i t y systems o f t e n have 

p r o b l e m s w i t h d i s c r i m i n a t i n g source posit ions a l o n g the cone o f confusion. I t is w i d e l y 

agreed that there are t w o types o f cues used to locate a sound source a l o n g the cone o f 

c o n f u s i o n [ 1 1 ] . O n e type is the cues re la ted to the spectra o f the b inaura l signals a n d the 

other t y p e consists o f cues i n con junc t ion w i t h head m o v e m e n t . W h e n the n u m b e r o f 

posi t ions w h e r e the sound pressure is to be cont ro l led is l i m i t e d to t w o , i t is s imp le r to 

contro l the sound field i f the l istener's head is fixed. A s a result , i n f o r m a t i o n that relates 

to h e a d m o v e m e n t cannot b e ob ta ined b y the l istener. T h u s , subjects m a i n l y m a d e use o f 

spectral cues to locate sound sources a long the cone o f confus ion i n the prev ious 

e x p e r i m e n t w h e r e h e a d m o v e m e n t w a s restr icted. T h e r e f o r e , i t is suspected that the 

spectral cues are d istor ted i n a cer ta in m a n n e r together w i t h the interaural t i m e a n d l eve l 

d i f fe rence cues, a n d that this produces those sys temat ica l ly b iased results. 
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T h e ob jec t ive o f this C h a p t e r is to invest igate the v a r i a t i o n i n the p e r f o r m a n c e o f the 

v i r t u a l acoustic i m a g i n g sys tem a m o n g ind iv iduals . W h e n re fe r r ing the p e r f o r m a n c e o f 

the sound reproduct ion system, i t contains the a b i l i t y to reproduce the qua l i t y o f sounds 

as w e l l as the spat ial i m p r e s s i o n o f the or ig ina l sound f ie ld . H o w e v e r , w e shal l 

concentrate o n h o w the spat ial impress ion is preserved , m o r e str ict ly , h o w m u c h the 

a b i l i t y to local ise a single r e p r o d u c e d sound source is preserved. T h e "Stereo D i p o l e " 

sys tem w h o s e transducers are p l a c e d close together w a s t a k e n as a n e x a m p l e . T h e 

in f luence o f the i n d i v i d u a l H e a d R e l a t e d Transfer Func t ions ( H R T F s ) are thought to be 

responsible fo r the var ie ty . 

I t is k n o w n that h e a d p h o n e b i n a u r a l presentat ion can be i m p r o v e d b y i n d i v i d u a l 

record ings [ 3 9 ] - [ 4 1 ] . I n such cases, there is o n l y one set o f H R T F s i n the v i r tua l source 

synthesis process w h i c h is re la ted to v i r tua l source locat ions. F u r t h e r m o r e , the errors 

caused b y headphone presenta t ion are b iased that p e r c e p t i o n o f f ron t v i r tua l sources 

results at the rear. I n the case o f v i r t u a l acoustic i m a g i n g , there are t w o sets o f H R T F s , 

o n e f o r the v i r tua l source p o s i t i o n a n d the other f o r the cont ro l w h i c h is re la ted to 

t ransducer locat ions. C o n t r a r y to headphone reproduct ion , the errors observed a m o n g the 

" p o o r " subjects are b iased that pe rcep t ion o f rear sources results i n front. 

T o m a k e deta i led invest igat ions possible , the H R T F s o f each subject w e r e measured. 

A n o t h e r set o f loca l isa t ion tests, w i t h contro l f i l ters spec i f i ca l l y des igned for the subject 

w i t h the i n d i v i d u a l l y m e a s u r e d H R T F s , w e r e repeated i n order to c o n f i r m the hypothesis . 

T h e synthesised H R T F s f o r each subject w i t h the cont ro l f i l ters w h i c h h a d been designed 

w i t h d u m m y h e a d H R T F s are c o m p a r e d w i t h the subjects' o w n H R T F s . T h e reason w h y 

s o m e subjects m a k e mistakes i n d i s c r i m i n a t i n g front a n d b a c k , ( i n m o s t cases loca l is ing 
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a rear i m a g e i n front), is e x p l a i n e d b y l o o k i n g at the s i m i l a r i t y o f the synthesised H R T F s 

and e i ther o f the i n d i v i d u a l H R T F s corresponding to front o r rear sound sources. 

4.2 Measurements of the individual HRTFs 

A m o n g m a n y possib le causes o f the d i f ferences i n p e r f o r m a n c e o f the system a m o n g the 

ind iv idua ls o b s e r v e d i n the prev ious subject ive e x p e r i m e n t ( S e c t i o n 3 . 4 . 3 ) , i n d i v i d u a l l y 

d i f fe rent H R T F s i n p a n d Q d e f i n e d i n Sec t ion 2 .5 are suspected. Because the other 

factors are c o m m o n to a l l subjects a n d that t h e y do not e x p l a i n w h y the system w o r k s 

w e l l f o r s o m e subjects and does not f o r other subjects. T o m a k e de ta i led invest igat ions 

possible , the H R T F s i n p and Q o f each subject are measured. These are ob ta ined us ing a 

m a x i m u m length sequence ( M L S ) m e a s u r e m e n t technique w i t h a s a m p l i n g frequency o f 

4 4 . 1 k H z i n a n anechoic chamber . M e a s u r e m e n t s are p e r f o r m e d i n a n anechoic chamber 

to ob ta in H R T F s o n l y a n d i n order to exc lude the acoustic response o f the env i ronment . 

T h e K n o w l e s X L - 9 0 7 3 p r o b e m i c r o p h o n e assembly [ 4 2 ] is p l a c e d at the entrance o f the 

ear canals. T h e h i g h f r e q u e n c y l i m i t o f the m i c r o p h o n e is about 8 k H z . T h e K E F C - 3 5 

loudspeaker is p l a c e d 1.4 m from the centre o f the in teraura l ax is at var ious direct ions o n 

the h o r i z o n t a l p lane . M e a s u r e d transfer funct ions are d e c o n v o l v e d w i t h 

l o u d s p e a k e r - m i c r o p h o n e response m e a s u r e d i n a free field (F ig . 4 . 1 ) . T h e b inaura l 

t ransfer funct ions p o f a l l the d i rect ions w h i c h is used i n the loca l isa t ion test are 

measured f o r 3 " g o o d " subjects and 5 " p o o r " subjects. T h e measurements are p e r f o r m e d 

for a l l the " p o o r " subjects w h o t o o k par t i n the exper iments i n Sec t ion 3 . 4 . 3 and Sect ion 

6 .4 . T h e o v e r l a p i n subjects b e t w e e n the t w o exper iments m a d e the tota l n u m b e r o f 5 

" p o o r " subjects. T h e 3 " g o o d " subjects w e r e s a m p l e d from these exper iments . 

T h e m e a s u r e d H R T F s i n Q o f a l l subjects together w i t h those o f the K E M A R d u m m y 

head are s h o w n i n F i g . 4 . 2 . F i g . 4 . 2 a shows H R T F s i n Q for " g o o d " subjects a n d those o f 
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" p o o r " subjects are s h o w n i n F ig . 4 . 2 b . F o r compar ison , they are n o r m a l i s e d at a 

f r e q u e n c y b e l o w 3 0 0 H z w h e r e smal l d i f fe rences i n deta i l o f the head are not considered 

to a f fec t its response. I t can be c lear ly seen that d e v i a t i o n becomes larger as frequency 

becomes h igher . H o w e v e r , the H R T F s o f the " g o o d " subjects seem to be close to each 

other and close to the K E M A R H R T F s b e l o w 2 k H z a n d a round 3 - 4 k H z . 

S i m i l a r tendencies to Q are observed i n the H R T F s i n p fo r a l l d irect ions. D i s t i n c t i v e l y 

d i f fe ren t patterns o f the H R T F s w e r e observed b e t w e e n the sound source i n front a n d i n 

the rear at the a x i s y m m e t r i c posi t ions f o r a l l d i rect ions. A n e x a m p l e o f the m e a s u r e d 

H R T F s i n p o f a l l subjects are s h o w n i n F i g . 4 . 3 together w i t h pa o f the K E M A R d u m m y 

head. F i g . 4 . 3 a shows H R T F s i n p f o r " g o o d " subjects and those o f " p o o r " subjects are 

s h o w n i n F ig . 4 . 3 b . T h e d i rec t ion o f the sound source is at ± 4 0 ° a n d ± 1 4 0 ° a n d H R T F s 

f o r the ear closer to the sound source is p lot ted . T h e s e direct ions are at the a x i s y m m e t r i c 

posi t ions w i t h respect to the in teraura l ax is and that mistakes i n choos ing a l ternat ives 

b e t w e e n the t w o are o f t e n observed i n loca l isa t ion tests. 

4.3 Localisation test with the filters designed using the individual 

HRTFs 

T h e d i f ferences i n p e r f o r m a n c e a m o n g the ind iv idua ls seem to b e due to d i f ferences i n 

the a m o u n t o f m i s m a t c h i n the H R T F s u s e d i n des ign ing d ig i ta l f i l ters a n d those o f the 

subjects. T o c o n f i r m this, another loca l isa t ion test w i t h d ig i ta l f i l ters spec i f ica l ly 

des igned for the subject w i t h the i n d i v i d u a l l y m e a s u r e d H R T F s w e r e p e r f o r m e d . T h e 

same procedure w a s u n d e r t a k e n except that the i n d i v i d u a l l y m e a s u r e d p a n d Q i n the 

prev ious sect ion w e r e used as pd a n d Q d to des ign d ig i ta l filters spec i f i ca l l y fo r each 
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subject. T h e e x p e r i m e n t a l p rocedure is f u n d a m e n t a l l y the same as that descr ibed i n 

Sec t ion 3 . 4 

F ig . 4 . 4 shows the resul t o f 4 " p o o r " subjects from the prev ious local isat ion tests 

( S e c t i o n 3 . 4 . 3 ) for w h o m the v i r t u a l acoustic i m a g i n g system d i d no t w o r k so e f fec t ive ly . 

T h e y s h o w e d as g o o d a p e r f o r m a n c e as "good" subjects. T h e y p e r c e i v e d v i r tua l sound 

sources i n the rear as w e l l as the " g o o d " subjects did. T h e loca l isa t ion test s h o w e d no 

s igni f icant d i f fe rence b e t w e e n these t w o groups o f subjects. I t is c o n f i r m e d that w h a t 

degraded the p e r f o r m a n c e o f the v i r t u a l acoustic i m a g i n g sys tem f o r the " p o o r " subjects 

w e r e m i s m a t c h o f H R T F s i n des ign a n d synthesis. 

4.4 Comparison between the synthesised and individnal HRTFs 

A m o n g the errors observed i n the loca l isa t ion test, m i s j u d g e m e n t o f the front-back 

d i s c r i m i n a t i o n at the a x i s y m m e t r i c pos i t ion w i t h respect to the in teraura l ax is are p a i d 

par t icu lar a t tent ion here, since e v e n w h e n the thresho ld o f m i s j u d g e m e n t is del icate, the 

resul t ing absolute error angle is substantial . 

I t is assumed that h u m a n be ings acqui re m e m o r i e s o f the t ransfer funct ions p as 

m o d i f i c a t i o n s o f spectra i n accordance w i t h the d i f fe ren t sound source pos i t ion th rough 

e v e r y d a y l i fe . W h e n one perce ives a f a m i l i a r sound, o n e can est imate the transfer 

funct ions a n d m a k e use o f i t f o r local isat ion. W h e n i t is no t a f a m i l i a r sound, one can 

est imate the change o f t ransfer funct ions b y m o v i n g one 's h e a d t h e n local ise the sound 

source u t i l i s ing m e m o r i e s o f change o f t ransfer funct ions w i t h h e a d m o v e m e n t . I t is also 

k n o w n that a h u m a n can b e c o m e able to use spectral cues o f u n k n o w n sound w i t h v e r y 

l i m i t e d exper ience . I n the p rev ious subject ive exper iments , the l is tener w a s assumed not 

to m o v e the i r head w h e n the d ig i t a l f i l ters h a d b e e n designed. T h e subjects w e r e t o l d not 
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to m o v e the i r h e a d d u r i n g the subject ive exper iments so that the cues that re late to h e a d 

m o v e m e n t d i d not resul t i n the deter iora t ion o f the j u d g e m e n t . T h e r e is a sma l l 

poss ib i l i t y that subjects m i g h t have unconsc ious ly used the m o v e m e n t re la ted cues since 

the i r heads w e r e not p h y s i c a l l y f i x e d . A s a result, there m i g h t h a v e b e e n some 

m i s j u d g e m e n t due to this. H o w e v e r , i t has b e e n p r o v e n that the d ig i t a l f i l ters spec i f ica l ly 

des igned f o r the subject w i t h the i n d i v i d u a l l y measured H R T F s i m p r o v e d the 

p e r f o r m a n c e . I t has b e e n s h o w n that h u m a n s can d iscr iminate b r o a d b a n d sound b e t w e e n 

sources f r o m the fi-ont a n d those f r o m the back , even w h e n the i r h e a d is f i x e d [ 1 2 ] . 

T h e r e f o r e , i t is suspected that most p r o b a b l e cause i n this case is that the spectral cues 

w e r e d istor ted b y m i s m a t c h o f the H R T F s . 

4 . 4 . 1 S p e c t r a l s h a p e o f t h e H R T F s 

I f H R T F s o f the l is tener i n p a n d Q are v e r y d i f fe rent f r o m those that w e r e used to 

des ign d ig i ta l f i l ters, the resul t ing synthesised H R T F s i n ps b e c o m e d i f fe ren t fi-om the 

t ransfer funct ions p i n o n e ' s m e m o r y . T h e vec to r ps can be expressed as f o l l o w s f i -om E q . 

( 2.19) and Eq.( 2.31): 

P : = ( & 0 ; P d 

( 4 ^ ) 

W h e n a sound s ignal is presented w i t h Ps, the l istener can n o m i n a t e e i ther o f t w o 

direct ions at a x i s y m m e t r i c posi t ions i n the hor i zon ta l p lane t h r o u g h t h e in terpre ta t ion o f 

the in teraura l t i m e a n d l eve l d i f ferences. T h e n , i t is possible that the l is tener chooses the 

d i rec t ion w h o s e p is closer to the presented p , . T o f i n d out i f th is is the case, ps 

synthesised with KEMAR HRTFs pa for 0°, ±20°, ±40°, ±140°, ±160° and 180° are 
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c o m p a r e d w i t h the l is tener 's o w n H R T F s p for the same d i rec t ion and a x i s y m m e t r i c 

d i rec t ion for t h e subjects. T h e H R T F s corresponding to the sound source i n the f ront h a l f 

are d e n o t e d as p f a n d pb is that o f the rear out o f the t w o candidates. F i g . 4 .5 shows an 

e x a m p l e o f Ps a n d t w o candidates p f and pb for the d i rect ion o f ± 1 6 0 ° fo r the ear closer to 

the sound source. T h e y are a g a i n n o r m a l i s e d at a f requency b e l o w 3 0 0 H z . 

I t w a s o b s e r v e d that a l l the subjects ' j u d g e m e n t s i n the loca l isat ion test a n d the s imi la r i ty 

o f the H R T F s b e t w e e n ps a n d p coincides v e r y w e l l . A s observed i n the subject ive test, 

the synthesised H R T F s i n Ps for the rear h a l f o f the source posi t ions for the "poor" 

subjects w e r e ac tua l ly o f t e n closer to those i n front pf . P r o b a b l y , th is is because the 

loudspeakers f o r reproduc t ion are ac tua l l y p l a c e d i n front a n d the components i n Q 

re la ted to frontal i m a g e w e r e no t cance l led proper ly . T h i s expla ins w h y the 

m i s j u d g e m e n t o f the " p o o r " subjects w e r e b iased to j u d g e rear images i n f ront but not to 

m i s j u d g e i n front a n d rear r a n d o m l y . 

4 . 4 . 2 D i s c r i m i n a n t a n a l y s i s 

T o g i v e this observa t ion an ana ly t ica l measure , d iscr iminant analysis is p e r f o r m e d [43 ] . 

D i s c r i m i n a n t analysis is a k i n d o f regression analysis that enables the dist inct ions 

b e t w e e n groups b y a l inear frmction o f var iab les w h e n several characterist ics can be 

m e a s u r e d as the var iab les o n each o f the ind iv idua ls . A s a measure o f s im i l a r i t y o f the 

transfer fimctions b e t w e e n Ps a n d t w o candidates p f a n d pb, m e a n va lues o f d i f fe rence o f 

n o r m a l i s e d ps a n d ei ther p f or pb w i t h i n a cer ta in frequency b a n d are d e f i n e d as £{ a n d %. 

T h e Mth e lements o f £f a n d % are d e f i n e d b y 
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COf, - co, 

^ l|20log|A,,(j6)]|-20log|A,,(j 

^ r - 201og|A„ (j w)||)(fw 

( 4 2 ) 

w h e r e co i and co h are l o w e r a n d upper l i m i t o f the angular frequency. T h e l o g a r i t h m is 

adopted from W e b e r ' s L a w . I f ( fkn - % i ) is posi t ive , ps is close to p f i n that frequency 

range. 

I n this t r ia l , the frequency range w a s d i v i d e d in to 1/3 octave bands w h o s e centre 

frequencies are from 3 1 5 H z to 6 3 0 0 H z . T h e independent (pred ic tor ) var iab les are (£bn -

£fa) i n each frequency band. 8 subjects, 5 o f t h e m are " p o o r " subjects, and 10 direct ions 

presented are t a k e n as the cases. T h e cases w h i c h subjects p e r c e i v e d the sound sources 

b o t h i n front a n d i n the rear s imu l taneous ly w e r e e x c l u d e d from the analysis so there 

w e r e 7 4 cases. T h e subjects' j u d g e m e n t s o f t h e source pos i t ion are the dependant 

(c r i te r ion ) var iables. T o take var iance into account , the M a h a l a n o b i s ' genera l ised 

distance is used [ 4 3 ] . T h e distance D o b e t w e e n the centre o f a group ( x i , X 2 , • • •, ) and 

a par t i cu la r po in t (XO , ,XQ2,-" ,XO^) can b e g i v e n w i t h var iance V " " b y 

p p 

n=l n'=l 

( 4 . 3 ) 

w h e r e Xn = ftn - B y c o m p a r i n g the distances from the centre o f t w o groups, i t is 

d e t e r m i n e d w h e t h e r each synthesised spect rum resu l ted i n a p e r c e p t i o n i n front o r i n the 

rear. 
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F i g . 4 . 6 shows the results o f the d iscr iminant analysis i n q u a n t i f y i n g the ab i l i t y o f 

subjects to d iscr iminate b e t w e e n f ront a n d back . T h e p red ic ted di rect ions w i t h this 

analys is are presented against the actual subjects' j u d g e m e n t s . I t tu rned out that this 

m o d e l exp la ins the d i s c r i m i n a t i o n o f f ront and b a c k v e r y w e l l . T h e p r e d i c t i o n rate was 

9 6 % . T h e coef f ic ients o f the d iscr iminant f u n c t i o n suggest that there are some 

f requencies w h i c h m a y be m o r e i m p o r t a n t than the others. T h e var iab les corresponding 

to 3 1 5 H z ~ 5 0 0 H z and 1 0 0 0 H z ~ 2 5 0 0 H z bands s e e m to h a v e m o r e in f luence than the 

others. A s w e expect , coef f ic ients fo r the ear closer to the v i r t u a l sound source are larger 

t h a n the other ear. 

4.5 Conclusions 

T h e reason for the v a r i e t y i n the p e r f o r m a n c e o f the v i r t u a l acoust ic i m a g i n g system 

a m o n g ind iv idua ls w a s invest igated. I t w a s revea led to be d u e to the v a r i e t y a m o n g the 

i n d i v i d u a l H R T F s b y a loca l isa t ion test w h i c h is p e r f o r m e d w i t h the d ig i ta l f i l ters 

des igned w i t h the i n d i v i d u a l l y m e a s u r e d H R T F s . T h e synthesised H R T F s f o r each 

subject w i t h f i l ters w h i c h are des igned w i t h a d u m m y h e a d w e r e c o m p a r e d w i t h those o f 

the subjects' o w n . I t w a s f o u n d that the synthesised H R T F s for the rear h a l f o f the 

pos i t ions w h i c h w e r e loca l ised i n f ront w e r e ac tua l ly c loser to the subjects ' o w n H R T F s 

cor respond ing to the sources i n firont at the a x i s y m m e t r i c posi t ions. I t is conc luded that 

w h e n m i s m a t c h o f the H R T F s is large, i t results i n present ing w r o n g i n f o r m a t i o n to 

d isc r im ina te front and back . 
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5 Robustness to head misalignment 

5.1 Introduction 

O n e d isadvantage o f b inaura l sound reproduc t ion o v e r loudspeakers is that the size o f 

space w h e r e a reasonable contro l is ob ta ined is no t so large. T h e l is tener 's ears must be 

i n the r e l a t i v e l y sma l l r eg ion i n a l is tening space at w h i c h the contro l is e f fec t ive . T h i s is 

because the independent contro l o f the sound signals at each ear rel ies o n in ter ference o f 

sound w a v e s rad ia ted from the loudspeakers. M i s a l i g n m e n t o f the head pos i t ion and 

or ien ta t ion results i n the inaccurate synthesis o f the b inaura l signals at the ears. T h i s 

results from the change i n the fransfer funct ions b e t w e e n the transducers and the 

l is tener 's ears. Consequent ly , the p e r f o r m a n c e o f the system deteriorates, i .e. , d i rect iona l 

i n f o r m a t i o n associated w i t h the sound is smeared as is other i n f o r m a t i o n . 

A cer ta in a m o u n t o f m i s a l i g n m e n t is inev i tab le i n the pract ica l use o f such a system. 

T h e r e f o r e , i t is o b v i o u s l y advantageous i f the sys tem is m o r e robust to m i s a l i g n m e n t . 

W h e n , f o r e x a m p l e , the system is used to a t tempt to frack h e a d m o v e m e n t , i t is essential 

to k n o w the threshold at w h i c h the percept ion o f the v i r t u a l acoustic e n v i r o n m e n t 

col lapses. T h e f i l ter update w o u l d i n e v i t a b l y b e discrete i n t i m e a n d hence the l istener 's 

m o v e m e n t w o u l d result i n a cer ta in a m o u n t o f d isp lacement from the in tended pos i t ion 

be fo re the filters are u p d a t e d for the n e w h e a d pos i t ion . I n other w o r d s , the filters must 

b e u p d a t e d be fore the h e a d m o v e s a distance that is greater than the tolerances. H a v i n g 

larger to lerances w i l l be advantageous i n k e e p i n g t rack o f h e a d m o v e m e n t u p to a h igher 

v e l o c i t y w i t h a g i v e n update rate. 

T h e o b j e c t i v e o f this Chapte r is to invest igate the robustness o f the p e r f o r m a n c e o f such 

a sys tem w h e n the l istener 's h e a d is m isa l igned . C o m p a r i s o n b e t w e e n t w o d i f fe ren t 

t ransducer ar rangements is m a d e ; t w o transducers p l a c e d close together as i n the "Stereo 
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D i p o l e " a r rangement a n d the c o n v e n t i o n a l a r rangement w h e r e the t w o transducers are 

spaced apart. A s descr ibed i n C h a p t e r 3 , the sound f i e l d genera ted b y the "Stereo D i p o l e " 

has a dist inct character i n that its rate o f change over space is m u c h smal ler t h a n that 

generated b y t w o m o n o p o l e transducers spaced apart. A s a consequence, i t is expec ted to 

b e m o r e robust to m i s a l i g n m e n t o f the pos i t ion and or ienta t ion o f the l istener 's head. 

T h e consequences o f three t rans la t iona l and three ro ta t iona l d isplacements o f the h e a d 

are e x a m i n e d . M u c h emphasis is p u t u p o n the preservat ion o f d i rect iona l i n f o r m a t i o n 

w h i c h depends m o s t l y u p o n the h e a d re la ted transfer funct ions ( H R T F s ) . F i rst , the 

ef fect iveness o f con t ro l is invest iga ted b y synthesis o f a u n i t i m p u l s e at b o t h ears i n b o t h 

the t i m e a n d the frequency d o m a i n s . Presentat ion o f a n inc ident sound from var ious 

direct ions are t h e n invest iga ted as the v e r y basic components o f a v i r tua l sound 

env i ronment . T h e characterist ics o f the synthesised b inaura l signals are e x a m i n e d i n 

several w a y s . I n the t e m p o r a l d o m a i n , the interaural t i m e d i f fe rence ( I T D ) o f the 

synthesised b i n a u r a l sound signals is invest igated. T h e m o n a u r a l spectral shape o f the 

signals is also inves t iga ted since this w i l l in f luence the spectral loca l isat ion cue. F u r t h e r 

considerat ion is also g i v e n to the b i n a u r a l spectral d i f fe rence , i .e. , the in teraura l l e v e l 

d i f fe rence ( I L D ) that is used to loca l ise a l o n g the in teraura l ( a z i m u t h ) d i rect ion a n d also 

the in teraura l d i f f e r e n c e o f spectral shape that is used to local ise a r o u n d the in teraura l 

ax is (e levat ion) . C u e s re la ted to the d y n a m i c s o f head m o v e m e n t are outs ide the scope o f 

this study. S u b j e c t i v e loca l isa t ion exper iments are p e r f o r m e d f o r d isplacements for 

w h i c h notab le d i f fe rences i n p e r f o r m a n c e are expected from the prev ious analysis. 
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5.2 Analysis method 

5 . 2 . 1 M o d e l 

A s the l is tener 's h e a d is d isplaced a w a y from the exact pos i t ion for w h i c h contro l filters 

H are ca lcula ted, the transfer funct ions C change gradua l ly . T h u s the pseudo- ident i ty 

m a t r i x X and, as a consequence, the synthesised b inaura l H R T F s are degraded and m a y 

result i n the w r o n g subject ive percept ion. 

A s the v e r y basic components o f a v i r t u a l sound e n v i r o n m e n t , generat ion o f a single 

inc ident sound w a v e is t aken as an e x a m p l e here. T h e phys ica l acoustic paths a and C 

are m o d e l l e d w i t h free field (absence o f a n y ef fects other t h a n head) head re la ted impu lse 

responses ( H R I R s ; the t i m e d o m a i n representat ion o f H R T F s ) . A database compr is ing 

d i rec t iona l ly discrete H R I R s o n a v i r t u a l spher ical surface 1 . 4 m from a K E M A R d u m m y 

head is o b t a i n e d from M I T M e d i a L a b [ 3 8 ] . T h e " f r i l l " data set w a s used and the 

loudspeaker response is d e c o n v o l v e d from the data a n d thus each contro l t ransducer o f 

the system is m o d e l l e d as a n idea l m o n o p o l e source. T h o s e b e t w e e n s a m p l e d direct ions 

are o b t a i n e d b y b i l inear in terpola t ion o n the v i r tua l spher ica l surface o f m a g n i t u d e and 

phase spectra i n the frequency d o m a i n ( A p p e n d i x 1). T h o s e at a d i f fe ren t distance from a 

h e a d are o b t a i n e d b y ex t rapo la t ion w i t h a n appropr ia te ly chosen d e l a y a n d spherical 

a t tenuat ion ( A p p e n d i x 1). T h e cont ro l filter m a t r i x H is d e t e r m i n e d b y the frequency 

d o m a i n d e c o n v o l u t i o n m e t h o d [ 2 9 ] . 

T h e l is tener 's h e a d is d isplaced w i t h respect to s ix o r thogona l axes ( three t ranslat ional 

and three ro ta t iona l ) as i n F i g . 5 . 1 and T a b l e 5 .1 . S ince the robustness to re la t i ve ly smal l 

d isp lacement o f the h e a d pos i t ion and or ien ta t ion is o f interest here , the robustness o f the 

v i r tua l sound i m a g e is eva lua ted re la t ive to the l is tener 's head, not re la t ive to the 

l is ten ing space. I n other w o r d s , w h e n the l is tener 's h e a d is d isplaced, h e should idea l l y 
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perce ive the same v i r t u a l sound i m a g e as i n the o p t i m a l pos i t ion a n d or ientat ion, u n l i k e 

those appl icat ions w h e r e the l istener m a y w a n t to m o v e a r o u n d i n a v i r tua l sound 

env i ronment . 

T h e spherical co -ord ina te sys tem used to d e f i n e d i rec t ion o f sound a n d o f transducers is 

s h o w n i n F ig . 5 . 2 . T w o d i f fe ren t t ransducer ar rangements are invest igated for 

compar ison. I n b o t h cases, t w o transducers are p l a c e d i n f ront o f the l istener on the 

hor i zon ta l p lane ( 0 ° e l eva t ion ) and a l i g n e d s y m m e t r i c a l l y w i t h respect to the m e d i a n 

p lane. T h e transducers p o s i t i o n e d spanning 6 0 ° as seen b y the l istener ( ± 3 0 ° a z i m u t h ) are 

representat ive o f a standard a r rangement as i n Stereophony. T h e span o f 10° ( ± 5 ° 

a z i m u t h ) represents close spacing, i .e. the "Stereo D i p o l e " . 

5 . 2 . 2 I n d i c e s f o r a n a l y s i s 

I n the tempora l d o m a i n , the I T D is ana lysed as the m o s t i m p o r t a n t cue to locate the 

d i rec t ion o f sound a l o n g the in teraura l ax is ( a z i m u t h d iscr imina t ion ) . T h e interaural 

cross-correlat ion f u n c t i o n * P ( ^ o f H R I R s a ( f ) cor responding to the r e a l source d i rect ion 

are e x a m i n e d a n d the t i m e l a g w h i c h g ives the p e a k va lues o f ^ ( ^ is used as a n est imate 

o f I T D o f the acoust ic signals at the t w o ears. T h e in teraura l cross-corre la t ion funct ion 

^ ( % ) is expressed as f o l l o w s i n te rms o f the e lements o f a ( f ) . 

2 7 

(51) 

T h e r e are other poss ib le m e t h o d s f o r es t imat ing I T D , f o r e x a m p l e , b y detect ing the 

lead ing-edge i n the H R I R s , or b y c o m p u t i n g the phase spect rum or g r o u p d e l a y o f the 
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b inaura l signals. H o w e v e r , the lead ing-edge m e t h o d m a y m i s j u d g e I T D b y detect ing the 

less potent onset I T D rather than the o n g o i n g I T D to w h i c h neurones are sensit ive 

[ 4 4 ] - [ 4 6 ] . T h e r e is n o ind ica t ion that the nervous system c o u l d detect the h i g h - f r e q u e n c y 

phase spec t rum nor g roup de lay . A n a t o m i c a l a n d p h y s i o l o g i c a l studies st rongly suggest 

that I T D i n f o r m a t i o n is extracted w i t h the in teraura l cross-corre lat ion o f the 

aud i to ry -nerve responses to the s t imul i i n the superior o l i v a r y c o m p l e x then fur ther 

processed at a h igher l eve l o f aud i tory p a t h w a y [ 2 1 ] [ 2 2 ] . T h e enve lope de lay o f h i g h 

frequency signals as a n I T D cue [ 2 3 ] [ 2 4 ] can b e ext racted b y the cross-corre lat ion 

m e t h o d as w e l l as the phase d e l a y o f l o w f r e q u e n c y signals. H o w e v e r , w h i l e this m e t h o d 

extracts a s ingle n u m b e r I T D i n b inaura l acoust ic signals, i t does not a t tempt to m o d e l 

the c o m p l e x h u m a n aud i to ry system w h i c h transduces acoust ic signals at the ears into 

v i b r a t i o n o f the a u d i t o r y organs and then in to nerve signals w h i c h are subsequent ly 

processed. T h e r e f o r e , the absolute v a l u e o f I T D m a y no t b e c o m p l e t e l y s igni f icant 

a l though i t can extract tendencies and enables c o m p a r i s o n b e t w e e n the t w o d i f fe ren t 

condi t ions studied here. 

I n the spectral d o m a i n , a spectral analysis o f synthesised H R T F s is p e r f o r m e d over a 

logar i thmic scale b o t h i n frequency a n d m a g n i t u d e to account fo r the basic p r o p e r t y o f 

aud i tory filters. T h e m o n a u r a l spectral shape is ana lysed as a n i m p o r t a n t cue to i d e n t i f y a 

par icu lar d i rec t ion out o f a n u m b e r o f d irect ions w i t h n o in teraura l d i f ferences. T h i s cue 

uti l ises the change o f the spectral shape o f the sound source s ignal d u e to the H R T F f o r 

each ear. T h e m o n a u r a l spectral cues also h a v e supp lementa l ro le i n loca l isa t ion a l o n g 

the in teraura l d i rec t ion [ 2 6 ] . In teraura l d i f f e rence o f spectra is also ana lysed f o r t w o 

d i f fe rent object ives . O n e o f t h e m is as a cue to local ise a l o n g the in teraura l d i rec t ion 

( a z i m u t h d i s c r i m i n a t i o n ) w i t h interaural l e v e l d i f fe rence ( I L D ) . T h e other is as another 

cue to reso lve c o n f u s i o n a m o n g direct ions w i t h n o interaura l t i m e d i f f e rence ( e l e v a t i o n 
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d i s c r i m i n a t i o n ) b y u t i l i s i n g t h e p a t t e r n o f f r e q u e n c y dependent in te raura l spectra l 

d i f f e r e n c e [ 2 7 ] . A g a i n i t s h o u l d b e n o t e d that th is does n o t a t t e m p t a c o m p l e t e m o d e l o f 

the h u m a n a u d i t o r y sys tem. 

5.3 Robustness of temporal cues 

F i rs t , the e f fec t iveness o f c o n t r o l as a f u n c t i o n o f h e a d d i s p l a c e m e n t is e v a l u a t e d b y 

a n a l y s i n g the m a t r i x o f e lec t ro -acoust ic pa ths X ( t ) w h i c h is i n d e p e n d e n t o f the d i r e c t i o n 

o f the v i r t u a l source. F o l l o w i n g this , t h e synthes ised H R I R s a s ( 0 w i t h h e a d d i s p l a c e m e n t 

are ana lysed i n o r d e r to d e m o n s t r a t e w h a t h a p p e n s to t e m p o r a l cues as a f u n c t i o n o f the 

r e l a t i v e d i r e c t i o n o f the v i r t u a l s o u n d source. 

5 . 3 . 1 C o n t r o l p e r f o r m a n c e ( T e m p o r a l ) 

W h e n the inputs to X ( t ) is a p a i r o f s i m u l t a n e o u s d e l t a func t ions 5 ( / ) r a t h e r t h a n b i n a u r a l 

s ignals , the i n t e r a u r a l c ross -cor re la t ion f u n c t i o n , o f the synthes ised signals is 

expressed as 

( f ) = m ^ + f K f 

(!x2) 

w h e r e 

" X n ( f ) + X,2 ( f ) 

X 2 , ( 0 + X 2 2 ( 0 

( 5 J ) 
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W h e n the listener's h e a d is at the o p t i m a l pos i t ion a n d or ientat ion, the synthesised 

signals ^{ t ) are a p p r o x i m a t e l y del ta funct ions w i t h a n ident ica l de lay . T h u s is a 

del ta func t ion w i t h I T D = 0 ( j is ) . I n this w a y , the d i rec t iona l dependence i n a ( / ) can be 

e x c l u d e d firom the analys is o f the interaural cross-corre la t ion funct ions. A s the h e a d is 

d isp laced a w a y f r o m the o p t i m a l pos i t ion a n d or ientat ion, the synthesised signals ^ ( / ) are 

no longer de l ta funct ions . T h u s is also n o longer a de l ta f lmct ion . A degraded 

ind i rec t ly suggests the degradat ion o f the I T D cue o f the synthesised H R I R s f o r a l l 

direct ions. A shi f t o f the p e a k i n suggests a shi f t i n the I T D o f the synthesised 

H R I R s and m u l t i p l e peaks i n m a y cause a m b i g u i t y or result i n the w r o n g 

percept ion a m o n g m u l t i p l e direct ions o f sound. 

F ig . 5 .3 shows the d e g r a d a t i o n o f ( the in teraura l cross-corre lat ion funct ions for the 

synthesised s imul taneous u n i t impulses) w i t h latera l d isp lacement over the range o f 

± 2 0 0 m m . T h e m a x i m u m v a l u e o f T ^ ( ^ ' 1 ' at 0 l a g can be observed at 0 m m 

disp lacement ( the o p t i m a l pos i t ion) f o r b o t h t ransducer arrangements. W h e n the 

l istener 's head is d isp laced la tera l ly , a n I T D shi f t f o r the 6 0 ° t ransducer a r rangement 

increases s ign i f icant ly as d isp lacement increases, w h i c h is at the rate o f a p p r o x i m a t e l y 

2 .7p ,s /mm. F o r e x a m p l e , 2 5 m m d isp lacement results i n about 6 5 j i s I T D shif t w h i c h 

corresponds to about 8 ° shi f t i n a z i m u t h d i rect ion. T h e threshold f o r I T D d iscr imina t ion 

is considered to be a p p r o x i m a t e l y lOfXs [ 2 5 ] a n d corresponds to about 4 m m disp lacement 

w i t h the 6 0 ° a r rangement . O n the other hand , the rate o f shi f t is m u c h less for the 10° 

transducer a r rangement ( 0 . 2 p , s / m m ) and so 5 0 m m d isp lacement w o u l d b e jus t e n o u g h to 

produce the threshold v a l u e f o r I T D d iscr iminat ion . W h e n the l is tener 's head is ro l led , 

the I T D shif t is a g a i n greater f o r the 6 0 ° a r r a n g e m e n t t h o u g h the d i f f e rence b e t w e e n t w o 

arrangements is m u c h s m a l l e r (about 1 .2 j is / ° a n d 0.4j j ,s /° ) than the la tera l d isp lacement 

(F ig . 5 . 4 ) . Y a w d isp lacement showed the same I T D shif t ( about 8 | i s / ° ) w h i c h 
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corresponds e x a c t l y to the y a w d isp lacement angle fo r b o t h o f the t w o transducer 

ar rangements ( F i g . 5 . 5 ) . H o w e v e r , bet ter preservat ion (smal le r a m p l i t u d e o f add i t iona l 

m a x i m a ) o f the in teraura l cross corre la t ion func t ion can be observed for the 1 0 ° 

ar rangement . ^^(%) fo r f o r e - a n d - a f t d isp lacement ( F i g . 5 . 6 ) shows n o shif t o f the o r ig ina l 

p e a k for bo th t ransducer ar rangements , as expected f r o m the s y m m e t r y , but s l ight ly 

bet ter preservat ion ( s m a l l e r a m p l i t u d e o f add i t iona l m a x i m a ) o f the in teraura l cross 

corre la t ion func t ion can b e observed f o r the 10° ar rangement . V e r t i c a l ( F i g . 5 . 7 ) a n d 

p i t c h ( F i g . 5 . 8 ) d isp lacement d i d not s h o w a n y I T D shif t fo r b o t h ar rangements . T h e 

results fo r the s ix types o f d isp lacement are s u m m a r i s e d i n T a b l e 5 .2 . 

C o m p a r i s o n s can b e m a d e b e t w e e n the six types o f d isp lacement b y n o r m a l i s i n g the 

results b y the a m o u n t o f d isp lacement o f the ears p r o d u c e d b y each o f the six types o f 

h e a d d isplacement . T h e synthesised I T D cue is the m o s t sensit ive to y a w d isp lacement 

f o l l o w e d b y latera l a n d r o l l d isplacements. I t is v e r y robust to fo re -and -a f t , p i tch a n d 

ver t ica l d isp lacement . H o w e v e r , the d i f f e rence i n the robustness o f the I T D cue b e t w e e n 

t w o d i f ferent t ransducer ar rangements is m o s t s igni f icant for la te ra l d isp lacement 

f o l l o w e d b y ro l l d isplacements . T h e r e are n o obv ious di f ferences o ther t h a n add i t iona l 

m a x i m a b e t w e e n t w o transducer ar rangements f o r the other four d isp lacements ( y a w , 

fo re -and-a f t , ver t ica l , p i tch ) . 

5 . 3 . 2 A c c u r a c y o f syn thes is ( T e m p o r a l ) 

B y a n a l o g y w i t h the in teraura l cross-corre lat ion funct ions o f synthesised H R I R s , 

¥ s ( t ) , is expressed as f o l l o w s i n te rms o f the e lements o f as(r). 
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( 5 ^ 0 

A s the I T D cue is r e g a r d e d as the m o s t sal ient cue that is used to de te rmine the a z i m u t h 

d i rec t ion [ 4 7 ] , d i rect ions o n the hor i zon ta l p lane w h i c h conta in t w o sets o f a l l the 

a z i m u t h direct ions are t a k e n as e x a m p l e s to s h o w the interaura l cross-correlat ion 

funct ions of HRIRs ( F i g . 5 . 9 ) . T h a t o f the or ig ina l H R I R s , *P(^) , is s h o w n i n F ig . 5 .9a 

and that o f synthesised H R I R s , w h e n the l istener 's head is d isp laced 2 5 n u n 

la te ra l ly are s h o w n i n F i g . 5 . 9 b and F i g . 5 .9c . I n F i g . 5 .9a , i t can be observed that I T D is 

increasing a lmost l i nea r ly w i t h respect to a z i m u t h angle over m o s t o f the range. ( N o t e 

that the va r ia t ion is no t s inusoida l w h i c h w o u l d b e the case i f there w e r e n o head i n the 

sound f ie ld ) . *Ps (^ is severe ly degraded w i t h the 6 0 ° transducer a r rangement (F ig . 5 .9b ) ; 

a f e w large add i t iona l l o c a l m a x i m a (espec ia l ly a r o u n d ± 2 5 0 j i s , cor responding to ± 3 0 ° 

a z i m u t h w h i c h are the cont ro l t ransducer d i rect ions) can be observed o v e r w i d e range o f 

v i r t u a l source direct ions as w e l l as a shif t (about 65jLis, 8 ° a z i m u t h ) o f the o r ig ina l peak . 

H o w e v e r , % ( % ) is bet ter p r e s e r v e d w i t h the 10° a r rangement (F ig . 5 . 9 c ) except f o r v e r y 

m i n o r loca l m a x i m a at v i r t u a l source direct ions a r o u n d - 9 0 ° a z i m u t h , Op,s l a g ( the largest 

a r o u n d - 6 0 | i s w h i c h aga in corresponds to the contro l t ransducer d i rect ions) . 

I T D es t imated from the synthesised H R I R s w i t h o u t d isp lacement f o r b o t h transducer 

ar rangements are ident ica l to the est imate f r o m the o r ig ina l H R I R s f o r a l l the direct ions 

a r o u n d the head. T h e e s t i m a t e d I T D from the synthesised H R I R s w h e n the l istener 's 

h e a d is d isp laced 2 5 m m l a t e r a l l y for m o s t o f the direct ions a round the h e a d is p lo t ted i n 

F i g . 5 . 1 0 a n d F i g . 5 . 1 1 . T h e r e are no data points o n the b o t t o m part o f the spher ical p lot . 

I n genera l , i t is observed that cones o f constant I T D are shi f ted from the o r ig ina l va lue 

(F ig . 5 . 1 0 a a n d F i g . 5 . 1 1 a ) f o r the 6 0 ° a r rangement ( F i g . 5 . 1 0 b and F i g . 5 . 1 1 b ) bu t l i t t le 
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shift is observed for the 1 0 ° a r rangement (F ig . 5 . 1 0 c and F i g . 5 . 1 1 c ) , as observed in F ig . 

5 .3 . T h e system w i t h the 10° t ransducer a r rangement preserved the synthesised I T D 

v a l u e for larger a z i m u t h direct ions better t h a n that o f the 6 0 ° a r rangement . A s l ight ly 

w o r s e p e r f o r m a n c e is expected o n the l e f t side o f the head t h a n the other side ( r ight ) fo r 

the 10° a r rangement . W h e r e a s the r ight side shows w o r s e p e r f o r m a n c e t h a n the le f t side 

for the 6 0 ° a r rangement . T h e loss o f a large I T D v a l u e a round large a z i m u t h direct ions 

(e .g. I a z i m u t h | > ± 3 0 ° i n F ig . 5 . 1 0 b a n d F i g . 5 .1 l b , a round - 9 0 ° a z i m u t h i n F i g . 5 . 1 0 c ) 

is p r i m a r i l y because the add i t iona l peaks i n the interaural cross-corre la t ion func t ion 

b e c a m e larger than the o r ig ina l peak . W h e n the h e a d is d isplaced, large add i t iona l peaks 

w h i c h g ive I T D va lues corresponding to the d i rec t ion o f the contro l t ransducers appear. 

I n cases w h e n these add i t iona l peaks are larger t h a n the or ig ina l peaks, i f the largest p e a k 

is t a ke n to est imate I T D , the v i r tua l sound source w o u l d v a n i s h a n d the l istener w o u l d 

local ise the sound source i n the d i rec t ion o f the contro l transducers. H o w e v e r , w i t h the 

existence o f the other types o f cue such as m o n a u r a l spectral shape cues, the smal ler 

m a g n i t u d e o f the o r ig ina l p e a k cou ld b e m o r e p laus ib le i n es t imat ing I T D . I f i t is taken to 

est imate I T D , it w o u l d result i n m u c h better p reserved I T D v a l u e and thus bet ter preserve 

the d i rec t ion o f v i r tua l sound. T h i s is d o w n to psycho log ica l f u n c t i o n at h igher levels o f 

the nervous system. I t is l i k e l y , i n f e r r i n g f r o m the results f r o m subject ive e x p e r i m e n t 

presented i n a later section, that a smal le r bu t m o r e p laus ib le o r ig ina l p e a k w o u l d result 

i n the es t imated I T D for h e a d d isplacements b e l o w a cer ta in va lue . 

5.4 Robustness of spectral cues 

A s i n the analysis o f t e m p o r a l cues, the ef fect iveness o f cont ro l as a f u n c t i o n o f head 

d isp lacement is e v a l u a t e d f irst b y ana lys ing the m a t r i x o f t ransfer f imc t ions X w h i c h is 

independent o f the v i r t u a l source d i rect ion. T h e n , synthesised H R T F s are ana lysed i n 

86 



order to demonstra te w h a t happens to spectral cues depend ing o n the d i rec t ion o f the 

v i r t u a l sound source. 

5 . 4 . 1 C o n t r o l p e r f o r m a n c e ( S p e c t r a l ) 

W h e n the contro l system is requ i red to synthesise par t icular spectra at t w o ears, head 

d isp lacement results i n l eakage o f some o f the signal in tended f o r one o f the ears to the 

other ear. T h i s is the so ca l led "cross- ta lk" c o m p o n e n t o f the signals, i .e. the component 

o f the s ignal fo r r ight ear f e d to the le f t ear and v i c e versa. T h i s can b e regarded as a 

noise c o m p o n e n t i n the in tended signal . F r o m E q . ( 2 . 1 0 ) , the components o f the 

synthesised H R T F s a^ are g i v e n b y 

a , — X a — 
x n ( j w ) A , a w ) + X , 2 ( j w ) A 2 ( j w ) 

_ X 2 i ( j w ) A , ( j # ) + X 2 2 ( j w ) A 2 ( j w ) 

(5j) 

w h e r e X.x\(]oi) and X i z ^ a ^ are the e lements w h i c h contr ibute towards the correct 

synthesis o f the H R T F s b u t X n Q o ^ a n d X2i ( j6>) are noise e lements w h i c h smear the 

synthesis. F o r the le f t ear, the s ignal (s igna l in tended for the le f t ear ) to no ise (s ignal 

i n t e n d e d for the r ight ear ) rat io o f the contro l system is es t imated ft'om 

I Xi i ( j<2;) I /1X12O6?) I . T h i s is the case w h e n the t i m e histories o f the inputs to X are a 

p a i r o f ident ica l de l ta Amot ions. T h i s aga in exc ludes the e f fect o f a , i .e. the d i rect ion 

dependence . F ig . 5 . 1 2 shows the degradat ion o f the S / N for the H R T F synthesis at the 

l e f t ear w i t h lateral d isp lacement over the range o f ± 2 5 0 m m . T h e signal to noise ratio 

( S / N ) at the r ight ear, | X z i O 6;) I / 1 X 2 i ( j &>) | , can b e obta ined b y f l i p p i n g o v e r the le f t and 

r ight o f the figure. M u c h larger d isplacements w h i c h m a i n t a i n g o o d S / N o v e r w i d e 

frequency range ( > 5 0 0 H z ) are a l l o w e d f o r the 1 0 ° transducer a r rangement ( r o u g h l y 
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+ 4 0 m m f o r 2 0 d B S / N ) c o m p a r e d to the 6 0 ° t ransducer ar rangement ( r o u g h l y ± 8 m m for 

2 0 d B S / N ) . T h e d i p i n S / N a round 9 k H z and 1 3 k H z e v e n w h e n the head is at the o p t i m a l 

pos i t ion is due to l o w signal to noise ra t io o f the measurement o f the H R T F s . G o o d S / N 

w i t h larger d isp lacement fo r the 10° a r rangement c a n also be observed for f o r e - a n d - a f t 

( r o u g h l y + 4 1 0 m m c o m p a r e d to ± 1 2 0 m m f o r 2 0 d B S / N ) and y a w ( r o u g h l y ± 1 2 ° 

c o m p a r e d to ± 6 ° fo r 2 0 d B S / N ) d isp lacement as s h o w n i n F ig . 5 .13 and F ig . 5 . 1 4 . T h e 

6 0 ° t ransducer a r rangement has the advantage at frequencies b e l o w 5 0 0 H z , h o w e v e r . 

T h i s is w h e r e I L D cues are less potent than I T D cues. T h e r e are not large d i f ferences 

b e t w e e n t w o ar rangements for the other three d isplacements ( ro l l , ver t ica l , p i tch ) . 

H o w e v e r , a s l ight ly bet ter S / N is p reserved w i t h the 6 0 ° a r rangement f o r p i t c h ( F i g . 5 . 1 5 ) 

and ve r t i ca l ( F i g . 5 . 1 6 ) d isplacement . W i t h ro ta t ion about the in teraura l axis, transducers 

b e i n g at la rge a z i m u t h angle means less change o f t ransducer d i rec t ion than transducers 

b e i n g a r o u n d the m e d i a n p lane. T h e r e are not large d i f ferences b e t w e e n t w o 

arrangements f o r ro l l d isplacements ( F i g . 5 . 1 7 ) . T h e results fo r six types o f 

d isplacements are summar ised i n T a b l e 5 . 3 . 

W h e n c o m p a r e d i n the same w a y as used i n the t e m p o r a l cue analysis, synthesised 

spectral cues are m o s t sensit ive to la tera l a n d r o l l d isp lacement f o l l o w e d b y y a w , p i tch , 

ver t ica l a n d f o r e - a n d - a f t d isplacements. H o w e v e r , the d i f fe rence i n robustness o f spectral 

cues b e t w e e n t w o d i f fe rent t ransducer a r rangements is m o s t s igni f icant f o r la tera l 

d isp lacement f o l l o w e d b y fo re -and-a f t a n d y a w displacements . N o t e that 2 0 d B S / N is 

r o u g h l y suf f ic ient to synthesise the m o n a u r a l spectra fo r the ips i - la tera l ear b u t m u c h 

better S / N is r e q u i r e d for the contra - la tera l ear. T h i s is because, i f the l e v e l o f t w o 

desired ear signals d ( z ) is compared , the l e v e l o f the signal f o r the ips i - la tera l ear is 

smal ler t h a n that fo r the other ear o v e r m o s t o f the frequency range a n d f o r m o s t 
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direct ions. A s a result , at the contra- la tera l ear, b inaura l synthesis is a f fec ted b y a smal ler 

s ignal input w i t h a m u c h larger noise inpu t i n add i t ion to the response o f the control 

p e r f o r m a n c e o f the system. 

5 . 4 . 2 A c c u r a c y o f synthes is ( S p e c t r a l ) 

A s t h e ro le o f the m o n a u r a l spectral shape cue is p r i m a r i l y to de te rmine the e levat ion 

d i rec t ion o f sources located o n the cone o f confus ion, direct ions a l o n g the cone o f 5 0 ° 

a z i m u t h are t aken as e x a m p l e s to i l lustrate the m o n a u r a l spectral shape cue i n the H R T F s . 

F ig . 5 . 1 8 shows e x a m p l e s o f m o n a u r a l spectral shape i n H R T F s for the ipsi - la tera l ( r ight) 

ear at direct ions a l o n g the cone o f constant a z i m u t h ( 5 0 ° ) . S ign i f icant d i f ferences in 

spect rum pat tern b e t w e e n sources b e l o w (at nega t ive e leva t ion ) and above (posi t ive 

e leva t ion ) the hor i zon ta l p lane can be observed easi ly i n F ig . 5 . 1 8 a for rea l sound 

sources (es t imated f r o m I AzQa j ) I ) . T h e r e are less s igni f icant d i f ferences b e t w e e n 

sources i n f ron t ( 0 ~ ± 9 0 ° ) and i n the rear ( ± 9 0 ° ~ ± 1 8 0 ° ) except o n the h o r i z o n t a l p lane 

w h e r e a s igni f icant d i p i n spectra a r o u n d ± 1 8 0 ° c o m p a r e d to those a round ± 0 ° can be 

seen i n the m i d f irequency range. T h e synthesised m o n a u r a l spectral shape (est imated 

f r o m I As2Qoi) I ) w h e n the l istener 's h e a d is d isp laced 4 0 m m la tera l ly are s h o w n i n F ig . 

5 . 1 8 b and F i g . 5 . 1 8 c . T h e e levat ion d e p e n d e n c y is less clear fo r that o f the 6 0 ° 

a r rangement (F ig . 5 . 1 8 b ) . H o w e v e r , the synthesised m o n a u r a l spectral shape f o r the 10° 

t ransducer a r rangement ( F i g . 5 . 1 8 c ) shows s i m i l a r e leva t ion dependent m o n a u r a l spectra 

to the or ig ina l spectra ( F i g . 5 . 1 8 a ) . T h e consequence o f degraded m o n a u r a l spectral 

shape w o u l d b e an increased n u m b e r o f confus ions a m o n g the direct ions o n the constant 

a z i m u t h cone. T h e degrada t ion o f this cue m a y also a f fect the a z i m u t h loca l isa t ion since 

the m o n a u r a l spectral cue has a supp lementa l ro le f o r a z i m u t h d iscr iminat ion , especial ly 

w h e n the in teraura l cross-corre lat ion f u n c t i o n * F s ( ^ is degraded to present a m b i g u i t y in 

es t imat ing I T D due to a m u l t i p l e choice o f peaks. 
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F i g . 5 . 1 9 shows e x a m p l e s o f m o n a u r a l spectral shape i n H R T F s f o r the contra- la tera l 

( l e f t ) ear (es t imated f r o m | A i ( j ^ y ) | and | A s i ( j < w ) l ) at direct ions a l o n g the cone o f 

constant a z i m u t h ( 5 0 ° ) . A s for the ipsi - la tera l ear , d i f ferences i n spect rum pat tern for rea l 

sound sources is m o r e s igni f icant b e t w e e n sources b e l o w and above than b e t w e e n f ront 

a n d rear (F ig . 5 . 1 9 a ) . W h e n the l istener 's h e a d is d isplaced 4 0 m m latera l ly , the 

m o n a u r a l spectral shape cue for the synthesised contra- latera l ( l e f t ear ) H R T F is 

d o m i n a t e d b y the noise , i .e . , the cross-talk c o m p o n e n t , e v e n for the 1 0 ° t ransducer 

a r rangement due to the l o w S / N (F ig . 5 . 1 9 b a n d F ig . 5 .19c ) . T h e r e q u i r e m e n t f o r the 

preserva t ion o f m o n a u r a l spectra for the contra- la tera l ear is m u c h m o r e severe than that 

o f the ipsi - la tera l ear as p o i n t e d out i n the prev ious section. F o r e x a m p l e , a la tera l 

d isp lacement o f n o t m o r e than 2 5 m m even f o r the 10° transducer a r r a n g e m e n t a n d less 

than 5 m m for the 6 0 ° a r rangement is requ i red f o r the 5 0 ° a z i m u t h direct ions. O b v i o u s l y , 

the requ i rement var ies as the d i rect ion o f v i r t u a l sound source var ies. T h e v a r i a t i o n o f 

a z i m u t h d i rec t ion ( a l o n g the in teraura l ax is ) has m o r e in f luence o n i t t h a n the v a r i a t i o n o f 

the e leva t ion d i rec t ion ( a r o u n d the interaural axis) . 

N a t u r a l l y , the s a m e r e q u i r e m e n t as the contra- la tera l m o n a u r a l spectral shape cue, w h i c h 

is m o r e severe t h a n ips i - la tera l ear, appl ies f o r the b o t h o f the b inaura l spectral cues. I n 

te rms o f analysis, these b inaura l spectral cues are essential ly ident ica l to the d i f fe rence 

b e t w e e n the t w o m o n a u r a l spectral shapes a n d est imated from | AsaO'^y) | / 1 Asi(j<w) I . 

E x a m p l e s o f the in teraura l spectral shape d i f fe rence at direct ions a l o n g the cone o f 

constant a z i m u t h ( 5 0 ° ) is s h o w n i n F i g . 5 . 2 0 . A s a mat te r o f course, i t has features o f 

m o n a u r a l spectral shape for b o t h ears (F ig . 5 . 2 0 a ) . F o r preservat ion o f th is cue (as w e l l 

as m o n a u r a l spectral shape f o r the contra - la tera l ear ) . F ig . 5 . 2 0 b a n d F i g . 5 . 2 0 c also 

shows that 2 5 m m la tera l d isp lacement is jus t w i t h i n the l i m i t w i t h the 1 0 ° t ransducer 
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a r r a n g e m e n t f o r the cone o f 5 0 ° a z i m u t h direct ions but not w i t h the 6 0 ° transducer 

a r rangement . A b o v e al l , these m o n a u r a l and b inaura l spectral shape cues are w e l l 

p reserved b y the 1 0 ° t ransducer a r rangement , so less confus ion a long the cone o f 

con fus ion is expec ted w i t h this ar rangement . 

E x a m p l e s o f another t y p e o f b i n a u r a l spectral cue, the in teraura l l eve l d i f fe rence ( I L D ) , 

are s h o w n i n F ig . 5 . 2 1 f o r sound source direct ions o n the hor i zon ta l p lane. A s can be 

seen i n F i g . 5 . 2 1 a , w h i c h shows the I L D w i t h rea l sound sources, i t is not a s imp le task 

to a l locate o n e I L D v a l u e to a par t i cu la r a z i m u t h angle. S ince c o m p l e x inter ference at 

h igher f requenc ies y ie lds m u l t i p l e ( o f t e n m o r e than 4 ) a z i m u t h angles for one E L D va lue 

at each frequency. I n add i t ion , the I L D v a l u e f o r a par t icu lar a z i m u t h d i rect ion var ies 

d e p e n d i n g o n frequency. T h e I L D w i t h synthesised H R T F s w h e n the l istener 's head is 

d isp laced 2 5 m m la tera l ly are s h o w n i n F i g . 5 . 2 1 b and F i g . 5 . 2 1 c . T h e I L D w i t h the 6 0 ° 

t ransducer a r rangement is degraded severe ly bu t those w i t h the 10° span preserved w e l l . 

G e n e r a l l y speak ing, the I L D v a l u e for larger a z i m u t h angles cannot b e ach ieved w i t h o u t 

a v e r y g o o d preserva t ion o f m o n a u r a l spectra f o r the cont ra - la tera l ear. F o r e x a m p l e , 

w i t h the 6 0 ° transducer a r rangement w i t h 5 0 m m lateral h e a d d isplacement , the I L D 

v a l u e ( a v e r a g e d over the m i d - f r e q u e n c y range) f o r a z i m u t h direct ions larger than ± 3 0 ° 

cannot b e ach ieved . 

5.5 Subjective evaluation 

T h e v i r t u a l d i rec t iona l i n f o r m a t i o n synthesised w i t h t w o d i f fe ren t arrangements o f 

m o n o p o l e transducers w h e n the l is tener 's h e a d is m i s a l i g n e d w e r e invest igated b y us ing 

subject ive loca l isa t ion exper iments . Source direct ions o n the hor i zonta l p lane w e r e 

chosen to b e e x a m i n e d since this covers the w h o l e range o f a z i m u t h direct ions a n d t w o 
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al ternat ive e leva t ion d i rect ions, i .e. 0 ° ( f ront ) a n d 1 8 0 ° ( rear ) , i n each cone o f constant 

a z i m u t h . 

5 . 5 . 1 P r o c e d u r e 

T h e e x p e r i m e n t a l p rocedure is f u n d a m e n t a l l y the same as that descr ibed i n Sect ion 3 .4 . 

T h e same data f o r the acoust ic paths a and the cont ro l f i l te r m a t r i x H as those used i n the 

analysis w e r e i m p l e m e n t e d b y d ig i ta l f i l ters us ing a n M T T L o r y A c c e l d ig i ta l s ignal 

processing system. H o w e v e r , n o w the m e a s u r e m e n t h e a d a n d the l is tener 's h e a d are 

d i f f e ren t so that a b e c o m e s a^ and that C for the inverse f i l t e r m a t r i x b e c o m e s C j . I t is 

v e r y impor tant to bear i n m i n d that there is considerable a m o u n t o f v a r i a b i l i t y o f the 

H R T F s a m o n g i n d i v i d u a l s as descr ibed in C h a p t e r 4 . I n e v i t a b l y , the m a t r i x C conta in ing 

each subject 's H R T F s i n this exper iment is d i f fe ren t from C a that assumed w h e n the 

m a t r i x X is designed. T h i s is the largest source o f error w h e n c o m p a r i n g the results w i t h 

the analysis. T h e loudspeakers, rather than the l istener's head , w e r e d isp laced i n b o t h the 

la tera l d i rec t ion a n d i n the fo re -and -a f t d i rect ion i n order to ach ieve the d isp lacement o f 

the l isteners h e a d from the o p t i m a l posit ion. T h e prec is ion o f the a r rangement o f the 

loudspeakers a n d l is tener 's h e a d w a s o f the order o f ± 1 0 m m . A l l the subjects are the 

same as those t o o k par t i n the subject ive e x p e r i m e n t descr ibed i n Sect ion 3 . 4 . 3 

5 . 5 . 2 V i r t u a l s o u n d sources 

N o w some o f the observat ions m a d e i n the p rev ious subject ive e x p e r i m e n t s h o w n i n F i g . 

3 . 1 7 i n Sect ion 3 . 4 . 3 m a y be e x p l a i n e d b y the resul t o f the above analysis. I n p r inc ip le , 

d i f f e ren t transducer a r rangements should no t p r o d u c e m u c h d i f fe rence i n p e r f o r m a n c e 

w h e n the l istener 's h e a d is at the o p t i m a l pos i t ion a n d or ientat ion. H o w e v e r , i t w a s 

observed i n Sec t ion 3 . 4 . 3 that the 10° t ransducer span s h o w e d s l ight ly bet ter 
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p e r f o r m a n c e , espec ia l ly fo r " g o o d " subjects a r o u n d 0 ° a z i m u t h w h e r e it s h o w e d no 

front-back confus ion , contrary to the considerable n u m b e r o f confusions w i t h the 6 0 ° 

span. A l t h o u g h the l istener 's head w a s supposed to be at the o p t i m a l pos i t ion and 

or ien ta t ion i n this e x p e r i m e n t , some m i s a l i g n m e n t o f the h e a d is inev i tab le i n pract ice. 

T h i s m a y h a v e caused the increase i n front-back confus ion w i t h the 6 0 ° t ransducer span. 

T h e s l ight u n i n t e n d e d d isp lacement o f the h e a d w o u l d h a v e p r o b a b l y exceeded the 

severe l i m i t fo r the g o o d synthesis o f spectral cues for the 6 0 ° t ransducer a r rangement 

(see T a b l e 5 .3 , F i g . 5 . 1 2 ) , e v e n t h o u g h the same d isp lacement m a y h a v e b e e n w i t h i n the 

requ i red l i m i t f o r the 1 0 ° transducer ar rangement . 

h i Sec t ion 3 . 4 . 3 , the 6 0 ° span transducer a r rangement s h o w e d a sl ight advantage i n 

a z i m u t h local isat ion, b o t h b y the " g o o d " subjects and b y the " p o o r " subjects. Th is 

observat ion accords w i t h the bet ter contro l p e r f o r m a n c e at the l o w e r frequency r e g i o n b y 

the 6 0 ° cont ro l t ransducer a r rangement observed i n F ig . 5 . 1 2 ~ F i g . 5 . 1 4 w h i c h is 

i m p o r t a n t f o r the synthesis o f t i m e re la ted cues. 

5 . 5 . 3 H e a d d i s p l a c e m e n t 

Fur ther e x p e r i m e n t s w i t h head d isp lacement w e r e carr ied out o n l y w i t h the 7 " g o o d " 

subjects. T h e results w h e n the l istener 's h e a d is d isp laced 5 0 m m to the r igh t are s h o w n 

i n F ig . 5 . 2 2 . T h e subjects repor ted after this e x p e r i m e n t that the task w a s v e r y d i f f i cu l t 

since somet imes t h e y d i d no t perce ive a c lear d i rec t ion and somet imes t h e y p e r c e i v e d the 

source to b e at m u l t i p l e d i rect ional locat ions. T h e m u l t i p l e pe rcep t ion m a y b e the 

consequence o f m u l t i p l e m a x i m a i n the in teraura l cross-corre la t ion funct ion. 

D i s c r e p a n c y in d i f f e r e n t cues (e .g. I T D a n d I L D ) c o u l d also b e the cause. V i r t u a l sound 

sources presented b y the 6 0 ° transducer a r r a n g e m e n t in tended at 0 ° a z i m u t h angle (bo th 

i n front a n d rear ) are o f t e n perce ived at 1 0 ° ~ 2 0 ° of fset d i rect ion , w h e r e a s the v i r tua l 
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sources w e r e m o s t l y p e r c e i v e d i n the i n t e n d e d d i rect ion b y the 1 0 ° ar rangement . T h e s e 

results agree w i t h p r e d i c t e d d i rec t ion b y the I T D analysis w h e r e a 1 6 ° of fset is expec ted 

from the 6 0 ° a r r a n g e m e n t but a 0 ° of fset is expected from the 1 0 ° ar rangement . T h i s 

systematic shi f t c a n no t be c lea r ly seen at h igher a z i m u t h di rect ions w h e r e the r a n d o m 

local isat ion er ror is m u c h larger . Never the less considerable of fset a round ± 4 0 ° ~ ± 6 0 ° 

a z i m u t h is also not iceab le fo r the 6 0 ° a r rangement . T h e a z i m u t h local isat ion error is n o w 

m o r e apparent w i t h the 6 0 ° a r rangement cont ra ry to the prev ious case w h e n the head is at 

the o p t i m a l pos i t ion . M o r e front-back confusions for the 6 0 ° a r rangement than the 10° 

a r rangement can st i l l b e observed. D e g r a d a t i o n o f spectral shape cues does no t s e e m to 

af fect the p e r f o r m a n c e v e r y m u c h since l i t t le increase o f front-back confus ion can b e 

observed, a l t h o u g h some ef fect m a y h a v e a l r e a d y been i n the results at the o p t i m a l h e a d 

pos i t ion as discussed earl ier . A n o t h e r poss ib i l i ty is that the h e a d d isp lacement m a y no t 

have degraded the spectral shape v e r y m u c h m o r e than the d ispar i ty b e t w e e n each 

i n d i v i d u a l H R T F s a n d the K E M A R H R T F s . A s l ight ly bet ter p e r f o r m a n c e is observed o n 

the side to w h i c h the h e a d is d isp laced ( r i g h t ) fo r the 10° a r rangement , whereas the other 

side ( l e f t ) shows bet ter p e r f o r m a n c e f o r the 6 0 ° a r rangement as p red ic ted b y I T D 

analysis. C o n t r a r y to the p o o r I L D va lues obta ined, a z i m u t h loca l isat ion seems 

surpr is ingly accurate . C o n s i d e r i n g tha t the add i t iona l loca l m a x i m a o f the 

cross-corre lat ion f u n c t i o n start to b e c o m e larger than the o r ig ina l m a x i m u m a r o u n d 2 5 

m m d isp lacement f o r the 10° a r rangement a n d at a m u c h smal le r d isp lacement fo r the 

6 0 ° a r rangement , the p e r f o r m a n c e o f a z i m u t h es t imat ion is m o r e l i k e l y to b e d e t e r m i n e d 

b y a m o r e p laus ib le l o c a l m a x i m u m t h a n b y the absolute m a x i m u m o f the in teraura l 

cross-corre lat ion f u n c t i o n , as discussed i n the analysis o f t e m p o r a l cues. 
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W h e n the l is tener 's head is d isp laced 2 0 0 m m a n d 4 0 0 m m to the rear, the 1 0 ° span 

transducer a r r a n g e m e n t s h o w e d s l ight ly bet ter p e r f o r m a n c e t h a n the 6 0 ° a r rangement for 

bo th a z i m u t h loca l isat ion and front-back d isc r im ina t ion ( F i g . 5 . 2 3 ) . H o w e v e r , i n bo th 

cases, the d i f f e r e n c e i n p e r f o r m a n c e b e t w e e n the t w o transducer ar rangements are m u c h 

less s ign i f icant c o m p a r e d to latera l d isp lacement . 

5.6 Conclusions 

I n b inaura l synthesis over t w o loudspeakers, y a w , lateral a n d ro l l d isp lacement results in 

a shi f t o f I T D as w e l l as the genera t ion o f add i t iona l loca l m a x i m a in the interaural 

cross-corre lat ion funct ion . F o r e - a n d - a f t , ve r t i ca l and p i t c h d isp lacement results o n l y i n 

the genera t ion o f add i t iona l loca l m a x i m a . T h e r e is less degradat ion o f t e m p o r a l cues for 

lateral , ro l l , y a w a n d fo re -and -a f t d isplacements w h e n t w o loudspeakers are p l a c e d close 

together . 

A n y d isp lacement induces m o r e "cross- ta lk" components i n synthesised spectra. T h e r e is 

less degradat ion o f the spectral cue f o r lateral , f o r e - a n d - a f t a n d y a w d isp lacement w h e n 

t w o loudspeakers are p l a c e d close together . 

T h e I T D cue is the m o s t robust to head m i s a l i g n m e n t f o l l o w e d b y the m o n a u r a l spectral 

cue f o r the ips i - la tera l ear. T h e m o n a u r a l spectral cue f o r the contra- la tera l ear is the least 

robust together w i t h b i n a u r a l spectral cues ( i n c l u d i n g I L D cues) . 

Sub jec t ive exper iments c o n f i r m e d that t w o c lose ly spaced loudspeakers h a v e an 

advantage i n p e r f o r m a n c e w i t h regard to the m i s a l i g n m e n t o f the l istener 's head. T h e 

loca l isa t ion p e r f o r m a n c e w i t h subject ive exper iments w e r e bet ter than those pred ic ted 
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w i t h a n y one i n d i v i d u a l loca l isa t ion cue. T h i s suggests the impor tance o f the 

c o m b i n a t i o n o f d i f f e r e n t loca l isa t ion cues. 
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t y p e of 

d isp lacement 

r a t e of I T D shi f t d i s p l a c e m e n t a t 10 ps I T D 

sh i f t 

6 0 ° s p a n 10° s p a n 6 0 ° s p a n 10° s p a n 

l a t e r a l 2 . 7 f i s / m m 0 .2 |xs/mm 4 m m 5 0 m m 

fo re -and -a f t 0 | i s / m m 0 ^ s / m m - -

v e r t i c a l 0 i i s / m m 0 ixs/mm - -

p i tch 0^ is / ° - -

ro l l 1 .2 0 . 4 u s T 8° 2 4 ° 

y a w - 8 - 8 ^ ^ ° L 3 ° 1 .3° 

T a b l e 5 .2 . E s t i m a t e d rate o f T T D shif t a n d d isp lacement w h i c h gives the threshold va lue 

o f I T D d isc r im ina t ion ( 1 0 | i s ) fo r six types o f d isp lacement and t w o d i f fe ren t transducer 

arrangements. 

t y p e of 

d isp lacement 

d i s p l a c e m e n t a t 2 0 d B S / N 

6 0 ° s p a n 10° s p a n 

l a t e r a l ± 8 m m ± 4 0 m m 

fo re -and -a f t ± 1 2 0 m m ± 4 1 0 m m 

v e r t i c a l + 2 2 0 m m ± 1 9 0 m m 

p i t c h ± 1 8 ° ± 1 4 ° 

ro l l ± 9 ° ± 9 ° 

y a w ± 6 ° ± 1 2 ° 

T a b l e 5 .3 . E s t i m a t e d d isp lacement w h i c h gives 2 0 d B s ignal to no ise ra t io o f the contro l 

system f o r six types o f d isp lacement a n d t w o d i f fe ren t t ransducer ar rangements . 
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F i g . 5 . 1 . T h e C a r t e s i a n c o - o r d i n a t e s y s t e m u s e d to d e f i n e h e a d d i s p l a c e m e n t r e l a t i v e to the 

o p t i m a l h e a d p o s i t i o n a n d o r i e n t a t i o n . 

cone of 
constant azimuth 

60° span 
10° span 

F i g . 5 . 2 . T h e s p h e r i c a l c o - o r d i n a t e s y s t e m u s e d to d e f i n e t h e d i r e c t i o n o f s o u n d sources 

r e l a t i v e to t h e l i s t e n e r ' s h e a d p o s i t i o n a n d o r i e n t a t i o n . A n e x a m p l e o f " c o n e o f c o n s t a n t 

a z i m u t h " is i l l u s t r a t e d . T h e t w o d i f f e r e n t t r a n s d u c e r a r r a n g e m e n t s i n v e s t i g a t e d a r e a lso 

s h o w n ( r e l a t i v e to t h e o p t i m a l h e a d p o s i t i o n a n d o r i e n t a t i o n ) . 
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F i g . 5 . 1 3 . S i g n a l t o n o i s e ra t io f o r the H R T F synthesis a t the l e f t e a r as a f u n c t i o n o f f o r e -
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F i g . 5 . 1 4 . S i g n a l to n o i s e r a t i o f o r t h e H R T F synthes is a t t h e l e f t ear as a f u n c t i o n o f y a w 
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F i g . 5 . 1 5 . S i g n a l to n o i s e r a t i o f o r the H R T F synthesis at t h e l e f t ear as a f u n c t i o n o f p i t c h 
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F i g . 5 . 2 3 R e s u l t s o f the l o c a l i s a t i o n e x p e r i m e n t w i t h b i n a u r a l synthesis o v e r l o u d s p e a k e r s 

w h e n t h e l i s t e n e r ' s h e a d is d i s p l a c e d 2 0 0 m m t o t h e rear . 3 sub jec ts w e r e tes ted , a ) 6 0 ° 

t r a n s d u c e r span, b ) 1 0 ° t r a n s d u c e r span. 

120 



6 Effects of reflections 

6.1 Introduction 

Since the sounds generated b y the loudspeakers are rad ia ted into a l is ten ing space, the 

p e r f o r m a n c e o f the system is a f fec ted b y the change o f e n v i r o n m e n t . T h e object ive o f 

this C h a p t e r is to invest igate the e f fec t o f ref lect ions o n the p e r f o r m a n c e o f systems for 

the b i n a u r a l synthesis over loudspeakers. W h e n w e ta lk about the p e r f o r m a n c e o f the 

sound reproduc t ion system, this includes the ab i l i t y to reproduce the q u a l i t y o f sounds as 

w e l l as the spat ial impress ion o f the o r ig ina l sound f ie ld . H o w e v e r , w e shal l again 

concentrate o n h o w spatial impress ion is preserved, and m o r e str ict ly , h o w m u c h a 

system preserves the a b i l i t y to local ise a single reproduced sound source. 

A s l o n g as the e f fec t o f ref lect ions is smal l , sound loca l isat ion is expec ted to be w e l l 

reta ined. A s the e f fec t o f re f lec t ion gets stronger, firontal loca l isat ion w i l l be degraded 

severe ly because the f r e q u e n c y response o f the r o o m m o d i f i e s the s p e c t r u m o f the sound 

w h i c h is the m a i n cue for f ron t -back d iscr iminat ion . H o w e v e r , the a b i l i t y o f subjects to 

p e r f o r m la tera l loca l isat ion w i l l be p reserved to some extent b y the precedence effect . 

A s a basic invest igat ion, the ef fect o f a single re f lec t ing surface w a s e x a m i n e d . T o beg in 

w i t h , s imula t ions based on g e o m e t r i c a l acoustics w e r e car r ied out. S ince the inter -aura l 

t i m e a n d l e v e l d i f fe rences a n d the spectra o f the sound are sa id to b e the cues for sound 

local isat ion, the t i m e h is tory and the spectra o f the sound w e r e e x a m i n e d . T h e effects o f 

an in f in i te u n i f o r m re f l ec t ing surface w h i c h is p a r a l l e l to the front-back ax is w i t h respect 

to the l is tener are e x a m i n e d . T h e factors w h i c h h a v e b e e n c h a n g e d here are the re f lec t ion 

coe f f ic ien t , the distance b e t w e e n the l istener a n d the re f l ec t ing surface, a n d the re la t ive 

l eve l b e t w e e n le f t a n d r ight ear. T h e n , subject ive exper iments w e r e under taken to 

e x a m i n e the e f fec t o f d i f fe ren t re f l ec t ion coef f ic ients . 
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6.2 Model for analysis 

6 . 2 . 1 M o d e l o f r o o m r e f l e c t i o n s 

W h e n the system conta in ing a m a t r i x o f inverse filters H f o r the p lant transfer fonctions 

o f a n anechoic e n v i r o n m e n t is b rought in to a n o r m a l l is ten ing r o o m , ref lect ions f r o m the 

r o o m surfaces degrade the p e r f o r m a n c e o f the system. T h e system i n a reverberant 

e n v i r o n m e n t can b e considered to be equ iva len t to the system w h i c h has a pa i r o f cont ro l 

sources w h i c h a i m to reproduce signals at the l is tener 's ears p lus in f in i te pairs o f m i r r o r 

i m a g e cont ro l sources. R e p r o d u c t i o n sources a n d the i r corresponding m i r r o r i m a g e 

sources are f e d w i t h same inpu t signals v ( F i g . 6 . 1 ) . S^o are the o r ig ina l reproduct ion 

sources a n d S^k are the m i r r o r i m a g e sources. 

T h e n , fi-om E q . ( 2 . 5 a , b , c ) , the vec tor o f the reproduced signals can b e w r i t t e n as 

w = [Co + Z O J v 
*=i 

( & 1 ) 

w h e r e Co is the t ransfer f u n c t i o n m a t r i x associated w i t h the o r ig ina l reproduct ion sources 

a n d O k is the t ransfer f u n c t i o n m a t r i x associated w i t h the i m a g e sources ( k t h order ) 

w h i c h inc ludes the re f lec t ion coef f ic ients o f w a l l s . T h e m a t r i x O k has the f o l l o w i n g 

structure. 

= 

(62) 
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w h e r e RkrsO are products o f the c o m p l e x re f lec t ion coef f ic ients o f the w a l l s b y w h i c h 

the k t h re f l ec t ion is produced . St r ic t ly speaking, the RkrsO 6>) are u n i q u e to each e lement 

o f the m a t r i x because they are a n g u l a r l y dependent . H o w e v e r , i n this s imula t ion , RkrsO 

shal l b e considered as independent o f inc ident angle . T h i s is the case w h e n the sound 

p a t h is r e l a t i v e l y l o n g c o m p a r e d to the distances b e t w e e n transducers or sources, or w h e n 

r e f l e c t i o n coef f ic ients are a n g u l a r l y independent . A s a result , this can b e considered as a 

s ingle c o m p l e x n u m b e r R k O ^ ) - T h e n , E q . ( 6 . 1 ) becomes 

w = [ C . + £ R . ( j f f l X : j v 

k=\ 

( & 3 ) 

w h e r e C k is the p lan t transfer func t ion m a t r i x associated w i t h i m a g e sources o f the k t h 

re f lec t ion . T h i s excludes the re f l ec t ion coef f ic ients o f the w a l l s a n d has the f o l l o w i n g 

structure. 

C , = 

. . . C m s G w ) 

( & 4 ) 

F ig . 6 . 2 shows the b l o c k d i a g r a m w h i c h i l lustrates this. 

6 . 2 . 2 M o d e l f o r a s ing le r e f l e c t i o n 

A s the s implest case h a v i n g ref lect ions, the e f fect o f o n l y one re f l ec t ion w i l l be eva lua ted 

first. I n this case, E q . ( 6 .3 ) can be w r i t t e n as f o l l o w s . 
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w = [Co + R , ( j m ) C , ] v 

( 6 5 ) 

F r o m E q . ( 2 . 7 ) , E q . ( 6 .5 ) can also b e w r i t t e n as 

w = [Co + R , ( j 6 ) ) C , ] H d = C g H d + R , ( j w ) C , H d 

(66) 

G i v e n that w i t h E q . ( 2 . 1 1 ) , to a g o o d a p p r o x i m a t i o n , 

C o H = Z A ; 

( 6 7 ) 

w h e r e I is the i d e n t i t y m a t r i x , substi tut ing this in to E q . ( 6 . 6 ) shows that 

w = z - A d + R , ( j w ) C , H d 

( & 8 ) 

T h e reproduced signals are the s u m o f the de layed vers ions o f the desi red signals a n d the 

signals w h i c h are re f l ec ted b y the w a l l w h i c h degrades the p e r f o r m a n c e o f the system. 

H e n c e 

X = z - & I + R , ( j w ) C , H 

( & 9 ) 
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T h e signals w h i c h should be f e d into i m a g e sources are w r i t t e n as f o l l o w s ; 

v , = R , ( j < » ) H d = R , { ]Co) \ 

( 6 J ^ ) 

6.3 Analysis 

A n in f in i t e u n i f o r m re f lec t ing surface i n a n anechoic e n v i r o n m e n t w h i c h is pa ra l l e l to the 

f ron t -back axis w i t h respect to the l istener w a s s imulated. T h e g e o m e t r y f o r the 

s i m u l a t i o n is i l lust ra ted i n F ig . 6 .3 . T h e distance b e t w e e n each reproduct ion transducer 

a n d the m i d d l e o f the l istener 's t w o ears is 1.4 m . T h e t w o transducers are loca ted at 

s y m m e t r i c posi t ions w i t h respect to the axis. T h e spanning ang le w a s chosen to b e 1 0 ° as 

an e x a m p l e . T h i s a r rangement is adapted f r o m the "Stereo D i p o l e " system descr ibed i n 

Chapte r 3 . T h e transducers used to s imu la te a re f l ec t ion are p l a c e d at the m i r r o r i m a g e 

pos i t ion w i t h respect to the w a l l to be s imulated . F o r s impl ic i ty , the re f l ec t ion coef f ic ien t 

R i ( j f y ) is assumed to be equa l fo r a l l the f requencies w i t h a rea l n u m b e r R i n this 

s imula t ion . 

T h e H R T F s for the electroacoust ic transfer funct ions m a t r i x C * w e r e t a k e n f r o m the M I T 

M e d i a L a b ' s database w h i c h has been m a d e ava i lab le fo r researchers over the In ternet 

[ 3 8 ] . T h e " c o m p a c t " v e r s i o n o f the database w a s used. T h e cor responding H R T F s data is 

taken f r o m the database for a cer ta in d i rec t ion o f the cont ro l t ransducer. T rans fe r 

funct ions f o r the transducers at a d i rec t ion b e t w e e n s a m p l e d di rect ions are ob ta ined b y 

b i l inear in te rpo la t ion o n the v i r tua l spher ical surface o f m a g n i t u d e a n d phase spectra in 

the f r e q u e n c y d o m a i n . Those for the t ransducers at d i f fe ren t distance f r o m a h e a d are 

obta ined b y ex t rapo la t ion w i t h a n appropr ia te ly chosen d e l a y and spher ica l a t tenuat ion 

( A p p e n d i x 1). 
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T h e f i l ters i n the m a t r i x H w e r e obta ined b y the fast d e c o n v o l u t i o n m e t h o d w h i c h is f u l l y 

e x p l a i n e d i n re fe rence [ 3 1 ] . T h e M I T M e d i a L a b ' s database w a s also used at the 

contro l f i l ter des ign stage. E a c h contro l f i l ter has 1 0 2 4 coef f ic ients . T h e cont ro l 

p e r f o r m a n c e m a t r i x X is ana lysed f o r m o s t o f the cases unless o therwise stated i n order 

to enable basic invest igat ion . T h e factors w h i c h h a v e b e e n changed here are the 

re f l ec t ion coe f f i c ien t R a n d the distance b e t w e e n the l istener and the re f l ec t ing surface. 

6 . 3 . 1 T h e p e r f o r m a n c e o f t h e r e p r o d u c t i o n s y s t e m i n a n a n e c h o i c e n v i r o n m e n t 

T h e frequency response a n d i m p u l s e response o f the t ransfer fimction b e t w e e n the input 

o f the system and the ears o f the l istener i n an anechoic e n v i r o n m e n t are s h o w n i n F i g . 

6 .4 . T h e p e r f o r m a n c e o f cross-talk cance l la t ion w a s about 2 0 d B for m o s t o f the 

frequency range b e t w e e n I k H z a n d 2 0 k H z and g r a d u a l l y deter iorated b e l o w I k H z . 

F ig . 6 .5 shows the reproduced t i m e h is tory o f the s ignal w h e n an impu lse is f e d to the 

input o f the system. T h e l o g a r i t h m o f the squared sound pressure is p lot ted. T h e l e v e l o f 

the desired s ignal w a s reproduced about 3 d B l o w e r t h a n the target s ignal due to the 

invers ion. T h e s ignal to no ise (er ror s ignal ) ra t io ( S / N ) is m o r e than 2 5 d B for the l e f t ear 

and noise f loor is about - 4 0 d B f o r the other ear. H o w e v e r , these error signals m a y n o t b e 

p e r c e i v e d b y the l istener o w i n g to f o r w a r d and b a c k w a r d m a s k i n g [ 4 8 ] . F ig . 6 . 6 shows 

the spectra o f the r e p r o d u c e d signals. T h e a lmost f la t s p e c t r u m w a s ob ta ined f o r the l e f t 

ear t h o u g h the res idua l er ror s ignal fo r the r ight ear increases as the frequency decreases. 

F ig . 6 .5 and F i g . 6 . 6 shows the m a x i m u m p e r f o r m a n c e o f the cross-talk cance l la t ion o f 

this reproduct ion system. 
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6 . 3 . 2 T h e g e n e r a l e f fec ts o f a r e f l e c t i o n 

F i g . 6 . 7 shows the spectra and the t i m e h is tory o f the reproduced signal w h e n a n in f in i te 

r e f l e c t i n g surface w a s int roduced. T h e distance b e t w e e n the l istener and the re f lec t ing 

surface is 1 . 0 m a n d the re f lec t ion coef f ic ient o f the surface is R = 1.0. I n this 

a r r a n g e m e n t the r e f l e c t i n g surface is p laced at the opposi te side o f the ear to w h i c h the 

pure i m p u l s e is to b e fed. T h e re f lec ted s ignal can b e seen f o l l o w i n g the d i rect sound 

s ignal i n the t i m e h is tory o f the signals. T h e error s ignal due to the re f lec t ion is b igger at 

the r ight ear than that o f the le f t ear. A t the le f t ear, the error signal due to the re f lec t ion 

is cons iderab ly sma l le r than the direct sound and i t arr ives about 8 m s af ter the direct 

sound. T h e r e f o r e , th is error s ignal is l i k e l y to b e m a s k e d b y the direct sound. O n the 

o ther hand , the error at the r ight ear is increased from about - 4 0 d B to m o r e t h a n - l O d B . 

T h i s can po ten t i a l l y b e a p r o b l e m . 

T h e resul t w h e n the re f l ec t ing surface is p laced at the same side o f the ear w h i c h the pure 

i m p u l s e is to be f e d is s h o w n i n F ig . 6 .8 . A l t h o u g h the error signals are s imi la r to the 

f o r m e r result , the e f fec t o f re f lec t ion seems to b e less since the larger error s ignal w a s 

h i d d e n b y the d i rect sound. I n rea l l i fe , this e x t r e m e si tuat ion, that is, the sound l e v e l at 

one ear is 4 0 d B l o w e r than at the other h a r d l y happens. I t can be conc luded that a 

r e f l e c t i n g surface p l a c e d at the same side o f the ear w h i c h is to rece ive a smal le r s ignal 

causes m o r e p r o b l e m s t h a n i n the opposi te case. 

I n genera l , the spectra o f the reproduced sound are degraded severely . I n the t i m e history, 

i t can b e seen that the re f lec ted s ignal w i t h l o n g response f o l l o w s the d i rect sound signal . 

T h e l o n g response o f the re f lec ted s ignal is due to the response o f f i l ters i n H w h i c h is 

no t cance l led because the t ransfer funct ions o f r e f l e c t i o n p a t h are d i f f e ren t from that o f 

d i rect pa th . T h e r e f o r e , i t is expec ted that e v e n w h e n the precedence e f fect he lps a l istener 
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to local ise sound sources correct ly , the l istener w i l l get some reverberant fee l ing . 

H o w e v e r , it is also possib le that this ' a r t i f i c ia l reverbera t ion ' m i g h t m a k e the l istener 

h a v e an impress ion o f the reproduced sounds i m p r o v e d . 

6 . 3 . 3 T h e e f f e c t o f t h e r e f l e c t i o n c o e f f i c i e n t 

T h e reproduced signals w e r e s imu la ted b y chang ing its re f l ec t ion coef f ic ient . T h e 

distance b e t w e e n the l istener a n d the re f l ec t ing surface w a s fixed to b e I m . I t is obv ious 

that w h e n the re f l ec t ion coef f ic ien t is smal l , the error due to the re f l ec t ion w i l l be smal l . 

T h e re f lec t ion coe f f i c ien t af fects the l e v e l o f the re f lec ted s ignal bu t does no t a f fect the 

d e l a y o f the signal . I t is said that the re f lec ted sound should be l O d B - 1 5 d B m o r e intense 

than the direct sound i n order to over r ide the precedence e f fect [ 4 8 ] . T h e leve l d i f fe rence 

b e t w e e n the t w o ears is m o s t l y less t h a n SOdB i n the case o f rea l sound sources. 

T h e r e f o r e , the re f l ec ted sound can h a r d l y b e l O d B louder t h a n the d i rect sound e v e n i n 

the case s h o w n i n F i g . 6 .9 . I n this case, the target i m p u l s e for the r igh t ear is about 2 0 d B 

smal ler than that f o r the le f t ear. T h e r e f o r e , the re f l ec t ion coe f f i c ien t m i g h t no t b e 

i m p o r t a n t from the p o i n t o f v i e w o f the t i m e d o m a i n cues. H o w e v e r , i n this case, the 

re f lec ted signal has the response o f the inverse filter w h i c h has no t b e e n cance l led b y the 

p roper C m a t r i x . T h e r e f o r e , the total e n e r g y o f the re f lec ted s ignal is larger than that o f 

the re f lec t ion i n the rea l si tuat ion. T h i s m i g h t a l ter the threshold o f the precedence ef fect . 

T h i s po in t m i g h t b e c l a r i f i e d th rough subject ive e x p e r i m e n t . 

T h e result w h e n the re f l ec t ion coe f f i c ien t w a s set to b e R = 0 . 4 is s h o w n i n F i g . 6 . 1 0 . 

T h e inter -aura l l e v e l d i f f e r e n c e is a lmost OdB for m o s t o f the frequency range. T h e sound 

w h i c h has m o s t o f the p o w e r i n the m i d d l e frequency range m a y no t b e loca l ised 

correct ly i n this k i n d o f s i tuat ion. H o w e v e r , this s i tuat ion can h a p p e n qu i te of ten. 
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F i g . 6 . 1 1 shows the reproduced spectra w i t h R = 0 . 1 . T h e spectra o f the r ight ear are 

d o m i n a t e d b y the re f lec ted s ignal w h i c h is to p roduce the s ignal fo r the le f t ear. T h e 

spectra f o r the r igh t ear are about l O d B smal ler than the spectra o f the le f t ear at its 

m a x i m u m . I n order to get g o o d spectral i n f o r m a t i o n , the target s ignal for the r ight ears 

shou ld be about l O d B larger than the error s ignal due to the ref lect ion. T h a t is, the signal 

should b e about the same l eve l as the s ignal f o r the other ear, e v e n w h e n the re f lec t ion 

coe f f i c ien t is reasonab ly smal l . T h i s is o n l y the case f o r the sound located i n m e d i a n 

p lane . T h i s m e a n s that g o o d spectral i n f o r m a t i o n cannot b e ob ta ined f o r most o f the 

direct ions o f the v i r tua l source. I n other w o r d s , i t is d i f f i c u l t to a v o i d the degradat ion o f 

spectra b y s i m p l y chang ing the re f l ec t ion coef f ic ient . 

6 . 3 . 4 T h e e f f e c t o f t h e d i s t a n c e f r o m t h e r e f l e c t i n g s u r f a c e 

W h e n the distance b e t w e e n the l istener and the re f lec t ing surface is changed, the delay , 

l e v e l a n d the d i rec t ion o f the re f lec ted sound w i l l b e changed. O b v i o u s l y , w h e n the 

re f l ec t ing surface is m o v e d fur ther a w a y , the d e l a y o f the re f lec ted sound increases. 

W h e n the distance b e t w e e n the l istener and the re f lec t ing surface w a s changed f r o m 0.5 

m to 2 . 5 m , the resul t ing d e l a y t i m e o f the re f lec ted sound w a s v a r i e d f r o m 5 m s to 15 ms. 

I t is sa id that the upper l i m i t o f the precedence ef fect var ies fi-om 5 m s f o r a single c l ick 

to 4 0 m s f o r sounds w h i c h h a v e m o r e c o m p l e x character such as m u s i c and speech, 

d e p e n d i n g o n the types o f the sound [ 4 8 ] . There fo re , the degrada t ion o f the ab i l i t y to 

local ise sound sources w i l l b e st rongly dependent o n the nature o f sound. 

6.4 Subjective evaluation 

T h e analys is i n the prev ious sect ion suggests that the t i m e d o m a i n cues w o u l d suffer 

from f e w p r o b l e m s due to the single re f l ec t ion whereas the frequency d o m a i n cues 

w o u l d be severe ly degraded. T h e r e f o r e , the e f fec t o f re f lect ions o n the v i r tua l acoustic 
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i m a g i n g system w a s invest iga ted fur ther b y us ing subject ive loca l isat ion exper iments . 

Source di rect ions o n the h o r i z o n t a l p lane w e r e chosen to b e e x a m i n e d since this covers 

the w h o l e range o f a z i m u t h di rect ions and t w o a l ternat ive e l e v a t i o n direct ions, i .e. 0 ° 

( f ron t ) a n d 1 8 0 ° ( rear) , i n each cone o f constant a z i m u t h . 

6 . 4 . 1 E x p e r i m e n t a l P r o c e d u r e 

T h e e x p e r i m e n t a l p rocedure is f u n d a m e n t a l l y the same as that descr ibed i n Sect ion 3 . 4 

except f o r a f e w points. T h e system used for the subject ive exper iments is i l lustrated i n 

F i g . 6 . 1 2 . E a c h contro l f i l te r has 8 0 0 coef f ic ients at s a m p l i n g frequency o f 4 4 . 1 k H z . 

G e o m e t r i c a l a r rangements o f transducers used here are the same as those used i n the 

analysis (Sec t ion 6 .3 ) . T h e w a l l to b e s imula ted is loca ted at le f t side o f the subject. 

T h e r e f o r e , the transducers used to s imula te ref lect ions are p l a c e d at the le f t side. T h e 

distance b e t w e e n the centre o f t h e h e a d and the re f l ec t ing surface w a s set to b e 1 .0m. 

T h e r e f o r e , the distance b e t w e e n t w o pairs o f loudspeakers w a s set to b e 2 . 0 m . T h e 

re f l ec t ion coef f ic ient o f the i m a g i n a r y w a l l R w a s set to b e 0 . 0 ( N o re f lec t ion ) , 0 . 1 , 0 .3 

a n d 1.0 i n order to e x a m i n e its ef fect . 13 E u r o p e a n m a l e subjects a l l w i t h n o r m a l hear ing 

w e r e tested. 

6 . 4 . 2 E x p e r i m e n t a l R e s u l t s 

F i g . 6 . 1 3 shows the results w h e n there w e r e no re f l ec t ion ( R = 0 . 0 ) . I t w a s f o u n d aga in 

that there are t w o groups o f subjects. F o r one group the v i r t u a l acoustic i m a g i n g system 

w o r k s w e l l , bu t does no t w o r k so e f f e c t i v e l y fo r the other g roup . F i g . 6 . 1 3 a shows the 

results f o r those subjects f o r w h o m these systems w o r k w e l l . M u c h m o r e front a n d back 

c o n f u s i o n can b e observed c o m p a r e d to the p rev ious e x p e r i m e n t s ( F i g . 3 . 1 7 , Sect ion 

3 . 4 . 3 ) b u t this is l i k e l y to be due to the shorter cont ro l f i l t e r l eng th w h i c h resul ted i n 
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i n fe r io r cont ro l p e r f o r m a n c e . T h e results fo r those subjects fo r w h o m these systems do 

not w o r k w e l l are s h o w n i n F i g . 6 . 1 3 b . T h e y d i d no t local ise the v i r tua l sound source at 

the rear h a l f o f the p lane cor rec t ly and local ised t h e m at s y m m e t r i c posit ions i n the front. 

M o r e o v e r , the v i r t u a l sound sources at a round 8 = + 9 0 ° are p e r c e i v e d at the of fset posi t ion 

towards the centre ( 6 = 0 ° ) . 

F i g . 6 . 1 4 a ~ c s h o w the results w i t h chang ing re f l ec t ion coef f ic ient . These exper iments 

w e r e car r ied out o n l y w i t h the 10 subjects f o r w h o m these systems w o r k reasonab ly w e l l . 

I t c a n be seen that the a b i l i t y o f local isat ion b e c o m e s s l ight ly less accurate as the 

re f l ec t ion coef f ic ien t gets larger. H o w e v e r , as a w h o l e , the ab i l i t y to local ise a sound 

source w e r e p reserved v e r y w e l l . I t should b e n o t e d that there are no le f t a n d right 

confus ion e v e n w h e n R = 0 . 3 , w h i c h is the case that in teraura l l eve l d i f fe rence is a lmost 

0 d B as s imu la ted i n Sec t ion 6 .3 .3 . T h i s suggests the super ior i ty o f t i m e d o m a i n cues, 

espec ia l ly the precedence e f fect , over the fi-equency d o m a i n cues. I t is also n o t e d that 

there are v e r y sl ight l e f t a n d right confusions w h e n R = 1.0. H o w e v e r , this on ly 

h a p p e n e d f o r the angu la r pos i t ions o f the v i r tua l sources at opposi te side o f the re f lec t ing 

surface as p red ic ted i n S e c t i o n 6 .3 .2 . T h e result o f R = 1 .0 also suggests that t w o 

independent systems w o r k i n g at the same t i m e m a y w o r k reasonab ly w e l l . 

6.5 Conclusions 

T h e e f fec t o f re f lect ions o n the p e r f o r m a n c e o f the v i r t u a l acoustic i m a g i n g sys tem was 

invest igated b y s imula t ions a n d subject ive exper iments . A n in f in i te u n i f o r m re f lec t ing 

surface w h i c h is pa ra l l e l to the f ron t -back axis w i t h respect to the l istener w a s e x a m i n e d . 

T h e f o l l o w i n g w e r e p r e d i c t e d f r o m the k n o w n i n f o r m a t i o n o n aud i to ry f u n c t i o n a n d the 

s imulat ions . 
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( 1 ) W h e t h e r the precedence e f fec t he lps the l istener to local ise sound source or no t w i l l 

be s t rongly dependent o n the types o f sound. 

( 2 ) T h e qua l i t y o f sounds w i l l b e degraded b y re f lec t ion e v e n w h e n the l istener can 

local ise the sound source correct ly . H o w e v e r , the ' a r t i f i c ia l reverbera t ion ' , a 

b y - p r o d u c t o f the re f lec t ion m i g h t m a k e a l istener t h i n k that the sound is better. 

( 3 ) T h e in ter -aura l l e v e l d i f fe rence can b e a lmost OdB or e v e n negat ive f o r most o f the 

fi-equency range w h e n re f l ec t ion exists. T h e sound f o r w h i c h in ter -aura l l e v e l 

d i f fe rence is impor tan t fo r loca l isa t ion m a y not be loca l ised correct ly . 

( 4 ) H a v i n g o n l y a sma l l l eve l o f re f lec ted sound, g o o d spectral i n f o r m a t i o n cannot b e 

ob ta ined for most o f the angular posi t ions o f the v i r t u a l source. 

T h e f o l l o w i n g predic t ions w e r e c o n f i r m e d b y the subject ive exper iments . 

( i ) A re f l ec t ing surface p l a c e d at the same side o f the ear w h i c h is to rece ive a 

smal le r s ignal causes m o r e p r o b l e m s than the opposi te case. 

( i i ) A l istener 's ab i l i t y to local ise sound is p reserved m u c h m o r e than is p red ic ted 

fi-om the spectral d o m a i n cues. T h e precedence e f fec t seems to h e l p preserve 

loca l isat ion ab i l i ty . 

A s a w h o l e , i t w a s c o n f i r m e d that the p e r f o r m a n c e o f the v i r t u a l acoustic i m a g i n g system 

is no t degraded severe ly w i t h ex istence o f a single re f lec t ion . 
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that f o r the lef t ear ) 
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7 Optimal source distribution 

7.1 Introduction 

O n e o f the object ives o f this chapter is to invest igate a n u m b e r o f p r o b l e m s that arise 

from the m u l t i - c h a n n e l system invers ion i n v o l v e d i n b inaura l synthesis over 

loudspeakers. A bas ic analysis w i t h a free f i e l d transfer func t ion m o d e l i l lustrates the 

f u n d a m e n t a l d i f f i cu l t ies that such systems can have . T h e s ingular va lue decompos i t ion 

helps to understand the ro le o f the inverse filters m o r e i n t u i t i v e l y [ A 1 0 ] - [ A 15] . T h e 

a m p l i f i c a t i o n requ i red b y the system invers ion results i n loss o f d y n a m i c range. T h e 

inverse filters ob ta ined are l i k e l y to conta in large errors a round i l l - cond i t ioned 

frequencies. R e g u l a r i s a t i o n is o f t e n used to des ign prac t ica l filters bu t this also results i n 

poor control p e r f o r m a n c e a r o u n d those frequencies. S o u n d rad ia t ion b y transducers i n 

direct ions other t h a n that o f the l istener can b e v e r y large and this results i n severe 

re f lec t ion w h i c h can degrade cont ro l pe r fo rmance . Fur ther analysis w i t h a m o r e real ist ic 

p lan t m a t r i x , w h e r e the sound signals are cont ro l led at a l istener 's ears in the presence o f 

the l istener 's b o d y (p innae , head. . . ) , demonstrates that this is st i l l the case. S u c h 

p r o b l e m s are o f t e n n o t e d as no ise , d istort ion, fa t igue o f transducers, loss o f d i rec t iona l 

a n d spatial percept ion , a n d co lourat ion . 

T h e invest igat ion has resul ted i n the proposa l o f a system concept that w e re fer to as the 

O p t i m a l Source D i s t r i b u t i o n ( O S D ) [ A 1 0 ] - [ A 15 ] . T h e O S D system overcomes these 

f u n d a m e n t a l p r o b l e m s b y m e a n s o f a conceptua l p a i r o f m o n o p o l e transducers w h o s e 

span var ies cont inuous ly as a ftmction o f frequency. T h i s is w h e r e t w o s ingular va lues 

are ba lanced and r e q u i r i n g m i n i m u m a m p l i f i c a t i o n b y the inverse filters. T h e u n d e r l y i n g 

theoret ical p r inc ip le is descr ibed i n deta i l . T h e s igni f icance is that a l l o f the above 

p r o b l e m s that are associated w i t h the m u l t i - c h a n n e l sys tem invers ion are so lved b y us ing 

1 4 4 



this pr inc ip le . T h e l imi ta t ions w i t h this p r inc ip le are also m a d e clear i n terms o f the 

operat iona l f r e q u e n c y range. Severa l e x a m p l e s o f pract ica l solut ions that can rea l i ze a 

var iab le t ransducer span are also described. O n e o f t h e m is discret isat ion a n d this enables 

the use o f c o n v e n t i o n a l t ransducer uni ts a n d cross-over filter n e t w o r k s w i t h o n l y a l i t t le 

decrease i n p e r f o r m a n c e f r o m the theoret ica l l i m i t . Consequences o f the discret isat ion 

are also invest igated i n detai l . Pract ica l w a y s to tack le the s u b - l o w f requency reg ion 

w h e r e the f r e q u e n c y - s p a n re lat ionship is r e m o t e fi-om the o p t i m a l are also described. A l l 

passive, act ive a n d d ig i t a l cross-over filters can b e used for the discrete O S D system. 

T h e ef fect o f d i f fe rences i n discret isat ion n u m b e r o f the discrete O S D system are 

invest igated. 

A m o n g the n u m b e r o f e x a m p l e s invest igated, t w o o f t h e m are f o u n d to b e m o s t pract ical 

and w o r k i n g systems w i t h this pr inc ip le are rea l ised [ A 16] . T h e pract ica l w o r k i n g O S D 

system are rea l ised b y discret is ing a cont inuous ly v a r i a b l e span into 2 or 3 pairs o f 

transducers. T h e i r p e r f o r m a n c e are invest igated b y a series o f ob jec t ive and subject ive 

evaluat ions b y c o m p a r i n g the O S D system w i t h its predecessor " S t e r e o - D i p o l e " system 

( S D system). T h e prac t ica l system r e a l i z e d has a v e r y g o o d p e r f o r m a n c e over a w i d e 

f r e q u e n c y range (e .g . over the w h o l e aud ib le fi-equency range) . A systemat ic loca l isat ion 

test is carr ied ou t to invest igate the e f fect o f this p r i n c i p l e o n spat ial percept ion. Since 

better contro l p e r f o r m a n c e over w i d e r f r e q u e n c y r a n g e is expec ted to g i v e a bet ter spatial 

percept ion. 

D u r i n g the course o f this research, a research let ter [ 5 5 ] w a s p u b l i s h e d independent ly o f 

these researches [ A 1 0 ] - [ A 16] . I t great ly e n r i c h e d the discussion that w i l l be presented 

i n Sect ion 7 . 3 . 2 . I t also suggests a s imi la r system to t h e 2 - w a y discrete O S D system that 

w a s descr ibed i n re ference [ A 1 0 ] - [ A 16] a n d i n Sec t ion 7 . 5 . 2 . T h e results o f other 
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independent research [ 5 6 ] w e r e also pub l ished a f ter the c o m p l e t i o n o f this research and 

these depict a f e w d r a w i n g s o f h o w some examples o f the discret ised O S D systems 

m i g h t l o o k i n prac t ica l appl icat ions. 

7.2 Analysis with a free field model and the singular value 

decomposition 

A l t h o u g h the f o l l o w i n g analysis a i m s p r i m a r i l y at b inaura l synthesis over loudspeakers, 

the same discussion appl ies to m a n y other cases o f aud io appl icat ions, w h e r e pa i r o f 

desired signals are the signals that w o u l d produce a desired v i r t u a l aud i tory sensation 

w h e n f e d to the t w o ears independent ly . A s imple case i n v o l v i n g the cont ro l o f t w o 

m o n o p o l e receivers w i t h t w o m o n o p o l e transducers (sources) u n d e r free field condit ions 

is first cons idered here i n order to i m p r o v e understanding o f the physics u n d e r l y i n g 

b inaura l synthesis o v e r loudspeakers . T h e f u n d a m e n t a l p r o b l e m s w i t h regard to system 

invers ion can b e i l lust ra ted i n this s i m p l e case w h e r e the e f fect o f p a t h l eng th d i f fe rence 

dominates the p r o b l e m . A m a t r i x o f H e a d R e l a t e d T rans fe r Func t ions ( H R T F s ) is also 

ana lysed i n the later sect ion as a n e x a m p l e o f a m o r e real ist ic p lan t . I n such a case, the 

acoustic response o f the h u m a n b o d y (p innae , head, torso and so o n ) also comes to af fect 

the p r o b l e m . H o w e v e r , the f i m d a m e n t a l d i f f icu l t ies inherent to such systems are sti l l 

c lear ly ev ident . 

7.2.1 Inverse filter matrix 

A s y m m e t r i c case w i t h the in ter -source axis pa ra l l e l to the in te r - rece iver axis is 

considered for a n e x a m i n a t i o n o f the basic propert ies o f the system. T h e g e o m e t r y is 

i l lustrated i n F i g . 7 .1 . I n the free field case, the p lan t t ransfer f u n c t i o n m a t r i x can be 

m o d e l l e d as 
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c = - ^ 
An 

-jw, /A e - ^ 4 / / . 

//, 

( 7 ^ ) 

w h e r e a n e^^ t i m e dependence is assumed w i t h k = 6 /co , a n d w h e r e po and cq are the 

densi ty and sound speed. W h e n the rat io o f and the d i f fe rence b e t w e e n the p a t h lengths 

connec t ing o n e source a n d t w o receivers are d e f i n e d a & g - h l h a n d A / = / i - / i . 

A G 
-ji/, 

W , 

- jW 

-jiA/ 

( - L Z ) 

N o w consider the case 

D, ( jw ) 

D z Q w ) . 

( 7 J ) 

i .e. , the des i red signals are the acoustic pressure signals w h i c h w o u l d h a v e been 

p r o d u c e d b y the closer sound source a lone w h o s e va lues are e i ther or 

w i t h o u t d is turbance d u e to t h e other source (cross- ta lk) . T h i s n o r m a l i z a t i o n enables a 

descr ip t ion o f the e f fec t o f system invers ion as w e l l as ensur ing a causal solut ion. T h e 

e lements o f H can b e o b t a i n e d fi"om the exact inverse o f C a n d can b e w r i t t e n as 
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H = C = 
1 

l - g T e 
2^-2jW 

- g e 
•jM/ 

- g e 

1 

•jkAI 

( 7 . 4 ) 

W h e n / » A r , w e h a v e the a p p r o x i m a t i o n A / = A r s i n ^ w h e r e 0 = 2 ^ is the source span 

(hence 0 < G < ; r ) a n d under these condi t ions, 

H = 
1 

1 - g ' e 
2 -2jkVsin8 

I - g e 

•'}khrs,md 2 

-jMfSing 

( 7 j ) 

7 . 2 . 2 S i n g u l a r v a l u e d e c o m p o s i t i o n 

T h e s ingular va lue d e c o m p o s i t i o n he lps to unders tand the ro le o f the inverse f i l te r m a t r i x 

H m o r e in tu i t ive ly . A s descr ibed i n the append ix , the inverse f i l ter m a t r i x H can be 

expressed as 

H = U S ' V " = 

' 1 I 

V 2 V 2 (T,. 0 1 

1 1 . 0 V 2 

. V I ~ V 2 _ 

j w 

w h e r e 

and 

<7, = 

j 1+ge^' 
^ 1 + g e - ^ 

1 - g e ^ 

1 - g e - ^ 

1 

1 + g e 

^ ^ + g e •jfaU 

1 1 -

1 - g e J/tA/ 

-jW 

o-„ = 
1 

•jMrsin^ ¥ jMrsin S ) 

( 7 . 6 ) 
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T h e u n i t a r y m a t r i x V " extracts the in-phase and o u t - o f phase components out o f the 

b inaura l signals. I t a lso introduces phase rotat ion accord ing to the proper ty o f the p lant 

bu t does n o t change the i r ampl i tude . T h e t w o s ingular va lues are denoted b y Oi and Ob, 

and correspond to o r thogona l components o f the inverse f i l ters. T h e s ingular va lue oi 

corresponds to the a m p l i f i c a t i o n factor o f the in-phase c o m p o n e n t o f the b inaura l 

signals a n d the other s ingular va lue % corresponds to the a m p l i f i c a t i o n factor o f the 

out -o f -phase c o m p o n e n t o f the b inaura l signals. T h e u n i t a r y m a t r i x U distr ibutes the 

sui tably a m p l i f i e d in -phase and o u t - o f phase components into the pa i r o f transducers. 

T h e net e f fect o f the inverse f i l ter m a t r i x H depends l a rge ly o n the content o f the input 

signals d , i .e. the characterist ics o f the sound source s ignal contents a n d the aud i tory 

v i r tua l space b e i n g created. H o w e v e r , the m a x i m u m a m p l i f i c a t i o n o f the source strengths 

requ i red f o r the a rb i t ra ry b i n a u r a l s ignal input at each f r e q u e n c y can b e f o u n d from the 

2 - n o r m o f H (1|H||). S ince |lUj| = ||V|| = 1, this is e q u a l to the largest o f the s ingular values. 

T h u s 

||H|j = ||Z|| = m a x ((7;, ) 

C A ? ) 

P lots o f O I , 0*0, and | |H|| w i t h respect to M r s i n ^ a r e i l lustrated i n F i g . 12. T h e examples 

th roughout this chapter use a typ ica l v a l u e o f the distance b e t w e e n the adul t h u m a n ears 

f o r A r ( m o r e deta i led d iscussion can be f o u n d i n Sec t ion 7 . 4 . 3 ) . A s seen i n E q . ( 7 . 6 ) and 

F i g . 7 . 2 , the s ingular v a l u e s 0\ and in terchange the i r a m p l i t u d e as a f u n c t i o n o f 

frequency and source span, p e r i o d i c a l l y g i v i n g peaks o f | |H|| w h e r e k a n d 0 sat isfy the 

f o l l o w i n g re la t ionship w i t h e v e n va lues o f the in teger n u m b e r n. 
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A:Ars in^ = - ^ 
2 

( 7 ^ 0 

T h e s ingular v a l u e oi has peaks at n = 2 , 6 , 10, ... w h e r e the system is requ i red to use 

large e f fo r t to reproduce the in -phase c o m p o n e n t o f the desired signals. T h e s ingular 

v a l u e 0*0 has peaks at » = 0 , 4 , 8 , ... w h e r e the system is requ i red to use large e f fo r t to 

reproduce the out -o f -phase c o m p o n e n t . T h e l o w f requency boost as a consequence o f the 

p e a k at « = 0 has o f t e n been addressed i n several papers but the other features, espec ia l ly 

the p e a k for the in -phase c o m p o n e n t , has d r a w n less attent ion. 

7 J Fundamental problems of binaural reproduction over loudspeakers 

7 . 3 . 1 L o s s o f d y n a m i c r a n g e 

I n pract ice , since the m a x i m u m source output is g i v e n b y ||H||max, this m u s t be w i t h i n the 

range o f the system i n order to a v o i d c l i p p i n g o f the signals. T h e r e q u i r e d a m p l i f i c a t i o n 

results d i rec t ly i n the loss o f d y n a m i c range i l lust ra ted i n F i g . 7 . 3 . T h e l e v e l o f the output 

source signals v a n d the resul t ing l e v e l o f the acoustic pressure at l is tener 's ears w are 

p l o t t e d b o t h w i t h a n d w i t h o u t system i n v e r s i o n assuming that the m a x i m u m output levels 

a n d d y n a m i c range o f the systems are the same. W h e r e ||H|| is large, the transducers are 

e m i t t i n g v e r y la rge sound output m o s t o f w h i c h is cance l led to leave s m a l l l e v e l o f 

synthesised b i n a u r a l signals at the l is tener 's ears. T h e g i v e n d y n a m i c range is d is t r ibuted 

in to the system i n v e r s i o n a n d the r e m a i n i n g d y n a m i c range that is to b e used b y the 

b inaura l a u d i t o r y space synthesis, a n d also m o s t impor tan t ly , b y the sound source s ignal 

i t s e l f T h u s the s ignal to noise rat io b e c o m e s l o w . Since the transducers are w o r k i n g 

m u c h harder than n o r m a l l y to p r o d u c e usua l sound l eve l at the ears, n o n - l i n e a r d is tor t ion 

becomes m o r e s ign i f icant a n d is o f t e n aud ib le . F o r the same reason, fa t igue o f the 
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transducers is m o r e severe. C o n v e n t i o n a l dr iver uni ts are no t des igned to b e used i n this 

m a n n e r a n d t h e y can b e eas i ly destroyed b y fat igue. 

T h e d y n a m i c range loss is d e f i n e d b y the d i f fe rence b e t w e e n the s ignal l eve l at the 

rece iver w i t h one m o n o p o l e source a n d the s ignal leve l reproduced b y t w o sources 

h a v i n g the same m a x i m u m source strength w h e n the system is inver ted . T h e frequency 

o f the peaks o f ||H|| do not a f fect the a m o u n t o f d y n a m i c range loss bu t the m a g n i t u d e o f 

the peaks do. Since ||H|| here is n o r m a l i s e d b y the case w i t h o u t system invers ion b y Eq . 

( 7 .3 ) , the d y n a m i c range loss F is g i v e n b y 

r = ||H|| = 
II Umax 

(%9) 

T h e d y n a m i c range loss g i v e n b y E q . ( 7 . 9 ) as a func t ion o f source span is s h o w n i n F ig . 

7 .4 . S ince 1 - A r s i n ^ / , t h e n F can be a p p r o x i m a t e d as 

I 

A r s i n ^ 

(7 10) 

as a f u n c t i o n o f 6. F i g . 7 . 4 a n d E q . ( 7 . 1 0 ) s h o w that the larger the source span, the less 

is the d y n a m i c range loss. I t var ies from m o r e than 7 0 d B w h e n t w o transducers are v e r y 

close together to about 1 5 d B w h e n t h e y are o n opposite sides o f the ears. W h e n there is a 

head b e t w e e n the ears, this is re laxed a l i t t le . 
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7 . 3 . 2 R o b u s t n e s s t o e r r o r i n t h e p l a n t 

E q u a t i o n ( 2 . 5 a , b , c ) impl ies that the system invers ion ( w h i c h determines v and leads to 

the des ign o f the f i l te r m a t r i x H ) is v e r y sensit ive to sma l l errors i n the assumed p lan t C 

( w h i c h is o f t e n measured a n d thus s m a l l errors are inev i tab le ) w h e r e the cond i t ion 

n u m b e r o f C , K ( C ) , is large [ 4 9 ] . S u c h errors inc lude i n d i v i d u a l d i f fe rences o f H R T F s 

( C h a p t e r 4 ) a n d m i s a l i g n m e n t o f the h e a d and loudspeakers ( C h a p t e r 5 ) . 

T h e c o n d i t i o n n u m b e r o f C is g i v e n b y 

»r(C)=||C]|C-"|] = ||C|l||Hj| = ||H-' H 

= m a x 

( l - X l - ) V X l + ) 

( 7 . 1 1 ) 

and is s h o w n i n F i g . 7 .5 . A s seen i n E q . ( 7 . 1 1 ) a n d F ig . 7 .5 , K ( C ) has peaks w h e r e E q . 

( 7 .8 ) is sat is f ied w i t h an e v e n v a l u e o f the in teger n u m b e r n. T h e f requencies w h i c h 

g iv e peaks o f K ( C ) are consistent w i t h those w h i c h g i v e the peaks o f ||H||. 

A r o u n d the frequencies w h e r e K ( C ) is large, the system is v e r y sensi t ive to smal l errors 

i n C [ 5 0 ] [ 5 5 ] . T h e ca lculated inverse f i l t e r m a t r i x H is l i k e l y to conta in la rge errors due 

to s m a l l errors i n C and results i n large errors i n the reproduced s ignal w at the receiver . 

T h i s is because such errors are m a g n i f i e d b y the inverse f i l ters b u t r e m a i n uncance l l ed i n 

the p lant . O n the contrary , K ( C ) is s m a l l a r o u n d the frequencies w h e r e « is a n o d d integer 

n u m b e r i n E q . ( 7 . 8 ) . F o r the same v a l u e o f n, the robust frequency range becomes l o w e r 

as the source span becomes larger. W i t h a l o g a r i t h m i c frequency scale, w h i c h is re la ted 

to the percep tua l attr ibutes o f the h u m a n a u d i t o r y system, the f r e q u e n c y range o f robust 
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i nvers ion is m o r e or less constant f o r d i f f e ren t source spans f o r the same v a l u e o f n, even 

t h o u g h i t looks w i d e r fo r smal le r source spans o n a l inear frequency scale. 

7 . 3 . 3 R o b u s t n e s s t o e r r o r i n t h e i n v e r s e f i l t e r s 

I n add i t ion , since 

V = C ' w 

(7.12) 

and K ( C " ' ) = K ( C ) , a pract ica l a n d close to idea l inverse f i l te r m a t r i x H is eas i ly obta ined 

w h e r e K ( C ) is smal l . H o w e v e r , the reproduced signals w are less robust to sma l l changes 

i n the inverse o f the p lan t m a t r i x C ' \ hence H , w h e r e K ( C ) is large. E v e n i f C does not 

conta in a n y errors, the reproduc t ion o f the signals at the rece iver is too sensit ive to the 

smal l errors w i t h i n the inverse f i l t e r m a t r i x H to b e useful . 

O n e c o m m o n e x a m p l e o f such a n error is that due to regular isat ion, w h e r e a s m a l l error 

is de l ibera te ly in t roduced to i m p r o v e the c o n d i t i o n o f m a t r i x to des ign prac t ica l f i l ters. I t 

is also poss ib le to reduce the excess a m p l i f i c a t i o n and hence the d y n a m i c range loss b y 

means o f regular isat ion, w h e r e the pseudo inverse f i l ter m a t r i x H is g i v e n b y E q . ( 2 . 1 7 ) 

w h e r e J3 is a. regular isa t ion parameter . T h e regular isat ion p a r a m e t e r penal ises large 

va lues o f H and hence l im i ts the d y n a m i c range loss o f the system. S ince ||H|| is 

n o r m a l i s e d b y the case w i t h o u t system invers ion b y E q . ( 7 .3 ) , the regular isat ion 

p a r a m e t e r l i m i t s the d y n a m i c range loss to less t h a n about 

r = -101og,oyg-6 (dB) 

( 7 J ^ ) 
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H o w e v e r , the regular isa t ion paramete r in tent iona l ly , hence inev i tab ly , introduces a s m a l l 

error i n the invers ion process. T h i s gives r ise to a p r o b l e m f o r f i l ter design at f requencies 

w h e r e K ( C ) is large. A n e x a m p l e o f this is i l lustrated i n F i g . 7 .6 . T h e d y n a m i c range loss 

is re duced b y regular isa t ion f r o m about 2 7 d B ( w i t h o u t regular isat ion) as i n F i g . 7 . 6 a to 

1 4 d B as s h o w n i n F i g . 7 . 6 b { f i = 10'^). H o w e v e r , i t can b e c lear ly seen that the cont ro l 

p e r f o r m a n c e o f the system deteriorates a round the fi-equencies w h e r e « is a n e v e n in teger 

n u m b e r i n E q . ( 7 . 8 ) . T h e cont r ibut ion o f the correct desired signals ( R n and R22) is 

r e d u c e d o n l y s l ight ly but the cont r ibu t ion o f the w r o n g desired signals ( R n a n d R21, the 

cross- ta lk c o m p o n e n t ) is increased s igni f icant ly . I n other w o r d s , the system has l i t t le 

cont ro l (cross- ta lk cance l la t ion) a round these frequencies. T h i s p r o b l e m is s igni f icant at 

l o w e r frequencies ( « < 1 i n E q . ( 7 .8 ) ) i n the sense that the reg ion w i t h o u t cross-ta lk 

suppression is large, and at h igher frequencies ( « > 1 i n E q . ( 7 .8 ) ) , i n the sense that there 

are m a n y frequencies at w h i c h the p lan t is i l l - cond i t ioned . W i t h a n equ iva lent d y n a m i c 

range loss, m a k i n g the source span larger leads to a bet ter contro l p e r f o r m a n c e at l o w e r 

frequencies b u t a poorer p e r f o r m a n c e at h i g h e r frequencies (F ig . 7 .7a ) . O n the contrary , 

m a k i n g the source span smal le r leads to bet ter cont ro l p e r f o r m a n c e at h igher frequencies 

bu t p o o r e r p e r f o r m a n c e at l o w e r frequencies ( F i g . 7 . 7 b ) . 

7 . 3 . 4 R o b u s t n e s s t o r e f l e c t i o n s 

T h e a m p l i f i c a t i o n b y the inverse f i l ter also results i n severe re f lec t ion ( [ 5 1 ] , C h a p t e r 6 ) . 

F i g . 7 . 8 shows a n e x a m p l e ( n ~ 2 ) o f far f i e l d sound r a d i a t i o n b y the cont ro l t ransducers 

w i t h re ference to the rece iver direct ions. T h e h o r i z o n t a l ax is is the inter -source axis a n d 

the receivers (ears) are at the direct ions o f the ver t ica l ax is . A t frequencies w h e r e E q . 

( 7 .8 ) is not sat isf ied w i t h a n o d d va lue o f the in teger n u m b e r n, as i n this e x a m p l e , the 

sound rad ia t ion i n d i rect ions other than rece iver d i rect ions can b e s ign i f i can t ly la rger 

1 5 4 



( t y p i c a l l y + 3 0 d B ~ 4 0 d B ) than those at the rece iver direct ions (OdB and -oodB). T h e 

m a x i m u m a m o u n t o f this excessive rad ia t ion is the same as the a m o u n t o f d y n a m i c range 

loss as i n E q . ( 7 . 9 ) and F i g . 7 .4 . W h e n the e n v i r o n m e n t is no t anechoic , as is n o r m a l l y 

the case, this o b v i o u s l y results i n severe re f lec t ions and the contro l p e r f o r m a n c e o f the 

system deteriorates. I n add i t ion , the sound rad ia ted i n direct ions other than that o f the 

rece ive r has a p e a k y f r e q u e n c y response due to the response o f inverse f i l te r m a t r i x H 

and n o r m a l l y result i n severe co lourat ion . 

7.4 A system to overcome the problems 

A s discussed above , there is a t r a d e - o f f b e t w e e n d y n a m i c range, robustness a n d control 

p e r f o r m a n c e . H o w e v e r , a system that a i m s to o v e r c o m e these f u n d a m e n t a l p r o b l e m s is 

p r o p o s e d i n w h a t f o l l o w s . 

7 . 4 . 1 P r i n c i p l e o f t h e O p t i m a l S o u r c e D i s t r i b u t i o n 

E q u a t i o n ( 7 . 8 ) can b e r e w r i t t e n i n terms o f the source span 0 as 

0 = 20 = l a r c s i n 
ylkArJ 

(%14) 

A s seen from the analysis a b o v e , systems w i t h the source span w h e r e n is a n o d d integer 

n u m b e r i n E q . ( 7 . 1 4 ) g ive the best cont ro l p e r f o r m a n c e as w e l l as robustness. T h i s 

i m p l i e s that the o p t i m a l source span m u s t v a r y as a func t ion o f f requency . 

W e n o w consider a p a i r o f conceptua l m o n o p o l e transducers w h o s e span var ies 

con t inuous ly as a f u n c t i o n o f frequency i n order to sat isfy the r e q u i r e m e n t f o r M to b e an 

o d d in teger n u m b e r i n E q . ( 7 . 1 4 ) . T h i s is w h e r e a\ a n d <7o are ba lanced a n d this is 
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i l lustrated i n F i g . 7 . 9 a n d F i g . 7 . 1 0 . T h e source span becomes smal le r as frequency 

b e c o m e s h igher . W i t h this concept , E q . ( 7 .5 ) becomes v e r y s imple as 

H = 
1 + g:' 

1 -

- ier 1 

(7 .15) 

N o t e that ||H|| = 1 / V 2 f o r a l l frequencies. T h e r e f o r e , there is n o d y n a m i c range loss 

c o m p a r e d to the case w i t h o u t system invers ion. I n fact , there is a d y n a m i c range g a i n o f 

3 d B since the t w o or thogona l components o f the desired signals are 7c/2 out o f phase. 

T h i s means that the sys tem has g o o d s ignal to noise rat io and is advantageous w i t h 

respect to d is tor t ion or fa t igue o f transducers. T h e inverse f i l ters h a v e a f la t frequency 

response so there is n o co loura t ion at a n y loca t ion i n the l is tening r o o m , e v e n outs ide the 

sweet area. W h e n the l istener is far a w a y from the sweet spot, the spatial i n f o r m a t i o n 

p e r c e i v e d m a y n o t b e ideal . H o w e v e r , the spec t rum o f the sound signals are no t changed 

b y the inverse f i l ters. T h e r e f o r e , the l istener c a n st i l l e n j o y the na tu ra l p r o d u c t i o n o f 

sound together w i t h some r e m a i n i n g spat ial aspects. T h e sound rad ia t ion b y the 

transducer p a i r i n a l l d i rect ions is a l w a y s smal le r than those at the rece ive r d i rect ions, 

w h i c h is also s m a l l e r t h a n the sound rad ia t ion b y a single m o n o p o l e t ransducer 

p r o d u c i n g the s a m e sound l e v e l at the ears. A n e x a m p l e w h e n « = 1 is s h o w n i n F i g . 7 . 1 1 . 

T h e r e f o r e , the s y s t e m is also robust to ref lect ions i n a reverberant e n v i r o n m e n t , a n d these 

sma l l re f lect ions d o no t h a v e a n y co lora t ion o ther than those caused b y the re f l ec t ing 

mater ia ls . I n prac t ice , the d i r e c t i v i t y o f loudspeakers helps to reduce the e f fec t o f 

re f lec t ion further . N o t e also that K ( C ) = 1 w h i c h is the smal lest v a l u e possib le f o r a l l 

frequencies. T h e er ror i n ca lcu la t ing the inverse filter is sma l l and the system has v e r y 
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g o o d cont ro l over the reproduced signals. T h e system is also v e r y robust to the changes 

i n p l a n t m a t r i x . 

A l s o note that w h e n I » A r , g = 1 therefore , 

H = -
2 

• 1 -J 

- j 1 

( 7 J 6 ) 

T h i s i m p l i e s that independent contro l o f the t w o signals is n e a r l y a c h i e v e d j u s t b y 

add i t ion o f the desi red signals w i t h a n/2 r e la t i ve phase shift b e t w e e n t h e m . 

7 . 4 . 2 A s p e c t s o f t h e p r o p o s e d s y s t e m 

F r o m E q . ( 7 . 1 4 ) , the range o f va r iab le source span 0 i s g i v e n b y the f r e q u e n c y range o f 

interest as can be seen f r o m F i g . 7 . 1 0 . A s m a l l e r va lue o f n g ives a sma l le r source span 

for the same f requency . T h e r e f o r e , the smal lest source span 0 h for the same h i g h 

f r e q u e n c y l i m i t is g i v e n b y « = 1 a n d this is a b o u t 4 ° to g ive contro l o f the sound f i e l d at 

t w o posi t ions separated b y the distance b e t w e e n t w o ears (about 0 . 1 3 m f o r K E M A R 

d u m m y h e a d ) u p to a frequency o f 2 0 k H z . 

E q u a t i o n ( 7 . 8 ) can also b e r e w r i t t e n i n t e rms o f frequency as 

4 A r sin 0 

( 7 J 7 ) 
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T h e smal lest v a l u e o f n g ives the lowes t f requency l i m i t fo r a g i v e n source span. S ince 

s i n ^ < 1, 

4 A r 

( 7 J 8 ) 

i .e. , the p h y s i c a l l y m a x i m u m source span o f 0 - 2 6 = 1 8 0 ° g ives the lowes t f r e q u e n c y 

l i m i t , ^1, associated w i t h this pr inc ip le . A smal ler v a l u e o f n g ives a l o w e r l o w f r e q u e n c y 

l i m i t so the system g i v e n b y « = 1 is n o r m a l l y the m o s t usefu l a m o n g those w i t h a n o d d 

integer n u m b e r n. T h e l o w frequency l i m i t g i v e n b y « = 1 o f a system designed to cont ro l 

the sound f i e l d at t w o posi t ions separated b y the distance b e t w e e n t w o ears is about = 

3 0 0 - 4 0 0 Hz. 

7 . 4 . 3 C o n s i d e r a t i o n o f t h e h e a d r e l a t e d t r a n s f e r f u n c t i o n m o d e l . 

T h e cond i t ion n u m b e r K ( C ) o f the p l a n t m a t r i x p l o t t e d as a fimction o f frequency a n d 

source span is s h o w n i n F i g . 7 . 1 2 f o r the audib le frequency range ( 2 0 H z ~ 2 0 k H z ) . F i g . 

7 . 1 3 shows t h e c o n d i t i o n n u m b e r o f the m o r e real ist ic p lan t m a t r i x w i t h H R T F s . T h e 

H R T F s w e r e m e a s u r e d w i t h the K E M A R d u m m y h e a d at M I T M e d i a L a b [ 3 8 ] a n d the 

loudspeaker response w a s d e c o n v o l v e d later. T h o s e b e t w e e n s a m p l e d di rect ions are 

o b t a i n e d b y b i l i n e a r in te rpo la t ion o n the v i r tua l spher ica l surface o f m a g n i t u d e a n d phase 

spectra i n the frequency d o m a i n ( A p p e n d i x 1). A s im i la r t r e n d can c lear ly b e seen as i n 

the free field case. H o w e v e r , a d d i t i o n a l " i l l - c o n d i t i o n e d frequencies" c a n b e observed 

a r o u n d 9 k H z a n d 1 3 k H z w h e r e the H R T F s have m i n i m a . I t is possib le that the s igna l to 

noise rat io o f the m e a s u r e d data a r o u n d these frequencies is poor . 
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I t s h o u l d also b e noted that w h e r e the inc idence angle d is smal l , the p e a k f requencies 

o b t a i n e d w i t h the H R T F p l a n t m a t r i x are s imi la r to those o f the f ree field p l a n t w i t h the 

rece iver distance A r ~ 0 . 1 3 . T h i s corresponds to the shortest distance between the 

entrances o f the ear canals o f the K E M A R d u m m y head. H o w e v e r , w h e r e the inc idence 

angle 6 is large, the p e a k frequencies ob ta ined w i t h the H R T F p lant m a t r i x are s im i la r to 

that o f the free field p lant w i t h the rece iver distance A r ~ 0 . 2 5 . T h i s is a m u c h larger 

distance t h a n the shortest distance b e t w e e n the entrances o f the ear canals o f the 

K E M A R d u m m y h e a d a n d is a result o f d i f f r a c t i o n a r o u n d the head. A cor rec t ion to the 

rece iver d istance A r can be m a d e i n order to m a t c h the frequency-span characterist ics o f 

the free field m o d e l . T h e f o l l o w i n g is a n e x a m p l e o f a l inear a p p r o x i m a t i o n w h i c h seems 

to b e f a i r l y accurate. T h u s 

A r = A r o ( l + ^ ^ 

( % 1 9 ) 

w h e r e Aro is the geomet r ica l distance b e t w e e n the ears. 

7 . 4 . 4 T r a n s d u c e r s f o r t h e O p t i m a l S o u r c e D i s t r i b u t i o n 

T h i s p r i n c i p l e requires a p a i r o f m o n o p o l e t y p e transducers w h o s e pos i t ion from w h i c h 

sound is rad ia ted var ies con t inuous ly as frequency var ies. T h i s m i g h t , f o r e x a m p l e , be 

r e a l i z e d b y e x c i t i n g a p la te at each p o s i t i o n i n d i v i d u a l l y ( F i g . 7 . 1 4 a ) . T h e r e q u i r e m e n t o f 

such a fransducer is that a cer ta in frequency o f v i b r a t i o n is exc i ted m o s t at a par t icu lar 

p o s i t i o n such that sound o f that frequency is rad ia ted m o s t l y from that pos i t ion . S u c h 

character ist ics m a y be a c h i e v e d b y e x c i t i n g a t r iangular shaped p la te at one e n d w h o s e 

w i d t h a n d stiffriess var ies a l o n g its l e n g t h i n a conf ro l l ed m a n n e r ( F i g . 7 . 1 4 b ) . T h e 

n a r r o w a n d s t i f f exc i ted e n d radiates m o s t h i g h frequency sound whereas the w i d e and 
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" f l o p p y " end o f the p la te radiates the l o w e r f r e q u e n c y sound. A l t e r n a t i v e l y , a s imi la r 

e f fect m i g h t b e ob ta ined b y chang ing the w i d t h o f a slot a l o n g an acoustic w a v e g u i d e 

( F i g . 7 . 1 5 ) . I n b o t h cases, the v i b r a t i o n characterist ics o f the p la te or a i r part ic les w o u l d 

d i f f e r a l o n g the length , a n d so as the rad ia t ion impedance . T h e n , transducers that 

e f f e c t i v e l y distr ibute e a c h o f the f r e q u e n c y components to a desired pos i t ion m a y b e 

designed. A r e l a t i v e l y la rge d a m p i n g w o u l d b e necessary i n order to suppress peaks at 

resonance. 

7 . 4 . 5 A d i s c r e t e s y s t e m 

I n pract ice , a m o n o p o l e t ransducer w h o s e pos i t ion var ies cont inuously as a func t ion o f 

f r e q u e n c y is no t eas i ly ava i lab le . H o w e v e r , i t is possible to real ise a pract ica l system 

based o n this p r inc ip le b y discret is ing the t ransducer span as i l lustrated i n F ig . 7 . 1 6 . W i t h 

a g i v e n span, the f r e q u e n c y r e g i o n w h e r e the a m p l i f i c a t i o n is re la t i ve ly sma l l and p lant 

m a t r i x C is w e l l c o n d i t i o n e d is re la t i ve ly w i d e a r o u n d the o p t i m a l f requency . I n other 

w o r d s , the va l l eys i n F i g . 7 . 1 2 and F ig . 7 . 1 3 are U - s h a p e d . T h e r e f o r e , b y a l l o w i n g n to 

h a v e some w i d t h , say ± v ( 0 < v < 1), w h i c h results i n a smal l a m o u n t o f d y n a m i c range 

loss a n d s l ight ly r e d u c e d robustness, a cer ta in transducer span can nevertheless b e 

a l located to c o v e r a cer ta in range o f frequencies w h e r e cont ro l p e r f o r m a n c e and 

robustness o f the sys tem is sti l l reasonably g o o d ( F i g . 7 . 1 7 ) . Consequent ly , i t is possible 

to discretise the con t inuous ly v a r y i n g t ransducer span into a f in i te n u m b e r o f discrete 

transducer spans. A sys tem w i t h a smal le r v a l u e o f n g ives a w i d e r r e g i o n w i t h the same 

p e r f o r m a n c e o n a l o g a r i t h m i c scale as can b e seen i n F i g . 7 . 1 2 a n d F i g . 7 . 1 3 . 

I t is i m p o r t a n t to des ign the system to ensure that | |H|| a n d K ( C ) are as s m a l l as possible 

o v e r a frequency range that is as w i d e as possible . T h e r e f o r e , the t ransducer spans f o r 
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each pa i r o f t ransducers in each frequency range can be dec ided to ensure that the 

smal lest possib le va lues o f n are used over the w h o l e frequency range o f interest above 

I t is possible to discretise, i .e . , decide the t ransducer spans and frequency ranges to be 

covered b y each p a i r o f d r iver units ( i .e . range o f n), i n terms o f a to lerable d y n a m i c 

range loss. F i g . 7 . 1 8 shows the frequency/span r e g i o n i n terms o f d y n a m i c range loss. 

T h e requ i red d y n a m i c range loss o f the ent i re sys tem is n o w g i v e n b y the m a x i m u m 

v a l u e a m o n g those va lues g i v e n b y each discret ised fransducer span. O n c e a to lerable 

d y n a m i c range loss is decided, the frequency/span r e g i o n to be used f o r a discrete O S D 

system can b e f o u n d from F i g . 7 .18 . T h e m a x i m u m a m o u n t o f excess sound rad ia t ion i n 

direct ions other t h a n rece iver direct ions is also g i v e n b y the same figure. 

I t is also possib le to des ign the system i n te rms o f the contro l p e r f o r m a n c e (cross-talk 

cance l la t ion p e r f o r m a n c e ) as de f ined i n Sec t ion 5 . 4 . 1 . A s a n e x a m p l e , F i g . 7 . 1 9 

i l lustrates the cross- ta lk cancel la t ion p e r f o r m a n c e as a fimction o f frequency and source 

span w h e n there exists 5 % o f error i n the p l a n t o r i n the inverse filters. T h i s is 

a p p r o x i m a t e l y the s a m e v a l u e as the error that is i n d u c e d b y the regular isat ion to l i m i t 

d y n a m i c range loss to b e less than 2 0 d B ( E q . ( 7 . 1 3 ) ) . T h e frequency/span r e g i o n to be 

used can be dec ided from the requi red cross- ta lk cance l la t ion per fo rmance . 

7 . 4 . 6 C o n s e q u e n c e o f t h e d i s c r e t i s a t i o n o f v a r i a b l e s o u r c e s p a n 

T h e discret isat ion is e x t r e m e l y usefu l a n d p rac t i ca l because a s ingle t ransducer w h i c h 

can cover the w h o l e aud ib le frequency range is n o t p rac t i ca l l y ava i l ab le ei ther. T h e r e f o r e , 

this p r inc ip le also g ives the ideal b a c k g r o u n d f o r m u l t i - w a y systems for b inaura l 
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reproduct ion o v e r loudspeakers w h i c h m a x i m i s e the frequency range to b e produced and 

contro l led. C o n v e n t i o n a l d r i v e r uni ts a n d cross-over f i l ters can eas i ly be a c c o m m o d a t e d 

to be used for th is system. I t s h o u l d b e n o t e d that this is st i l l a s imp le " 2 channel" contro l 

system w h e r e o n l y t w o independent contro l signals are necessary to contro l a n y f o r m o f 

v i r tua l a u d i t o r y space. T h i s i n p r i n c i p l e can synthesise a n in f in i te n u m b e r o f v i r tua l 

source locat ions w i t h d i f fe ren t source signals w i t h a n y type o f acoustic response o f the 

space. T h e d i f f e r e n c e for this discrete system from the c o n v e n t i o n a l 2 - c h a r m e l system is 

that the t w o cont ro l signals are d i v i d e d into m u l t i p l e frequency bands a n d f e d into the 

d i f fe rent pai rs o f d r i v e r units w i t h d i f fe ren t spans. I ron ica l l y , substantial e f for t has been 

invested i n c o n v e n t i o n a l m u l t i - w a y loudspeakers f o r s tereophony i n order to 

a p p r o x i m a t e a p o i n t source b y m u l t i p l e d r ive r units. T h e discrete O S D system requires 

j u s t the opposi te; d i f f e r e n t d r i v e r uni ts are requ i red to b e at d i f f e ren t locat ions. A " p o o r " 

p e r f o r m a n c e u n i t i n the sense o f s tereophony w h i c h has r e l a t i v e l y n a r r o w operat ional 

frequency range m a y p e r f o r m v e r y w e l l w i t h this pr inc ip le . 

I t should b e n o t e d that the l o w frequency l i m i t g i v e n b y o d d integer n u m b e r s n i n E q . 

( 7 . 1 8 ) is e x t e n d e d towards a l o w e r frequency b y discret isat ion because n o w the reg ion 

f o r frequency a n d transducer span w h e r e n is not a n integer n u m b e r is also used. F o r 

e x a m p l e , a prac t ica l system discret ised from the idea l system w i t h n - \ can n o w m a k e 

use o f the r e g i o n 1 - v < n < 1 + v so that the l o w frequency l i m i t is g i v e n b y n = 1 - v . 

A s can b e seen from F i g . 7 . 1 0 a n d F i g . 7 . 1 7 , i n the h igher frequency range w h e r e the 

source span is v e r y sma l l , the frequency range to b e c o v e r e d is v e r y sensit ive to sma l l 

d i f ferences i n t ransducer span. O n the contrary , i t is v e r y insensi t ive to the source span at 

l o w e r frequencies. C o n s e q u e n t l y , the range o f pract ica l span f o r the l o w frequency uni ts 
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is very large, which can practically be anywhere from about 60° to 180° with only a very 

slight increase of low frequency limit. 

7.4.7 Considerations for the sub-low frequency region 

At the frequencies below/ (n < 1-v) where ||H|| and K(C) is larger than other frequencies, 

the requirement for dynamic range loss and robustness of the system are more severe 

than at other frequencies. Fig. 7.20 illustrates the 2-norm of H and the two singular 

values (Oi and Go) with the "OSD" principle. As described in section 7.4.1, ||H|| shows 

the flat amplitude response of the inverse filters above fi. However, below fi, it still 

increases moderately as frequency becomes lower. In this region, although the system 

has difficulty in reproducing the out-of-phase component of the desired signal, it still can 

produce the in-phase component as well as before. 

When f\ is reasonably low, where interaural difference may not be crucial for binaural 

reproduction, one can avoid system inversion and simply add a single sub-woofer unit 

for this frequency region to avoid the extra dynamic range loss required by this region. 

As seen in Eq. ( 7.6 ), adding two channels of signals results in complete cancellation of 

the out-of-phase component of the binaural signals and producing the in-phase 

component only. Then, there is no independent confrol of binaural signals in this region. 

It is possible to cover this sub-low frequency region with the lowest frequency pair of 

units without sacrificing performance for other frequencies. A large value of 

regularization parameter can disable the large cJo, the out-of-phase component, in this 

region. Even though little cross-talk suppression is available, the low frequency pair can 

still work as a sub-woofer mostly producing the in-phase component, while it is working 

perfectly within the OSD frequency range. In the sub-low region, the control 
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performance deteriorates severely due to heavy regularization. However, ||X|| and hence 

the norm of the reproduced signal, is the same as that without regularization. This may 

be acceptable in binaural reproduction since the difference between the two desired 

signals is normally not so large and sometimes negligible in the very low frequency 

range. 

When slight dynamic range loss is acceptable, the regularization can be used to limit the 

amplification, and hence avoid too much dynamic range loss, without sacrificing 

robustness for other frequencies. The cross-talk performance with regularization in the 

frequency range be low/ is not as good as at the other frequencies. However, there can 

still be reasonable cross-talk suppression available. If more dynamic range loss is 

allowed, a smaller regularization parameter can be used to suppress the out-of-phase 

component in the sub-low region. The cross-talk cancellation performance in this region 

is very sensitive to the allocated dynamic range loss. Therefore, it is possible to design 

the system by selecting the required low frequency cross-talk cancellation performance. 

The amount of the dynamic range loss required by the discretisation often gives 

relatively good control performance also in the sub-low frequency region, especially 

when the discretisation is coarse. 

One might choose to allow all the dynamic range loss necessary for the full control of the 

sub-low frequency region. The overall dynamic range loss is determined by the lowest 

frequency pair, which has the largest span. As discussed in section 7.3.1, the dynamic 

range loss by the largest span is the smallest value among all other pairs. 
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7.5 Examples of a discrete system 

The design of a practical OSD system is relatively flexible and the system can be 

adopted in accordance with any particular application. 

7,5.1 "3-way" systems and more 

An example of 3-way systems with 0 < « < 2 is illustrated in Fig. 7.21 ~ Fig. 7.23. This 

example aims to ensure a condition number that is as small as possible over a frequency 

range that is as wide as possible. Therefore, the transducer spans (0) for the high 

frequency units and the low frequency units were chosen at two extreme positions which 

gives V ~ 0.7. A pair of high frequency units spanning 6.2° is chosen to cover the 

frequency range up to 20kHz (n - 1.7) while a pair of low frequency units sparming 180° 

is chosen to cover as low a frequency as possible. The span for the mid frequency units is 

32°. The driver units may, for example, be housed into 3 cabinets (with the mid and high 

frequency units in one cabinet). The dynamic range loss of about 7dB can be achieved 

with 3 pairs of units. This arrangement gives fi ~ llOHz (n = 0.3 with low frequency 

pair) and a sub-woofer may be added to deal with the range below this frequency. The 

cross-over frequencies are given by n = 0.3 and n ~ IJ (v= 0.7) for each pair of units 

and at around 600Hz and 4kHz. The far field sound pressure level produced by the 

transducer pairs becomes a maximum at the cross-over frequencies and is shown in Fig. 

7.24. Note that those around the middle of the frequency range for each transducer pair 

are as shown in Fig. 7.11. 

By limiting the amplification of the low frequency pair for frequencies below to 7 dB 

with regularisation, the low frequency units can also cover frequencies down to about 

lOOHz with reasonable cross-talk cancellation of more than 20dB and cover below 

lOOHz with reduced interaural difference (Fig. 7.25, Fig. 7.26). 
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When more dynamic range loss is allowed, it is possible to use smaller regularisation 

parameters hence low frequency cross-talk performance improves (Fig. 7.27). By 

allowing dynamic range loss of 13dB, the low frequency units spanning 180° can cover 

frequencies down to 20 Hz with more than 20dB cross-talk suppression. 

Alternatively, it is possible to use a smaller v, i.e., transducer spans to improve the 

robustness of the system in the higher frequency range at the expense of the low 

frequency cross-talk performance, there being plenty to spare in the previous example. 

An example of this strategy is described in the following section for "2-way" systems. 

As the variable transducer span is discretised more finely, e.g., by using 4-way or 5-way 

systems and so on, the smaller the width of n (±v) becomes. Hence, the system becomes 

more robust at frequencies above fi. However, the performance gain becomes smaller and 

smaller as the number of driver units is increased. Obviously, the finer the discretisation, 

the closer the design is to the principle of the continuously variable transducer span. 

However, the number of driver pairs increases and hence the trade-off between 

performance gain and cost becomes more significant. 

7.5.2 "2-way" systems 

An example of a 2-way system with 0 < « < 2 is illustrated in Fig. 7.28 and Fig. 7.30. 

This example is again designed to ensure small condition numbers over a wide frequency 

range so the transducer spans were chosen at 6.9° and 120° which gives v ~ 0.9. A 

dynamic range loss of about 18dB can be achieved with only 2 pairs of units without 

regularisation. A pair of mid-high frequency units spanning 6.9° is used to cover the 

frequency range up to 20kHz (n = 1.9) while a pair of mid-low frequency units spanning 
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120° gives a value of f i of about 20Hz (« = 0.1 with low frequency pair). The cross-over 

frequency is given by M = 0.1 and n-1.9 for each pair of units and is at around 900Hz. 

The maximum far field sound pressure level produced by the transducer pairs at the 

cross-over frequencies are shown in Fig. 7.31. Note again the sound pressures produced 

around the middle of the frequency range for each transducer pair are as shown in Fig. 

7.11. 

As discretisation becomes coarser, the more frequency regions become severely 

ill-conditioned. It is possible to reduce transducer spans to improve robustness at higher 

frequencies at the expense of the low frequency cross-talk performance. Fig. 7.32 ~ Fig. 

7.34 shows another example of a 2-way system which is obtained by omitting the pair of 

woofer units from the 3-way system (K = 0.7) described in the previous section. The 

dynamic range in this example is maintained to be the same as that in the previous 

example of the 2-way system (as in Fig. 7.28 ~ Fig. 7.30) by means of regularisation. 

The span for the high frequency units is 6.2°. The span for mid-low frequency units is 

32° which also covers the frequency range below ~ 600Hz with a cross-talk 

cancellation performance of more than 20dB. The mid-low frequency pair can also cover 

the range below 200Hz where the cross-talk cancellation performance becomes less than 

20dB. All the driver units may be housed in just one cabinet. The cross-over frequency is 

now at around 4kHz. The conditioning above fi ~ 600Hz is as good as the 3-way system 

and it can be seen that the condition number becomes very small compared to the 

previous example illustrated in Fig. 7.30. 

There is a difference in the transducer spanning to that described in reference [55]. This 

is probably due to the different approaches taken between the two research projects. The 

spanning of 6.9° and 120° are drawn as a result of discretisation from the continuous 
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variable span [A 10], while in reference [55] it was suggested that a 40° span low 

frequency pair was added to the 10° span of the "Stereo-Dipole" pair. 

7.5.3 "1-way" systems 

The coarsest discretisation is given by an example of a 1-way virtual acoustic imaging 

system with 0 < « < 2 as illustrated in Fig. 7.35 ~ Fig. 7.37. The transducer span is 7.2°. 

The benefit available is very limited for a 1-way system with this principle. Since the 

frequency range to be covered with a single pair of transducers is the whole audible 

frequency range (20Hz ~ 20kHz), the width of n is nearly ±1 (v = 0.998). The dynamic 

range loss is more than 40dB and very large condition numbers are notable in the wide 

range of low frequencies and at the high frequency end. When regularisation is used to 

limit the dynamic range loss to 18dB, the cross-talk cancellation performance below 

IkHz is less than 20dB (Fig. 7.38). 

This is not practical anyway since a practical single transducer which can be used over 

this frequency range is not available. It is possible to come to a compromise desigp to 

reduce the width of n (±v) by sacrificing the high and low frequency ranges which a 

practical full-range unit can not cover. The "Stereo Dipole" system which has a pair of 

transducers spanning 10° is one such system, limiting the independent control of binaural 

signals between about IkHz and lOkHz in effect. 

7.5.4 Comments on multi-region systems 

It is also possible to compromise further to utilise two or more regions of n. Then there is 

no distinction from conventional systems. However, it is still possible to optimise their 

performance by utilising a similar discussion to that presented above but extending it into 
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multiple regions of n. This approach is beneficial when one attempts to cover a wider 

frequency range with a smaller number of transducer pairs. The simplest example with a 

single pair of transducers utilising the regions of 0 < « < 2 and 2 < « < 4 is illustrated in 

Fig. 7.39 ~ Fig. 7.41. The frequency range of 20Hz ~ 20kHz is covered with a single pair 

of transducers spanning 14°. The required amplification is about 40dB so the example 

illustrated is regularised to 18dB dynamic range loss. It can be seen in Fig. 7.41 that the 

cross-talk cancellation performance in the low frequency range is improved from the 

1-way system in Fig. 7.38. This example shows more than 20dB cross-talk cancellation 

performance down to about 400Hz (which was IkHz in Fig. 7.38). However, there is an 

unusable region around lOkHz {l+v<n<3-v) where the system has little control and is 

not robust. 

It may be an idea to match this unusable region to the frequencies where HRTFs have 

minima (||C|| is small) since inversion of minima requires further amplification in H and 

dynamic range loss. In addition, the position of minima in the higher fi-equency range 

can vary considerably between individuals. Therefore, it may not be practical to provide 

inversion around these frequencies where the HRTFs used for filter design have minima. 

7.6 Considerations for cross-over filters and inverse filters 

Cross-over filters (low pass, high pass or band pass filters) are used to distribute signals 

of the appropriate frequency range to the appropriate pair of driver units of the discrete 

(multi-way) "OSD" system. Since an ideal filter which gives a rectangular window in the 

frequency domain can not be realised practically, there are fi-equency regions around the 

cross-over frequency where multiple pairs of driver units are contributing significantly to 

the synthesis of the reproduced signals w. Therefore, it is important to ensure this 

"cross-over region" is also within the region of this principle. 
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7.6.1 "2 by 2" plant matrix 

If the plant matrix C is obtained when including a cross-over network as illustrated in 

Fig. 7.42, it consists of a single 2 by 2 matrix of electro-acoustic transfer functions 

between two outputs of the filter matrix H and two receivers that contain the responses 

of the cross-over networks and the interaction between different pairs of driver units 

around the cross-over frequency. The plant matrix C for inverse filter design can also 

contain the transducer responses and the acoustic response of the human body and the 

surrounding environment. The obtained 2 by 2 inverse filter matrix H designed from this 

plant matrix C automatically compensates for all those responses contained in order to 

synthesise the correct desired signals at the listener's ears. 

7.6.2 Multiple "2 by 2" plant matrix 

Alternatively, one can design inverse filter matrices Hi, H2, ... for plants Ci, C2, ... of 

each pair of driver units (Fig. 7.43). The cross-over filters for each pair of driver units 

ensure that the signals contain the corresponding frequency range of the signals for the 

particular pair of units. In this case, around cross-over frequencies, a virtual acoustic 

environment is synthesised with two different inverse filter matrices. Since both 

reproduced signals at the ears synthesised with both pairs of driver units are correct, the 

correct desired signals are reproduced at the ears as a simple sum of those two (identical 

but different in level) desired signals, provided that the cross-over filters behave well. 

Since the system inversion is now independent of the cross-over filters, the cross-over 

filters can also be applied to signals prior to the input to the inverse filters which can be 

after(Fig. 7.43b) or even before the binaural synthesis. 
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7.6.3 "2 by (2 x multiple)" plant matrix 

It is also possible to obtain the plant matrix C as a 2 by (2 x m) matrix where m is a 

number of driver pairs (Fig. 7.44). The system is underdetermined and a (2 x m) by 2 

matrix of the pseudo inverse filter matrix H is given by 

H = C"[CC"+pl]"' 

(7.20) 

where is a regularisation parameter. This solution ensures that the "least effort" 

(smallest output) of the transducers is used in providing the desired signals at the 

listener's ears. The net result is similar to the case with a single 2 by 2 plant matrix 

inversion described in section 7.6.1. 

7.6.4 Type of filters 

hi any case, the cross-over filters can be passive, active or digital filters. Obviously, 

when the cross-over filters are applied prior to the inverse filters, they can also be applied 

prior to the binaural synthesis filters A in Fig. 2.3. If they are digital filters, they can also 

be included in the same filters which implement the system inversion in the exactly the 

same way as the filters for binaural synthesis. As Eq. ( 7.15 ) suggests, the inverse filter 

matrix H can also be realised as analogue (active or passive) filters when the "OSD" 

principle is approximated reasonably well by means of fine discretisation or an ideal 

variable transducer such as that depicted in Fig. 7.14 and Fig. 7.15. 

7.7 Comments on multi-channel systems 

When the cross-over filters are not used, then the problem becomes a conventional 

multi-channel system, contrary to the "OSD" system which is a multi-way 2-channel 
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system. In this case where w is a number of driver pairs, the plant matrix is again a 2 by 

(2 X m) matrix of electro-acoustic transfer functions between (2 x m) outputs of the filter 

matrix H and 2 receivers where (2 x m) is the number of channels. The pseudo inverse 

filter matrix H is given by Eq. (7.20). The obtained inverse filter matrix H is a (2 x m) by 

2 matrix which distributes signals automatically to different drivers so that least effort is 

required. As an example, the magnitude of the elements of H (|Hmn(j^l) which has 6 

channels of transducers at the same position as the drivers used for the examples of the 

3-way "OSD" systems with v = 0.7 (Fig. 7.21 ~ Fig. 7.27) are plotted in Fig. 7.45. The 

property of multi-channel inversion is beneficial in that frequencies at which there are 

problems such as ill-conditioning and minima of HRTFs are automatically avoided. On 

the other hand, with the absence of the cross-over filters, multi-channel systems do not 

have some of the merits of the "OSD" system. 

One of the important advantages is that of the "OSD" system being a multi-way system. 

The inversion of multi-channel systems ensures that most of the lower frequency signals 

are distributed to the pair of units with larger span since the condition nimibers of the 

pair are always smaller than the loudspeaker pairs with smaller span at low frequencies. 

However, some of the higher frequency signals are also distributed to the pairs of units 

with larger span since there are a number of frequencies for which the larger span gives a 

smaller condition number due to its periodic nature. This requires the pairs with larger 

span to produce a very wide frequency range of signals, which is not practical. 

Another merit of the "OSD" system, which being a 2-channel system, is also lost in a 

multi-channel system. Only two independent output signals, hence only two channels of 

amplifiers, are required for a passive cross-over "OSD" system whereas the same 
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number of channels of amplifiers as number of driver units are always required for a 

multi-channel system. 

7.8 Objective evaluation of the discrete system 

The main objective here is to realise practical working systems with the OSD principle 

and investigate its performance. The plant matrix C was measured and the practical filter 

matrix H was designed. 

7.8.1 Experimental Procedure 

The design of a practical OSD system is relatively flexible and the system can be 

adopted in accordance with particular application. Among a number of practical 

examples described in Section 7.5, the equally discretised 3-way system and the 2-way 

system whose discretisation is biased towards high frequencies were realised for the 

evaluation. The reason for the choice was that these two different systems can be realised 

without changing the position of driver units. 

The three way system was designed to ensure a condition number that is as small as 

possible over a frequency range that is as wide as possible, as illustrated in Fig. 7.21, Fig. 

7.22, and Fig. 7.26. The sub-low region was also covered by the low frequency pair. 

The 2-way system is obtained by omitting the lowest frequency units from the 3-way 

system (Fig. 7.32 ~ Fig. 7.34). The units spanning 32° now cover mid-low frequencies 

which also covers the sub-low region. For comparison purposes, the "Stereo Dipole" 

(SD) system described in Chapter 2 was also realised as an example of a conventional 

1-way system. 
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Each driver unit covering a different frequency range was chosen to ensure similar 

characteristics as far as possible. These drivers were enclosed by closed cabinets 

mounted on a circular steel frame which was in the horizontal plane including the 

interaural axis. This ensured the accurate alignment of the units and the listener's head 

(Fig. 7.46). The distance between the units and the centre of the head (at the intersection 

of interaural axis and median plane) was set to 1.4m. 

Among the choice of cross-over filter types described in Section 7.6.4, passive 

cross-over networks were used. Their cut-off frequencies were 450Hz/3500Hz for the 

3-way system and 3500Hz for the 2-way system. 

The plant matrix C was obtained using a maximum length sequence (MLS) measurement 

technique with the KEMAR dummy head microphones with a sampling frequency of 

88.2kHz in an anechoic chamber. The data were down sampled to 44.1kHz. The model 

DB-061 was used for the left pinna and the model DB-065 was used for the right pinna 

to obtain two sets of plant matrices. However, the data obtained with DB-065 was used 

for the later evaluation. The free field response of each loudspeaker system was also 

measured with a free field microphone. 

Among a number of methods described in Section 7.6, the inverse filter matrix H was 

designed from a single 2 by 2 plant matrix as in Section 7.6.1. This is because it could 

exclude a number of additional factors which could potentially affect the performance 

such as the effect of cross-over filter response, the effect of the driver units' response, 

and the effect of interaction between two different frequency unit pairs around cross-over 

frequency regions by including all of them within the plant matrix to be inverted. This 

174 



may not necessarily be the best way of realising the practical system but would enable 

the fimdamental investigation of these different systems. More detailed descriptions of 

the experimental procedure can be found in [52]. 

7.8.2 Results 

The fi-equency responses of the loudspeaker system for the 3-way, the 2-way, and the SD 

system are shown in Fig. 7.47. In general, each system had a reasonably good response 

within the operating frequency range. The SD and the 2-way system start loosing their 

low frequency response earlier than the 3-way system. The slope is the steepest for the 

SD. For the high frequency end, the 3-way and the 2-way loudspeakers have much better 

response, more specifically a reasonably good response up to about 16kHz, compared to 

the SD system whose output is up to about lOkHz. Being a single driver system, it is 

inevitable that the loudspeakers for the SD have narrower operational frequency range. 

This is a fimdamental but one of the important advantages of the OSD system. 

The plant responses including loudspeaker responses and HRTFs of these three systems 

are shown in Fig. 7.48. This reveals two characteristic notches in the response due to the 

KEMAR head and pinna around 3.2kHz and 8kHz in addition to the loudspeaker 

responses. It should be noted that analysis in previous chapters assumes flat (free field) 

plant response. Therefore, each plant response induces additional load to the system 

inversion. The frequencies where the plant response is low compared to its peak 

frequencies could not be expected to show good control performance. The OSD system 

has advantages over the SD system in this respect as well, having relatively uniform 

plant response over a wide frequency range. 
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The practical inverse filter matrix H was designed firom these plant measurements with a 

method described in [29] and the elements of the resulting control performance matrix 

X = CH are shown in Fig. 7.49. Even though ||X|| is ensured to be unity (OdB), the 

degradation of control performance (independent control of two binaural signals) can 

clearly be seen by the decrease in diagonal elements (Xn, X22) and, especially, by the 

increase of non-diagonal terms (noise (cross-talk), X12, X21). The firequency range where 

signal to noise ratio was more than lOdB was between 50Hz and 16kHz for the 3-way 

OSD system, between 130Hz and 16kHz for the 2-way OSD system, but only between 

400Hz and 8kHz with a number of non-controlled frequencies above 4kHz for the SD 

system. It should be noted that much better cross-talk supression than lOdB is required to 

control binaural signals correctly where the cross term (noise) input level can be 

significantly larger than the diagonal term input level at the contra lateral ear in most 

cases. Bearing this in mind, the frequency range where signal noise ratio was more than 

40dB was between 350Hz and 15kHz. for the 3-way OSD system, 700Hz and 15kHz by 

the 2-way OSD system, but IkHz and 4kHz for the SD system. It should however be 

noted that having no control does not mean there are no reproduced signals since ||X|| is 

unity at most of the frequencies. It just means that the binaural signals are not fed to each 

ear independently. It is also noted that the good control performance with the SD is 

available around the frequency where the frequency-span relationship of the OSD 

principle is fulfilled, not in the region where the dipole approximation holds as its name 

suggests. 

7.9 Subjective evaluation 

A series of subjective evaluations were carried out in order to investigate the 

performance of the OSD systems. The SD system was used again as a reference. The 
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inverse filters were implemented with a digital signal processor. Twelve young adults 

who all had normal hearing with no history of hearing problems, served as paid 

volunteers. The evaluation was performed in an anechoic chamber. 

7.9.1 General impression 

First, a number of binaural recordings were played to listeners with the 3-way OSD 

system, the 2-way OSD system, and the SD system. These were recorded with the 

Aachen Head from Head Acoustics and Neumann KU 100. Because of the wider 

operational frequency range and greater dynamic range of the OSD systems, the 

improvement in sound quality was significant compared to the SD system, hi addition, 

the spatial impression was very different. The OSD system was reported to give the 

stronger impression of being "in" the sound environment. The 3-way OSD system 

clearly gave the best impression among the three. It is supposed that better and robust 

control performance over a wider frequency range probably leads to better synthesis of 

time and frequency domain localisation cues, which then gave the better spatial 

perception. 

7.9.2 Localisation experiment 

A systematic localisation test was carried out to investigate the difference in spatial 

perception further. The 3-way OSD system and the SD system were used for this detailed 

investigation. Presentation of a single incident sound wave from various directions is 

investigated as it is the very basic element consisting of a complex sound environment. 

Pink noise was used as the source signal because of its flat response on a logarithmic 

frequency scale. The HRTF database measured at MIT Media Lab [38] was used for the 

binaural filters A. 
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An adjustable chair and a small head-rest were used in order to ensure the head of the 

listener was positioned correctly regardless the inter-subject difference in body size. It is 

believed that the subject's head was always within ±10mm of the correct position. The 

headrest constrained head movement very well, especially the rotational movement 

which could give false localization cues to subjects. A spherical grid made of thin metal 

wires surrounded the subject's head in order to give a guide to work out coordinates of 

perceived directions (Fig. 7.50). The grid is painted in light blue and formed a vertical 

polar coordinate system with a radius of Im. The subjects were expected to be more 

familiar with this coordinate system compared to the interaural polar coordinate system. 

There were wires every 15° that were labelled with red numbers for azimuth and blue 

numbers for elevation directions. It was found in preliminary experiments that the 

subjects can produce a large error when they report a direction without seeing the 

reference coordinate system. The magnitude of the error in reporting the coordinate is as 

large as 40° especially when the direction is in the rear hemisphere. The visible 

coordinate reference reduces this error down to about 5° at the expense of increasing 

visually related error mainly in the front hemisphere where localisation accuracy is much 

finer than 5°. A thin black acoustically transparent fabric surrounded the subject 

supported by the wires in order to minimize the effect of visual information. The subjects 

could not see anything outside the screen. 

A set of 59 stimuli of pink noise with synthesized direction with a duration of 2 seconds 

each with a gap of 0.5s were presented prior to each set of tests. The directions used were 

different from those used for the later localization test. The sequence of the stimuli was 

consistent with vertical polar coordinate system. The purpose of this session is to let 

subjects become familiar with the sound source signal and sound environment both of 
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which are extremely unusual to them. After a short break, a set of localisation tests were 

performed. 

Each stimulus consisted of a reference signal and a test signal. A reference signal was 

presented at 0° azimuth and 0° elevation, i.e., directly in front of the listener before each 

test signal. Both signals had the same sound source signal with durations of 3 seconds for 

the reference signal and 5 seconds for the test signal with a gap of 3 seconds in between. 

Directions shown in Fig. 7.51 were chosen for the presentation ensuring equal sampling 

density from all spherical directions except downwards. They were selected so that each 

of them is approximately on one of the cones of constant azimuth directions at -80°, -60°, 

-40°, -20°, ±0°, +20°, +40°, +60°, or +80° in the interaural polar coordinate system. If 

there were two directions symmetric with respect to the median plane, one of them was 

omitted to reduce the test duration. Filled circles represent the directions that were used 

for the localisation tests. The directions that were omitted are denoted by open circles, hi 

order to avoid the effect of presentation order, the order of presentation was randomised. 

The reference signal not only cancelled the order effect, but also gave subjects prior 

knowledge of the sound source signal spectrum that is important for the monaural 

spectral cue. 

The subject was instructed to look straight ahead and not to move the head nor body 

while the stimuli were presented in order to avoid introducing dynamic cues that relate to 

head movement. The subject's movement was monitored by the experimenter to ensure 

the instruction was obeyed. The subject's head was not physically fixed but the subjects 

were instructed to lean against the headrest. The subject was instructed to turn his head 

after each test stimulus had stopped to evaluate the direction of the sound and state this 

to the experimenter. The stimuli, a set of reference and test signals, were repeated when 
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subjects had difficulty in making a judgement. The subjects were allowed to choose 

more than one direction when they perceived two or more separate directions of sound. 

However, there were only a few cases where such judgement occurred. 

7.9.3 Results 

The following results use interaural polar coordinates throughout since it coincides with 

the characteristics of the human auditoiy function. The cones of constant azimuth 

roughly represents the cone of confusion where the interaural time difference is constant. 

This similarity does not hold where the azimuth is very large. 

The perceived virtual sound source directions are shown in Fig. 7.52. Filled circles 

represent the directions that are perceived and its size represents the number of 

occurrences of the perceived direction. The presented directions are denoted by open 

circles. Fig. 7.52a shows the results for the OSD system. The responses are evenly 

spread over various directions except the region above the head. Fig. 7.52b shows the 

results for the SD system. Contrary to the OSD system, the responses are clustered 

around the elevated directions at moderate azimuth directions and directly behind the 

listener. There are significantly more perceptions in front than in the rear. 

Fig. 7.53 shows the relation between the presented azimuth direction and the perceived 

mean azimuth direction for each individual subject (star marker). The overall perceived 

mean azimuth direction is also plotted (square marker). The dash-dot line shows the 

relation where presented and perceived directions are the same. The OSD system showed 

much better azimuth localisation performance for most of the subjects especially towards 

large azimuth directions. There was little difference in standard deviation between two 
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systems within each subject. The standard deviation among the subjects is very large for 

the SD system at most of the azimuth directions except 0° azimuth whereas it is very 

small for the OSD system. This means the OSD system is robust against errors due to 

individual differences. The error for the OSD system is not much larger than the 

discrepancy between the cone of constant azimuth and the cone of concision. The OSD 

system shows slightly larger azimuth response around 30° azimuth. 

Fig. 7.54 shows the relation between presented elevation direction and perceived 

elevation direction for all subjects. The solid line shows the relation where presented and 

perceived directions are the same. The dashed line shows a symmetric direction with 

regard to the frontal plane. Therefore, the responses due to front-back confusion fall 

around this dashed line. The data with ±80° azimuth directions are omitted because the 

cone of constant azimuth and the cone of confusion are so different at this high azimuth 

that there is little relevance in elevation direction. The data on the median plane are also 

omitted from this plot since they showed a completely different tendency from the other 

azimuth directions. 

There were relatively small differences in performance between two systems. In general, 

the performance was poor with large random errors. However, the tendency is slightly 

biased towards the horizontal plane for both systems. One of the many reasons is that 

when localisation cues for elevation perception are ambiguous, the response tends to fall 

around the horizontal plane. Nevertheless, this bias towards the horizontal plane was 

slightly less significant for the OSD system. The SD system also has stronger bias error 

towards the upper hemisphere. On the contrary, the error for the median plane data 

showed strong bias towards the horizontal plane rather than random error. 
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Fig. 7.55 shows the rate of back to front reversals and front to back reversals for each 

individual subject. The SD shows much more back to front reversals than the OSD. The 

OSD shows slightly more front to back reversals than the SD. The rate for back to front 

reversals and front to back reversals are about balanced around 15% average for the OSD 

system, but for the SD, there are much more back to front reversals (average 23%) than 

front to back reversals (average 10%). A notable remark is that elevation (including 

front-back) errors by the SD are large bias errors contrary to smaller random errors by 

the OSD. 

The average angular errors, defined as the angle measured on a great circle between 

presented and perceived directions, are shovm in Fig. 7.56. The OSD system showed 

smaller errors for all the subjects apart from subject 12. The mean error was 32.4° for the 

OSD system and 37.7° for the SD system. 

7.10 Conclusions 

Analysis with a free field model and more realistic plant matrix with head related fransfer 

fimctions reveals a number of fimdamental problems related to multi-channel sound 

confrol with system inversion such as binaural synthesis over loudspeakers. A principle 

of 2-channel (binaural) sound confrol with loudspeakers is proposed which overcomes 

the fundamental problems with system inversion by utilizing a variable transducer span. 

Practical ways to tackle the sub-low frequency region where the frequency-span 

relationship is remote from the optimal are also described. 

The proposed principle has various advantages. No dynamic range loss due to system 

inversion directly means good signal to noise ratio but also leads to less distortion and 
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longer life of transducers. The robustness to errors has advantages in many respects, e.g. 

incorrect inverse filters due to restriction of hardware resources, differences between 

individuals or products, and the misalignments that are inevitable in practical use. The 

directivity of sound radiation reduces the chance of the 3D effect being destroyed by 

reflections from surrounding objects. The system inversion does not result in coloration 

because of the flat response of the inverse filters, and this adds practicality by enabling 

the listener to enjoy the reproduced sound signals even outside the "sweet region". As a 

natural consequence of this, the reflections or reverberation of the room are not coloured 

either. 

The practical system can be realised in a number of ways including discretising the 

theoretical continuously variable transducer span that results in multi-way sound control 

system. The discretisation enables the use of conventional transducer units and 

cross-over filter networks. The relationship between the position of a driver unit and the 

frequency region to be covered can be determined easily. Further developments to realize 

ideal continuously distributed transducer will be beneficial to improve the performance 

of such systems. 

The objective evaluation of the realised discrete OSD systems revealed many practical 

advantages as well as confirmed the superiority of the principle itself Due to wider 

operational frequency range and much smaller dynamic range loss, the improvement in 

sound quality was obvious. The subjective evaluation confirmed the superiority of the 

principle in terms of spatial perception. 
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Fig. 7.1 Geometry of a 2-source 2-receiver system under investigation. 
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Fig. 7.2 Norm and singular values of the inverse filter matrix H a s a function of A:Arsin0. a) 

Logarithmic scale, b) Linear scale. 
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Fig. 7.4 Dynamic range loss as a function of source span. 
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Fig. 7.5 Condition number K(C) as a function of n. a) Logarithmic scale, b) Linear scale. 
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8 Elevated control transducers 

8.1 Introduction 

T h e d e v e l o p m e n t o f b o t h the "Stereo D i p o l e " a n d the " O p t i m a l Source D i s t r i b u t i o n " 

v i r t u a l acoustic i m a g i n g systems deal t w i t h the a z i m u t h locat ion o f the contro l 

transducers. I n the past, the e l e v a t i o n loca t ion o f transducers f o r b inaura l reproduct ion 

over loudspeakers has r e c e i v e d e v e n less a t tent ion t h a n the a z i m u t h locat ion. I n m o s t o f 

the past research, the transducers are u s u a l l y p l a c e d o n the hor i zon ta l p lane that includes 

the l is tener 's head. T h i s c o n v e n t i o n is p r o b a b l y adapted from convent iona l s tereophony 

f o r w h i c h the v i r tua l images are p e r c e i v e d at the same e levat ion as the transducers. S ince 

the m a j o r i t y o f the sound sources i n e v e r y d a y l i f e are o n the hor i zon ta l p l a n e , as a 

consequence o f the fact that m o s t objects are o n the ground, p l a c i n g transducers o n the 

h o r i z o n t a l p lane w a s a natura l choice . H o w e v e r , since the b inaura l techn ique enables i n 

p r i n c i p l e the synthesis o f sound w a v e s from a n y d i rec t ion , there is n o reason to restrict 

the t ransducer pos i t ion to the h o r i z o n t a l p lane . 

T h e o b j e c t i v e o f this C h a p t e r is to p o i n t out that b i n a u r a l synthesis over loudspeakers can 

also b e m a d e to operate r e m a r k a b l y e f f e c t i v e l y w h e n the contro l transducers are no t i n 

the h o r i z o n t a l p lane i n front o f the l istener. I t has b e e n s h o w n that the most s igni f icant 

error i n b inaura l reproduct ion is front-back confus ion . I n cases o f loudspeaker synthesis, 

this o f t e n results i n b ias error w h e r e a rear i m a g e is p e r c e i v e d i n front, i .e . , t o w a r d s the 

cont ro l t ransducer d i rec t ion ( C h a p t e r 4 ) . W h e n the transducers are p l a c e d a r o u n d the 

frontal p l a n e , this bias error is expec ted to b e u n l i k e l y , b e i n g at the border o f the front 

a n d rear hemisphere . 

I n o rder to f i n d out the character ist ics o f va r ious e leva t ion posi t ions o f the contro l 

t ransducers, a n analysis o f the spectral cues a n d d y n a m i c cues has b e e n p e r f o r m e d . 
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Posi t ions i n the frontal p lane above the l istener 's h e a d are f o u n d to be p r o m i s i n g as a n 

a l ternat ive cont ro l t ransducer locat ion. A subject ive e x p e r i m e n t is p e r f o r m e d i n order to 

c o m p a r e b e t w e e n t w o a l ternat ive contro l t ransducer locat ions, 0° e l e v a t i o n a n d 9 0 ° 

e levat ion . 

8.2 Inversion of the plant 

W h e n the p lan t is inver ted , peaks and dips i n the p l a n t t ransfer funct ions are suppressed 

or filled b y the inverse filters i n order to ach ieve the synthesis o f the desired s ignal 

spectra. T h e r e f o r e , a cer ta in a m o u n t o f d y n a m i c range is lost th rough this process, i .e. 

th rough the c o m p e n s a t i o n o f the p lan t response. I n this respect, a flat p lan t response is 

p re fe rab le to that w i t h s igni f icant peaks a n d dips. F u r t h e r m o r e , it has also been revea led 

that the m i s m a t c h b e t w e e n the i n d i v i d u a l p lant H R T F s and the design p l a n t H R T F s o f ten 

results i n the synthesis o f the w r o n g spectra ( C h a p t e r 4 ) . T h e m i s m a t c h is m o s t l i k e l y to 

happen w h e r e notches exist w h o s e pos i t ion can v a r y cons iderab ly a m o n g ind iv idua ls and 

are hence less l i k e l y to be cance l led out p roper ly . T h e r e m a y b e s o m e e leva t ion 

direct ions w h e r e the i n v e r s i o n o f the p lant is easier t h a n i n the other direct ions. T h e r e f o r e , 

the p l a n t responses f o r the " O p t i m a l Source D i s t r i b u t i o n " and the " S t e r e o D i p o l e " 

system w e r e m e a s u r e d i n order to study this possib i l i ty . 

T h e e x p e r i m e n t a l p r o c e d u r e is fimdamentally the same as that descr ibed i n Sect ion 7 . 8 . 1 , 

except that the c i r c u l a r steel frame o n w h i c h the cont ro l transducers w e r e m o u n t e d w a s 

rotated a r o u n d the in teraura l ax is at 1° increments from - 1 8 0 ° e leva t ion to 180° e leva t ion 

i n order to ob ta in the p lants f o r var ious e l e v a t i o n direct ions (F ig . 8 .1 ) . T h e r e are gaps o f 

10° i n the regular s a m p l i n g i n the direct ions cent red o n - 8 5 ° and 9 5 ° due to the requ i red 

size a n d shape o f the transducers a n d the r ing. T h e data ob ta ined w i t h D B - 0 6 5 w a s used 
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for the e v a l u a t i o n a l though another set o f data w a s obta ined w i t h D B - 0 6 1 . F i g . 8 .2 shows 

the frequency response o f the p lant H R T F s o f the O S D system a l o n g the d i f ferent 

e levat ions. T h e r e are several dist inct d ips seen i n the frequency response above 5 k H z . 

T h e frequencies g i v i n g the dips goes u p as the e levat ion o f the cont ro l transducers 

becomes larger ( i n the " u p " d i rect ion) i n the front hemisphere , then goes d o w n aga in as 

the e leva t ion con t inuous ly becomes la rger ( i n the " d o w n " d i rect ion) . T h e frequencies 

associated w i t h these dips are r o u g h l y s y m m e t r i c w i t h respect to the frontal p lane , and 

hence are l i k e l y to b e a source o f the front and b a c k reversals. O n the other hand , they 

are d is t inc t ive ly d i f f e r e n t i n the v e r t i c a l d i rec t ion . There fo re , u p - d o w n reversal is 

expected to be m u c h less l i k e l y to h a p p e n t h a n the front-back reversa l from the 

v i e w p o i n t o f the s i m i l a r i t y o f the spectral shapes. 

I n general , the response is stronger i n the front h a l f t h a n i n the rear ha l f . T h e response at 

the rear b o t t o m quar ter has numerous d ips a n d genera l ly is w e a k e r , a n d therefore , this 

reg ion seems to be less usefu l as a cont ro l t ransducer locat ion. O n the other hand, the 

reg ion a r o u n d 9 0 ° e l e v a t i o n ( b e t w e e n 6 0 ° a n d 1 2 0 ° e levat ions) d r a w s a t tent ion since the 

p lant has a r e l a t i v e l y flat s m o o t h response w i t h o u t a n y p r o m i n e n t dips. T h i s 

characterist ic o f the p l a n t response is a n add i t iona l and p h y s i c a l l y supported benef i t to 

jus t b e i n g o n the border o f the frontal a n d rear hemispheres . A d r a w b a c k o f the overhead 

pos i t ion is that h i g h frequency response a b o v e 1 2 k H z is w e a k e r than that f o r the 

direct ions t o w a r d s the front. 

T h e frequency response o f the p lan t o f the S D sys tem a long d i f fe ren t e levat ions is s h o w n 

in F ig . 8 .3 . T h e genera l t endency is the same as the O S D system, except that the control 

transducers f o r the S D system have less response above 1 2 k H z . I n fact , the e levat ion 

dependency o f the s p e c t r u m shape is r e l a t i v e l y s teady regardless the a z i m u t h direct ion. 
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T h i s can be seen i n F ig . 5 . 1 8 a n d F i g . 5 . 1 9 s h o w i n g the response o n ± 5 0 ° a z i m u t h 

d i rec t ion as w e l l as the response a l o n g the direct ions o n the m e d i a n p lane (F ig . 8 .4 ) . T h e 

m o s t not iceab le a z i m u t h d e p e n d e n c y is that the slope f o r m e d b y the d ip in frequency 

response as the e l e v a t i o n changes becomes sha l lower as the sound source m o v e s a w a y 

from the m e d i a n p lane . 

T h e c o n d i t i o n n u m b e r s for the p l a n t m a t r i x o f the O S D a n d S D system are s h o w n i n F i g . 

8 .5 . F i g . 8 . 5 a suggests that the frontal hemisphere is the bet ter locat ion for the cont ro l 

transducers a l though there m a y b e a consequence that the discret isat ion o f the ideal O S D 

w a s o p t i m i s e d f o r the f ronta l hemisphere . F ig . 8 . 5 b suggests a s imi la r result a l though the 

p ic ture is smeared b y the n o n - c o n t r o l l e d reg ion inherent i n the S D system around the 

l O k H z to 1 2 k H z . I t is w o r t h n o t i n g that this i l l - c o n d i t i o n e d frequency coincides w i t h the 

characterist ic dips w i t h e l e v a t i o n dependency at a r o u n d 0 ° a n d ± 1 8 0 ° e levat ions 

(hor i zon ta l p lane ) . T h i s m a y e x p l a i n the stronger t e n d e n c y b y the S D system o f bias 

error t o w a r d s the hor i zon ta l p lane . 

8.3 Dynamic cues 

I t is also k n o w n that w h e n the l istener has a m b i g u i t y i n j u d g i n g w h e t h e r the sound is 

from front or from the rear w i t h spectral cues, h e m a y m a k e use o f the d y n a m i c change 

o f cues w i t h respect to head m o v e m e n t . F i g . 8 . 6 shows the in teraura l t i m e d i f fe rence 

( I T D ) i n con junc t ion w i t h the y a w rota t iona l m o v e m e n t , w h i c h is l i k e l y to be used f o r 

front-back d iscr imina t ion . I n add i t ion , the y a w ro ta t ion is b y fa r the m o s t l i k e l y f o r m o f 

m o v e m e n t i n the course o f the ob ject loca l isa t ion process b y a l l the senses i n c l u d i n g 

v is ion . T h e I T D is ca lcu la ted i n the same w a y as that descr ibed i n Sect ion 5 .2 .2 . T h e 

sound source is o n the m e d i a n p l a n e at the e levat ions from 0 ° to 9 0 ° w i t h 10° increments . 
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T h e I T D s g i v e n b y the y a w ro ta t ion o f the head f r o m - 1 8 0 ° to 180° are p l o t t e d i n order to 

i l lustrate the I T D change b y the sound sources i n the upper hemisphere . T h e I T D change 

due to the sound sources i n the l o w e r hemisphere shows a s imi la r t endency but is not 

i l lust ra ted here. T h e slopes o f the I T D curves s h o w the d y n a m i c change o f I T D i n 

accordance w i t h its e levat ion . M o s t o f the f ronta l source direct ions p r o d u c e negat ive 

change a n d rear direct ions corresponds to posi t ive change. 

W h e n the contro l transducers are at 0 ° e leva t ion ( i n f ront o n the hor i zon ta l p lane) , as has 

been u s e d i n m a n y tr ials, the y a w rota t iona l m o v e m e n t a l w a y s produces a negat ive 

change o f I T D s , m o r e spec i f ica l ly , a nega t ive v a l u e cor responding to the f ronta l source 

at 0 ° e leva t ion . T h i s is i l lustrated i n F i g . 8 . 7 a s h o w i n g a n e x a m p l e o f the I T D change due 

to a y a w rota t ion fi-om - 4 0 ° to 4 0 ° . H o w e v e r , w h e n the cont ro l transducers are at 9 0 ° 

e l e v a t i o n ( o n the f r o n t a l p lane ) , the y a w rota t iona l m o v e m e n t does not p roduce a n y I T D 

change ( F i g . 8 .7b ) , w h i c h is o n l y the case w h e n the sound source is d i rec t ly above or 

b e l o w the h e a d i n the rea l acoustic e n v i r o n m e n t . T h e r e f o r e , e v e n t h o u g h i t does not g ive 

add i t iona l i n f o r m a t i o n to reso lve the front-back a m b i g u i t y , i t w i l l not g i v e " w r o n g " cues 

that m a y resul t i n systemat ic b ias error ( i n this e x a m p l e , b ias towards the front). 

T h e h e a d m o v e m e n t should b e restr icted, i n p r inc ip le , fo r the synthesis o f v i r tua l 

acoust ic env i ronments unless the confro l f i l ters are ad justed accord ing to the head 

m o v e m e n t . H o w e v e r , there w i l l o f t e n b e some uncont ro l l ab le h e a d m o v e m e n t or errors 

i n ad jus t ing the cont ro l f i l ters i n accordance w i t h the h e a d m o v e m e n t , especia l ly i n 

pract ica l condi t ions. T h e r e f o r e , p l a c i n g the contro l transducers i n posi t ions i n the frontal 

p lane , espec ia l ly i n the upper hemisphere ( above the h e a d ) , has a n advantage over other 

locat ions. 
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8.4 Other considerations 

I t is a k n o w n p h e n o m e n o n that w h e n a l istener has a m b i g u i t y i n j u d g i n g the height o f the 

sound source, h u m a n s t e n d to take direct ions i n the hor i zon ta l p lane as a defaul t , since 

this is m o s t l i k e l y to h a p p e n i n the rea l acoustic e n v i r o n m e n t . T h e r e f o r e , concern about 

bias percept ion i n the u p - d o w n d i rec t ion w o u l d be s o m e w h a t re laxed. 

W h e n v i r tua l v isua l i n f o r m a t i o n as w e l l as acoustic i n f o r m a t i o n is to b e presented to the 

subject , i t is pre ferab le to a v o i d the existence o f the transducers i n the l istener 's sight. 

T h i s is especia l ly i m p o r t a n t f o r systems that a i m to present v i r tua l v isua l i n f o r m a t i o n 

over the w h o l e f i e l d o f v i s i o n o f the l istener. T h i s i m p l i e s that e leva t ion direct ions 

b e t w e e n - 9 0 ° and 9 0 ° are best a v o i d e d (F ig . 8 .8 ) . 

I t has been s h o w n that the area w h e r e the contro l is reasonably g o o d extends a re la t i ve ly 

large radius a l o n g the d i rect ions perpend icu la r to the in teraura l axis (Chapte r 5 ) . T h i s 

character ist ic is somet imes used i n order to present to m u l t i p l e l isteners a l igned o n the 

m e d i a n p lane . W h e n the h e a d pos i t ion is d isplaced f r o m the o p t i m a l pos i t ion a l o n g 

direct ions perpend icu la r to the t ransducer direct ions o n the m e d i a n p lane , i t produces 

errors due to the change i n e l e v a t i o n direct ion. I n such a case, the frequency response o f 

the p lan t changes cons iderab ly a r o u n d 0 ° whereas i t does no t a r o u n d 9 0 ° e levat ion, as 

seen i n F i g . 8 . 2 ~ F i g . 8 .4 . 

8.5 Subjective experiments 

T h e analysis above s t rongly suggests that 9 0 ° e l e v a t i o n ( i n the frontal p l a n e i n the upper 

hemisphere ) seems to have several advantages a n d p rov ides a possible a l ternat ive to the 

usua l loca t ion at 0 ° e l e v a t i o n ( i n the hor i zonta l p lane i n front). A p a i r o f subject ive 
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evaluat ions w e r e car r ied out i n order to c o n f i r m this observat ion. A local isat ion 

e x p e r i m e n t fo r the O S D system is carr ied out f o r b o t h 0 ° e leva t ion and 9 0 ° e levat ion. 

A n o t h e r loca l isat ion e x p e r i m e n t w i t h false d y n a m i c i n f o r m a t i o n induced b y a head 

ro ta t ion is also car r ied out. T h e e x p e r i m e n t a l p rocedure is ftindamentally the same as that 

descr ibed i n Sec t ion 7 .9 . T h r e e y o u n g adults w h o a l l h a d n o r m a l h e a r i n g w i t h no h is tory 

o f h e a r i n g p r o b l e m s , served as p a i d volunteers. 

8 . 5 . 1 L o c a l i s a t i o n p e r f o r m a n c e w i t h t h e c o n t r o l t r a n s d u c e r s a b o v e t h e h e a d . 

T h e p e r c e i v e d v i r t u a l sound source direct ions are s h o w n i n F i g . 8 .9 . F i l l e d circles 

represent the direct ions that are pe rce ived a n d its size represents the n u m b e r o f 

occurrences o f the p e r c e i v e d d i rect ion . T h e presented d i rect ions are denoted b y o p e n 

circles. F i g . 8 . 9 a shows the results f o r the 0 ° e l e v a t i o n cont ro l transducer locat ion. T h e 

responses are c lustered t o w a r d s the hor i zon ta l p l a n e ( 0 ° a n d ± 1 8 0 ° e levat ion) . T h e r e is 

l i t t le percept ion i n the r e g i o n above a n d b e l o w the head. F i g . 8 .9b shows the results for 

the 9 0 ° e l e v a t i o n cont ro l t ransducer locat ions. T h e responses are m o r e e v e n l y spread 

o v e r var ious e levat ions. Never the less , a cluster a r o u n d 8 0 ° (near the transducer 

e leva t ion ) is n o t e d as w e l l as that o f a r o u n d - 1 4 0 ° ( l o w e r rear quarter ) . T h e r e is re la t i ve ly 

l i t t le percept ion i n the l o w e r f ront quarter. T h e character ist ics s h o w n b y the contro l 

transducers at 9 0 ° e l e v a t i o n s e e m par t icu la r ly sui table f o r the presentat ion o f a v i r t u a l 

acoustic e n v i r o n m e n t together w i t h v isua l i n f o r m a t i o n . T h i s is because the i m a g e 

presented b y the v i s u a l system is l i k e l y to shif t the a u d i t o r y percep t ion towards the f ront , 

there fore r e d u c i n g the errors. 

T h e p e r c e i v e d direct ions h a v e b e e n d e c o m p o s e d in to the a z i m u t h direct ions and 

e leva t ion direct ions a n d are s h o w n i n F i g . 8 . 1 0 a n d F i g . 8 . 1 1 . B o t h o f the t w o e leva t ion 

t ransducer locat ions s h o w e d v e r y g o o d a z i m u t h loca l isa t ion per fo rmance . I n F i g . 8 . 1 0 , 
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the m e d i a n va lues ( the square m a r k e r ) , 2 5 percent i les and 75 percent i les ( the star m a r k e r ) 

o f the a l l the responses presented to the a z i m u t h d i rect ion are p lot ted . T h e r e is l i t t le 

d i f fe rence b e t w e e n the t w o . C o n v e r s e l y , the e leva t ion local isat ion p r o v e d to be m u c h 

m o r e d i f f i cu l t w i t h b o t h t ransducer locat ions. T h e r e f o r e , a l l the responses are p lo t ted i n 

F ig . 8 . 1 1 and the size o f each f i l l e d c i rc le represents the n u m b e r o f responses at that 

d i rect ion. T h e dashed l ine shows the d i rec t ion o f the contro l transducers. T h e cluster 

a r o u n d the h o r i z o n t a l p lane is n o t e d i n F i g . 8 . 1 1 a w h i c h shows the response b y the 0 ° 

t ransducer e leva t ion . F i g . 8 . 1 1 b p r o d u c e d b y the 9 0 ° transducer e l e v a t i o n shows less 

b iased responses a l t h o u g h the results are s o m e w h a t scattered. 

8 . 5 . 2 E f f e c t o f t h e f a l s e d y n a m i c c u e 

A n o t h e r set o f loca l isa t ion exper iments w a s car r ied out w i t h false d y n a m i c i n f o r m a t i o n 

induced b y l istener h e a d rotat ion. A n in i t i a l e x p e r i m e n t w h e r e a y a w r o t a t i o n o f ± 3 ° w a s 

cont inuous ly i n d u c e d b y the subjects themselves s h o w e d l i t t le d i f f e r e n c e i n loca l isat ion 

per fo rmance . T h e observa t ion supports the super ior i ty o f the spectral cue over the 

d y n a m i c cue. H o w e v e r , i n order to invest igate the d i f fe rence i n t w o d i f f e r e n t contro l 

t ransducer e levat ions, the y a w ro ta t ion w a s increased to ± 5 ° . 

T h e p e r c e i v e d v i r t u a l sound source di rect ions are s h o w n i n F i g . 8 . 1 2 . I n F i g . 8 . 12a , i t is 

c lear that the p e r c e p t i o n is b iased c o m p l e t e l y towards the f ron t hemisphere , w h e n 

c o m p a r i n g results w i t h those s h o w n i n F i g . 8 .9a. T h e r e is v e r y l i t t le response to the rear 

o f the subject. T h e r e is a n o t a b l e d i f f e rence o f the percept ion o f the v i r t u a l sound sources 

o n the m e d i a n p l a n e c o m p a r e d to the other a z i m u t h direct ions. T h e r e , t h e v i r t u a l sources 

for a l l the e levat ions co l lapsed not o n l y towards the f ront bu t also o n to the hor i zon ta l 

p l ane w h e r e the cont ro l transducers are located. T h i s is no t the case f o r other a z i m u t h 
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direct ions for w h i c h o n l y the bias error towards the front hemisphere is outstanding. T h e 

e leva t ion cues other t h a n the front-back d isc r im ina t ion are m o r e robust here than o n the 

m e d i a n p lane a n d supports the impor tance o f the b inaura l spectral shape cue [ 2 7 ] . O n the 

contrary , l i t t le change i n bias local isat ion error is observed i n F i g . 8 . 1 2 b . 

T h e results fo r the a z i m u t h direct ions and e l e v a t i o n direct ions are s h o w n i n F i g . 8 .13 and 

F i g . 8 . 1 4 . A g a i n , b o t h o f the t w o a l ternat ive transducer locat ions s h o w e d v e r y good 

a z i m u t h loca l isat ion per fo rmance . T h e r e is l i t t le d i f fe rence b e t w e e n the t w o . O n the 

contrary , there is a s ign i f icant d i f fe rence i n e leva t ion loca l isat ion b e t w e e n the t w o 

d i f fe rent t ransducer locat ions. M o s t o f the percept ions are c lea r ly b iased towards the 

contro l t ransducer e l e v a t i o n w h e n t h e y are at 0 ° e levat ion. H o w e v e r , the bias is not at a l l 

as strong w h e n the con t ro l transducers are at 9 0 ° e levat ion. 

8.6 Conclusions 

I n order to establ ish the characterist ics o f the var ious e leva t ion posi t ions o f the contro l 

transducers, the analys is o f the spectral cues a n d d y n a m i c cues as w e l l as a set o f 

subject ive e x p e r i m e n t has b e e n per fo rmed . T h e frequency response o f the p lant suggests 

that p r o m i s i n g cont ro l t ransducer posi t ions are i n the frontal p l a n e a b o v e the l istener 's 

head. T h e c o n d i t i o n o f the p lan t m a t r i x shows the d isadvantage o f locat ions i n the rear 

hemisphere . A n analys is o f the d y n a m i c cues induced b y u n w a n t e d head rotat ion 

st rongly supports the t ransducer locat ion o n the frontal p lane . A subject ive e x p e r i m e n t is 

p e r f o r m e d i n order to c o m p a r e b e t w e e n t w o a l ternat ive contro l t ransducer locat ions, o n 

the hor i zon ta l p l a n e i n front o f the l istener a n d o n the frontal p lane above the l istener 's 

head. T h e results w i t h o u t fa lse d y n a m i c cues s h o w that b o t h can p e r f o r m e q u a l l y w e l l , 

w i t h d i f fe ren t advantages a n d disadvantages. H o w e v e r , the cont ro l t ransducer locat ion 
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above the h e a d c lear ly shows the advantage o f d iscr imina t ing against false d y n a m i c 

i n f o r m a t i o n . 

T h e characterist ics o f the loca l isat ion er ror support the hypothesis that the transducer 

locat ion above the head m a y b e espec ia l ly sui table w h e n v isua l i n f o r m a t i o n is presented 

at the same t i m e as audio i n f o r m a t i o n . 
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a) b) 

F i g . 8 . 8 B i n a u r a l r e p r o d u c t i o n o v e r l o u d s p e a k e r s w i t h v i s u a l i n f o r m a t i o n , a ) c o n t r o l 

t ransducers a r o u n d 0 ° e levat ion , b ) cont ro l transducers a r o u n d 9 0 ° e levat ion. 
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9 Summary 

V a r i o u s aspects o f spat ia l sound reproduct ion w i t h systems us ing b inaura l reproduct ion 

over loudspeakers are invest igated i n this thesis. Inves t iga t ion o f factors conta ined i n the 

p lan t that c o u l d l e a d to the deter iorat ion i n the p e r f o r m a n c e o f such systems is the 

par t icu lar ob ject ive . T h e a b i l i t y to produce the spatial aspects o f the in tended sound f i e l d 

has rece ived m o r e a t tent ion than the q u a l i t y o f sounds. A s a consequence o f the 

invest igat ion, a n u m b e r o f m e t h o d s to o v e r c o m e or m i t iga te the p r o b l e m s associated w i t h 

such systems have b e e n proposed. 

T h e loca t ion o f transducers for b inaura l r e p r o d u c t i o n o v e r loudspeakers has rece ived 

l i t t le a t tent ion so far . T w o transducers are u s u a l l y p l a c e d s y m m e t r i c a l l y i n f ront o f a 

l istener subtending a n ang le o f about 60° . A b i n a u r a l synthesis o v e r loudspeakers can 

also be m a d e to operate r e m a r k a b l y e f fec t i ve ly , a n d a r g u a b l y m o r e e f f e c t i v e l y , b y us ing 

a pa i r o f loudspeakers that are p laced v e r y close together . S u c h a sys tem is r e f e r r e d to as 

a "Stereo D i p o l e " . I t is s h o w n that it is possib le to ach ieve independent cont ro l o f the 

sound signal at t w o ears w i t h a m o n o p o l e t ransducer a n d a d ipo le t ransducer at the same 

posi t ion. W h e n t w o c lose ly spaced m o n o p o l e transducers are used, the sound f i e l d 

p r o d u c e d is a g o o d a p p r o x i m a t i o n to that p r o d u c e d b y a p o i n t m o n o p o l e a n d a po in t 

d ipo le transducer u p to a g i v e n frequency. T h e basic b e h a v i o u r o f the sound f ie lds 

generated b y v i r tua l sound i m a g i n g systems are analysed. I t is demonst ra ted that the use 

o f t w o c losely spaced loudspeakers also a p p r o x i m a t e s such a source c o m b i n a t i o n . 

Sub jec t ive exper iments are also p e r f o r m e d to establ ish the basic unders tand ing o f the 

p e r f o r m a n c e o f v i r t u a l spat ia l sound reproduc t ion systems. 

V i r t u a l acoustic i m a g i n g systems based o n the b i n a u r a l techn ique tu rned out to s h o w 

d i f fe rences i n p e r f o r m a n c e b e t w e e n i n d i v i d u a l subjects. T o m a k e de ta i l ed invest igat ions 
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possible , the i n d i v i d u a l h e a d re la ted t ransfer funct ions ( H R T F s ) o f each subject w e r e 

measured. Synthes ised b inaura l signals w e r e c o m p a r e d w i t h those spec i f ica l ly des igned 

for each subject. I t w a s f o u n d that m i s m a t c h o f the H R T F s resul ted i n errors i n i m a g e 

locat ion . 

B i n a u r a l sound present ion w i t h t w o loudspeakers requires the l is tener 's ears to b e i n the 

r e l a t i v e l y s m a l l r e g i o n w h i c h is under cont ro l o f the system. M i s a l i g n m e n t o f the head 

results i n inaccurate synthesis o f the b i n a u r a l signals. Consequent ly , d i rec t iona l 

i n f o r m a t i o n associated w i t h the acoustic signals is inaccurate ly reproduced. W h e n the 

t w o loudspeakers are p l a c e d close together , the spat ial rate o f change o f the generated 

sound f i e l d is m u c h smal le r than that genera ted b y t w o loudspeakers spaced apart. 

T h e r e f o r e , the p e r f o r m a n c e o f such a sys tem is expected to b e m o r e robust to 

m i s a l i g n m e n t o f the l is tener 's head. Robustness o f p e r f o r m a n c e is invest igated w i t h 

respect to head d isp lacement i n three t ranslat ional and three ro ta t iona l direct ions. A 

c o m p a r i s o n is g i v e n b e t w e e n systems consist ing o f t w o loudspeakers e i ther p l a c e d close 

together or spaced apart . T h e extent o f e f f ec t i ve contro l w i t h h e a d d isp lacement and the 

resu l t ing de ter iora t ion i n d i rect iona l i n f o r m a t i o n is invest igated i n the t e m p o r a l and 

spectral d o m a i n b y ana lys ing synthesised b i n a u r a l signals. S u b j e c t i v e loca l isa t ion 

exper iments are p e r f o r m e d f o r cases i n w h i c h notab le d i f fe rences i n p e r f o r m a n c e are 

expec ted f r o m the p r e v i o u s analysis. I t is s h o w n that the system c o m p r i s i n g t w o 

loudspeakers that are close together is v e r y robust to m i s a l i g n m e n t o f the l is tener 's head. 

W h e n a v i r tua l acoust ic i m a g i n g system based o n the b i n a u r a l techn ique is b rought in to a 

reverberant e n v i r o n m e n t , re f lect ions o f the o r i g i n a l sound g i v e r ise to a deter iora t ion i n 

the p e r f o r m a n c e o f the system. H o w e v e r , i t is expec ted that the p s y c h o l o g i c a l funct ions 
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o f h e a r i n g such as the precedence ef fect m a y to some extent h e l p preserve direct ional 

i n f o r m a t i o n . T h e e f fec t o f a n in f in i te u n i f o r m re f l ec t ing surface o n the p e r f o r m a n c e o f 

such systems are e x a m i n e d b y computer s imula t ions and subject ive exper iments . T h e 

a b i l i t y to local ise a v i r t u a l m o n o p o l e source i n the hor i zon ta l p l a n e is invest igated. T h e 

p e r f o r m a n c e o f the system is qui te w e l l preserved. T h i s result suggests that such systems 

m a y w o r k i n n o r m a l r o o m s to some extent . 

T h e system invers ion i n v o l v e d i n b inaura l presentat ion over loudspeakers g ives rise to a 

n u m b e r o f p r o b l e m s such as a loss o f d y n a m i c range a n d a l ack o f robustness to smal l 

errors a n d r o o m ref lect ions. T h e a m p l i f i c a t i o n requ i red b y the sys tem i n v e r s i o n results in 

loss o f d y n a m i c range. T h e contro l p e r f o r m a n c e o f such a sys tem deter iorates severely 

due to s m a l l errors resu l t ing from, e .g. , m i s a l i g n m e n t o f the sys tem a n d i n d i v i d u a l 

d i f fe rences i n the head re la ted transfer funct ions at cer ta in fi-equencies. T h e requi red 

large sound rad ia t ion results i n severe re f l ec t ion w h i c h can also reduce the control 

p e r f o r m a n c e . A m e t h o d o f o v e r c o m i n g these f u n d a m e n t a l p r o b l e m s is proposed. A 

conceptua l m o n o p o l e t ransducer is in t roduced w h o s e p o s i t i o n var ies cont inuous ly as 

frequency var ies. T h i s g ives a m i n i m u m r e q u i r e m e n t f o r the process ing o f the b inaura l 

signals f o r the contro l to b e ach ieved a n d a l l the above p r o b l e m s e i ther d isappear or are 

m i n i m i z e d . T h e inverse filters have f lat a m p l i t u d e response a n d the r e p r o d u c e d sound is 

no t co loured e v e n outs ide the re la t i ve ly large " s w e e t area" . A n u m b e r o f pract ical 

solut ions are suggested f o r the rea l i za t ion o f such o p t i m a l l y d is t r ibuted transducers. O n e 

o f t h e m is a d iscret izat ion that enables the use o f c o n v e n t i o n a l t ransducer units. T h e 

results o f ob jec t ive a n d subject ive eva lua t ion c o n f i r m e d the advantage o f the O S D 

system. 
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The elevation location of transducers for binaural reproduction over loudspeakers has 

hitherto received little attention. In most of the past research, the transducers are usually 

placed on the horizontal plane that includes the listener's head. In order to examine the 

characteristics of various elevation positions of the control transducers, an analysis is 

performed of both the spectral and dynamic cues that relate to localisation. The 

frequency response of the plant that relates transducer outputs to ear pressure signals 

suggests that control transducer positions will be promising at positions in the frontal 

plane above the listener's head. The condition of the plant matrix shows the disadvantage 

of locations in the rear hemisphere. The analysis of the dynamic cues induced by 

unwanted head rotation strongly supports the use of transducer locations in the frontal 

plane. As a result of this analysis, transducer positions in the frontal plane above the 

listener's head are found to be promising as an alternative confrol transducer location. A 

subjective experiment is performed in order to compare between two alternative control 

transducer locations; in the horizontal plane in front of the listener and on the frontal 

plane above the listener's head. The results without false dynamic cues show that both 

can perform equally well, with different advantages and disadvantages. However, the 

confrol transducer location above the head clearly shows an advantage with respect to the 

transmission of false dynamic information. The characteristics of the localisation error 

support that the transducer location above the head is especially suitable when visual 

information is presented at the same time as audio information. 
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Appendices 

Appendix 1 Spherical interpolation and extrapolation of HRTFs 

When spherically sampled data is to be interpolated or extrapolated, it must be dealt with 

appropriately. Spherical extrapolation poses little problem since it can be achieved with 

simple spherical attenuation and time delay. It reduces the amount of required 

information from three dimensions to two dimensions. Interpolation needs to be made 

after the transfer functions are decomposed into magnitude, phase, and delay. Otherwise 

the interpolation in the time domain or in the frequency domain produces large errors. 

Phase need to be corrected since the interpolation in the frequency region where the 

difference of phase exceeds n results in a distortion of the time response. Spherical 

interpolation can be achieved with simple algebra by using solid angle as the weighting 

factor. The block diagram depicting the interpolation and extrapolation scheme is shown 

in Fig. A. 1. Each of the components of the process depicted in this figure are explained 

in the following paragraphs. 

A. 1.1 Extrapolation 

When a required sound source is in the far field, the transfer ftmctions corresponding to 

the source can be obtained by extrapolating the transfer ftmctions (which are obtained by 

the spherical interpolation described later) on the sampling spherical surface. Thus the 

extrapolation reduces the amount of required information from three dimensions to two 

dimensions. The extrapolation only requires spherical attenuation and time delay due to 

propagation from a point source. However, since the time resolution of a normal digital 

audio signal and thus the impulse response data (22.7|j,s/sample if the sampling 

frequency is 44.1kHz) is much coarser than the minimum audible time resolution (10)is 

[25]), a non-integer number of sample delays needs to be dealt with by using a fractional 

delay filter. 
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A.1.2 Spherical bilinear interpolation 

In order to obtain the transfer functions on the sampling spherical surface, it is necessary 

to interpolate from the far field transfer functions that are sampled two dimensionally on 

the spherical surface (Fig. A. 2). In the example of two dimensional spherical 

interpolation for the far field HRTF data, the weighting factor (wn) associated with a 

value (xn) to be interpolated at each vertex is the solid angle made by two other vertices 

and the point to be interpolated. The values (%,, xj, X3) are, for example, magnitude, 

phase, or delay decomposed from the HRTFs at the sampled points on the sampling 

surface. The spherical interpolation can be achieved by using bilinear interpolation 

algebra with solid angle as the weighting factor (wi, wa, W3). The obtained value (%,) is 

given by 

X. _ 
Wj + W2 + W3 

(Al) 

When the interpolation point falls on the line (great circle) connecting two points on a 

spherical surface, Eq. (A 1) simply reduces to a linear interpolation using the angle made 

by the other point and the point to be interpolated as the weighting factor. When near 

field data is to be interpolated, another dimension of radius need to be incorporated. 

A.1.3 Interpolation domain 

Interpolation of multiple transfer functions (impulse responses) in the time domain 

produces large error. A good example of this is in the interpolation of two sinusoidal 

time series with the same amplitude but one of them out of phase (n) with the other. 

Instead of another sinusoid with the same amplitude with the phase in between (k/2), a 
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constant value of zero is obtained. The result is the same in the frequency domain when 

two complex numbers are interpolated. Therefore, the interpolation needs to be made 

after the transfer functions are decomposed into magnitude, phase, and delay. 

The interpolation of magnitude poses little problem. The interpolation of delay 

decomposed from discrete time series often results in a non-integer number of samples 

delay. This needs to be dealt in the same way as non-integer number of samples delay 

resulting from extrapolation. The interpolation of phase requires the most attention due 

to its cyclic nature. The phase difference between each vertex must not exceed k. This is 

mostly achieved by extracting an appropriate amount of delay. An example of the 

resulting phase responses at the vertices and the results of interpolation are shown in Fig. 

A. 3. Three phase responses of HRTFs (KEMAR) for the right ear sampled at (13° 

azimuth, -40° elevation), (12° azimuth, -30° elevation), and (18° azimuth, -30° elevation) 

are plotted together with the phase response interpolated from them. However, frequency 

regions where the difference of phase exceeds K still exist such that the interpolation 

results in a distortion of the time response as shown in Fig. A. 4. This is because 2n 

phase changes occur in certain frequency ranges, and their frequencies are different at 

every vertex. These 271 phase changes at each vertex at different frequencies result in too 

large a phase difference in order to be interpolated correctly. 

A.1.4 Phase jump detection 

In order to detect the 2% phase changes which give rise to the problem described above, a 

minimum component of the phase response is subtracted from the original phase 

responses and the resulting all pass components are shown in Fig. A. 5. The minimum 

phase component can be calculated [53] from the Hilbert transform of the logarithm of 

the magnitude response (Fig. A. 6) as follows. 
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aig[x(e"')] = -^p[jo^x(el'}cot(^ 
2?r 

(A 2) 

where the symbol P denotes Cauchy principal value [54] and is shown in Fig. A. 7. In 

Fig. A. 5, the frequencies where the phase moves through 2% can be clearly seen. 

Therefore, the original phase can be corrected so that In phase jumps are enforced at 

each resonance, thus each resulting phase response is similar (Fig. A. 8). The corrected 

all pass components are shown in Fig. A. 9. The resulting time responses are shown in 

Fig. A. 10 and it can be seen that the distortion of time responses observed in Fig. A. 4 

have disappeared. Clearly the delay needs to be adjusted to incorporate these enforced 2K 

phase jumps accordingly. Exchanging between the 2% phase jumps and one sample 

delays itself introduce no error. It is just a matter of how the phase is expressed or 

wrapped. The frequency which is most likely to have interpolation phase error (though 

much less likely than the conventional method) is around the frequency where the 271 

phase jump is enforced. However, this is where the effect of the error is minimal since 

the magnitude of the transfer functions are minimum and hence the contribution of this 

frequency region is minimum. It should be noted that this method requires no assumption 

or approximation about the phase response. Often the phase response is approximated as 

minimum phase for interpolation since it can be easily calculated from the magnitude 

response. This method produces the correct phase response including the all pass 

components of the desired phase response. 
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Fig. A. 1 Interpolation and extrapolation of transfer functions (impulse responses). 

Fig. A.2 Spherical interpolation. 
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Fig. A.4 Impulse response before and after the interpolation without phase correction. 
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Appendix 2 Singular value decomposition 

When the desired signals are defined as Eq. ( 7.3 ), this effectively normalises the plant 

transfer fiinction matrix C with respect to the acoustic pressure signals which would have 

been produced by the closer of two sound sources to the receiver point. Then this 

normalised plant transfer function matrix C can be written as 

C = 
1 ge 

jiA/ 2 

-jW 

(B3) 

It is possible to express C with unitary matrices U and V such that 

c = u z v " 

(B4) 

where E is the diagonal matrix whose elements are singular values of C, Oi and Oz. The 

singular values of C can be found from the square roots of eigenvalues of C C. 

C"C = g e j/cA/ 

g e jHAI 

g e -jW 

g e -jfaU 
1 + g ' g ( e ^ + e - ^ ) 

g ( e ^ + e - ^ ) 1 + g ' 

(B5) 

The eigenvalues of C C are given by 
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Therefore, the singular values of C are given by 

o-u = V ^ r = V f l + g ' ! ' " ) a + g « " ' " ) . V a - g = ' " ) ( i - « s " * " ) 

It is possible to find an orthonormal set of eigenvectors x, such that 

(B6) 

(B7) 

C CX;=(Tfx,. 
f f f 

Therefore, 

(B8) 

V = 

1 

V2 
1 

1 

V2 
1 

"V2. 

The vectors comprising U are given by 

y, =—Cx, 
cr, 

(B9) 

(BIO) 
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Hence 

U: J_ 
V^l 

1 + g e 

1 + g e 

|l + g e 

1 + g e 

-]kAI 

m 

- jM/ 

jmT 

1 - g e 

1 - g e 

/ l - g e 

V l - g e 

- jM/ 

jW 

-jitA/ 

jM/ 

The singular value decomposition of C may therefore be written as 

( B l l ) 

c = u z v " 

1 

1 + g e - ^ l - g e ^ w r 1 1 
1 + g e ^ i l - g e * " V ( l + g e ^ X l + g e - ^ ) 0 VI VI 
1 + g e - ^ 
1 + g e ^ V l - g e ^ 

0 Vo- 1 

.VI 

1 

VI 

Note that 

c - ' = [ u z v " ] " ' = v 2 : - ' u " 

(B12) 

(B13) 

since V"V = I , [v" ] ' ' = V , U"U = I and U"' = U " . Therefore, 
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H = C ' 

= VZ-'U" 

I 1 
V2 V2 
1 1 

V2 V2 

1 

Vo + ge^ ) ( l + ge 

0 

-]kAI \ 

g e ^ ) ( l - g e - ^ ) 

1 

1+^ 
1+^ 

1 + ge 
+ ge -ikAl 

1-ge j±a/ 

l - g e -jfau 
jW 1 - g e 

1 - g e - ^ 

Hence 

(B14) 

(T, = 

C7„ = 

(B15) 

are the singular values of the inverse filter matrix H. 
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