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Design of an Array-Based Aid for the Hearing Impaired

by Marcos Felipe Simón Gálvez

The performance of our hearing system degrades with age, causing a reduction in our

ability to understand speech. This thesis describes the design of a personal audio sys-

tem, aimed at enhancing the audio signal from a TV, for hard of hearing listeners. Such

system generates a zone of high acoustic pressure in a specific area of a room, whilst

minimising the sound radiated to other zones.

In order to obtain a very narrow sound radiation, superdirective techniques are used.

Such techniques improve the performance of an array of small dimensions at mid and

low frequencies, but they can require the use of a large amount of power and can be

very sensitive to errors in the source transfer functions. A practical balance between

performance and array effort is achieved in a design that uses phase-shift sources. Two

arrays have been built. The first array uses 8 phase-shift sources and provides a high

directionality in the free-field. The second array uses 4 phase-shift sources vertically

plus 8 horizontally and is more directional in a 3D sense, hence reducing the reverber-

ant field excitation. The design of superdirective filters has been considered in both

time and frequency domains. The effect of the reverberant field in the performance

of superdirective radiators has also been investigated, by first examining how the ra-

diation pattern is modified, and then by observing how the reverberant field affects

the robustness of the control. The performance has been assessed by means of off-line

simulations with point source Green functions and measured transfer responses, and

by real time measurements in free-field and reverberant environments.

The later chapters of the thesis consider the subjective assessment of arrays as an aid

for speech intelligibility. The assessment has first been performed using an objective

metric, in particular the speech transmission index (STI). The performance has also

been assessed in a subjective study, in which 30 participants have judged the increase in

intelligibility. A cochlear model has also been utilised to investigate equalisation meth-

ods that minimise masking and provide a better speech intelligibility, particularly for

the hearing impaired. Although this has not been tested with behavioural experiments,

STI simulations have predicted that it can lead to an intelligibility improvement.
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Chapter 1

Introduction

1.1 Hearing impaired people and the need for

hearing enhancement

Hearing impairment causes various difficulties in speech communication. People

with moderate hearing loss can often clearly understand speech if only one person

is talking, but they have difficulties if more than one person is talking at a time,

or when background noise and/or reverberation are present [1]. Previous research

has indicated that for mild hearing loss, audibility, i.e. the lack of volume, is the

most important factor for understanding speech [2]. For severe losses, the poor

discrimination of supratreshold1 stimuli, due to the loss of frequency selectivity,

is also of great importance [2]. This is because, apart from the reduction in au-

dibility, which can be avoided with amplification, the widening of the auditory

filters due to hearing loss leads to a smearing of the internal representation of the

spectral shape of the signal [3]. Hearing impairment also involves a reduction in

temporal resolution. This has been observed in older adults, which have shown

to have problems in detecting a gap in a speech cue when the gap is short [4]. It

has also been observed in animal studies that hearing loss impairs neural phase-

locking2.

One particular circumstance when hearing impaired people suffer from such prob-

lems with speech perception is when watching a TV program. In this situation

the impaired viewers tend to require a higher reproduction volume, which results

in a problem when listeners of different ages are watching TV at the same time.

In an attempt to overcome such issues, wearable hearing aids or headphones have

1Audible.
2In this case phase-locking refers to the synchronism between the firing activity in the

auditory nerve and the periodicity of a waveform in speech [5, 6]
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been used, but these have their own problems. The use of a personal audio de-

vice can potentially create a localised area of enhanced TV audio, which may give

similar results to using headphones, but without the need to wear them.

1.1.1 Presbyacusis

Although hearing loss can be caused in many ways, special attention in this

thesis is given to this which accompanies age, also known as presbyacusis. The

term “presbyacusis” is used to describe the decline of hearing associated with

various type of auditory system dysfunction (peripheral and/or central) that go

with ageing and cannot be accounted for by extraordinary ototraumatic, genetic,

or pathological conditions [7]. Presbycusis implies deficits not only in absolute

thresholds but also in auditory perception as well [8]. It is estimated that about

30-35 percent of adults age 65 and older have a hearing loss; this figure is esti-

mated to be 40-50 percent for people aged 75 and older [9].

The hearing loss associated with presbyacusis is usually greater for high-pitched

sounds. For example, it may be difficult for someone to hear the nearby chirping

of a bird or the ringing of a telephone; nonetheless, the same person may be able

to hear clearly the low pitched sound of a truck rumbling down the street.

There are many causes of presbyacusis. Most commonly it arises from changes in

the inner ear of a person as he or she ages, but presbyacusis can also result from

changes in the middle ear or from complex changes along the nerve pathways

leading to the brain. Hearing loss is also thought to be increased by exposure

to noise and high level sounds, as measurements in noise free populations have

shown to have smaller high frequency losses [10]. Presbyacusis most often occurs

in both ears, affecting them equally. Because the process of loss is gradual, people

who have presbyacusis may not realize that their hearing is diminishing [11]. The

standard ISO 7029 “Statistical distribution of hearing thresholds as a function of

age” [12] gives the estimated hearing loss which occurs in a given percentage of

the population. The hearing loss predicted to occur in the 50% of the population

is plotted in Figure 1.1, against frequency for various ages. Starting at around

the age of 30, the hearing sensitivity starts to decline with age, particularly in

high frequency. The standard ISO 7029 gives a distribution of hearing loss which

is greater in men than in women, perhaps reflecting the larger noise exposure of

the men in this study, who grew up without noise regulations.
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Figure 1.1: Hearing losses as a function of frequency expected to be found in 50% of
the population at different ages.

1.1.2 Understanding the TV program for the hearing im-

paired

The problem

As discussed in Section 1.1.1, elder people tend to have reduced hearing capa-

bilities, which impairs their speech communication. This is a problem, when

watching the TV, as it gives rise to difficulties in understanding the program

information3.
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Figure 1.2: Comparison of the distribution of gain with respect to a 12 year old
listener needed to satisfy the hearing comfort levels (HCL), as given in [13], and the
prediction of hearing loss with age at 3 kHz as given by the standard ISO 7029 [12].

Table 1.1 hearing comfort levels (HCL) as a function of age, as given by Stanley

3It has recently been found that 71 % of the adults in the UK can not hear properly what
it is said on the TV [9].
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Table 1.1: Hearing comfort levels (HCL) of speech as a function of age, according to
[13], using a random sampling of 799 subjects.

Age (years) Hearing comfort level, (dB SPL)
15 53.5
20 55.2
25 56.9
30 58.6
35 60.5
40 62.5
45 64.5
50 66.6
55 68.9
60 71.2
65 73.6
70 76.2
75 78.9
80 81.7
85 84.6
90 87.6

[13]. This is also shown in Fig. 1.2, where it is seen how the gain needed at differ-

ent ages to satisfy the HCL increases with a very similar trend to the prediction

of HL with age, as given by the standard ISO 7029 [12]. Hence, elder TV viewers

require higher listener levels compared with healthy young listeners. Such an in-

crease in listening levels is a source of complaint for the members of the household

with good hearing, which appears to be common [14], and is estimated to occur

in 10 % of households [15]. This is, however, also a problem for the presbycutic

listeners themselves. Because they suffer from recruitment, a tendency to select

high level volume settings for normal programs makes elder listeners likely to be

more bothered by sudden level increases, such as those common in commercial

breaks [16].

Older listeners also complaint about the speed of the speech being too fast, lack-

ing clarity, or being swamped by additional sounds. A study performed by the

BBC [17] showed that hearing-impaired listeners rated speech more intelligible if

background audio level was reduced by 6 dB. A more recent study showed that

percussive background music and music with similar frequency content of that of

speech are very negative for intelligibility [18].
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1.1.3 Current systems

Amplification devices or procedures intended to amplify the audio of the TV to

improve speech intelligibility are already available in the market. Such systems

are mainly based in headphones, or on additional secondary speakers, which are

placed close to the locations of the hearing impaired listeners, so that the audio

program is presented at a louder level.

Personal Television Listening Devices

These devices are based in wireless earphones and headset that provides a personal

audio application for the interested individuals. Audio brands as Sennheiser

have a part of its products catalogue dedicated to these devices [19]. High end

applications that can be connected to the TV and provide processing in order to

give a good and clear image of the audio can be found at the manufacturer’s web

page. Fig. 1.3 shows an example of the use of these gadgets. Although providing

a good audio quality, the main drawback of these devices is that its use after

some time can be tiring to wear and can also be socially isolating.

Figure 1.3: Sennheiser DirectEar Set IS 410. Reproduced from [19].

High clarity sound systems

Some manufacturers make specially designed home theatre systems which provide

a proper equalisation in order to make hearing simpler to hearing impaired people.

One manufacturer is ZVOX. Information about these systems can be found in the

manufacturer web page ZVOX. They are based on monaural loudspeakers that

tend to “anchor” the sound, creating clear, robust audio that is easier to hear

and are effective in reproducing speech. The physical appearance of this device is

shown in Fig. 1.4. Such devices are typically designed to be placed closed to the

TV, and since they are not spatially selective, they also affect the sound heard

by other normal hearing listeners.
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Figure 1.4: ZVOX 325. Reproduced from [20].

TV EARS and audiofox

TV EARS is a manufacturer specialized in products for hearing impaired TV

viewers [21]. This manufacturer has a wireless portable loudspeaker that can be

placed near the hearing impaired viewers in order to provide them with a clearer

and reinforced sound, see Fig. 1.5. A similar product is made by Audio Fox

[22]. It is based on two small loudspeakers placed close to the head of the TV

spectators. These two products provide a higher level of the program SPL near

the spectators, but are not designed to do an effective control of the sound field

around the space.

Figure 1.5: TV Ears 2.3 Wireless speaker system. Reproduced from [21].

Figure 1.6: Audio Fox wireless TV listening device. Reproduced from [22].
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Widex TV-DEX

The danish manufacturer of hearing aids Widex has proposed an approach which

directly sends the TV program to the hearing aid (a personal hearing aid that

introduces the audio directly to the ear canal). It is called TV-DEX [23] and it

allows the disconnection of the hearing aid microphone and the ability to listen

only to the audio of the TV. This is a good approach, but needs the TV viewer

to wear a hearing aid.

Figure 1.7: Widex TV-DEX transmitter. Reproduced from [23].

Captions

Captions are words displayed on a television screen that describe the audio or

sound portion of a program. Captions allow viewers who are deaf or hard of

hearing to follow the dialogue and the action of a program simultaneously. They

can also provide information about who is speaking or about sound effects that

may be important to understand the whole context. Captions are created from

the transcript of a program. A captioner separates the dialogue into captions

and makes sure the words appear in sync with the audio they describe. Spe-

cially designed computer software program encodes the captioning information

and combines it with the audio and video to create a new master tape or digital

file of the program. This is the most basic aid to the hearing [24], and although

it is not an acoustic solution to the personal audio, it is important to include it

here.
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Additional soundtrack

This approach was proposed by the BBC. Based on previous studies of hearing

balances [17], the BBC has proposed to provide an additional soundtrack with an

audio balance suitable for hearing impaired people which should be made possible

via IP broadcast delivery [25].

Speech processing algorithms

These algorithms use signal processing to amplify the speech information above

the background noise level. A review of some of them has been performed re-

cently by Rumsey [26]. One example of these algorithms is that developed by

Müsch [16, 27]. A block diagram of this algorithm can be seen in Fig. 1.8. This

algorithm makes use of the central channel of a 5.1 audio system, which is used

mostly for speech information. The distinction between speech and not speech

information is performed by a speech detection algorithm [28]. Once the speech

is detected, the algorithm judges its loudness compared to the background noise,

and if needed, reduces the gain of the additional channels, L, R, ls and rs, which

do not conduct speech. To determine where the non-audio channels are decreased,

the algorithm uses the speech intelligibility index (SII) [29].

A similar algorithm is that developed by Uhle [30], where a pattern recognition

system is used to detect when there is speech present in the audio signal.

1.1.4 Amplification

A consistent finding in studies of ageing and hearing loss, is that the loss of

audibility is the biggest contributor to the reduction of speech perception [31].

Such loss of audibility is caused by the difficulty in hearing high-frequency speech

sounds (due to the high-frequency hearing loss typical of presbyacusis), and by

masking of speech by music and effects or the same speech. As seen along this

thesis, both effects can be reduced by using a suitable amplification.

There are many clinically proven amplification techniques that determine the

degree of gain best suited for people with hearing loss. These can be linear pro-

cedures, such as the half-gain rule, described by Lybarger [32], or the NAL [33].

There are other more modern and sophisticated, non-linear procedures, as the

NAL-NL1 [34] and NAL-NL2 [35], and many others more that are not listed

here. These last two perform an analysis in third octave bands of the spectrum

and analyse which of them can be amplified more effectively to improve speech
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Figure 1.8: Block diagrams of Müsch’s speech enhancement algorithm. The thick lines
represent 256-point MDCT transform coefficients of audio signals. The four top signals
represent non-audio channels, L, R, ls and rs, and the bottom line, C, represents the
speech channel. The thin lines represents the n-dimensional control signals. The dotted
line represent the control signal of the likelihood of speech presence. Reproduced with
permission from [16].

communication, denoted as effective audibility [36].

Instead of wearing a hearing aid, suitable amplification may be obtained by cre-

ating a localised enhanced volume area around the listener, which is obtained

using a personal audio device.

1.2 Personal Audio

The problem of generating an enhanced TV sound for a particular listener can be

considered to be one of personal audio. Personal audio involves the generation

of listening spaces which are restricted to a specific region. Such systems can

be used to increase the privacy of a listener, allow multiple programs to be re-

produced in a common space, reduce annoyance to nearby listeners and improve

speech intelligibility. Personal audio works by creating constructive interference

of the sound in the zones where the pressure is to be maximised, and destruc-

tive interference in the places where the sound pressure is to be reduced. Such

systems are optimised by solving an inverse problem, in which by knowing the

transfer functions of a set of loudspeakers to the various control zones, the driving

voltages needed to maximise that interference pattern are found.
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Other techniques for the control of sound fields are binaural reproduction over

loudspeakers [37, 38] and wave field synthesis (WFS) [39]. Binaural rendering

operates by producing a sound field at the listener’s ear which is ideally equal to

the sound field that will occur in a real environment. Reproduction using WFS

aims to reproduce wave fronts using arrays with a large number of sources. This

technique is based in Huygens’ principle, which states that any point of a wave

can be considered as a secondary source. The use of WFS produces a soundfield

through which the listener can move whilst still perceiving the intended spatial

sound field, whilst that for the case of the binaural reproduction the reproduction

is confined to a small listening area, which is a significant advantage for WFS.

This advantage is, however, obtained at the expense of using a large number of

sources, whilst binaural sound reproduction can be obtained with just 2 sources.

Nevertheless, none of these techniques are suitable for the application considered

here. Although the rendering of a soundfield equal to that found in a natural

listening scenario may be good for speech intelligibility, it does not contribute to

the creation of a very narrow radiation pattern that can enhance the sound for

particular listeners, and hence, is out of the scope of this thesis.

1.2.1 Early work on personal audio

An early attempt to create a personalised sound reproduction was described by

Druyvesteyn and Garas [40]. The authors introduced a system that used three

different techniques to create narrow reproduction zones; active control of sound

at low frequencies, arrays of loudspeakers at medium frequencies and the direc-

tivity of the individual sources at high frequencies. The system aims to reproduce

two audio programs in the same environment with minimal disturbance to each

other within the same room. The loudspeaker array used a delay and sum con-

figuration, and was able to work in the 1 kHz to 4 kHz band. According to

subjective experiments, an effective personal audio strategy must achieve a ratio

of levels in the various zones at least greater than 11 dB but preferably of 20 dB

[41]. The combined system was able of achieving about 20 dB SPL of difference

between the two programs between 250 Hz and 4 kHz. The authors stated that

with the use of the array an improvement of 0.15 in the STI [42] was obtained,

which corresponds to an improvement of the speech intelligibility from “fair” to

“good” or from “good” to “excellent”.

The performance of the array was limited at higher frequencies due to the finite

separation between loudspeakers and at lower frequencies due to the aperture of

the array. More recent advances in personal audio reproduction tend towards
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the use of superdirective, or optimal, beamforming techniques. Such techniques

increase the directivity of an array for a given number and spacing of array

elements [43], and therefore do not rely on the combination of approaches as

considered in [40].

Superdirective beamforming

Superdirective, or optimal beamforming has been studied extensively in the field

of sensor arrays [44] and in the field of high gain radio frequency antennas [45].

In the context of personal audio reproduction, a number of different strategies

have been presented which lead to superdirective systems, such as brightness

maximisation [46], acoustic contrast maximisation [46], energy difference max-

imisation [47], sound power minimisation [48], velocity control reproduction [49],

least squares inverse filters [50] and mixed control techniques [51]. From all these

techniques, the most widely employed and investigated method have been the

acoustic contrast maximisation [46] and the least squares inverse filters [50].

The acoustic contrast maximisation, proposed by Choi and Kim [46] optimises

the source strengths of an array of sources to maximise the ratio of mean square

acoustic pressure between a bright zone, where the acoustic potential energy is

to be maximum, and a dark zone, where the acoustic potential energy is to be

minimum. Such optimisation assures that the array minimises the sound radiated

into the dark zone whilst maintaining a certain pressure level in the bright zone.

An example of this problem is illustrated in Fig. 1.9.

Figure 1.9: Example of two-dimensional control geometry for an acoustic contrast
problem. The dark zone represents the area where the sound intensity is to be min-
imised with the constraint that a certain intensity is present in the bright zone. Re-
produced from [52].

The least squares filters find a set of source strengths which minimise the error

between a desired sound field and an existing sound field. A block diagram of

a least squares system is shown in Fig. 1.10, where it can be observed that the
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error is the difference between a set of reproduced signals and a set of desired sig-

nals. The particularity of the least squares with respect to the acoustic contrast

maximisation is that the target sound field allows the control of the amplitude

and phase of the reproduced signal, which gives a better audio quality [53].

The mathematical formulation of both the acoustic contrast maximisation and

least squares inverse filters will be considered in Chapter 3 and Appendix 4, but

both involve the inversion of matrices that may not be well conditioned and can

thus require regularisation.

Figure 1.10: Block diagram of the reproduction system used in the least squares
approach. Reproduced from [50].

1.2.2 The use of superdirective beamforming on personal

audio applications

The control of a soundfield using acoustic contrast maximisation has been pre-

viously applied to a practical problem by Elliott and Jones [48]. The authors

considered an application in where two listeners are sat adjacent to one another

in an aircraft or vehicle type scenario listening to different audio programs. The

control system presented by the authors is shown to achieve a good performance

at low frequencies, however, at frequencies where the separation between the pri-

mary and secondary sources become comparable to the acoustic wavelength, the

dark zone becomes localised around the error microphones. The same authors

also describe a system in which the dark zone was extended to account for more

listeners, as shown in Fig. 1.11, and hence represents a more practical reproduc-

tion situation, as for example in an aeroplane or in a car [54].

The use of mobile devices such as tablets, portable game consoles and mobile

phones is quite extended nowadays. Audio reproduction using the standard loud-
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Figure 1.11: Practical personal audio problem with multiple dark zones presented by
Elliott and Jones [54]. Reproduced from [54].

speakers of the devices may reduce the privacy of the user and get to annoy other

users. A directional radiator may be quite convenient in this case to personalise

the audio reproduction. This was first studied by Cheer [55], where the author

compared a 2 source endfire array controlled by acoustic contrast maximisation

with a phase-shift source. Elliott et al. [52] considered the use of a superdirective

endfire array of 2, 3 and 4 sources to control the directivity of a mobile phone

speaker. The authors observed that such arrangements could largely reduce the

radiated sound power, at the expense of using a large amount of electrical power

(50 dB for a three source array at low frequency). The authors also studied the

possibility of a 2 source endfire with the sources coupled via the cabinet, resulting

in a large increase in the efficiency of the array. The use of superdirective arrays

for mobile phones was later studied by Cheer et al. [56] by means of FE simula-

tions, in where the authors studied the effect that the baffle of the mobile phone

has on the soundfield control. Further work by the same authors was later pre-

sented in [57]. In this publication the authors showed practical measurements of

performance of the baffled device and used a 3D control geometry to concentrate

the radiation towards the front of the array, as depicted in Fig. 1.12.

An application of interest is that of restricting the sound radiated by the loud-

speakers of a laptop, which may be useful, for example, in an open plan office

to improve privacy and reduce the distraction of other users. Such application

was presented by Chang et al. [59], wherein the authors studied a miniature 9

source line array for personal multimedia reproduction. In order to focus the

reproduction, the authors used a control geometry in the near field of the array,

in order to obtain control around the head of the laptop user. The control ge-

ometry and the proposed personal audio system are depicted in Fig. 1.13. The

system obtained a ratio of mean square pressures between bright and dark zones
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Figure 1.12: The superdirective mobile phone sound system as studied by Cheer et

al. [57] and the control geometry used to concentrate the radiation towards the user.
Reproduced from [58].

of about 20 dB at 1 kHz and about 35 dB at 4 kHz in anechoic conditions. The

scattering introduced by the head of the laptop user was also considered in free-

field conditions [60], observing that the ratio of pressures between bright and

dark zones was reduced by the users head. The authors also studied the possi-

bility of performing 2 channel reproduction with the system [61]. A very similar

application using piezoelectric loudspeakers has been presented by Kim et al [62].

Figure 1.13: Control geometry used by Chang et al. [59] to localise sound radiation
around the laptop user. Reproduced from [59].

Other potential application for the use of personal audio is the reproduction of

individual listening zones inside a car. This is beneficial for a case in which the

people sat in the front seats are listening to the radio and the people sat in the

rear seats are watching a movie. Such application has been considered by Cheer et

al. [58] where the authors presented a combined system using the loudspeakers of

the car sound system to control low frequencies plus 8 extra phase-shift sources to

control the mid-high frequency range. The system showed to perform well when

the bright zone was selected to be the front seats of the car, but was limited
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when the bright zone was constituted by the rear seats due to the unidirectional-

ity of the phase-shift sources. Further work in this field has tended towards the

utilisation of first order arrays to control the mid-high frequency range in order

to enhance the performance of the rear bright zone, and to provide a smoother

reproduction in the listening zone [63].

Figure 1.14: Personal audio loudspeaker and microphone set up as studied by Cheer
et al. [57] and the control geometry used to create the front and rear bright zones.
Reproduced from [57].

Optimal beamforming techniques have also been widely used for improving the

performance of line arrays at low and mid frequencies. Boone et al. [64] studied

the use of superdirective beamforming in an endfire line array of 8 sources. The

authors studied the trade off between electrical power used by the array and the

amount of superdirectivity by using monopole simulations. The array filters were

optimised so that the DI was maximised. The authors then modelled the array

using finite elements (FE) and finally built a prototype using commercial speak-

ers. In order to control the power radiated by the array the authors introduced

a regularisation parameter.

The previously listed applications use the acoustic contrast maximisation tech-

nique to create superdirective filters, however, the use of least squares has also

been widely studied to generate highly directional arrays. Luzarraga studied the

use of least squares for controlling the soundfield radiated by a commercial public

address (PA) system [65], using a cylindrical propagation operator for the target

field. The author introduced a high pass filter in the target function in order to

prevent the array filter boosting excessively the sources at low frequency. Fre-

quency dependent regularisation proportional to the largest singular value at each
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frequency was introduced.

Least squares filters have also been used in dual layer miniature arrays for the

creation of private listening zones. Shin et al. [66] first studied the directional

performance that could be obtained using a classic4 control geometry to create a

private sound field, established to concentrate the energy in broadside and reduce

the energy radiated to the back of the array, as shown in Fig. 1.15. The array

used by the authors can be observed in Fig. 1.15, and consists of two rows of 8

sources, wherein the second row of sources is used to reduce the back radiation

of the array.

Figure 1.15: Control geometry used for creating a“private sound field” and 16 source
line array used by Shin et al. [66]. Reproduced from [66].

The filters created via the acoustic contrast maximisation in the previous ap-

proaches maximise the ratio of mean square pressure between both control zones,

but do not guaranty a smooth reproduction in the listening area. In the other

hand, the least squares filters are able of obtaining a better reproduction in the

listening area at the expense of having a reduced directional performance. It

may be desirable in some circumstances to obtain a control of the sound field

that obtains a trade off between both approaches. This has motivated research

in sound control techniques which are able of maximising the directivity whilst

providing a more flat reproduction in the listening zone. Chang and Jacobsen

presented a formulation in which they introduce an extra control parameter in the

least squares formulation [67, 51]. By modifying such parameter between 0 and

4In this case a classic control geometry refers to that which consists of a bright zone and a
dark zone.
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1, the obtained filters allow to maximise the acoustic contrast between the lis-

tening zones, or to obtain a reproduced pressure as close as possible to the target.

A similar algorithm has been recently presented by Cai et al. [68], which via a

convex optimisation finds such set of array filters which maximise the contrast

ratio in a given control geometry, but still allows to control the phase in the

listening zone. Shin et al. [69] introduce a similar formulation as that of Chang

and Jacobsen [67] wherein the authors introduce an extra control zone, termed

grey zone. This minimises the mean square error in both bright and dark zones

with the error being given less importance in the grey zone, which produces a

better directional response with a more precise reproduction of the target field.

The amount of minimisation of the error in the grey zone is controlled by an

extra parameter. The control geometry used by Shin et al. in [69] is shown in

Fig. 1.16. Another approach to produce a more accurate reproduction of the

soundfield, but at the same time maximising the ratio of mean square pressure

between two listening zones, has been presented by Coleman et al. [70], in which

they studied the performance of such method by using a circular loudspeaker

array. The algorithm proposed by the author allows the reproduction of a plane

wave in the listening zone in order to enhance the spatial quality of the target

audio.

Figure 1.16: Control geometries as used by Shin et al. [69], wherein the open circles
represent the bright zone, the closed circles the grey zone and the crosses the dark zone.
Reproduced from [69].
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1.3 Issues associated with personal audio

1.3.1 Superdirective filters in the time domain

The examples of superdirective beamforming presented above perform the opti-

misation of the array filters in the frequency domain. The optimisation problem is

thus performed frequency by frequency, obtaining an optimal filter in the form of

a transfer function in the frequency domain. The impulse response of the optimal

filters are obtained afterwards by performing an inverse Fourier transform on the

frequency response corresponding to each source [57]. The use of least squares

filters optimised in the time domain has been previously confined to the equalisa-

tion of room impulse response and for binaural reproduction [71, 72], but it has

not been applied for personal audio applications. The subjective audio quality

obtained by the least squares filters optimised in the time domain in comparison

with these being obtained in the frequency domain was studied by Norcross et al

[73]. The authors show that for filters length smaller than 2048 coefficients, the

filters optimised in the time domain provided a better audio quality than those

optimised in the frequency domain.

The use of acoustic contrast maximisation with filters optimised in the time

domain has been recently presented by Cai et al. [74]. The authors used the

active control formulation adapted for the acoustic contrast maximisation by

Elliott et al. [75] in an 8 source line array [74, 76]. Cai et al. [74] found that

the acoustic contrast maximisation formulated in the time domain was unable to

provide a flat frequency response, and they introduced an alternative formulation

in order to smooth the response.

1.3.2 Personal audio reproduction in reverberant spaces

The performance of most personal audio applications has generally been studied

only in anechoic environments. This is far from the real environment in which

the TV reproduction is intended to be performed, which in a typical room is

going to be a mixture between a modal and a diffuse field [77]. The amount

of research on the performance of directional radiators in non anechoic fields is

small. Reproduction in such environments is difficult, due to the rapid variation

of the acoustic transfer functions at different positions in a room [78]. Research

has tended towards equalisation of the transfer functions of sources over multiple

points using least squares inverse filters [72, 71]. In contrast, sound reproduction

would require the equalisation to be extended over a wider control region. To

this end, some researchers have measured and averaged the transfer functions
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over a certain region [79], however, these techniques have shown “not to have

enough accuracy” for sound reproduction inside a room. Other studies have cre-

ated array filters for sound reproduction in reverberant environments by using the

basis function of the room [80]. The efficiency of such methods has only been as-

sessed, though, by numerical simulations and not by experimental measurements.

Figure 1.17: Free-field theoretical directivity, (a), and that measured in a reverberant
field, (b), as presented by Anderson et al. [81]. Results reproduced from [81].

The performance of a single directional acoustical radiator in a reverberant field

was studied by Beranek [82], who derived an expression for the total acoustic field

depending on the acoustic characteristics of the room and the radiator. A similar

formulation was used to obtain the directional characteristics of a source in a

reverberant environment by Druyvesteyn and Garas [40]. Measurements of the

performance of a line array in reverberant environments have also been presented

by Anderson et al. [81], showing a reduction of the directional characteristics

in comparison with the theoretical free-field value, as shown in Fig. 1.17. Re-

cent work has analysed the performance of different transfer response models for

creating the filters of a superdirective array in a reverberant environment [83].

Similar work was presented by Wen et al. [84], where the authors show that

by measuring the transfer functions of the room the performance was largely in-

creased with respect to a delay and sum array. Yon et al. [85, 86] showed that

by placing the array in a reverberant environment, the reflections with the room

surfaces can extend the aperture of the array and virtually increase the number

of sources of the radiator. Thus, reflections on boundaries allow the creation of

a virtual array of emitting transducers in every direction, as shown in Fig. 1.18.

This research employed the first order reflections of the room to obtain a more

accurate reproduction in the listening zone, using existing commercial sound-bars

[87] or by using high order sources [88].
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Figure 1.18: Principle of mirror images as presented by Yon et al. [86]. Results
reproduced from [86].

1.3.3 Energy consumption and robustness of superdirec-

tive personal audio systems

Although, in principle, superdirective beamforming techniques are able to signif-

icantly increase the directional performance of a line array at low and medium

frequencies, this needs a very large amount of electrical power to drive the loud-

speakers [53]. For example, the use of superdirective techniques allow the direc-

tivity of an 8 source line array to be made frequency independent, but this can

need to use 200 dB more of electric power at low frequency than that used at 3

kHz [53]. Apart from the fact that such systems need a huge amount of power,

superdirective systems are also very sensitive to errors in the transfer functions

of the sources. How sensitive an array is with respect to source transfer function

mismatches can be treated in terms of robustness; the more robust an array is

the less sensitive it will be to such mismatches.

In superdirective antennas, for example, it has been observed how the practical

response is far from the theoretical superdirective value if random errors are intro-

duced in the antenna weightings [89]. The characteristics of these errors and how

to obtain robust beamforming in their response has been studied for microphone

arrays, assuming that the errors have a certain probability factor [90]. Work

on loudspeaker arrays has also studied the effect of errors in source sensitivity

and position, and how these affect the ratio of mean square pressures between

two spatial zones [91, 92]. Such errors reduce the directional performance in the

frequency range where the sources of the array are highly correlated, spatially

speaking [93]. Superdirective techniques need the inversion of a matrix to obtain

the array filters, and these matrices are ill-conditioned at such frequencies. The

robustness of a line array depends also on the number of sources used for the

acoustical array. The more sources used, the greater the directional characteris-

tics, but also the less robust the array is, so that a balance between robustness
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and performance is needed [94, 95]. Generally, line arrays and high order acous-

tical radiators are made robust to changes in their transfer responses by applying

regularization [64, 91], which also controls the power used to drive the array

sources [53]. Recent work by Elliott et al. [91] has suggested that the space-

averaged uncertainties introduced into the transfer responses of an array by the

diffuse field can act analogously to regularization. This has been further studied

by performance measurements in a reverberant environment [96], in which it has

been shown that mismatches in the array transfer functions of 1 dB or 3 dB do

not affect the final array response in a reverberant field.

1.3.4 Reducing radiation from the rear of the array

Apart from the steering of the main beam, another issue with such arrays is the

attenuation of the back radiation of the array, which would otherwise excite the

reverberant field. The directivity of a line array with omnidirectional drivers is

symmetrical along the main axis of an array. For the case of a broadside array,

for example, the array will radiate as much from the back as from the front,

which is undesirable for many applications. In order to reduce the back radia-

tion, directional sources using multiple drivers can be used. The use of such an

arrangement has been previously studied by Pefretzschner and Romera [97], who

placed an extra source at the back of a line array to reduce the back radiation. A

similar concept has been exploited for creating directional sources by Olson [98],

where the directional control was achieved with a delay between the front and

rear sources. Commercial implementations of these kind of systems can also be

found in public address systems, with the aim of reducing feedback [99, 100]. The

use of acoustic contrast maximization to control the directivity of a pair of sources

has also been studied [52], showing greater performance than when the control

is performed with a simple delay. However, although these solutions achieve

a good performance, they require multiple sources to work, and delay networks

or digital filters to perform the desired control between the front and rear sources.

A simpler and more efficient alternative is the use of phase-shift loudspeakers.

Phase-shift loudspeakers use the same working principle as phase-shift directional

microphones, for which the sensitivity to pressure gradients is controlled by using

resistance loaded ports [101, 55]. The use of a phase-shift enclosure to create a

directional response was first introduced by Iding [102], who presented measure-

ments of directional performance. The phase-shift source has also been studied

by Olson [98] and by Holmes [103]. By selecting the acoustical compliance of the
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loudspeaker’s cabinet and the resistance of a rear port, an optimal directional

pattern can be achieved. Ideally, such pattern should be tuned to be a hypercar-

dioid source, as this is the first order limaçon which minimises the input to the

reverberant field [104]. The bandwidth of utilisation of a phase-shift source is,

however, limited by its dimensions, and is maybe because of that, although it is

a concept which dates from the 70s, its utilisation has been limited.

1.4 Providing an alternative personalised audio

for the hearing impaired

It is clear that the speech intelligibility of a hearing impaired listener will benefit

from an increase in volume. It has also been seen that numerous alternatives

exist in the market which can amplify the sound to partially recover from the

loss in audibility. All these approaches, however, are based on headphones or in

secondary speakers placed close to the listeners. The headphones are effective but

after a long time can become tiring. The placement of secondary sources close to

the listeners may be also effective in increasing audibility but will also increase

the overall sound pressure level along the room, which can result too loud for

normal hearing listeners [13].

An ideal sound system to enhance the audio of the hearing impaired will be based

on the following criteria:

� The system should enhance the audio, which improves the intelligibility of

speech, for the hearing impaired listener without the need to wear any kind

of hearing aid or extra device.

� The action of the system is restricted to an area of reduced size where

the hearing impaired person or people are placed, and must not affect the

quality of the audio being perceived by normal hearing listeners outside

that area.

� The system should not significantly increase the reverberant sound in the

room where it is being used.

Such system requires a very narrow spatial reproduction, which can only be per-

formed by the use of active control techniques or by the use of loudspeaker arrays.

The use of active control is out of the scope of the application, as it works better

for frequencies below a few hundred Hz [40, 105], and the aim is to increase the
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audio of the presbyacutic hearing loss, which are large above 500 Hz.

An example of how an acoustic source array could be used to increase the intel-

ligibility in the hearing impaired is shown in Fig. 1.19. Although an array can

be placed closer to a listener, in this case the array is placed below the TV, as

a typical sound bar, and creates a beam of sound to a position where a hearing

impaired person is placed. The radiation of the array to other directions is min-

imised, so that the rest of the TV viewers listen to the audio coming from the

TV sound system.

Figure 1.19: Suggested listening situation for the enhancement of speech intelligibil-
ity: The normal hearing listeners (in blue) listen to the audio coming from the TV,
which propagates omnidirectionally whilst that the hearing impaired (in red) listener
benefices from the high frequency boost of the array. Reproduced from [106].

1.5 Structure of the thesis

This thesis mainly focuses in the development of a personal audio system which

can be used to enhance the speech intelligibility of hearing impaired TV view-

ers. From the literature review above it can be seen that although a good deal

of research has been done in personal audio reproduction, none of the applica-

tions has been concerned with the aims of this thesis. Furthermore, most of the

applications are based on a free-field reproduction, which is far from the final sce-

nario of utilisation of such hearing aid device. Therefore in the context of sound

reproduction, special attention has been put in designing the array so that the

reverberant field is not excited. Extra attention has also been put in the study of

how to maximise the performance of an array inside a reverberant field, and how

the beamforming is affected by such field. Apart from the directive performance

obtained with the array, the perceived quality of the reproduced programme is
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also quite important. To this end, objective and subjective quality tests have

been carried out with the array.

There is a direct link between the degradation of the human cochlea with age

and the reduction of speech intelligibility. A model of the cochlea has thus been

investigated to study the ways in which the response is affected with hearing loss.

The last part of this thesis studies how this hearing loss affects the audibility of

sounds and how better forms of amplification could be provided with the array.

Chapter 2

The study of phase-shift radiators is contained in this chapter. First, simulations

using free-field monopoles together with a lumped parameter model of the rear

port are used to understand the behaviour of the phase-shift sources along fre-

quency. As these sources experience some limitations, these are further studied

by means of finite element simulations. A new proposed model of rear port resis-

tance is designed and then built, which leads to a large broadening of the effective

utilisation bandwidth of the sources.

Chapter 3

This chapter introduces the theory of acoustical arrays. First the superdirective

methods in the frequency domain are revised, such as acoustic contrast maximi-

sation and least squares filters. The performance that is obtained using such

design methods is studied and compared. The two arrays developed along this

thesis, the 1 × 8 array and 4 × 8, array are presented. A study of the steering

capabilities of a phase-shift source array is also introduced.

Chapter 4

The creation of superdirective filters in the time domain is discussed in this chap-

ter. Three techniques are examined: the acoustic contrast maximisation, the least

squares inverse filters and the mixed control algorithm [51]. The performance of

the filters created in the time domain is then compared with that obtained by

the filters created in the frequency domain. The time domain formulation is also

used to maximise speech intelligibility inside reverberant environments.

Chapter 5

The effect of reverberation in superdirective acoustic source radiators is studied

in this chapter. First, a formulation is introduced which allows to model the
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directional performance of a radiator in a diffuse field, by knowing the free-field

performance of such radiator and the absorption and dimensions of the room

where its performance is studied. The effect of the mismatches introduced by the

diffuse field is then studied by means of a theoretical analysis, and by measure-

ments of performance in a room, showing how the diffuse field acts analogously to

regularisation towards the calculation of the vector of optimal source strengths.

Chapter 6

Apart from the acoustical measurements performed on the array it is important to

assess its subjective effect on improving speech intelligibility in hard of hearing

TV viewers. In this chapter such testing is initially carried out with the use

of an objective speech intelligibility technique, such as the speech tranmission

index (STI). In order to further back up these results, subjective tests are then

described, carried out with 30 individuals.

Chapter 7

This chapter introduces a physiologically realisable model of the organ of Corti,

which is able of faithfully reproduce the response of the human cochlea in the

frequency domain. The model is used to reproduce psychoacoustics tuning curves

and the upward thresholds of masking. Hearing loss is also introduced into the

model, and its effect on a number of psychoacoustic factors is considered. This

model allows the amplification to be found, that minimises the masking in the

hearing impaired cochlea and hence maximises speech intelligibility.

Chapter 8

The final chapter presents a summary of the work presented along the whole

thesis. Suggestions for further work in certain areas are also given.

1.6 Contribution of the thesis

The main contributions of this thesis are:

1. Study and re-design of phase-shift radiators. The phase-shift radiators in-

troduced here are able of producing a directivity index close to that of a

hypercardioid between 500 Hz and 6 kHz.

2. Design and construction of 2 arrays to enhance the speech intelligibility

of hearing impaired listeners; the 1 × 8 array and the 4 × 8 array. Both
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arrays use phase-shift sources, and are able of obtaining a large directional

performance in free-field and in reverberant conditions.

3. Development of a formulation to study the performance of acoustical ra-

diators in reverberant environments, and the study of the performance of

superdirective arrays in a diffuse field, by means of a theoretical model and

by means of in situ measurements. It is also shown by means of simulations

and measured results, how even without spatial averaging, the reverbera-

tion acts as regularization. This constrains the amount of power used and

makes the array robust to source mismatches.

4. Adapting the formulation for the use of superdirective acoustic contrast

maximisation, least squares and mixed control superdirective approaches

into the time domain, applied for personal audio systems. This formu-

lation allows to reduce the modelling delay needed by the superdirective

filters. The performance of this formulation with respect to the traditional

frequency domain design methods was studied by free-field monopole sim-

ulations and off-line predictions of performance.

5. The speech intelligibility improvement introduced by the array has been

shown to be equivalent to a decrease of 4 dB SNR, as assessed by mean of

objective techniques such as the speech transmission index (STI) and by

behavioural tests carried away with 30 subjects.

6. Development of a physically realisable model of the hearing impaired cochlea.

The model has been used to study hearing impairment and a number of psy-

choacoustic factors, such as frequency selectivity or upward masking. Such

psychoacoustic models have suggested alternative ways of equalising the

array program to further improve speech intelligibility.

The work performed in this thesis has lead to various publications and conference

proceedings. These references are given in the declaration of authorship.
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Chapter 2

The design of phase-shift (PS)

sources

The spatial properties of the sound control depend on the direction along which

the sources of an array are set and on the individual directivities of such sources.

For example, a delay and sum line array, where all the sources radiate with the

same amplitude and an electronic delay can be set to each source, can be steered

to either left or right of the array. Although the main beam of the array can

be steered, however, the directivity of the array is symmetrical with respect to

its main axis, as it depends on the directionality of the individual sources. In

order to create a line array that radiates only towards its front, the radiation

coming from the back of the sources has to be reduced. This needs individual

sources that are themselves directional, which can be obtained if each source is

constituted by an smaller array, or by the use of passive directional radiators as

phase-shift (PS) sources.

This chapter describes an investigation into the operation and tuning of such

PS sources, with the aim of, firstly, informing how the individual sources of the

arrays presented in this PhD thesis have been designed and built and, secondly,

tune the individual PS sources so that its directional performance is large in a

broad bandwidth. An analytical model is first introduced, which has been used to

perform some initial simulations with first order sources. A more accurate model

is also introduced, based on a FE simulation. This last model has been used to

understand the behaviour of some previously built PS sources, and has facilitated

the design and construction of more efficient radiators. The performance obtained

with these new sources is then presented. The methodology used to estimate the

transfer function and the directivities of the sources is shown in Appendix J.
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2.1 The phase-shift source as a directional radi-

ator

Due to the out of phase radiation of the front and rear faces of the driver, an

unbaffled moving coil loudspeaker radiates with a dipole-like directivity pattern,

which results in very inefficient radiation. To reduce the radiation towards the

back of the source and overcome such limitation, the loudspeaker is generally

placed in a closed cabinet [107]. However, when the loudspeaker is placed in

a closed cabinet, the air volume kept inside the cabinet acts as an additional

stiffness to the suspension of the driver. This rises the free-air resonance of the

loudspeaker, which is undesirable, as the low frequency response is reduced. The

directional characteristics of the source are also modified when the dimensions of

a closed back loudspeaker are small compared to the wavelength of radiation, so

that the sound propagates with identical energy towards each direction, behaving

effectively like an omnidirectional source [108]. For a source placed in a cabinet

with a maximum dimension a, it is estimated that the radiation is omnidirec-

tional for the range of frequencies below ka ≤ 2π, which for a cabinet of 35 mm is

about 10 kHz. Above this frequency, when the wavelength of radiation is smaller

than the source dimensions, the loudspeaker works analogously to a continuous

array, and the radiation pattern is narrowed.

The only existing way of creating a more directional source is to obtain a con-

structive interference at one point and a destructive interference at other points.

By this mechanism, a first order, or gradient source, is obtained by the superpo-

sition of the sound waves generated by two sources. Directional speakers built

as an agrupation of sources have been studied previously. Olson [98] performed

a large study in where various arrangements were tested, suggesting its applica-

tion to column speakers. Similar applications were suggested by Pfretzschner and

Romera [97], who added an extra radiator with an electronic delay to reduce the

radiation coming from the back of a line array. More recent studies have used also

ensembles of two sources to create more directional radiators [48, 52, 109, 57, 51],

however, these have introduced the use of superdirective filters, to maximise the

directional radiation over the whole frequency range. Although the back radiation

of a line array can be reduced in the same way as presented in these examples, it

needs twice the amount of drivers for a line array of a given number of sources,

plus extra electronic processing.

A similar but more simple and cost effective way of reducing the back radiation
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of a source is obtained by placing the driver in a phase-shift (PS) cabinet. A

PS cabinet is a special enclosure with an opening at the rear, in which due to

the special construction of the cabinet, the rear opening radiates with a certain

delay with respect to the driver. Thus, the pressures created by driver and rear

opening sum with identical phase at the front of the speaker and with opposite

phase at the rear of the source, which obtains a cardioid-like limaçon. A similar

effect is used in cardioid microphones, which was introduced by Bauer in a patent

of 1941 [110]. The use of a PS network to create a directional loudspeaker was

first introduced by Iding [102] and later studied by Holmes [101], who referred to

the phase-shift cabinet as “acoustic resistance box”.

In a PS source, two acoustic sources are involved: the loudspeaker diaphragm

and the vented aperture at the rear of the cabinet. At low frequencies, where

the acoustic wavelength is large compared with the dimensions of the cabinet,

ka = 2π, the sound waves generated by the loudspeaker diaphragm and the cab-

inet rear aperture interfere in the space. If the pressure radiated by the rear

aperture is delayed by an appropriate amount of time, a directional response is

achieved. However, if the wavelength of radiation is smaller than the cabinet

dimensions, cancelling effects appear, which create an undesired directional and

frequency response. Ideally, however, if a resistive material that attenuates the

radiation at high frequencies is placed in the rear aperture, a higher front radia-

tion can be obtained.

Figure 2.1: Simplified PS loudspeaker arrangement and low-frequency electroacoustic
equivalent.
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Assuming that the wavelength of radiation is much larger than the cabinet di-

mensions, a PS loudspeaker may be modelled by an acoustical resistance that

is constituted by the rear port of the cabinet, and an acoustical compliance,

represented by the volume of the cabinet internal cavity. A sketch of this im-

plementation is shown in Fig. 2.1. At sufficiently low frequency, the phase-shift

transmission line can be approximated using an electroacoustic circuit as shown

in Fig. 2.1. In this approximation it is assumed that the acoustical reactance of

the port of the cabinet is much smaller than its acoustical resistance, RP . It is

also assumed that the mechanical impedance of the cabinet is much larger than

that of the source, and so it dominates. The acoustic resistance is then frequency

independent, and together with the compliance of the interior of the cabinet in-

troduces a delay that increases linearly with frequency [103].

Considering that qD(jω) = qDe
jωt, and that for a single frequency this is written

for simplicity as qD, the volume velocity of the driver may be expressed as a func-

tion of the force driving the diaphragm, fD, and its total mechanical impedance,

ZM,Tot

qD =
fD

ZM,Tot

=
fD

ZMD +
(

1
RP

+ jωCB

)−1 . (2.1)

Assuming the mechanical impedance of the driver to be small compared to the

port impedance, the volume velocity at the port can be written as

qP =

(
1

RP
+ jωCB

)−1

RP
qD =

1

1 + jωRPCB
qD, (2.2)

which gives a relation of | qD
qP
|= 1 for frequencies where ω < 1

RPCB
, being the

phase between the two pressures established by 6 qD
qP

= tan−1(ωRPCB). At low

frequency, the phase-shift is controlled by the acoustical resistance of the port,

RP , and the compliance of the cabinet volume, CB, written as

φ = ωCBRP , (2.3)

where CB and RP form the time constant of the phase-shift, τ

τ = CBRP . (2.4)

This constant can also be given in terms of the equivalent path length difference,

d

d = c0CBRP (2.5)
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The selection of these parameters lie on the dimensions of the cabinet and the

characteristics of the resistive material. The cabinet compliance is given by [104]

CB =
V

ρ0c
2
0

, (2.6)

where V refers to the volume of the enclosure, ρ0, is the density of air, 1.21

kg.m−3 and c0=344 ms−1, is the speed of sound in the air. By substituting Eq.

2.6 into Eq. 2.5 the equivalent path length may be written as

d =
V RP

ρ0c0
. (2.7)

If the acoustical parameters are chosen adequately, it can be assumed that the

phase-shift network does not change the magnitude of the pressure radiated by

the rear of the system, and therefore that the magnitude of diaphragm and port

pressures are equal [55]. Under this assumption the complex volume velocity of

the port can be written as

qP = −qDe
−jkd, (2.8)

where the phase inversion that the port introduces is denoted by −q, being e−jkd

the frequency dependent delay due to the phase-shift. A simple model using

monopoles can now be derived. For the case of the diaphragm pressure

pD = jωρ0c0qD
e−jkrD

4πrD
, (2.9)

where ω represents the angular pulsation frequency, qD the diaphragm volume

velocity, and rD the distance between the diaphragm and the receiver position.

The port pressure is given by

pP = jωρ0c0qP
e−jkrP

4πrP
, (2.10)

being qP the port volume velocity and rP the distance between the port and the

receiver position. The total pressure is given by the summation of diaphragm

and port pressures

pTot = pD + pP = jωρ0c0

[
qD

e−jkrD

4πrD
+ qP

e−jkrP

4πrP

]
. (2.11)

By using the cosine rule [55], the distances of diaphragm and port at an angle θ

around the source are given by

rD =
√

r20 + l2/4 + r0l cos θ rP =
√

r20 + l2/4 + r0l cos(π − θ), (2.12)
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where l represents the separation between port and diaphragm of the source.

Substituting Eq. 2.8 into Eq. 2.11 and taking the far-field approximation of rD,

the resultant far-field total pressure is given by

pTot =
jωρ0c0
4πrD

qDe
−jkrD

(
1− e−jk(l cos θ+d)

)
= pD

(
1− e−jk(l cos θ+d)

)
. (2.13)

It is then assumed that the equivalent path length, d, is small compared with

the wavelength if

k(l cos θ + d) =
2πl cos θ + d

λ
≪ 1 (2.14)

Using a small angle approximation [111], the exponential term in Eq. 2.13 can

be written as

e−jk(l cos θ+d) = 1− jk(l cos θ + d). (2.15)

The total pressure radiated by the loudspeaker can be approximated by

pTot(θ) = jkpD(l cos θ + d). (2.16)

This means that by choosing the right ratio between the parameters l and d, a

directive limaçon can be obtained. The hypercardioid limaçon is the first order

pattern that minimises the power input to the reverberant field [104]. This can

be obtained if d = l/3 [112], which is got by using RP = lρ0c0
3V

.

2.2 Understanding the behaviour of a phase-

shift source

2.2.1 First performance measures of a phase-shift source

The first study of a PS source was performed when searching for a suitable source

for the array presented in [94, 113]. However, little was known at this time

about the behaviour of such sources. A sample speaker was built, in which the

rear aperture size was made variable, with the frequency dependent resistance

constituted by a fine metallic mesh. A set of measurements was then produced,

with different port apertures, to determine the aperture size which was giving a

radiation pattern closer to a hypercardioid. Once an optimum aperture size was

determined, 8 sources where built, posteriorly used in the array shown in [113] and

in a personal audio system for a car cabin [58]. The actual aspect of the prototype

source and of the actual sources is shown in Fig. 2.2a, and the horizontal and

vertical radiation patterns obtained with one of these sources can be observed in

Fig. 2.3, in where the directional response is shown at various discrete frequencies.
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It is possible to observe that at some frequencies the radiation pattern is quite

close to that of a hypercardioid, as for example at 500 Hz, 1 kHz and 2 kHz. At

other frequencies, the response is also quite directional, as the loudspeaker has

started to beam due to the fact that the wavelength of radiation is smaller than

the dimensions of its diaphragm.

Figure 2.2: Prototype and actual source for the array described in [94, 113].

2.2.2 Comparison of transfer functions between a phase-

shift source and a closed-back speaker

A large number of the simulations included in this thesis use point hypercardioid

sources to simulate a phase-shift source array. Using the “product theorem” [114],

the transfer impedance of a point monopole source simulating a driver in an array,

Eq. 2.9, can be multiplied by the directional pattern of a hypercardioid source to

give the transfer impedance of an idealized first order point hypercardioid source,

whose magnitude depends on the orientation angle

ZD = ZD(Ψ, θ, φ) = jωρ
e−jkr

4πr
(1−Ψ+Ψcos θ cosφ) , (2.17)

where for the case of a hypercardioid source Ψ is set to 0.75.

The directional performance of various arrays is always compared with these us-

ing the same amount of electrical energy, which is quantified by the array effort,
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(a) 500 Hz (b) 1 kHz (c) 2 kHz

(d) 4 kHz (e) 5 kHz (f) 8 kHz

Figure 2.3: Measured directivities for the PS source shown in Fig. 2.2a at various
discrete frequencies. Horizontal directivities shown in blue and vertical directivities
shown in red. Results reproduced from [94].

described in Section 3.1.5, which requires the knowledge of the individual sources

transfer impedances. Looking at Eq. 2.17, it can be observed how the radiation

pattern is invariant with frequency and how the value of the transfer impedance

at θ = 0, φ = 0 is equal to that of a point monopole source. If an array of point

monopole sources is to be compared with one of point hypercardioid sources, when

both of them use the same array effort, it is needed that the transfer impedances

of the practical source which they simulate, i.e., a closed back loudspeaker or a

phase-shift source, have a similar measured transfer impedance.
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Figure 2.4: Measured DI of the prototype source shown in Fig. 2.2a for different
openings of the rear port.
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Figure 2.5: On axis frequency response of the prototype source (upper plot) and
relative differences in level with respect to the closed back configuration (lower plot)
for different opening sizes of the rear port.

In order to make sure that the transfer impedances of a closed back source

and a phase-shift source are similar, a comparison can be made of the trans-

fer impedances of the prototype source, when this is working in closed back and

phase-shift configuration Fig. 2.5 shows the corresponding frequency response for

different openings of the rear port. The absolute value of the transfer impedance

obtained for different aperture configurations is relatively similar for the whole

of the frequency range. Around 800 Hz, where the cardioid effect is greater, the

closed back source is about 8 dB more efficient, as all the radiation is directed

towards the front and not through the rear port. Above 1 kHz the PS source is

about 4 dB more efficient, and above 3 kHz the transfer impedance is very similar

for all configurations. As the variability of the transfer impedances is small, the

point hypercardioids can be modelled using Eq. 2.17.

2.2.3 Directional response

Apart from observing the radiation pattern of a PS source at a given frequency,

it is also very useful to quantify its directional characteristics along frequency.

To this end, the directivity index is used. The DI is widely used to evaluate the

directional response of a radiator, and it is defined as the magnitude, in decibels,

of the ratio between the on axis pressure that a source produces compared to that

produced by an omnidirectional source, when both radiate the same acoustical

power. Considering a loudspeaker placed on the x, y plane of Fig. 2.6, the
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Figure 2.6: Coordinate system defining the angles θ and φ and the radius r used
to estimate the directivity index (DI). The area of the surface differential is dS =
sin θdθdφ.

mathematical expression of the DI is given by [82]

DI = 10 log10


 4π|pax|2∫ 2π

0

∫ π/2

−π/2
|p(φ, θ, r)|2|cos θ|dθdφ


 , (2.18)

where pax refers to the on axis pressure. If the pressure is obtained at a set of

discrete points the DI is given by

DI = 10 log10

(
4π|pax|2∑2π/∆θ

m=1

∑π/∆φ

n=1 |p(φn, θm, r)|2|cos θn|∆θ∆φ

)
, (2.19)

where ∆θ is the number of horizontal measurement points between 0 and 2π

and ∆φ is the number of vertical control points between −pi/2 and pi/2. If

the estimation is only performed in a horizontal measurement slide, the above

expression reduces to

DI = 10 log10

(
2π|pax|2∑2π
0 |p(φ)|2∆φ

)
. (2.20)

The above expression, also known as the “partial directivity index”, is a gener-

alisation of the DI formula used when the directivity estimation is performed in

horizontal measurement slide which extends between 0 radians and 2π radians. In

this case, the DI is the ratio between the on axis pressure that a source produces

compared to that produced by an omnidirectional source in a two-dimensional

measurement slide. As the majority of the measurements presented in this thesis
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are done in a two-dimensional horizontal measurement slide, Eq. 2.20 is used to

quantify the directional behaviour against frequency.
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Figure 2.7: On-axis pressure (left plot) and DI along frequency (right plot) of an ideal
hypercardioid source with d = 4 cm in a horizontal measurement slide.

The frequency response of the on axis pressure, pAX , and the directional response

of a PS source depend entirely on the separation between driver and rear aperture

of the source. As a first design tool, these responses can be obtained using point

monopole sources as shown in Eq. 2.11, with the source strengths of driver and

rear port related as

qP = −qDe
−jkc0CBRP , (2.21)

where in order to give a hypercardioid radiation pattern c0CBRP = l/3. Using

such formulation, the response for a source with l = 4 cm is shown in Fig. 2.7.

The frequency response grows proportionally to the frequency of radiation, as

expected from Eq. 2.9 until around 6.5 kHz, where a big notch can be observed,

which is common with the simulated DI. For a hypercardioid source the null in

the responses is found at a frequency

fNotch =
3c0
4d

, (2.22)

which for a source with spacing d of 4 cm is 6.45 kHz. At this frequency the

radiated wavelength is 4/3 times the separation between both monopole sources,

i.e., driver and rear port in a practical source. Driver and rear port transfer

impedances at θ = 0 can be related as

ZP = ZDe
jkl. (2.23)

The pressure at θ = 0 can be calculated using Eq. 2.21 for an optimal case and
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Eq. 2.23. At fNotch it is obtained that j2kl/3 = 2π. which leads to

p(θ = 0) = ZDqD − ZDe
jklqDe

−jkl/3 = ZDqD − ZDqDe
j4kl/3 = ZDqD − ZDqD = 0.

(2.24)

which explains the null on the radiated pressure. This effect can be visualised in

Fig. 2.8, where it is seen how the radiation is directed towards the back of the

source. For the scope of this thesis and for the majority of the applications which

require a directional source, this effect is undesirable, as it contributes directly

to inject energy into the reverberant field. In further sections of this chapter it

is shown how the reduction of directivity at fNotch is diminished by the use of an

improved rear port resistance.
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Figure 2.8: Directivity pattern of a theoretical PS hypercardioid source at fNotch,
where it can be observed how the radiation at 0◦ is largely reduced.
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Figure 2.9: Measured and simulated directivity index of a PS source with d = 4 cm.

Fig. 2.9 shows a comparison between the theoretical DI of a PS source tuned to

give a hypercardioid directivity pattern, and the measured DI of the source shown

in Fig.2.2a. At low frequency the DI is close to the predicted theoretical value,

however the notch this case is centred around 2.5 kHz, a much lower frequency
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than the theoretically predicted one. In a practical source, this result is caused

by the finite size of the cabinet. The effective point at which the soundwaves

start forming is denominated acoustic centre. The IEC standard 61094-3 defines

the acoustic centre as [115]: “For a sound emitting transducer, for a sinusoidal

signal of a given frequency and for a specified direction and distance, the point

from which the approximately spherical wavefronts, as observed in a small region

around the observation point, appear to diverge”. This problem has been studied

previously by Elliott and Jones [48] and by Vanderkooy [116, 117, 118]. Elliot and

Jones [48] analytically showed that the acoustic centre is placed half a radius away

from the driver and Vanderkooy stated that as a general rule of thumb the acoustic

centre lies in front of a loudspeaker diaphragm at a distance approximately equal

to half-width of its cabinet. The approaches presented by both authors agree

with the results observed for the practical source, as if fNotch is calculated in this

way

fNotch(42 mm) =
3 · 343

4(l + 2w/2)
= 3062Hz, (2.25)

where l = 4.6 cm and w=4.2 cm, which gives a value close to the frequency of

the null shown in Fig. 2.9. However, if the same approximation for the acoustic

centre is used for smaller values of d, the theoretical values do not match with

the correspondent fNotch. The acoustic centre was later studied by Cheer [56, 57],

who observed the phase difference of the signal arriving from two sources which

where either acting as a line array or placed in a baffle. The author showed that

placing the sources in a baffle greatly increased the effective separation between

the two sources.

Although it is well understood why the directivity is reduced at fNotch, and al-

though it is possible to find a fair approximation of the acoustic centre for the

cases when d is relatively large, a more accurate model of a PS source was desired,

which suggested the building of a finite element model.

2.2.4 Study of the dimensions effect through a finite ele-

ment model

The model has been built in the commercial software Comsol v4.3, with a geome-

try as that shown in Fig. 2.10. The model is built up using similar specifications

as those used by Cheer et al. [56], in which the authors studied the effect of the

baffle introduced by a mobile phone. The domain wherein the model is placed

is made of two concentric spheres with dimensions varying depending on the fre-

quency range of study as shown in Table 2.1, which allows the study between 100
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Hz and 8 kHz.

Table 2.1: Dimensions of the finite element models.

Model Bandwidth Sensor array ra-
dius, (cm)

PML radius, (cm)

LF 25.94 23.89 26.14
MF 25.94 23.89 26.14
HF 25.94 23.89 26.14

The inner sphere is the air domain, wherein the response between the source and

a set of 48 estimation points is obtained, in order to posteriorly calculate the DI.

The inner sphere has to be large enough to allow the sensors being in the geo-

metric far-field, which is obtained if the sensors are placed at a radius r ≥ l [105].

The second, outer sphere forms a shell around the air domain, and is constituted

by a perfectly matched layer (PML) [119]. The PML is a method of fulfilling the

Sommerfield radiation condition, which ensures that outgoing waves propagate to

infinity in the absence of reflecting boundaries. The PML is a layer of anisotropic

damping which increases with distance into the domain perpendicularly to the

interference between the physical domain, the air domain, and the PML [119],

therefore allowing to simulate an anechoic-like environment. Apart from that,

the domain of study can be truncated, which leads to a reduction of the compu-

tational demand without significant loss in the accuracy of the solution [119].

Figure 2.10: Finite element (FE) geometry used for the study of the PS source.

The phase-shift source is modelled as a hollow baffle made out of wood, with 4

mm walls. The driver is constituted by a vibrating square piston and the rear port

by an acoustic impedance. In order to assess the accuracy of the finite element

model, the baffle and piston simulating the driver are first built with dimensions
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as the source shown in Fig. 2.2a, so that the result can be compared with DI

measurements of the source in closed back and in hypercardioid configuration.

These results are shown in Fig. 2.11. For modelling the speaker working in

hypercardioid configuration, a value of port impedance of 350 Pasm−1 has been

used, taken from measurements of the same material performed by Cheer [55]

. Although the impedance of the metallic mesh used in the practical source is

assumed to vary with frequency, a constant value has been used as a starting

design parameter. Despite some differences, the results offered by the finite ele-

ment simulations are close to the measured DIs, which validates the finite element

model. When the source is operating in PS configuration both FE simulated and

measured results are in agreement, with the drop in the DI also occurring at

a similar frequency. The reduction of DI at fNotch is, however, underestimated

by the finite element model. Up to 5 kHz the measured results give a higher

DI, which is believed to be caused by a higher impedance at high frequencies

of the practical phase-shift source rear port (a constant value is used in the FE

model along frequency), and due to the beaming of the loudspeaker diaphragm.

The measured and FE simulated results for the closed back source are also in a

reasonably good agreement, matching closely above 2 kHz. Although the model

presents some differences with respect to the practical source, it allows a good

estimation of the reduction of directive characteristics at fNotch.
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Figure 2.11: Measured and FE simulated DI of the source shown in Fig.2.2a, for
hypercardioid and closed back configurations.

In order for the array to give a proper amplification that allows increasing speech

intelligibility, it is intended that the array is able to control the bandwidth be-

tween 500 Hz and 8 kHz, which implies that fNotch has to be moved towards

higher frequencies and/or its effect has to be reduced. To study the effect that

the effective separation between driver and rear port has on the DI, a first set

of simulations was carried with sources with a smaller length. With views to a
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posterior construction of the source, the dimensions used for the piston simulat-

ing the driver were taken from a miniature speaker, the Visaton k20.40, shown

in Appendix A. The dimensions of the two models built are shown in Table. 2.2.

A smaller cabinet means a lower internal volume, which then modifies the ratio
V RP

ρ0c0
, which has to be equal to l/3 to lead to a hypercardioid radiation pattern. In

order to keep this ratio constant the acoustic resistance of the port is increased.

In a practical source the acoustic resistance can be modified by selecting a dif-

ferent metallic mesh or by just adding one layer of metallic mesh after the other.

Assuming that linearity holds, two layers of resistive materials correspond to a

resistance of 2 · (350) Pasm−1. The DI obtained using such model sources are

shown in Fig. 2.12. It can be observed how the DI below 4 kHz is close to that

predicted by a hypercardioid, and how at about 5 kHz for the 12 mm and 5.5 kHz

for the 6 mm source, a small reduction in the DI is found due to the explanation

of Section 2.2.1. The reduction in the DI at fNotch is, however, underestimated.

Table 2.2: Dimensions of the “short” PS sources studied in the FE model.

Source h, (cm) w, (cm) l, (cm)
Array 1 [113] 7.50 4.60 4.20
Source 1 44.00 26.00 6.00
Source 2 44.00 26.00 12.00
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Figure 2.12: DI performance of the FE model for the sources with dimensions shown
in Table 2.2, compared with the DI of a theoretical hypercardioid source.

The results obtained with the finite element simulations, shown in Fig. 2.12,

lead to the construction of two prototype sources with a shorter cabinet length,

denominated “Source 1” for the 6 mm source and “Source 2” for the 12 mm

source. A close up of both sources can be observed in Fig. 2.13. As it can be

observed in Fig. 2.14, although a flat DI is seen between 500 Hz and 4 kHz, a

large null is present at about 5.5 kHz, a very different result from that obtained in
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Figure 2.13: Prototype ” short” PS sources.
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Figure 2.14: Measured DI of the “short” prototype PS sources in comparison with
the FE simulations. The theoretical DI given by a hypercardioid is also shown.

the FE simulations. It also can be observed in the directivities, presented in Fig.

2.15, how at 5 kHz the directivity tends to that shown in Fig. 2.8. The results

for both prototype loudspeakers are very similar, as only 6 mm difference exist

between both sources. It is needed to consider the width of the cabinet in this

case, w=26 mm. If fNotch is calculated using the rule of thumb of Vanderkooy,

the null frequency is obtained at

fNotch(26) =
3 · 343

4(w + 2w/2)
= 4950Hz, (2.26)

where in this case the wide of the speaker is of w=2.6 cm, which gives a figure

closer to the result obtained in the measurements result. The FE simulations

show a small descent in the DI centred at the frequency of the null, however, not

so deep as the measurements result. Being the width of the cabinets bigger than

their length, it is reasonable to say that this dimension dominates in the creation

of the acoustic centre.
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Figure 2.15: Measured directivity patterns of the 12 mm and 6 mm prototype sources
at different frequencies.

2.3 Towards an improved source: mixed acous-

tic mass-resistance source

As both prototype sources show a big null centred at about 5 kHz, they are not

suitable for accomplish the desired objectives of a very directional source from

500 Hz to 8 kHz. The next approach taken has been to include a frequency de-

pendent resistance of the rear-port and hence reduce the back radiation at fNotch.

The idea is to reduce the radiation of the rear port as the frequency is increased,

so that the PS source tends to work in closed cabinet configuration, minimising

the reduction in DI at fNotch and obtaining directivity due to the beaming of the

driver itself.

An initial analytical model has been developed to illustrate the behaviour with

frequency of such a port. A practical loudspeaker which is able of avoiding the

lack of directional performance at fNotch is shown at the end of this section.

2.3.1 Analytical model

A modification of the mixed-mass resistance element model defined by Beranek

[82] is used here to simulate the effect that such a rear port impedance can have

on the directivity of a PS source, denominated here “inertance” model. Although

in the practical speaker the frequency dependent resistance has been built with

a high frequency foam, the model presented here is based on a perforated grill

for the frequency dependent behaviour and a metallic mesh for the rear port

resistance. According to Beranek [82], the equations that define the impedance
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of a hole of the perforated sheet are

ZA = RA + jωMA, (2.27)

where

RA =
1

πa2
ρ0
√

2ωµ

[
t

a
+ 2

(
1− Ah

Ab

)]
, (2.28)

and

MA =
ρ0
πa2

[
t+ 1.7a

(
1− a

b

)]
, (2.29)

where µ=1.56·10−5 m2s−1 is the kinematic coefficient of viscosity, a is the radius

of the holes, t is the thickness of the plate, and b is the side of a square that

surrounds the holes. Ah is the area of the hole in square meters and Ab is the

area of the square that surrounds the holes in square meters. If there are n

holes in the perforated sheet, the above equations must be divided by n. A

lumped parameter model can be used now, with the circuit represented by an

electroacoustic analogy. The perforated sheet is formed by a resistance plus a

coil in series, with the thin metallic grid also as a resistance and a coil. The

volume velocity of the port depends on that of the driver as

qP =

−j
ωCB

ZP − j
ωCB

qD =
1

1 + jωZPCB

qD, (2.30)

where

ZP = RA +RP + jω(MA +MP ). (2.31)

being RP and MP the real and complex part of the impedance of the thin metallic

grid, normalised by the area corresponding to the holes of the perforated sheet.

This is done because in the model it is assumed that the thin metallic grid is

placed beside the perforated sheet. The perforated sheet is built up with the

parameters of Table 2.3.

Table 2.3: Parameters used in Equations 2.28 and 2.29 for the perforated sheet con-
stituting the impedance of the inertance model.

Parameter mm
a 1
b 2
t 20

A bode diagram of the ratio qP/qD is shown in Fig. 2.16 for different rear port

configurations. The “optimal” case refers to the use of RP = lρ0c0
3V

, the “mea-

sured” case refers to the use of RP = 350 + j75 Pasm−1 and the inertance case
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refers to the use of Eq. 2.31. For the optimal case the ratio qP/qD is of about 0

dB until about 2 kHz, whilst that for the case when the measured impedance is

used the ratio qP/qD falls apart above 200 Hz. If the inertance model is applied

the magnitude of qP/qD becomes slightly positive at about 2 kHz, but sees a fast

decrease as the frequency is increased. Fig. 2.17 shows the DI for the three rear

port configurations. Whilst the highest one is given by the optimal case, that of

the measured case is also very similar. The results for the inertance rear port are

almost identical to that of the optimal case until above 500 Hz, decreasing then

as frequency increases and getting negative at around 4 kHz. The directivities

that are obtained with the inertance rear port configuration are shown in Fig.

2.18.

As the frequency is increased, the response of the point monopole source simu-

lation using the inertance rear port becomes closer to that of an omnidirectional

source, as only the driver is radiating, leading to a DI which is 0. In a practical

source, however, the directivity of the driver itself increases with frequency, which

then leads to a higher DI at high frequency.
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Figure 2.16: Bode diagram of the ratio qP/qD for different PS source resistance con-
figurations. “Inertance” uses the model here defined. “Measured” uses the impedances
measured by Cheer [55] and “Optimal” uses the optimal impedance, where RP = lρ0c0

3V .

2.3.2 Practical sources

Based on the formulation presented above, it is possible to build a source which

at low frequency presents a hypercardioid directivity but that at high frequency

works as a close cabinet. At the moment of the construction of a practical PS

source, the most difficult part is, however, to find the appropriate materials for

the rear port impedance.
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Figure 2.17: DI performance obtained using the monopole model for the different
rear port impedance configurations of Fig. 2.16
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Figure 2.18: Directivities at various frequencies using the inertance model as rear
port resistance.

Due to the difficulties using a grid of perforated elements, the inertance-type

impedance for the rear port has been constructed by placing layers of high fre-

quency absorbent material at the rear of the loudspeaker. The model of Eq.

2.30 can be now generalised so that driver and rear port transfer impedances are

related by

qP =
1

1 + jωRPCB − ω2LPCB
qD, (2.32)

where in this case LP is the frequency dependent acoustic resistance.

In the same way as performed when selecting the area of the metallic grid needed

to obtain a hypercardioid radiation pattern, see Sect. 2.2.1, an exhaustive set of

measurements was carried out until finding an appropriate material for the rear

port. The construction adopted has been to superimpose various layer of a high

frequency absorbent material. The number of layers needed has been selected by
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looking at the DI and also by looking at predictions of acoustic contrast1. An

aspect of the first prototype can be seen in Fig. 2.19. An improved version of

the prototype source is used in the 1×8 array, which can be observed in Fig. 2.21

Figure 2.19: Close up of the 6 mm prototype PS source with high frequency absorbent
material to form an inertance-type radiation port.

Figure 2.20: Close up of the sources used in the 1× 8 array [53].

Figure 2.21: The 1× 8 array [53].

The resulting PS sources have a damped hypercardioid radiation pattern, as it can

be observed in Fig. 2.23, where the polar plots tend more towards a cardioid type

than to a hypercardioid type, however the measured DI is still very high. The

1See Appendix D for an explanation on how the acoustic contrast is predicted.
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Figure 2.22: Measured DI of the two prototype sources shown in Fig. 2.12 with
high frequency absorbent material added to the rear port, in comparison when only a
metallic grid is used for the rear port resistance.
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Figure 2.23: Measured directivity patterns of the prototype PS sources with
inertance-type radiation port at different frequencies.

effect of the high frequency resistance is quite notable, with the nulls of directivity

greatly reduced, obtaining a DI which is more constant along frequency. This can

be observed as well comparing the directivities of Fig. 2.23 against those of Fig.

2.15 at 5 kHz, due to the reduction of radiation from the back at high frequencies.

A comparison of the directivities between these obtained with the prototype

source and those for the sources of the 1 × 8, which include the effect of the

baffling from other sources, is shown for various frequencies in Fig. 2.24. Both

sources show a similar directivity at 1 kHz and at 2 kHz. At 4 kHz it can be

observed the effect of the baffle by other sources, as for example at 90◦ the radi-

ation pattern is lower. At 6 kHz, which approximately coincides with fNotch, the

directivity of the single source radiates more omnidirectionally.
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(c) 4 kHz
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Figure 2.24: Measured directivity patterns of the prototype PS source with inertance-
type radiation port (black dashed lines) compared to that obtained with the 4th source
of the 1× 8 array (red solid lines).

2.4 The 4× 8 array sources

The 4 × 8 array, which is described in Section 3.4, uses sources which are direc-

tional in a 3D sense. The array, shown in Fig. 2.25, is a planar array with 32

sources arranged in 8 columns of 4 sources. Each column of the array is consid-

ered an individual source, which is made up of 4 sources as that shown in Fig.

2.20, so that a vertical beamforming is obtained and the energy input towards

the reverberant field is reduced [95].

In order to obtain a good vertical beamforming it is important that each source

radiates with equal amplitude and phase. Generally, however, every loudspeaker
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Figure 2.25: The 4 × 8 line array, which uses a total of 32 sources, arranged in 8
columns of 4 sources each. The sources of each column are connected to a single wire,
hence radiating in phase.

is somehow different in sensitivity and phase response, which will reduce the per-

formance of a delay and sum beamformer. Such differences between the sources

can be regularised if they are coupled via the cabinet mechanical impedance, in-

creasing the robustness of the beamformer.

2.4.1 Robustness of the 4×8 source to source mismatches

In the vertical sense, the sources of the 4× 8 array behave a like broadside delay

and sum line array, and so its directional performance directly depends on each

source radiating with same amplitude and phase. This is a relevant issue when

standard drivers are used, which present a slightly different response from one

another. In the upper plot of Fig. 2.26 it is shown how the directivity index is

altered due to a mismatch in the transfer functions of a of 4 source delay and

sum, as for the case of one of the cabinets of a 4× 8 array, which is simulated by

introducing random uncertainties following a Gaussian distribution in the volume

velocities of each individual source. The mismatch of the sources is rated on mean

square error (MSE) [120]. In the lower plot of the same figure, it is shown the

relative magnitude of the volume velocities of each source, respect to a value of

1, considered to be the case when all sources are identical, as in an ideal source.

It is possible to observe how the error distribution between the sources is more

important than the actual magnitude of the error.

2.4.2 Mechanical coupling model

The robustness of the vertical delay and sum beamforming of the 4 × 8 source

can be increased, however, if the sources are placed inside a cabinet where they
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Figure 2.26: Point monopole simulation of the variation on the DI of a 4× 8 source
with different mean square error distributions on its sources (upper plot). Relative
magnitudes of the volume velocities of each source with respect to a magnitude of one,
which is considered to be an ideal source (lower plot).

share a common volume. If the mechanical impedance of the cabinet volume is

considerably larger than the mechanical impedance of the individual source, the

effect of mismatches will be reduced. A simulation to illustrate how this effect is

likely to happen can be performed by looking at the impedances of the cabinet

compliance and the source of a lumped parameter model.

Figure 2.27: Lumped parameter model of the quadruple source, in where each source
driven with a velocity ui produces a force fi, inside a ported enclosure with a mechanical
compliance CMC and a mechanical port resistance RMP .

A lumped parameter representation of a 4 × 8 cabinet can be observed in Fig.

2.27, in where each single degree of freedom system (SDOF) represents a loud-

speaker, which is placed inside a cabinet with a mechanical compliance CMC and

a ported resistance RMP . Each source is driven with a velocity ui, producing a

force fi.
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A matrix representation of Fig. 2.27 can be defined as




f1

f2

f3

f4



=




ZM1 0 · · · 0

0 ZM2 · · · ...
...

... ZM3 0

0 · · · 0 ZM4







u1

u2

u3

u4



− ZMC




1 1 1 1

1 1 1 1

1 1 1 1

1 1 1 1







u1

u2

u3

u4



, (2.33)

where ZMi
represents the mechanical impedance of each source and ZMC the

mechanical impedance of the cavity at low frequency, where the wavelength is

much greater than the cabinet dimension, so that

f = ZM,Totu, (2.34)

where the total mechanical impedance matrix, ZM,Tot, is defined as

ZM,Tot =




ZM1 − ZMC −ZMC · · · −ZMC

−ZMC ZM2 − ZMC · · · ...
...

... ZM3 − ZMC −ZMC

−ZMC · · · −ZMC ZM4 − ZMC



. (2.35)

Assuming each source has the same Bl product, a vector of forces driving each

source, f , is equivalent to

f =




1

1

1

1



BlI, (2.36)

where B represents the magnetic field induction, l the length of the coil and I

the intensity that flows through the speaker coil. The matrix of source velocities

will be given by

u = Z−1
M,Totf , (2.37)

which suggest that in a case where ZMC is much greater than that of each individ-

ual source, the resultant driving velocities of each source, ui, will be all identical.

In this case coupling via the cavity acts as if adding a regularisation coefficient

that minimises the differences between the arrays sources.

2.4.3 Source and cabinet mechanical parameters

In order to compare source and cavity mechanical parameters an analysis is pre-

sented, with values estimated from measurements in a practical source and data
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Figure 2.28: Frequency response and electrical impedance of the Visaton k20.40

sources, which are used on the 4× 8 phase-shift cabinets. Data provided by the manu-
facturer [121]. The complete commercial brochure of the source is shown in Appendix
A.

given by the manufacturer. The selected source to build the 4×8 array PS sources

is the same as that used in the 1 × 8 array. The manufacturer of the individual

sources, Visaton, gives the frequency response and electrical impedance, which is

shown in Fig. 2.28. The manufacturer also gives the resonance frequency, fN , to

be 600 Hz, and the total weight of the speaker which is of 0.007 Kg. From Fig.

2.28 the damping ratio of the speaker can be found

ζ =
f1,−3dB − f2,−3dB

2fN
≈ 0.07. (2.38)

If the mass of the diaphragm, MD, is estimated to be of 2 grams, the diaphragm

stiffness, KD, can be obtained from the resonance frequency definition

fn =
1

2π

√
KD

MD

→ KD = (2πfN)
2MD = 2.13 · 104 Nm−1. (2.39)

The speaker damping, RD, can be obtained by the definition of the damping ratio

[122]

ζ =
RD

4πMDfN
→ RD = ζ4πMDfN ≈ 0.7917 Kgs−1. (2.40)

The transduction factor of the speaker, (Bl)2, can be obtained from the electrical

impedance graph, ZE. At the resonance peak, the electrical impedance value

equals D + RE , where RE is the speaker nominal resistance equal to 8 Ω, and

D is the peak value of the mechanical impedance, which from the graph of Fig.

2.28 has a value of 6 Ω. At the natural frequency, D and (Bl)2 are related by the

speaker mechanical resistance, RM . [123]

D =
(Bl)2

RM
→ (Bl)2 = DRM ≈ 5.54. (2.41)
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The inductance of the coil, LE , can also be obtained from the electrical impedance

graph, by knowing that its value at 20 kHz is 8.2 Ω

ZE =
√

R2
E + L2

E → LE =≈
√
8.22 − 82 = 0.014 mH. (2.42)

The total mechanical impedance of the speaker is then defined as [123]

ZM,Tot = R + jωM +
1

jωC
+

(Bl)2

RE + jωLE

. (2.43)

Two configurations can now be simulated for the model: one considering that the

cabinet has a closed back configuration, and another considering that the cabinet

has a vented aperture, as in a PS source.

For a closed cabinet speaker, the mechanical impedance that a driver sees is given

by a series mass and compliance [82]

ZMC = S2
D

(
jωMC +

1

jωCB

)
, (2.44)

where S2
D is the mechano-acoustical transduction factor, determined by the sur-

face of the source diaphragm, which in this case is SD =610 mm2. The quantity

MC represents the acoustic mass in kilograms of the air load in the rear side of

the diaphragm, and CB the acoustic compliance of the cabinet, given by

CB =
V

ρc20
. (2.45)

For the case of a vented speaker this expression is more complicated, as it is needed

to take into account the parallel system formed by the cabinet compliance, CB,

and the rear port resistance, RP . In this case, ZMC is defined as

ZMC = S2
D

(
1

RP + jωLP
+ jωCB

)−1

. (2.46)

A 4× 8 cabinet is estimated to have a volume V=1.73·10−5 m3. RP is estimated

to be as 2(350+j75) Pasm−1, as shown in Section 2.3.1. LP has been chosen to

be that of melamine foam, as measured in [124], which is about 600 Pasm−1.

A comparison of the mechanical impedances of the driver and of the two types

of enclosures are shown in Fig. 2.29. The estimated impedances of both types

of enclosures, closed cabinet and ported cabinet, are higher than the mechanical

impedance of the source, which suggests that the individual sources are coupled
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Figure 2.29: Comparison of mechanical impedances: ZMS represents the estimated
mechanical impedance of one of the Visaton k20.40 sources, ZMC represents the esti-
mated mechanical impedance of a 4 × 8 cabinet working in closed back configuration,
and ZMC,PORTED represents the estimated mechanical impedance of 4× 8 working in
PS configuration.

via the cavity, ideally radiating with the same amplitude and phase. The mechan-

ical impedance of the ported cabinet is, however, lower than that of the driver

for frequencies above 6.5 kHz, which suggests that the mismatches above this

frequency will be less regularised.

2.4.4 Directional performance

The three dimensional DI of a 4 × 8 source is shown in Fig. 2.30 in comparison

with that obtained by a simple source, as that of Fig. 2.23. Due to the vertical

beamforming obtained by the 4 sources radiating in phase, a 4×8 source provides

a large enhancement in DI with respect to simple source. Below 800 Hz the 1×8

source gives a higher DI. Above 1 kHz the vertical beamforming starts to take

place, and the 4× 8 source increases in performance, until about 5.5 kHz, where

the directivity breaks up. This large reduction in the directional characteristics

is attributed to various reasons: the vertical spacing of the sources is 5 cm, which

places the spatial aliasing frequency at 6.8 kHz, frequency at which the directivity

breaks up, the reduction of directivity at fN , and also the fact that above 6.5

kHz, the regularisation of the source cabinet is less effective.

Fig. 2.31 shows the horizontal and vertical directivities of a 4 × 8 source and a

simple source. Both sources are very similar in a horizontal sense, however, it

can be observed how the vertical directivity pattern given by 4×8 source is much

narrower.
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Figure 2.30: The 3D DI, as calculated with Eq. 2.18, of the 4-th source of the 4× 8
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Figure 2.31: Measured horizontal, “Hor.”, and vertical, “Ver.”, directivity patterns
of the 4-th source of the 1× 8 (blue) and 4× 8 (red) arrays at various frequencies.

2.5 Conclusions

This chapter has studied the phase-shift source as a passive directional radiator.

A literature review has shown that although such concept was invented many

decades ago, there is little evidence of available systems using such arrangement.

A lumped parameter model of the phase-shift source is first considered, which

gives a relation between the volume velocity of the moving-coil driver and the

rear port. By knowing such relation, the cabinet volume and rear port resistance

57



needed to obtain a certain directivity pattern can be determined. Such theory has

been used to perform initial simulations using point monopole Green functions

to model the driver and the rear port of a phase-shift source.

Measurements on a prototype phase-shift source have been presented. Such mea-

surements have shown to obtain a very good directivity until a certain frequency,

at which due to the finite size of the cabinet, the radiation is directed towards

the back of the source.

The response predictions given by the point monopole model give a result which

does not match with that obtained in measurements on the prototype source.

This has motivated the development of a finite element model, which has lead

to more accurate predictions of the phase-shift prototype source response. This

model helped in the design of two sources with cabinets 6 mm and 12 mm long.

After these sources were built, they did show a hypercardioid directivity up to 4

kHz, however, between 4 kHz and 6.5 kHz the radiation was directed to the back

of the source.

In order to overcome such lack of directivity at the frequency band where the

phase-shift effect breaks, a more developed design was introduced, using a mixed

acoustic mass-resistance for the rear port. This arrangement makes the source

work in closed cabinet configuration at the frequencies where the phase-shift ef-

fect fails. In order to develop such loudspeaker, the feasibility was first studied

with an analytical model. Measurements with different materials were then made

in the laboratory, to find a suitable absorbent for the rear port resistance. Such

sources are used in the 1 × 8 array, which is shown in Chapter 3, and provide a

directivity index close to that of a hypercardioid between 500 Hz and 8 kHz.

Although the sources developed for the 1 × 8 array showed a very good perfor-

mance, their 3D directivity had to be larger in order to further minimise the power

input into the reverberant field. This lead to the construction of the 4×8 sources,

which are made up of four phase-shift individual cabinets in a column arrange-

ment. Such sources share a common interior volume, which helps to regularise

the mismatches in response by each of the drivers. Due to such arrangement, the

radiators are able of obtaining a 3D directivity index about 7 dB higher than a

normal phase-shift source. This sources are employed in the 4 × 8 array, which

will be shown in Chapter 3.
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Chapter 3

Personal audio array performance

The overall aim of this work is to improve the speech intelligibility of the hard of

hearing by the use of a superdirective line array. The array must provide a suit-

able audio signal in a restricted spatial zone aimed for the hearing impaired. At

the same time, it must produce a reduced acoustic response to the regions where

normal hearing viewers are sat, so that these are not affected by the amplified

audio. It is anticipated that this system will work in addition to the normal TV

audio system, which will radiate the low-medium frequencies content.

This chapter describes the design of such an array. Classical array theory is

first reviewed, together with practical methods of creating superdirective beam-

forming in the frequency domain, such the acoustic contrast maximisation and

the least squares inverse filters. The behaviour of a superdirective beamformer

is analysed by means of simulations, using point source Green functions. After

that, the measured performance of the two arrays used in this thesis, the 1 × 8

array and the 4 × 8 array, is described. The steering capability of a phase-shift

source array is also investigated, in comparison with that of a dual-layer array.

An analysis of the effect of regularisation on the audio quality, and the pro-

cess used to obtain the time series of the superdirective filters is contained in

Appendices B and C. The description of methods for creating superdirective

filters in the time domain is described in Section 4. The methodology used in

the acoustical measurements contained in this section is presented in Appendix J.
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3.1 Source array theory and signal processing

According to the Huygen-Fresnel principle, directional acoustic radiation is ob-

tained when the size of the source is comparable to that of the wavelength it is

generating. In this way, a large loudspeaker is naturally more directional than a

small source due to its size. However, a source with an equivalent directivity can

be made by utilising an array of small sources, all driven together in phase. Sys-

tems of smaller sources as directional radiators were introduced in a paper about

directional radiation of sound by Wolf and Malter [108], where the authors showed

that by combining systems of point sources, highly directional patterns could be

obtained. The concept of a line-array was also discussed by Olson [104], where

the author described a straight-line source as a large number of point sources of

equal strength and phase on a line, separated by equal and very small distances.

Olson also stated that the directivity of the line-array increases as its length gets

larger, with the condition that the distance between the sources should be smaller

than the wavelength of the reproduced signal. Large linear arrays of sources are

typically used for PA applications in open air arenas, thus obtaining an efficient

radiation that avoids disturbing close neighbourhoods.

Nowadays, the general idea described by Olson [104] can be extended, and al-

though the description for line arrays apply for devices of linear geometry, many

other array geometries which are used for creating directional sources can be

found in the literature. For example, the speakers of the car audio system have

been used as an array to perform personal audio reproduction between front and

rear car spaces [58]. The use of spherical source arrays has also been exploited for

soundfield reproduction [125, 126] and for sound zoning control [47, 70]. Cylin-

drical arrays have also been considered for spatial sound reproduction [88].

The use of smaller miniature arrays for domestic purposes inside normal rooms has

not been so widely studied, due to the difficulties that reverberation introduces

towards creating a directional sound field. However, there are some commercial

products aimed for HI-FI and 3D home cinema systems. These are, for example,

the OPSODIS sound-bar [127], the Yamaha YSP-1100 [128] or Bose Cinemate

1SR [129].
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3.1.1 Superposition of sources

By using superposition of a number of acoustic waves, a directional radiation

pattern in a desired direction can be created. Considering a number M acoustic

waves, these can be produced by M acoustic radiators. The number of sources

of the array and the distance that separates these, determines the frequency and

directional response of an array. A schematic representation of a line array is

shown in Fig. 3.1.

Figure 3.1: Schematic drawing for a M elements line array. Each element is separated
a distance d with the array having a total aperture L.

Considering the array of Fig. 3.1, with M monopole sources, each of them spaced

a distance d apart. If each source ith has the same amplitude and radiates in

phase with each other, the resultant pressure at a field point (r, θ) is given by the

summation [130]

p(r, θ, t) =
M∑

i=1

A

ri
ej(ωt−kri), (3.1)

where A represents the excitation of each of the elements, and ri is the distance

from the source i to a field point at (r, θ). The total pressure at a field point

depends on the phase of each source of the array. In the field points where the

phase of all the propagating waves is identical, constructive interference will be

created and hence the acoustic pressure will be maximised. In the field points

where the propagating waves arrive with different phase, destructive interference

will be generally produced, with a corresponding decrease in radiated pressure. If

all the sources of an array radiate with identical amplitude and phase, a pressure

map as this shown in Fig. 3.2 will be created. As can be observed, the directivity

is symmetrical with respect to the main axis of the array.

61



Figure 3.2: Free-field absolute pressure map created by an array of 4 point monopole
sources radiating in phase, at kd = π. The colour map shows the magnitude in dB.

It is often desirable to transmit or receive in various directions without physically

rotating the array, which can be accomplished by electronic steering, applying a

delay, iτ , into the electric driving signal for the ith element of the array [130].

By mean of this technique, it is possible to select the angle from the array where

the M pressures will arrive in phase, so that a maximum of acoustic pressure

is propagated at the selected angle. This technique is known as delay and sum

beamforming. For this case Eq. 3.1 becomes

p(r, θ, t) =
M∑

i=1

A

ri
ej[ω(t+iτ)−kri]. (3.2)

By using these equations the acoustic response of an idealised delay and sum

beamformer can be obtained, which allows to simulate its performance. An ex-

ample of the soundfield created by an array of 4 point monopole sources in which

a delay is applied to each of its sources can be observed in Fig. 3.3.

In Figures 3.2 and 3.3 the response of the array is calculated at a single frequency.

The response of an array does, however, change with the frequency of radiation,

and it is important, to quantify this variation.

3.1.2 Soundfield control metrics

A measure of the soundfield can be obtained by sampling the amplitude and

phase of the acoustic pressure at a set of points. In this thesis, it is important
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Figure 3.3: Free-field absolute pressure map created by an array of 4 point monopole
sources radiating with a phase delay introduced to each of them, at kd = π. The colour
map shows the magnitude in dB.

to know how the array performs in creating a high acoustic pressure zone whilst

it reduces the pressure radiation to another zone. To this end, it is convenient

to use the notation presented by Choi and Kim [46], where the performance of

the radiator is rated in terms of the contrast of mean square pressure that exists

between two spatial zones; a zone where the acoustic pressure is to be maximised,

known as bright zone and a zone where the acoustic pressure is to be minimised,

the dark zone. A practical control geometry used along this thesis is depicted in

Fig. 3.4. A line array of 8 sources is surrounded by a circular microphone array

at 2 m from the radiator. The span between each microphone is of 7.5°, which

gives a total of 48 microphone positions. The bright zone is formed by three

microphones which extend between 0°and 15°to the right hand side of the array.

The dark zone is constituted by the rest of the microphones.

The acoustic contrast defines the ratio of mean square pressure between two

subcontrol regions inside a control region. In the case of the control geometry

shown in Fig. 3.4, the acoustic contrast is the ratio of the mean square pressures

of the three microphones of the bright zone divided by the ratio of the mean

square pressures of the 45 microphones of the dark zone. At a single radiation

frequency, the pressures of both control zones can be rearranged into two vectors

pB =
[
pB1 · · · pNB

]T
, pD =

[
pD1 · · · pND

]T
, (3.3)

where NB is the total number of microphones in the bright zone and ND is the

total number of microphones in the dark zone. The acoustic contrast can then

63



Figure 3.4: Control zone used for simulating and measuring the performance of the
arrays presented in this thesis. The open circles represent the microphones defining the
bright zone, the black dots represent the dark zone microphones, and the black stars
represent the eight sources of the array (scaled).

be written as

C =
ND

NB

pH
BpB

pH
DpD

, (3.4)

where the ratio ND/NB is included to make the contrast independent of the num-

ber of control points and H represents the Hermitian transpose. The contrast can

be calculated using this equation if the pressure is known at each of the control

points of both zones. The acoustic contrast is normally plotted in dB relative to

the acoustic contrast that a single monopole can create in each control geometry.

In order to calculate the acoustic pressure created in each control zone by an

array of M sources, we need the individual transfer impedances from each source

to each control point. Considering M control sources, two control matrices are

created. The matrix correspondent to the bright zone is defined as ZB , with a

size (NB ×M)

ZB =




Z11 Z12 · · · Z1M

Z21 Z22 · · · Z2M

...
...

. . .
...

ZNB1 ZNB2 · · · ZNBM .




(3.5)

Similarly, a matrix with a size ND ×M matrix is created for the dark zone, ZD

ZD =




Z11 Z12 · · · Z1M

Z21 Z22 · · · Z2M

...
...

. . .
...

ZND1 ZND2 · · · ZNDM



. (3.6)
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The pressure vectors for bright and dark zone can now be defined by multiplying

the transfer impedances matrices by the contribution of all the sources of the

array, which is contained in a vector of volume velocities q. These pressure

vectors are defined as pB and pD, given by

pB = ZBq, pD = ZDq, (3.7)

with the vector of volume velocities defined as

q =
[
q1 · · · qM

]T
. (3.8)

The acoustic contrast now can be related to the transfer impedances of the

source as

C =
ND

NB

pH
BpB

pH
DpD

=
ND

NB

qHZH
BZBq

qHZH
DZDq

. (3.9)

The acoustic contrast is used as the main metric of directional performance in

this thesis, as it is desired to control an extended listening zone, rather than a

single bright point. Apart from a monitoring metric, the acoustic contrast defined

in Eq. 3.9 is also used as cost function by the acoustic contrast maximisation

(ACM) method.

Apart from the acoustic contrast, the directivity index (DI) is normally used to

characterise the directional response of loudspeakers or arrays. In this work, the

DI has been used to assess the performance of the phase-shift sources and eventu-

ally to test the on axis response of the different arrays which are presented here,

as defined in Eqs. 2.18 and 2.20.

3.1.3 Arrays response limitations

The directivity of an array is related to its size, compared to the wavelength of

the sound it is generating. The larger the sources compared to the wavelength

of the sound waves, the more directional beam results. The specific transduction

method has no impact on the directivity of the produced sound field; the analysis

relies only on the dimensions, or aperture function of the source, according to the

HuygensFresnel principle.

Due to the Huygens-Fresnel principle, the directional response of a line array is

frequency dependent, with the performance only being high at a narrow frequency

range. At frequencies higher than those at which the array perform at its max-
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imum, the directional performance is again decreased, and secondary radiation

lobes appear in the radiation pattern. It can be said at this point, that the line

arrays have a maximum operating frequency. This limitation of performance at

high frequency occurs as an analogous process to digital sampling, in where the

maximum frequency able to be converted is given by half of the frequency of the

converter. In the case of a discrete line array, this phenomena is due to the finite

spacing between the sources of the array. This effect is termed as spatial aliasing,

and occurs when sound waves are emitted at uniform intervals in space [131],

which causes the array to have multiple zones of maximum response. For a plane

wave generated in the far field by the array in the direction θ, the anti-aliasing

condition is given by

fAL ≤ c0
d|1 + sin θ| , (3.10)

where c0 =343 ms−1 is the wave speed of the sound particles in the air and d the

inter element spacing. The above relation determines, hence, the high frequency

limit of operation of a conventional line array for sound field reproduction as a

function of θ [132, 133], i.e., above this frequency the array will have multiple

main beams. An example is shown in Fig. 3.5, where the array is radiating at

f = fAL. It can be observed how the array has now 2 distinguished main beams.

Figure 3.5: Absolute pressure map created by an array of 4 point monopole sources
radiating at a frequency above its aliasing frequency, at kd = 2π. The colour map
shows the magnitude in dB.

The low frequency performance of an array is given by its length or aperture, since

the source is inefficient for wavelengths bigger than its largest dimension [131].

Figures 3.6 and 3.7 show the DI obtained with broadside and endfire line arrays

0Broadside and endfire refer to radiation patterns which are orientated respectively 0◦ and
90◦, using the reference system of Fig. 3.1.
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with different number of sources, plotted against the non-dimensional parameter

kd.

The aliasing frequencies for broadside and endfire configurations are given by

Endfire : fAL =
c

2d
→ k =

ω

c
=

2πf

c
→ kd = π,

Broadside : fAL =
c

d
→ kd = 2π.

It is possible to observe in Figures 3.6 and 3.7 how the maximum DI is then

obtained at a kd just below the aliasing frequency, as after this frequency, the

number of directions of maximum radiation is increased. It is also possible to

observe how at low kd numbers the DI is 0, as the wavelength is much greater

than the array aperture, and how both endfire and broadside obtain the same

peak DI value. When kd tends to the infinite the DI of a line array of M sources

approaches 10 log10M .
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Figure 3.6: Directivity index (DI) of a discrete element delay and sum line array,
having equal source strengths, i.e., in a broadside configuration. Simulation performed
for arrays with different source numbers, M .

However, the limits presented in these figures only hold for a conventional delay

and sum beamformer. The validity of these limits for other types of array control

approaches is discussed in Section 3.1.4. Due to the low capacity of a delay and

sum beamformer of presenting a constant lobe width over an extended frequency

range, signal processing techniques as the ones shown in Section 3.1.4, are used

to increase the performance of the array.
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Figure 3.7: Directivity index (DI) of a discrete element delay and sum line array
having delayed source strengths, i.e., in an endfire configuration. Simulation performed
for arrays with different source numbers, M .

3.1.4 Superdirectivity

The terms superdirective beamformer, optimal beamformer and frequency invari-

ant beamformer refer to techniques that extend the performance of a conventional

delay and sum array. These techniques are based in previous knowledge of the

transfer impedances from the individual sources of the array to each field sam-

pling point. Once the transfer impedances are known, a quadratic optimisation,

constrained by a desired soundfield is performed, where the optimal solution is

given by the radiation pattern which is closer to the desired soundfield.

The use of superdirectivity techniques is popular in the field of sensor arrays [45],

and, using acoustic reciprocity, this knowledge can be exported to the field of

loudspeakers [130]; The term “super” comes after a paper wherein the design of

a high directional microphone array robust to errors was presented by Cox et al.

[44]. In this case the optimization was performed using Lagrange multipliers, as

in the acoustic contrast maximisation [46] method. Optimal beamforming is also

applied in radiofrequency arrays [45]. In this case, the signal processing is very

similar as that found in acoustical arrays, as there are clear analogies between

electromagnetic and acoustic waves [134].

In the following formulation, three superdirective approaches are presented; the

least squares inverse filters (LSIF) [135, 50], the acoustic contrast maximisation

(ACM) [46] and a third technique that combines this previous two, developed
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by Chang and Jacobsen [67], which is known as mixed control or combined so-

lution approach. The main differences between both, least squares inverse filters

and acoustic contrast maximisation techniques, is that the least squares method

allows to control the phase of the acoustic pressure waves that arrive at each

microphone, whilst that acoustic contrast maximisation just maximises the ratio

of mean acoustic pressure between the two zones, without taking into account

the phase information.

Least Squares Inverse Solution

Figure 3.8: Block diagram of the reproduction system used in the least squares inverse
filters (LSIF). Reproduced from [50].

A block diagram of the problem used to obtain LSIF is shown in Fig. 3.8, where

a system formed by M sources and NT control points is presented. The system

is fed by an input signal, u, which represents the audio input to the system at

a single frequency, a factor that scales the amplitude of the vector of volume

velocities, q. The least squares formulation requires the selection of a target

pressure, which provides a desired value of the amplitude and phase of the sound

field at each control point. In the least squares formulation both zones control

matrices are rearranged to form a new one, Z, with dimensions NT ×M , of the

form

Z =

[
ZB

ZD

]
, (3.11)

where NT = NB + ND is the total number of control points. The vector of

pressures at the NT control points due to the array is then defined as

p = Zq. (3.12)

An error vector, e, is also introduced, which determines the difference between
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the physical acoustic field and the desired, target, acoustical field, pT , written as

e = pT − p. (3.13)

The least squares solution is the distribution of array source strengths that

achieves an acoustic field closest to pT . In order to minimize the mean error,

a cost function, J , is defined as

J = eHe = (pT − p)H(pT − p), (3.14)

which if expanded gives the Hermitian quadratic form of the cost function

J = pH
T pT − ZHqHpT − pH

T Zq+ qHZHZq. (3.15)

Since the Hermitian quadratic form of the cost function is real and grater than

zero for any q, the matrix ZHZ must be positive definite. In this case, the

cost function describes a bowl shaped surface in terms of the real and imaginary

components of q, with a unique global minimum. The minimal solution is got by

equating the partial derivative of the cost function respect to q, to zero [105].

∂J

∂q
= 0. (3.16)

Depending on the dimensions of the plant matrix, the optimal solution is given

by a different equation. In the case of a fully determined case, where NT = M

and hence the matrix ZHZ is square, the solution is given by

q = Z−1pT . (3.17)

If the number of sources is smaller than the number of control points, an overde-

termined system is formed (NT > M)

q = (ZHZ)−1ZHpT . (3.18)

Once the vector of optimal volume velocities q is obtained, the acoustic contrast

defined in Eq. 3.9 is used for rating the array performance along frequency. For

a given control geometry, the personal audio performance of an array optimised

using LSIF depends strongly on the definition of the vector of target pressures,

pT .
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Contrast Maximisation Solution

The acoustic contrast maximization (ACM) was presented by Choi and Kim [46].

The authors introduced an analytical method for obtaining the optimal solution

of a cost function, which maximised the mean square pressure contrast between

two control regions. The acoustical potential energy determines the perceived

sound. As the acoustical potential energy is proportional to the acoustic pressure

squared, the ACM algorithm maximizes the difference in potential energy between

two defined control zones. These are, a bright zone with maximum potential en-

ergy, and a dark zone with minimal potential energy, as described in Section 3.1.2.

Being the control points placed along a desired control volume, these are divided

into bright and dark control points, as shown in Section 3.1.2, leading to two

vectors of pressures respectively, pB and pD. The maximum value for the cost

function C, as defined in Eq. 3.9, is obtained by solving a constrained optimiza-

tion where pH
DpD is minimized with the condition that pH

BpB is held constant to

a value c. By the use of Lagrange multipliers the function to be minimized with

respect to q and the Lagrange multiplier λ is given by

J = qHZH
DZDq− λ(qHZH

BZBq− c). (3.19)

By setting the differential of this function respect to the complex and real parts

of q to 0
∂J

∂q
= 0, (3.20)

leading to

ZH
DZDq− λZH

BZBq = 0 (3.21)

which rearranged gives,

q = λ[ZH
DZD]

−1ZH
BZBq. (3.22)

The optimal solution which maximises the directional response is given when q

is proportional to an eigenvector correspondent to the largest eigenvalue of the

matrix [ZH
DZD]

−1ZH
BZB, as stated by Choi and Kim [46].

In order for the bright zone pressure to have a value c the differential of J with

respect to λ is set to 0 so that

∂J

∂λ
= 0, (3.23)

leading to

ZH
BZBq = c, (3.24)
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which can be performed after obtaining the optimal vector of source strengths q.

If the bright zone is shrunk down to a single point, the pressure in the bright

zone becomes a scalar, equal to

pB = zBq, (3.25)

where zB is now formed by a 1 × M vector. If pH
DpD is minimized with pB

held constant with a value c, in order to find the optimal solution, the Lagrange

multiplier is presented

J = qHZH
DZDq− λ(zBq− c). (3.26)

By partially differentiating J respect to q it is obtained

2qHZH
DZDq = λzHB , (3.27)

leading to a direct analytic solution where the vector of optimal volume velocities

is given by

q =
λ

2
[ZH

DZD]
−1zHB , (3.28)

having the Lagrange multiplier dimensions of pressure. Similarly as performed

in Equations 3.23 and 3.24, by setting the differential of J with respect to λ in

Eq. 3.26 it is obtained that zBq = c. However, it is only the relative values of

the terms in the vector q which are important for the directional response [52].

Mixed control solution

A solution that combines the ACM and LSIF control techniques has been recently

published by Chang and Jacobsen [67]. This solution allows to switch between a

pure contrast maximisation technique, in where the maximum contrast of mean

square pressure is obtained, and a solution in where the vector of target pressures

in the bright zone, pT , is matched. In this thesis, this solution is referred as

mixed control (MC) or combined solution, and it is obtained by introducing the

cost function

J = ξPH
DPD + (1− ξ)(PB − P̂B)

H(PB − P̂B), (3.29)

where ξ(0 ≤ ξ < 1) is a weighting factor that determines the balance between the

potential energy in the quiet zone and the mean square error in the listening zone

and P̂B refers to the desired vector of pressures in the bright zone. Substitution
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of the vectors of pressures defined in Eq. 3.7 into Eq. 4.10 leads to

J = qH
[
ξZH

DZD + (1− ξ)ZH
BZB

]
q+ (1− ξ)(PH

BPB −PH
BZBq− qHZH

B P̂H).

(3.30)

The matrix in the square brackets is positive definite, therefore J has an optimal

solution at a point given by [105]. In this case ZH
B P̂H = ZH

T pT , so that

∂J

∂q
= 2

[
ξZH

DZD + (1− ξ)ZH
BZB

]
q+ 2(1− ξ)(−ZH

T pT ). (3.31)

The optimal solution is hence obtained as

q =
[
ξZH

DZD + (1− ξ)ZH
BZB

]−1
(1− ξ)ZH

T pT . (3.32)

The directional characteristics of the solution obtained vary depending on the

value of ξ. As it approaches to 1, the solution tends to minimise the acoustic

potential energy on the dark zone, so that the acoustic contrast is maximised. As

it approaches to 0, the solution tends to minimise the error in the listening zone.

For ξ=0.5 the solution is equal to that of the LSIF given by Eq. 3.18.

3.1.5 Control effort and ill-conditioning issues

Introduction

Common to all the superdirective techniques presented here, there are two prob-

lems that increase proportional to the number of sources used [94]; these are the

great amount of energy at low frequency needed to obtain superdirectivity, and

the corresponding ill-conditioning problem. Both problems are caused by the low

efficiency of the array radiation at low frequency [136].

As the condition number with respect to the inversion of the transfer impedances

matrix grows with the number of sources, the power needed for obtaining superdi-

rectivity at low frequencies also grows proportional with the number of sources

of the array [52, 94, 53]. Mathematically, when the matrix Z is full rank, the

inverse (ZHZ) exists. However, this result might not be stable since the matrix Z

can present high order singular values close to zero. In the transfer impedances

matrix of an array, this is caused due to the similarity of each source transfer

impedances at low frequency. Therefore, although a vector of optimal digital

filters that minimizes the cost functions J or C exists, the norm of this solution

is very large, giving even so small singular values that make the solution not

possible using numerical methods [65]. Furthermore, ill-conditioning makes the
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solution very sensitive to small changes in the input variables [137, 91] (in this

case the input variables are the transfer impedances). As the norm of the solution

is proportional to the required power, the array needs filters with a very large

amplitude at low frequency.

To avoid these effects, a constraint can be added into the cost function. This

action is performed by adding a positive number to the matrix (ZHZ) which in-

creases the amplitude of its singular values, making the inversion of the matrix

easier. This technique was first introduced by Tychonoff [138], having taken its

name and being known as “Tychonoff’s regularization”.

The regularisation factor is denoted as β. This parameter is known in the context

of active control as coefficient-weighting factor [105]. In the context of the line

arrays, Boone et al. [64] refer to this term as stability factor; however, in this

work, it is going to be defined as the control effort weighting factor, as termed by

Elliott et al. [52]. As shown in the following sections, the use of regularization

is based on a modification of the cost functions defined in Sections. 3.1.4 and

3.1.4. By selecting a different value for β at each frequency, the amount of regu-

larisation can be selected so that some frequencies are more penalised than others.

When βI is added to the matrix ZHZ, the low amplitude singular values of the

matrix get larger, making the inversion easier. Furthermore, the difference be-

tween the largest and the smallest singular values is reduced, so that the norm

of the solution is reduced and consequently the amount of electrical energy used

in the filters. In the case that large dips exist in the magnitude of the frequency

response of the original plant response, the optimal filters try to correct these by

creating large boosts at those frequencies where the dips occur. In this case, reg-

ularization can be used to limit the existence of those large boosts of the optimal

filters and hence limit the power output from them.

Regularisation for the least squares inverse filters (LSIF)

In order to introduce regularisation, the cost function defined in Eq. 3.14 is

modified to give

J = eHe + βqHq, (3.33)

where βqHq is the previously defined effort weighting factor, which is a measure

proportional to the total input power to all sources. The parameter β is a positive

real number that determines the weighting of the effort factor [50]. The cost
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function to minimise is given in this case by

J = eHe+ βqHq = (pT − p)H(pT − p) + βqHq. (3.34)

Similar to Eq. 3.14, the optimal vector q that minimizes the cost function in this

case is written as

q = (ZHZ+ βI)−1ZHpT , (3.35)

where depending on the value of β, the optimal solution will tend to minimise

the squared error or the amplitude of the control filters.

Regularisation for the acoustic contrast maximization

For the case of the acoustic contrast maximisation, the procedure is similar to that

used in the least squares optimal solution, wherein the control effort weighting

factor is added to the original cost function. The maximum value for the cost

function C defined in Eq. 4.20 is optimized by minimizing qHZH
DZDq + βqHq

whilst maintaining qHZH
BZBq equal to a value c. In order to obtain the optimal

solution, the differential of the cost function J respect to q is set to zero

∂J

∂q
= 0, (3.36)

giving finally [
ZH

DZDq + βI− λZH
BZB

]
q = 0. (3.37)

Rearranging the previous equation it leads to a final form

q = λ[ZH
DZD + βI]−1ZH

BZBq, (3.38)

where the optimal value of volume velocities is given by the eigenvector corre-

sponding to the maximum eigenvalue of the matrix [ZH
DZD + βI]−1ZH

BZB [55].

Note that for the acoustic contrast maximisation formulation the role of β is

different that for the least squares inverse filters. As the filters for the acoustic

contrast maximisation are given by an eigenvector, they have a unitary norm.

Hence, by increasing β in Eq. 3.38, the obtained filters have still unitary norm,

but the reproduced pressure in the bright zone is lower. This requires of further

equalisation and regularisation until both the effort constrains and the desired

pressure in the listening zone are met.
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Regularisation for the combined solution

Chang and Jacobsen [67] presented an alternative formulation to perform ma-

trix regularisations, however, Tychonoff’s regularisation is used in this thesis, as

performed for the ACM and LSIF approaches. In this case the cost function to

optimise is

J = ξPH
DPD + βqHq+ (1− ξ)(PB − P̂B)

H(PB − P̂B). (3.39)

If taking the partial differential of J respect to q and rearranging, it leads to

q =
[
ξZH

DZD + (1− ξ)ZH
BZB + βI

]−1
(1− ξ)ZH

T pT . (3.40)

Controlling the amount of regularisation

In order to have a good knowledge of the amount of superdirectivity being used

and the requirements it needs, a metric of the electric power used by the array

is introduced, which is termed normalised array effort [53, 91]. The normalised

array effort is defined as the norm of the optimal set of volume velocities divided

by the norm of the volume velocity that a single monopole requires to obtain the

same acoustic pressure as that produced by the array in the centre of the bright

zone, qMON . The normalized array effort is thus written as

AE =
qHq

|qMON |2
. (3.41)

This quantity is proportional to the electrical power required to drive the array,

assuming there are no significant electroacoustic interactions between the trans-

ducers. The array effort is generally plotted in dB.

The parameter β can be adjusted iteratively at each frequency so that the array ef-

fort is constant or lower than a desired power figure. Other researches control the

amount of regularisation proportionally to the value of the biggest singular value

of the transfer impedances matrix [65]. The regularisation parameter has also

been selected for sound field reconstruction applications so that an optimal bal-

ance between performance and energy is obtained, using the so called “L-Curve”

method [69]. The array effort is used along this thesis, however, as it allows a

more precise control of the magnitude of the electrical power used in the solution.

To illustrate the effects of the use of regularisation to control the array effort, an

example is introduced with an endfire array. The array has been optimised to
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maximise the acoustic contrast in a control geometry as that shown in Fig. 3.9.

This control geometry is formed by a single bright point in endfire position and

258 dark points. The control points are positioned in order to cover an almost

equal distribution of area around each control point [139] and hence obtain a

good estimate of the radiated sound field. Since the bright zone consists of a

single point, the optimal solution for the ACM produces in this case an identical

directional responses to that of the LSIF [52], as there are no phase constraints

for the LSIF method.
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Figure 3.9: Geometric arrangement for an endfire array. Black points represent the
microphones in the dark region. The open circle represents the microphone defining
the bright zone and the black stars represent the 8 sources of the array. Reproduced
from [53].

The acoustic contrast performance obtained with ACM filters is shown in Fig.

3.10, for the case when the array effort is unconstrained (dashed line) and for

the case when the regularization parameter β is adjusted at each frequency to

limit the normalized effort to 6 dB. A maximum value of 6 dB is used in most

of the simulations and measured results presented throughout this thesis, as it

is considered to be a good upper limit to prevent damage to the array sources

by overdriving. The value of the parameter β needed for limiting the power of

the endfire array below 6 dB is shown in Fig. 3.11. The amount of β required

grows with frequency until 3 kHz, where it decreases greatly. Above 3 kHz, the

array effort is not longer large, as the array starts to be comparable with the

radiation wavelength. It can be observed how the lower frequencies are more

sensitive to the amount of regularisation used, and how the value of β increases
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Figure 3.10: Acoustic contrast and array effort produced by an 8 source endfire array
controlled via ACM filters obtained without any array effort (AE) limitations and when
the AE is limited to 6 dB at each frequency. The response of the array when driven in
delay and sum configuration is also shown for comparison. Reproduced from [53].

with frequency until 3 kHz.

It is interesting to note that when the normalized array effort is limited to 6 dB

at each frequency, the trend set by the delay and sum beamformer is continued

to lower frequencies. There is thus a clear trade-off between low frequency limit

and array effort in the regularized design of such superdirective arrays. The effort

required for the delay and sum beamformer is only 1/8 of that of a monopole, as

each of the 8 sources requires a mean square volume velocity of ( |qMON |
8

)2, so that

the level of the normalized effort is about -9 dB.

The amount of superdirectivity used in the array, and hence the electrical energy

required, has a direct effect on the audio quality obtained with the array. An
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Figure 3.11: Magnitude of the regularisation parameter, β, needed to limit array
effort of the endfire array shown in Fig. 3.10 to 6 dB.

analysis of this effect is presented in Appendix B. The appendix shows how the

array effort has to be constrained not to be below a certain figure to obtain an

acceptable audio quality.

The design of the sources for the two arrays mainly used in this thesis is described

in Chapter 2. In the following sections, the practical performance of these ar-

rays will be presented, when driving using the superdirective techniques described

above.

3.2 The 1× 8 array

Fig. 4.6 shows a close up of the array. This array comprises 8 phase-shift sources

(so its name of 1 × 8) which can be driven to give a highly directive response,

while minimising the reverberant excitation of the room. The array is aimed to

be used in a broadside configuration or close to broadside configuration, as it

is desired to control the soundfield until a high frequency. For the case of this

array, the separation between each source is of d = 3.5 cm, so that the aliasing

frequency is present at 7.8 kHz for a broadside configuration.

Although line arrays have been studied for many years, the approach previously

used to reduce the radiation at the rear of the array, and hence reduce reverber-

ant levels for other listeners, has been to position a second set of loudspeakers

at the back of the array to cancel the sound in that direction, as for example in

[67, 69, 109]. Instead of using an extra array to form a dual layer, the 1×8 array

uses phase-shift sources with hypercardioid directivity. The phase-shift sources
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Figure 3.12: Close up of the 1× 8 array.

used by the array are explained in detail in Section 2.3.2. The use of phase-shift

sources with respect to a dual layer array is in great advantage, as it allows to

obtain the same directional characteristics whilst using half the number of indi-

vidual sources. The lower the number of sources used by an array, the more robust

with respect to ill-conditioning and mismatches in the transfer impedances the

array is. Furthermore, each source needs a digital filter to form the superdirec-

tive beamforming, what requires to use a DSP with many independent channels.

From this point of view, an array which uses M sources instead of 2M sources to

obtain the same acoustic performance is in clear advantage.

A complete analysis of the performance of a phase-shift sources array with re-

spect to a dual layer array is presented in Appendix E, using point source transfer

functions, and in Section 3.3, using the measured transfer functions of the 1 × 8

array and of a dual layer array.
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Figure 3.13: DI presented by the 8 source array using phase-shift sources, measured
in the free-field and calculated from simulations using point hypercardioid sources. The
array effort is limited to be below 6 dB.
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Figure 3.14: Measured free-field acoustic contrast performance of the 8 source array
using phase-shift sources. Also shown for comparison is the measured acoustic contrast
performance of the array in delay and sum configuration. Reproduced from [53].

In order to characterise the array and being able to apply the formulation pre-

sented in Section 3.1.4, the transfer impedances from each source of the array to

each microphone of the control zone illustrated in Fig. 3.4 have been measured.

A listening distance of 2 m has been chosen to create the filters for the array, as

this is considered a typical distance for watching TV and, furthermore, it is far

away compared with the size of the array. The free-field directional performance

obtained with the array is shown, in terms of DI performance, in Fig. 3.13, com-

pared to that obtained with an 8 point hypercardioid sources array, with the AE

limited to 6 dB for both arrays. In this case, the array filters are created so that

a main beam is directed in a broadside configuration, i.e., the bright zone is a

single microphone placed some distance away in a perpendicular line that passes

through the centre of the array. The filters have been obtained initially with

I = 2048 and have been then truncated to give impulse responses of I = 1024,
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as shown in Appendix C.

Sometimes the bright zone is required to be broader than a single point, as in the

case of the original application of the array as an aid for the hard of hearing. To

this end, a control geometry as shown in Fig. 3.4, with a bright zone subtending

an angle of 15◦ from broadside has been used to create the filters of the array and

to assess the directional performance, so that it provides an area wide enough

for a hearing impaired listener. The measured real-time performance that the

array provides in such a control zone in a free-field environment is shown in Fig.

3.14, using the ACM and LSIF control algorithms. The response of the array

working as a delay and sum beamformer is also shown for comparison. As ob-

served, the acoustic contrast offered by LSIF and ACM is very similar along the

whole frequency band. The ACM is able, however, of obtaining a slightly higher

performance between 6.5 kH and 9 kHz, at the expense of using a larger array

effort.

The impulse of the filter corresponding to the 4th source of the array used to

obtain these results are shown in Fig. 3.15. The impulse response has been ob-

tained by inverse Fourier transformation of the frequency response also shown in

the same image, for frequency responses calculated with N=4096 frequency sam-

ples. The impulse responses for each filter have been then truncated to a shorter

length of 1024 samples. It can be observed how the impulse response has a small

non-minimum phase part, and how the magnitude of the frequency response is

similar along frequency to the array effort. More information about the audio

performance of the filters with respect to the use of regularisation is presented

in Appendix B and an study of the directional performance for filters of different

lengths is shown in Appendix C.

The measured directivities of the array at various frequencies are also shown in

Fig. 3.16, where it can be observed the great performance of the individual phase-

shift sources in reducing the back radiation of the array.

By measuring the individual transfer functions from each source of the array to

each control point, it has been shown that a large directionality has been ob-

tained. The measuring of these quantities is, however, a time consuming and

delicate process, which needs of an anechoic environment. In order to make the

filter creation process easier, it is possible to model the transfer function of each

source based on a point source Green function or in the frequency response of a

single source. Nevertheless, this process does not obtain the same free-field di-
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Figure 3.15: Impulse and frequency responses of the filter for the 4th source of the
1× 8 array, with a length of 1024 samples.

rectionality as by measuring the individual transfer functions of each source, but

as will be shown in Section 5.4, it leads to the same directional performance in a

normal room. An analysis of how the array filters can be created using analytical

transfer functions is presented in Appendix D.

The performance of this array inside an anechoic chamber shows a great capacity

to be used as a hearing aid, as an amplification equal to the acoustic contrast

can be applied at each frequency in the bright zone without annoying the normal

hearing listeners of the dark zone. However, when the array is placed inside a

normal, reverberant, environment, its performance is significantly reduced, as will

be discussed in Section 5.3. This has motivated the design of an array which is
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Figure 3.16: Measured directivity patterns of the 1× 8 array at different frequencies.
Results calculated with acoustic contrast maximisation filters with the AE limited to
6 dB.

more directional in a 3D sense; the 4× 8 array presented in Section 3.4.
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3.3 Steering performance of the array and com-

parison with a dual layer array

The ability to steer the array to different directions is now illustrated, using the

geometry shown in Fig. 3.17. The opportunity is also taken to compare the re-

sults from a phase-shift array, the 1×8, with a dual layer array of 8 frontal and 8

rear loudspeakers, as shown in Fig. 3.18. An initial simulation using point source

Green functions for hypercardioid and double monopole arrays is presented in

Appendix E. This suggested that the performance of the two types of arrays

was similar for angles that were surprisingly large compared with the broadside

direction in which the hypercardioids were pointing.
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Figure 3.17: Control geometries for creating three different sound programs in a 2D
horizontal plane. Each bright zone is extended over 30◦. The left bright zone covers
the space comprehended between -60◦ and -30◦, the central dark zone extends between
-15◦ and 15 ◦ and the right dark zone between 30◦ and 60◦.

(a) Dual layer array

Figure 3.18: Close up of the dual layer array of 16 sources used by Shin et al. [66].
Reproduced from [66].

It can be desirable to radiate different sound programmes inside a room. One

example could be given by three TV viewers that are watching a film, but each

one is listening to the audio in a different language. This can be obtained with a

line array which creates three different bright zones, as shown in Fig. 3.17. The
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array is being driven by three different sets of filters, so that each set of filters

is created to obtain a control in the soundfield which maximises the acoustic

pressure and obtains a good audio quality in the bright zone. The mean square

pressure is minimised in the rest of the control geometry, so as not to annoy

the rest of the listeners which are listening to another language. To create these

three control zones, two practical arrays are considered, and the performance is

evaluated using the manipulation of measured frequency responses.

The first of the arrays is the 1 × 8 array, shown in the previous section. The

second array, shown in the lower plot of Fig. 3.18, is a dual layer array formed

by 16 independently controlled sources, as this presented by Shin et al. [66]. The

transfer functions of both arrays have been measured in the control geometry of

Fig. 3.4 in an anechoic chamber, which allows us to perform off-line performance

simulations. The sources of the phase-shift array are separated 35 mm horizon-

tally and the sources of the dual layer array 38 mm, which gives a broadside

aliasing limit of about 9.8 kHz and 9 kHz respectively. The two rows of speakers

of the dual layer array are separated by 12 cm, giving an spatial aliasing limit of

1.5 kHz. For the creation of the array control filters, the least squares method has

been used. The bright zone transfer functions have been used as target pressures,

with the dark points set to zero.

The acoustic contrast results calculated for the two arrays in each of the control

geometries of Fig. 3.17 is presented in Fig. 3.19, wherein the array effort has

been limited to be lower than 6 dB for both arrays. Both arrays give a very

similar result in the central control zone, as the phase-shift sources behave in a

similar way to hypercardioids. The results for the left control geometry show a

better performance of the dual layer array. Around 1 kHz and 4.5 kHz the dual

layer array is able to give about 3 and 6 dB more contrast than the phase-shift

sources array. However, looking at the acoustic contrast performance in the right

bright zone control geometry, it can be seen that the performance that both ar-

ray give is similar. Theoretically, the acoustic contrast performance should be

the same when the phase-shift array is steered for both sides, however, this is

not the case. The sources of the phase-shift array have been hand built, and do

not present a perfect, symmetrical, hypercardioid, which causes the performance

of the phase-shift array when it is steered to the right to be larger than that

when it is steered to the left, which presents more equally radiating sources. At

around 1.5 kHz there is a dip in the response of the dual layer array when this

is steered to both sides, as at this frequency the array is working right on the

spatial aliasing frequency.
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The directivities for both arrays when these are steered according to the differ-

ent control geometries are shown for various frequencies in Fig. 3.20. It can be

observed how these are very similar for all the steering configurations at 1 kHz, 2

kHz and 4 kHz. The results at 6 kHz and 7 kHz show how large level secondary

lobes start to appear for the left and right control configurations. The spatial

aliasing limit to generate a plane wave with an array having a separation d in

a direction θ is given by Eq. 3.10. When the array is steered to the left or to

the bright it is constrained “to extend a control” until 60◦ from broadside con-

figuration, which corresponds to a spatial aliasing frequency of about 4.8 kHz for

the 1 × 8 array and of about 5.2 kHz for the dual layer array. This fact can be

noticed from the level of the secondary lobes presented by the dual layer array,

which are greater than those presented by the dual layer array. At 7.5 kHz the

secondary lobes also appear for the central control zone, as the frequency is close

to the spatial aliasing limit for that control configuration.

A robustness analysis has also been performed by calculating the condition num-

ber with respect to the inversion of the matrix ZHZ, which is shown in Fig. 3.21.

It is shown in this figure how the condition number of the phase-shift sources

array is much lower than that of the dual layer array at low frequency. The con-

dition number of the phase-shift sources array increases to be very similar to that

of the dual layer array at about 1 kHz and then decreases again, to be around 10

dB lower at around 2 kHz. After 3kHz the condition number presented by both

arrays is very similar. As the condition of the phase-shift array is lower, the array

is more robust respect to mismatches in sensitivity and position of the sources.
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(a) Left bright zone
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(b) Central bright zone
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(c) Right bright zone

Figure 3.19: Acoustic contrast against frequency for an 8 phase-shift sources array
(red solid line) and for an 8 double monopole sources array (black dashed line), calcu-
lated from measured responses for each of the control geometries disposed in Fig. 3.17.
The array effort has been limited for both arrays to be lower than 6 dB.
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(c) Right, 500 Hz
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(k) Central, 4 kHz
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Figure 3.20: Directivities at various frequencies obtained with the 8 phase-shift
sources array (red solid line) and with the 8 double monopole sources array (black
dashed line), for the different control zones shown in Fig. 3.17. The array effort has
been limited for both arrays to be lower than 6 dB.
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Figure 3.21: Condition number respect to the inversion of ZHZ. The results for the
phase-shift array are shown in red solid line and the results for the dual layer array are
shown in black dashed line.
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3.4 The 4× 8 array

Although an acoustic array can show good directive characteristics in the free-

field, this directivity can be significantly reduced when the source is placed in

a closed room. In order to overcome this limitation, we need to minimise the

reverberant input of the array, which can only be obtained by increasing the av-

erage absorption coefficient of the room walls or by minimising the radiation of

the source to other directions rather than on axis. From the point of view of the

application discussed here, the second option is the only valid one.

For a given on axis pressure, the radiated power of the source is inversely pro-

portional to its directivity index, see Eq. 2.18. To reduce the radiated power,

the acoustic source thus has to be more directive in a 3D sense. Considering an

array of point monopole sources placed in a Cartesian coordinate system where

the array is placed along the x axis, a beam can be created along the x axis,

however, the radiation pattern will be symmetrical all around it. If an additional

beamforming is wanted to be created around y and z axis, the array sources have

to be extended also along these axis. In the 1×8 array this was obtained passively

using phase-shift sources, however, the radiation along z axis was only controlled

by the oval shape of the individual drivers.

The performance of the 1 × 8 array could be upgraded by adding more sources

vertically, however, this needs of the use of more digital filters, which increases

the complexity and reduces the robustness of the array [94]. Another possible

solution is to increase the directivity along the z axis by increasing the effective

size of the source in this direction, e.g., by driving several loudspeakers placed

vertically with the same signal. This is the solution which is presented in this

section; an array of 32 sources driven by 8 digital filters, in where each individual

source is formed by a 4 source delay and sum.

3.4.1 Design

In order to obtain a line array which gives good directional characteristics and

has a reasonable size, the formulation for the estimation of the reverberant per-

formance of a personal audio array presented in Section 5.3 has been used.

Each individual source is composed of 4 sources similar to those used by the

1 × 8 array. This leads to a directivity improvement in a vertical sense, as can

be observed in Fig. 3.22, where the predicted directivity balloons of a 1× 8 and
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Figure 3.22: Predicted directivity balloons of the 1 × 8 (light) and the 4 × 8 (dark)
arrays under anechoic conditions.

a 4 × 8 arrays are plotted. The horizontal directivity is barely modified, but a

great improvement in the vertical directivity is obtained. Although more sources

could be used, 4 sources can be wired together as shown in Fig. 3.23 to present

the same electrical impedance as a single source, which is desirable to reduce the

power used to drive the array. More information about the design and the acousti-

cal performance of the sources used by the 4×8 array can be found in Section 2.4.

Figure 3.23: Wiring used for each of the 4× 8 array’s sources.

The separation between each source has been selected to be of 3.5 cm horizon-

tally, as used in the 1 × 8 array. This distance places the aliasing frequency in

the horizontal direction to be of 7.8 kHz in a control zone as that of Fig. 3.4.

The vertical separation between the individual drivers which form a 4× 8 source

has been selected by running a point hypercardioid source simulation using the

formulation for the estimation of reverberant directivity introduced in Chapter 5.

Fig. 3.24 shows the acoustic contrast performance of both the 1×8 and the 4×8

arrays, calculated for a control zone as the one of Fig. 3.4, for the free-field and
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inside a listening room1. Both the 1×8 and 4×8 arrays, show a similar free-field

performance, as they have the same aperture. However, the performance of the

4 × 8 in the reverberant room is much higher above 1 kHz. At low frequency,

the performance is similar to that of the 1 × 8, since the array works following

an omnidirectional radiation pattern, but as the frequency increases, the array

gains directionality, lowering the reverberant input and obtaining a high acoustic

contrast.
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Figure 3.24: Prediction of free-field and reverberant acoustic contrast performance
for the 1× 8 and the 4× 8 array.

The quality of the vertical beamforming obtained by each 4×8 individual source

is constrained by the differences in sensitivity between each source. An analysis

of the source sensitivity and its estimated robustness to errors is presented in

Section 2.4.3.

3.4.2 Measured performance

Free-field performance

After measuring the transfer functions of the 4×8 array in an anechoic chamber,

the least squares method has been used to design filters for the array, using the

transfer functions of the bright zone of Fig. 3.4 as target pressure. Using this

set of filters, the performance has been measured in the control zone of Fig. 3.4.

1The reverberation time over frequency of the listening room is shown in Fig. 3.30.
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Figure 3.25: View of the 1×8 array (top), and the 4×8 array (bottom).

These results are shown in Fig. 3.26, where the corresponding acoustic contrast

of the 1×8 array is also shown for comparison. The array effort has been limited

to be below 6 dB in both cases, as this figure allows a good directive pattern to be

obtained, while at the same time limiting the maximum magnitude of the array

filters sufficiently to prevent over-driving of the sources. Both arrays offer a very

similar acoustic contrast figure, as theoretically, they should have practically the

same performance in this horizontal control zone. The performance of the 4×8

array, however, is slightly lower than that of the 1×8 array at frequencies below

3 kHz, which can be attributed to the fact that the sources of the 1×8 array are

more directional in the horizontal sense, since the bigger baffle of the 4×8 array

makes it more difficult to create the phase-shift effect.

A three-dimensional directivity estimation provides a more realistic measure of

performance of the 4×8 array. By measuring the transfer responses both in a
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Figure 3.26: Free-field acoustic contrast measured on the 2D control geometry shown
in Fig. 3.4 and array effort needed by the LSIF. The solid line refers to the results of
the 4×8 array and the dashed line refers to those of the 1×8 array.

horizontal and a vertical plane in an anechoic chamber, values can be linearly

interpolated to give an estimation of the transfer responses to a sphere of points

surrounding the array. Using these transfer responses, a 3D control zone has been

created as shown in Fig. 3.27, consisting of 1106 microphones. The bright zone

is the same as that presented in Fig. 3.4 but is extended vertically between -7.5◦

and 7.5◦, so that now it is formed by 9 microphones. The rest of the microphones

define the dark zone.

Using the same set of filters as for the results of Fig. 3.26, the performance that

both arrays produce in the control zone of Fig. 3.27 has been calculated via off-

line simulations. These results are shown in fig. 3.28, where it can be observed

how the high frequency performance of the 4×8 array is much better than that

of the 1×8 array, due to the benefits of the vertical beamforming obtained by
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Figure 3.27: 3D control geometry used for measuring the directional performance
of both arrays. Dots represent the dark zone’s control microphones and closed circles
represent the bright zone’s control microphones. The 32 stars represent the sources of
the 4×8 array.
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Figure 3.28: Comparison of the free-field acoustic contrast predicted from the mea-
sured frequency responses for the 1× 8 and 4× 8 arrays, in the 3D control geometry of
Fig. 3.27. The solid line represents the results of the 4×8 array whilst the dashed line
shows those of the 1×8 array.

driving each column source in phase, leading to an improvement of about 12 dB

of acoustic contrast at around 5 kHz. This is a very encouraging result, as both

arrays use the same number of control filters.

Reverberant performance

The acoustic contrast has also been measured for the two arrays in a listening

room, as shown in Fig. 3.29. The room has a surface of about 112 m2 and a vol-

ume of about 73 m3, with a distribution of reverberation time over frequency as
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Figure 3.29: Set up of the measurements performed in a listening room.

shown in Fig. 3.30. The measurements have been performed using the horizontal

control zone defined in Fig. 3.4, with the same set of filters as for the free-field

results. The reverberant contrast results are show in Fig. 3.31, compared to those

obtained in the free-field. The reverberant results for the 4×8 array show that a

reduction between 3 and 5 dB is obtained with respect to the anechoic case. The

4×8 array is able to provide a much greater performance than the 1×8 array in

the reverberant environment. This increases almost constantly from 500 Hz, to

obtain around 5 dB of gain in contrast around 5 kHz. These results are in the

fashion of the 3D free-field contrast results, shown in Fig. 3.28, where it can be

seen how due to the vertical beamforming, the 4×8 array obtains a much higher

acoustic contrast, which in the case of the reverberant results, leads to a lower

excitation of the reverberant field.

The directivity of the 4×8 array has been measured in the free-field and in the

listening room using the procedures of Appendix J, and is shown for some fre-

quencies in Fig. 3.32. In the free-field results the secondary lobes are very small

compared with the main lobe, and the back radiation is greatly attenuated due

to the phase-shift effect of the sources. The main lobe is centred at about 7.5◦,

according to the definition of the bright zone. In the reverberant results, the level

at other points apart form the bright zone is increased. This is due to the extra

pressure component that the reverberant field introduces.
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Figure 3.30: Reverberation time of the audio listening room where the performance
of the 1 × 8 and the 4 × 8 array has been assessed. The room has a surface of about
112 m2 and a volume of about 73 m3.
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Figure 3.31: The acoustic contrast measured in a listening room in comparison with
that obtained in anechoic conditions. The free-field results for the 4×8 array are rep-
resented by the red dashed line, the free-field results for the 1×8 array are represented
by the dark dashed line, the reverberant results for the 4×8 array are shown by the
red solid line and the reverberant results for the 1×8 array are shown by the dark solid
line.
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Figure 3.32: Magnitude of the pressures at the control geometry of Fig. 3.4 at various
frequencies for the 4×8 array. The solid line represents the results in the free-field, and
the dashed line represents the results in the reverberant room.
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3.5 Conclusions

This chapter has first introduced the theory of directional acoustic sources by

superposition of a certain number of radiators a certain distance apart. A radia-

tor starts to become directional when its largest dimension is comparable to the

wavelength it is radiating. Hence, a radiator which is not directional at a certain

frequency can be made more directional by placing various identical radiators

and drive all of them in phase, which is commonly denominated as loudspeaker

array. At certain point in the space the waves propagating from the ensemble of

radiators arrive in phase, creating a constructive interference. The directionality

of such an array increases with frequency until a certain value, in where more

than one point of constructive interference exist, which is denominated as spatial

aliasing. By applying electronic delays to each of the sources it is also possible

to steer the main beam of the array and select the direction of maximum propa-

gation.

At frequencies at which the radiation wavelength is large compared with the

maximum dimension of the array, the directional response of such devices is,

however, low. In order to overcome such limitation, superdirective beamforming

techniques are introduced. Such techniques are based on the a priori knowledge

of the transfer functions between the array and the control microphones, which

involves the measurement of such quantities in an anechoic chamber or in the

environment where the array is being used. As this is a process that can re-

sult time and cost expensive, approaches based in analytical transfer functions

have been used, which have shown to provide an effective performance. A deeper

study of these approaches is presented in Appendix D. Three different formula-

tions have been considered for creating a superdirective beamforming, these are:

the acoustic contrast maximisation (ACM), the least square inverse filters (LSIF)

and the Chang and Jacobsen mixed control approach. The ACM maximises the

contrast of acoustic potential energy between two control zones, without control

of the soundfield in the bright zone, whilst that the LSIF allows to control the

phase and magnitude in the bright zone by selecting a target pressure. Chang

and Jacobsen approach allows an interplay between a pure contrast control ap-

proach and the exact matching of the target pressure in the reproduced zone. For

the array application, the LSIF approach is preferred to the ACM, as it provides

a more uniform distribution of acoustic pressure throughout the listening zone

whilst obtaining practically the same directivity. The superdirective approaches

do, however, need a huge amount of electrical power to operate, and are very sen-

sitive to errors and mismatches in the characterisation of the transfer functions.
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The amount of electrical power and the robustness of the array with respect to

such source mismatches can be controlled by introducing a regularisation param-

eter, which controls the inversion of the matrix of transfer impedances. A deeper

analysis of the effect of regularisation with respect to source mismatches is pre-

sented in Chapter 5.

The design of time domain filters here obtained by inverse Fourier transformation

of frequency responses is described in Appendix C. The design of these filters

entirely in the time domain is also discussed in Appendix 4.

Based on the knowledge gained in the design of phase-shift radiators, which is

summarised in Chapter 2, two arrays have been designed and built. The first

of these two radiators consists of 8 phase-shift sources, and is denominated as

the 1 × 8 array [53]. This array is able of obtaining a contrast that grows from

10 dB at 500 Hz to 25 dB at 7 kHz, using an array effort of about 6 dB, which

constitutes an improvement of about 6 dB with respect to a delay and sum line

array at such array effort. The free-field acoustic contrast has shown to be greatly

reduced when the array is introduced into a reverberant environment. In order to

keep the power input to the reverberant field low, the directional characteristics

of the individual sources of a radiator are, hence, very important. An example

can be brought by the 1×8 array, which uses hypercardioid sources. Such sources

theoretically minimise the power input to the reverberant field, however, when

the 1×8 is introduced into the listening room, a poor directivity is obtained. A

more in deep study of the effect of reverberation in the performance of personal

audio systems will be presented in Chapter 4.

Simulations based on the 1 × 8 array and in a dual layer array have shown that

the performance of an array of 8 phase-shift hypercardioid sources is very similar

to that obtained with a dual layer array, which uses 16 independently controlled

sources. A phase-shift source array presents a clear advantage respect to a dual

layer array, as it needs the half amount of sources to function. This makes a

phase-shift source array more economic and simple to control. As the number

of sources is lower, the array is also more robust to errors in the transfer responses.

In order to further reduce the pressure input into the reverberant field and at the

same time keep the same processing complexity, the second array that has been

introduced in this thesis uses phase-shift sources which are very directional in a

vertical sense. This array is denominated 4× 8 array [95] and uses 32 individual

phase-shift radiators as that of the 1 × 8 array arranged in columns of four, in

101



which each column is driven in phase, hence obtaining a vertical delay and sum

source. This array obtains the same free-field directional performance as the 1×8

array, but obtains a large improvement in performance in a reverberant room, of

about 5 dB at 5 kHz.
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Chapter 4

Time domain formulation of

superdirective filters for personal

audio applications

Chapter 3 has considered the creation of optimal superdirective filters whose re-

sponses are optimised in the frequency domain. Such optimisation is performed

frequency by frequency, with the time series obtained afterwards via inverse

Fourier transformation. An alternative is that of performing the optimisation

in the time domain, where the whole set of frequencies are optimised at a time,

as considered in this appendix.

The filters are created from the point of view of a personal audio problem where

the acoustic energy contrast between two control regions is to be maximised, pay-

ing particular attention to the quality of the reproduced audio. The performance

of the time domain formulation is assessed by means of simulation using free-field

point source Green functions and measured transfer functions of the 4× 8 array.

The results of these simulations is compared with the performance of arrays using

filters formulated in the frequency domain. The outcome shows that using the

least squares algorithm or the mixed control algorithm of Chang and Jacobsen,

the filters created in both domains give the same acoustic performance. The fil-

ters optimised in the time domain give, however, a better directional performance

for short filter lengths. Finally a comparison of how to select the target pressure

to maximise speech intelligibility is presented.
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4.1 Filtering theory

The control of acoustic radiation in the time domain has been first considered for

the deconvolution of room responses by Neely and Allen [140], in order to obtain

a flat response and undo the effect of a room or a speaker in the reproduced

sound. Kirkeby and Nelson [71] extended this formulation to comprise a larger

number of loudspeaker and microphones or target points. The optimisation of

acoustic fields in the time domain has also been applied to active control of sound

by Elliott [141], using matrices of filtered references. Using the active control for-

mulation, the theory for maximising the acoustic contrast between two control

zones has been presented recently by Elliott and Cheer [75]. Cai et al. [74, 76]

recently studied the control of an 8 sources array using a modified formulation of

the time domain acoustic contrast.

The work presented here studies the performance of the filters created in the

time domain from the point of view of a personal audio device aimed to increase

the speech intelligibility of the hard of hearing. An analysis is presented which

compares the performance of filters obtained with the time domain formulation of

the acoustic contrast maximisation and the least squares filters with that obtained

by the frequency domain formulation by the same algorithms. A first set of

simulations is introduced with a 2 point source endfire array, in where the length

of the filters is brought to analysis. Later simulations are performed with an 8

point hypercardioid source array, in where the performance of the time domain

acoustic contrast maximisation is studied. Finally the performance of the 4 × 8

array is predicted, and frequency dependent regularisation is applied to prevent

the damaging of the array sources. The audio quality of the reproduced sound is

assessed in terms of the STI [42].

4.2 Time domain filter optimal filters

4.2.1 Formulation using matrices of impulse responses

The theory presented in [71] is rearranged here to formulate a personal audio

problem, in which a pressure maximum is generated in the bright zone and a

pressure minimum is created in the dark zone. A block diagram of the problem is

presented in Fig. 4.1, where an array of M sources is driven by a set of filters w.

The sound field is sampled in the two control zones by NB bright microphones

andND dark microphones, distributed throughout the control space. The transfer

responses between the loudspeakers and the control microphones are rearranged
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into two impulse response matrices for bright and dark control zones, GB and

GD.

Figure 4.1: Block diagram of the acoustic control problem.

The sampled output at the nB-th microphone in the bright zone of Fig. 4.1 due

to all the control sources is given by

pBnB
(n) =

M∑

m=1

J−1∑

j=0

I−1∑

i=0

gBnBm(j)wm(i)x(n− i− j), (4.1)

where x(n) is the sampled input signal to each of the filters with impulse response

wm(i), and gBnBm(j) is the j-th coefficient of the impulse response between the

m-th driver and the nB-th microphone in the bright zone, which is modelled as

an FIR filter of length J .

Although, in practice, the optimisation is required over an expectation of a set

of input signals, a deterministic problem is obtained if the input signal, x(n), is

a transient with an equivalent spectral content. In the original formulation [71],

the input signal was assumed to have a flat spectrum so x(n) was as assumed to

be a delta function and this is used below. It is, however, possible to generalise

this by defining a modified impulse response function in Eq. 4.1 which is the

convolution of the physical impulse response function and the response of a filter

that produces the spectral content of the input signal.

Following the assumption that x(n) is equal to δ(n), Eq. 4.1 can be simplified to

pBnB
(n) =

M∑

m=1

J−1∑

j=0

gBnBm(j)wm(n− j). (4.2)

The contribution of the m-th source to the nB-th microphone of the bright zone

can also be obtained if gnBm is rearranged into an impulse response matrix, GnBm,
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and is multiplied by the filter corresponding to that source, wm, which gives

pBnBm = GnBmwm, (4.3)

where pBnBm is the vector of the J + I − 1 impulse response points of pBnBm(n),

and GnBm is defined as

GnBm =




gnBm(0) 0 0
...

. . . 0

gnBm(I − 1)
. . . gnBm(0)

0
. . .

...

0 0 gnBm(I − 1)




, (4.4)

with a size (J + I − 1)× I, and wm is a vector of the I impulse response points

of wm(i).

A vector of sampled outputs due to all the sources for all of the microphones in

the bright zone can then be formed, which is

pB =
[
pT
B1 pT

B2 · · · pT
BNB

]T
, (4.5)

which may now be written as

pB = GBw, (4.6)

where GB is a matrix composed by the matrices of impulse responses from each

source to each control point GnBm

GB =




G11 · · · G1M

... GnBm
...

GNB1 · · · GNBM


 , (4.7)

with a size NB(J + I − 1)×MI, and the vector of all the filter coefficients, w, is

defined as

w =
[
wT

1 · · · wT
M

]T
, (4.8)

with a size MI × 1.

Similarly, the vector of sampled outputs to all the ND control microphones of the

dark zone can be written as

pD = GDw, (4.9)
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where GD is the matrix of impulse responses from the M sources to the control

points in the dark zone, with size ND(J + I − 1)×MI, created in the same way

as GB.

4.2.2 Optimal time combined solution filters

The vector of superdirective optimal filters is obtained here using the “com-

bined solution” of Chang and Jacobsen [67]. This approach gives a weighted

least squares solution, allowing a trade-off between the minimisation of the mean

squared error with respect to a desired pressure field, pT , in the listening zone,

i.e., the bright zone, and the maximisation of the contrast of mean squared pres-

sure between both control zones by minimising the potential energy in the dark

zone. To this end, a cost function is defined as

J = ξpT
DpD + (1− ξ)

[
(pB − pT )

T (pB − pT )
]
, (4.10)

where ξ(0 ≤ ξ < 1) determines the balance between minimising the potential

energy in the dark zone and reducing the mean square error in the bright zone,

with ξ = 0.5 corresponding to the conventional least squares solution [67]. Sub-

stituting Eqs. 4.6 and 4.9 into Eq. 4.10 leads to

J = wT
[
ξGT

DGD + (1− ξ)GT
BGB

]
w+

(1− ξ)
[
wTGT

BpT + pT
TGBw

]
.

(4.11)

Provided that
[
ξGT

DGD + (1− ξ)GT
BGB

]
is positive definite, the above quadratic

cost function has a unique global minimum [141] at a point given by

∂J

∂w
= 2

[
ξGT

DGD + (1− ξ)GT
BGB

]
w + 2(1− ξ)(−pT

TGB). (4.12)

The optimal set of coefficients is then given by

w =
[
ξGT

DGD + (1− ξ)GT
BGB

]−1
(1− ξ)GT

BpT . (4.13)

In order to control the magnitude of the optimal filter coefficients, an extra term

can be introduced to weight the amount of electrical power used in the above

solution. This term is proportional to the sum of the squared filter weights and

leads to the optimal solution whilst limiting the maximum amplitude of the filter

weights. The cost function is defined in this case as

J = ξpT
DpD + (1− ξ)

[
(pB − pT )

T (pB − pT )
]
+ βwTRw. (4.14)
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where β is the regularisation parameter andR is the array effort weighting matrix.

By carefully selecting the matrix R it is possible to perform frequency dependent

regularisation. To this end, an FIR filter b is used which boosts the response at

the frequencies to be regularised. The filter b is arranged to form a matrix B, so

that

B =




b(0) 0 0
...

. . . 0

b(I − 1)
. . . b(0)

0
. . .

...

0 0 b(I − 1)




, (4.15)

which is employed to form the matrix R in the cost function of Eq. 4.14, as this

is formed by M copies of BTB

R =




BTB 0 · · · 0

0 BTB · · · 0
...

...
. . .

...

0 0 · · · BTB



. (4.16)

The set of optimal filters is given in this case by

w =
[
ξGT

DGD + (1− ξ)GT
BGB + βR

]−1
(1− ξ)GT

BpT . (4.17)

Apart from limiting the power used by the array in certain frequency ranges,

it is important to be able to monitor how much energy the array filters use at

different frequencies by defining an array effort in the frequency domain. By

Fourier transforming the time series of the filters, i.e, w(n)
F−→ q(jω), the array

effort can be defined for a single frequency as

AE(jω) = 10 log10




M∑

m=1

qm(jω)
∗qm(jω)

|q2MON(jω)|




, (4.18)

where qm is the source strength in the frequency domain of the source m and

qMON is the source strength that a monopole source or one of the central sources

of an array needs in order to obtain the same pressure as that produced by the

array in the bright zone [53].

It is also necessary to characterise the directional performance obtained with a

given set of filters. To this end, the time-averaged contrast between the mean
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squared pressures in the two control zones, or acoustic contrast, may be defined

as

C =
ND

NB

pT
BpB

pT
DpD

, (4.19)

where the ratio ND

NB
makes the estimation independent of the number of bright

and dark control points. Using Equations 4.6 and 4.9 Eq. 4.19 can also be written

as

C =
ND

NB

wTGT
BGBw

wTGT
DGDw

. (4.20)

However, Eq. 4.20 gives a scalar which averages the contrast over time. In a

similar way to the array effort, it is also possible to observe the acoustic contrast

as a function of frequency. In this case, the acoustic contrast is calculated at a

single frequency as

C(jω) =
ND

NB

NB∑

nB=1

M∑

m=1

qm(jω)
∗ZnBm(jω)

∗ZnBm(jω)qm(jω)

ND∑

nD=1

M∑

m=1

qm(jω)
∗ZnDm(jω)

∗ZnDm(jω)qm(jω)

, (4.21)

where the subscript ∗ stands for the complex conjugate and ZnBm(jω) and ZnDm(jω)

are are obtained by Fourier transformation of gnBm(n) and gnDm(n).

4.3 Initial simulations of performance

To gain an understanding of the behaviour of filters optimised in the time do-

main, initial simulations based on a 2-source endfire array have been carried

out. Point source free-field Green functions have been used to calculate the fre-

quency response between each source of the array and the control points. These

frequency responses have then been inverse Fourier transformed to obtain the

impulse responses from each source to each control point, using J = 1024 points

at a sampling frequency fS = 20 kHz. To obtain the set of superdirective filters,

Eq. 4.13 has been used with a value of ξ = 0.5. The result of these simulations

is compared with that obtained with filters optimised using the frequency do-

main method [67]. The control geometry used in the simulations is shown in Fig.

4.2, and has 1 bright control point and 47 dark control points, so that the two

source array ideally creates a hypercardioid-like radiation pattern when the array

is superdirective [52]. The bright zone pressure target is formed by the impulse

response of the source which is closest to the bright control point.

109



−2

0

2

−2

−1

0

1

2
−1

−0.5

0

0.5

1

z,
 m

x, my, m

Figure 4.2: Control geometry used to create the filters for a 2 source endfire array.
Closed dots symbolise dark zone control points and the open circle symbolises the bright
control point. The stars symbolise the 2 sources of the array.

4.3.1 Effect of filter length

Fig. 4.3 shows the effect of the filter length on the acoustic contrast and the

array effort for the filters optimised in the time domain. The results are com-

pared with those obtained for a set of filters optimised in the frequency domain

with I = 1024 frequency bins, and for the set of time-domain filters calculated by

inverse Fourier transformation of the frequency domain optimised filter responses

and subsequent windowing to the length of the corresponding time-domain filters.

For filters with I = 16 coefficients, the performance of the filters formulated in the

time domain is much greater than that when they are formulated in the frequency

domain and then inverse Fourier transformed and windowed to a length of I=16.

As the control filters increase in length, the filters created in both domains are

more able to control the low frequencies. The performance of the time domain

filters is, however, better than the frequency domain filters for lengths shorter

than 128 coefficients. For filters longer than 128, both the filters created in the

time domain and in the frequency domain offer a similar performance to that of

the optimal filter.

The reason why the short filters created in the time domain outperform those

created in the frequency domain is that the time domain optimisation gives the

direct least squares solution for a given number of coefficients I, which is not pro-

vided by a windowed version of the optimum infinite impulse response obtained

using the frequency domain design method. This can also be observed in the

array effort, which is reduced in the filters created in the frequency domain and

then windowed, as the non-optimal truncation of the filter impulse responses re-
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duces the low frequency control. This same effect has previously been observed in

practical realisations of cross talk cancellation systems [142], for the equalisation

of loudspeaker responses [73] and in microphone beamforming applications [143].
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(b) I=32
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(c) I=64
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(g) I=128
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(h) I=256

10
2

10
3

10
4

0

1

2

3

4

5

Frequency, (Hz)

A
co

us
tic

 C
on

tr
as

t, 
(d

B
)

 

 

(i) I=512
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(k) I=256
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FD (Infinite response)
TD
FD (Windowed response)

(l) I=512

Figure 4.3: Acoustic contrast and array effort for a two source endfire array, with
filters created using a time domain optimisation, “TD”, or a frequency domain optimi-
sation with windowing to the required length, “FD (windowed response)”, all of them
when ξ=0.5 in Eq. 4.10 and in the equivalent frequency domain formulation. The thin
solid line shows the performance of the unconstrained filter calculated in the frequency
domain, “FD (Infinite response)”.

The condition number of a matrix, κ, is the difference between the smallest and

the largest eigenvalues of such matrix, and indicates the sensitivity of the inverse

to random perturbations in the elements of the matrix. The condition number
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Figure 4.4: Condition number with respect to the inversion of the matrix ξGT

DGD +
(1 − ξ)GT

BGB plotted against the number of filters coefficients, when ξ = 0.5. The
plant of the impulse responses is characterised with J=1024 coefficients.

of the matrix ξGT
DGD + (1 − ξ)GT

BG thus serves as indicator of how robust the

filters are with respect to errors and mismatches in the impulse responses of the

sources. The effect of filter length on this condition number is shown Fig. 4.4. As

expected, the condition number increases with filter length as the dimensions of

the matrix increase. The condition number grows faster when increasing the filter

length for short filters, but it stabilises for filters greater than I =512 coefficients.

This means that although employing longer filters is predicted to produce a higher

directional performance, in the presence of errors between the loudspeakers and

control microphones this may not be the case.

4.3.2 Delay quantisation error

The sampling frequency, fS, used by the system plays an important role in the

directional response at low frequency. Figure 4.5 shows the acoustic contrast per-

formance of the array described above, optimised using the time domain method,

for different sample rates. The length in time of the response used to model G

has been kept constant at 0.06 s for these simulations, which is equivalent to a

propagation distance of 20 m, whilst the control filters have been created with

responses 0.02 s long. The drop in the acoustic contrast at low frequency does

not just depend on how low the sample rate is, but on the actual values of the

sample rate. The condition number, with respect to the inversion of the matrix

ξGT
DGD +(1− ξ)GT

BGB, has also been calculated for these filters. The condition

number peaks at certain values of the sampling frequency, which correspond to

the values at which the contrast at low frequency is maximum. The reason for

this increase in the acoustic contrast is due to the time sampling process used in

obtaining the impulse responses, which due to the discrete time resolution, can

cause the obtained impulse responses to be sync functions rather than delta func-
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tions. This introduces small mismatches in GB and GD, which are also known as

delay quantisation errors [144], and depend on the sampling frequency which is

used. This phenomena has previously been studied in microphone beamforming

[145], where it has also been shown that delay quantisation error repeats period-

ically with sampling frequency.
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Figure 4.5: Acoustic contrast (upper plot) and condition number with respect to the
inversion of the matrix ξGT

DGD+(1− ξ)GT
BGB (lower plot) with ξ = 0.5 as a function

of the sampling frequency, fS.

4.4 Simulated performance of a practical array

In this section, the performance of the time domain optimisation method is anal-

ysed using the transfer responses measured from a practical array. This array is

designed to be placed close to the TV, hence enhancing the audio of the TV in

the bright zone, particularly for hard of hearing listeners [53, 95, 146]. The array

is shown in Fig. 4.6, and consists of a 4 × 8 sources planar array, in which each

column is driven in phase as a single radiator, reducing the diffuse field energy in-

put by diminishing reflections from ceiling and floor [95]. Each individual source

of the array is placed in a phase-shift cabinet, which leads to a hypercardioid-like

directivity pattern, further reducing the diffuse field energy injection[104].

In order to quantify the radiation of the array, the control geometry shown in
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Figure 4.6: The array designed to increase speech intelligibility [95].

Fig. 4.7 has been used, and the transfer responses from each radiator to each

microphone have been measured. In order to create superdirective filters and

control the soundfield, the geometry has been divided into a bright zone which

extends from 0◦ to 15◦, and a dark zone extending between 22.5◦ and 352.5◦, so

that the control geometry has a total of 48 microphones. This definition of the

dark zone prevents radiation towards the positions where normal hearing listen-

ers may be seated and also to other directions, which otherwise would increase

the reverberant pressure and limit the performance of the array. The impulse

responses have been obtained via inverse Fourier transformation of the measured

transfer responses, leading to responses with J =512 coefficients. These have

been used to predict the performance of the array using different sets of control

filters by calculating the acoustic contrast in the frequency domain.

Figure 4.7: 2D control geometry used for creating the filters and for measuring the
directive performance of the array. Black dots represent the dark zone control micro-
phones and open white circles represent the bright zone control microphones. The stars
represent the 8 sources of the array, and r the observation distance, which is of 2 m.

4.4.1 Frequency dependent regularisation

The formulation described in Section 4.2.2 has been used to predict the perfor-

mance of the array in the free field. Weighted least squares filters have been
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created using I=512 samples to minimise the squared error according to Eq. 4.17

with ξ = 0.5 in the control geometry of Fig. 4.7. The target pressure, pT , has

been set to be the impulse responses from the 4-th source of the array to each

of the bright zone microphones. In order to assess the performance of the filters

created in the time domain, their performance is compared with that obtained

using filters optimised in the frequency domain and then windowed to have the

same number of coefficients. The array effort in Eq. 4.18 is limited to be below 6

dB to avoid overdriving the sources of the array by selecting the filter b to be a

low pass filters of 128 coefficients with a cut off frequency of 3 kHz. The frequency

response of b is shown in the top graph of Fig. 4.8, where it is compared with

the regularisation needed in the frequency domain method to ensure a maximum

array effort of 6 dB.

Predictions of acoustic contrast and array effort are also shown in Fig. 4.8, in

which the performance of the time domain and frequency domain optimised filters

with limited array effort is compared. The filters created in the frequency do-

main have been inverse Fourier transformed and then windowed to have the same

length as those created in the time domain. The acoustic contrast performance

for the filters created in both domains using a limited array effort is similar. The

acoustic contrast grows from about 10 dB at 1 kHz to about 25 dB at 5.5 kHz as

the array aperture becomes more comparable with the wavelength of radiation.

The array effort is smaller for the time domain optimisation between 1 kHz and

3 kHz. If there is no constraint on the amount of energy used, a slightly higher

acoustic contrast, β = 0, about 1 dB at 1 kHz, is obtained. This is, however,

impractical to use because of the danger of over-driving the array sources since

the array effort is large and also leads to filters with a lower sound quality due

to a large amount of pre-ringing.

4.4.2 Combined solution response

The effect of the parameter ξ in Eq. 4.17 is now investigated, by selecting ξ

to be 0.9 or 0.5. In this case, the pressure target, pT , has also been set to be

the impulse responses from the 4-th source of the array to each of the bright

zone microphones. Control with ξ = 0.9 represents a case in which the contrast

between the two control zones is maximised and less importance is given to the

minimisation of the error in the bright zone. Conversely, the control with ξ = 0.5

represents a comprise solution, in which both the error minimisation in the bright

zone and the acoustic contrast maximisation are taken into account when creat-
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Figure 4.8: The upper left graph shows the regularisation against frequency that has
been applied to limit the array effort to be below 6 dB in the time domain, “TD”,
using the filter b and β = 0.007 and in the frequency domain, “FD”, one frequency at
a time. The medium and lower left graphs show the acoustic contrast and array effort
for the array, when the array has 512 coefficient filters, calculated on the time domain
or in the frequency domain with windowing.

ing the optimal filters.

The results for the combined solution in the time domain are shown, for the

two values of ξ, in Fig. 4.9, for the acoustic contrast performance, array ef-

fort and frequency responses of the three bright zone microphones. In the case

where ξ = 0.9, the acoustic contrast is about 2-3 dB larger between 6 kHz and 7

kHz than for the case where ξ = 0.5. The greater directional performance with

ξ = 0.9 is obtained at the expense of producing a less uniform spatial response in

the bright zone, as can be seen in the right hand side plot of Fig. 4.9, which has

been previously observed with the combined solution algorithm [67, 69]. From

the lower right hand side plot it can be seen that with ξ = 0.9 differences of

more than 10 dB between the three microphones in the bright zone are present
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Figure 4.9: The left hand plots show the acoustic contrast and array effort for the
array obtained with different values of ξ in the combined solution o Eq. 4.17. The
right hand plots show the modulus of the frequency response of the three bright zone
microphones for the two values of ξ, in comparison with the pressure target, pT .

between 6 kHz and 8 kHz. Conversely, from the upper right hand side plot it

can be seen that the differences in the bright zone are limited to be below 5 dB.

This result is similar to that obtained by comparing the least squares method

with the acoustic contrast maximisation method in the frequency domain, where

the acoustic contrast maximisation method is able to obtain a higher contrast at

the expense of a more uneven reproduction in the listening zone [53]. The array

effort needed for the filters is similar for both values of ξ. In this case the larger

acoustic contrast obtained by selecting ξ =0.9 is given at frequencies at which

the condition number of the matrix is low, and hence the array does not need a

larger electrical power to obtain that solution.

4.4.3 Minimising processing delay

One requirement of the practical array considered here is that, in order to max-

imise the speech intelligibility, it should radiate at the same time instant as the

TV sound system. If the array is directly connected to the output of the TV, the

processing time needed to convolve the input signal with the filters of the array

has to be minimised, since otherwise a comb-filtering effect will be present in

the bright zone audio. This effect has previously been studied for the processing

introduced by wearable hearing aids in hearing impaired listeners [147]. In this
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case, the acceptable delays were lower than 5 ms, but it was observed that in

order to obtain the clearest speech the processing delay had to be lower than

1 ms at 4 kHz [147]. When the filters are created using the frequency domain

optimisation method, the filters are non-causal, and need a modelling delay of

I/2 + 1 samples to be made causal.
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Figure 4.10: Performance results for different modelling delays, τ . The upper plots
show the acoustic contrast and the modulus of the frequency response at the centre
microphone of the listening zone of the array, compared against the pressure target,
pT . The middle plots show the array effort needed by the filters and the phase of the
frequency responses, and the lower plots show the impulse responses of the 4-th source
of the array when using modelling delays of I/2 (left hand side plot) and I/32 (right
hand side plot) taps.

By using the time domain formulation, it is also possible to select the amount

of modelling delay desired for the array filters, so that longer filters that at the

same time satisfy the acceptable delays as given by [147] can be created. Previous
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studies in the literature suggest that the modelling delay should be about I/2 to

accommodate for the propagation time of each source and also to include in their

responses part of the acausal components of the least-squares inverse [148]. Fig.

4.10 presents the results for sets of filters of I=256 coefficients with modelling

delays of I/64, I/32 and I/2 coefficients, which corresponds to 0.15, 0.31 and 5

ms at fS = 25.6 kHz respectively, with ξ in Eq. 4.17 being equal to 0.5. The

acoustic contrast performance is similar for the three sets of filters. For the set

with a modelling delay of I/64 the performance is slightly lower below 600 Hz.

The frequency response in the bright zone is also quite similar for the three filter

lengths. The predictions of acoustic contrast and array effort below 600 Hz are

believed to have low accuracy, as the frequency response of the sources rolls off

below 600 Hz. It is also possible to observe how the phase of the frequency re-

sponse is closer to that of the target pressure when using short modelling delays.

The impulse responses of the filter of the 4-th source of the array for modelling

delays of I/2 and I/32 are also shown in Fig. 4.10. Filters can thus be directly

optimised in the time domain with short modelling delays without a significant

effect on frequency domain performance.

4.5 Conclusion

A formulation has been developed which allows the design of the filters for per-

sonal audio problems in the time domain. Using this theory, the “combined

solution” algorithm of Chang and Jacobsen [67] has been formulated to minimise

the error of an impulse-response based cost function. This formulation has then

been employed to create filters for a personal audio device designed to increase

the speech intelligibility of hearing impaired TV viewers.

In order to gain an understanding of how the time domain formulation works,

initial simulations have been performed with a two-source endfire array. These

results have shown that the performance of the filters optimised in the time do-

main can be larger than the windowed filters optimised in the frequency domain,

when the filter order is low. This is because the time domain formulation directly

calculates the optimal filter impulse responses, whereas the frequency domain

formulation requires truncation.

Filters of different orders have also been design for a practical planar array. In

order to limit the magnitude response of such filters, and not damage the sources
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of the array, frequency dependent regularisation has been applied in the form

of a low pass filter.This regularisation limits the maximum power used by the

array filters to be below 6 dB. The combined solution formulation can be used

to give a directivity which maximises the acoustic contrast between both control

zones, hence overcoming the problems that have been previously observed when

maximising the acoustic contrast maximisation in the time domain [76].

In order to provide a clear reproduction of the sound in the bright zone and also

minimise the interference with the dark zone audio, the application for the array

to be used as a complementary TV sound system requires the minimisation of the

modelling delay of the array filters. A solution which has been presented is that of

using filters with a short modelling delay, which has shown to give frequency and

directional responses similar to those obtained using a typical modelling delay of

about I/2 samples.
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Chapter 5

The effect of reverberation on

personal audio devices

When an acoustical radiator is placed inside an enclosed environment, the reflec-

tion of the radiated pressure with the environment surfaces generates an extra

pressure component, generally known as reverberant pressure. This extra pressure

component adds to the pressure generated by a radiator, decreasing its directional

response, and introducing small variations in its transfer function.

This chapter introduces an analysis of the behaviour of the 1 × 8 array and the

4×8 array when these are placed inside two reverberant environments, which are

an audio listening room with a very low reverberation time, and a classroom with

a higher reverberation time. The arrays use least squares inverse filters (LSIF),

see Section 3.1.4, with the performance assessed in terms of acoustic contrast. A

formulation is first introduced, that allows the acoustic contrast to be estimated

in a reverberant environment, based on the free field directivity of the source

and the acoustic characteristics of the environment. Finally, the behaviour of

both arrays in a reverberant environment is discussed in terms of robustness. It

is also shown by means of simulations and measured results how, even without

spatial averaging, the reverberation acts similar to regularisation when the room

responses are used for creating the filters. This constrains the amount of power

used and makes the array robust to source mismatches.

5.1 Reverberant performance

Although the final application of personal audio systems is in a normal, everyday

room, the behaviour of these systems has mostly been studied in anechoic condi-

tions. Directional reproduction in a reverberant environment is complicated by
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the reflections introduced from the room surfaces, which introduce a high amount

of variability in the transfer functions of the source [78]. The performance of a

single directional acoustical radiator in a reverberant field was studied by Be-

ranek [82], who derived an expression for the total acoustic field depending on

the acoustic characteristics of the room and the radiator. A similar formulation

was used to obtain the directional characteristics of a source in a reverberant

environment by Druyvesteyn and Garas [40]. Measurements of the performance

of a line array in reverberant environments have also been presented [81]. In or-

der to provide a flat response over a certain spatial region, some researches have

averaged an ensemble of transfer functions from such region [79], however, these

techniques do not give enough accuracy for sound reproduction inside a room.

One study has used the modes of the room to define the transfer functions of a

source in the room [80], obtaining a good simulated performance. Other recent

work has analysed the performance of different transfer response models for cre-

ating the filters of a superdirective array in a reverberant environment [83]. It

is clear that the directional characteristics of an acoustical radiator are changed

when it is placed in a reverberant room, but it is not so clear what the effect of

the reverberation is on the robustness of a superdirective beamformer.

The robustness of these radiators is defined in terms of how much the directional

response is affected by mismatches in source sensitivity and position. In superdi-

rective antennas, for example, it has been observed how the practical response

is far from the theoretical superdirective value if random errors are introduced

in the antenna weightings [89]. The characteristics of these errors and how to

obtain robust beamforming in their response has been studied for microphone

arrays, assuming that the errors have a certain probability factor [90]. Work on

loudspeaker arrays has also studied the effect of errors in source sensitivity and

position, and how they affect the ratio of mean square pressures between two

spatial zones [91, 92]. Generally, these acoustical radiators are made robust to

changes in their transfer responses by applying regularization [64, 91], which also

controls the power used to drive the array sources. Recent work has suggested

that the space-averaged uncertainties introduced into the transfer responses of an

array by reverberation can act in a way that is analogous to regularisation [91].
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5.2 Experimental procedure

The directive performance of the two arrays described above has been assessed in-

side an audio listening room [149] and inside a classroom. The listening room has

a low reverberation time and an homogeneous distribution of absorption along

its surfaces, whilst the classroom has a larger reverberation time and a more ir-

regular distribution of absorptive façades. The arrays were placed in the centre

of the room, at a height of 1 m. For the measurement of each source array, these

are placed in a 2D circular control zone, formed by 48 microphones, as shown in

Fig. 5.1. For the experiments presented here, the observation distance, r, is 2

m. A “bright zone” [46], is defined so that it extends from an angle, θ, of 0 to

15°; whilst the “dark zone” extends from an angle of θ of 22.5 to 352.5°. This

control geometry has been hence used for both measuring the transfer functions

of the array and to measure the directional performance. Both reverberant envi-

ronments and the set up used to form the control microphone array are shown in

Fig. 5.2.

Figure 5.1: 2D control geometry used for creating the filters and for measuring the
directive performance of both arrays. Black dots represent the dark zone control mi-
crophones and open white circles represent the bright zone control microphones. The
stars represent the 8 sources of the array, and r the observation distance.

The reverberation times of both rooms are shown in Fig. 5.3. The reverbera-

tion time was measured by recording the impulse response (IR) of the room at

12 different positions according to the standard ISO 3382 [150] and performing

backward integration. The IRs were measured using the sine swept technique

[151]. The classroom is a considerably reverberant environment, with a reverber-

ation time between 125 Hz and 1 kHz higher than 1 second. The audio room,
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Figure 5.2: Set up for the measurement in the reverberant environments. Audio room
(upper plot) and classroom (lower plot).

instead, presents a very low reverberation time, which is of about 0.2 seconds at

1 kHz, as it is intended to be used for testing high quality audio systems. The

geometrical data and dimensions of both rooms has been measured and is shown

in Table 5.1 together with the Schroeder frequencies of both rooms. Based on

this data, the formulation presented in the standard ISO 354 [152] has been used

to estimate the absorption of the rooms surfaces. Similar results for the absorp-

tion coefficients have been obtained if the absorption is calculated using Eyring’s

formulation [153]. The average absorption coefficient of the enclosure surfaces,

α, is obtained at each frequency by

α̂ =
55.3V

cST
, (5.1)

where S represents the surface area of the enclosure walls, V is the volume of the
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enclosure T is the reverberation time. The obtained absorption coefficients for

both environments are shown in Fig. 5.3. As expected, the estimated absorption

coefficient for the audio room is much larger, as the walls of the audio room are

covered with curtains.

Table 5.1: Geometrical data and Schroeder frequency for the two environments where
the reverberant directivities of the array have been studied.

V , (m3) S, (m2) fSCH , (Hz)
Classroom 86.7 115.3 203

Audio Room 73.4 112.2 111
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Figure 5.3: Reverberation times (left hand side plot) and mean absorption coefficients
α̂ (right hand side plot) for the two environments where the reverberant directivities
of the array have been studied.

5.3 Estimation of reverberant directivity

5.3.1 Reverberant directivity formulation

When an acoustical radiator operates inside a reverberant environment, the pres-

sure field it generates will have two components. The first component will be

the direct field generated by the source, which is the same as the pressure field

created under anechoic conditions. The other component is the reverberant pres-

sure, which is due to all the reflections from the enclosure. In order to estimate

the pressure contribution that a source makes to the reverberant field, a knowl-

edge of the acoustic power that it produces is required. If the source is not a

point monopole source, the total acoustic power radiated can be determined by

integrating the intensities over the surface of a sphere [82]. Assuming the pres-

sure is measured in the far field, the total radiated acoustic power under free field
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conditions is given by

W =
r2

ρ0c0

∫ 2π

0

∫ π/2

−pi/2

|p(φ, θ, r)|2|cos θ|dθdφ (5.2)

where r is the radius of the sphere, c0 = 343 ms−1 is the speed of sound in air, p

is the acoustic pressure and φ and θ are the polar and azimuthal angles. If the

pressure is only known at a discrete set of control points, however, the integral

can be approximated by the summation

W =
r2

ρ0c0

2π/∆θ∑

m=1

π/∆φ∑

n=1

|p(φn, θm, r)|2|cos θn|∆θ∆φ, (5.3)

where ∆θ = 2π/NH and ∆φ = π/NV represent the angle in radians between each

horizontal and vertical measurement point, where NH is the number of horizontal

measurements and NV is the number of vertical measurements.

Under steady-state conditions the power input of a source into a diffuse field

is balanced by the absorption of the room walls. The space-average squared

reverberant pressure, 〈|pR|2〉, is related to the power radiated by the source, W ,

by [82]
〈
|pR|2

〉
=

4ρ0c0
R

W, (5.4)

with

R =
Sα̂

1− α̂
, (5.5)

where 〈〉 denotes spatial averaging. This equation allows us to calculate the

reverberant pressure that any source produces inside a reverberant environment,

once the radiated acoustic power and the absorptive characteristics of the room

are known. The radiated power in a diffuse field is assumed to be the same as

that radiated into a free space, as originally shown for a monopole [154]. Once the

reverberant pressure is calculated, this can be combined with the direct pressures

from the source, allowing the calculation of the acoustic contrast. The spatially

averaged mean square pressure at each control point at a distance r is then written

〈|pBR
(nb, r)|〉2 = |ZB(nb, r)q|2+

〈
|pR|2

〉
, (5.6)

and 〈
|pDR

(nd, r)|2
〉
= |ZD(nd, r)q|2+

〈
|pR|2

〉
, (5.7)

where nb = 1 : NB and nd = 1 : ND refer to the individual microphones of each

of the control zones.
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5.3.2 Experimental results

In order to check the validity of the above formulation, its accuracy is compared

with measurements of contrast in normal environments. The mean square rever-

berant pressure in each room is calculated from the power output of the array,

using Eq. 5.4. The performance that both arrays achieve in the rooms using

least squares filters calculated with free field transfer responses has been mea-

sured. The performance has also been measured in an anechoic chamber along

with the horizontal and vertical transfer responses, which have been sampled

at 48 points horizontally and vertically. Values at coordinates different from

(θ1 = 0◦, φ1 = 0◦), have been linearly interpolated, so that each value at φn 6= φ1

is equal to the values of the horizontal measurement slide, θ1, normalized by

φn/φ1. This leads to a spherical measurement geometry consisting of a total of

1106 measurement points, which is shown in Fig. 5.4. The interpolation is of

limited accuracy since the size of the sphere is large compared with λ for a cer-

tain range of frequencies. By multiplying the transfer responses with the same

set of filters as used for the performance measurements, the radiated power of

the source can be estimated.
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Figure 5.4: Measurement geometry used to estimate the power radiated by the two
arrays. The closed circles represent the original measured control points and the dots
represent the control points which have been obtained by interpolation of the original
measured points. The stars represent the 8 sources of the array.

The plots of Fig. 5.5 show the measured acoustic contrast results for the two

arrays in the free field and in reverberant conditions, together with the values of

the contrast calculated using Eqs. 5.6 and 5.7. The array effort needed by the

filters in free field conditions has been limited to be lower than 6 dB. For the

1× 8 array, a large reduction in performance is observed when it is placed in the
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Figure 5.5: Acoustic contrast and array effort results for the 1 × 8 array (upper
plot) and the 4 × 8 array (lower plot). The free field performance is shown by the
dash-dotted lines. The measured reverberant performance is shown by the solid lines
and the simulated reverberant performance by the dashed lines, being the audio room
results plotted in thin line and the classroom results plotted in thick line.

reverberant environments, which at 7 kHz is of about 12 dB when placed in the

audio room and of about 18 dB when placed in the classroom. The performance

of the 4× 8 array is less affected by the reverberant field, due to the greater ver-

tical directivity of the individual sources, even though its horizontal directivity

in the free field is slightly less than the 1× 8 array. The acoustic contrast for the

4 × 8 array in the audio room is about 18 dB at 6 kHz, which is around 5 dB

higher than the 1 × 8 array. In the classroom the 4 × 8 array obtains an acous-

tic contrast of about 12 dB at 6 kHz, also around 5 dB higher than the 1×8 array.

The predicted reverberant performance of both arrays in the audio room is close

to the measured reverberant performance. In this environment, the results show

a mean difference between 500 Hz and 8 kHz of 1.2 dB for the case of the 1 × 8
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array, and of 0.3 dB for the case of the 4 × 8 array. The predicted reverberant

performance in the classroom is, however, not very close to the measured results,

with a mean difference of 1.8 dB for the 1 × 8 array and 1.7 dB for the 4 × 8

array. Contrary to the audio room, which has more uniform absorption all along

its surfaces, the absorption of the surfaces of the classroom is much more uneven.

This contributes to a less diffuse reverberant field, in which measurements of per-

formance at a single point have a greater deviation from the space-averaged result.

The resultant directivities of the 4 × 8 array are shown in Fig. 5.6 at a number

of discrete frequencies, for free field and both measured reverberant and simu-

lated reverberant results in the listening room. The directivities measured in the

reverberant environments represent the total magnitude of the pressure which is

obtained by the addition of both reverberant and direct pressure fields. In the

free field case it is possible to observe how the secondary lobes are small and how

the main lobe is pointed towards the listening zone, from 0°to 15°. The measured

reverberant results follow the same pattern, but the level of the secondary lobes

is much larger, and the nulls in the directional response are not at the same an-

gles as in the free field. This is due to the influence of reflections from the room

walls. The predicted reverberant directivities, which represent the space-averaged

case, show a reasonable match with that of the measured reverberant directivi-

ties, being around halfway between the peaks and nulls of the measured responses.

As observed, the directional response of an array is largely affected by the sur-

faces which surround the device. If the array is placed below a TV, the position

of the TV with respect to a rear wall will affect the performance of the array. In

order to study how the rear wall and the separation of the array with respect to

it affect the directional response, an additional study is presented in Appendix

F.
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Figure 5.6: Directivities at discrete frequencies for the 4× 8 array. The dash-dotted
line represents the free field results, the solid line represents the reverberant results
measured in the listening room and the dashed line represents the simulated reverberant
results for the listening room.
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5.4 Effect of reverberation on system robust-

ness

5.4.1 Sensitivity of personal audio systems to mismatches

in acoustic environment

Above the Schroeder frequency, the reverberant field is considered diffuse and is

made of a large number of contributions from waves travelling in all directions

[77], becoming a random function of the excitation frequency and the spatial po-

sition at which this pressure is measured. Considering the direct and reverberant

components of the pressure field inside a reverberant volume, an element of the

transfer matrices ZB or ZD may thus be written as

Z = ZF + ZR, (5.8)

where ZF is the deterministic, free field component related to the direct field and

ZR is a reverberant component. The reverberant pressure component amplitude

and phase will vary between the response measured at each control point, and can

be considered as a random variable whose mean square value is determined by

the properties of the room. The reverberant components of the transfer response

can thus be viewed as uncertainties in their nominal values, which are given by

the direct field components. The matrix of transfer responses Z can be written

to account for these uncertainties as

Z = Z0 +∆Z (5.9)

where Z0 is a matrix of nominal, free field values and ∆Z is a matrix of the

uncertain, diffuse field, components. Supposing that the array is positioned in a

room and the measured transfer responses are used to obtain a set of filters, then

this is analogous to substituting Eq. 5.9 into Eq. 3.18, where the optimal set of

source strengths is now given by

q =
[
ZH

0 Z0 +∆ZHZ0 + ZH
0 ∆Z+∆ZH∆Z

]−1
(Z0 +∆Z)HpT . (5.10)

If the transfer responses are measured in the same control geometry but in a series

of different places inside a room, and the mean value of the estimation is taken,

the space-averaged results are obtained. If it is assumed that the uncertainties

are uncorrelated with the nominal values, so that

< Z0∆Z >= 0, (5.11)
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where 0 is the null matrix. The space-averaged properties of the uncertainties

are defined as

< ∆ZH∆Z >= ∆Z, (5.12)

so that

< ZHZ >= ZH
0 Z0 +∆Z, (5.13)

the optimal set of source strengths is given in this case by

q = [ZHZ+∆Z]
−1ZHpT . (5.14)

If the uncertainties in the elements of Z were independent, as they would be well

above Schroeder’s frequency in a diffuse field, then ∆Z is proportional to an iden-

tity matrix, which causes the optimal, space-averaged, solution to be regularised

even in the absence of any constraint on the effort [91]. This formulation provides

an interesting limiting result for a radiator inside a room, which suggests that on

average the reverberant field acts as a regularization term.

5.4.2 Simulation results

Instead of calculating the ensemble average of a series of measurements, a simula-

tion is presented using an 8 point monopole array in a single control geometry, as

that shown in Fig. 5.1. A single complex element of the transfer matrices which

is contaminated with noise, ZN , can be defined as

ZN = Z0(1 + SNRγ), (5.15)

where Z0 is the free field value, γ is a number from a Gaussian random noise

generator and SNR is selected to control the RMS level of the added noise. The

control matrices which are contaminated with noise are denoted ZBN
, ZDN

and

ZN . The noise can be added to the transfer responses a priori, before, or a poste-

riori, after, the calculation of the optimal set of source strengths, or at both times.

If the noise is added a priori of the calculation of the optimal set of source

strengths, simulating the influence of the diffuse field, however, it should be taken

into account that the correlation between different points in a three dimensional

field follows a sinc function of kdn [155], i.e,

R =
sin(kdn)

kdn
= sinc(kdn), (5.16)
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where dn is the distance between two points in such space. The reverberant sound

field created by a single source at two different microphones will be correlated

according to Eq. 5.16. By the same principle and using acoustic reciprocity, the

correlation between the sound fields generated by two adjacent loudspeakers fol-

lows an identical pattern. Since the spacing between the microphones is at least

7 times greater than the spacing between the sources, the correlation between the

elements of the uncertainty introduced in the impedance matrices, Eq. 5.12, is

dominated by the source spacing. The correlation between the diffuse soundfields

created by the sources of an array with d = 35 mm are shown in Fig. 5.7. It

can be observed that the correlation of the soundfields created by two adjacent

sources is still very high at 1 kHz, but it diminishes soon for sources which are

more than a unit apart.
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Figure 5.7: Correlation curves between the soundfields created by the 8 sources of a
line array in a diffuse field.

The different correlation between each source can be taken into account by defin-

ing the matrix of uncertainties, ∆Z, as

∆Z = ZNS (5.17)

where ZN is an N × M matrix of uncertainties and S is an M × M matrix

which causes the uncertainty added to one of the transfer impedances to be

a weighted sum according to Eq. 5.16 of the uncertainties added to adjacent

elements. According to models of partially correlated noise [156], S is hence
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defined as

S = wS




sinc(kd0) sinc(kd1) · · · sinc(kdM−1)

sinc(kd1) sinc(kd0)
...

. . .

sinc(kdM−1) sinc(kd0)



, (5.18)

where d0=0 is the distance between a loudspeaker and itself, d1 is the distance

between a loudspeaker and its adjacent, and dM−1 is the distance between a

loudspeaker and that which is M − 1 sources apart.The factor wS is used to

normalise the partially correlated obtained uncertainties, so that they have the

same power as the original noise, and is given by

wS =

√√√√
M∑

n=1

sinc2(kdN). (5.19)

The optimal set of transfer functions can then be obtained using Eq. 5.10.

If the noise is introduced a posteriori of the calculation of the optimal set of source

strengths, simulating mismatches in the transfer responses which are considered

to be uncorrelated along the whole frequency band, the acoustic contrast is then

given by

C =
ND

NB

qHZH
BN

ZBN
q

qHZH
DN

ZDN
q
. (5.20)

Fig. 5.8 shows the effect of noise in the transfer responses of an 8 point monopole

sources array with a control zone as shown in Fig. 5.1. The following set of

configurations are assessed:

� A free field case is shown as a reference, where anechoic transfer responses

are used to calculate the vector of optimal filters and the acoustic contrast

is calculated according to Eq. 3.9.

� “A priori” shows the performance when a single set of random variations are

introduced in the transfer responses before the calculation of the optimal

vector of source strengths, as in Eq. 5.10, analogously to placing the array

in a room, which reduces the acoustic contrast with respect to the free field

case. In this case the SNR variable in Eq. 5.15 is selected to include RMS

random variations up to 5 times the nominal value of the transfer responses,

which is representative of changes in response due to the reverberation. The

array effort in this configuration is very similar to that obtained for the “A

priori, Avg.” case, but with a larger variance.
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Figure 5.8: Acoustic contrast and array effort for an 8 point monopoles array where
noise is added to the transfer responses before the calculation of the optimal set of source
strengths, a priori, to simulate the effect of reverberation, or after the calculation of
the optimal set of source strengths, a posteriori, to simulate mismatches in the transfer
responses.

� “A priori, Avg.”, shows the space-averaged result, as defined in Eq. 5.14,

where the acoustic contrast is obtained by adding noise before the calcula-

tion of the transfer responses, as for the “A priori” case, but with the result

averaged over 200 times. The space-averaged solution is quite similar to

that obtained in the “A priori” case using a single set of random numbers,

but with less variance. Above 800 Hz, the array effort is much reduced due

to regularization implied by Eq. 5.14.

� “A posteriori” shows the effect of introducing noise in the transfer responses

after the calculation of the optimal, free field, set of source strengths. The

acoustic contrast is estimated according to Eq. 5.20, where SNR has been

selected to include RMS random variations up to 0.25 times the nominal

value of the transfer responses, which correspond to a sensitivity error of
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about 1 dB. In this situation both the acoustic contrast and array effort are

reduced. The reduction in acoustic contrast is larger at frequencies where

the array effort is greater than 0 dB.

� “A priori & A posteriori ” shows the space-averaged result of including a

different random noise before and after calculating the optimal vector of

source strengths. At some frequencies the performance is lower than for

the “ A posteriori” case, due to the random noise introduced before the

calculation of the optimal set of source strengths, which has provided a

strong regularization. At other frequencies, however, the performance is

larger with respect to the “a posteriori case”. The a posteriori introduced

uncertainties cause the array effort to be slightly greater than that of the

“A priori” case above 800 Hz.

At this point, two observations can be made from these results; first, that the

space-averaged result is very close to that when only one average is used. Second,

random errors introduced in the transfer responses before the calculation of the

optimal source strengths vector make the solution robust to perturbations present

after the calculation of the optimal vector of source strengths.

5.4.3 Measurements of robustness in a reverberant field

In order to assess the effect of reverberation on the robustness of personal audio

devices, the performance of the two 1 × 8 array and the 4 × 8 array has been

measured in the listening room defined in Section 5.3.2, using different set of

filters. The different sets of filters are:

� “NO error”: This case refers to filters created with transfer responses mea-

sured in free field.

� “1 dB error”: In this situation the sensitivity of the 4th source is assumed

to be 1 dB higher when calculating the vector of optimal filters from the

free field responses.

� “3 dB error”: In this situation the sensitivity of the 4th source is assumed

to be 3 dB higher when calculating the vector of optimal filters from the

free field responses.

� “GF”: The filters have been designed using point monopole Green func-

tions to model the transfer responses, as previously performed by [83]. The

array effort is limited to be lower than 0 dB, as the point monopole Green

functions are quite different from the measured transfer responses, and a
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Figure 5.9: Measured results for the free field (left hand side plots) and reverberant
(right hand side plots) acoustic contrast and array results for the 1×8 array for different
assumed mismatches in the 4th source of the array. “GF” stands for the result where
point monopole Green functions have been used as transfer responses to create the
array filters. “In Situ” stands for results where the array filters have been calculated
with transfer responses measured in the reverberant environment.

large amount of regularization is used to overcome the differences in the

response.

� “In Situ”: For this case, the transfer responses have been measured in the

room, so that the reverberant component is present in Eq. 5.10. Mea-

surements of this kind have also been performed in [86], where the authors

suggested that the room reflections could effectively increase the number of

degrees of freedom of the array.

The performance measured with these sets of filters is shown for the 1×8 array in

Fig. 5.9, and for the 4× 8 array in Fig. 5.10. The contrast for the free field is re-

duced significantly if a mismatch of 1 dB or 3 dB is assumed when calculating the

optimal vector of source strengths, or when this is obtained using point monopole

Green functions. It can also be observed how the array effort is reduced when

mismatches are present in the transfer responses, with the reduction in acoustic

contrast and array effort being proportional to the magnitude of the mismatches.
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Figure 5.10: Measured results for the free field (left hand side plots) and reverberant
(right hand side plots) acoustic contrast and array effort results for the 4 × 8 array
when different mismatches exist in the 4th source of the array. “GF” stands for the
result where point monopole Green functions have been used as transfer responses to
create the array filters. “In Situ” stands for results where the array filters have been
calculated with transfer responses measured in the reverberant environment.

These differences are much smaller when the performance of the different filters

is measured under reverberant conditions. For the case of the control geometry

used here, the circular arrangement constrains the radiation towards the dark

zone, which makes the solution of the “In Situ” filters very similar to that of the

filters created based on free field transfer responses, however, slightly greater at

some frequencies. Although the array effort is allowed to be up to a maximum

of 6 dB, this is however reduced, as the room itself introduces constraints in the

effort, which is also observed in the monopole simulations.

Similar effects of noise and reverberation on the performance are also observed in

the results for the 4× 8 array, shown in Fig. 5.10, where the results obtained in

a reverberant field again present a close performance. Alike results are obtained

when the performance of both arrays with the different set of filters is estimated

inside the classroom. In this case the acoustic contrast performance of the array,

as expected, is further reduced from that obtained in the classroom; the 1 × 8
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array obtains a peak of contrast of about 8 dB around 6-8 kHz, whilst that the

4 × 8 array peaks at 6 kHz with a contrast of about 12 dB. This is much re-

duced than in the classroom, whilst both arrays obtain peaks of 14 dB and 20

dB respectively. The performance given by all the sets of filters is very similar,

as expected from the regularisation introduced by the environment, that in this

case is stronger due to the higher amount of reverberation. This can be observed

also in the array effort for the “in situ” filters presented by both arrays, which is

of about 1 dB on average for both arrays, about 2-4 dB lower than that for the

filters created with measured impedances in the listening room.
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Figure 5.11: Reverberant acoustic contrast and array effort results for the 1× 8 (left
hand side plots) array and for the 4 × 8 (right hand side plots), as those presented in
Figures 5.9 and 5.10 but measured in the classroom.

The effect that the a priori introduced mismatches due to the reverberation have

on the robustness array can also be visualised by looking at the condition number

with respect to the inversion of the matrix of transfer impedances. The condition

number with respect to the inversion of the matrix ZH
T ZT is shown for the 1× 8

array in Fig. 5.12, being calculated with free-field transfer impedances, transfer

impedances measured in the audio room, and transfer impedances measured in

the classroom. Due to the absence of regularisation introduced by the environ-

ment, the free field results have the higher condition number. When the array
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Figure 5.12: Condition number with respect to the inversion of the matrix ZH
T ZT for

the 1×8 array measured inside the three scenarios of study; the anechoic chamber, the
audio room and the classroom.

is introduced in the audio room, the condition number decreases, as the transfer

impedances matrix is regularised. The condition number is further decreased in

the classroom environment. This fact is primarily observed at low frequency,

where the condition number in the classroom is reduced for about 100 Hz more

than in the audio room.

The fact that the reverberant field is more correlated at low frequency, as shown

in Fig. 5.7, may lead to think that the condition number with respect to the

inversion of the matrix ZH
T ZT should increase at low frequency. It can be seen

from Fig. 5.12 that, however, the condition number of the inversion decreases

when the array is placed in a reverberant environment with respect to the con-

dition number obtained when the array is in free field. An explanation to this

fact can be found in Fig. 5.13, where there are shown the coherence functions for

the transfer functions of the array at different angles. As observed, large drops

in the measured coherences can be observed below 1 kHz which change between

each source, which is believed to cause the condition number of the inversion to

decrease for reverberant environments.
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Figure 5.13: Coherences of the reverberant transfer functions of the 1×8 array 4-th (
upper plot) and 5-th (lower plot) sources, measured in the classroom at different angles.

5.5 Conclusions

This chapter has investigated how the performance of a loudspeaker array for a

personal audio device is affected when it is located in a reverberant environment.

The two main effects of the reverberation are: First, the reverberation generates

an extra pressure component, which on average, is of uniform level in the rever-

berant space and reduces the free field performance of the source, and second,

the reverberation acts as regularization for the solution of the optimal vector of

source strengths.

The extra pressure component due to reflections from the room surfaces is added

to the radiation of the array in each direction, which diminishes the directional

characteristics of the radiator. If a large level difference between two spatial zones

is desired inside a room, the line array has to be very directional in a 3D sense.

As an example, the reduction in the acoustic contrast produced by a superdirec-

tive array using 8 phase shift hypercardioid sources is considered inside an audio

listening room. The acoustic contrast inside a reverberant space is reduced much

less if each individual source is made more directive in the vertical plane, as in
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the 4× 8 array investigated here.

A formulation has also been introduced that allows the performance of an acous-

tic radiator to be estimated in a reverberant environment. The results of this

formulation have been compared with measurements of the two arrays inside a

reverberant environment, showing a good agreement. This theory can thus be

used at the design stage of a line array to predict its characteristics so that the

desired sound control is obtained in a room.

The effect that the reverberation imposes on the robustness of a line array has

also been considered. It has been shown that small mismatches in the transfer

responses lead to a large reduction in the free field directivity, but do not lead

to such a large reduction in performance when the directivity is measured in a

reverberant environment. Even a single measurement of the response in such a

reverberant environment, when used to calculate the filters of the array, can lead

to significant regularization of the system and enhanced robustness to uncertain-

ties in the response between the loudspeakers and the microphones.
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Chapter 6

Assessment of the speech

intelligibility improvement

introduced by the array

In order for the array to be used as an aid for the hard of hearing, the device

has to provide a good balance between amplification to the hearing impaired TV

viewers and annoyance to normal hearing TV viewers. The previous chapters

have shown that by using the 4 × 8 superdirective array, it is possible to obtain

a large directional response in a realistic environment, which in terms of acoustic

contrast, satisfies these requirements.

Apart from an assessment of the acoustic performance, it is desirable to also

quantify the effectiveness of the array in improving speech intelligibility. This is

considered in this chapter through answering the following two research questions:

1. Can the speech intelligibility of TV programmes be improved through the

use of the loudspeaker array for listeners with age-related hearing loss?

2. To what extent is the sound quality of the TV programmes affected for

normal hearing people sitting in the dark zone when the array is being

used?

To address these questions, two different approaches have been taken. A fist

approach has been to use an objective speech intelligibility measurement, using

the speech transmission index (STI). These simulations have served as an initial

benchmark for the performance of the array.

In order to appraise the second research question, and confirm the results ob-

tained with the STI simulations, two subjective listening tests have also been
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performed. Most of the information related with the subjective assessment of

the array performance has been obtained from the MSc project of Arthur Marker

[106]. The author has also been involved in the design and experiments of these

tests [146] .

This chapter first establishes the procedures that have been followed to equalise

the output of the array, compared with the output of a simulated TV sound

system. This information is contained in Section 6.1. After that, Section 6.2

introduces the formulation of the STI and considers the improvement of intelligi-

bility by the use of this metric. The subjective assessment of speech intelligibility

improvement in the hearing impaired, and the audio quality in the dark zone via

listening tests are described in Section 6.3.

6.1 Design of filters for the array

To provide a personalised amplification for the hearing impaired, the array re-

quires a very narrow beam, which only affects the audio reproduction near the

hearing impaired listener. The creation of such a beam, in terms of directional

performance, has been presented along Chapter 3 and Appendix 4 of this docu-

ment. For practical use, it is also important to equalise the output of the array,

so that the sound produced by the array in the dark zone does not affect the

quality of the normal TV audio.

In order not to affect the audio reproduction at the normal-hearing listeners in the

dark zone, the output of the array in this zone has to produce a sound pressure

level (SPL) lower or equal than that produced by the TV speaker. In an initial

equalisation approach, the output of the array has been equalised so that this is

producing the same RMS pressure as that produced by the TV speaker in the

dark zone. Although this needs knowledge of the transfer functions to calculate

the equalisation, the results are not much different from adjusting the levels of

both the array and the TV in the dark zone by listening to them.

6.1.1 Control zones disposition and array performance

A typical listening situation can be represented by 4 TV spectators, with one of

them assumed to be hearing impaired and in a need of an extra amplification.

This listener position forms the bright zone, whilst the positions of the group of

the other 3 listeners constitute the dark zone. The control geometry representing

such a situation is illustrated by Fig. 6.1, which is formed by four dummy heads,
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Figure 6.1: Control zone used to simulate an everyday scenario. The blue ears viewers
have normal hearing, setting the dark zone, whilst the red ears viewer represents a
spectator with hearing loss, which forms the bright zone.

spaced 0.65 m apart.

To maximise the reproduction inside a reverberant space in a control zone as

shown in Fig. 6.1, the main beam of the array needs to be steered towards the

hearing impaired dummy head. Two control geometries have been considered for

creating the array filters according to this specification, one only formed by micro-

phones, and a second one using the dummy heads as control points. Both control

geometries are shown in Fig. 6.2. Although the contrast can be maximised for

a 4 control microphones situation as for the case of Fig. 6.1, more dark control

points are needed in order to minimise the excitation of the reverberant field.

This is obtained by placing a microphone array of dark control points around

the source array, hence reducing the radiation to other directions. The filters

designed using the circular microphone array, as in Fig. 6.2a, are denoted the

circular array filters. The filters designed according to the circular microphone

array plus the dummy heads representing the 4 listeners, as in Fig. 6.2b, are

denominated dummy head filters. Both sets of filters have been obtained with

free-field transfer impedances using the LSIF formulation.

For simplicity, it can be assumed that the acoustic pressure level in the dark zone

is constant for all control points. Therefore, the dark zone can be reduced from 6

points to 2 points, as shown in Fig. 6.3. In this case, the healthy hearing listener

is sat at the left hand side of the array, constituting the dark zone. The hearing

impaired listener is sat at the right hand side of the array, in order to receive the

main beam as created with the control zone of Fig. 6.2a.

In order to assess the acoustic contrast performance that the different set of fil-

ters produce, the reverberant acoustic contrast performance has been calculated

off-line by multiplying the transfer impedances for the control zone of Fig. 6.3
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(a) Circular array filters (b) Dummy head filters

Figure 6.2: Control zones used to create the filters of the array. The red close
circles represent the bright zone control microphones, whilst that the grey closed circles
represent dark zone microphones, with the stars representing the array sources.

Figure 6.3: Simplification of the dummy head control scenario of Fig.6.1, in where
only two listeners are considered. The dummy head with the red colour ears represents
the hearing impaired listener, forming the bright zone. The dummy head with the blue
colour ears is forming the dark zone, representing a healthy hearing listener.
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Table 6.1: RMS contrast, CRMS , obtained using different filter configurations and
different dark zones using babble noise as the test signal.

Dark zone CRMS

Dummy head filters 2.01
Circular array filters 1.48

with both set of filters, the “circular array” filters and the “dummy head” filters.

These results are shown in Fig. 6.4, where it can be seen that the performance of

the “dummy head” filters is greater than that presented by the “circular array”

filters along the whole of the frequency band.

The performance of both set of filters is further checked by using the RMS contrast

ratio, CRMS. This is defined as the ratio between the RMS levels in bright and

dark zones with the array ON and OFF, so that

CRMS =

RMSBON

RMSBOFF

RMSDON

RMSDOFF

=
RMSBON

RMSDOFF

RMSBOFF
RMSDON

. (6.1)

The CRMS results that both set of filters provide in the control zone of Fig. 6.3

are shown in Table 6.1. These results have been calculated using babble noise as

the test signal, and show that the best CRMS can be obtained using filters created

with dummy heads. This result is supported by the higher acoustic contrast that

this configuration obtains, as seen in Fig. 6.4.

Finally, however, the filters created using the dummy control zone are not used,

since they introduce a large amount of colouration in the dark zone, which is not

desired. This is caused by the fact that the least squares filters try to equalise for

the frequency response of the HRTFs. Instead, filters created using the circular

control zone are used. Although this set of filters provides a lower CRMS, they

interfere very little with the TV audio in the dark zone, which is more desirable,

as the quality of the dark zone audio is preserved.

6.1.2 Adjusting the gain of the array

As a first design stage, a small loudspeaker has been used to represent the sound

system of the TV. In order to monitor the levels produced by the TV and hence

equalise the array based on those, the transfer functions from the TV loudspeaker

to the control points of Fig. 6.3 have been measured inside the listening room.

Although this operation in a real system would be needed to estimate the transfer

functions of both array and TV sound system in the listening environment, it has
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been performed here as an initial equalisation procedure. Both the loudspeaker

representing the TV and the 4×8 array in its earliest version are depicted in Fig.

6.5.

Figure 6.5: Array and loudspeaker simulating the TV.

As the bright zone represents the environment where the complementary ampli-

fication is performed, it is important that the radiated signals due to the array

and the TV loudspeaker arrive in phase. The array and TV bright zone trans-

fer responses are shown in Fig. 6.6, and these two present different amplitude

and phase, and hence, need to be equalised so that a constructive interference is

formed. This is obtained at each frequency by calculating

ZArray,EQ =
ZTV

ZArray

ZArray, (6.2)

where EQ stands for equalised. The transfer functions of the array, before and

after equalisation, are shown in Fig. 6.6. It can be observed how the action of

Eq. 6.2 has changed the phase of the signal produced by the array which is now

closer to that produced by the speaker. The amplitude response of the array has

also been increased.

It is assumed that the maximum amplification applied to the bright zone without

annoying the users of the dark zone is obtained when the frequency responses
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Figure 6.6: Average transfer functions of the array and of the TV loudspeaker to the
bright zone before (left hand side plot) and after (right hand side plot) Eq. 6.2 has
been applied.

produced by the array and the TV in the dark zone are equal in amplitude,

which is given by

ZArray,EQ2 =

(√
|ZTV |2

|ZArray,EQ|2

)
ZArray,EQ. (6.3)

After Equations 6.2 and 6.3 are applied to the original array filters, the responses

shown in Fig.6.6 are obtained. The equalisation has been performed so that Eqs.

6.2 and 6.3 are only applied above 850 Hz, which has shown to maximise the

RMS contrast between both control zones, CRMS, see Eq. 6.1.

As this equalisation is performed in the frequency domain, the inverse Fourier

transform has to be applied to obtain the time series of the arrays filter. This

creates excess of pre- and post- ringing in the array filters, as observed in Fig.

6.7, which decreases the quality of the audio. A truncation, as performed in

Section C, has therefore been applied to give a better audio quality. Applying

a hamming window of 1500 samples, filters have been created which provide a

good compromise between audio quality and CRMS ratio. The truncated impulse

response is also shown in Fig. 6.7.

Results using this equalisation method are shown in Fig. 6.8. The pressures cre-

ated by the array and the TV loudspeaker in the dark zone are identical, however,

the total pressure in the dark zone is increased when both TV and array radiate

at the same time. This can be further reduced by turning down the gain of the

array by 3dB, as shown in the right hand side plot of Fig. 6.8. The pressure

gain in the bright zone with the array ON with respect to when this is OFF is
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Figure 6.7: Equalized impulse response of one of the array filters before and after the
truncation.

identical to the acoustic contrast obtained in the control geometry of Fig. 6.3.

Although the total acoustic pressure is still increased with the array ON, the gain

of the array could be further turned down to avoid any disturbance.
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Figure 6.8: The left hand side plot shows the frequency responses of dark and bright
zones with the array ON and OFF, averaged in third octave bands. The right hand side
plot shows the variation in the dark and bright responses when the gain of the array
is selected to be -3 dB (dashed lines) and +3 dB (dashed-dotted lines) with respect to
the response of the TV speaker.

Based on the responses shown in the right hand side plot of Fig. 6.8, three sets

of filters have been created to test the improvement in speech intelligibility that

the array introduces with respect to the audio of the TV sound system. These

sets of filters are:

� A set of filters in which the array produces the same SPL as the TV speaker

in the dark zone, “0 dB” filters.

� A set of filters in which the gain of the array is turned 3 dB down with

respect to 0 dB case. This set of filters is known as “-3 dB” filters.
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� Another set of filters in which the gain of the array is increased by 3 dB

with respect to the 0 dB case. This set of filters is termed as “+ 3 dB”

filters.

Hence, the decibel relation for each set of filters is calculated as 10 log10

(
pD,Array

pD,TV

)
.

6.2 Objective assessment of speech intelligibil-

ity enhancement

It is important to determine the quality of the speech transmitted via a certain

channel. In an auditorium for example, the transmission of speech information to

all listeners should be maximised, whilst in an open-plan office, the speech that

is transmitted between two colliding desks should be minimised. For the loud-

speaker array presented in this thesis, it is important to determine the change in

the speech intelligibility of the hearing impaired listeners.

The first objective approaches for the assessment of speech intelligibility were

based on an average of the number of words or nonsense syllabus that a number

of different listeners were able to understand from a random speaker, however,

these tests were time consuming and needed a large number of speakers and lis-

teners to obtain a good characterization of the channel. This led to the creation of

objective measurements based on the physical characteristics of a channel. French

and Steinberg published a method in 1947 [157] which established a metric known

as articulation index (AI), which was reconsidered by Kryter [158] and led to the

standard ANSI S3.5-1969. This standard was modificated in 1997, to produce the

speech intelligibility index (SII) [29], which is nowadays, together with the STI,

one of the most used methods to predict and assess speech intelligibility through

a transmission channel.

6.2.1 The speech transmission index (STI)

The STI as originally presented by Houtgast and Steeneken [159], used a differ-

ent formulation from the one it has nowadays, and a speech-shaped noise as the

test signal. In the original formulation, the quality of a transmission channel de-

pended on the reduction in level between input and output at different frequency

bands.
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The shortcoming of this method was that it could not cope with effects as re-

verberation, noise or echoes, which made it not suitable to assess the quality of

channels inside of enclosures. In order to account for effects of reverberation, the

concept of modulation transfer function (MTF) was introduced in 1973, also by

Houtgast and Steeneken [160]. The MTF measures the difference of modulation

of a signal that occurs through a certain channel. The reduction of modula-

tion can be seen as a a reduction in the speech-envelope spectrum, acting as an

attenuation filter applied upon the original speech envelope spectrum. The char-

acteristics of this attenuation filter are defined by the distortions (signal-to-noise

ratio (SNR), degree of reverberation) of a given channel, and hence apply to any

signal [161].

In Fig. 6.9 it is presented the optic analogue of the MTF, where the lines can be

distinguished until their size is very small. The size of the last line that can be

distinguished is hence affected by the MTF of this optical transmission channel

(paper-air-eye).

Figure 6.9: Optical equivalent of the modulation transfer function. Reproduced from
[161].

The effectiveness of the STI in predicting the performance of transmission chan-

nels in reverberant environments, which is of special importance for the evaluation

of the array, has been shown previously [162, 163]. The current formulation of

the STI is presented in the standard IEC 60268-16 [42].

152



The modulation reduction

The first step is to determine the effective signal to noise ratio within 7 octave

bands, from 125 Hz to 8 kHz. For this purpose the input speech signal is replaced

by a test signal with the same spectrum as the LTASS. A graphical example is

presented on Fig. 6.10, in where interfering noise is added to the original signal.

Figure 6.10: Relation between the modulation index of a transmission channel mk

and the signal-to-noise ratio. Reproduced from [161].

If the input signal is sinusoidal, as in the case of Fig. 6.10, the SNR of a transmis-

sion channel can be derived from the observed decrease in the modulation index.

If a signal with modulation index equal to 1 is described as

Ik(t) = Ik(1 + cos 2πfmt), (6.4)

where Ik is the octave mean intensity and F is the modulation frequency, the

signal at the end of the channel will be

Ik(t) = Ik(1 +mk cos 2πfmt), (6.5)

in which the modulation index mk depends on the intensity ratio between the

test signal and this plus an interfering noise

mk =
ITEST

ITEST + INOISE

. (6.6)

153



The signal to noise ratio can be then derived by performing

SNR = 10 log

(
ITEST

INOISE

)
= 10 log

(
mk

1−mk

)
. (6.7)

The values ofmk at each band can be obtained by correlating the original envelope

function with the received envelope function.

The calculation of the STI

The STI is based in the contribution of a number of frequency bands within the

frequency range of speech. This contribution is determined by the effective SNR.

This SNR is called effective because it may be determined by several factors;

background noise which contributes directly to lower SNR, but also effects as

non-linearities and distortions in the time domain are considered as noise.

The envelope function of a fluctuating speech is formed by a succession of speech

events from short speech items, as explosive sounds, up to words and sentences.

Due to the time domain distortion (reverberation, echoes, automatic gain con-

trol) these fluctuations may be affected, leading to a reduction in intelligibility

[161]. This is modelled in the STI by determining the MTF for the range of

relevant frequencies present in the envelope of natural speech signals. In the STI

formulation these frequencies are selected from 0.63 Hz up to 12.5 Hz [162], sep-

arated in 1/3-octave steps, which yields to a whole of 14 bands. This bears to

a whole of 98 measurements needed to calculate the full STI. Fig. 6.11 shows

the measurement set-up for one octave band, where a signal with the frequency

spectrum of the long-term speech spectrum is amplitude modulated as in Eq. 6.4.

At the receiving end the signal is octave band filtered and envelope detection is

applied. From the resulting envelope function a Fourier analysis determines the

modulation index reduction, due to the reduction by the transmission channel

[161].

By using this measurement procedure, distortions as band-pass limiting, noise

masking and distortion in the time domain can be deal with. Non-linear dis-

tortions have to be taken into account differently, as otherwise intermodulation

components in other octave bands can be introduced, leading to a wrong STI

estimation. For the case of non-linear distortions a special test signal is needed,

wherein the frequency band being tested is replaced by a sine wave, which will

be uncorrelated with respect to the speech at other frequency bands [162].
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Figure 6.11: Block diagram of the measurement set up for one modulation frequency
in one octave band, and the complete set of measurements needed to calculate the full
STI. Reproduced from [161].

A method based on the squared impulse response of the transmission channel can

also be used for obtaining the matrix of MTF [115]. This approach is known as

the indirect method. Each MTF is obtained by

mk(fm) =

∣∣∣∣

∫∞

0
hk(t)e

−j2πfmtdt|∫∞

0
hk(t)dt

∣∣∣∣
[
1 + 10−SNRk/10

]−1
, (6.8)

where hk represents the squared impulse response for the octave band k, and

SNRk the SNR on the same octave band. This method is also limited to linear,

time invariant systems.

Once the whole matrix of MTFs is obtained, it is needed to take into account

the masking between adjacent octave bands and if supratreshold levels exist. In
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Figure 6.12: Auditory masking of octave band k − 1 upon the next higher octave
band k. Reproduced from [42].

the STI, these effects are modelled as an imaginary masking noise that leads to a

decrease of the effective SNR. Fig 6.12 shows an example of how a lower frequency

band masks a higher frequency band.

The MTFs are modified according to the auditory masking induced by the lower

octave frequency band, as shown in Table 6.2.

Table 6.2: Auditory maskings as a function of octave band levels as given by the
standard IEC-60268-16 [42].

SPL L of octave
band k − 1, (dB)

Lk−1 <63 63≥ Lk−1 ≤67 67≥ Lk−1 ≤100 Lk−1 >100

Auditory masking
amdB, (dB)

0.5L-65 1.8L-146.9 0.5L-59.8 -10

The masking intensity, Iam,k is given by

Iam,k = Ik−1amf, (6.9)

where

Ik−1 = 10(Lk−1/10), (6.10)

being Lk−1 the overall sound pressure level of speech and noise for the octave

band k − 1. amf is obtained from the values of Table. 6.2 by doing

amf = 10amdB/10. (6.11)

Once that Iam,k is obtained, this is used together with the absolute hearing thresh-

old, Irs,k. The absolute speech threshold intensity is modelled in the STI as an
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intrinsic noise floor which reduces the effective signal to noise ratio when speech

levels are low. Hearing loss (HL) can be added to the level of the absolute speech

threshold to simulate a hearing impaired listener [161]. Both of these quantities

are summed together to lead to a reduction of the modulation transfer indices so

that

mk,f = mk,f
Ik

Ik + Iam,k + Irs,k
. (6.12)

A matrix of SNRs is created corresponding to each octave band and each modu-

lation frequency using Eq. 6.7. The STI works by assuming that a SNR between

-15 dB and 15 dB corresponds to an intelligibility of 0 and 1 respectively. There-

fore the SNRs of each octave band k and modulation frequency f are normalized

and converted to transmission indices

TIk,f =
SNRk,f + 15

30
, 0 < TIk,f < 1. (6.13)

This transmission indices are averaged for each modulation frequency to lead to

the modulation transfer index, MTIk

MTIk =
1

14

14∑

f=1

TIk,f . (6.14)

Finally, the STI is obtained by a weighted summation of the modulation transfer

indices of each octave band and a corresponding redundancy function.

STI =
7∑

k=1

αkMTIk −
6∑

k=1

βk

√
MTIkMTIk−1, (6.15)

where
7∑

k=1

αk −
6∑

k=1

βk = 1, (6.16)

where αk is the octave band frequency weightings factors and βk the redundancy

factors. Both of these factors are different for males and for females. They can

be observed together with the absolute hearing threshold in Table 6.3.

STI relation with PB-word tests

The great accuracy and reliability of the STI and the fact that it is one of the

most widely used intelligibility ratings, resides in its robust relation with a variety

of subjective measures, as phonetically balanced (PB) word scores and consonant

vowel consonant (CVC) word methods. An example of the relation can be ob-

served in Fig. 6.13.
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Table 6.3: Octave band specific weighting and redundancy factors and the absolute
reception threshold level.

Octave
band, (Hz)

125 250 500 1k 2k 4k 8k

Males α 0.085 0.127 0.23 0.233 0.309 0.224 0.173
β 0.085 0.078 0.065 0.011 0.047 0.095 -

Females α - 0.117 0.223 0.216 0.328 0.25 0.194
β - 0.099 0.066 0.062 0.025 0.076 -

Absolute
reception
threshold,
(dB)

Irt,k 46 27 12 6.5 7.5 8 12

Figure 6.13: Qualification of the STI and relation with various subjective intelligibility
measures for male speech [161].

A rating can be associated with the intelligibility according to the standard IEC-

60268-16 [42]. This is shown in Table. 6.4, where ratings for normal hearing

listeners and hearing impaired listeners are given. According to the standard

IEC-60268-16 [42], hearing impaired listeners required 4.5 dB higher SNR for 20

dB HL to reach an intelligibility of the 50%.

1dB HL refers to the the HL in dB, defined as the Pure tone average (PTA) relative to
18-year old normal listeners. The PTA approximates the speech reception threshold, and is
made of the average of the thresholds of pure tones at 500 Hz, 1 kHz and 2 kHz.
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Table 6.4: Adjusted intelligibility qualification tables for normal listeners and people
over 60 years old with hearing loss, reproduced from [42].

STI label Normal
listeners

Older
listeners,
PTA=15
dB

Older
listeners,
PTA=20
dB

Older
listeners,
PTA=30
dB

bad-poor 0.30 0.42 0.47 0.51
poor-fair 0.45 0.57 0.62 0.66
fair-good 0.60 0.72 N.A. N.A
good-excellent 0.75 N.A. N.A. N.A

6.2.2 Simulated performance of personal audio systems

A first insight into the STI can be performed using the transfer functions of a free-

field monopole line array. It is possible, hence, to calculate the transfer response

of the whole array working at a time and determine the quality of the signal it

produces. Similar simulations as the one introduced here have been presented

previously to assess how large a spherical microphone array should be to obtain

certain intelligibility characteristics in a certain kind of room [164].

The simulations introduced here test the intelligibility in terms of STI against

observation distance and background noise. The STI figure that both the acous-

tic contrast maximisation (ACM) and lest squares inverse filters (LSIF) obtain is

compared between each other.

The MTFs are obtained by using Eq. 6.8 together with hk, being hk obtained

by inverse Fourier transformation of the impulse response of the whole array to

a microphone of the bright zone

hk(n) = ∆

1/2∆∑

−1/2∆

(ZBi
q)ej2πfn∆df, (6.17)

where ZBi
represents the vector of transfer impedances to the centre of the bright

zone in the free-field, and q represents the vector of optimal volume velocities.

One of the elements which affects the intelligibility prediction is the external noise

present on the environment where the STI is being measured. If the sources that

contribute to the noise is assumed to be further from the STI estimation point

than the reverberant radius, it is possible assume that the noise sources are in the

reverberant field. The excitation of the reverberant field due to the noise sources

159



is given by

< |p2NREV
|>=

4ρ0c0WN

Sα
, (6.18)

where WN is the total acoustic power of the noise sources. The reverberant

pressure due to noise is used to modify the actual MTFs using the definition of

SNRk as in Eq. 6.8. SNRk is calculated at each octave band by

SNRk = 10 log10

(
p

pNREV

)
, (6.19)

where p = ZBi
q is the direct pressure due to the array.

STI variation with observation radius and SNR

Considering a room with a given reverberation time, it is possible to predict the

STI which an array obtains at a certain distance from the source. If an external

noise source is present in the room, such source is going to produce an excitation

of the reverberant field which will be constant all around the extension of the

room. When two arrays with different number of sources radiate with the same

acoustic power, the direct pressure of the more directional array will arrive until

a longer distance, contributing to a larger STI when the array is further from the

STI estimation point.
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Figure 6.14: STI vs observation radius for different SNRs and for an omnidirectional
source. Simulation calculated for an array of 8 sources and for a point source (omni).
The STI is predicted at the centre of a bright zone as that of Fig. 6.2a, with a constant
70 dB SPL all along the frequency bandwidth.

Fig. 6.14 shows the STI given by an 8 point hypercardioid array plotted against

the observation radius, together with results using an omnidirectional source. A

160



background noise source is introduced, with the SNR calculated as a function of

the total power radiated by the array and by the external noise source. If com-

paring the STI at 30 dB SNR, the array is able of obtaining a performance about

0.4 larger than the omnidirectional source at various distances, which according

to Table 6.3 can change the speech intelligibility from “bad” to “excellent”. If the

SNR is reduced, the STI is also decreased and the same figure of intelligibility is

obtained at positions much closer for the array. The extreme situation happens

when the SNR is -10 dB. In this case the array gives a very low STI, even at

distances very close to the estimation point.

STI vs. control algorithm

It has been previously observed that the filters created with the ACM perform

worse than the LSIF in terms of uniform pressure coverage of the listening zone.

This becomes a problem in some situations, wherein the audio quality of the re-

produced speech, and hence the perceived speech intelligibility could be reduced.

The effect of the algorithm on the STI has been studied, and it has been seen

that both beamforming methods perform in a very similar way, as shown in Fig.

6.4, where the STI obtained for the ACM and LSIF methods for different SNR

is presented. In this case the array transfer functions obtained with both meth-

ods are equalised so that they produce a constant level with frequency in the

dark zone, which gives a very similar STI figure for both approaches. Above 10

dB of SNR the LSIF performance is slightly better than that of the ACM method.
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Figure 6.15: STI as a function of SNR when using the LSIF or the ACM method for
creating the array filters.
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6.2.3 Optimum array structure and dimensions for max-

imum STI

An iterative script has been implemented which checks the STI for a given sepa-

ration of the sources of the array. The simulations are performed with a low pass

filtered input, so that the higher input frequency to the array is that of the array

aliasing limit.

Two array configurations are considered here; a classical uniform spaced line ar-

ray and an array with 5 high frequency central sources and 7 medium frequency

sources, 7× 5, so that the spacing of the medium frequency sources is the double

of that of the high frequency sources.

The estimated STI, which is shown in Fig. 6.16 has been calculated under an

SNR of 20 dB, for a 70 dB SPL and for a 70 year-old woman, based on the hearing

loss given by the standard ISO 7029 [12]. The elevated hearing threshold for a 70

year-old listener is created by summing the hearing loss to the absolute threshold

of speech [161], however, this has shown not to have a great effect in the final

estimated STI.
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Figure 6.16: STI vs. inter element distance, d, between the array sources. Results
calculated using LSIF.

It is observed that both arrays give similar results. The optimum distance is

placed between 20 and 30 mm, as this places the aliasing limit so that the array

output includes the 8 kHz band in the calculation of the STI. The maximum

STI is obtained with the separation between the array sources which presents the
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lowest reverberant field pressure injection at a certain frequency range, and hence

maximise the SNR in the STI weightings which are more relevant.

6.2.4 Improvement of speech intelligibility in the TV

The STI formulation can be used to assess the improvement in speech intelli-

gibility that is gained when the array is working at the same time as the TV

loudspeaker. To this end, the STI has been calculated using the responses shown

in Fig. 6.6, for a control geometry as shown in Fig. 6.3. The responses have been

measured in the listening room of the ISVR, at a distance of 2 m. In order to

equalise the array and the TV loudspeaker, the responses of the array and the

TV loudspeaker in the dark zone have been equalised based on the RMS levels

of both of them when driven with babble noise. The STI has been calculated

using Eq. 6.17 with the IRs of the TV loudspeaker or that of the TV loudspeaker

combined with the output of the array in the bright zone at different gains. The

STI response is hence assessed for various SNR configurations which are different

from typical SNR values when watching the TV, but which represents a common

way to assess speech intelligibility [165].

The results of such prediction are shown in Fig. 6.17. When the array is OFF, the

response of the TV speaker in the bright zone produces a STI of about 0.5 at 0 dB

SNR. At the same SNR configuration, the STI is increased by approximately 0.1

if the array is working in conjunction with the TV speaker with a gain of -3 dB.

If the gain of the array is further increased until 0 dB or +3 dB, the improvement

of speech intelligibility is about 0.18 or 0.26 respectively. In terms of SNR this

means that for the same STI score, the SNR is reduced 3 dB if the gain of the

array is -3 dB, 5 dB if the gain of the array is 0 dB, or 8 dB if the gain of the array

is + 3 dB. According to Table 6.3, an increase in the STI of 0.15 leads to an im-

provement of the intelligibility score from fair to good and from good to excellent.

The predicted performance shows how the joint use of the array and the TV

loudspeaker can increase the intelligibility of speech in normal hearing listeners,

thanks to the boost in high frequencies. Although hearing loss can be introduced

in Eq. 6.12 and hence calculate the STI for a hearing impaired person, the results

obtained are not very different from that when calculating the STI without hear-

ing loss, which suggests that this method is not very effective, as also commented

in [42].

Instead, in order to assess the performance of the array when improving the in-
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Figure 6.17: Prediction of STI as a function of SNR for the TV loudspeaker and for
the array being used with gains of -3 dB, 0 dB and +3 dB. The estimation has been
performed inside the ISVR listening room at a distance of 2 m.

telligibility of hearing impaired listeners, subjective tests dealing with hearing

impaired listeners are needed. Such assessment is contained in the next section,

in where behavioural tests using 30 individuals are carried out to test the perfor-

mance of the array.

6.3 Subjective assessment of speech intelligibil-

ity

Generally, the majority of the acoustic measurements to characterise an audio sys-

tem are based in objective estimations such as total harmonic distortion (THD),

impulse response (IR) or frequency response. These methods, however, do not

give direct conclusions on the subjective performance perceived by human lis-

teners. Hence, it is needed in many cases to perform a subjective assessment to

provide a better insight into human perception, and back up the observations

from the objective results. The subjective evaluation of audio systems is gener-

ally performed by individual listening tests. On the other hand, listening tests

are complex and time consuming. Nevertheless, although other objective equiv-

alents or models have been tried, listening tests still represent the best approach

to judge the performance of a system [166].

In the context of the evaluation of the loudspeaker array to be used as a hear-

ing aid, listening tests can serve to backup the STI estimations presented in
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Section 6.2. Furthermore, the STI estimations are based on normal hearing lis-

teners. Concerning the intelligibility enhancement in hearing impaired listeners,

only listening tests taking into account this hearing condition can be performed.

Furthermore, listening tests are also used to assess the annoyance caused by the

array to the listeners of the dark zone when this is operating. For this reason,

two separate listening tests need to be carried out, focusing on each of these two

aspects.

In order to test the assessment of intelligibility in hearing impaired listeners, a

hearing loss simulator has been used. The simulator is used to process audio cues

so that when these are listened by healthy hearing individuals they experiment

the same impairments as those which hard of hearing listeners suffer.

6.3.1 The modelling of hearing loss

The effect of cochlear hearing loss (CHL), introduces a series of changes in the

auditory system, that as described in Section 1.1.1, directly affect the intelligibil-

ity of speech. In order to test the performance of the superdirective arrays when

enhancing the audio of the TV in the hearing impaired, it is needed to perform

subjective tests with hearing impaired users. Another simpler possibility, is that

of using a hearing loss simulator to process audio cues. Thus, it is possible to

allow a normal hearing listener to experience the perceptual effects of cochlear

hearing loss (CHL).

Several studies have examined methods to simulate the perceptual effects of CHL

[167, 168, 165, 169, 170]. These methods perform the hearing loss simulation

either by using a fast Fourier transform (FFT) or a wavelet based approach. For

processing the audio cues used in the subjective assessment of the intelligibility,

a FFT simulator kindly provided by Brian C.J. Moore and his team [171] has

been used. The operation of such system is presented in Section 6.3.1.

Hearing loss simulators based on the FFT

Another existent approach to model the diminished sensory abilities of people

with CHL is by using a FFT based simulator. This technique was first applied

by Baer and Moore [168] and by Moore and Glasberg [167]. While the former

study was focused on the reduction of frequency selectivity, also known as fre-

quency smearing, the second paper studied the effect of threshold elevation and

non-linear loudness shift, which is also termed as loudness recruitment. The im-
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portance of these effects has been subject of study, but it is still not completely

understood how the different psychoacoustic factors affect speech intelligibility [2].

Nonetheless, the studies in frequency smearing and threshold elevations showed

that they contributed directly to a reduction in speech perception.

These two effects of hearing loss in the cochlear filters were later combined in a

simulator presented by Nejime and Moore [165]. The block diagram of the pro-

cessing performed by the simulator is shown in Fig. 6.18.

Figure 6.18: Block diagram of the FFT hearing loss simulator developed by Nejime
and Moore [165]. Reproduced from [165].

In the block diagram depicted in Fig. 6.18 it can be observed how the process-

ing stage is divided into two submechanisms; first, the simulation of frequency

selectivity loss is performed, and then the simulation of loudness recruitment and

threshold elevation is carried out. The reduction of frequency resolution is based

on the work performed by Baer and Moore [168]. The authors use the procedure

described in the block diagram of Fig. 6.19. For each channel or sub-band of

analysis, the short-term spectrum is calculated using a windowed FFT. The size

of the FFT is of 256 coefficients, to reduce computational complexity and be

still sufficiently long to encompass a typical pitch period, so that an acceptable

frequency resolution is obtained. Spectral smearing was performed by replacing

each component of the power spectrum with a weighted sum of the surrounding

components. The weighting function was similar to the shape of the broadened

impaired auditory filter centred on the component. The authors used broadened

roex (rounded-exponential) filters [172] as the weighting function.

Baer and Moore [168] also tried the effectiveness of their model by performing

subjective tests on normal hearing listeners, where they simulated several degrees

of smearing. The authors observed that speech intelligibility was slightly varied

for cases with high SNR, however, the intelligibility of smeared speech decreased
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Figure 6.19: Block diagram of the sequence of operations used to perform the spectral
smearing by Baer and Moore [168]. The upper part shows the overall sequence, and
the lower part shows the sequence of operations within the “smear spectrum” block.
Reproduced with permission from [168].

greatly as the SNR was diminished.

Once this process is finished, the time waveform is obtained via inverse Fourier

transformation and overlap added. Following this stage, the simulation of non-

linear loudness shift combined with the elevation of absolute threshold is per-

formed. The loudness recruitment step is based on the model of Moore and

Glasberg [167]. The authors model performs an expansion and scaling of the

sound wave in the time domain. It assumes that the cochlear non-linearity acts

as an automatic gain control circuit which acts within a few ms in a healthy

cochlea. The lack of compressive non-linearity in an impaired cochlea is intro-

duced by a fast-acting expansive non-linearity. As loudness recruitment is more

noticeable at high frequency, the audio input is divided into a series of sub-bands,

in which the expansive non-linearity is applied independently in each band.

The framework of the loudness recruitment processing can be observed in Fig.

6.18. The model processes the envelope of the signal waveforms in the time do-

main. For each input waveform, the model first obtains the squared envelope of

the waveform, by means of adding the squared waveform and its squared Hilbert

transform. The envelopes are hence enhanced to the power of N , where N is the

slope of a hearing impaired loudness growth function1. After the envelopes are

1Loudness growth functions are obtained by plotting the sound pressure level which is needed
in a normal ear to obtain a certain loudness as a function of the sound pressure level of an
impaired ear. These functions are normally obtained in people with unilateral hearing loss.
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processed, they are recombined and multiplied with a smoothed version of the

enhanced envelope, to avoid time artefacts.

Figure 6.20: Correct percent scores for speech recognition with different hearing
loss degrees for a SNR=- 6 dB. R1 corresponds to normal hearing, R2 corresponds
to a moderate HL, R3 to a severe flat hearing loss and RX to a severe sloping HL.
Reproduced with permission from [167].

After this processing, the speech cues can be used in normal subjects to simu-

late the elevated thresholds. Moore and Glasberg [167] tried the effectiveness of

this simulator by performing trials in normal hearing subjects. The authors con-

cluded that the model simulated both effects with an acceptable accuracy, and

that threshold elevation combined with recruitment simulation was enough to

decrease the audibility of speech in the presence of a single competing talker. An

example is shown in Fig. 6.20, in where percent correct score results for speech

recognition with some degrees of hearing loss are presented. The effect of the

NAL amplification procedure [33] to recover speech intelligibility is also shown in

the figure. It can be observed that by using amplification, speech intelligibility

can be greatly recovered.

6.3.2 Subjective assessment of speech intelligibility en-

hancement

Experiment planning

The evaluation of speech intelligibility has been performed by comparing the

averaged speech reception threshold (SRT) in noise, i.e., the signal to noise ratio

giving the 50% intelligibility for each test condition. The test conditions used in

the experiments can be observed in Fig.6.21. The test conditions are based in

the filters created in Section 6.1 and are defined as
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� DZ Array OFF: Normal hearing person in the dark zone.

� BZ Array OFF: Hearing impaired person in the bright zone with the array

OFF.

� BZ Array ON 0 dB: Hearing impaired person in the bright zone with the

array ON.

� BZ Array ON +3 dB: Hearing impaired person in the bright zone with the

array ON, gain of the array turned +3 dB.

The SRTs for each test condition have been obtained by fitting a probit function

to the 50% points of intelligibility scores recorded at different SNRs. The fixed

SNRs used in the experiments have been obtained by performing an initial pilot

study. These values are shown in Fig.6.21.

Figure 6.21: Independent variables defined for listening tests for the evaluation of the
speech intelligibility improvement introduced by the array. Also shown are the fixed
SNRs used at each condition. Reproduced from [106].

The subjective tests were performed using 30 participants plus an additional 3

who were used in an initial pilot study. All the participants were students from

the University of Southampton. The participants were 15 males and 15 females,

1The dB relation is calculated according to 10 log10

(
pD,Array

pD,TV

)
.
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with all the individuals aged between 19 and 28, with a mean age of 23 years

old. All the subjects presented a normal hearing, which was checked before the

realisation of the experiment via audiometric check. As intelligibility was tested,

all the subjects had to be native English speakers.

To evaluate the intelligibility, the target signal was comprised by Bamford-Kowal-

Bench (BKB) sentence lists [173]. The material is formed by 21 sentence sets,

each set containing 16 meaningful sentences spoken by female and male English

speakers. Only sentences spoken by male talkers were used, however, as to ex-

clude the variable of gender differences. Each set is reported to produce equivalent

intelligibility scores when played under equal conditions. Consequently, each con-

dition can be represented by a set of sentences, so that a maximum of 21 different

conditions can be tested. According to the SNRs contemplated in Fig.6.21, a to-

tal of 19 sentence sets are required to cover all the conditions. The remaining

two lists were used to make the subjects familiar with the test.

In order to vary the SNR of each sentence, a masker noise was introduced. The

masker consisted of babble noise made out by adding together eight female speak-

ers talking at the same time. The reference condition (SNR=0 dB) was defined

by scaling the masking according to the RMS value of the whole set of 336 BKB

sentences.

Although it may be more realistic to preform listening tests on people with hear-

ing impairment, in the other hand, the hearing thresholds of impaired people

present a large amount of variability. Instead, the intelligibility tests have been

performed by modifying the BKB sentences with the hearing loss simulator of

Nejime and Moore [165]. The hearing loss introduced by the simulator has been

based in the median hearing loss for a 70 year old woman given by the standard

ISO 7029 [12]. The processing of the hearing impaired BKB signals was per-

formed off-line.

To test the sentence comprehension, percentage scores were made based on the

number of key words correctly repeated by the individuals out of 50, which is the

total number of keywords in each sentence set. A keyword was considered to be

correctly recognised if the subject repeated back the exact word with same tense,

respectively whether it was singular or plural [146]. As the order in which the

programme material is presented can affect the subject response, a Latin square

design was implemented to assure that the means are not correlated with a spe-

cific position of the BKB sentence lists [174].

170



The more realistic approach to perform the listening tests would be to use the

array to present the stimulus. However, in order to avoid the variances intro-

duced by the listening environment, background noise, and head user rotation,

the presentation of stimulus has been performed via headphones. In pursuance

of a realistic presentation, the recorded head related transfer functions (HRTF)

from the array and the TV loudspeaker to each of the control points of the lis-

tening zone of Fig. 6.3 were used. The binaural signals presented to each user

were formed by convolving the processed BKB sentences with the HRTFs for left

and right ear of dark zone or bright zone, for the TV loudspeaker in the case of

“Array OFF” or combined with the array signal in case of “Array ON”.

The listening tests were performed using a personal computer fitted with Matlab

[175]. The material was presented to the participants using circum-aural head-

phones. The equipment was calibrated with a Brüel& Kjæer type 2260 sound

level meter. The volume was adjusted so that the participants were below the

sound exposure limit, as defined in [176]. The experiment was controlled using a

guided user interface (GUI), as shown in Fig. 6.22.

Figure 6.22: Guided user interface employed in the subjective intelligibility tests by
the experimenter. Reproduced from [106].
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Intelligibility results

After performing the experiments, the obtained data from the 30 subjects was

analysed. Fig. 6.23 shows the psychometric functions for each condition averaged

over the 30 participants. As observed, a clear distinction can be made between

each condition, which proves the suitability of the array to be used as a hearing

aid.
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Figure 6.23: Mean psychometric functions for the four different conditions. Repro-
duced from [106].

For the statistical analysis only the data from the bright zone, corresponding to

hearing impaired listeners, was used. In order to test the statistical significance of

the obtained results, a one-way repeated measures analysis of variance (ANOVA)

was performed to compare the mean between related groups. The participants

with the SRT as continuous dependent variable, under three different conditions,

“BZ Array OFF”, “BZ Array ON 0 dB” and “BZ Array ON +3 dB”. These

conditions were the levels of the independent variable, the gain. The measured

dependent variable, the SRT, is obtained through probit analysis [177] based on

the subjects performance on correctly repeated key words. The condition “DZ

Array OFF” was not included in the analysis, since the main focus of the ex-

periment was to evaluate whether there are statistically significant improvements

in terms of intelligibility scores for a hearing impaired person in the bright zone

through the use of the loudspeaker array.
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In order to perform the ANOVA analysis, it was necessary to check that the data

was normally distributed and that sphericity was not violated. Sphericity was

checked via Mauchly’s test χ2(2) = 2.5246, p = 0.28. A Shapiro-Wilk (p > 0.05)

test was used to check that the data sets were normally distributed. The obtained

SRTs are statistically significantly different for different levels of the independent

variable (gain). F (2, 58) = 427.089, p < 0.05, partial η2 = 0.936. The SRT

mean and standard deviation for each gain level are shown in Table 6.5. The

statistical analysis has shown that the SRTs have improved in terms of statistical

significance (p < 0.0005) for a person with simulated hearing loss through the

use of the loudspeaker array [106].

Table 6.5: SRT mean and standard deviation (SD) for the gain configurations in the
bright zone. Reproduced from [106].

Array OFF Array ON 0
dB

Array ON
+3 dB

Mean SRT, (dB) 0.45 -4.07 -6.66
SD of SRT, (dB) 1.30 1.79 1.75

Another way of observing the results is to look at the improvement of speech

intelligibility obtained at a given SNR. It can be seen in Fig. 6.23 how at -4

dB of SNR a hearing impaired listener would only understand the 24% of the

words with the array switched OFF. If the array is operating, the percentage of

recognised words grows to be of 50.1% when the gain is 0 dB or to 62.7% when the

gain of the array is +3 dB. These results are still significantly lower than that of a

person with normal hearing, as it has been shown that a total recovery of speech

intelligibility is not possible in persons with hearing loss [2]. Nevertheless, the

use of the array would be very beneficial towards enhancing speech intelligibility

for a hearing impaired person.

6.3.3 Annoyance caused by the array outside the listening

area

Experiment planning

A listening test has also been carried out to quantify how much the audio quality

in the dark zone is modified when the array is turned ON. The evaluation of the

audio quality perceived in the dark zone has been performed using the standard

ITU-R BS.1534, “MUSHRA” [178]. This standard has previously shown to pro-

vide accurate and reliable results for the evaluation of audio quality [179, 180].
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The evaluation of the quality is based on the perceptual impression of the indi-

viduals to the audio material, defining the different conditions of the experiment.

The amplification conditions for the four conditions of the dark zone are: “DZ

Array OFF”, considered as a reference, and three configurations for the array

gain: “DZ Array ON -3 dB”, “DZ Array ON 0 dB” and “DZ Array ON +3 dB”.

The standard MUSHRA also requires of a hidden reference plus a hidden anchor,

which is constituted by a low pass filtered version of the reference signal. The an-

chor is required to compare the system under test in a more absolute scale [178].

For the evaluation, a test subject has to compare the three conditions when the

array is ON with each other as well as with the reference, and give an opinion on

the perceived quality through a user interface.

For the evaluation of the dark zone audio quality 17 participants (12 male and

5 female) have been used, aged between 23 and 29 with a mean age of 26. All

listeners were checked to have normal hearing prior the experiment. The partici-

pants set was formed by a conglomerate of native and non native English speakers.

According to the standard ITU-R BS.1534, the test material for the audio quality

evaluation should be formed by typical broadcast material [178]. To this end, the

previously used BKB sentences have been used to perform the quality evaluation.

Three, different, randomly selected sentences were chosen. Each test sentence was

formed by the BKB signal convolved by the TV loudspeaker HRTF plus the same

BKB signal convolved by the array HRTF corresponding to each gain configu-

ration. The different test sentences were presented by headphones, in order to

get rid of the variability due to position non-alignment and room response. It is

assumed however, that the audio quality experiment will not be affected by the

fact that the test subjects have different HRTFs from those measured with the

dummy head, as this difference will be identical for all the scenarios being tested.

The tests were performed using a GUI in a provided laptop. Before the realisation

of the experiment, the test individuals were trained on how to perform the main

experiment. The quality was evaluated in a scale from 0 to 100. The subjects

were told to rate the reference signal as a primary task, and to assign a 100 out

100 to it as it represents the best quality available. The perceived quality of the

rest of the test sentences could be divided into 5 equal intervals: 0-20, bad; 21-40,

poor; 41-60, fair; 61-80, good and 81-100, excellent.
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Experiment results

The dark zone audio quality evaluation results are depicted in Fig. 6.24. As

expected, the plot shows how the perceived audio quality is decreased as the gain

of the array is increased.

Figure 6.24: Perceived audio quality as a function of the array gain. Results averaged
over all 3 tracks presented to the 17 participants. Reproduced from [106].

A repeated measures ANOVA was conducted to determine whether there was a

statistically significance in the perceived sound quality for the five different levels.

The data sets for each of the conditions were tested to be normally distributed by

a Shapiro-Wilk test (p > 0.05). The assumption of sphericity had been violated as

assessed by Mauchly’s test, χ2(9) = 17.205, p = 0.048, therefore, a Greenhouse-

Geisser correction was applied (ǫ = 0.661). The result of the repeated measured

ANOVA showed that the perceived sound quality was statistically significantly

different for different levels fo the independent variable [106]. The means and

standard deviation for each conditions are presented in Table 6.6.

The evaluation of the quality showed that the perceived sound quality is statisti-

cally significant(p < 0.0005), decreasing as the gain gets increased. Furthermore

a linear relationship between increased gain and perceived reduction of the qual-

ity was found. From “Array ON -3 dB” to “Array ON +3 dB” the perceived

sound quality drops almost linearly, with the quality reduced a 5% for each dB
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Table 6.6: Mean and standard deviation (SD) of the perceived audio quality for the
different gain configurations in the dark zone.

Array
OFF

Array
ON -3
dB

Array
ON 0
dB

Array
ON +3
dB

Anchor

Mean, (dB) 100.0 79.9 64.9 50.4 27.7
SD, (dB) 0.0 5.9 11.4 10.9 9.7

that the gain is increased. The quality is on average rated as “excellent” with an

array gain of -3dB, dropping to “good” when the array gain is 0 dB and to “fair”

at an array gain of +3 dB.

6.4 Conclusions

This chapter first considered the equalisation of the array with respect to the TV

sound system. This equalisation has been performed since the array has to en-

hance the speech content of the bright zone, where the hearing impaired listeners

are, without disturbing other healthy hearing listeners present on the dark zone.

A reference set of filters has been created, in which the pressure produced by the

array in the dark zone is equal to that produced by the TV speaker also in the

dark zone. Two additional sets of filters have been created, one set with the array

gain being -3 dB lower than the reference set, and a second set in which the gain

is increased +3 dB from the reference set. The equalisation performed requires

of the a priori knowledge of the array and the TV loudspeaker transfer functions.

This allows to maximise the accuracy of the equalisation and hence the speech

intelligibility enhancement. Looking towards a commercial application, this can

be performed by using a remote control with a microphone which transmits the

information of both responses back to the array via bluetooth.

Using these sets of filters, the assessment of the speech intelligibility enhance-

ment provided by the array has been performed via the speech tranmission index

(STI). The speech intelligibility performance of personal audio systems has been

modelled and it has been analysed how sensitive the response is to background

noise and observation distance. The effect of the control algorithm has shown

that both acoustic contrast maximisation (ACM) and least squares inverse fil-

ters (LSIF) offer a similar STI figure. It has been also observed that the STI is

maximised when the array is able of achieving control in the 8 kHz octave band,

which places the inter element distance to be around 30 mm. The STI has then
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been used to assess the intelligibility enhancement introduced by the array when

this works together with the audio system of the TV. For a given SNR, the results

predict an improvement on the STI of 0.1 if the gain of the array is selected to

be -3 dB, 0.18 if the gain of the array is 0 dB and 0.26 if the gain of the array is

3 dB. This corresponds to a change in speech intelligibility from “fair-good” to

“good-excellent” [42] when the array is turned ON with 0 dB gain.

The objective predictions of intelligibility enhancement are based in normal hear-

ing systems. In order to check the potential use of the array to enhance the

intelligibility of hearing impaired listeners, subjective listening tests have been

carried out. Listening tests have also been used to assess how the quality of the

audio perceived in the dark zone is modified when the array is switched ON.

The evaluation in hearing impaired listeners has been performed by processing

the received audio signals using a hearing loss simulator. It is found that for

the same SNR, the percentage of recognised words can be increased a 25% if the

gain of the array is selected to be 0 dB or a 38% if the gain is selected to be

+3 dB. This suggests that a hearing impaired person sitting in the beam will

be able to understand considerably more content of a TV programme using the

loudspeaker array rather than with a normal TV speaker. The obtained results

match very closely those predicted with the STI, which additionally corroborates

to the effectiveness of the STI as an intelligibility prediction method. On the

other hand, the evaluation of the audio quality based on the standard ITU-R

BS.1534-1 (MUSHRA), showed that the perceived sound quality in the dark zone

could be compromised through the use of the loudspeaker array. Nevertheless, it

was found that when the array is equalised to produce the same level as the TV

speaker in the dark zone (0 dB gain) the quality is still perceived as “good” us-

ing a five point scale divided into “Excellent”, “Good”, “Fair”, “Poor” and “Bad”.

It has thus been seen that it is possible to find a reasonable trade-off between

the speech intelligibility enhancement for a hearing impaired person in the bright

zone, and the perceived sound quality for a normal hearing person in the dark

zone.

1levels in the dark zone between TV and array, 10 log10

(
pD,Array

pD,TV

)
.

177



178



Chapter 7

Towards improving speech

intelligibility for the hearing

impaired listeners

Despite the fact that the STI gives a reasonable measure of the speech intelligi-

bility for the normal-hearing listener, it does not take into account the multiple

effects of hearing impairment. Although behavioural, psychoacoustic, data can

be used to quantify some of these effects, it may be more efficient to model them

in terms of their physiological origin. A model of the hearing system which is

based on the physiology and dynamics of the cochlea can reproduce many of the

effects of hearing impairment. Using such a model, it is possible to begin to

understand how diverse factors as sensitivity, frequency selectivity and upward

masking thresholds are modified with hearing loss. By understanding how the

nature of the hearing loss is generated, it may then be possible to design a better

amplification procedure to recover speech intelligibility.

This chapter introduces a cochlear model which is based on the physiology of

the organ of Corti. The formulation corresponding to that model is detailed on

Appendix H. The cochlear model is then used to produce psychoacoustic factors,

such as tuning curves and upward masking patterns. The model is also used to

simulate the hearing impaired cochlea, by adjusting the threshold velocities of

the BM along the length of the cochlea. By obtaining hearing impaired masking

patterns, it may be possible to find the amplification which minimises the auditory

masking and maximises speech intelligibility in a hearing impaired listener. A

study of how masking can be beneficial for personal audio applications is also

presented.
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7.1 Reproducing cochlear responses

7.1.1 Cochlear damaging

Since speech intelligibility is reduced with increasing hearing loss, it is important

to understand the physiological processes that lie behind hearing impairment. If

the source of the hearing loss and its various pyschoacoustic effects are better

understood, this may lead to improvements in the way that speech intelligibility

can be recovered.

Hearing impairment can occur due to various mechanisms. In the peripheral and

outer hearing systems, it is conductive hearing loss which involves a reduction in

the transmission of the sound through the outer and/or middle ear. The hear-

ing loss which accompanies ageing is mostly related with the degeneration of the

amplifying properties of the cochlea. This is known as cochlear hearing loss and

involves the damage of the structures inside the cochlea [2]. Degeneration in the

neural pathways and of cognitive function will also make a contribution to hear-

ing loss.

Figure 7.1: Electron micrographs of the normal (a) and damaged (b) cochlear sensory
epithelium. In the normal cochlea, a row of IHC and three rows of OHC are presented.
In the damaged cochlea, hair cells are missing, and stereocilia are abnormal, leading to
hearing loss. Reproduced from [181].
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As explained more in detail in Appendix H, the cochlea has two types of hair

cells that transform mechanical motion into electrical signals. Each of these hair

cells experiment motion by the deflection of the stereocillia that protrude from

the top of the cells, whose motion opens ion channels that allow a current to flow

into the cell. The 3000 or so inner hair cells (IHCs) convert motion within the

organ of Corti at different places along the cochlea into neural signals that are

passed up the auditory pathways. The main function of the 12000 or so outer

hair cells (OHCs), however, is to act as local positive feedback loops and amplify

motion within the organ of Corti at low sound pressure levels.

Cochlear hearing loss can occur in two ways, due to damage to the stereocillia

of the OHC or IHC. A micrograph showing damaged IHC and OHC is shown

in Fig. 7.1, in comparison with healthy stereocilia. Damage to OHC affects the

active cochlear amplification, which results in a lower BM vibration level for a

given stimulus. Damage to IHC results in an inefficient transduction, as the IHC

are the cells which trigger the nerves that send messages to the brain. A common

aspect of both mechanisms is that the amount of BM velocity required to reach

a certain threshold is larger than for a normal cochlea. Not only the level of

perception is reduced, but the frequency discrimination of sounds is also affected.

Figure 7.2: The left hand side plot shows the Input-output relation on the BM before
(solid lines) and after (dashed lines) a furosemide injection. The right hand side plot
shows the psychophysical tuning curves determined in simultaneous masking for the
normal ear (circled and dashed lines) and the impaired ear (squares and continuous
lines) of a subject with unilateral hearing loss. Reproduced from [2] and [182].

Damage to the OHCs mostly affects the non-linear cochlear amplifier (CA). Fig.

7.2 shows how the non-linear relationship between input and output is affected

in a damaged chinchilla cochlea [182] for two different sinusoidal excitations. The

solid curves represent a healthy cochlea (before), whilst the dashed lines are mea-

surements after the animal has been injected with furosemide1, which impairs

1Furosemide is a loop diuretic which is used for the treatment of hypertension and edema,
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the action of the OHCs. Such loss of amplification is analogous to that found in

aged listeners, where the degeneration of the stria vascularis tissues with age also

involves a reduction in endocochlear potentials. The malfunctioning of the CA

also involves reduction in frequency selectivity, causing the frequency responses

at a single point along the cochlea to be broader than normal. The reduction

in selectivity causes a point along the cochlea to respond to tones of frequencies

which are different to that of the characteristic frequency of such point. Fig. 7.2

also shows the measured psychophysical tuning curves2 [183], for normal hear-

ing and hearing impaired subjects. For an impaired cochlea the curve is much

broader, and the level of the masker is lower, as a single point along the cochlea

responds to a broader range of frequencies around the characteristic frequency.

7.1.2 A model of the organ of Corti

Attempts to model the mechanics of the cochlea appeared soon after Von Békésy

[184] showed that sound waves of different frequencies excited different nerves in

the inner ear. Over the last few decades, a large number of models based on filter

banks have been developed to analyse and study the psychoacoustical processes

of hearing. These models are typically based in combinations of gammatone or

all-pole gammachirp filters [185] to mimic the response of the processing stages

of the auditory systems. Such models are able to replicate the key features of the

auditory system, such as tuning, critical bands compression and frequency- and

level-dependent responses [186]. These models, however, reproduce the overall

psychoacoustic responses without directly linking these individual filters with the

fundamental biophysical details and undergoing cellular sub processes.

Other physically-based modelling approaches try to reproduce the mechanisms

of the actual processes which happen inside the cochlea, more exactly inside

the organ of Corti. Such models are based on a mechanical or electroacoustical

representation. Mechanical models of the inner ear or those based on electrical

resonant systems work by tuning the parameters of a set of oscillators to match

the frequency response of the real cochlea. As a mechanical system, the mam-

malian cochlea shows great resolution both in frequency and in time [187], which

suggests that some active amplification or active tuning is required. The discov-

ery of the OHC motility [188] led to the assumption that the OHCs were the

active transducer of the CA.

however, it also reduces the endocochlear potentials.
2These curves show how much the level of a narrowband masker noise has to be to mask a

given probe tone [2].
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Figure 7.3: Lumped parameter representation of an uncoiled cochlea. The cochlea is
divided into N resonant systems with a feedback loops emulating the action of the CA.
Whilst the resonant systems are not coupled between them, they are coupled via the
fluid of upper and lower cochlear chambers. Figure reproduced with permission from
[189].

Models of the cochlear mechanics are often based on arrays of mass-spring damper

systems with active feedback loops, all coupled through the fluid chambers of the

cochlea, which are often assumed to be uncoiled, as shown in Fig. 7.3 [188]. These

models often use lumped parameter models of the OC, so that its complicated

structure is modelled by a simple combination of masses and springs. The draw-

back of many of these models is that the value of the parameters (mass, stiffness,

damping) cannot be directly related to measured physical parameters, due to the

simplification of the complex cell structure on top of the BM. More information

about the underlying mechanism and simplifications of such models is found in

Appendix H, from which the three degree of freedom lumped parameter model

shown in Fig. 7.4 is taken. In this model m1, m2 and m3 represent the lumped

mass of the basilar membrane, reticular lamina and tectorial membrane at a po-

sition along the cochlea.

This lumped parameter model of the organ of Corti is thus physically realisable,

and at the same time offers an accurate reproduction of the frequency responses

and psychoacoustic factors estimated in measurements. The model has been

adapted from that originally developed by Ramamoorhty et al. [190]. This model

was originally developed using finite elements, and was tuned to model a guinea

pig cochlea. The model has been converted into a lumped-parameter model by

Simón Gálvez and Elliott [191]. The formulation of this model, and the tuning

needed to reproduce human responses is presented in Appendix H.

The model introduced here is linear, but the effect of different levels of excitation

can be reproduced using different values of the OHC feedback gain, γ, which

drive the CA. The response of the model in terms of the velocity of the BM with

various gains of the CA used here, at a single point along the cochlea, is shown in

Fig. 7.5. The amplification of the model grows as the gain of the CA is increased.

A small reduction in response is found just below the frequency at which the BM
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Figure 7.4: Lumped parameter representation of the organ of Corti model, which is
detailed in Appendix H. The mass m1 represents a cross section of the BM. The BM is
driven via the fluid pressure difference, pA, and the active pressure, pOHC . The mass
m2 represents a cross section of the RL and the mass m3 represents a cross section of
the TM. The feedback pressure pOHC is proportional to the hair bundle displacement,
given by the relative motion between RL and TM.
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Figure 7.5: Frequency response of the cochlea, amplification with respect to a passive
case and impulse responses for different gains of the cochlear amplifier. The frequency
and impulse responses are shown for a position 15.3 mm along the 35 mm length of the
cochlea.

velocity response starts to build up, as also observed in Fig. 7.6. Whilst in the

passive impulse response (IR) the maximum of the envelope is found at shorter

latencies, the energy tends to build up later as the gain of the CA is increased. At

the same time, the BM fine-structure is near invariant with stimulus level, which
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is in qualitative agreement with numerous studies [192, 193, 194]. As observed in

the figure, the amplification with the gain of the CA set to a maximum, γ = 1,

goes from about 30 dB at 600 Hz to 38 dB at high frequency, which is close to

the results reviewed by Robles and Ruggero [187]. Both the passive and fully

active frequency response of the model at various points along the cochlea can be

observed in Fig. 7.6.
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Figure 7.6: Frequency response of the coupled passive (dashed lines), γ = 0, and fully
active (solid lines), γ = 1, cochlea. Response shown between x=2.1 mm and x=34.9
mm, in increments of 2.1 mm.

The tuning of auditory filters is normally expressed in terms of equivalent rect-

angular bandwidth (ERB), which is related to the critical bandwidth [195]. The

ERB corresponds to the bandwidth of a perfect bandpass filter which has the

same white noise power output as the specified filter. The results presented here

are plotted as a function of QERB, which is defined as

QERB =
fC

ERB(fC)
, (7.1)

where fC represents the characteristic frequency, i.e, the frequency at which a

point of the BM is more sensitive.

Fig. 7.7 shows the quality factor of the cochlear filters, in QERB, of the model

when working in fully active mode, γ = 1. The model gives a higher QERB than

that observed in psychoacoustic experiments using notched-noise masking [196],

but lower than other estimates, based on measurements of phase-gradient delay

of stimulus-frequency otoacustic emissions [197, 198].

Attempts to find parameters that give the model a sharper tuning, led to the

response of the model becoming unstable. It may be that with longitudinally

coupling in the BM and TM, as used by Meaud and Grosh [199] and Cantrel and

Elliott [200], a higher stability limit can be obtained, and the responses can be
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tuned to give a higher QERB.
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Figure 7.7: Auditory filter quality factor, QERB, given by the model of cochlear
mechanics used here. Estimated QERB curves from experimental studies are also shown,
including Bentsen et al. [197], Shera et al. [198] and Glasberg and Moore [196].

7.2 The modelling of cochlear hearing loss

Cochlear models were originally used to reproduce hearing impaired cochlear

responses by the current author, by studying the variation of frequency selectiv-

ity of the cochlear filters with hearing loss [201] using the 1986 Neely and Kim

model [202]. Previous research using models of normal hearing has also predicted

upward masking patterns [203]. Verhulst et al. developed a model to reproduce

transient stimulation and otoacoustic emissions [204]. The effect that hearing loss

has on the distortion product otoacustic emissions (DPOE) was recently studied

by Liu and Neely [205], who reduced the gain of the CA by a 50% to model a

hearing loss. Other studies have used cochlear models to check the changes in

temporal fine structure due to sensorineural hearing loss [206] and to improve

hearing aid fitting [207]. Zilany and Bruce also considered the use of a model

to look at auditory nerve (AN) responses under high level excitation for normal

and impaired listeners [208]. The origins of cochlear hearing loss by studying how

the reduction in endocochlear potentials (EP) affect the responses was recently

considered by Saremi and Stenfel [209].

It has been demonstrated that the micromechanics of the stereocilia change during

exposure to intense stimulation, which may recover shortly after the stimulation

is ended [210]. If the exposure to sound is too intense or too long, however, it may

lead to permanent damage or even death of the OHC itself through either apop-
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tosis or necrosis processes [211], which is known as noise induced hearing loss.

This medical condition appears commonly in construction and factory workers.

Evidence of direct damage to OHC due to noise exposure has been observed in

mice. Lim et al. [212] exposed a group of mice to a 122 dB SPL noise 3 hours per

day during 3 consecutive days. After that, the authors performed a quantitative

investigation of changes in the OHC, finding that those were very damaged at

the base (about 40 % survival) and less damaged at apical positions (about 90 %

survival).

Apart from exposure to high level sounds, cochlear hearing loss is also related

with age. The amplifying properties of the OHC and the transduction properties

of the IHC depend on a voltage which is intrinsic to the cochlea, known as en-

docochlear potential (EP) [213]. The stria vascularis is a vascularised tissue on

the lateral wall of the cochlear duct, which injects potassium ions (k+) into the

scala media (SM). Such potassium ions are linked to the 89 mV EP along the

cochlear duct [214]. Because of the age related changes in these cells, the k+ recy-

cling is impaired and the EP potentials are no longer maintained [215, 216, 217].

As the transduction properties of the IHC are reduced, they are less sensitive

to sounds, increasing hearing thresholds. Various studies have observed the role

of the IHC ions channels on the temporal structure of auditory information in

the mice cochlea, observing that deficiency in the IHC mechano-electrical trans-

duction (MET) channels decreased the IHC receptor current, with consequent

reduction in spike timing and firing rate [218, 219]. These authors concluded

that this may have a disadvantageous effect on the detection of signals in noisy

environments. Apart from the reduction of current intensity through the trans-

duction channels, the reduction in EP also affects the transduction of sound, due

to the decrease in the amplification provided by the OHC. The reduction of EP

due to the atrophy of the stria vascularis and its implication in reduced action

of the CA has been shown in numerous studies. Gates et al. [220] measured the

effect in the hearing threshold and in DPOE, showing an effective degeneration

with age. Experiments in aged animals also showed a decrease of the cochlear

amplification action [221].

A graphical example of the effect of different causes of cochlear damage is shown

in Fig. 7.8, where the mean audiogram of a group of elder people is compared

with the audiogram of young listeners with a noise induced hearing loss. In

the figure it is possible to observe how the normal hearing listener presents a

very small deviation from the 0 value in dB HL. The noise induced hearing loss

listeners show almost intact audition at low frequencies, however as the frequency
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is increased the hearing loss becomes greater, which is thought to be primarily

due to damage to OHC. The listeners with presbyacusis additionally present a

hearing loss at low frequency, due to the reduction of EP which affects the IHC,

as well as a more significant hearing loss at high frequency, due to the reduction

in amplification of the OHC.

Figure 7.8: Averaged audiometric hearing thresholds for three groups of subjects:
“Normal H”, normal hearing subjects aged between 30 and 55, “Presbyacusis”, subjects
aged between 65 and 70, and “NIHL” listeners, aged between 43 and 57. Reproduced
from [222].

7.2.1 The dynamics of the hearing impaired cochlea

In order to obtain cochlear responses which match those of hearing impaired

subjects, an iterative procedure has been used, as previously developed in [201].

The program finds the active gain distribution along the cochlear length that

minimises the error between the peak BM velocity, calculated with a given set

of active gains, and a target velocity distribution of the cochlear partition, as-

sumed to be corresponding to that of older subjects of a certain age. Such velocity

distribution represents only the hearing loss (HL) due to malfunction of the OHC.

The distribution of HL over frequency given by the standard ISO 7029 Statisti-

cal distribution of hearing thresholds as a function of age [12] has been used to

define the target loss of sensitivity. This standard gives an estimation of the HL

assumed to occur in different percentages of the population due to ageing. The

values of HL estimated to occur for 50 percent of the female population are used

here, as shown in Fig. 7.9.

It is assumed here that, for each age, the HL at 125 Hz are caused by a reduction

of the IHC transduction properties, and that this is constant all along the BM.
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Figure 7.9: Median HL expected in 50 % of females at different ages, as given by
the standard ISO 7029 (left), and the corresponding peak BM velocity envelope distri-
butions, calculated from the envelope for the active cochlea (20 years), minus the HL
assumed due to the OHCs at different ages (right).

The HL due to OHC are thus assumed to be that shown in the left hand side

plot of Fig. 7.9 minus the amount at 125 Hz.

The changes to the envelopes of the peak BM velocity, are assumed to occur

only due to OHC malfunction, as shown in the right hand side plot of Fig. 7.9.

These velocities have been obtained by assuming the output of the fully active

model to be that of a 20 years old cochlea, v20. The velocities corresponding to

other degrees of hearing impairment are reduced according to the dB HL which

correspond to a certain age

vHL = v2010
−HL/20, (7.2)

where HL stands for the dB HL of each audiogram. The distribution of peak

velocities is obtained up to 8 kHz, which corresponds to the highest frequency

presented in the standard ISO 7029 [12].

Whilst the HL due to the OHC are clearly reflected in a reduction of the BM

velocity, this is not the case for the HL due to IHC damage, where it is the mea-

sured response which is reduced [2]. Some studies have contemplated modelling

IHC damage by changing the slope of the IHC MET function [208, 209]. The

reduction of auditory nerve spike rate due to the IHC malfunction is modelled in

these papers as a level-independent damping component, which is constant along

the whole length of the cochlea, as previously used by other researchers [223, 207].

A first attempt at reproducing hearing loss with the model was made by adjust-

ing the CA gain to match the HL at each frequency, assigning this gain value

to the cochlear point with a characteristic frequency (CF) as that of the excita-

tion. When the coupled response of the cochlea was then calculated, however,
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the model was found to be unstable. A smooth decrease on the cochlear amplifier

gains between adjacent elements is needed in order to assure stability [224]. This

lead to the use of a polynomial function, for the OHC gain, γ, as a function of

position along the cochlea, which provides a smoother variation. Fig 7.10 shows

the reduction in BM velocity with the CA gains calculated to obtain the results

of Fig. 7.9.

The gains for the active amplifier have been obtained by fitting a 4th polynomial.

The coefficients of such polynomial have been optimised until the envelope of the

responses showed a reasonable agreement with that of Fig. 7.9, leaving mean

errors of 0.2, 0.6 and 0.7 dB for the 50, 60 and 70 year old cochlea respectively.

Other trials were also performed with polynomials of lower and higher order, but

the most reasonable results have been obtained with a 4th order approximation.

The results are based on median HL up to only 8 kHz, but the gain curves continue

to decrease towards more basal locations, as shown in Fig. 7.10. Such distribution

is consistent with studies performed in other mammal species. Previous research

in mice exposed to high intensity sounds have shown the OHC at basal conditions

to be strongly damaged, with the OHC at apical conditions to be almost intact

[212, 225]. The same pattern has been observed in studies with aged gerbils [221].

The results of Fig. 7.10 show how the higher the hearing loss, the greater the

reduction in CA needed to replicate such losses. For the case of 70 years old,

the gain has been set to be 0 for positions closer than 5 mm to the base, as is

expected to happen in a human cochlea with a severe hearing loss. The figure

also shows the responses for positions along the cochlea at x=6.8 mm, x=10.9

mm, x=15.0 mm, x=19.1 mm, x=23.2 mm, x=27.3 and x=31.4 mm. Whilst for

the case of 50 years old there still some active response at 12 kHz, for the 70

years old case the response at positions close to the base is mainly passive.

7.2.2 Modelling of hearing impaired psychoacoustic fac-

tors

Frequency selectivity in the hearing impaired

As well as the sensitivity reduction, the decrease of amplification leads to a broad-

ening of the cochlear responses, with a corresponding loss in frequency selectivity.

The loss in frequency selectivity can be quantified by calculating the sharpness

of the equivalent cochlear filters, generated for various degrees of HL.
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Figure 7.10: The solid lines show the BM velocity responses against frequency calcu-
lated for a 20 year old cochlea (solid lines) and adjusted to approximate a 50 year old
cochlea (top left), a 60 year old cochlea (top right) and a 70 year old cochlea (bottom
left). The responses are calculated at positions at x=6.8 mm, x=10.9 mm, x=15.0
mm, x=19.1 mm, x=23.2 mm, x=27.3 and x=31.4 mm from the base. The dotted line
represents the envelope of the response, as in the right plot of Fig. 7.9. The optimised
distributions of cochlear amplifier gains, used to obtain these results, are plotted as a
function of position along the cochlea at the bottom right graph of the figure.

A common method of observing the cochlear selectivity is by plotting tuning

curves, which show the sensitivity over frequency of a certain point along the

cochlea [2]. Using the distributions of gains of Fig. 7.9, tuning curves have been

calculated at a distance of 8.5 mm from the base. The BM velocity for the same

stapes input of a 20 year old listener has been considered as the threshold. The

tuning curves, shown in Fig. 7.11, present a reduction in sensitivity and selec-

tivity which increases proportional to the age of the simulated listener. Whilst

for the 20 year old listener the response shows a clearly defined peak, the 70

year old cochlea show a clearly passive response, in which the response at other

frequencies rather than the CF is also reduced, due to malfunction of the IHC

MET transduction. These results are in accordance with studies using ototoxic

drugs [226] and with behavioural measurements [222].

Apart from assessing the tuning of the cochlear filter corresponding to a certain
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Figure 7.11: BM tuning curves associated with the HL given by the standard ISO
7029 at a position 8.5 mm from the base.

1 10
0

5

10

15

20

25

Frequency, (kHz)

Q
E

R
B

 

 

20 years
50 years
60 years
70 years

Figure 7.12: Estimated QERB against frequency for different degrees of HL.

position, it is interesting to observe how this varies along the length of the cochlea.

Fig. 7.12 shows the estimates ofQERB as a function of frequency that are obtained

for various degrees of HL. The loss of frequency selectivity due to the increase in

bandwidth of a cochlear filters and the corresponding reduction in Q is clearly

seen in Fig. 7.12. Following the reduction in cochlear gain, the broadening of

the responses is more severe at high frequency. For the 50 years old cochlea, the

QERB value is of about 12-14, whilst that for the 70 years old cochlea, the QERB

value above 8 kHz corresponds to that of a passive cochlea.

Prediction of upward masking thresholds

Masking is the process by which one sound alters the perception of another. Al-

though many types of masking have been investigated, this thesis focuses on the

simultaneous masking of one tone with another. Masking is generally thought

to be due to two processes. The first, sometimes termed suppression, is caused

by the non-linearity of the BM response within the cochlea. This is modelled in

this chapter by incorporating a non-linear gain in the CA, that depends on the
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amplitude of the relative displacement of the IHC, which is proportional to the

input sound pressure level. The second process that contributes to masking is

due to the non-linearity in the firing of the nerves excited by the motion of the

BM, and is sometimes called swamping [5]. This second effect is not modelled

here.

Such masking curves were measured in an early series of listening experiments

by Fletcher [227]. In these experiments a set of reference masking tones were

played at constant volume and frequency. For each of these tones, the listeners

adjusted the level of a probe tone until this could just be heard. The amount of

amplification needed for the probe tone to be heard is the threshold shift. Fig.

7.14 shows the result of the experiment conducted by Fletcher, for masker tones

between 200 and 3500 Hz and levels from 20 to 100 dB SPL [227].

Although many other authors have performed similar experiments since Fletcher,

as discussed in [228], the results are generally of the same form. Idealisation of

the masking curves are used, for example, in the MPEG standard for MP3 coding

[229] in order to calculate the minimum number of bits possible per sub band for

a given background noise level, or in the calculation of the STI [42].

In the simulations presented here, the BM velocity at the threshold of hearing

is used as a measure of audibility. This seems a sensible assumption, as the

threshold of hearing denotes the point at where a tone becomes audible. The

SPL for the absolute threshold of hearing in quiet is well approximated at each

probe frequency by the non-linear threshold function [230]

TQ(f) = 3.64

(
f

1000

)−0.8

−6.5e−0.6( f
1000

−3.3)
2

+10−3

(
f

1000

)4

, (dB SPL). (7.3)

The output of such formula is shown in Fig. 7.13a together with the minimum

audible pressure (MAP) [2].

Although the model of the cochlea used here has a linear response over gain, its

gain can be made level dependent. In this case, γ, the parameter which controls

the gain of the CA, is made proportional to the IHC displacement, wST , which

is proportional to the input level, LIN . The active gain as a function of γ can be

seen in Fig. 7.13b. The CA gain as a function of the LIN has been adjusted with

the results shown by Elliott and Shera [189]. To this end, a first order Boltzmann
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function has been used so that γ and LIN are related by

γ =
1

1 + 1.6e0.0941LIN
(7.4)

as shown in Fig. 7.13c.

The compressive non-linearity resulting from Eq. 7.4 is shown in Fig. 7.13d,

which is calculated for a healthy cochlea and for hearing impaired cochleas ac-

cording to the hearing loss of Fig. 7.9. The curves which correspond to the

hearing impaired cochleas introduce a reduction in the low-level gain, in concor-

dance with those shown by Ruggero and Rich [182].
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Figure 7.13: (a) Absolute threshold of Hearing, as given by [230],“Terhardt (1979)”,
and Moore [2], “MAP”; (b) The gain of micromechanical model as a function of γ; (c)
The gain of the CA as a function of the input level for the fully active cochlea; (d)
effect of reducing the gain of the CA simulating OHC malfunction on the compressive
non-linearity in the BM response.

Before predicting the masking for the hearing impaired, the model has been tested
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by calculating the masking curves obtained by Fletcher [227] for normal hearing

subjects, as shown in Fig. 7.14. The model has been first run with a pressure

at the ear equal to each of the masker tones, LM . In order to obtain the corre-

sponding stapes excitation, a combined outer-middle ear model has been used,

which is defined in Appendix I. The stapes velocity at each masker tone LM is

denoted as uM(ST ). For a given uM(ST ), the basilar membrane peak velocity

along frequency is recorded, denoted as vM(BM). The model is run again with a

pressure input at the ear equal to that of the hearing threshold in quiet, so that

it generates a certain velocity at the stapes, denoted as uQ(BM). The BM peak

velocity is then recorded, denoted as vQ(BM). At each frequency of analysis,

uQ(ST ) is increased until the peak velocity of the BM is equal to that if being

excited by vM(BM). The resulting stapes velocities are denoted uP (ST ). Using

the outer-middle ear transfer function defined in Appendix I, the obtained stapes

velocities are converted back into acoustic pressure levels at the ear input, LP .

The level of the absolute threshold in quiet is subtracted from each of the LP

pressure levels, so that the threshold shift curves are obtained. The resulting

threshold shift curves are presented in Fig. 7.15, and show a reasonably agree-

ment with the original results given by Fletcher [227]. The fine structure of the

predicted masking curves is different from that of Fletcher and its is probably

due to various details in the model.

The incorporation of hearing loss in the CA gain allows the prediction of upward

masking curves for the hearing impaired. This may be useful in the fitting of

hearing aid devices or in the modification of the STI calculated for hearing im-

paired listeners. Fig. 7.17 shows the result of driving the cochlear model with

masker tones at 2.4 kHz, 3.5 kHz and 4.5 kHz. The hearing impaired gain distri-

butions have been included to recreate the masking in cochleas of 50, 60 and 70

years old.

Fig. 7.16 shows the masked BM velocity patterns. Such patterns show how for

the hearing impaired cochleas the BM velocity peak is reduced for low-level in-

puts (LM <80 dB), due to the lack of cochlear amplification. The curves for high

level input sounds, LM = 80 dB or LM = 100 dB show an identical behaviour for

all ages, as the cochlea works merely passive.

The predicted upward masking curves for cochleas of different ages are shown in

Fig. 7.17. The masking curves show a very similar on-frequency value, but show

elevated off-frequency (higher frequencies) thresholds, which is consistent with

behavioural studies [231, 232]. The proxy used in the model assumes that the
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Figure 7.14: Threshold shift curves as measured by Fletcher. The reference masker
tones vary between 200 and 3500 Hz, and are played at different volumes, from 20 to
100 dB. A probe tone is varied between 0-4 kHz, and is adjusted in volume until it just
can be heard. The increased gain relative to the masker tone required for each case
produces the threshold shift curves shown. Reproduced with permission from [227].

probe has to be as loud as the suppressor to be heard. Hence the BM velocity

in an impaired cochlea, which a probe tone needs to be resolved when the BM is
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Figure 7.15: Output of the micromechanical model for the Fletcher threshold shift
curves (see Fig. 7.14). The five increasing curves at each masker frequency correspond
to masker tones of LM= 20, 40, 60, 80 and 100 dB.

masked by a tone of the same frequency, is the same that the velocity needed in

a healthy cochlea. At off-frequency, the masking produced by a hearing impaired

cochlea is larger, as more upper frequencies are excited by the masker tone, due

to the fact that the cochlear filter is broadened. Observing the results of fM =2.4

kHz, it can be seen how the 70 years old cochlea has an off-frequency threshold

increased about 15 dB more. For the masker tone of 4.5 kHz the results are
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similar, with the off-frequency thresholds increased by about 20 dB. The greater

the hearing loss, the greater the threshold elevation at frequencies lower than

fM , as observed in the three masker tones results, which has also been seen in

behavioural studies [232].
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Figure 7.16: Masked vibration patterns of the BM for maskers placed at 2.4 kHz, 3.5
kHz and 5 kHz. The blue graphs show the results for a 20 years old cochlea, and the
red, cyan and green show results for 50, 60, and 70 years old cochlea respectively. The
five increasing curves at each masker frequency correspond to masker tones of LM=
20, 40, 60, 80 and 100 dB.
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Figure 7.17: Hearing impaired masking thresholds with maskers placed at 2.4 kHz,
3.5 kHz and 5 kHz. The blue graphs show the results for a 20 years old cochlea, and the
red, cyan and green show results for 50, 60, and 70 years old cochlea respectively. The
five increasing curves at each masker frequency correspond to masker tones of LM=
20, 40, 60, 80 and 100 dB.
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7.3 The influence of masking in speech intelligi-

bility and sound zoning

The perception of speech involves a number of acoustical, physiological and psy-

chological processes. One property of the auditory system which is exploited in

several audio and speech processing algorithm is upward masking. As shown

in the previous section, one louder, low frequency sound can prevent another

weaker, high frequency sound from being audible. This is desired, for example,

when trying to reduce distraction with respect to external noises in an office [233],

where random background noise may be introduced to improve the privacy of con-

versations. For other audio applications, however, noise is typically undesired.

For speech intelligibility, it is clearly undesirable that the louder, low frequency

background sound masks speech. Apart from that, if the program signal being

reproduced has energy concentrated in the low frequency bands, this will conceal

the energy concentrated on higher frequency bands from being heard. This is

a situation that occurs commonly when listening to music; in this case the low

frequency loud instruments mask the high frequency weak instruments, which are

only heard when the low frequency instruments are not playing.

Figure 7.18: Long term average speech spectra (LTASS) at various local efforts.
Reproduced from [234].

Fig. 7.18 shows the long term average speech spectrum (LTASS) presented at

different levels [234]. For a normal hearing listener, the cochlea is working mainly

actively for low vocal efforts, where the input of the sounds is below 50 dB SPL.

If the level of the vocal effort is larger, the cochlea will be working more passively,

increasing the amount of upward masking, as can be observed in Figs. 7.14 and

7.15. In this case the information introduced by lower speech formants will mask

that introduced by higher speech formants. This contributes directly to the re-

duction of speech intelligibility, as observed for speech at large vocal efforts [29].
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In a hearing impaired cochlea, this phenomena occurs at even lower input levels,

as seen in Section 7.2.2.

This section studies this facet of masking, using the model of masking developed

in the previous section. A set of simulations shows how by a careful equalisation

of the array program spectrum, it is possible to reduce masking at high frequency

and maximise speech intelligibility.

7.3.1 Spectral shaping of program for maximisation of

speech intelligibility

It is known that the presentation of speech at high level reduces intelligibility

[157]. Part of this effect is caused by a reduction in phonetic information due to

the increase of vocal energy [235], but also because upward masking thresholds

are increased and less high frequency information is processed. In a hearing im-

paired listener, this phenomena occurs at lower presentation levels, as the upward

masking curves are largely increased.
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Figure 7.19: Predicted masking patterns in octave bands for the LTASS at normal
effort for a 20 years old listener (blue graphs) and for a 70 years old listener (red
graphs), assuming that the level in each octave band is due to a single harmonic in
that band. The dashed line shows the input level of the masker in dB SPL.

The magnitude of this effect can be estimated using the hearing impaired mask-

ing model. Fig. 7.19 shows the threshold of masking for a 20 years old and a 70

years old cochlea, using the LTASS at normal effort as masker. The thresholds

of masking have been calculated assuming the level at each octave frequency to

be a pure tone. The figure shows how the high frequency tones are perfectly re-

solved for a 20 years old cochlea, and how the 8 kHz tone is at least 7 dB higher
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than the masking thresholds due to other tones. For the case of the 70 years old

cochlea this is not the case, and as the cochlear filters are broader, the 8 kHz tone

is now masked by the vibration produced by the tones of 1 kHz, 2 kHz and 4 kHz.

The reduction of speech intelligibility in the hearing impaired by masking is ob-

served in many behavioural studies. The use of binary masking in low frequency

bands have shown to have greater benefits in hearing impaired listeners than in

normal hearing listeners [236]. As the results of Fig. 7.19 show, if the 8 kHz high

frequency tone is to be heard in a 70 years old cochlea, the input volume at that

frequency has to be increased. Research in the past has shown that by high pass

filtering amplified speech in a noise background, the intelligibility is increased

[237]. This constitutes one of the main basis of hearing aid fitting procedures

[238, 33, 36].
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Figure 7.20: Predicted masking patterns in octave bands for the LTASS at normal
effort plus the gain produced by the array on the bright zone, for a 20 years old listener
(blue graphs) and for a 70 years old listener (red graphs). Also shown is the masking
patterns for a 70 years old listener using an alternative equalisation (magenta graphs).
The dashed line shows the input level of the masker in dB SPL.

The main application of the arrays introduced in this PhD is that of amplifying

the sound of the TV in a certain spatial position. If the TV is playing speech

with a LTASS as shown in Fig. 7.19, the sound programme in the bright zone will

be amplified a certain amount. Using the cochlear model for predicting masking

thresholds, it is possible to observe how the upward masking curves are modi-

fied by the amplification provided by the array. Fig. 7.20 shows the predicted

threshold of masking for the amplified program provided by the array for a 20

years old listener and for a 70 years old listener. For a 20 years old listener the

results are similar to that of Fig. 7.19. For the case of the 70 years old cochlea,

2See comments of Section 6.3, where it is explained how the speech is equalised for the
objective and subjective intelligibility tests.
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even with the amplification provided by the array, the tone of 8 kHz is masked

by the tones of 1 kHz, 2 kHz and 4 kHz. This is, however, due to the fact that

the amplification at 1 kHz, 2 kHz and 4 kHz is very similar to that at 8 kHz.

It has been shown that by spectral shaping the speech programme at low and

mid frequency, it is possible to increase speech intelligibility [239]. This fact sug-

gests that speech intelligibility is increased by the reduction of masking at higher

frequencies, as also proposed in other studies [240]. In the same way, the am-

plification produced by the array can be equalised so that the masking release

is reduced at higher frequencies. An alternative equalisation is also presented in

Fig. 7.20. In this equalisation, the amplification produced by the array at 1 kHz,

2 kHz and 4 kHz has been reduced, in order for the cochlea to resolve the 8 kHz

tone. In this case it can be seen how the tone at 8 kHz is resolved, with a margin

of around 8 dB. The masking patterns shown in thicker line correspond to that of

the 1 kHz tone, frequency at which the 2-nd formant is usually found in speech.

The masking threshold curves at 8 kHz show that more than 10 dB of margin are

still available with respect to the 1 kHz masking curve. By further increasing the

gain at 1 kHz the speech intelligibility may be further improved, as it has been

shown that the second formant contributes mainly to the speech information [241].
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Figure 7.21: LTASS produced by the array in the bright zone when this amplifies full
bandwidth (red line) and when the response has been reduced by 10 dB on the 1 kHz,
2 kHz and 4 kHz bands (green line).

In order to see if the amplification suggested in Fig. 7.20 is effective, a simulation

using the STI [42] has been run. The STI does not simulate the increase in mask-

ing threshold due to hearing impairment, however, it does simulate the increase in

upward masking release when the presentation SPL is high. Fig. 7.21 shows the

presentation levels in the bright zone for the two amplifying configurations of Fig.

2The STI formulation is presented in Chapter 6.
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Figure 7.22: STI value for different SNRs for the amplification using the full band-
width of the array (red line), red spectra in Fig. 7.21, and for the spectral shaped
amplification (blue line), green spectra in Fig. 7.21.

7.20 which are similar to the shouted speech; when the array is amplifying the full

bandwidth, and with the amplification reduced at 1 kHz, 2 kHz and 4 kHz. For

the full bandwidth amplification, it can be seen how a difference of around 10 dB

exists between 1 kHz and 4 kHz from the spectral shaped one. The STI results

for both amplifications are shown in Fig. 7.22. The curves for the spectral shaped

amplification are lower than that from the full bandwidth program for negative

SNRs, however they are higher for positive SNRs. This is because for negative

SNRs the equalised signal is below the noise value for some frequencies, and so

the SNRs is reduced. For higher SNRs the masking reduction is taken in account

and the equalised amplification gives an STI about 0.05 higher. This is the case

of the amplification provided by the array, in where it is assumed to operate in

positive SNRs. Although the STI is just a first design approach, and its use has

to be validate with behavioural studies, it has been shown to correlate well with

subjective intelligibility tests, and may be used as a first quality check.

7.4 Conclusions

A physiologically based model of the cochlea has been developed to study the

potential equalisations that may increase speech intelligibility for the hearing im-

paired. The model uses a lumped parameter implementation of the organ of Corti,

and it is a able to predict responses which reasonably match with behavioural

measurements. By calculating the BM for a set of frequencies it is possible to

predict upward masking thresholds and psychophysical tuning curves. The model

allows the incorporation of hearing loss by modifying the gain of each microme-

chanical element.
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Each micromechanical element is based on a third degree of freedom system, in

which one mass models the BM, a second mass models the RL+TM bending

displacement and a third mass models the shear displacement of the TM. The

action of the CA is replicated in the model by a pressure which acts on the BM

and RL and is proportional to the relative displacement between TM and RL.

These duplicates the action of the OHC, which produce a force proportional to

the bending displacement of the stereocilia. Such feedback enhancement provides

a realistic intensity variation of the cochlea time response, with an almost invari-

ant placement of the IRs zero crossings. The model is able of giving an active

enhancement of about 35 dB, which is in agreement with that observed in mea-

surements.

The model has been ran iteratively to find a distribution of active gains along

the cochlea similar to that assumed to be the median hearing loss of people of a

certain age. These cochlear amplifier gains give an idea of how the performance of

the cochlea is reduced with ageing. The distribution of feedback gain for different

ages is reduced proportionally with the age of the simulated cochlea. The hearing

impaired feedback gain distributions are more decreased at positions close to the

base, and increase smoothly as moving towards the apex. When the response of

a hearing impaired cochlea is calculated for a given input velocity in the stapes,

the velocity distribution along the cochlea has a decreased peak value, due to a

reduced action of the CA. The consequent reduction of the CA action also causes

a broadening of the response, leading to a lower frequency selectivity. Although

the variation of the CA gain only allows to model hearing loss due to OHC mal-

function, the degeneration of IHC transduction can be modelled by reducing the

response of the whole cochlea. This allows to replicate a noise induced hearing

loss in where only the OHC are damaged, or to model the effect of presbyacusis,

in where the transduction properties of both OHC and IHC are changed due to

a decrease in EP.

The cochlear model has also been used to calculate upward masking threshold for

different frequencies, as those reproduced by Fletcher [227]. These curves have

been obtained by determining the SPL at the ears, at each frequency, needed to

produce a BM velocity equal to that which a masker tone of a certain frequency

is producing. Using the feedback gains calculated for the hearing impaired it is

possible to predict how the masker spreads in a hearing impaired cochlea. The

obtained hearing impaired masking patterns show that the masking is increased

for off-frequency value, as the cochlear filters are broader. The on-frequency val-
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ues are, however, the same for both healthy and hearing impaired cochlea.

An initial study is then performed of how masking is affected by the equalisa-

tion used by the array. The effect of different equalisations has been studied in

healthy and hearing impaired cochleas, and it has been found that by decreasing

the level of the reproduced program in the frequency range between 1 kHz and

4 kHz is beneficial for hearing impaired listeners. This is because the excitation

between 1 kHz and 4 kHz largely masks the information present around the 6-8

kHz band. By decreasing the level in the 1-4 kHz it is possible to resolve the

high frequency tones, that otherwise are masked in a hearing impaired cochlea.

The effectiveness of such equalisation has been checked by using the STI, and it

has been shown that this is improved for positive SNRs. This equalisation might

be further tuned by optimising the masking along the whole frequency band, as

performed by noise reduction algorithms [242]. The effectiveness has yet to be

studied with subjective tests, but the STI results are encouraging.

The masking model has also been utilised to study how masking can be applied

in personal audio applications to mask such frequencies at which the array is less

directional and can have a worse programme separation. A detailed analysis is

contained in Appendix G, in where the masking model is employed to analyse

a situation in which two listeners are watching a movie in two different languages.
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Chapter 8

Conclusions and suggestions for

further work

8.1 Conclusions

This thesis has introduced the design of a miniature loudspeaker array to im-

prove speech intelligibility for hard of hearing people when watching TV. As to

be effective, the array provides an enhanced version of the TV audio in a narrow

spatial zone. The sound pressure produced outside of this zone is kept low as not

to annoy normal hearing TV viewers.

The design process which has been carried out through this thesis can be divided

into two research streams. A first stream is that of creating a superdirective con-

trol of the radiated pressure inside a room. The second stream is that of providing

such equalisation to the enhanced audio which maximises speech intelligibility.

8.1.1 Personal audio in rooms

Personal audio refers to the creation of different acoustic zones in a common en-

vironment, allowing various user to listen to different audio programmes without

interference. Based on the personal audio technology, this thesis has investigated

the design of two small size line arrays, aimed to improve the speech intelligibility

of hard of hearing TV viewers.

The design of the individual sources for the array has been first considered. The

approach taken has been to use phase-shift radiators, which allow to obtain a close

to hypercardioid directivity, hence minimising the energy input to the reverber-

ant field. The phase-shift sources initially showed some limited performance. In
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order to overcome such performance limitation, a new design of the enclosure has

been presented. This uses a combined mass-resistance rear port, which allows to

change the radiation pattern of the source with frequency. Using such rear port

arrangement, a performance close to that of a theoretical hypercardioid has been

obtained between 500 Hz and 8 kHz [58].

Based on the knowledge gained in phase-shift source design, two arrays have been

built, which are termed the 1 × 8 array and the 4 × 8 array. The 1 × 8 array

is built up with 8 small phase-shift sources, with each phase-shift source having

an oval construction. Using such array, the performance has been measured in

an anechoic chamber, with the array obtaining an acoustic contrast which grows

linearly with increasing logarithmic frequency from about 10 dB at 500 Hz to

about 25 dB at 8 kHz, when using an array effort lower than 6 dB [53]. The

performance of the array, however, has shown to be quite low when the array is

placed in a normal room.

The use of phase-shift radiators for an array may seem, at first glance, limited

in terms of the steering capabilities of the array. It has been shown, however,

that an array of phase-shift sources is able of obtaining the same performance of

a dual-layer array between 0◦ (broadisde) and 75◦, requiring half the amount of

control systems.

Although the performance a beamformer grows with the number of sources, the

robustness of the radiator with respect to mismatches in the transfer impedances

decreases as more sources are used. Furthermore, the digital processing gets more

demanding as more independent channels are needed. This has motivated the de-

sign of the 4 × 8 array. The 4 × 8 array is built of a pile of four 1 × 8 arrays,

stacked one above the other, hence its name. The individual sources are wired

so that each column of the array is driven in phase. Such arrangement leads to a

radiator which needs of the same number of control filters as the 1× 8 array, but

that is able of obtaining a much larger directionality in a 3D sense. If measured

in a normal room, the 4× 8 array has shown to give about 5 dB more of acoustic

contrast than the 1× 8 array at about 5 kHz [95].

Various superdirective control approaches have been considered in this thesis,

these are: the acoustic contrast maximisation (ACM), the least squares inverse fil-

ters (LSIF) and the mixed control (MC) approach. Between all these approaches,

the LSIF and mixed control (MC) algorithm are preferred rather than the ACM

for the application of the array as a hearing aid. The ACM maximises the ratio
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of mean squared pressure between two control zones, however, does not allow

control of the characteristics of the reproduced signal on the listening zone [53].

The other two methods, LSIF and MC, allow the selection of a pressure target

to, so that a certain pressure field may be reproduced on the listening zone. In

terms of directional performance, the three control methods obtain a very similar

performance in the control geometries considered in this thesis.

The creation of superdirective control filters has been studied with the filters

optimised both in frequency and time domains. In order to optimise the filters

in the time domain, the formulation for the ACM, LSIF and MC control ap-

proaches has been adapted, using existing time domain theory [71]. Whilst that

in the frequency domain design method the filters are optimised one frequency at

a time, in the time domain design methods all the frequencies are optimised at

the same time. Due to this particularity, the filters created using the time domain

implementation of the ACM do not show a smooth frequency responses with fre-

quency. For filter lengths below I = 256 coefficients, the filters created using the

time domain implementation of the LSIF have shown to obtain a very similar

directional performance to the filters optimised in the frequency domain. When

the filters are optimised in the time domain, this allows to use very short filter

lengths, i.e., 16 coefficients, whilst obtaining very similar directional performance

to that obtained when filters of larger lengths are optimised in the frequency do-

main [243] as also been object of study. Furthermore, it has been shown that the

time domain optimisation allows to largely reduce the modelling relay required

by the superdirective filters, which leads to an enhanced audio quality.

8.1.2 Maximisation of speech intelligibility

It has been shown that by the use of the arrays, an effective personal audio device

which provides an enhanced version of the TV audio in a small spatial region can

be created. Apart from the acoustic performance which the array obtain, it is of

importance to assess how the arrays can enhance speech intelligibility.

The assessment of speech intelligibility has been carried, first with an objective

measurement method, and then by performing a set of subjective tests. As ob-

jective assessment technique, the speech transmission index (STI) has been used.

The STI allows to calculate the performance, in terms of speech intelligibility, of

a certain transmission channel. The STI allows to perform such prediction based

on the frequency response of the channel, which then allows its off-line prediction.
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In this thesis, it has been used to compare the speech intelligibility obtained with

a loudspeaker simulating the built-in loudspeaker of the TV, and the speech in-

telligibility which is obtained when the array is working in conjunction with the

loudspeaker. The predictions have shown to obtain an improvement in the STI

about 0.2 in the STI, which corresponds to a change in intelligibility from fair to

good or from good to excellent.

In order to test the intelligibility improvement that the array introduces in hard

of hearing listeners, a subjective test has been carried out. The test has been

performed by presenting processed audio cues via headphones to 30 individuals.

The processed audio cues have been constructed by convolving the measured re-

sponses of the array inside a listening room with BKB sentences processed with

a hearing loss simulator. At the ears of the healthy hearing subjects, the cues

processed with the hearing loss simulator should have the same cognition as that

when a hearing impaired subjects listen to the unprocessed cues.

The outcome of the experiment showed that by the use of the array in conjunction

with the TV loudspeaker, for a given SNR, the intelligibility can be improved by

25 % without annoying the listeners with healthy hearing. This result has shown

that it is possible to find a trade-off between the speech intelligibility enhance-

ment for a hearing impaired person, and the perceived sound quality for a normal

hearing person which is close to the hearing impaired listener.

This thesis has also considered the equalisation of the array signal and its effect

on speech intelligibility. A cochlear model has been used to estimate hearing

impaired upward masking thresholds. This has allowed to estimate the masking

produced with a certain array equalisation. Predictions using the STI have shown

that by reducing the spectral content of the array at certain frequency bands,

masking can be reduced, and the speech intelligibility can be maximised.

The masking model can also be applied in personal audio applications. In this

case the masking model has allowed to determine the equalisation needed for an

array so that the audio separation between two control zone is effective.

8.2 Further work

The subjective experiments have shown that it has been possible to increase

the speech intelligibility of the hard of hearing listeners with the 4 × 8 array,

without disturbing the perceived quality of nearby normal hearing listeners. The
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performance of the array, however, can still be improved, which suggests a number

of areas for potential future work.

8.2.1 Personal audio in rooms

The arrays presented in this section use 8 sources. If another array is built in

the future, this should use a larger number of independent channels, in order to

increase the directional performance of the device.

In order to further increase the performance of an array inside a reverberant

environment, it is important to know how the soundfield is changed by such en-

vironment. This could be predicted if the exact position of the array inside the

environment, and with respect to its main reflectant surfaces, is known. Further

research could be performed in the direction of making the device able to charac-

terise the room in which it is working, and hence apply that knowledge to obtain

a more accurate sound reproduction which provides a better speech intelligibility.

At the moment, all the research has considered a single beamforming direction,

aimed towards a fixed position of the hearing impaired listener. This is an ideal

situation, and in practice, the position of the listener in need of amplification

will change over time. A real time tracking of the listener which adapts to the

reproduction environment will certainly benefit the personal audio performance

of the system. Research on this area is being performed at the moment, and may

be, it could be applied in the future to enhance the performance of the array as

an aid for the hard of hearing.

8.2.2 Maximisation of speech intelligibility

The presented cochlear model could be further tuned to represent more accurately

the amplitude gain and frequency selectivity found in behavioural experiments.

This will provide a better prediction of masking thresholds.

The hearing impaired cochlear model could be also implemented in the time do-

main, allowing to represent the non-linear processes found in the cochlea. This

could potentially be used to study temporal coding and otoacustic emissions in

the hearing impaired.

Optimisation of the equalisation of a signal could then be undertaken so that

masking is minimised. The masking model could be used to find the equalisation
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curve that minimises masking and hence provides a higher speech intelligibility.
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[16] H. Müsch, “Aging and sound perception: Desirable characteristics of enter-

tainment audio for the elderly,” Audio Engineering Society 125 convention,

2008.

[17] C. D. Mathers, “A study of sound balances for the heard of hearing,” BBC,

Research Department, Tech. Rep., 1991.

[18] D. Walker and L. Wilcox, “The audibility of speech on television. analysis

of problems,” Tech. Rep., 2010.

[19] Sennheiser, “Hearing amplifiers,” Sennheiser, 2012. [Online]. Available:

http : //www.sennheiser.co.uk/uk/home en.nsf/root/private impaired

[20] ZVOX, “Single cabinet home teather systems for hearing impaired,”

ZVOX, 2010. [Online]. Available: http : //www.zvoxaudio.com/cgi −
bin/category/hearingimpaired

[21] “TV EARS, Wireless loudspeaker as an assisted listening device for

a TV.” 2012. [Online]. Available: http://www.tvears.com/TV-Ears-

Wireless-Speaker-System

[22] “Audio fox,” 2010. [Online]. Available: http://www.audiofox.com/wireless-

tv-headset

[23] Widex, “TV-DEX, TV without echo,” 2011. [Online]. Available:

http://www.widex.co.uk/en/products/dex/tvdex/

[24] NIH, “Captions for deaf and hard-of-hearing viewers,” 2002. [Online].

Available: http : //www.nidcd.nih.gov/health/hearing/caption.asp

[25] M. Armstrong, J. Barrett, and M. Evans, “Enabling and Enriching Broad-

cast Services by Combining IP and Broadcast Delivery,” BBC, Tech. Rep.,

2010.

[26] F. Rumsey, “Hearing enhancement,” Journal of Audio Engineering Society,

vol. 57, pp. 353–359, 2009.

216
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[180] U. Wüstenhagen, B. Feiten, T. Buholtz, R. Schwalve and J. Kroll, “Method

for assessment of audio systems with intermediate audio quality,” in Pro-

ceedings of the 21st Tonmeistertagung, 2003.

[181] A. F. Ryan, “Protection of auditory receptors and neurons: Evidence for

interactive damage,” Proceedings of the National Academy of Sciences,

vol. 97, no. 13, pp. 6939–6940, 2000.

229



[182] M. A. Ruggero and N. C. Rich, “Furosemide alters organ of Corti mechan-

ics: Evidence for feedback of outer hair cells upon the basilar membrane,”

Journal of Neuroscience, vol. 11, pp. 1057–1097, 1991.

[183] B. C. J. Moore and B. R. Glasberg, “Comparisons of frequency selectivity

in simultaneous and forward masking for subjects with unilateral cochlear

impairments,” The Journal of the Acoustical Society of America, vol. 80,

no. 1, pp. 93–107, 1986.
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Appendix A

Moving-coil loudspeaker

A.1 Visaton k20.40 moving-coil driver

Figure A.1: Datasheet provided by Visaton about the k20.40 moving-coil source.
Reproduced from [244].
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Appendix B

Superdirectivity and audio

performance

B.1 Time artefacts created by excessive control

effort

The increase in array effort needed for obtaining superdirective control at mid-

low frequencies often carries a decrease in audio quality, due to the extra control

effort, which results in longer time series for the filters. So, it is quite important,

to stablish a balance between the amount of superdirectivity used to increase

the directional characteristics and the quality of the reproduced program, which

should be of excellent attributes in order to contribute to the improvement of

speech intelligibility. In this section, an analysis is presented which studies the

effect of the amount of superdirectivity used in the quality of the reproduced

audio.

Considering the 4 × 8 array defined in Section 3.4 in a control zone as that of

Fig. 3.4, the LSIF formulation defined in Section 3.1.2 have been use to create

two sets of filters with I = 1024 coefficients, with the array effort limited to be

lower than 6 dB and 20 dB. The transfer functions from the 4-th source of the

array to the bright control points have been used as a target pressure, without

any modelling delay1. The results for the directional and reproduced response

obtained with such sets of filters are shown in Fig. B.1.

The results of Fig. B.1 show how a larger acoustic contrast with a lower limita-

1See block diagram of Fig. 3.8. A modelling delay is usually employed when calculating the
inverse filter to assure that the result is causal. As in this case the optimisation is performed
one frequency at a time, no modelling delay is needed.
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Figure B.1: Acoustic contrast performance and array effort for the 4 × 8 array in a
control geometry as that of Fig. 3.4, with filters created with the array effort limited
to 6 dB and to 20 dB. The middle graphs show the bode plots of the reproduced signal
when compared to the target pressure. In the lower graphs it is shown the IR of the
reproduced signal and the STI obtained with both sets of filters.

tion in array effort. The array effort is controlled by the regularisation parameter,

β, which establishes the ratio between smaller and the greater singular values of

the matrix Z. By applying regularisation, the ratio between the singular values

is reduced. This can be observed in the upper left hand side plot of Fig. B.2,

where it can be seen how the condition number is much larger when the array

effort is limited to 20 dB. The magnitude of the regularisation parameter needed
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Figure B.2: Condition number with respect to the inversion of the matrix ZHZ and
the value of the regularisation coefficient, β, over frequency to obtain the results of Fig.
B.1. The middle and lower plots show the magnitude of the frequency responses and
the IRs of the filters correspondent to the 1st, 4th and 7th source of the array, with
the results for the AE limited to 20 dB in the left hand side plot and the results with
the array limited to 6 dB in the right hand side plot.

to limit the array effort in both cases is shown in the upper right hand side plot

of Fig. B.2. It can be observed how above 500 Hz the regularisation parameter is

large in order to limit the AE to 6 dB. The larger condition number is reflected

in filters with a greater magnitude response, as can be observed in the middle

plots of Fig. B.2. The time series of the filters with a less severe AE limitation
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lead to impulse responses with a higher amount of pre- and post-ringing, as can

be compared in the lower plots of Fig.B.2.

The effect of a lower AE limitation at the expense of obtaining a larger superdi-

rectivity has direct effects on the quality of the perceived audio. This can be

observed in the middle plots Fig. B.1, where it is shown the bode diagram of the

FFT of array response to an unitary impulse. The responses are compared with

that of the target pressure, and it can be observed how above 3 kHz, when the

condition number is low, the reproduced response is quite close to that of the tar-

get. Below 3 kHz, the response of both set of filters is a few dB lower than that of

the target pressure. The response of the set of filters with the array effort limited

to 20 dB presents a higher amount of ripple. The higher control effort means that

the array puts more energy in obtaining control at certain frequencies, which is

appreciable in the fact that peaks are present in the frequency response magni-

tude and acoustic contrast. Such energy excesses lead to an IR which presents

pre- and post-ringing, which decrease the quality of the reproduced signal.

The results obtained are in agreement with those obtained by Norcross et al.

[73], in where the authors assessed the subjective performance of frequency do-

main and time domain LSIF. The authors showed that with the correct amount

of frequency dependent regularisation a better subjective grade was obtained,

which corresponded to a lower amount of energy outside of the peak of the IR.

The effect of pre- and post-ringing has been previously studied by Bouchard et

al. [245] in the equalisation of the response of a single source inside a room.

The authors used a minimum phase target function which allowed to control the

amount of pre- and post-ringing. The effect of selecting a minimum phase target

for the array has been tested, however, the obtained results have shown to be

very similar to that when using the complete form of the transfer functions of

the source2. The analysis has centred in the use of least squares filters, however,

the findings which are here presented are common to the rest of superdirective

approaches, and are found in every control approach which involves the inversion

of a matrix, as the acoustic contrast maximisation algorithm or the Chang and

Jacobsen mixed control approach.

2It is possible to decompose every signal H(jω) into a minimum phase part which accounts
for the magnitude response, HMP (jω), and an all-pass part which accounts for the phase
response HAP (jω), so that H(jω) = HMP (jω)HAP (jω). This is of importance as the exact
inverse only exists for the minimum phase part of the response.

246



B.2 Conclusions

This appendix introduces an analysis of the effects of superdirectivity in the ob-

tained audio quality. Apart from the fact that the individual sources of the array

can not be driven with filters using a high array effort, as otherwise they will be

overdriven and burned, a large amount of superdirectivity leads to filters which

provide a low audio quality. An analysis has been presented with two sets of

filters in where the array effort has been limited to be below 6 dB or below 20

dB. Whilst that the first set of filters obtained a good audio quality, assessed by

informal listening, the former obtained a response with pre echoes, which reduced

the quality of the response.

If the application requires a good audio quality, as in the case of using the array

as a hearing aid, it is important then that the reproduced response is perceptually

accurate. It has been shown, however, that by the use of 6 dB of array effort, an

effective superdirectivity with a good audio quality is obtained.
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Appendix C

Time domain filters creation via

frequency domain responses

C.1 Time series obtention

The formulation contained in Section 3.1.4 calculates the optimal source strength

vector at a single frequency. The optimisation is calculated between −fS/2 and

fS/2 with a spam of ∆f , where fS is the sampling frequency. ∆f depends on

the number N of frequency bins used in the fast Fourier transform (FFT) for the

calculation of the transfer responses ZB and ZD.

After the optimisation is calculated for the whole number of frequency bins, the

optimal frequency responses of each filter are windowed to reduce the energy at

frequencies out of the bandwidth where an effective control is to be obtained.

The time series of the filters are obtained via inverse fast Fourier transformation

(IFFT), to give impulse responses of length

I =

(
fS

∆F + 1

)
. (C.1)

After the obtention of the impulse responses, these are shifted (I − 1)/2 samples

to assure causality.

For the proposed application, in where the array has to work complementary with

the audio system of the TV, the processing of the filters to create the superdirec-

tive beamforming has to be quite fast, as otherwise it will lead to a complementary

audio signal which is out of phase with the TV audio. To this end, the length of

the filters has to be relatively short. Considering a sampling frequency, fS=25.6
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kHz, as the one used for processing the array responses1, the modelling delay

required for filters of different lengths is shown in Table C.1.

Table C.1: Modelling delays needed for the processing of filters of different length
with fS = 25.6 kHz.

Filter length, I 32 256 512 1024 2048
Delay, s 0.00065 0.005 0.010 0.020 0.040

As observed in Table C.1, a short filter length is ideal in terms of minimising

the processing delay. In order to obtain a good superdirective performance, a

certain number of frequency bins are, however, needed for the characterisation of

the transfer responses of the drivers. Fig. C.1 shows an analysis of the acoustic

contrast, array effort and accuracy of the reproduced signal which is obtained

with filters of different lengths. As can be observed, in order to obtain a good

directional and frequency response, the filters length has to be at least of 512

coefficients. If the length of the filters is shorter than such figure, dips in the di-

rectional and frequency responses are obtained, which correspond to an impulse

response with a large amount of pre- and post- ripple. This constraints the signal

which comes out of the array to be delayed a certain quantity, which may not be

ideal for working complementary with the TV audio system.

1See appendix J in where a list of the equipment used in the measurements is contained.

250



10
2

10
3

10
4

0

5

10

15

20

25

30

Frequency, (Hz)

A
co

us
tic

 C
on

tr
as

t, 
(d

B
)

 

 

I=N=1024
I=N=512
I=N=128
I=N=32

10
2

10
3

10
4

−50

−40

−30

−20

−10

0

10

Frequency, (Hz)

|z
B
|, 

(d
B

)

 

 
p

T

I=N=1024
I=N=512
I=N=128
I=N=32

10
2

10
3

10
4

−10

−5

0

5

10

15

20

Frequency, (Hz)

A
rr

ay
 e

ffo
rt

, (
dB

)

 

 

I=N=1024
I=N=32
I=N=512
I=N=256

0 0.01 0.02 0.03 0.04
−0.2

−0.1

0

0.1

0.2

0.3

0.4

0.5

Time, (s)

IR
 a

m
pl

itu
de

 

 I=N=1024
I=N=512
I=N=128
I=N=32

Figure C.1: Acoustic contrast and array effort for the 4 × 8 array efforts for filters
with different lengths (left hand side plots). Also shown are the frequency and impulse
responses at the centre of the listening zone (right hand side plots). The array is
optimised with LSIF filters in a control zone as that of Fig. 3.4, with the array effort
limited not to exceed 6 dB.

C.2 Truncating the impulse responses

In order to further reduce the array filters, another possibility consists in cal-

culating the response of the filters with a larger number of frequency bins, e.g.,

N=2048 or N = 4096, and then truncating so that the delay introduced by the

filter is smaller. In order to perform such truncation, a Hanning window with a

desired length, IT , is multiplied at the centre of the original time responses. Af-

ter the multiplication, the coefficients of the response which are equal to zero are

neglected, so that a new impulse response with a length equal to IT is obtained.

An example of the truncation is shown in Fig. C.2, where it is possible to observe

the original impulse response, the Hanning window used in the truncation and

the truncated impulse response.

Fig. C.3 shows the directional and frequency response calculated as in Fig. C.1,

but with filters which their impulse responses have been truncated. The filters
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Figure C.2: Impulse response truncation process. The original impulse response with
a length I = 8192 is truncated by a Hanning window to obtain a shorter impulse
response of length IT = 512.

have been calculated for the 4× 8 array using the LSIF method in a control ge-

ometry as that of Fig. 3.4. In this case the original impulse responses have been

calculated with I=1024 samples with the array effort limited to be below 6 dB.

When the impulse responses are truncated, the directional response is larger than

when the same number of frequency bins are used to calculate the optimal filters,

with the directional responses being consistent if the number of coefficients is

greater than 64. As the number of coefficients is decreased, the energy contained

in the tails of the impulse responses is erased. This causes the filter not to control

in the same way the frequencies that need a large effort, what causes the array

effort to decrease as the number of coefficients of the filters is also decreased.

The effect on the directional response is, however, minimal. The frequency re-

sponses show a very flat distribution with frequency. The corresponding impulse

responses show a similar peak height, which slightly decreases with lowering the

number of coefficients. As the original impulse responses have been calculated

with the array effort limited below 6 dB, the responses are free of pre- and post-

ripple. Furthermore, the ripple is further reduced as it is truncated by the window.

Whilst it is not possible to create short filters by calculating the response of the

filters with a low number of frequency bins, short filters which obtain a good

frequency and directional response can be obtained by obtaining an optimal set

of filters with enough frequency bins and then truncating the impulse responses.
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Figure C.3: Acoustic contrast and array effort for the 4 × 8 array efforts for filters
with different values of I = N (left hand side plots). Also shown are the frequency and
impulse responses at the centre of the listening zone (right hand side plots). The array
is optimised with LSIF filters in a control zone as that of Fig. 3.4, with the array effort
limited no to exceed 6 dB.

C.3 Conclusions

This appendix analyses the way that the time series of the superdirective filters

are created via inverse fast Fourier transformation from the optimal set of trans-

fer functions. It has been observed that the most effective way of creating filters

which are short in length and that at the same time provide good performance is

by truncating the vectors of optimal transfer functions.

Filters of 128 coefficients at fS = 25.6 kHz created in this way are able of obtain-

ing an effective contrast.
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Appendix D

Simplifying the Array

construction process

Superdirective methods require the knowledge of the transfer functions from each

source of the array to each control microphone. To this end, the transfer functions

of the array must be measured in an anechoic chamber or in the environment

where the array is placed. This appendix presents two methods of simplifying

the measurement process of the array source transfer functions. The first method

is based on the use of analytical transfer functions based in point source. The

second method consists in measuring the transfer function of a single source and

applying a delay and amplitude correction based on the placement of the different

sources of the array. The performance of these two approaches is presented here

by means of off-line simulations and real-time measurements. All the responses

are calculated based on filters created with the acoustic contrast maximisation

algorithm (ACM).

D.1 Modelling the source transfer function with

a point source Green function

The transfer function from each source of the array to each control point is mod-

elled as a point hypercardioid source1, with a mathematical expression depending

on the angle θ given by

Z(ω,Ψ, θ) = jωρ0
e−jkr

4πr
(1−Ψ+Ψcos θ), (D.1)

with Ψ being a factor which controls the directivity, which is equal to 0.75 for

the case of a hypercardioid source.

1The hypercardioid pattern is close to that offered by a phase-shift source.
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Each radius r from each control point to each control microphone is calculated ac-

cording to the separation of the sources of the array and the distance at where the

virtual control points are placed. The transfer responses based on point source

Green functions are used to form the elements of the matrices of impedances ZB

and ZD. The formulation described in Section 3.1.4 is afterwards used to obtain

the optimal set of source strengths based on point source Green functions, qGF .

The optimal source strengths can be used to perform an off-line simulation with

measured transfer impedances. The pressure at the elements of the bright zone

is obtained as

pB = ZB,MqGF , (D.2)

where the subscript M stands for measured. The pressure at each element of the

dark zone is similarly obtained by multiplying the optimal set of source strengths

by ZD,M . The acoustic contrast is afterwards calculated by performing

C =
ND

NB

qH
GFZ

H
B,MZB,MqGF

qH
GFZ

H
D,MZD,MqGF

. (D.3)

Fig. D.1 shows an off-line simulation of performance of an 8 phase-shift source

line array, as this presented in Simón Gálvez et al. [113]. The filters created

using Green functions need a strong regularisation at low frequency to overcome

the differences in response between the Green function transfer function and that

of the source. However, the array shows a reasonable figure of acoustic contrast

if a strong regularisation is applied. The simulations using an array effort lower

than 0 dB predict an acoustic contrast bigger than 10 dB for almost all the

frequency band, except for some little nulls. The performance using Green func-

tion transfer impedances is not much lower than that obtained using measured

transfer impedances for calculating the optimal set of source strengths, “(Offline,

I=1000)”, with the AE also limited to be below 0 dB.

The real-time performance of filters created in this fashion has been measured

inside an anechoic chamber. The results are presented in Fig. D.2, where it can

be observed how the measured results are quite close to the off-line simulations.

The measured performance of the filters based on Green functions is very similar

to that of filters created with free-field measured transfer functions. The mea-

sured results are also compared with those of a delay and sum. The response of

the superdirective filters is larger than that of the delay and sum for the whole

bandwidth.
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Figure D.1: Results of an off-line simulation of acoustic contrast and array effort
for filters based in free-field transfer functions, “Off-line,I=1000”, filters based in point
hypercardioid Green functions, “GF, AE≤0 dB” and “GF, AE≤0 dB” and for a delay
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Figure D.2: Results of real-time measurements with the filters calculated using point
Green functions. “GF, Real Time” refers to the measured results, “GF, Offline” is
an off-line simulation included for comparison and “FF” corresponds to the results
obtained based on free-field measured responses. All the filters are calculated with the
array effort limited to be below 0 dB.

D.2 Calculating the source strengths assuming

that every source behaves equally

Another approach to simplify the filters design process is to measure only the

transfer impedance of a single source, and then assume that the rest of the sources

have an identical response. A correction in amplitude and phase is then applied
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depending on the position of the sources with respect to the array position and

the separation between the sources.

Having measured the directivity of a source at different angles, this is used to

build the columns of the matrices of impedances to each control zone. In this

case ZB is built as

ZBR
=




ZB11 ZB11 · · · ZB11

ZB21 ZB21 · · · ZB21

...
...

. . .
...

ZBN1
ZBN1

· · · ZBN1



, (D.4)

where
R

stands for replicated. In this case the original source is the source

number 1, i.e., m0=1. The amplitude and phase of each element of the matrix is

now adjusted according to the relative difference that the source number m0 has

with a certain control point, and that the rest of the sources have with the same

control point, .i.e.,

Ξ =
r(m0)

r(m)

e−jk∆r , (D.5)

where ∆r = r(m0) − r(m). By calculating the relative differences between each

source and each control point, a matrix to adjust the amplitude and phase of

each source is built, Ξ.

The matrix of transfer impedances is then built by

Z = ZBR
·Ξ, (D.6)

which can be afterwards use to create superdirective filters.

The effectiveness of this approach has been tested using off-line simulations.

Fig. D.3 shows the performance using filters in which the optimal set of source

strengths has been obtained by measuring the free-field impedance of just one

source, “ZqR”, in comparison with the acoustic contrast obtained when the opti-

mal set of source strengths is calculated with the measured transfer impedance of

each source, “Zq”. Also shown for comparison is the predicted contrast assuming

that each source of the array would have the same transfer impedance, ““ZRqR”.

The predicted results show a performance just a few dB lower than that obtained

by measuring transfer function of each of the array source. It is also possible

to observe how if the transfer impedance of each source would be identical, the

acoustic contrast performance would be much larger.
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Figure D.3: Prediction of acoustic contrast for an array effort limited to be lower
than 0 dB. ZRqR, stands for the case when the optimal strengths are calculated for
ZR transfer impedances and these impedances are used in the calculation of acoustic
contrast (all the sources of the array are identical in response). Zq stands for the
case where the optimal strengths are calculated for the measured transfer impedances
(the filters match the measured transfer responses). ZqR stands for the case when
the optimal strengths are calculated using ZR transfer impedances but the estimation
of acoustic contrast is calculated using the real, measured, transfer impedances (it is
assumed that the directivity of each source is identical when calculating the optimal
strengths).

Fig. D.4 shows the measured acoustic contrast using the formulation presented

in this section, with the array effort limited to 0 dB. The results based on filters

created using the free-field impedance of a single source, “Single source”, show

a very similar performance to those calculated using the transfer impedances of

the whole set of sources, “FF”. The obtained results are also very close to that

predicted off-line, “Single source, Offline”.
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Figure D.4: Results of real-time measurements with filters calculated assuming that
all the sources are delayed copies of a single source, “Same source”. “Same source,
Offline” refers to an off-line simulation with measured transfer impedances and“FF”
refers to filters created with transfer impedances measured in the big anechoic chamber.
The performance of a delay and sum is shown for comparison.

D.3 Comments to these approaches

The results presented here show that the filters created using model transfer

impedances work very close to that obtained when measuring the transfer func-

tions of each source. However, this is not always the case. The previous results

are measured in the small anechoic chamber of the ISVR, which is not a totally

anechoic environment. The obtained results, are hence biased, and show a strong

comb effect due to a strong reflection. Another set of measurements is presented

on Fig. D.5, in where the performance is assessed for the 1× 8 array.

Although at some frequencies the performance for the filters based on Green func-

tions or in a single source is higher, the low frequency performance is improved

significantly by the filters created with the measured transfer impedances. The

improvement of performance at low frequency is due to the fact that the condi-

tion number at low frequency is greater, being the system less robust to errors

and mismatches at these frequencies. As the real transfer impedances differ from

the ones used for calculating the filters based on Green functions or on a single

source, the obtained volume velocities are influenced by these little differences,

giving a lower performance.
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Figure D.5: Results of real-time measurements with the filters calculated assuming
that all the sources behave equally, “Same source”, and also with point hypercardioid
Green function transfer functions, ‘GF, real-time”. “FF” refers to filters created using
the measured transfer impedances of each source.

D.4 Conclusions

The approaches presented here show how the filters of the array can be created

in a more simple way by modelling the transfer impedances from each source

to each control zone. Two approaches have been presented, one based on point

source transfer impedances, and the other based on the transfer impedances of a

single source. The obtained results are just slightly lower than that obtained by

measuring the transfer functions of the whole array in the free-field. In order to

use these approaches, the filters need to be created using strong regularisation,

to overcome the differences in response between the model and the real transfer

function.

An example of the reverberant performance obtained with filters created using

transfer functions based in point source Green functions is contained in Section 5,

where it is seen how the performance is identical to that obtained using measured

transfer functions.
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Appendix E

A study of the steering

capabilities of a phase-shift

source array with respect to a

dual layer array

The use of passive directional speakers for reducing the radiation towards the back

of an array is advantageous respect to the use of a dual layer array, as half the

number of digital filters is needed, which makes a more economic and robust array.

However, a dual layer array is more flexible than an array of passive directional

radiators in terms of steering, as the directivity of those last ones is fixed, and

normally pointing to the front of the array. In order to assess to which extent it is

desirable to use each of these two kind of radiators, a set of simulations employing

pairs of monopoles and point hypercardioid Green functions initial simulations is

carried out to test the capacity of beamforming at different angles. As to control

the sound radiation, least squares inverse filters have been used.

E.1 Simulations based on arrays of point sources

A double layer array has been considered, which is formed of a row of eight double

point monopoles, with a total of 16 independently controlled sources. This array

is compared with an array which uses 8 point hypercardioid sources, each of them

perpendicular to the main axes of the array.

The beamforming that both arrays obtain is benchmarked using a control geom-

etry as that shown in Fig. E.1. This control geometry has a bright control point,

which is steered in increments of 12◦ between broadside, 0◦, and 84◦, and a total
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of 258 dark points, which are all equally spaced.

Figure E.1: Control geometry used for beamforming at different angles. The red
points symbolise the beamforming direction, when the bright zone is selected to be
broadside and when this is selected to be 84◦.

The acoustic contrast performance of both arrays for different steering angles in

such control zone is shown in Fig. E.2. These results have been obtained limiting

the normalised array effort to be lower than 20 dB. Although in principle it may

be thought that the performance of the hypercardioid sources is only greater at

steering positions close to broadside configurations, the results show that this is

good for a broad range of steering angles. The acoustic contrast for the phase-

shift sources array is greater at every frequency from 0◦ to 48◦. When the array

is steered at 60◦ the performance of the dual layer array is greater at high fre-

quency, and at 84◦ the performance of the dual layer array is greater throughout

the whole of the frequency range.

Fig. E.3 shows the x, y and y, z and vertical projections of the directivity balloons

for both arrays, for f = 2500 Hz. This form of plotting a directivity is convenient,

as it can reveal details which are not seen from directivities plotted from an hor-

izontal or vertical measurement slide. The directivity balloons corresponding to

the steering angles between 0◦ and 48◦ complement the results shown in Fig. E.2,

showing, in the x, y projections, how the dual layer array creates a larger number

of secondary lobes. At 60◦ the array of hypercardioid sources starts however to

create larger secondary lobes than the dual layer array, which is more noticeable

as the steering angle increases. At these steering angles the pressure radiated by
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Figure E.2: Acoustic contrast for a 8 point sources hypercardioid array (red solid
line) and for a 8 point double monopoles array (black dashed line) for different bright
zone steering angles. The normalised array effort has been limited to be lower than 20
dB for both arrays.

the hypercardioid sources is much lower than that radiated on axis, which makes

the array unable to steer effectively. This is particularly observed at 72◦ and 84◦,

where it is seen how the radiation pattern which maximises the contrast does

265



(a) 0◦, (x, y) (b) 12◦, (x, y) (c) 0◦, (y, z) (d) 12◦, (y, z)

(e) 24◦, (x, y) (f) 36◦, (x, y) (g) 24◦, (y, z) (h) 36◦, (y, z)

(i) 48◦, (x, y) (j) 60◦, (x, y) (k) 48◦, (y, z) (l) 60◦, (y, z)

(m) 72◦, (x, y) (n) 84◦, (x, y) (o) 72◦, (y, z) (p) 84◦, (y, z)

Figure E.3: x, y and y, z projections of the 3D directivities at f = 2500 Hz for the 8
point sources hypercardioid array (yellow) and for the 8 point double monopoles array
(blue), given at different steering angles. The plots are normalized in a dB scale to the
point of maximum radiation. The closed point shows the beamforming direction.

not place the main lobe in the beamforming direction. By looking at the (y, z)

projections it can be seen how between 0◦ and 72◦ both arrays present a hyper-

cardioid radiation pattern, which is slightly smaller in the case of the phase-shift

sources array. It can be seen how the amplitude of the hypercardioid decreases

as the arrays are steered towards an endfire position. For 84◦ it is observed that

the dual layer array radiates almost omnidirectionally in the (y, z) plane, as an

endfire array, whilst that the hypercardioid sources array still radiates following
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a hypercardioid radiation pattern.

The use of point hypercardioid sources to simulate a phase-shift hypercardioid

sources array assumes that the sources present a constant directivity along all

the frequency range. This is not the case however in a practical array, where

the directivity of the sources falls apart at a given frequency. The performance

given by the dual layer array is lower at many steering points from that of the

hypercardioid sources array, as the array effort increases due to the use of double

the sources. In this simulation, it is not taken in account, however, that when a

driver is put inside a phase-shift enclosure its frequency response changes, making

it less sensitive at low frequency. If this would be taken into account, it could

be that both arrays would present the same low frequency performance. These

is confirmed in the results shown in Section 3.3, where it is seen that both ar-

rays, the phase-shift array and the dual layer array obtain the same directional

performance.

E.2 Conclusions

The simulations presented here have shown that an array of point hypercardioids

presents a directional response which is slightly better from that of a dual layer

array, for steering orientations between broadside and 60◦, using the same amount

of superdirective filters.
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Appendix F

Effect of a hard reflecting surface

at the back of an array

This appendix presents an investigation of the performance of the soundfield cre-

ated by an 8 source line array when a reflective hard wall is placed at the back

of the array. This is important, as the array is assumed to be placed below a TV

and TVs are normally placed very close to walls. As the distance at which the

TV is placed modifies the radiated soundfield, it is interesting to know how and

how much the soundfield is modified by the reflections from a close surface.

A previous study was performed in [94], in where a plane surface was placed at

the back of the array, showing little modification of the created soundfield. In this

work, simulations are first carried out using the method of acoustic images, where

the array and its reflection from the wall are represented by point sources. This

allows to estimate the frequency response in the listening zone and the directive

performance, both under the influence of the wall.

A set of field measurements are also introduced, in where the array is placed

pointing upwards in a hemianechoic chamber, hence using the floor of the cham-

ber as a reflecting surface. Both the point source simulations and the measured

results show a performance which decreases proportionally to the separation be-

tween the array and the back reflecting source.
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F.1 Free field environment simulations based on

the method of acoustic images

The reflection of a source with a rigid boundary can be amended with the acoustic

imaging method [246, 130]. Let a source of spherical propagation be placed in

a medium which extends throughout the space. If this source is located on the

y axis at a distance d from the origin, a spherical wave exists that propagates

according to

pi =
A

r−
e−jkr−, (F.1)

where

r− =
√

x2 + (y − d)2 + z2, (F.2)

being r− the distance to each field point from the point (0, d, 0). If a second

source, the image, of equal strength, frequency, and initial phase is placed at

(0,−d, 0)

pr =
A

r+
e−jkr+, (F.3)

where

r+ =
√

x2 + (y + d)2 + z2, (F.4)

the normal component of the velocity vanishes on the x, z plane. The fluid at the

negative point of the x, z plane can be replaced by a rigid boundary at y = 0.

The pressure in the region y > 0 is given by the summation of Eqs. F.1 and F.3.

p = pi + pr = A(
1

r−
e−jkr− + (1− α)

1

r+
e−jkr+). (F.5)

However, this approximation is only valid in the case of a reflection with a rigid

wall [130]. If the boundary is not rigid, the method of images can be used as

a reasonably good approximation only if the source is many wavelengths away

from the boundary. For the results presented here, it was desirable to estimate

small separation distances between the array and the wall, so that only a rigid

boundary is considered.

The performance of the array is assessed when a hard wall is placed at the back

of the array at a certain distance. The distances used for the study are 1 cm, 10

cm, 20 cm and 50 cm. The directive performance is measured in a control zone

as that shown in Fig. F.1, which posses a total of 97 control points and a bright

zone extending from 0◦ to 15◦.
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Figure F.1: Control geometry used to measure the performance under the influence
of a wall. Blue dots represent dark zone microphones and open circles represent bright
zone microphones. The stars represent the array sources and d is the distance between
the array and the wall.

In the following results three different graphs corresponding to different configu-

rations are plotted, which are all based on the control geometry of Fig. F.1. The

three different configurations are:

� “Free field”: The performance is estimated in the free field with filters

calculated based on free field transfer responses.

� “Wall”: Being the array driven by filters created via free field transfer

responses, a wall is placed at the back of the array.

� “TFs with wall”: In this case, the array is driven with filters which take

into account the influence of the wall.

The arrays are driven with least squares inverse filters (LSIF) [50] with the array

effort limited to be lower than 6 dB.

The only reflection due to the wall modifies the pressure soundfield radiated

around the array. The summation between the direct pressure from the array

and the reflected wave from the hard surface causes a comb filtering effect in the

frequency domain. The frequency response of a comb filter is given by [77]

|Z(jω)|=
√

(1 + ζ2) + 2ζ cos(ωτ), (F.6)

where ζ = 1−α is the amplitude of the reflected wave, α is the absorbent coeffi-

cient of the wall and τ the time delay between direct and reflected signals, being

the notchs in frequency spaced each 1/τ Hz. For the distances between the array

and the wall considered here, the theoretical frequency spacing of the comb filter
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nulls can be observed in Table. F.1.

Table F.1: Frequency spacing of the cancelling effect due to the first reflection intro-
duced by the wall.

d, (cm) 1 10 20 50
∆f , (Hz) 17150 1715 860 344

By observing the top and middle left hand side plots of Figures F.2 to F.4 it can

be seen how the nulls in the frequency response, ZB, and also in the acoustic

contrast responses are spaced about the amount given in Table F.1 with the first

null in the directivity given at a frequency f = c/(2d). The results show how

the on-axis response is largely reduced at the notch frequencies, which leads to a

correspondent reduction in acoustic contrast. As the array is moved apart from

the wall, the time delay of the first reflection increases and hence the frequency

spacing diminishes. The level of the first reflection is smaller and hence the qual-

ity factor of the notches is also reduced. When the distance with the wall is large,

i.e. 50 cm, the reduction in performance is more noticeable at high frequency.

Similar results are obtained by placing the wall behind the array, as in the “Wall”

configuration, and those in which also the reflection from the wall is taken into

account when calculating the optimal set of array filters, as in the “TFs with

wall” configuration. The later set of filters is able of obtaining a slightly higher

amount of acoustic contrast at frequencies just above each performance notch.

By observing the array effort plots it can be seen how at frequencies close to the

notches in response, a small reduction is obtained. However, a small increase in

the array effort above the limiting figure, 6 dB, is present at certain frequencies

when the wall is not considered for the calculation of the filters. An example can

be observed in Fig. F.3, where about 500 Hz there is a small peak in the acoustic

contrast.
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Figure F.2: Responses for a 8 point monopole sources array with a wall 1 cm apart
from its back. The right hand side plots show the directivities at various frequencies.
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Figure F.3: Responses for a 8 point monopole sources array with a wall 20 cm apart
from its back. The right hand side plots show the directivities at various frequencies.
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Figure F.4: Responses for a 8 point monopole sources array with a wall 50 cm apart
from its back. The right hand side plots show the directivities at various frequencies.
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F.2 Influence of source directivity

The directivity of the individual sources of an array plays and important role on

how big the reflections coming from the wall are. In Fig. F.5 it is shown the

average reduction in acoustic contrast that occurs when an array is moved away

from a wall. The results are calculated for a control geometry as that shown in

Fig. F.1, for two 8 point source arrays using either monopole sources or hyper-

cardioid sources. The reduction that the monopole array oversees when this is

moved away is much greater than that observed by the hypercardioid array, due

to the lower level of reflections produced by the later one.
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Figure F.5: Variation of the frequency averaged acoustic contrast as a function of
distance, calculated in a control geometry as shown in Fig. F.1 when a rigid wall
is placed at the back of the array. The red line results refer to an array of 8 point
hypercardioid sources and the blue line refers to an array of 8 point monopole sources.

It can be observed in Fig. F.5 how the reduction in contrast is lower for the array

of hypercardioids, as the level of the reflection with the wall is reduced. If the

array of hypercardioid sources is placed at 0 cm from the wall, the performance

is however decreased about 2.5 dB. This is due to the fact that the summation

of two hypercardioids that point to opposite directions leads to a omnidirectional

radiation pattern. Moving slightly away from the wall the results of both arrays

present a large ripple, which is stabilised when the array is about 5 cm apart

from the wall. This strong ripple is caused by the cancellation that occurs when

the array is very close to the wall and the reflection is large, as can be observed

in Fig. F.2, where the reduction in contrast is about -25 dB. When the wall is

very far from the array the reflections are much lower and the acoustic contrast

increases again.
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F.3 Real time measurements of performance

A set of measurements is presented which have been performed in a hemiane-

choic environment, in order to create an environment similar to the simulations

performed using the method of acoustic images. The measurements have been

performed in an anechoic chamber with the floor removed. The array has been

placed pointing towards the ceiling, so that the floor is acting as a wall. As these

measurements needed a large number of control points, the Scan & Paint [247]

method has been used to make a faster and less complex estimation of the acous-

tic field. By the use of this technique, the sound field produced by the array has

been mapped when the array is placed on the floor, and at 20 and 50 cm from

it. The sound field has been sampled afterwards to lead to a control geometry

similar to that shown in Fig. F.1, allowing to estimate the acoustic contrast.

Fig. F.6 shows the acoustic pressure maps averaged in the frequency bandwidth

from 500 Hz to 8 kHz of the array at various distances from the floor. It is pos-

sible to observe how the soundfield maps are very similar for the cases when the

array is on the floor or it is at 20 cm from the floor. When the array is at 50 cm

from the floor, however, the main lobe of radiation has broadened.

The acoustic contrast has been estimated by sampling the pressure maps at the

points given by Fig. F.1, which leads to the results of Fig.F.7. As in the case

of the point source simulations, the measured results show how the performance

when the array is on the floor or at 20 cm is very similar. When the array is at

50 cm from the floor, the performance is about 2 dB to 5 dB lower along all the

frequency band, as in the results presented in Fig. F.4.
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(a) Floor

(b) 20 cm

.
(c) 50 cm

Figure F.6: Acoustic pressure maps captured with the Scan & Paint method [247]
when a reflective surface is placed at the back of the array.
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Figure F.7: Acoustic contrast results for the array at different distances from the
floor of a hemianechoic chamber, which simulates a wall placed behind the array.

F.4 Conclusions

Reflections from surfaces close to the array will decrease the directional perfor-

mance of an array. In this appendix, the effect that a wall placed at the back of

the array has been studied, as TVs are typically placed close to a wall.

It has been shown that an array of hypercardioid sources is in clear advantage

with respect to an array of monopole sources, as the on axis response is less

affected by reflections from the wall. The closer that an array is placed to a wall,

the lower the reduction in performance due to reflections, with the exception of

very close distances for an array of hypercardioid sources. This fact is common in

the simulated results and in the measured results. The measured results, however,

are not so critical with the distance at which the array is placed from the wall

when this distance is small, obtaining similar results for the cases when the array

is at 20 cm from the floor or when this is on the floor.
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Appendix G

Case study: masking as an aid to

personal audio

Masking could be beneficial for some sound zoning, or personal audio, applica-

tions. An example may be a situation where a personal audio device is used

for creating a pair of beams, each one radiating a different speech aimed for dif-

ferent users. As the array may not work ideally at some frequencies, this can

be detrimental to the acoustic contrast between both zones. At this point, a

lower frequency masking sound can be of help in order to cover the disturbance

generated by the unwanted speech.

G.1 Reproducing various speech programmes in-

side same room

An example of a personal audio application is that in which two listeners watch

a film in different languages in a common environment. In this case the speech

program of each listener is different, but they share the same audio and sound

effects background soundtrack. To this end, the control geometries in Fig. G.1

may be used. Although this program requires a very good audio quality and

an adequate mix of the material being reproduced, a first mixing approach may

consist of reproducing speech in one language in a bright zone steered to the left,

and reproducing speech in the other language in a bright zone steered to the

right. As the background sound track is identical for both languages programme,

this is reproduced in both bright control zones with same level.

The estimated SPL produced in each control zone by the array has been calcu-

lated off-line using measured transfer functions, and it can be observed in Fig.

G.2. The background noise level is on average 20 dB SPL lower than that of the

speech levels. The figure shows three different quantities in broadband and in
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Figure G.1: Control geometries for creating three different sound programmes in a
2D horizontal plane.

1/3− rd octave bands: the spectrum in the left bright zone due to the program

intended to be reproduced in the left bright zone, “L in L”, the spectrum in the

left bright zone of the program intended to be reproduced in the right bright

zone,“R in L”, considered as the interferer, and the spectrum of the background

soundtrack, “BKG”. The audio program present in left and right control geome-

tries is selected to be the LTASS of normal speech and the audio program present

in the background zone is the LTASS of music.
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Figure G.2: LTASS of the program intended to be reproduced in zone L in zone L,
from the program intended to reproduced in zone R in zone L, and from the background
soundtrack, intended to be reproduced in both zones, L and R.

If the masking that each 1/3-rd octave band produces in a normal listener is

calculated using the cochlear model, the result for a 20 years old listener is shown

in Fig. G.3. The masking patterns for the program intended to be reproduced

in the left zone, “L in L”, are much greater than the interferer for almost all the

frequency band, as expected from the directivity pattern of the array. The level

of the interferer is, however, similar to that of the intended program at some

frequencies. At low frequency, the level of the interferer, “R in L” is similar to

that of the program, “L in L”, as the array is quite omnidirectional and at 6.3

282



125 250 500 1000 2000 4000 8000

−10

0

10

20

30

40

Frequency, (Hz)

T
hr

es
ho

ld
 o

f M
as

ki
ng

, (
dB

)

Figure G.3: Thresholds of masking produced by each of the LTASS shown in Fig.
G.2 in 1/3− rd octave bands. The blue lines show that produced by the program in its
own zone, i.e., “L in L”, that produced by the interferer, “R in L”, and that produced
by the background program ,“BKG”.

kHz both the interferer and the program are identical due to the directivity break

up of the phase-shift sources . The effect of separation between program and the

interferer is greater increased by the background soundtrack, “BKG”, as the pre-

dicted masking thresholds are well above those of the interferer, except from low

frequencies and for the tones corresponding to 5 kHz and 6.3 kHz. Although the

masking curves predict that the program produced by the array is greater than

the interferer, the quality of the speech separation may be compromised at low

frequency and at around 6.3 kHz.

In order to palliate this problem, an alternative equalisation can be used. As to

get a HI-FI reproduction of the audio program an alternative low frequency sound

reproduction mechanism is needed, such system can be used to mask the inter-

ferer. Fig. G.4 show the masking predicted by such sound systems, calculated at

the 1/3− rd bands of 250 Hz, 315, 400 and 500 Hz, which is equalised to produce

the level shown in Fig. G.2 for the background program. As observed, the pro-

gram produced by the low frequency sound-system masks that produced by the

array at those frequency bands, and so the lack of directionality and separation

between both speech programs is amended. The lack of separation between both

programs at 6.3 kHz is, however, more difficult to adjust, and is only possible to

be overcomed by attenuating the output of the array at such frequency, so that

it is masked by lower frequency tones, which can result in a possible reduction

of the speech quality and the speech intelligibility. Nevertheless, this should not

0See comments of Section 2.4.
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Figure G.4: Thresholds of masking using an alternative equalisation to that of Fig.
G.3 in order to maximise the separation between the two speech programs. The thick
red dashed lines show the masking patterns produced by the low frequency sound
system, and the thick green dashed show the masking for the 6.3 kHz after the output
of the array has been reduced at such frequency.

represent a large decrease of the reproduction quality, as the quality of the speech

and the contribution to speech intelligibility is most attributed to the first for-

mants, which are typically placed at lower frequencies [241].

G.2 Conclusions

The masking model used in Section 7.2.2 has also been used to estimate how

masking can be beneficial for personal audio applications. In this case the re-

sponse is equalised so that a disturbing sound produced by an interferer personal

audio program is masked and minimises the distraction from a target program.

The case study application presented has been that of using an array for repro-

ducing the speech material of a film to two listeners sat in a sofa in two different

languages. As the soundtrack material of the movie is the same for both listen-

ers, this is equalised so that at the frequencies where the program separation is

minimum this is equalised to mask the lack of program separation.

Although the effective separation provided with such equalisation has to be veri-

fied with measurements, the masking curves predicted by the model can be used

as a first approach to find an equalisation which provides a suitable separation

between both programs. It is also needed to take into account that the predic-

tions given by the model are based on long term average spectra, and that the

performance of the audio separation between left and right control zones depends
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on the instantaneous level of each signal.
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Appendix H

A physiologically reasonable

lumped parameter model of the

human organ of Corti

It is important to construct models of cochlear mechanics to test our compre-

hension of the peripheral hearing system and the physical processes involved.

Modelling helps our understanding by providing predictions of system responses,

based on assumptions of the underlying physical mechanisms. The action of the

cochlea is often modelled as a bank of filters, such as gammatone or gammachirp

filters which are able of replicating the key features of the auditory system, such as

tuning, critical bands compression and frequency- and level-dependent responses

[186]. These models, however, reproduce the overall psychoacoustic responses

without directly linking these outcomes with the fundamental biophysical details

and underlying cellular sub processes.

One of the first resonant models was introduced by Allen [248] in 1980, where the

author presented a relation between shear and bending motion of the TM. The

model did not include OHC motility, but instead Allen proposed that the TM

formed a second resonant system with a slightly lower resonant frequency than

the resonant system according to a specific BM position, which allowed sharp

peaks to be obtained in the resulting frequency response curves.

A similar model was published by Neely and Kim [249], in which the coupling be-

tween TM and the OC was achieved by a negative damping. The negative damp-

ing was interpreted as an energy-providing or active element, which could repre-

sent some physical action of the OHC. Neely and Kim revised this model in 1986

[202], where they related the OHC with the cochlear amplifier (CA). This model
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has been employed in various research of the cochlear dynamics [224, 250, 201].

These models are able of reproducing the frequency responses of the cochlea, how-

ever, they are not based on a mechanical representation of the physiology of the

organ of Corti. This fact makes these models not able to replicate with precision

some effects found in the temporal response of the cochlea, as for example the

near-zero invariance of the IRs with input excitation or the frequency glides [251].

The model presented here is based in a third degree of freedom system, in where

the masses can be associated with the BM, and the transverse and shear motion

of the TM. The motion in both axis is translated into a single axis using the

relations presented by Allen [248], and discussed by Elliott et al. [252, 253, 189].

Models using similar dynamics have been previously developed by Geisler et al.

[254] and by Ramamoorthy et al. [190], although, these models use a feedforward

approach to the active pressure due to the OHC forces, which is not used here.

The model is based in that presented by Ramamoorhty et al. [190], with a feed-

back force depending on the relative displacement of TM and RL used to model

the action of the OHC. The relative displacement of TM and RL causes the dis-

placement of the fluid present in the sub-tectorial space, which bends the cilia of

the IHC and transmits information towards the auditory nerve (AN). The shear-

ing between the RL and TM also excites the cilia of the OHC, which drives the

CA [255].

The Ramamoorhty et al. [190] model was originally developed using finite ele-

ments, with parameters chosen to model a guinea pig cochlea. The model has

been converted into a lumped-parameter model by Simón Gálvez and Elliott

[191]. The parameters used in the guinea pig have been also modified so that the

responses replicate those found in a human cochlea. This leads into a lumped

parameter model of the organ of Corti in which the action of the CA is physio-

logically realisable.

H.1 BM and TM dynamics

Fig. H.1a shows a cross section of the cochlea, in which the organ of Corti (OC)

is sitting on the top of the basilar membrane (BM). The main components of the

OC are the tectorial membrane (TM) and the reticular lamina (RL). The space

between the RL and TM is filled with fluid. In this space floats the stereocilia
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of the inner hair cells (IHC), which have forward transduction properties [255].

The transduction of the IHC is proportional to its stereocilia deflection, which is

dependent on the relative displacement of RL and TM. The BM and the RL are

separated by the outer hair cells OHC, which account for the active enhancement

of the mechanical response.

The arch of Corti is believed to pivot about its left bottom corner, which is

attached to the BM and causes the OC to rotate as a more or less rigid body

around this point. Similarly, the RL is believed to rotate about the top vertex

of the arch of Corti [256]. In the passive cochlea, the OHC are not active, and

(a) (b)

Figure H.1: Sketch cross section of the OC as it appears on the basal turn (left), and
the equivalent lumped parameter representation (right).

these, together with the TM mainly act as mass loading in the BM. The passive

response of the OC can thus be reasonably well represented as a single degree of

freedom system. In order to recreate the active behaviour that leads to a greater

frequency selectivity, it is needed to include one or two extra masses to create a

higher order resonant system [248].

Fig. H.1b shows how the OC can be transformed into a lumped parameter model,

where motion is assumed to be present radially (shear motion) and transversally

(bending motion). This shear motion is then transformed into an equivalent bend-

ing motion, which can be performed by assuming that the RL pivots around the

top corner of the tunnel of Corti. This geometry change was introduced by Allen

[248] who assumed that BM and TM move parallel to one another. For the case

of the model presented here, this parallel motion occurs between the TM and RL.
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Figure H.2: Relation between shear and bending displacement on the TM.

As the two right angle triangles shown in Fig. H.2 are similar, the angle of

rotation θ is also similar, which leads to the relation [252]

sin θ =
w

l
and sin θ =

∆

h
, (H.1)

so that
∆

w
= g =

h

l
, (H.2)

where g is known as the shear gain and depends on the geometry of the OC.

Using this relation, it is possible to relate the transverse motion to the shear

motion, i.e.,

wRL =
∆RL

g
. (H.3)

Fig. H.3 shows the physical lumped parameter model of the cochlea and its

equivalent form for entirely transverse motion. As can be observed in Fig. H.3b,

the radial motion of the TM due to radial pressure pSR is governed by the equation

pSR = k′
4∆TM + s2m′

3∆TM , (H.4)

where k′
4 and m′

3 are the physical shear stiffnesses and masses of the TM. This

pressure is generated by the relative radial displacements of TM and RL

pSR = k′
3(∆TM −∆RL). (H.5)

We can define an equivalent transverse pressure acting on the RL due to the TM,

pST . Since the work per unit area done by the RL in the shear direction, ∆RLpSR,

must be equal to that in the equivalent transverse direction, wRLpST , then using

Eq. H.3, the equivalent transverse pressure can be related to the shear pressure

by pST = gpSR. Since h is approximately equal to 1, a value of 1 is used for

g here, so that the equivalent transverse pressure is equal to the physical radial
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pressure. Using this relation and the relation of Eq. H.2, pST can be defined as

pST = g2(k′
4wTM + s2m′

3wTM), (H.6)

which can be written as

pST = (k4 + s2m3)wTM , (H.7)

where k4 = g2k′
4 and m3 = g2m′

3 refer to the equivalent transverse stiffness and

mass. Similarly, the equation describing the radial stiffness of the cilia, Eq. H.5

can be transformed into transverse motion to give

pST = g2k′
3(wBM − wTM), (H.8)

or

pST = k3(wBM − wTM), (H.9)

where k3 = g2k′
3. The transverse force required to drive the RL must, in addition

to pST , also include that required to overcome the transverse inertia of the RL and

TM masses, m2, and the equivalent stiffnesses due to the RL rotation, k5. By the

use of these relationships, the OC model is transformed from having motion in

two axes, as shown in Fig. H.3a to a model with motion in only one axis, as in Fig.

H.3b, where pA is the pressure difference due to the fluid in the cochlear chambers.

(a) Shear and transversal motion. (b) With motion in only one axis.

Figure H.3: Lumped parameter models of the OC. The damping associated with each
stiffness is not shown for notational convenience.
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In this representation m2 represents the mass of the RL, although this is assumed

to be a massless rigid body by Ramamoorhty et al., plus the mass for the bending

degree freedom of the TM . The mass m3 accounts for the shear degree of freedom

of the TM. Thus, the displacement between m2 and m3, i.e., RL and TM, is

proportional to the deflection of the IHC.

H.2 Dynamics of the organ of Corti

Three equations of motion are introduced for the three masses which form the

organ of Corti. A first equation describes the displacement of the BM

pA − pOHC = s2m1wBM + k1wBM + k2(wBM − wRL), (H.10)

where m1 represents the mass of the BM, and wBM its displacement, pA is the

force due to acoustic excitation and pOHC is the force generated by the electrical

excitation of the OHC. A second equation is established for the displacement of

the RL

pOHC = s2m2wRL + k2(wRL − wBM ) + k3(wRL − wTM) + k5wRL, (H.11)

where m2 represents the mass of the RL, which is the mass of the TM in the bend-

ing mode, and wrl its displacement. The equation which describes the equivalent

shear motion of the TM is defined as

s2m3wTM + k3(wTM − wRL) + k4wTM = 0, (H.12)

where m3 represents the transformed mass of the TM due to its radial motion

and wTM its equivalent transversal motion as discussed in Section H.1. Each stiff-

ness is assumed to be complex and can be written as k + sc where k is the real

stiffness and c the associated damping. The receptance for each mass when these

are driven by pA and pOHC are obtained here by performing Gaussian elimination.

The displacement of the TM, wTM , is specified as a function of that of the RL,

wRL, by using Eq. H.12. A transfer function denoted TTM/RL is created

(s2m3+k3+k4)wTM −k3wRL = 0 → wTM

wRL

= TTM/RL =
k3

s2m3 + k3 + k4
, (H.13)

which is referred to as the shear transfer function1. The same operation is per-

1This term was first introduced by Allen [248] to relate bending displacements of TM and
BM.
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formed with Eq. H.11, which combined with Eq. H.13 allows us to express wRL

as a function of the displacements of the BM and TM, wBM and wRL respectively.

This transfer function is denoted as TRL/(BM+TM)

(s2m2 + k2 + k3 + k5)wRL − k3wTM − k2wBM = 0,

[
(s2m2 + k2 + k3 + k5)− k3TTM/RL

]
wRL = k2wBM . (H.14)

Hence

wRL

wBM + wTM
= k2TRL/(BM+TM) = k2

[
(s2m2 + k2 + k3 + k5)− k3TTM/RL

]−1
.

(H.15)

A final relationship is introduced to relate wBM with wRL. This is denoted as

TBM/RL and is obtained by setting Eq. H.10 equal to zero

(s2m1 + k1 + k2)wBM − k2wRL = 0,

TBM/RL =
wBM

wRL

=
k2

s2m1 + k1 + k2
. (H.16)

By using these three relationships, the receptance of the three masses of the mi-

cromechanical model with respect to pA and pOHC can be obtained.

The receptance of the BM with respect to the acoustic driving pressure, GBA =

wBM/pA, is obtained by using Eq. H.14 and expressing wRL as a function of wBM

pA = (s2m1 + k1 + k2)wBM − k2wRL = (s2m1 + k1 + k2 − k2
2TRL/(BM+TM))wBM ,

GBA =
wBM

pA
=

1

s2m1 + k1 + k2(1− k2TRL/(BM+TM))
. (H.17)

Similarly, the receptance of the BM when driven by the active pressure, GBO =

wBM/pOHC, is obtained by equalling Eq. H.10 and Eq. H.11 to pOHC and ex-

pressing wRL and wRL displacements as a function of wBM . When including the

active pressure, wRL is related to wBM as

[
(s2m2 + k2 + k3 + k5)− k3TTM/RL

]
wRL = pOHC + k2wBM ,

wRLT
−1
RL/(BM+TM) = pOHC + k2wBM ,

wRL = k2TRL/(BM+TM)wBM + TRL/(BM+TM)pOHC.
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So, for Eq. H.10

(s2m1+k1+k2)wBM −k2
(
k2TRL/(BM+TM)wBM + TRL/(BM+TM)pOHC

)
= −pOHC ,

(
s2m1 + k1 + k2 − k2

2TRL/(BM+TM)

)
wBM = pOHC

(
−1 + k2TRL/(BM+TM)

)
,

GBO =
wBM

pOHC
=

−1 + k2TRL/(BM+TM)

s2m1 + k1 + k2 − k2
2TRL/(BM+TM)

. (H.18)

Other displacement of interest is that given by the relative displacements of RL

and TM, wRL−wTM , which represents the displacement that the OHC stereocilia

overcome, wST . First we introduce the stereocilia displacement for a given acous-

tic pressure input at the BM, GSA = wST/pA. For obtaining this displacement,

it is needed first to express wRL as a function of pA.

wRL

(
(s2m1 + k1 + k2)

T−1
RL/(BM+TM)

k2
− k2

)
= pA,

wRL

pA
=

(
(s2m1 + k1 + k2)

T−1
RL/(BM+TM)

k2
− k2

)−1

. (H.19)

By using Eq. H.13, wTM is expressed as a function of wRL,

wST = wRL − wTM = wRL − TTM/RLwRL = (1− TTM/RL)wRL. (H.20)

So that if Eq. H.19 and Eq. H.20 are combined

GSA =
wST

pA
= (1− TTM/RL)

(
(s2m1 + k1 + k2)

T−1
RL/(BM+TM)

k2
− k2

)−1

. (H.21)

The last receptance of interest is the one that relates the displacement of the

stereocilia due to the active pressure, GSO = wST/pOHC. This quantity is ob-

tained by expressing Eq. H.10 and H.11 as a function of wRL and pOHC.

For Eq. H.10

(s2m1+k1+k2)wBM−k2wRL = −pOHC → wBM = (k2wRL−pOHC)(s
2m1+k1+k2)

−1.

(H.22)

Eq. H.22 is now combined onto Eq. H.11

wRLTRL/(BM+TM) = pOHC + k2wBM ,

wRLTRL/(BM+TM) = pOHC + k2(k2wRL − pOHC)(s
2m1 + k1 + k2)

−1,
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(
TRL/(BM+TM) +

k2
2

s2m1 + k1 + k2

)
wRL =

(
1− k2

s2m1 + k1 + k2

)
pOHC,

which is reduced by using, TBM/RL, Eq. H.16

(
TRL/(BM+TM) + k2TBM/RL

)
wRL =

(
1− TBM/RL

)
pOHC ,

so that
wRL

pOHC
=

1− TBM/RL

TRL/(BM+TM) + k2TBM/RL

, (H.23)

which if combined with Eq. H.20 gives GSO

GSO =
wST

pOHC
=
(
1− TTM/RL

) 1− TBM/RL

TRL/(BM+TM) + k2TBM/RL

. (H.24)

A detailed study of the frequency response of each of these receptances is pre-

sented in Section H.4.3, using the parameters described in Section H.3.

H.3 Distribution of parameters along the cochlea

In the original model of Ramamoorhty et al. [190] the input quantity to the model

was a force. In the lumped parameter model of a guinea pig cochlea of Simón

Gálvez and Elliott [191], the parameters given by Ramamoorhty et al. [190] are

normalised by the width of the BM so that the model is made one dimensional

and the input quantity is a pressure instead of a force. Apart from this normalisa-

tion, very few changes are made to the original parameters of Ramamoorhty et al..

To adapt the original guinea pig model to reproduce human responses and assure

that it was still physically realisable, however, several changes were necessary.

The first step was to select the desired frequency range of the passive BM. The

mass of the BM is obtained from the original value of mBM3D
= 0.05 kgm−2 plus

the added value of ρfT . Based on the total BM mass value, a stiffness for the

BM is selected, assuming that the BM resonant frequency follows a certain spatial

dependence. In the case of the model, it is assumed that the resonant frequency

of the element at the base is fBM (0)=28 kHz. A spatial dependence is assumed

so that

fBM (x) = fBM (0)e−x/l, (H.25)

where l = 0.07 is the natural frequency length scale, as given by Elliott et al.

[257]. The stiffness for the BM, kBM is obtained as

k1(x) = kBM(x) = mBM(x)(2πfBM (x))2. (H.26)
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A coefficient for normalisation is obtained, based on the ratio between the “hu-

man” BM stiffness given by Eq. H.26 and the original BM stiffness of a guinea

pig

∆kBM
(x) =

kBM(x)

kBMG.P.
(x)

, (H.27)

which is used to normalise the rest of stiffness. The mass of the mRL and the

mTM are assumed to be 0.02 kgm−3 at the base. The resonance frequency of the

TM is given by

fTM(x) =
1

2π

2kHB(x) + kTM + kRL

mTM

=
1

2π

2k3(x) + k4 + k5
mTM

(H.28)

The natural frequency of the TM determines the CF of the active coupled re-

sponse. As it is desired that a half octave band shift occurs between passive and

active responses, all the stiffness except kBM are normalised by a factor ∆fTM
,

which is given by

∆fTM
(x) = mTM(x)(1.2 · 2πfBM)2. (H.29)

The use of these human, normalised parameters gives the distribution of natural

frequencies shown in Fig. H.4, in comparison with the natural frequencies for a

guinea pig cochlea. The variation of the TM and RL masses with length is also

a parameter taken into account for the fine adjustment of the model. The value

of the masses increases with the length of the cochlea, as in the original model of

Ramamoorhty et al. [190]. In the human lumped parameter model these masses

increase even more with the length of the cochlea in order to assure stability.

This is in concordance with the results shown by Elliott and Ni [258], in where

the authors suggest that the effective mass of the OC due to fluid loading grows

along the cochlea.

The value of each of the normalised parameters, in comparison with those of the

guinea pig model [191] are shown in Table H.1.
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Figure H.4: From top to bottom: Distribution of resonant frequencies, stiffnesses,
dampers and masses for the guinea pig cochlea (left hand side plot) and for the human
cochlea (right hand side plot).
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Table H.1: Micromechanical parameters for the human model of the cochlea, which have been converted from the parameters used for a guinea

pig cochlea by Simón and Elliott [191]. The magnitude b
(x)
BM stands for the width of the BM of the guinea pig as used by Ramamoorthy et al.

[190].

Element Guinea pig value [191] Units Conversion Human value Source
k1 8.40 · 105(h/h0)

3(b0/b)
4 Nm−3 m1w

2
BM 5.20 · 109e−253x Adjusted manually

k2 2 · 6.08 · 103e−325x/b
(x)
BM Nm−3 k2/(∆kBM

∆fTM
) 2.28 · 108e−206x Corrections from Li [259] ,KOHC

k3 3.42·109e−325x/b
(x)
BM Nm−3 k3/(∆kBM

∆fTM
) 4.27·108e−206x Ref. [190] ,KHB

k4 6.00·109e−220x/b
(x)
BM Nm−3 k4/(∆kBM

∆fTM
) 7.49·107e−206x Ref. [190], KTMs

k5 7.60·109e−325x/b
(x)
BM Nm−3 k5/(∆kBM

∆fTM
) 9.48·107e−206x Ref.[190], KRL

m1 0.08(base) to 0.14 (apex) kgm−2 0.05 +mF 0.15(base) to 0.20 (apex) Ref. [257, 260], MBM

m2 0.015e50x/b
(x)
BM kgm−2 0.02e80x Adjusted manually

m3 gm2 kgm−2 0.02e80x From [190], assumed g = 1

c1 0.10·103/b(x)BM Nsm−3 1061·103e−27x Corrections from Li [259], CBM

c2 0.00 Nsm−3 0.00

c3 0.024·103/b(x)BM Nsm−3 1181·103e−27x Ref. [190], CTMs

c4 0.05·103/b(x)BM Nsm−3 589·103e−27x Ref. [190], CTMs

c5 0.00 Nsm−3 0.00

29
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H.4 Active model of the organ of Corti

H.4.1 Formulation

The active response of the OC is introduced in the model of Fig. H.3b by includ-

ing a feedback loop whereby the control pressure, pOHC is related to the shear

displacement of the stereocilia, wST . The passive response of the OC is indicated

as the responses inside the box in Fig. H.5, in terms of the displacements of the

BM, wBM , and the shear displacement of the stereocilia between the RL and the

TM, wST , in response to either the acoustic pressure along on the BM, pA, and

the pressure due to the OHC, pOHC. Hence, pOHC is then assumed to be driven

by wST via the feedback response H .

Figure H.5: Block diagram of the active amplification that takes place in the organ
of Corti (OC) model of Fig. H.3b.

A set of equations for wBM and wST can be obtained according to the block

diagrams of Fig. H.5, for the case of the open loop

wBM = GBApA +GBOpOHC, (H.30)

wST = GSApA +GSOpOHC. (H.31)

The closed loop response can be derivated from these equations and the block

diagram of Fig. H.5. Given that

pOHC = −HwST , (H.32)
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hence

pOHC = −H (GSApA +GSOpOHC) → pOHC =
−HGSA

1 +GSOH
pA. (H.33)

So that the closed loop displacement of the BM is given as

wBM =

(
GBA −GBO

HGSA

1 +GSOH

)
pA, (H.34)

and hence the closed loop mobility as

YBM =
swBM

pA
= s

(
GBA −GBO

HGSA

1 +GSOH

)
, (H.35)

where H represents a suitable controller, which can be written such as

H(jω) =
γgH

1 + jω
ωOHC

. (H.36)

The derivation of such controller is described below.

H.4.2 Simplified OHC model

The following assumptions are performed here with respect to the OHC model of

Ramamoorhty et al. [190]:

� A single row of OHC is used instead of three rows as in the original model.

� No longitudinal coupling on the BM. The current flowing on a single OHC

is due to the current of the OHC itself and not by potential differences on

any of the scales.

By modifying Eq. 21 of [190], pOHC can be defined as

pOHC = k2(wRL − wBM ) + γε3φOHC, (H.37)

where γ allows us to select the level of active amplification, ε3 represents the

electromechanical coupling coefficient and φOHC represents the voltage across the

OHC. As no longitudinal coupling is modelled here, this last quantity is defined

as the product of the current through the OHC, IOHC , by the OHC electrical

impedance, Zm,

φOHC = ZmIOHC , (H.38)

where Zm = (1/Rm+ jωCm)
−1. IOHC is proportional to the steady voltage at the

OHCs, V0, to the conductance function, Ga, which varies with the position along
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the cochlea, and to the stereocilia displacement, wST = wTM − wRL

IOHC = V0GawST , (H.39)

where Ga is defined by Ramamoorthy et al. [190], based on numerical experi-

ments, as

Ga = Ga(0)
(
−105x3 + 5.9103x2 − 109x+ 1

)
e−150x, (H.40)

pOHC is then defined as

pOHC = k2(wBM − wRL) + γε3ZmV0GawST , (H.41)

which can also be expressed as

pOHC = k2(wBM − wRL) +HwST , (H.42)

where H is defined as

H =
γg′ε3ZmV0Ga

1 + jωRmCm
=

γgH

1 + jω
ωOHC

, (H.43)

where ωOHC = (RmCm)
−1, and gH is defined as the MET overall gain

gH = g′ε3ZmV0Ga. (H.44)

The value of the parameters used in the formulation, obtained from Ramammor-

thy et al. [190] are presented in Table. H.2.

Table H.2: Value for the electrical parameters used in the OHC compensator.

Element Value Units
ε3 (−8 · 10−6 · 10−5x) N/m/mV

1/Rm 5100(base) to 360 (apex) µS/m
Cm 1800 (base) to 4200 (apex) nF/m

Ga(0) 5.447·106 S/m2

V0 150− 1000x mV
ωOHC/2π 450(base) to 13.7 (apex) Hz

Ramamoorhty et al. [190] defined the MET sensitivity as the parameter that

controls the amount of gain of the CA in their model, instead of the gain of the

feedback amplifier, γ, as Neely and Kim [261]. The model presented here follows

the original description of Ramamoorhty et al. [190], but the parameter γ has

been left for convenience. The model hence depends non-linearly and strongly
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Figure H.6: Assumed variation of mechano-electrical transduction sensitivity of the
OHC along the length of the cochlea.

on the MET sensitivity. Indeed, if the MET gain is increased beyond a certain

limit, or γ is increased more than 1, the model becomes unstable. As previously

observed by Ramamoorhty et al. [190], the MET sensitivity varies with the length

of the cochlea so that the global response is stable. The required gain to apply

to H in order to obtain an active amplification, g′, is given by

g′ =
1

ℜ{H(fp)GSO(fp)}
, (H.45)

where fp represents the point of the response with -0.5 cycles phase, which is

placed close to the (-1,0) point, and the responses are those of the coupled cochlea.

In order to reproduce the responses present in this thesis g has been approximated

by the polynomial

g′(x) = 2.81035128320330 · 1025x12 − 6.36974893956170 · 1024x11

+ 6.39271799459847 · 1023x10 − 3.73237386749530
· 1022x9 + 1.40060580245442 · 1021x8 − 3.52472603132536
· 1019x7 + 6.03796978510629 · 1017x6 − 7.04710877272383
· 1015x5 + 55931323311456.2x4 − 299441843783.816x3

+ 989220790.214985x2 − 2606452.95733168x+ 29178.7935867540
(H.46)

which is plotted against x in Fig. H.6. It can be observed how for lower distances

from the base the gain has to be higher, whilst this is reduced greatly when x

is greater than 25 mm. The shape of the function is similar to that used by

Ramamoorhty et al [190].

H.4.3 Active response

According to the block diagram of Fig. H.5, the active response of the cochlea

depends of the individual quantities defined in Section H.2, these are: The recep-
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tance of the BM when this is excited by the acoustic pressure, GBA, Eq. H.17;

the receptance of the BM when excited by the force due to the OHC electro-

motility, GBO, Eq. H.18; the displacement of the stereocilia of the OHC, when

excited by the acoustic pressure that drives the BM, GSA, Eq. H.21; and when

the stereocilia is displaced by the contraction of the OHC, GSO, Eq. H.24. These

values are shown here for the position of 3.75 mm from the base.

Fig. H.7 shows the individual frequency responses due to the excitation of in-

dividual modes, calculated with the damping shown in Table H.1 and also with

this reduced by a 90 % in order to better observe the three modes. The responses

between the fluid pressure excitation and the BM response, GBA, clearly show

the BM mode at around 18 kHz, and thus for the OHC excitation to the stere-

ocilia response, GSO, has a peak at above 20 kHz, corresponding to the TM shear

mode. The mode corresponding to the bending action of the RL and the TM

can be observed to be around 9 kHz. Also for reference, the individual responses

of the RL and TM are shown, wRL and wTM , when excited by the OHC, where

GSO is the difference between these responses. The results are in concordance

with those obtained using a finite elements model of the organ of Corti, in where

three main differentiated resonances corresponding to each one of the degrees of

freedom are observed.

Fig. H.8 shows the response of an isolated element calculated using such responses

for the micromechanical element of 3.75 mm. It can be seen how the response

is slightly reduced at frequencies between the mode of the RL and the mode of

the BM. At the resonance of the BM, a big increase is found in the response

and at the shear mode of the TM a large notch is found in the modulus of the

active response, as the phase becomes -0.5 cycles at around 22 kHz. This result

is in concordance with results obtained with a finite element model of the organ

of Corti [262]. The Nyquist diagram and open loop response, HGSO are also

shown. The closed loop response shows how around the BM resonance this adds

positively to YBM , as both quantities have a similar phase. The notch in the

mobility of the BM is found at the frequency in which the phase of the open loop

is 0 cycles.
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Figure H.7: Dynamics of the micromechanical model at 3.75 mm normalized to
1m·Pa−1. The graphs of wRL and wTM represent the case when these are excited by
pOHC . The dashed results have the dampers reduced by a 90% to more clearly see the
three modal frequencies.
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Figure H.8: The upper left plot shows the frequency response of the mobility for a
passive (dashed blue), γ = 0, and fully active (red), γ = 1, micromechanical element.
The upper right plots shows the open loop response, GOL = HGSO. The lower plots
show the closed loop response, GCL = GBO

HGSA

1+GSOH , and the Nyquist diagram of the
open loop response, GOL. All the responses correspond to the micromechanical element
of 3.75 mm.
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H.5 Coupled model of the cochlea

H.5.1 Elemental formulation

The cochlea can be modelled as a set of N micromechanical elements, being each

of them tuned to a different resonant frequency depending on its position along

the cochlea, and coupled through the inertia of the fluid in the chambers. For

the case of the simulations presented, these have been calculated using N = 512

elements. The elements in the cochlea are assumed to be equally spaced, as shown

in Fig. H.9.

p1

pN

v1

vN

us

Figure H.9: Long wave macromechanical model of the cochlea. Each slice represents
one from a total of N micromechanical elements as the one of Fig. H.3b.

We can define vectors of complex pressures and velocities at a single frequency

at the position of each micromechanical element, p and v

p = [p(1), p(2), . . . , p(N)]T , v = [v(1), v(2), . . . , v(N)]T . (H.47)

The BM, however, is assumed only to extend from element 2 to element N -

1. Element 1 accounts for the stapes velocity, us in Fig. H.9, whilst the final

element, N , accounts for the behaviour of the helicotrema. If the stapes velocity

is set to zero, the vector of pressures due to the vector of BM velocities can be

written as

p = ZFCv, (H.48)

where ZFC is the matrix due to fluid coupling. This matrix can be associated

with two components, the one which accounts for the 1D propagation of the fluid

and the near field component, which is associated with the 3D propagation of the

fluid near the point of excitation, so that ZFC = ZF +ZN . In the same way, the

vector of BM velocities can be written as

v = −YBMp, (H.49)
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where YBM is the diagonal mobility matrix, as it is assumed to react only locally.

The diagonal elements represent the admittance of each micromechanical element

at a given frequency, and extend only from 2 to N − 1. It is formed as

YBM = j
ωρ

H




0

Ycp(2)
. . .

Ycp(N − 1)

0




. (H.50)

The total vector of velocities from cam be obtained using linear superposition, so

that

v = vS −YBMp, (H.51)

where vS is defined as the sources vector, being its first element equal to the

stapes velocity, and the rest to zero

vs =
[
uST 0 · · · 0

]T
. (H.52)

By combining Equations H.48 and H.51 two expressions that account for the

coupled response of the fluid and BM dynamics are obtained.2

v = [I+YBMZFC ]
−1 vs, (H.53)

p =
[
Z−1

FC +YBM

]−1
vs. (H.54)

H.5.2 1D fluid coupling

The far field component of the pressure difference or 1D fluid coupling, can be

obtained by using a wavenumber analysis [263, 260]. Alternatively, the pressure

distribution can be obtained analytically from the solution of the differential

equation for the far field coupling [260], as

pl(n) =
j16ωρ∆2v0

π2

√
B(n0)B(n)

N∑

n′=n0

1

SF (n′)
, 0 < n < n0 − 1, (H.55)

pl(n) =
j16ωρ∆2v0

π2

√
B(n0)B(n)

N∑

n′=n

1

SF (n′)
, n0 < n < N, (H.56)

2A complete description can be found in [257].
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where SF (x) is the effective chamber area, given by

SF (x) =
S1(x)S2(x)

S1(x) + S2(x)
, (H.57)

being S1(x) and S1(x) the upper (scala media and scala vestibuli) and lower (scala

tympani) chambers, and n′ = |n−no|, where n0 is the element being excited. For

a one dimensional propagation of the fluid, the columns of ZFC can be obtained

by normalizing Eqs. H.55 and Eq. H.56 by the input velocity, v0.

H.5.3 3D fluid coupling

The formulation of the pressure difference due to the fluid can be extended so

that the effects of the near field, or 3D propagation, taking into account higher

order fluid modes, are also considered. In this case, the pressure difference is due

to far and near field components, so that

pFC = pL + pN , (H.58)

where the subscript L stands for long wave and the subscript N stands for near

field. Consequently, the fluid coupling matrix can be formed as

ZFC = ZL + ZN , (H.59)

where ZL is given by normalizing Equations H.55 and H.56 by the input velocity.

For the case of cochlear box of uniform dimensions, the effective thickness of the

BM due to fluid loading can be calculated by using [260]

T =
8BH

3π3W
+

∞∑

n=1

coth(nπH/W )

[
cos(nπC/W ) + cos(nπ(C +B)/W )

1− n2b2/W 2

]2
,

(H.60)

where B is the width of the basilar membrane andW andH are the physical width

and height of one cochlear chamber. If the dimensions of the cochlear chambers

vary along the length of the cochlea, as in a real case, the near field fluid loading

can be calculated by inverse Fourier transformation of the wavenumber of the

fluid coupling [260]. At a given point along the cochlea, the near field pressure is

given by

pN = jω0ρ0Tv0. (H.61)

The near field pressure distribution along the cochlea is obtained using an ap-

proximation to the averaged near field pressure due to a single element of the
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BM, obtained from [260], so that

pN(n) = jω0ρ0

(
Q1e

−n′∆/l1 +Q2e
−n′∆/l2

)
v0, (H.62)

where Q1 = and Q2 are a function of T , l1 equal to W/3.47 and l2 to W/12.8. The

columns of the 3D fluid coupling matrix, ZN , are obtained by normalizing both

the far field and the near field pressures at each position by the input velocity.

H.5.4 Comparative of fluid coupling configurations

Three different fluid coupling configurations can be used to calculate the cou-

pled response of the cochlea. This depends on the magnitude of the higher order

modes used to account for the 3D propagation, which is used as an extra tun-

ing parameter for the cochlear responses, as already performed by [190]. These

configurations are:

1D Fluid coupling

In this case the pressure due to the 1D propagation of the fluid is obtained

from Equations H.55 and H.56. At the position of excitation, a delta sym-

bolises the added mass due to the loading of the 3D propagation of the

fluid, as can be observed in Fig. H.10a, so that

pN(x) = MFCδ(x− x0). (H.63)

The mass of the BM is obtained by the value given by Elliott et al. [257],

mBM=0.05 Kgm−2 plus the value due to the effective thickness of the BM,

which symbolises the delta function δ(x− x0). This allows the total “effec-

tive” mass of the BM, including near field fluid loading, to be taken into

account, allowing the mechanics of the organ of Corti to be studied. The

pressure distribution at an excitation point can be observed in Fig. H.10a,

and the coupled response obtained with this fluid distribution for a shoe

box model of the cochlea is shown in Fig. H.12.

3D Fluid coupling

In this case the 3D fluid propagation is given by Eq. H.60 for a cochlea

of uniform fluid chambers or by inverse Fourier transformation of the fluid

wavenumber. The fluid coupling matrix is formed as in Eq. H.59. The BM

mass has the value given by Elliott et al. [257], mBM=0.05 Kgm−2 and

the extra mass due to the fluid near field is implicit included in the fluid

coupling. The pressure distribution at an excitation point using this config-

uration is shown in Fig. H.10b, and the results for the velocity distribution
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of the coupled cochlea for a shoe box model are shown in Fig. H.12.

Diminished 3D coupling with extra mass

This configuration is a combination of the 1D and 3D cases. The pressure

distribution of this fluid coupling configuration is similar to that of the

1D case, in where a delta function of pressure loading at the excitation

position simulates the added BM, as shown in Fig. H.10c. In this case the

fluid coupling matrix is formed as

ZFC = ZL +∆TZN , (H.64)

where ZN is obtained from Eq. H.60 for a straight cochlear box or by

inverse Fourier transformation of the fluid wavenumber for a cochlea of

varying chambers [260]. The BM mass is obtained using the value given by

Elliott et al. [257]

mBM = 0.05 + ∆MρfT. (H.65)

The ratio ∆M

∆T
is used as a tuning parameter, allowing to select the amount

of higher order fluid modes to be considered when solving the coupled re-

sponse. These parameters can be varied from ∆M=1, ∆T = 0, to represent

a 1D fluid coupling configuration, until ∆M=0, ∆T = 1 to give a 3D fluid

coupling configuration. A detailed analysis of the effect the number of

higher order modes has in the coupled response is shown between Figures

H.12 and H.14.
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Figure H.10: Total pressure distribution for a guinea pig cochlea, including increased
effective BM thickness, for the different fluid coupling configurations, with a BM ex-
citation at 17 mm. The delta function components in blue symbolise the added mass
due to the effective thickness of the BM, whilst the delta function components in red
are due to fluid coupling. Results reproduced from [191].
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H.6 Initial responses of the model

A first set of responses have been obtained with a locally reacting model. These

responses have been studied and have been used to carefully tune the model.

The model uses the parameters shown in Table H.1, where it is also shown the

derivation from the original values given by Ramamoorhty et al.[190] for a guinea

pig.

H.6.1 Responses based in a shoe box cochlear model

The most simple approach to simulate a cochlea is to use a rectangular box model

of the cochlear chambers, commonly denominated “shoe box” model, as shown

by de Boer [188]. In a first instance, this is the approach that has been used to

model the cochlea and assess the effect that the different fluid configurations have

on the coupled response.

The dimensions of the cochlear chambers are shown in Fig. H.11a. The height

of both cochlear chambers and the width are assumed to be equal to 1 mm, and

the BM is assumed to increase from 0.2 mm at the base to 0.5 mm at the apex.

in where the long field coupling is calculated using Eqs. H.55 and H.56 and the

higher order modes have been calculated using Eq. H.60. The effective added

mass on the BM due to the action of the higher order modes of the fluid is shown

in Fig. H.11b. The distribution of pressure difference is shown at some positions

along the cochlea for a straight box model in Fig. H.11c, where the combination

of the far- and near-field components can be distinguished.
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Figure H.11: Shoe box cochlear chamber and BM dimensions and corresponding
effective mass due to the near field fluid. The lower image shows the calculated mean
pressure due to far- and near-field components in the fluid matrix when only a single
element of the discrete BM at x= 2.7. 7, 14 or 27 mm is driven sinusoidally with a
velocity of 10 mms−1 at 1 kHz.
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Figure H.12: Response of the coupled passive (dashed lines) and active (solid lines)
shoe box model of the cochlea using different fluid coupling configurations. Responses
shown between x=2.1 mm until x=34.9 mm, in increments of 2.1 mm.
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Figure H.13: Details of the passive (dashed blue) and active (solid red) coupled response of a shoe box cochlea using a 1D formulation of the
fluid coupling (left and middle left plots) and a diminished fluid coupling configuration where ∆M

∆T
= 0.5 (middle right and right plots). Upper

plots show the coupled velocity response when excited at the stapes by a sinusoidal of 1 ms−1, the medium plots show the impulse responses and
the lower plots show the frequency glides.
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Figure H.14: Details of the passive (dashed blue line) and active (solid red line) coupled response of a shoe box cochlea using a diminished fluid
coupling configuration where ∆M

∆T
= 0.42 (left and middle left plots) and a 3D fluid coupling (middle right and right plots). Upper plots show the

coupled velocity response when excited at the stapes by a sinusoidal of 1 ms−1, the medium plots show the impulse responses and the lower plots
show the frequency glides.
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Fig. H.12 shows magnitude and phase of the frequency responses at some posi-

tions along the length of the cochlea for a passive cochlea, γ = 0, and for an active

cochlea, γ = 1. Several fluid coupling configurations are studied. For the case of

a 1D fluid coupling case, the results show narrow peaks, with a maximum ampli-

fication of 24 dB. As observed, the phase lags after the CF are placed between

2 and 6 cycles. If the near field fluid coupling is increased, the peaks become

broader, and the quality factor of the responses decreases, however, a greater

amplification is achieved. As the near field fluid increases, the phase lag after the

CF also does. If the fluid coupling is selected to be fully 3D, the shape of the

responses varies largely. The 3D fluid configuration gives a large amplification at

low frequency, which is not believed to be found in a human cochlea, as discussed

by Robles and Ruggero [187].

Fig. H.13 and Fig. H.14 show more details of the coupled response at 4 mm and

14 mm along the length of the cochlea, for passive and active operation modes

using different fluid coupling configurations. Along these figures there are shown

the Bode plots of the velocity response and the impulse responses, obtained by

inverse Fourier transformation. The frequency glides are also presented, which

show the instantaneous frequency at a given time of the impulse response.

Theoretically, the BM has the same total mass per element independently of the

fluid configuration, as explained in Section H.5.4. It can be observed in the Bode

plots, however, how the peaks of the passive response are lowered in frequency if

more 3D fluid coupling is used, which suggests that loading of the effective mass

added by T is lower than the equivalent loading by the near field fluid. This has

also been observed in the results shown by Elliot et al. [260]. In the formulation

of the model, the response of the feedback loop providing the action of the CA is

out of the influence of the fluid coupling configuration, and so the peaks of the

active responses. By observing the Bode plots of Fig. H.13, it can be observed

how the CF of the active response are lowered in frequency with respect to the

CF of the lower response. For other fluid coupling configurations this aspect is

not observed, which suggests that for the values for the parameters used in the

model a 1D fluid configuration can not be applied, as a half-octave shift in the

CF is expected to be found between active and passive responses [264]. This is

also seen in the IRs, in where the active response zeros are more spaced than

those of the passive response, as they correspond to a lower frequency, which is

not consistent with the IRs observed in measurements, in where the period of the

2This parameters are shown in Table H.1
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active response is always reduced from that of the passive responses [194, 192].

H.6.2 Responses based on model with varying cochlear

chambers

Although a straight box cochlea provides a good approximation, a more refined

model can be obtained by using the dimensions of a real cochlea to calculate the

far- and near-field fluid coupling. By using the formulation developed by Elliott et

al. [257], it is possible to take into account the variation of area that the different

scalaes found in the cochlea present in a real specimen. The left hand side plot of

Fig. H.15 shows the assumed variation of area of the upper fluid chamber (scala

media and scala vestibuli) and the lower fluid chamber (scala tympani). These

areas were published by Elliott et al. [260], based on figures obtained by Zakis

and Witte [265], and posteriorly interpolated with a spline function. The BM

width, B, is assumed to increase linearly from 0.2 mm at the base to 0.5 mm at

the apex and the cochlear partition width, W , to be 1 mm all along the cochlea.
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Figure H.15: Assumed variation in the cochlear chamber dimensions and the corre-
sponding effective mass added to the BM due to the near field fluid. The lower image
shows the calculated mean pressure due to far- and near-field components in the fluid
matrix when only a single element of the discrete BM at x= 2.7. 7, 14 or 27 mm is
driven sinusoidally with a velocity of 10 mms−1 at 1 kHz.

The near-field component of the fluid is calculated by inverse Fourier transforma-
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tion of the wavenumber description of the total fluid and posterior subtraction

of the part correspondent to the far field fluid coupling [260]. The effective mass

which is added to that of the BM in this configuration is shown in the right hand

side plot of Fig. H.15. As it is observed, this is similar in magnitude to that

obtained for a straight box cochlea, with some ondulations due to the variations

in the fluid chambers. The distribution of pressure difference created with these

fluid chambers is shown in the lower plot of Fig. H.15. The pressure magnitude

is similar to that found in a straight box cochlea, but the shape of the curves is

slightly different.

Fig. H.16 introduces the coupled responses calculated from the model, together

with the impulse responses and the frequency glides. The coupled responses re-

semble those shown by Ramamoorhty et al. [190]. Prior to the peak of the active

response the magnitude of the response is slightly decreased, followed by a large

enhancement, due to the CA action. The IRs show a shape similar to that ob-

served in measurements [194], and so the glides for the active responses, which

stabilise around the frequency of the peak of the BM a few ms after the start of

the response [251].
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Figure H.16: Details of the passive (dashed blue) and active (solid red) coupled
response of the model with varying cochlear chambers using a diminished fluid coupling
configuration where ∆M

∆T
= 0.42. Upper plots show the coupled velocity response when

excited at the stapes by a sinusoidal of 1 ms−1., the medium plots show the impulse
responses and the lower plots show the frequency glides. The left hand side plots show
results for x=5.2 mm and the right hand side plots show results for x=10.2 mm.
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H.6.3 Calibration of the model

Since there is little work on relating the number of cochlear sections in the mdoel

to the number of rows of outer hair cells, N = 512 elements have been used to

simulate a human cochlea. Several configurations and sets of parameters have

been tried, until the best balance has been obtained. Attention has been put to

try to obtain responses which accurately replicate a human cochlea, aiming to

obtain:

� A maximum gain which simulates that of human cochlear filters.

� A half octave frequency shift between passive and active responses.

� A quality factor comparable to that observed in human cochlear tuning

estimates.

� A very small variance of the placement of the zeros of the impulse responses

with active gain.

� A growing glide that stabilises at a frequency after a certain time.

Fig. H.17 shows the amplification and the quality factor obtained with the fluid

coupling and cochlear chambers presented in Sections H.6.1 and H.6.2. It can be

observed how these two parameters are greatly affected by the amount of near

field fluid coupling used.

As it can be observed in Fig. H.17, a configuration which provides a good balance

between amplification and quality factor, is that found when varying cochlear

chambers and a fluid coupling of ∆M

∆T
= 0.42 are used, which suggests the use

of such set up as the final model. This configuration provides around 35 dB of

amplification at high frequency, which allows to replicate the hearing loss of the

standard ISO [12] and simulate hearing losses, as previously done with the Neely

and Kim model [201].

Fig. H.18 shows the magnitude and phase of the velocity of the cochlea when

this is excited by a sinusoidal velocity distribution at the stapes. Another way

of visualising the dynamics of the cochlea is by plotting the frequency response

of a certain point along its length, as shown in Fig. H.19. As observed in the

figure, the CF shifts in frequency about a half an octave between passive and

active cases, as observed in in vivo measurements [264] and about 33 dB of am-

plification are found around 16 kHz.
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quality factor, QERB, given by the model for straight and varying cochlear chambers
and various fluid coupling configurations.
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Figure H.18: Coupled active (solid lines) and passive (dashed line) BM velocity
distribution of the cochlea with varying chambers at excitation frequencies of 500 Hz,
1 kHz, 2 kHz, 5 kHz, 10 kHz and 20 kHz.
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Figure H.19: Response of the coupled passive (dashed lines) and active (solid lines)
cochlea with varying chambers using a diminished 3D fluid configuration with ∆M

∆T
=

0.42. Response shown between x=2.1 mm until x=34.9 mm, in increments of 2.1 mm.
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Appendix I

Outer and middle ear models

I.1 Stapes input impedance

The presented outer ear model is based on the ear canal model defined by Egolf

et al. [266] and the middle ear model of Kringlebotn [267]. The middle ear and

ear canal model are the same as the ones used by Emery Ku [268] and Jackie

Young [269].

In order to check if a middle ear model can be used, it is needed to see if the

stapes input impedance of our cochlear model is similar to the impedance used

for the stapes by Kringlebotn’s [267]. The cochlear input impedance as defined

by Emery Ku [268] is

ZIN =
PST

uSTAST

, (I.1)

with Ast = 0.00001 m 2 to obtain a volume velocity. The behaviour of ZIN

against frequency is shown in Fig. I.1.
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Figure I.1: Coupled cochlea input impedance as in Eq. I.1.

The value obtained for ZIN is plotted in acoustic ohms, giving a result close to

measurements performed by Puria [270], being ZIN the impedance value used to
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calculate other outer ear parameters.

I.2 Middle ear and ear canal models
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Figure I.2: Representation of the whole outer ear model.

The middle ear model used can be observed in Fig. I.2. By using a two port

network model the transfer function between the ear canal input and the staples

can be obtained. The whole two port network used can be observed in Eq. I.2.

The matrix that includes R is used to simulate an earplug.

[
PEC

QEC

]
=

[
1 0

1/R 1

][
TECED11 TECED12

TECED21 TECED22

][
TEDST11 TEDST12

TEDST21 TEDST22

][
PST

QST

]
. (I.2)

By multiplying the three transfer function matrices, a new transfer function ma-

trix that characterizes the whole system is obtained

[
1 0

1/R 1

][
TECED11 TECED12

TECED21 TECED22

][
TEDST11 TEDST12

TEDST21 TEDST22

]
= Tecst (I.3)

so that,

Tecst =

[
TECST11 TECST12

TECST21 TECST22

]
. (I.4)

The transfer function of interest is the one that occurs between stapes velocity

and the ear canal input pressure. Being PEC defined as

PEC = ZECQEC . (I.5)

The input impedance to the ear canal, ZEC, is then defined as

ZEC =
TECST11Zst + TECST12

TECST21Zst + TECST22
. (I.6)

The result obtained for ZEC can be observed in Fig. I.3, being similar to the
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ones obtained by Shaw & Stinson 1981 (Fig.7 of Kringlebotn’s model [267]) until

6 kHz. Up to this frequency there can be observed that the response is quite

peaky. There are not well known measurements up to these frequencies, as the

response varies largely and depends on each individual.

10
3

10
4

120

140

160

180

|Z
ec

|, 
(d

B
 r

e 
K

gm
−

3 s−
1 )

Frequency, (Hz)

10
3

10
4

−2

−1

0

1

2

Frequency, (Hz)

∠
 Z

ec
 (

π 
ra

ds
)

Figure I.3: Acoustical impedance seen at the input of the ear.

By using Eq. I.5 the forward transfer function between input pressure and stapes

velocity is obtained

QEC = TECST21PST + TECST22QST (I.7)

QST

QEC
= (TECST21ZST + TECST22)

−1 (I.8)

uST

PEC
= [ZECAST (TECST21ZST + TECST22)]

−1 .

(I.9)

As ZST , Emery used in his thesis to be equal to 1.1010 acoustics ohms. Here it

is used the impedance plotted in Fig. I.1. The transfer function of interest is

that between the input pressure at the ear canal and the stapes linear velocity,

which is the input to the cochlear model we are using. This transfer function is

denominated as, uST

PEC
, which can be observed in Fig. I.4.

Following, there are shown other forward transfer functions used by different

authors. Kringlebotn uses the Forward Pressure Gain, FPG, that he defines as

“sound pressure difference across the cochlear partition at the basal end, divided

by sound pressure at the ear drum”. It can be obtained by performing

FPG =
PST

PED
= TEDST11 +

TEDST12

ZST
. (I.10)
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Figure I.4: Forward transfer function between the input pressure to the ear canal and
the velocity of stapes uST

PEC
.

The result can be observed in Fig. I.5, using Zst as the one defined in Eq.

I.1 or using ZST 1.1e10 acoustic ohms. Another parameter that we introduce
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Figure I.5: Forward pressure transfer function between the eardrum and the stapes
area.

here is the Overall Forward Pressure Gain, OFPG, which takes into account the

amplifying effect of the ear canal. OFPG is defined as

OFPG =
uST

PEC

ZST , (I.11)

which result can be seen in Fig. I.6.

Emery Ku defines the forward transfer function as the ratio between the acceler-

ation of the stapes footplate, aST and the volume displacement in the ear canal
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Figure I.6: Overall forward pressure transfer function between the eardrum and the
stapes area.

∫
QST , i.e.,

aST∫
QEC

=
−ω2

AST

QST

QEC
(I.12)

The result obtained for this transfer function can be observed in Fig. I.7.
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Appendix J

List of the equipment used for

the real-time measurements

J.1 Measurements procedure

J.1.1 Transfer function and directivity estimation

Figure J.1: Measurement set-up used for estimating a transfer function, H1 between
a source and a microphone.

The transfer functions of the loudspeakers used in this thesis have been obtained

using the H1 estimator, which is defined by [120]

H1(jω) =
Sxy(jω)

Sxx(jω)
(J.1)

where Sxx(jω) and Sxy(jω) represent the auto spectra of the input voltages to

each source and the cross spectra between the input voltage to each source and the

output voltage of each microphone . These two parameters have been obtained

by performing measurements, using white noise as excitation, of the input voltage

to the loudspeaker and the output voltage from the microphone, which can be

observed in Fig. J.1. Such voltages were registered using a computer using
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Matlab together with a National Instruments cDAQ-9178 acquisition card. The

quality of the measurements has been assessed by using the coherence estimator,

γ2
x,y(jω), which is defined as

γ2
x,y(jω) =

|Sxy(jω)|2
Syy(jω)Sxx(jω)

, (J.2)

and which must be close to 1 for the estimation to be accurate.

The estimation of the directivities has been performed by measuring the transfer

functions of a source by a surrounding circumference of microphones. For the

measured real time directivity plots, the measured acoustical pressures are shown

instead of the measured transfer functions.

J.2 Measurement of real time performance of

arrays

� Laptop or PC running Matlab 2011 a with data acquisition toolbox

� National Instruments cDAQ-9178, Compact DAQ 8-slot USB Chassis

� 2x National Instruments 9263, 4-channel output module

� 4 National Instruments 9234, 4-channel input module

� 8 channel power amplifier, custom built in the ISVR workshops

� 7 PCB Piezotronic 130A24 microphones

� 1/2” microphone calibrator

J.3 Measurement of loudspeaker directivities

� Laptop or PC running Matlab 2011 a with data acquisition toolbox

� National Instruments cDAQ-9178, Compact DAQ 8-slot USB Chassis

� National Instruments 9263, 4-channel output module

� 3 National Instruments 9234, 4-channel input module

� 12 Panasonic WM-063T electret condenser microphones

� 12 electret microphone pre-amplifiers (custom built)
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� 1/4 Microphone calibrator

� Power amplifier: HH Electronic VX-200
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