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ABSTRACT

Binaural hearing aids are the most advanced hearing compensation device for people
with mild to moderate hearing loss in both ears. It consists of a pair of hearing aids with
a communication channel that is used to share signals and control parameters. Due to
this characteristic, these devices can use binaural noise reduction techniques that jointly
increase the power of the emitted signals, which improves the quality and intelligibility
of speech; and preserve information associated with the perception of acoustic sources,
which allows the correct spatial location of these sound sources. The binaural multichannel
Wiener filter (MWF) is one of the most studied approaches for binaural noise reduction.
The MWF design is based on minimization of the mean squared error cost function and
generates filters that reduce additive noise. To maintain the correct spatial perception
of the location of acoustic sound sources, terms that penalize solutions that distort the
spatial perception of sound sources are added to the cost function that characterize the
MWF. In this context, this thesis presents three contributions to improve different aspects
of techniques based on the MWF. The first contribution is a method for the automatic
adjustment of techniques based on the MWF cost function, which aims to maintain the
desired noise reduction performance and preserve the spatial perception of sound sources
in situations where there is a variation in the power of the signals captured by the hear-
ing aid microphones. The results obtained from simulations of acoustic scenarios and
psychoacoustic experiments carried out with human beings indicate that the proposed
method maintained the desired trade-off between noise reduction and perception of the
spatial position of sound sources. Competing techniques, for example, cannot maintain
the performance setup in situations where there is variation in the power of the input
signals, a problem that does not occur in the proposed technique. The second contribution
is a closed-form solution for the MWF with preservation of the interaural level difference
(ILD). Simulations were performed to compare the proposed closed-form solution with
the traditionally used MWEF' technique with preservation of ILD, which uses numerical
optimization methods. The results show that the proposed technique considerably reduces
the calculation time of the noise reduction filters while maintaining the same noise re-
duction performance and preservation of spatial location cues compared to the technique
traditionally used. Finally, the third contribution is a set of three techniques that can be
used to preserve binaural information from point sources and to preserve this information
in diffuse sources. The first technique is a new cost function used in unconstrained opti-
mization, the second technique is based on optimization with quadratic constraints, and
the third technique is based on semidefinite optimization. The results obtained show that
the new cost function and the technique based on optimization with quadratic constraints
preserve both the perception of point sound sources and that of diffuse sound sources, a
characteristic that is not presented by any state-of-the-art technique based on MWF. The
third technique reduces the time required to calculate noise reduction filters. In addition,
it preserves binaural information from point sources, distorts the perception of diffuse
sources, and has a noise reduction performance equivalent to that presented by the MWEF.

Keywords: binaural hearing aids, noise reduction, binaural cues, Multichannel Wiener
Filter.
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RESUMO

Aparelhos auditivos biauriculares sao os aparelhos de compensacao auditiva mais
avancados para pessoas com perdas auditivas leve a moderada em ambas as orelhas.
O dispositivo consiste em um par de aparelhos auditivos com um canal de comunicagao
usado para compartilhar sinais e parametros de controle. Devido a essa caracteristica, esses
dispositivos podem empregar técnicas de reducao biauricular de ruido que, conjuntamente,
reduzem a poténcia de sinais indesejados, o que melhora a qualidade e inteligibilidade da
fala; e preservam informagoes associadas & percepcao de fontes actusticas, o que permite a
correta localizacao espacial dessas fontes sonoras. O filtro biauricular multicanal de Wiener
(multichanel Wiener filter — MWF) é uma das abordagens mais estudadas para reducao
biauricular de ruido. O projeto do MWF é feito a partir da minimizacao da fungao custo
do erro quadratico médio e gera filtros que reduzem o ruido aditivo. Para se manter a
correta percepcao espacial da localizacao de fontes sonoras acusticas, termos que penalizam
solugoes que distorcem a percepcao espacial das fontes sonoras sao adicionados a fungao
custo que caracteriza o MWF. Neste contexto, esta tese apresenta trés contribuicoes para
melhorar diferentes aspectos das técnicas baseadas no MWEF. A primeira contribuigao é
um método para o ajuste automatico de técnicas biauriculares baseadas no MWF que visa
a manter o desempenho de reducao de ruido desejado e preservar a percepcao espacial
de fontes sonoras em situagoes em que ha variacao de poténcia dos sinais captados pelos
microfones dos aparelhos auditivos. Resultados obtidos a partir de simulagoes de cenarios
acusticos e de experimentos psicoactusticos realizados com seres humanos indicam que o
método proposto manteve o compromisso desejado entre redugao de ruido e percepgao da
posicao espacial de fontes sonoras. As técnicas concorrentes, por exemplo, nao conseguem
manter o desempenho projetado em situagoes em que hé variagao de poténcia dos sinais
captados, problema que nao ocorre na técnica proposta. A segunda contribuicao é uma
solugao de forma fechada para o MWEF com preservacao da diferenga de nivel interauricular
(interaural level difference — ILD). Simulagoes foram realizadas para comparar a proposta
de solucao de forma fechada com a técnica tradicionalmente utilizada do MWF com
preservagao de ILD, que utiliza métodos ntimeros de otimizagao. Os resultados mostram
que a técnica proposta reduz consideravelmente o tempo de calculo dos filtros 6timos de
reducao de ruido enquanto mantém o mesmo desempenho de reducao de ruido e preservacao
das pistas de localizagao espacial comparado a técnica tradicionalmente utilizada. Por
fim, a terceira contribuicao ¢ um conjunto de trés técnicas que podem ser utilizadas tanto
para preservacao das informacoes biauriculares de fontes pontuais quanto para preservacao
dessas informagoes em fontes difusas. A primeira técnica é uma nova fungao custo utilizada
em otimizagao sem restricao, a segunda técnica é baseada em otimizacao com restrigoes
quadraticas, e a terceira técnica é baseada em otimizagao semi-definida. Os resultados
obtidos mostram que a nova func¢ao de custo e a técnica baseada em otimizagao com
restrigoes quadraticas preservam tanto a percepcao de fontes sonoras pontuais quanto a de
fontes sonoras difusas, caracteristica que ultimamente nenhuma técnica baseada em MWF
apresenta. A terceira técnica apresenta um tempo menor para o calculo dos filtros de
reducao de ruido. Além disso, ela preserva as informagoes biauriculares de fontes pontuais,
distorce a percepcao de fontes difusas, e possui um desempenho de redugao de ruido
equivalente ao apresentado pelo MWF.

Palavras-chave: Aparelhos auditivos biauriculares, informacoes biauriculares, filtro mul-
ticanal de Wiener.
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RESUMO ESTENDIDO

Aparelhos auditivos biauriculares sao os dispositivos mais avancados para a com-
pensacao de perdas auditivas leves a moderadas. Consistem em um par de aparelhos
auditivos, posicionados um em cada orelha, que se comunicam através de um canal de
comunicacao sem fio, de forma a compartilhar sinais e parametros de controle. Devido
a essa caracteristica, esses dispositivos podem empregar estratégias de reducao de ruido
para, conjuntamente, reduzir a poténcia de sinais indesejados (o que pode melhorar a
qualidade e a inteligibilidade da fala) e preservar informagoes associadas as pistas actsticas
espaciais (o0 que permite manter a percepgao espacial do cenario actstico). O filtro biau-
ricular multicanal de Wiener (multichanel Wiener filter - MWF) é uma das abordagens
mais estudadas para reducao biauricular de ruido. O projeto do MWF ¢ feito a partir
da minimizacao do erro quadratico médio entre o sinal desejado e o sinal contaminado
processado. No caso biauricular, termos que penalizam solugoes que distorcem as pistas
biauriculares sao adicionados & funcao custo original. Neste contexto, esta tese apresenta

trés contribuigoes para melhorar diferentes aspectos de técnicas baseadas no MWEF.

A primeira contribuicao é um método para projetar o parametro de ponderacao
da fungao custo aumentada de métodos de reducao de ruido baseados no MWF' biauricu-
lar. O parametro em questao estabelece o compromisso desejado entre reducao de ruido e
preservacao das pistas biauriculares. A estratégia proposta foi derivada especialmente para
a preservagao da diferenca interauricular de nivel (interaural level difference — ILD), da
diferenga interauricular de fase (interaural time difference — IPD) e da coeréncia interauric-
ular (interaural coherence — IC). A estratégia proposta é definida em fungao da poténcia
média do ruido de entrada nos microfones, conferindo robustez contra a influéncia de
mudangas conjuntas da poténcia do ruido e da fala (efeito Lombard), bem como variagoes
da razao sinal-ruido. Um arcabougo teérico baseado na definicao matematica do grau de
homogeneidade é apresentado e aplicado a uma funcao custo genérica aumentada baseada
no MWF'. Os insights teoéricos obtidos sao suportados por simulagoes computacionais e
experimentos psicoaciisticos usando o MWF com preservacao da funcao de transferéncia
interauricular do ruido (MWEF-ITF), como um estudo de caso. A anélise estatistica indica
que, em comparacao com o uso de um parametro de ponderagao fixo (usualmente utilizado
na literatura), a estrutura e o método de projeto propostos oferecem robustez significativa
contra alteracoes nas pistas biauriculares do ruido, ao custo de uma pequena diminuicao
do desempenho de redugao de ruido e uma modesta distor¢ao das pistas biauriculares da

fala.

A segunda contribui¢cao é um método de reducgao de ruido baseado no MWF com
preservagao da ILD. A proposta minimiza a fun¢ao custo do MWF sujeita a duas restrigoes
quadréticas para preservacao da ILD. Nesta abordagem, o coeficiente de ponderacao que

estabelece o compromisso entre reducao de ruido e preservagao da pista biauricular apre-
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senta uma interpretacao fisica, o que facilita o seu projeto. A abordagem proposta resulta
em um problema de otimizacao convexa que admite uma solucao semi-analitica de forma
fechada computacionalmente eficiente. Experimentos de simulagao em aplicagoes com apar-
elhos auditivos foram realizados considerando cenérios actusticos quotidianos. Para um
conjunto adequado de parametros de controle, o desempenho médio do método proposto
preserva a ILD da fonte interferente da mesma forma que o MWF-ILD convencional e
mantém o mesmo nivel de redugao de ruido do MWF classico, com aproximadamente a
mesma quantidade de distorcao da ILD da fala. O método proposto é particularmente
interessante para implementagoes computacionalmente eficientes de métodos de reducao

de ruido em tempo real em aparelhos auditivos biauriculares.

Por fim, a terceira contribuicao ¢ um conjunto de trés técnicas que podem ser
utilizadas tanto para preservacao das informagoes biauriculares de fontes pontuais quanto
de campos sonoros difusos. A primeira técnica é uma nova fun¢ao custo composta por
um termo para preservagao da ILD e outro para IC. Inicialmente, o projeto dos filtros
de reducao de ruido é feito a partir de um processo de otimizacao sem restrigao. Apesar
dos resultados bem sucedidos da técnica proposta na reducao de ruido e preservacao de
pistas espaciais, uma importante limitagao é o tempo necessario para o calculo dos filtros.
A segunda técnica proposta reformula o problema original do MWF com preservacao de
ILD e IC e coloca os termos da nova funcao custo como restricoes de um problema de
otimizacao, que sao posteriormente transformadas em fun¢oes quadraticas dos coeficientes
do filtro. Como consequéncia da reformulacao realizada, o controle dos erros nas pistas
biauriculares pode ser feito de forma mais eficiente, o que diminui o tempo de calculo.
A terceira técnica é uma reformulacao da técnica com restrigoes quadraticas que utiliza
uma restricao semi-definida e foi desenvolvida para reduzir ainda mais o tempo de calculo
dos coeficientes. A avaliacao das técnicas propostas foi realizada a partir da simulacao de
cenarios acusticos relevantes para a aplicacao em questao. Os resultados indicam que as
técnicas baseadas no processo de otimizacao sem restricao e a com restricoes quadraticas
conseguem preservar as pistas biauriculares de fontes pontuais e de campos sonoros difusos,
resultado inexistente no estado da arte. Por outro lado, a técnica que utiliza otimizacao
com restricao semi-definida, embora diminua substancialmente o tempo de calculo dos
coeficientes e resulte em niveis de reducao de ruido compativeis com o MWEF' | nao preserva

efetivamente as pistas espaciais de campos acusticos difusos.

Palavras-chave: Aparelhos auditivos biauriculares, informagoes biauriculares, filtro mul-

ticanal de Wiener.
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Number of microphones in the hearing aid of side ¢

0oSNRy;, Overall bin output SNR in the reference microphone of hearing aid ¢

Dar

Sg

U m

Generic processed set of samples at hearing aid of side ¢

Distance between a source and the center of binaural coordinate system
Interfering signal generated by the source

Speech signal generated by the source

Interfering signal in the microphone m of side ¢
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Up.m  Received total noise

zy.;m  Received speech signal

Ty, Speech signal in the microphone m of side £
Yo,;m Noise in the microphone m of side £

Yo,m Noisy signal in the microphone m of side ¢
Yo,m Noisy signal

Yo,m Overall noise in the microphone m of side £
2y Processed signal at side ¢

Matrices

i’(,) Coherence matrix

Operators

(o)1 Inverse element

L(O) Unwrapped phase of a complex number
E{e} Expected value

Vw{e} Gradient vector with respect to vector w
Tr{e} Trace of a square matrix

{e} Hermitian transpose

{e}T Transposition

{-}1 Moore-Penrose inverse (pseudo-inverse)

Vectors
v Overall noise vector normalized by the square root of the noise power
X Speech vector normalized by the square root of the speech power

as ;, Vector of acoustic transfer function from the desired source to the microphones of

the hearing aids

by, Vector of acoustic transfer function from the interfering source to the microphones

of the hearing aids

d Generic vector of samples from both hearing aids
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n Binaural interfering signal vector

n Binaural noise vector

q Binaural selection vector

qy Selection vector of the reference microphone of the haring aid at side ¢
v Binaural overall noise vector

vy Vector of overall noise samples in the hearing aid ¢

\4 Binaural noise reduction filter

wy  Noise reduction vector of the hearing aid ¢
X Binaural speech signal vector
Xy Vector of speech samples in the hearing aid /¢

xgNR Speech Speech vector normalized by the square root of the speech power and
multiplied by the input SNR

y Binaural noisy vector

Yy Vector of noisy samples in the hearing aid ¢
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1 INTRODUCTION

Human hearing plays a fundamental role in the communication process. Conse-
quently, an untreated loss in hearing capacity can affect personal and professional relation-
ships, negatively affecting quality of life, can put people at risk [1] and is correlated with
other health problems [2]. Noise reduction methods embedded in assistive hearing devices,
such as hearing aids (HAs), reduce noise while avoiding speech distortion [3], and improve
quality [4] and speech intelligibility [5]. Therefore, these methods directly contribute to the
social well-being and living conditions of hearing-impaired people. However, in addition to
reducing noise, noise reduction methods may affect the sound impression of the acoustic
scenario, impairing the user’s ability to take advantage of visual information, for instance.
To mitigate this problem, this thesis mainly focuses on the development of methods that

jointly reduce noise and preserve the acoustic impression of the sound source.

1.1 JUSTIFICATION

The last Brazilian census, carried out in 2010, estimated the number of people
deaf or hearing impaired to be about 5.2% [6]. This represented a total of 9.8 million
inhabitants!. Since 2004, this group is under the national hearing care policy, which
distributes hearing aids and performs cochlear implant operations through the unified
health system, among other actions.

Until 2018, estimates by the World Health Organization (WHO) indicated that
6.1% of the world population, or 466 million people, had some type of hearing loss [7].
WHO also highlights that untreated hearing loss has an annual impact of $760 billion for
the global economy. Due to aging and growth of the world population, if nothing is done,
projections indicate that the number of people with disabling hearing loss may reach 630
million people in 2030 and 900 million in 2050. In this context, hearing aids have the
benefit of increasing quality of life, as well as improving cognition and communication
skills [8].

Despite the benefits mentioned, the main complaint of hearing aid users is acoustic
noise. Figure 1 presents the results of a keyword search carried out based on the academic
database Scopus. Figure 1 (a) shows the number of occurrences over time for the research:
“’hearing aids’ AND (‘noise reduction’” OR ’speech enhancement’)’. Figure 1 (b) presents
the results obtained from the keywords of the previous search plus the term ’binaural’. In
both, there is an increase in interest in research for both traditional HAs and binaural
HAs (HAs that share information).

Restoring hearing capacity to normal levels involves not only reducing noise but

L This group is divided into approximately 344,200, who cannot hear (deaf); 1 million and 800 thousand

with great difficulty in hearing, and 7 million and 600 thousand who have some difficulty, even using
hearing aids.
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Figure 1 — Search results by keywords in scopus.com. Number of articles published in
two topic groups per year: (a) “’hearing aids’ AND (‘noise reduction’ OR
‘speech enhancement’)”; e (b) “ hearing aids’ AND (‘noise reduction” OR ’speech
enhancement’) AND ’binaural’ ”.
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also preserving a number of other abilities performed by the human auditory system,
including binaural hearing. Therefore, methods that address this problem are of great

importance.

1.2 HEARING AIDS AND NOISE REDUCTION

Hearing aids are electronic devices that can compensate for mild to moderate
hearing loss |9]. The first written record of a device used to help a person with hearing
loss dates from the 17th century in a text by Francis Bacon [10]. Such early devices were
bugle-shaped and made of animal horns, metal, or wood. The sound amplification was a
direct consequence of the acoustical properties of the material’s shape and composition.
Throughout the 20th and 21st centuries, HAs have followed the development of technology
in different areas, resulting in changes in its shape, size, and usage. They changed from
purely analog devices to gadgets with digital technology.

Communication in noisy environments is a common everyday situation. The pres-
ence of noise decreases the intelligibility and quality of the speech, especially for hearing-
impaired persons. Therefore, noise reduction methods are an important part of HAs since
they reduce the power of the undesired signals, such as those that originate from reverbera-
tion, impulsive noise, or wind [11]. Experiments carried out with HAs users under real-life
usage indicated that noise reduction methods decrease auditory effort, improve sound
quality, and facilitate the localization of sound sources [11]|. In general, users prefer to en-
able noise reduction methods in their HA devices [12]. Therefore, noise reduction methods
are an essential part of modern HAs since they improve the quality and intelligibility of

noisy speech [13, 14].
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1.3 BINAURAL HEARING AND SOUND SOURCE LOCALIZATION

Binaural hearing is the ability of the human auditory system to combine and
compare information from acoustic signals captured in both ears. It increases speech

2 compared to the case in which only one ear is stimulated [15]. By using signals

loudness
at both ears, the auditory system creates sound objects that facilitate the localization,
separation, and identification of sound sources [16].

An example of the binaural hearing advantage occurs when a person listens to the
desired speaker while another (undesired speaker) speaks simultaneously. If the spatial
positions of both the desired and undesired speakers are close enough, an effect known as
“spatial masking” occurs. In such a situation, information from the desired speaker may be
missed due to its proximity to the undesired source. Consequently, there may be a decrease
in perception and understanding of the desired content of the information. However, if
the undesired speaker moves away, spatial masking decreases, leading to an increase in
intelligibility and a reduction in the necessary cognitive effort. This phenomenon is called
spatial release from masking [17-19].

The sound signal that reaches the ears carries information about the spatial at-
tributes of the sound source. Therefore, the ability of the auditory system to localize,
segment and track a sound source depends on interaural dissimilarities [16], that is, on
the difference between the signals that reach the ears. The spatial localization of a point
source in the horizontal plane by the auditory system is mainly made by two binaural
cues: i) the interaural time difference (ITD), which originates from the difference between
the arrival times; and ii) the interaural level difference (ILD), which originates from the
difference between the intensities at both ears.

Another important binaural cue is interaural coherence (IC), which affects the
perception of ILD and ITD in scenarios where the signals in both ears do not have
perfect correlation with each other. When the number of point sources in the environment
increases, the directionality of the resulting sound field is lost. In the limit, when this
number becomes very large, there is no perception of direction in the acoustic field, which
is then called a diffuse sound field. In this scenario, the IC is the main binaural cue, since
it is related to the apparent width of the acoustic field |20, 21].

With normal hearing, the auditory system naturally preserves the binaural localiza-
tion cues, i.e., information used to localize sound sources. However, this ability is severely
reduced for hearing aid users, particularly for bilateral HAs, in which the signal in each
ear is processed independently of the other. Due to the distortions in the ILD, people
using bilateral HAs can perceive the sound of a single source as coming from two different
spatial locations [22]. Due to this, bilateral HA users locate a sound source more easily

when they do not use their devices [23]. As a consequence, the sound provided by the HAs

2 Loudness is the perceived sound volume
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to the user may not have adequate information to locate a sound source in the acoustic
environment. This reinforces the need to include the preservation of binaural cues in the

design of noise reduction methods.

1.4 BINAURAL NOISE REDUCTION METHODS

To restore binaural hearing capacity, binaural HAs are the most advanced option on
the market for hearing-impaired people. These gadgets employ a wireless communication
link between the two HAs, by which signals and control parameters are exchanged, thus
increasing the diversity of information. The presence of this link allows the development of
noise reduction methods with significantly better performance compared to the methods
available for bilateral HAs. Moreover, it also makes it possible to preserve the binaural
cues of the signals, thus preserving the original location of the sound source.

Binaural noise reduction methods must be designed considering three main objec-
tives [24, 25]: 1) decrease the power of undesired signals; ii) limit distortions in speech; and
iii) reduce distortions in the binaural cues of the received signals. The first two objectives
are associated with the traditional noise reduction problem and influence the quality and
intelligibility of the speech signal. The last objective characterizes the binaural meth-
ods and aims to explore the advantages of binaural hearing to restore auditory spatial
awareness of the environment, providing the user with an auditory notion of the spatial
arrangement of sound sources.

Since binaural cues are a function of signals in both ears, binaural noise reduction
methods need at least two microphones (one in each ear) to function properly. There-
fore, they consist of multichannel noise reduction methods which can exploit the spec-
trotemporal information and the spatial information captured by the set of two or more
microphones.

The binaural multichannel Wiener filter (MWF) is one of the most used methods for
binaural noise reduction. It determines a linear estimator that is computed by minimizing a
cost function based on the mean squared error between the desired signal and its estimated
version. Its implementation depends exclusively on second-order statistics. In principle,
the location of the desired source is not needed for its design, which makes the MWF
robust to changes in the location of the source. In its parameterized form, the MWF can
establish a compromise between speech distortion and noise reduction. Another important
feature of the MWF is that it can be decomposed into two filters: one that performs
spatial filtering, and another that can be interpreted as a spectral mask [26]. Regarding
the preservation of sound sources, the MWF does not severely affect the ILD, ITD and
IC of the desired speech source [26], leaving its perceived location intact.

However, the MWF has important disadvantages. First, it is sensitive to errors in the
estimation of second-order statistics, resulting in a decrease in noise reduction performance,

which affects speech quality and intelligibility [26]. In addition, such errors may degrade
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the binaural cues of the desired speech signal and cause, from the perceptual point of
view, a shift in the perceived position of the desired source towards the interfering source.
Second, the binaural cues of the interfering source and the perception of the ambient noise
may be distorted, changing their location towards the desired source. Therefore, the MWF
may not achieve the objective of preserving spatial awareness of the acoustic scenario in

the signals captured by the HAs.

1.5 PRESERVATION OF BINAURAL CUES

Different methods have recently been proposed to reduce the distortions introduced
by the MWF in the interfering signal by calculating a spatial filter resulting from the
minimization of an augmented cost function, that is, a cost function comprised of the
MWF cost function and an additional term related to preservation of a binaural cue. The
importance of each term in the augmented cost function is determined by a parameter
that, in principle, should be adjusted by the system designer. This parameter generally
depends on the statistical characteristics of the input signals and on the acoustic scenario,
and must be carefully selected so that both the noise reduction and spatial preservation
objectives are met.

The first cost function for preserving the binaural characteristics of an interfering
source was proposed in [27]. The main idea for the design of this cost function is to penalize
distortions in the ILD and ITD of a point source by minimizing the mean square error
between the ILD and I'TD of the input signals and of the signals processed by the hearing
aids.

Furthermore, considering the case of an interfering point source, in [28] a cost
function based on the interaural transfer function (ITF) was proposed. It intrinsically
carries information about both ITD and ILD [29]. This approach uses a single cost function
based on the mean squared error between the average reference ITF and the instantaneous
ITF of the interfering processed signal.

Considering the situation of a desired source immersed in a diffuse sound field, in
[30] an extension of the MWF with an additional cost function was proposed to minimize
errors between the IC of the input and processed signals. Its objective was to preserve the

perception of the signal coming from a diffuse sound field.

1.6 CHALLENGES WITH THE EXISTING METHODS

Despite the important advances in the development of methods for binaural cue
preservation in noise reduction, existing methods face fundamental challenges when used
in real-life scenarios, which prevent them from delivering satisfactory results. We discuss

three major challenges below.
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1.6.1 The effect of the power variation in the augmented MWF cost function

One situation that can affect the performance of binaural noise reduction methods
is a variation in the power of the input signal. This can occur, for example, in situations
in which the power of the speech signal varies according to the power of the interfering
signal, a phenomenon known as Lombard effect [31]. This phenomenon may affect the
adjustment of the weight parameter between the cost functions, significantly altering the
performance of the noise reduction filters. Therefore, a robust design of this parameter is
of fundamental importance for binaural noise reduction methods based on the addition of
terms to the MWF cost function.

1.6.2 Efficient methods for MWF-based noise reduction

The design of binaural noise reduction filters using MWF-based methods is per-
formed by solving nonconvex unconstrained optimization problems. This approach presents
notable performance in offline experiments; however, it is inappropriate for online imple-
mentation in embedded systems with severe computational limitations, such as in HA
applications, since the time taken to compute the coefficients is too high. Therefore,
MWF-based methods that admit simple strategies to compute the filter coefficients are of
paramount importance, since they can be implemented in real life HA hardware. This is

a still open research field for augmented MWF methods.

1.6.3 A multichannel Wiener filter approach for preservation of the main binau-
ral cues

Several binaural noise reduction methods have been proposed to preserve some of
the binaural cues important for the localization of sound sources. However, none of these
proposals promotes the joint preservation of the three main important binaural cues: ILD,
ITD and IC. This means that each of the binaural noise reduction methods available in
the literature is restricted to some specific acoustic scenario, and, in the eventual change
of the acoustic scene, a classifier is needed to identify the change and choose the most
appropriate cost function for the situation. Therefore, a technique that can preserve the

principal binaural cues is important, as it can be used in different acoustic scenarios.

1.7 OBJECTIVES

From the context of the binaural noise reduction methods presented above, the
general and specific objectives of this work are defined below.

The general objective of this work is to propose MWF-based binaural noise re-
duction methods for applications in binaural hearing aids, considering acoustic scenarios
composed of a desired source and a generic noise field.

The particular objectives of this work are:
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a) Develop new methods that can deal with changes in the acoustic environment and

in the power of the received signals.

b) Propose time-efficient methods based on the multichannel Wiener filter for the

preservation of binaural cues.

c) Validate the propositions through extensive experiments.

1.8 THE MAIN CONTRIBUTIONS OF THIS THESIS

The main contributions of this thesis include new, theoretically motivated methods
that address the challenges aforementioned and extensive experimental validation.

The first contribution, presented in Chapter 3, is a method for designing the
parameter that sets the trade-off between the two important parts of the MWF-based
technique. The proposed method is designed for acoustic scenarios consisting of one speech
source with either an point noise source |27, 28| or a diffuse noise field [30]. The strategy
automatically adjusts the trade-off parameter to maintain the desired noise reduction
performance without changing the perception of the location of an acoustic source. The
approach can be applied directly to a variety of noise reduction methods for binaural
hearing aids, such as [27, 28, 32-35| and [36].

The second contribution, presented in Chapter 4, is a closed-form solution for
the MWF with the ILD preservation problem (MWF-ILD problem). The solution has
parameters that are easier to design, since they are intuitive and directly linked to physical
measures, compared to the parameters of the traditional approach to solve the MWF-ILD
problem. The solution is guaranteed to be the globally optimal solution (exact solution)
of the original problem. Finally, the derived solution severely reduces the time it takes to
find the noise reduction filters, compared to the traditional approach.

The third contribution, presented in Chapter 5, is a new cost function design to
preserve the main important binaural cues used to provide a realistic impression of the
position and diffuseness of an acoustic source. To this end, the proposed cost function is

used to preserve the binaural impression of signals generated by point sources or diffuse

fields.

1.9 ORGANIZATION

This text is divided as described below. Chapter 2 presents the concepts and
definitions necessary to understand the research topic. Chapter 3 discusses the problem
of lack of homogeneity of terms that comprise MWF-based binaural noise reduction.
From the analysis of this problem, a strategy for designing the parameter that sets the
trade-off between the two important parts of the augmented MWEF-based technique is

proposed. This approach prevents that variations in the power of the input signal affect the
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performance of the methods. Chapter 4 presents some important mathematical limitations
of the MWF with ILD preservation in the form of an optimization problem. From these
limitations, we propose a different reformulation of the original optimization problem,
which results in a closed-form solution to the MWF-ILD technique. Chapter 5 deals with
the problem of how to preserve the ILD, IPD, and IC using a single binaural cost function.
The first proposition is a new cost function composed of terms that preserve both the
ILD and IC of the noise source. The second proposition is a technique that approximates
the solutions of the new cost function based on constrained optimization. A simulated
acoustic scenario was used to assess the performance of the proposed techniques. The
results show that the noise reduction coefficients designed using such approaches can be
used to preserve binaural cues of point sources and diffuse fields with approximately the

same noise reduction performance.
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2 BACKGROUND

This chapter presents concepts and definitions related to anatomy, psychoacoustic,

mathematics, and HA technology that will help the reader throughout this thesis.

2.1 NOTATION

Throughout this text, lowercase italic symbols represent scalars (e.g., a), while
lowercase and uppercase bold symbols denote, respectively, vectors (e.g., a) and matrices
(e.g., A). The subscripts in lowercase italic letters {e}, denote indexes, while literals are

AN

denoted by uppercase letters {e};,. The terms “minimum”, “argument that minimizes”
and “subject to” are abbreviated to “min.”, “arg.min.”; and “s.t.”, respectively. The matrix
inequality representation A > 0 (A > 0) means A is positive (semi-)definite. The vector
inequality representation a > 0 (a > 0) means that all elements of a are greater (or equal)
than 0. The equivalent meaning is considered for a < 0 (a < 0). The zero matrix of
dimension m x n is represented as 0,,x 5. The identity matrix is represented as I, and its
dimension is defined by the context. The sets of real, positive real, and complex numbers
are represented as R, R, |, and C, respectively. The operator diag(e) creates a diagonal
matrix with its arguments and handles different sizes of the input arguments, e.g., for the

scalar a and a square matrix A of order m, diag(a, A) leads to the following.

a 01xm

diag(a,A) = (1)

0m><1 Am><m

The whole mathematical notation is defined in the list of symbols.

2.2 INTERAURAL COORDINATE SYSTEM

Figure 2 depicts the interaural coordinate system, i.e., each point in space is
specified relative to the orientation of the head. The origin of the coordinate system is the
midpoint of the imaginary line that joins the entrances of the ear canals. Mathematically,
the coordinate system is a spherical coordinate system and the points are defined by three
parameters: azimuth angle (0), which quantifies horizontal angular variations; elevation
angle (7), which quantifies vertical angular variations; and distance (), which quantifies
the space between the acoustic source and the origin of the coordinate system. In this
thesis, it is assumed that the sound sources are located on the horizontal plane, i.e., the

plane defined for all points with zero degree of elevation (7 = 0).

2.3 HUMAN HEARING

A simple anatomy of the human ear and the information used by the auditory

system for sound source localization will be presented in the following sections.
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Figure 2 — Interaural coordinate system adopted in this thesis: the reference point is the
midpoint of the line segment joining the entrances of the ear canals. A point
in space is specified by three parameters: azimuth angle (), elevation angle
(1), and the distance ().
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2.3.1 Anatomy of the human ear

The human ear is the sensory part of the auditory system that allows auditory
perception (hearing) and sense of balance. It is divided into three parts: the external ear,
the middle ear, and the internal ear, which are illustrated in Figure 3.

The external ear is the initial portion of the auditory system and is made up
of the pinna and the ear canal. The eardrum is located at the end of the ear canal
and determines the boundary between the outer ear and the middle ear. The tympanic
membrane transmits sound stimuli to a chain of three ossicles called hammer, anvil, and
stirrup, whose function is to efficiently transfer the mechanical stimuli that arrive from
the eardrum. In the inner ear, the auditory stimulus travels through the cochlea, a spiral
tube filled with fluid (endolymph). In the cochlea, the vibrations in the endolymph are
translated into an electrical pulse sequence that is sent through the auditory nerve to the

central auditory pathways.

2.3.2 Spatial hearing

The concept of spatial hearing involves the study of the relationship between sound
events (such as a person speaking or an alarm sounding) and auditory events, that is, the
interpretation of this event by the human auditory system [16]. Thus, the localization of
a sound source is the relationship between its physical attributes (position, distance, and
spatial extent), which are associated with sound events; and the interpretation of these

attributes by the auditory system.
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Figure 3 — Human ear anatomy.
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2.3.3 Binaural hearing and binaural localization cues

The spatial location of sound sources in the horizontal plane occurs because of
differences between the sound signals that reach the ears. These differences carry informa-
tion about the localization of the source of the sound event as well as the environment,
and are called binaural cues.

In environments with low reverberation, the spatial location of point sources in
the horizontal plane is performed by the human auditory system from ITD and ILD.
Interaural time difference quantifies the difference between the arrival times of the same
wavefront in ears, and is the main binaural cue at frequencies below 1500 Hz [16], since
the wavelength in this region is greater than the average size of the human head.

Figure 4 presents an illustration of the ITD estimates with respect to the azimuth
of the sound source [39]. In the azimuth 0°, the source is located immediately in front of
the person. As the sound source moves sideways, the I'TD increases, reaching its maximum
value when the sound source is located immediately to the right, in azimuth +90°. When
the sound source moves towards the back of the person, the I'TD decreases again, becoming
minimal right behind the person, in the azimuth 180°. Since the ITDs of the azimuths
0° and 180° are the same, the limitation of this acoustic cue in differentiating when a
sound source is located in front of or behind the individual is evident. This problem is
known as front-back confusion and can be resolved by slightly rotating the head. In terms
of sensitivity, the just noticeable difference (JND) of the ITD is around 80us in the side
region, between 30° and 90° azimuth; and around 30us in the front region, between 0°
and 30°.

The acoustic power in each ear is generally different due to physical phenomena,

such as reverberation, reflection, and diffraction [16]. This power dissimilarity allows the
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Figure 4 — The anatomical range of the I'TD.
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human auditory system to identify different sound objects (e.g., speech) and localize their
corresponding physical sources (e.g., the person speaking) [16]. The spatial information
provided by the difference in acoustic power in both ears is known as the interaural
level difference (ILD). It is mathematically defined as the difference (in logarithmic scale)
between the left and right acoustic powers of the waves reaching the ears [16]. The
proportion between the width of the human head and the wavelength of audible sounds
makes the ILD the primary binaural cue for frequencies above 1500 Hz [16]. This binaural
cue is robust to coherence variations [40] and contains enough information to create
complex acoustic scenarios, such as in amplitude stereo panning techniques, even with
headphones [41].

Figure 5 presents an example of the behavior of the ILD considering the frequency of
the sound component and the azimuth of the source. For low frequencies, ILD provides little
capacity for discrimination between different azimuths. As the frequency increases, ILD
increases the capacity to differentiate different spatial positions. In anechoic environments,
the minimum perceptible variation of ILD (JND-ILD) is around 0.6 dB [40]. In reverberant
environments, JND-ILD can be up to twice as large [42], i.e. it can be up to 1.2 dB.

Interaural coherence is defined as the normalized cross-correlation between signals
in the ears and determines the reliability of ILD and ITD [30], being associated with the
perceived size of the sound source [42]. When the sound field is diffuse, IC is the relevant

binaural information [30].
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Figure 5 — ILD variation per frequency as a function of the source azimuth.
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2.4 BINAURAL SYSTEM

Figure 6 depicts the investigated acoustic scenario, which is made up of a hearing aid
user, a point desired source (speaker), and a point interfering source, both contaminated
by noise. The binaural system consists of two hearing aids: one on the left (L) side with M,
microphones and another on the right (R) side with Mg microphones. The total number
of microphones is M = My, + Mg.

The time-frequency representation of the noisy input signal in a frequency bin
index k, time frame index A, microphone m = {1,2,---, M} and on the side ¢ € {L, R},

is given by

yﬁ,m(/\a k) - xﬁ,m(/\v k) + ,Uf,m()H k) (2)

in which zy ,, (A, k) is the desired component (speech); and vy, (A, k) is the overall noise
component, which is represented as a sum of an interfering component u ,,,(A, k) and a

remaining (coherent or incoherent) noise component ny , (A, k):

Vem (A k) = g (A ) + g g (A, K). (3)

The noisy-speech vector at side ¢, y,(\, k) € CMe i defined as

T
YE(/\a k) - yﬂ,l()‘a k) yf,Q()‘a k) y€,3(>‘7 k) U yﬁ,Mg()V k) J (4)

in which {}T represents the transpose operation. The binaural noisy vector, y(\, k) € cM

is defined as

yOLR) = [yl (k) v k) ] ()
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Vector y(A, k) is available on both HAs due to a full duplex communication link and can

be decomposed as
Y(A7k> :X<)‘7 k) +V()‘7 k)a (6)

in which x(\, k) is the speech vector and v(\, k) is the overall noise vector, whose entries

are defined similarly as y(\, k) in (5). Due to (3), vector v(\, k) can be decomposed as:
V(A k) = u(A k) +n(A k), (7)

in which u(\, k) and n(\, k) are, respectively, the interfering and noise vectors.
For point speech and interfering sources, vectors x(\, k) and u(\, k) can be modeled

as

x(\, k) = sx(\, k)a(\, k), (8)
u(\, k) = su(h k)b(A, &), 9)

in which sx(\, k) and sy (A, k) are clean speech and interfering signals; and vectors

a()‘7 k) - [aL,1<>‘7 k) CLL’Q(/\, k) T aL,Mg<>‘7 k) aR,l()‘7 k) T a’R,MR<)‘7 k)]Tv (10>
and b()‘7 k) - [bL,l(/\a k) bL,Q(/\v k) T bL,ML (/\7 k) bR,l(/\a k) T bR,MR()‘7 k) ]T7 (11)

are complex M-dimensional acoustic transfer function (ATF) vectors related to the speech
and interfering sources, which carry information about the environment and the head and
torso of the HA user. In this work, it is assumed that the ATFs are time-invariant and
that the narrow band model holds [25, 44], leading to a(A, k) = a(k).

In general, a microphone on each hearing aid is defined as a reference microphone,

whose associated signal is defined as

qp y(A k) = ye(A k) (12a)
= l’g()\, k) + Ug()\, /f) (12b)
= 2p(\, k) + up( A\, k) + ng(A k) (12¢)
— s k) agO0 k) sa(h k)b )+ mg(\ k), (12d)

in which qy is a microphone selection vector with entry equal to 1 in the position of the
reference microphone on the side ¢ and zero elsewhere; zy(\, k), ug(\, k), ng(\, k) and
vy(A, k) are the speech, interfering, noise and overall-noise components in the reference
microphone; and ay(\, k), and by(\, k) are the ATFs associated with zy(A, k) and uy(A, k),
respectively.

The noise reduction problem consists of estimating the desired speech for each HA,

in each time and frequency bin, using the noisy samples of the 2M microphones. The
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Figure 6 — Diagram of a binaural hearing aid system with a full-duplex communication
link.

estimated speech components are defined in the frequency domain as:

Z(A k) = W?O" k)y(A k) (13a)
=Wy (A )X k) + wil (A k)v(A k) (13b)
= wy (A )X k) + wil (O k) k) + wit (X, B)n(\, &), (13c)

in which wy(\, k) € C*M is the noise reduction filter on the side ¢. The binaural selection

vector q is defined, respectively, as:

N
a=[q a | - (14)

The coherence matrix of a generic received component d is defined as
(A k) = E{d(\, k)d"(\, k), (15)

in which E{e} is the expected value operator; d(\, k) is a generic vector, representing the
vectors in the set {x(\, k), u(\, k),n(\, k), v(A, k)}; and d is a generic label, representing
elements in the set {x,u,n,v}. Substituting the definitions in (8) and (9) into the generic
definition in (15), leads to the definition of the coherence matrices of the speech, and

interference, which are, respectively, given by:

Dy (A k) = psa (A, k)a(A, k)at (A, k) (16)
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in which pg; (A, k) = E{[sx(\, k)[?} and psu(X, k) = E{|su(), k)|?} are the power spectrum
density (PSD) of clean speech and interfering signals, respectively, and | e | is the absolute
value operator.

Considering d(\, k) = y(A, k) in (15) and assuming that the speech component is
uncorrelated with the overall noise component, i.e., E{xvi} = E{xvi} = 0;,, s, and that
E{x} = E{v} = 0 (28, 32|, the noisy input coherence matrix (®y) is defined from (5) as:

in which ®y = E{v(\, k)vi{(), k)} is the coherence matrix of the overall noise, given by:
D\ k) = By(N k) + Pu(N k), (19)

in which ®y,(\, k) is the coherence matrix of the noise component.

2.5 BINAURAL CUES

In this section, generic expressions for binaural cues are presented. To avoid di-
vergent definitions, generic signals are used in the definition. The signal dy(\, k) is the
received component in the reference microphone, e.g., q}x()\, k) or qZu(/\, k). The signal
Pqe represents a generic processed component, e.g., W;X or WZV; and @ is defined in (15).
The input binaural cues are functions of dy, while the output binaural cues are functions
of pqe. Note that both dy and pg, depend on d; for this reason, all binaural cue definitions
carry the superscript d € {z, v}. The operation (e)* below is the complex conjugate.

The input and output interaural transfer functions (ITFs) are defined respectively

as [45]:

E{dydg} _ qu(I)dQR

E{|dr}  qf ®qqn’

- E{desz} - WE(I)dWR

- E{lpgrl?} wR®awr
The input and output interaural level differences (ILDs) are defined, respectively,

as [45]:

ITF — (20)

ITFY (w) (21)

E{|dl}  qi Paar
E{ldel*}  qf®qan’
_ E{‘deP} o wi Pgwr,
- E{lparl?}  wR®qwr'

The input and output interaural phase differences (IPDs) are defined, respectively,
as [45]:

ILDd — (22)

(23)

ILDS (w)

IPDY = Z(E{dd3}) = Z(af ®qar), (24)
IPDY, (W) = Z(E{parpin}) = £(Wi®qwr). (25)
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with Z(e) denoting the phase of its argument (complex number).

The input and output interaural coherences (ICs) are, respectively, defined as [30]:

d E{d.dz} _ ar, Paar (26)
VE(& P} ETGPT ol @gar - o ®aan
E p Hep

VE{[par?} - E{lparl?} /Wi @qwr - Wi O WR
The input and output mean square coherences (MSCs) are defined, respectively, as [46]:
MSscd = 1cd 12, (28)
MSCG, (w) = [1C5, (W), (29)
From (20), (24) and (26), and (21), (25) and (27) the following relations can be
obtained [30]:

1ipDY — £aTFd) = 2(1¢9), (30)
IPDG,(w) = Z(ITFG,(w)) = Z£(ICG,(w)). (31)
From (20), (22), (24), (26), and (28) we can define the following relation for the

input ITF [30]:
ITFd — Lpd)t/2 . 10d (32a)
— [ILDE - MSCL]Y2 - exp (IPDY). (32b)

In the same way, from (21), (23), (25), (27), and (29) we obtain the following

generic relation for the output binaural cues of a generic sound field [30]:

ITFY, (w) = [ILDY, (w)]V/2 - 1C4, (w) (33a)
= [ILDY, - MSCY,(w)[ /2 - exp (JIPDY, (W)). (33b)

2.6 THE MULTICHANNEL WIENER FILTER (MWF)

The classical binaural MWF noise reduction method is based on the mean squared
error (MSE) criterion. It defines the best linear estimators for speech in reference micro-

phones (z,(\, k) = q/ x(\, k) and ag(\, k) = qix(\, k)) by minimizing the following cost

function [26]:
2
} : (34)

E{x(\, k)vi(\, k)} = E{x()\, k)u' (A k)} + E{x(X\, k)n" (), k)}, (35)

Jawr(A, k) = E {

in which || e || is the Euclidean norm.

From (7) the following expected value can be defined:
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and considering that the real and imaginary parts of the random variables have zero mean
[32] and that speech is uncorrelated with the interference and noise signals [29, 33, 44, 47|,
or precisely that

E{X()\v k)uH()‘v k)} - OMXMv (36)
E{x(\ FWHO\ B)} = Oppar, (37)
the cost function in (34) turns to [26]:

Tawe(A, k) =W, k) By (A, B)ywr(\, k) — wi(, k) ®x(\, k)ar — qp (A, k)@x(\, k)wi (A, k)
WHOL B) Dy (A, k)Wr(X, k)~ WA, k) ®x(X, k)ar — ag (A, £)@x (A, B)wr(), k)
+qy, (I)X()\ k)qL + qR(I)X(/\ k)

(38)

Representing (38) in a simplified form leads to:
JMWF<)\a k) - WH<)‘a k)(ﬁ}’}’()ﬂ k)W()\, k) o WH()‘7 k)pXX()\7 k) (39)

—pi N )W k) + pxx (N, ),
in which:
-
WA k) = [wi (k) wr (A F) ] (40)
Prx(A, k) = [qE By (A k) ar @y (A F)], (41)
PN k) = af @x(\ k) + af Bx(\, k)ar, (42)
Dy (N k) = dlag(‘I’y(/\ k), ®y(A k). (43)
The optimization problem to find the MWF coefficients is defined as:

w(\k)

To find a closed-form solution to wywr (A, k), we first take the gradient of Jywr (A, k) with
relation to w(A, k), which leads to:

Vwhiwr (A, k) = WL E) @y (A k) — pax (N, k) (45)

Then, we equate (45) to zero, assuming ®yy(A, k) > 0. This process results in the closed-
form solution of the generalized MWF (GMWF) filter, given by [48]:

waanvr = 2y b\, k), (46)
in which {-}T is the Moore-Penrose inverse (pseudo-inverse) [49], and ®xx (), k) is a block
diagonal matrix given by:

(PXX()‘, k) - (47)

Oprxnr Px(AK)

®(\ k) Opryar ]
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In the particular case in which ®yy (A, k) > 0, then <I>I,y()\,k) = @;;(A,k}, and the
solution in (46) becomes the classical binaural MWF [26]:

WMWE = ‘I’§;()\, k)P (A, k). (48)

In this situation, considering the case of the point speech source, it is theoretically proven
that the binaural cues of processed speech and the residual noise at the output are equal to
the binaural cues of the input speech [26]. As a result, both signals are psychoacoustically

perceived to be coming from the speech direction [50].

2.7 THE MULTICHANNEL WIENER FILTER WITH ADDITIONAL TERM FOR PRESER-
VATION OF BINAURAL CUES

The MWF cost function can be complemented by additional penalty terms that
aim to prevent solutions that do not preserve the original spatial characteristics |27, 30,
32]. This leads to a minimization problem of an MWF-based augmented cost function in

the following form:

WMWF—BM(/\a ]C) — arg. min. JT()\, k) (49&)
w(\k)
1
= arg. min. Juwr(X k) + > ai(A k) Ji(\ k) (49D)
w(Ak) =1

where a;;(\, k) € Ry are the weighting (trade-off) parameters that control the balance
(minimization effort) among different terms; and I is the number of penalty terms. J; (A, k)
represents different terms related to the preservation of the same binaural cue — ITD, IPD,

ILD, and IC. Some preservation terms are presented in the following subsections.

2.7.1 Preservation of Interaural Level Difference (ILD) and Interaural Phase Dif-
ference (IPD)/Interaural Time Difference (ITD)

Considering an acoustic scenario composed of one speech and one single interfering
sources, the authors of [27| first presented a penalty term for the preservation of both the

ILD and the IPD of the interfering component, given by:

I
Z a;(NE)T; (N E) = ar( AN k)T (A k) + ag(A k) Ja (A k) (50)
i—1
= amp(\, k) S (A k) + aep(A, k) Jp (A, k) (51)

in which a1 (X, k) = awp (A, k), as(\, k) = aupp (N k), Ji(\ k) = JE (A, k) and Jo(\, k) =
JS5(A k). The terms J3 (X, k) and J3 (A, k) are defined respectively as:

JAOO k) = [ILDL (A, k) — ILDL (A, k)2, (52)

ou

JLo (N k) = 1—cos(IPDL (X, k) - IPDL (A, k). (53)
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2.7.2 Preservation of the Interaural Transfer Function (ITF)

Considering the same acoustic scenario in [27], the authors in [51] presented a cost
function to preserve the interaural transfer function (ITF) of the noise component. The
ITF carries intrinsic information about IPD and ILD [29]. As a result, the approach in
[51] makes use of a single auxiliary cost function defined as:

_ B{wE A, F) - ITFL O, k)wig(\, k) k) )

JIdTF()‘7 k) = E{wi (X k)d(\, k)dT (A, k)wr(\, &)} . oy

2.7.3 Preservation of the Interaural Coherence (IC)

In [30], a cost function was presented to preserve the original perception of a diffuse
noise field. It is based on the error between the output and input interaural coherence

(IC) of the noise component, i.e.,
HE k) = [ICG, (A ) - ICL(\ k) 2. (55)

It was demonstrated in [32] that (55) is also effective in preserving the ITD.
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3 ROBUST PARAMETER STRATEGY FOR WIENER-BASED BINAURAL NOISE
REDUCTION METHODS IN HEARING AIDS

A large and widely employed subclass of MWF-based binaural noise reduction
methods aims to preserve both speech and noise localization cues. It is based on spatial
filters calculated as the solution to an optimization problem that minimizes the weighted
sum of two specific cost functions. The first is the MWF cost function, which aims to
promote noise reduction at a limited speech distortion. The second is a set of penalization
terms related to binaural cue preservation, which aims to retain the auditory impression
of the acoustic sources in the processed signal. The relative weight between both terms of
this augmented cost function is determined by an adjustable parameter, whose setpoint
depends on the statistical characteristics of the received signals and acoustic scenario.
This parameter must be carefully selected to establish the desired trade-off between noise
reduction and binaural cue preservation.

In [27], an augmented MWF-based cost function was proposed considering two
additive penalty terms to preserve both the I'TD and the ILD of the processed noise,
which are known to be the prevalent binaural cues for localization of point sound sources
in the median plane of the head. In [28], the preservation of both the ITD and ILD was
obtained using a single penalty term, which considered the interaural transfer function
(ITF). The ITF carries information from both ITD and ILD binaural cues [29]. However,
this method was shown to be incapable of preserving the spatiality of diffuse noise fields.
To address this issue, the IC cost function was proposed in [30] for the preservation of
environmental diffuse noise. In [32], it was shown that the IC cost function can also be
used to preserve the I'TD of point sources with improved lateralization performance in
comparison to the approach presented in [27].

A systematic review of the literature performed in two of the most important sci-
entific databases indicated that two strategies have been applied for designing the weight
parameters employed by augmented MWF-based noise reduction techniques, which are:
(i) empirical/arbitrary (fixed) parameter setting [32, 34, 51|; and (ii) psychoacoustical
parameter optimization [30, 36]. Fixed weight parameters achieve adequate performance
in acoustic scenarios under stationary and time-invariant conditions. In [30], a psychoa-
coustically motivated method for obtaining constraint boundaries for the MWF-IC weight
parameter was presented. However, this method is limited to diffuse noise fields and re-
quires an exhaustive/iterative search procedure that is computationally expensive, because
it has to be applied to each time-frequency bin.

Regardless of the nature of the acoustic field, the desired trade-off between noise re-
duction and spatial preservation should be maintained constant under speech /noise power
variations. These variations are intrinsic to spoken communication, in which unpredictable
changes in the environmental noise may compel the speaker to adjust the speech level

to maintain intelligible communication [52]. This phenomenon is known as the Lombard
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effect [31, 53, 54| and affects a number of speech features, such as voice intensity, spec-
tral slope of glottal waveforms, formant locations and bandwidths, and energy ratios in
voiced /unvoiced phonemes [55, 56]. Although this is a well-studied problem in the speech
recognition area, it has not received sufficient attention in the binaural hearing aid field.

A review of MWF-based binaural techniques shows that most binaural-cue penalty
terms presented in literature are invariant to input power variations [27-30, 32]. However,
this is not the case for the MWEF cost function. As a result, the optimal trade-off be-
tween noise reduction and preservation of noise binaural cues, provided by a fixed weight
parameter (applied into the augmented cost function), may be significantly affected by
the absolute power of the received signals (e.g., Lombard effect), requiring a conservative
setting. Such observations impose the need for a normalized weight parameter to achieve
the optimal performance under power variations in the input signals. This approach
would alleviate the need for repetitive manual adjustments of the binaural hearing-aid
control-parameters to accommodate variations of the acoustic scenario [57].

This chapter presents a method for the automatic adjustment of MWZF-based
binaural techniques to maintain the desired noise reduction performance, as well to preserve
the original perception of the acoustic scenario. To the best of the author’s knowledge,
this is the first approach in this area, whose results can be directly applied to a variety of
noise reduction methods for binaural hearing aids such as [27, 28, 32| and [33-36].

The proposed method is designed for acoustic scenarios comprising of one speech
source with either an interfering point noise source [27, 28] or a diffuse noise field [30].
A theoretical analysis is presented to highlight the mechanisms by which input signal
power variations affect the performance of binaural MWF-based methods. Subsequently,
we present the mathematical properties that should be satisfied by an augmented MWF
cost function to present setpoint invariance to input signal power variations. These obser-
vations motivated the design of a normalized weight parameter to achieve robust setpoint
invariance. Computational simulations with objective criteria, as well as lateralization
psychoacoustic experiments with headphones, illustrate the performance of the proposed
method. The main contributions of this study are as follows: (a) a structure and a method
for designing the weighting parameter of Wiener-based binaural noise reduction methods
for hearing aid applications; (b) a theoretical analysis to elucidate its operating mechanism
and support its expected performance; and (¢) computational simulations with objective
measures and real psychoacoustic results to corroborate the effectiveness of the proposed
method.

The remainder of this chapter is structured as follows. Section 3.1 introduces the
problem formulation, and Section 3.2 presents the proposed structure and method. The
experimental setup is described in Section 3.3, and the results and discussion are presented
in Sections 3.4 and 3.5, respectively. Finally, concluding remarks are presented in Section

3.6.
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3.1 PROBLEM FORMULATION

An extensive review of the literature indicated that, in general, the previously
proposed augmented MWEF techniques employ time-invariant trade-off parameters (i.e.,
a;(A, k) = B;(k)) in the cost function presented in (49) |26, 30, 32, 58]. Thus, the perfor-
mance of the binaural noise reduction method may be influenced by the power variations
in the received signals [26]. To highlight this characteristic, speech and noise signals are

represented in a normalized form as follows:

VLK) = g\, BN B, (56)
X\ k) = g(\, B)SNRY 2 (A, k)R(M, &), (57)

in

in which g2()\, k) € R is the mean noise power at the input microphones of the hearing

aids given by:
7> (A k) = E{[v(x, B[P}, (58)

vectors V(A k) and X(A, k) are the unit variance noise and speech vectors given, respectively,
by:

v(A k)

YO\ k) = , 59
Ao E{|[v(X k)|2}1/2 )
~ x(A, k)
X(\ k) = , 60
R .
and the SNR;, (A, k) is the overall input SNR given by:
CE{IxOR)PY  E{lx( R
N B = Bivou Iy~ 20k o
Using (57) and (56) in (2) results in:
YOO k) = g(0 k) [SNRE 20 KX\ k) + V(A k)| (62a)
- g()‘7 k) [§SNR+%(/\7]§>]7 (62b)
for
Xsxr = SNRYZ(\, K)RO\, k). (63)

Equation (62) models the noisy input vector using a mutual gain and a weighted
sum of two normalized signals. Because E{[[X(\, k)||?} = E{|[F(\, k)||*} = 1, SNRin (), k)
establishes the SNR of the noisy input vector y (A, k). The parameter g(A, k) is named here
as the Lombard gain [59], because it is associated with the speech effort (E{||X(), k)||?} =
SNRin (), k) g2 (A, k)) required to maintain the same communication condition (i.e., a con-

stant input SNR). Assuming a fixed SNR, equation (58) establishes a simplified model to
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represent the Lombard effect, because it does not consider other spectral modifications [55,
56]. Despite its simplicity, equation (62) constitutes a meaningful method of investigating
the effect of input power variations on the performance of MWF-based binaural noise
reduction methods. This can be achieved by considering the joint changes of both noise
and speech absolute power (constant SNR), as well as modifications of the input SNR. To
do this, let us represent the Jywr presented in (34) by a different form given by:

DX B) Wi BV, k)] 2}’ (64
(a — WRO\L R)X(A, k)~ Wi (A, K)v(A, k)
which is equivalent to:
Tawr (A, k) = E{[|(a] ~ Wi (A B)x(A, k)~ Wi (4, B)v(A, B)[7)
+ E{ll(ar ~ wR(A B)x(A\ k)~ wR(A B)v(X, )|} (65)
Using (56) and (63) in (65) results in:

Tuwr(A, k) = E{|[g(\, k) (@] — wi (A, B))Xsxr (A, k) — g\, )Wt (A, KT\, B)[7}
+ E{Hg(/\: k)(qll— - Wg<)‘7 k))§SNR<>‘7 k) B g(/\7 k)WE()\, k)$()‘7 k)HQ} (66)

jus}

P

Replacing (56) in (66), and isolating g(\, k), since it is a real deterministic scalar

value, equation (66) results in:

Jawe(A k) = g2 k) - [E{I(SNRm (X, k)2 - (] —wil (A, k)X k) — Wi, k)TN B2
+ E{|I(SNRiu (A, k)2 - (af ~ wHOL B k) - WL KFOLR)I2Y]. (67)

Manipulating (67) considering speech and noise both as zero-mean random variables
[32] and uncorrelated with each other [47, 60], results in:

Jawr (A k) = g2\ k) - [SNRin(A k) - (a — Wi (A k)@ (an — wi (A k)~ Wi (A, k) Bewi (A, k)

T SNRin(A, B) - (af ~ WO\ £)) @ (an — wi(\, )~ Wi\, k) @xwr (A, K)]. o
68

in which ®x(\, k) = ®x(\, k)/E{|[x(\, k)||? and ®5(\, k) = ®v(\, k) /E{||[v(\, k)||>. Rep-
resenting equation (68) using (14) and (40) leads to:
Tawr(A B) = g2\ k) [SNRi(\ k) (@ — wi(\, £)Bss(a— w(, &) — Wi\ k) Bw (), k)],
(69)
in which ®3(\, k) = diag(®z(\, k), ®x(\, k) and By(\, k) = diag(®5(\, k), ®5(\, k).
Finally, equation (69) can be simplified as:

Tawr(X, B) = g2(\ k) [SNRin (A, k) [[a— w(\, ) H@m + [ w(A k) Hq,l/g} (70)

in which [|d[]2, , = [|A1/2d||? for A1/2 e CM>*M,
In the following, the time frame A and frequency index k are omitted in the

equations for clarity, whenever possible.
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3.1.1 Homogeneity Degree

A useful concept for obtaining theoretical insights into the interplay between the
Lombard gain (g(\, k)) and the intrinsic trade-off (speech-distortion /noise-reduction versus
speech /noise binaural cue preservation) associated with the augmented MWF cost function
is the “homogeneity degree” [61] of a function, which can be defined as follows:

Definition 1: A function f : CM x CM - R is said to be positively homogeneous
of degree P (or P-homogeneous), with respect to (w.r.t.) both a, b € CM for P eR, if
f(ca, ¢b) = ¢Pf(a,b) for all nonzero c e R .

Because the minimum of a function is invariant to positive scaling, the minimum
of any P-homogeneous function is invariant to joint positive changes in a and b, i.e.,
min. f(ca, cb) = min. cPfla, b), for ¢ € R. This property can be used to understand the
influence of the Lombard effect (speech and noise joint power variation) on the performance
of MWF-based binaural noise reduction methods, as well as to formulate a robust choice
for the weighting parameters «; (A, k) of (49).

Applying Definition 1 into (70), it can be concluded that Jywr is a 2-homogenous

function w.r.t. both Xgyg and Vv, because:

Jawe (9%sng, V) = g2 Tawe (XsNr, V). (71)

On the other hand, it can be verified that the binaural preservation terms J;,
defined in (52)-(55), and the ratio form defined in (20)-(27) are 0-homogenous functions

w.r.t. Xsnr, X and Vv because (for noise)
Ji(9%snr, g¥) = Ji(gV) = Ji(V) (72)
and (for speech)
Ji(gXsxr, 9V) = Ji(9%snr) = Ji(Xsxr) = Ji(X). (73)

Using (71), (72) and (73) in (49), and considering a time-invariant weight parameter
a(\ k) = B(k), it is easy to verify that the augmented cost function Jr in (49) is not
homogeneous, because Jywr and J; have different degrees of homogeneity. As a result, the
minimum of Jr is affected by both g(\, k) and SNRy, (A, k), which means that the desired
trade-off between noise reduction and preservation of the binaural cues may change under

different acoustic conditions.

3.2 PROPOSED METHOD

In this section, we propose a design method for the weighting parameters a; (A, k),
with the aim of obtaining a robust trade-off between noise-reduction /speech-distortion and
binaural-cue preservation, against variations in ¢ and SNRy,. As demonstrated in Section

3.1.1, time-invariant weighting parameters a;(\, k) = 5;(k) lead to inhomogeneous Jr,
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which is affected by input power variations. Therefore, we propose to employ a normalized
a; (A, k) defined as the multiplication of a time-invariant weight by the noise power (squared

Lombard gain), resulting in:

O‘Z(Aﬂk> - ﬂz(k)gz()‘v k)v (74)

in which f;(k) is a time-invariant (for each k£ and ¢) that defines the setpoint associated
with the desired trade-off between noise reduction and binaural cue preservation. Using
(71)—(74) in (49) yields

I

Jr(gXsNR, gV) = 92()\> k) [JMWF(XSNRa v) + B;i(k) Z (V)] (75a)
1=1

= ¢?(\, k) Jr(Rsnr, V), (75b)

in which I is the number of penalty terms associated with the noise binaural cues.
Equation (75) shows that the optimal solution (wy, and wg) to the resulting aug-
mented MWF-based cost function is invariant to the Lombard gain. This occurs, because
n (75) Jr is 2-homogeneous w.r.t. Xsxgr, X and v. This means that joint variations of
speech and noise power should not affect the designed performance of the binaural noise

reduction method.

3.2.1 Robustness to SNR variations

Although (75) ensures robustness against the Lombard effect, the resulting aug-
mented cost function is still inhomogeneous w.r.t. SNR;, variations and, as a result, there
is no guarantee of setpoint invariance under such conditions. To investigate the impact of
SNR;, variations on the performance of the proposed method, we employed a heuristic
reasoning analysis. By using (70) in (75), the minimization problem to obtain the optimal

(left and right) coefficient-vectors can be written as:

JMWF (§SNR,V)

~

min. Jr(A, k) = g2(\, k) min. [SNRm (A, k) Hq WL B e + WO B) e -

YWY K|
1=1

From (76), it can be noted that increasing SNR;, boosts the significance of qu
H B2 which can be interpreted as a weighted similarity measure between q and
w. Thus as SNRy, increases, the strength of the first term in (76) becomes bigger than
that of the other two, which are not directly influenced by SNR;,. This leads to solutions
to the minimization problem wp, and wg to approximate qr, and qg, respectively. In this
case, increases in the input SNR lead to decreases in the magnitude and phase distortions

of the noise in both ears, restoring its original binaural-cues. As a result, the parameters
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B; (k) that satisfy the noise binaural cue preservation requirements at a given input SNR,
also satisfy the same requirements at a higher input SNR condition. A similar behavior
was previously demonstrated in [62] with the conventional Wiener filter, whose optimal

solution corresponds to an all-pass filter for very large input SNRs.

3.2.2 Weight Parameter Design

Considering the previous reasoning, devising a parameter-design strategy now be-
comes straightforward. The proposed approach is based on the structure presented in
(74), which should provide setpoint invariance to the Lombard gain. Then, considering
the worst predicted SNR;, condition, the weight parameters 3; are chosen as the smallest
values such that the minimum required preservation of the speech/noise binaural-cues are
obtained. In this way, higher input SNRs naturally reinforce binaural-cue preservation.
A pseudocode for this procedure is detailed in Algorithm 1. Although it is an iterative

procedure, this only needs to be done once (a-priori) for each frequency bin.

Algorithm 1 Pseudocode for the parameter design strategy

Input: SNRWORST<k>
Output: 3;(k)

1: Generate an acoustic scenario using the worst possible SNR (SNRwogrsT) as SNRj,,.

2: For all k£

3: Set B(k) = 0;

4: Compute the solution of the MWF-based method in (76) for g;(k);

5: Assess the binaural cue preservation of the noise source at the output using objective
criteria;

6: if the binaural cue preservation is not satisfactory then

7: Increase 3;(k) by a small amount and return to step 4;

8: Otherwise

9: Finish;

10: Return g; (k)

3.3 EXPERIMENTAL SETUP

The main goal of the presented case study is to illustrate the improved robustness
of the proposed method against variations in both Lombard gain and input SNR, better
preserving the original perception of the noise source. In this case study, the considered
acoustic scenario was comprised of a target speech source and a single point noise source.
Subscripts x and v will be used to associat a method, a parameter or a performance

measure to the speech and noise component, respectively.
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3.3.1 Processing methods

To illustrate the performance of the proposed method we present numerical simu-
lations and psychoacoustic experiments performed using the MWEF' defined by the mini-
mization of (38), and the MWF with the noise interaural-transfer-function preservation
(MWE-ITFy) approach, implemented by J; = Jitr defined in (54). Comparisons were con-
ducted among unprocessed noise (RAW), noise processed by the binaural MWF method,
by the MWF-ITFy using a fixed weight parameter, and by the proposed method applied
to the MWF-ITFYy; here called the robust multichannel Wiener filter with noise interaural-
transfer-function preservation (R-MWF-ITFy). This last method comprises Equations (58)
and (74), and the method described in Algorithm 1 applied to the MWF-ITFy,.

3.3.2 Acoustic scenario simulation

The acoustic scenario was simulated using head-related impulse responses (HRIRs)
obtained from an anechoic chamber using a manikin Bruel & Kjeer type 4128-C wearing
a pair of behind-the-ear hearing aids [63|. The anechoic scenario was chosen to avoid the
influence of extraneous binaural cue distortions due to acoustic reflections in the presented
experiments; however, this is not a precondition. Each hearing aid has My, = Mg = 3
microphones, resulting in M = My, + Mg = 6 microphones. The speech source was assumed
to be located at azimuth 6y = 0° and distance rx = 0.8 m from the manikin, whereas the
noise source was at 0y = —60° (left side) and ry = 3.0 m. Both sources have 0° of elevation

angle.

3.3.3 Speech and noise Signals

A set of 32 speech audio files from the repeated Harvard database [64] was selected.
The sentence “the fruit peel was cut in thick slices” was uttered by the same female speaker.
Contamination noise was obtained from a set of 32 non-overlapping segments of ICRA
noise type I [65], which is a speech-like noise with spectral and temporal properties similar
to those of the human voice. Figure 7(a) and Figure 7(b) illustrate the speech and noise
spectrograms, respectively. Figure 8 shows the estimated power spectrum densities (PSD)

of both speech and noise. The sampling frequency was f; = 16 kHz.

3.3.4 Objective performance measures

Simulation results were assessed according to the following objective performance
measures.

The overall input SNR of hearing aid of side ¢ is defined as [29]:

K Tq) k
iSNRy = > 1010y (M), (77)
k=1 qp Dv(k)q
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Figure 7 — Spectrograms of: (a) speech sentence: “the fruit peel was cut in thick slices”;
and (b) one segment of the ICRA noise type 1.
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Figure 8 — Estimated power spectral densities (PSD): (a) speech (blue); and (b) ICRA
type I noise (red).
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in which K is the number of bins of frequency.
The variation between the overall input and output SNR in the HA /¢, which

measures the noise reduction performance of the techniques and is given by:

K H K T
B o Wy (k) ®x(k)we(k) | 0 q Px(k)q
ASNR, = kzl 101logyg (W?(k)q)v(k)wg(kﬂ kZl 101logyg <—qZ<I>v(k)qﬁ>' (78)

The ILD and IPD variation, which measure the input-output binaural cue preser-

vation, are defined respectively as [29, 35]:

K
10
AIPDg = —= | Lwieg (k)ywr -~ Za] @4(k)qr

b

|

k=1
K wil Wi, r L

AILDg = 22 37 | logyg (Wﬁ(k)q)d(ki WY o1y (:Lgk)q)d(k)q (k;)‘ (20)
k=1
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The overall microphone SNR over all bins is defined as:

___k Tr{(I)X(k)}>
SNRi, = Y. 10logyg | oyt |, (81)
o s (Tr{<1>v<k>}

in which Tr(e) is the trace of a matrix [66].

The average squared Lombard gain defined in dB as:

K
72 = Y 10logyg (Tr{(I)V(k)}>. (82)
k=1

The coherence matrices @ (k) and @ (k) were calculated directly from the input speech-

only (z) and noise-only signals (v).

3.3.5 Psychoacoustic experiments

Psychoacoustic experiments were conducted to assess the performance of the vol-
unteers during a lateralization task. A headphone Sennheiser HD 202 was connected to a
laptop, using a Realtek® high-definition audio onboard sound card, under the Windows
10 operating system.

Noise-only signals processed by the assessed methods were employed to quantify
the perceived azimuth of arrival. A total of 16 volunteers participated in the experiment,
and were divided into two groups. In the first group, employed for Lombard gain analysis,
there were two females and six males, with an average age of 25.6 years and a standard
deviation of 5 years. In the second group, which was employed to analyze SNR variations,
three females and five males performed the experiment. The average age of this group
was 23.2 years and the standard deviation was 4 years. The experiments were approved
by the Ethics Committee on Human Research, under certificate 90899518.7.0000.0121
CEP-UFSC. All volunteers read and signed a written informed consent form.

After an initial period necessary for adjusting the volume to comfortable levels
and providing instructions, the experiment procedure was into three stages: (a) learning:
in which the volunteers listened to audios associated with visual information about their
respective azimuths, (from —90° to 90°, spaced by 15°, including the edge points); (b)
training: in which volunteers were instructed to associate seven audio clips with a set
of seven azimuths: {-90°, —60°, -30°, 0°, 30°, 60°, 90°} — during this stage volunteers
were allowed to listen to the audio clips and to change their choices as many times as
they wanted before finishing the experiment; and (c¢) testing: in which the volunteers were
instructed to listen to a set of randomly selected audios and to blindly assign them to an
azimuth. The volunteers were allowed to listen to the audio clips as many times as they
wanted before assigning them a value.

Unprocessed noise (RAW), as well as, MWF, MWF-ITF,, and R-MWF-ITF,

processed noise were obtained according to the acoustic scenario described in Section
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3.3.2, for four different noise runs, and either 0 dB < §2 < 30 dB or -5 dB < SNRj, < 25
dB in steps of 5 dB [51, 52|. Additionally, five unprocessed noise-only audio clips related
to the azimuths {-90°, -30°, 0°, 30°, 90°} were also employed, totaling 117 audio clips

for each volunteer in each experiment.

3.4 RESULTS

In this section, the performance of the proposed method is assessed by both objec-
tive quality metrics and psychoacoustic experiments, considering either Lombard-gain or
SNR variations. The acoustic scenario was created according to Sections 3.3.2 and 3.3.3.
TABLE 1 lists the input-signal quality measures. The proposed method assumed the
following arbitrary design requirements: SNRworsT = —5 dB [51, 52| (which is estimated
according to (81), but considering the worst expected SNR condition during operation);
and a binaural cue preservation requirement for the noise source defined by AILDy < 2 dB
dB and AIPDy < 2104, which resulted (approximately) in S(\, k) = 1 for all k values.
All volunteers were able to assign each noise signal to their correct azimuth in stage 2
(training) of the psychoacoustic experiment, showing adequate individual lateralization

capacity.

Table 1 - INPUT QUALITY MEASURES

Measure ‘ Average Value + Standard Deviation
PESQ;, 1.05 £ 0.01
PESQg 1.07 £ 0.01
SNRy, [dB] —-6.71 + 0.01
SNRg [dB] -2.60 £ 0.02
SNR [dB]| -5.00 £ 0.40

3.4.1 Robustness to the Lombard gain: nhumerical simulations

Figure 9 shows the speech and noise AILDy and AIPDy values for MWF, MWF-
ITFy, and R-MWEF-ITF, processed signals as a function of the average squared Lombard
gain (see (82)). Noticeably, the performance of the conventional MWF-ITFy was signifi-
cantly affected by variations in the Lombard gain. Figure 9 also shows that both MWF
and R-MWF-ITFy were approximately invariant to changes in g2. Considering AILDy
and AIPDy, respectively, as shown in Figure 9(a) and Figure 9(b), the MWF presented
the highest noise distortion, whereas the R-MWEF-ITFy presented the lowest. On the
other hand, according to Figure 9(c) and Figure 9(d), the MWF resulted in the lowest
speech binaural cue distortion, whereas the R-MWEF-ITFy resulted in the highest (this
is not surprising, because there are no penalties for spatial preservation of speech). Note,
however, that the R-MWF-ITFy was not affected by g2. A similar behavior was verified
for ASNRy, and ASNRg presented, respectively, in Figure 10(a) and Figure 10(b), in
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which SNR increases (up to 2.7 dB and 0.9 dB for the left and right ears, respectively)
were obtained for the proposed method (in comparison with the MWF-ITFy) for large

Lombard gains, resulting in the same MWF noise reduction performance.

Figure 9 — Averaged binaural-cue errors with respect to the averaged squared Lombard
gain (g2) in decibels (dB) for: (i) MWF (black square), (ii) MWF-ITFy (blue
diamond), and (iii) R-MWEF-ITFy (red triangle). (a) AILDy [dB]; (b) AIPDy;
(c) AILDx [dB]; (d) AIPDx.
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3.4.2 Robustness to the Lombard gain: psychoacoustic experiments

Figure 11(a) and Figure 11(b) present the average and median perceived azimuth
of arrival for each noise reduction method and unprocessed noise, respectively, obtained in
the psychoacoustic experiments with volunteers. Notably, the average/median perceived
azimuth obtained from signals processed by the MWF-ITFy was significantly affected by
the Lombard gain.

Figure 11(c) presents box-and-whisker diagrams including all Lombard gains. The
average perceived azimuth for the unprocessed (RAW) noise was —71° (median of =75°). In
this sense, we verified that volunteers overestimated the true azimuth of the noise source

located at —60° (left). As expected for signals processed by the MWEF, the perceived noise
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Figure 10 — Averaged input-output SNR differences with respect to the average squared
Lombard gain (32) in decibels (dB) for: (i) MWF (black square), (ii) MWF-
ITFy (blue diamond), and (iii) R-MWF-ITFy (red triangle). (a) ASNRy, [dB];
and (b) ASNRg [dB].
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azimuth changed toward the speech source at azimuth of 0° (average of 3° and median of
0°). The MWE-ITFy presented an average perceived azimuth of —25° (median of —19°),
indicating a displacement toward the speech azimuth. This was especially true for large
Lombard gains, when the cost function was largely unbalanced. The proposed R-MWF-
ITFy resulted in accurate estimates of the original noise azimuth with an average of —54°
(median of —56°). Considering the average response of the volunteers for each audio, and
that each g2 indicates a different condition in which the azimuth was measured, a one-way
repeated measures ANOVA test was applied to analyze the three methods with respect
to the perceived azimuth.

First, the Shapiro-Wilk (SW) test was applied to the data of each method to verify
the hypothesis of Gaussianity. Its null hypothesis was defined as “Hg: the distributions are
Gaussian” at the level of significance p > 0.05. Hy was not reject for all groups. Mauchly’s
test was used to analyze the sphericity assumption of the ANOVA test. The null hypothesis
of this test was “Hp: differences between all possible pairs are equal,” and the level of

significance was p > 0.05. The sphericity assumption was rejected, and the Greenhouse-
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Geisser correction was applied. Because no extreme outliers were identified, the one-way
repeated ANOVA, with the null hypothesis defined as “Hg: all distributions are the same,
at the level of significance p > 0.05” was applied. As a result, the null hypothesis was
rejected (F(2,68) = 66.5, p < 0.0001, n? = 0.56). Then, the Dunn-Bonferroni post-hoc
test was applied to verify which pairs of distributions were different from each other. The
null hypothesis was “Hp: the pairs of groups have the same distributions, at a level of
significance p > 0.05”. Finally, we concluded that all pairwise differences, between the
methods were statistically different (p < 0.05).

Figure 11 — Psychoacoustic experiments for different average squared Lombard gains: (i)
RAW (unprocessed) (green circle), (ii)) MWEF (black square), (iii) MWF-ITFy
(blue diamond), (iv) R-MWF-ITFy (red triangle), true noise azimuth (black
dashed line), and true speech azimuth (pink dotted-dashed line). (a) Aver-
age and (b) median perceived azimuths. (¢) Box-and-whisker diagrams for
all perceived azimuths grouped by technique (circles represent the average

values).
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3.4.3 Robustness to SNR variations: numerical simulations

A preliminary computational simulation was performed to corroborate the theoret-
ical hypothesis presented in Section 3.2.1, with respect to the robustness of equation (76)
against SNRy;, variations.

Figure 12 highlights the influence of Jywr in (76). It shows a comparison between
>k Jvwr(k)/K and the quantity n = >, r(k)/ K, as a function of SNR;,, where (k) is
defined as the ratio of the following terms in (76):

~ Juwr(k)
(k) = Br(k)J1 (k) )
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Figure 12 — Simulation results for equation (83): (1)X; Juwr(A k)/K (black); (ii)
MWE-ITF, (blue); and (iii) nr.yvrwr-TF, (red). See the description before
(83) for an explanation about 7.
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for 3, {:1 J;j(®3)/K defined by I = 1, f1 € {g2,1}. The quantities IMWE-ITF,
(B1 = ¢2) and NR-MWF-ITF, (81 = 1) are associated with the MWF-ITF and R-MWF-
ITF, respectively. From Figure 12, it can be verified that for 3; = ¢ 2 (MWF-ITFy),
substantially decreases with increasing SNR;,. Specifically, for SNR;, > 0 dB, n decays
logarithmically with SNRy,. On the other hand, for 57 = 1 (R-MWF-ITFy), the result
of (83) is approximately constant for all ranges of SNR;,. From these observations it can
be inferred that ensuring the preservation of the binaural noise cues for a given SNR
condition ensures that they will also be preserved for higher SNRs.

Figure 13 shows the speech and noise AILD and AIPD as a function of SNRy,. Both
the MWF-ITF, and R-MWF-ITF, methods have the same performance at SNR;, = -5
dB. Speech binaural cues for both MWF-ITF, and R-MWEF-ITF,, were similar and not
very distinct from MWF results, indicating that the azimuth of the target source was

approximately preserved.

3.4.4 Robustness to SNR variations: psychoacoustic experiments

Figure 14(a) and Figure 14(b) present the average and median azimuth perceived
by volunteers for each noise reduction method and for unprocessed noise as a function of
SNRi,, respectively. Notably, the azimuth perceptions from signals processed by both MWF
and MWF-ITF, were more affected by the SNR;, than the R-MWF-ITFy. Figure 14(c)
presents box-and-whisker diagrams of all perceived azimuths grouped by the processing
method. The average (and median) perceived azimuth for the unprocessed noise (RAW)
was —68°. In this sense, volunteers overestimated the real azimuth of the noise source,

as verified in the psychoacoustic experiments in Section 3.3.3. As expected, the MWEF-
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Figure 13 — Influence of the SNR in the binaural noise cue preservation: (i) MWF' (black);
(i) MWF-ITFy (blue); and (iii) R-MWEF-ITFy (red). (a) AILDy, (b) AILDx,
(¢) AIPDy, and (d) AIPDx.
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perceived azimuths were severely displaced to the 0° azimuth (average of 0° and median
of 2°). The MWF-ITFy resulted in a perceived average azimuth of —46° (median of
-45°), whereas R-MWF-ITFy provided an average (and median) of —58°. Unprocessed
and processed noise by the MWF, MWF-ITF, and R-MWF-ITF, methods were analyzed
with respect to their perceived azimuth performance, constituting four groups. No extreme
outliers were identified in any group. Gaussianity was not rejected, but the assumption of
sphericity was rejected. Thus, the Greenhouse-Geisser transformation was applied. The
one-way repeated ANOVA test was applied, in which the null hypothesis was “H: all
distributions are the same,” at the level of significance p > 0.05. The null hypothesis was
rejected. All pair comparisons rejected the null hypothesis using the Dunn-Bonferroni
post-hoc test. Finally, we concluded that all pairwise differences between the methods
were statistically different (p < 0.05).

3.5 DISCUSSION

Numerical simulations and psychoacoustic experiments with volunteers using fixed
weighting parameters indicated that the performance of the MWF-ITF, binaural noise
reduction method can be severely affected by speech /noise power variations. The proposed
normalized weighting parameter and its design method aim to provide a robust operating

setpoint, for the desired noise reduction effort and preservation of the original acoustic
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Figure 14 — Psychoacoustic experiments for different SNR;, in: RAW (unprocessed) (green
circle), MWF (black square), MWF-ITFy (blue diamond), and R-MWF-ITF,
(red triangle), true noise azimuth (black dashed line), and true speech azimuth
(pink dotted-dashed line). (a) Average and (b) median perceived azimuths. (c)
Box-and-whisker diagrams for all perceived azimuths grouped by technique
(circles represent the average values).
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scenario.

In Section 3.1, the influence of both the Lombard effect and the SNR condition on
augmented MWF-based cost functions was theoretically described. Numerical simulations
with objective criteria indicate that the proposed method presented in Section 3.2 is robust
to both the Lombard effect (Figure 9 and Figure 10) and input SNR variations (Figure
13).

Figure 9 and Figure 10 show that the performance of the MWF-ITF, was signifi-
cantly affected by the Lombard gain. Notably, increasing the Lombard gain increases both
ASNR;, and ASNRRg, as well as the preservation of the speech binaural cues. However,
both AILDy and AIPDy indicate progressive distortion. For §2 > 45 dB the MWF-ITF,
performance was equivalent to that of the conventional MWF, and the spatial preservation
of the noise source was lost. As a result, the desired trade-off between noise reduction and
preservation of binaural cues was no longer achieved. On the other hand, the R-MWEF-ITFy,
performance was approximately constant, maintaining the same binaural-cue preservation,
independently of the whole range of assessed Lombard gains. The AILDyx and AIPDy
increased for the R-MWEF-ITF,, which was a side effect of not applying auxiliary penalty
terms for the speech spatial preservation. The consequences associated with this arbitrary
case study are alleviated in practical applications considering that, in the most common

listening situations, the speaker of interest is in front of the hearing aid user (fx = 0°)
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[52, 67] (to allow for lip reading). In this situation, limited distortions in the perceived
azimuth are not considered to be a major problem. Speech spatial preservation may also
be included in both MWEF-ITF and R-MWF-ITF approaches if required.

Figure 11 shows psychoacoustic experiments with volunteers, corroborating the
observations presented in Figure 9(a) and Figure 9(b). Noticeably, changes in the Lombard
gain significantly modify the perception of the noise azimuth in signals processed by the
MWF-ITFy. The perceived azimuth ranges varied from —64° to 4° (with an average of
-25°) for 0 dB < g2 < 30 dB. The R-MWF-ITF,, provides the most accurate noise azimuth
perception (varying from —64° to —49°, with an average of —54°), whereas the unprocessed-
noise azimuth was overestimated by the volunteers (varying from —79° to —71°, resulting
in an average of —71°).

Figure 12 corroborates the theoretical hypothesis that the proposed weighting
parameter provides robustness to input SNR variations, showing bounded limits to the
balance of both parts (noise reduction and spatial preservation) of the MWEF-ITFy tech-
nique.

Figure 13 indicates that both the MWF-ITFy and the R-MWF-ITFy, present similar
binaural cue variation along the analyzed range of SNR;,. However, the largest amounts
for each method occurred in different ranges. The MWF-ITF,, shows large binaural cue
distortions for both AILDy and AIPDy in the 5 dB < SNR;, < 55 dB range, whereas the
R-MWF-ITF, was only significantly affected in the —40 dB < SNR;, < —15 dB range. This
observation agrees with the theoretical assumption that the robustness of the proposed
method increases with SNRy, — o0. Notably, according to [52] [68], the most common
listening situations in which adults with hearing losses are exposed to, are in the 2 dB
< SNR;, < 14 dB range. Thus, the proposed method provides better spatial preservation
than the conventional MWF-ITFy under practical conditions.

Finally, Figure 14 also corroborates both theoretical assumptions and numerical
simulations with regard to robustness to input SNR variations. In the same way as in
Figure 6, the unprocessed noise azimuth was overestimated by the volunteers (varying,
in average, from —79° to —64°, for -5 dB < ASNRj, < 30 dB), resulting in a global
average/median of —68°. The MWF resulted in an azimuth range from —15° to 6° and a
global average of 2° (median of 0°, which is the speech azimuth), while the MWF-ITF,
resulted in a range from —53° to —43°, and a global average of —46° (median of —45°). The
R-MWEF-ITFy method provided the most accurate azimuth perception (varying from —69°
to —54°, with a global average/median of —58°). The variation in the perceived azimuth in
the psychoacoustic experiments was expected because its average error increases for more
lateral angles [16, 69].

As expected for the fixed parameter strategy [34, 51|, it was verified that the desired
trade-off between noise reduction and binaural preservation was not preserved for different

power levels and, as a result, new setpoints must be calculated. This behavior was observed
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for the MWEF-ITFy, but it is also valid to other MWF-based noise reduction methods,
according to the theory developed in Section 3.1. Previously proposed psychoacoustical
parameter optimization strategies for the MWF-IC under diffuse noise fields [30] [36] were
based on exhaustive/iterative search procedures, which are computationally very intensive.
Thus, the proposed method is the first one that is valid for both diffuse noise fields and
point noise sources, while also being the first computationally efficient solution to this
problem. Assuming that speech and noise second-order statistic estimation are accurate
and the fixed part of the weight parameter was calculated according to Algorithm 1, then
the proposed method ensures adequate robustness in the -5 dB < SNR;, < 30 dB range.
Acoustic scenarios associated to high degrees of nonstationarity and large reverberation
time must take into consideration an adequate (fast and accurate) choice of second-order
statistic estimators, as well as MWF variations including dereverberation (such as in
[34]) to avoid significant performance loss. Further studies must be made to assess the
real-time performance of the proposed method in open-programming application-specific

instruction-set processors.

3.6 CONCLUSION

This chapter proposed a normalized weighting parameter for MWF-based binaural
noise reduction methods in hearing-aid applications. It aims to provide a robust preserva-
tion of spatial localization cues under speech and noise power variations. A design method
was presented to guarantee that the desired operational setpoint, which establishes a trade-
off between noise reduction and binaural-cue preservation, is maintained. An application
example using the MWF-ITFy noise reduction method (which can be easily expanded
to the ILD, IPD, and IC cases) demonstrated that the proposed technique is robust to
both the Lombard effect and input SNR variations. Simulation results with objective
criteria as well as psychoacoustic experiments with volunteers corroborated the theoretical
arguments, indicating that the proposed method maintained the desired trade-off between

noise reduction and binaural-cue preservation, even under challenging conditions.
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4 CLOSED-FORM SOLUTION TO THE MULTICHANNEL WIENER FILTER WITH
INTERAURAL LEVEL DIFFERENCE PRESERVATION

Methods based on the Multichannel Wiener Filter with ILD preservation (MWE-
ILD) generally employ cost functions comprised of two terms: i) the classical MWEF cost
function, which aims to minimize the power of the overall noise (restraining the speech
distortion); and ii) an ILD penalty term, which penalizes solutions that deviate from the
original ILD of the input noise [27, 35, 50]. A weighting parameter establishes the trade-off
between the optimization effort for each term in the cost function.

The first proposed MWF-ILD technique defined the ILD penalty term as the mean
squared difference between the input and output ILDs [27]. The work in [35] proposed a
variation of the ILD penalty term based on an approximation of the logarithm function,
resulting in a cost function that equally penalizes positive and negative ILD errors. In both
works, the design of the binaural noise reduction filters was based on an unconstrained
minimization of the MWF cost function plus the weighted ILD penalty term. However,
despite their notable performance in offline experiments, these techniques are inappropriate
for online implementation in embedded systems with severe computational limitations,
such as in HA applications. Lately, an adaptative filter implementation of the method
presented in [35] was proposed in [50] to deal with this problem. This algorithm allows
for the practical implementation of the MWF-ILD. However, the slow convergence rate
of the adaptive algorithm may lead to suboptimal solutions, compromising the maximum
attainable noise reduction and spatial preservation. As a result, previous MWEF-ILD
methods have some considerable drawbacks, which may be summarized as: i) the design of
the binaural filters is based on the unconstrained minimization of a nonconvex and highly
nonlinear cost function, which may result in long optimization times unsuitable for HA
applications; ii) there is no guarantee of global optimality and algorithm convergence; iii)
the weighting parameter employed for setting the trade-off between noise reduction and
ILD preservation does not have a direct relationship with physical performance measures,
making its design difficult.

In light of the presented facts, this work proposes a new MWF-ILD-based noise
reduction method surpassing the abovementioned limitations. The contributions of the
proposal in this chapter are the following: Firstly, the original (unconstrained) MWEF-
ILD optimization problem is changed to a constrained form (CO-MWEF-ILD) and then
reformulated to an equivalent nonconvex quadratically constrained quadratic program
(QCQP) with two quadratic constraints (QC-MWF-ILD). This makes the parameter
design intuitive and directly linked to physical measures. Secondly, a convex semidefinite
program (SDP) relaxation of the QC-MWF-ILD is derived (SD-MWF-ILD), which is
guaranteed to have a globally optimal solution. Using recent results from nonconvex
optimization literature, we show that the SD-MWEF-ILD achieves the same solution as the

QC-MWF-ILD, which provides a means of computing the globally optimal solution to the
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CO-MWE-ILD problem. Thirdly, we derive a reformulation of the SD-MWEF-ILD, called
constrained binaural MWF-ILD (CB-MWEF-ILD), as a nonlinear optimization problem

with linear constraints by considering the case of a point speech source. A semi-analytical

closed-form solution requiring only simple algebraic operations is then derived. Thus, we
obtain the optimal solution to the original non-convex CO-MWEF-ILD cost function at
a very low computational complexity and without requiring any iterative optimization
procedure. Fourthly, computer simulations are provided for an acoustic scenario comprised
of one point speech source and one point interfering source, corroborating the effectiveness
of the proposed method.

Results indicate that the proposed method achieves comparable or better perfor-
mance than the conventional (unconstrained) MWF-ILD implementation, with a complex-
ity similar to that of the classical MWF algorithm.

The remainder of this chapter is structured as follows. Section 4.1 describes the
conventional MWF-ILD method, i.e., the unconstrained version of the problem. Section
4.2 presents the quadratic non-convex (QC-MWF-ILD) and a convex (CO-MWEF-ILD)
versions of the MWEF-ILD problem. The CO-MWF-ILD equivalent dual problem and its
semidefinite relaxation form (SD-MWF-ILD) are also shown in this section. In Section 4.3,
a semi-analytical closed-form solution (CB-MWF-ILD) is derived. Section 4.4 describes the
computational simulation setup, while in Section 4.5, results are presented and discussed.

Finally, Section 4.6 presents the conclusions of this work.

4.1 MULTICHANNEL WIENER FILTER WITH INTERAURAL LEVEL DIFFERENCE
PRESERVATION (MWF-ILD)

To achieve the correct spatial perception of the interfering source at the HA output,
some works extend the MWF cost function with additional terms for penalizing solutions
w(A, k) that distort the original binaural cues of the interference. The ILD has been an
interesting alternative for achieving this goal. The MWEF-ILD was originally defined as
[27, 35|

Jawrap (A, k) = Jawr(A, k) + a(\ k) Jip(A, k), (84)

in which «(X, k) € Ry is a time-frequency weighting parameter, which impacts the
tradeoff between noise reduction and ILD preservation, and Jjf, is the ILD penalty term,
generically defined as [27, 35, 69]

T\ k) = [o(ILD, (A, k) — o(ILDI (X, k)2, (85)

in which o(e) = 10 - logjg(e), and ILD{ (A, k) and ILDY (A, k) are the input and output
ILDs of the interfering source, respectively defined by (22) and (23) making d = u, leading
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to [27, 35]:

ILDY (A, k) — —ng)““’ ba, (86)
ar Pu(X, k)qr
and
WO\ k) ®u(), K)wi(\, b)
WHOL ) ®a(%, Fywi O B)

in which qlTitI)u()\, k)aqr > 0 and wh (A, k)®y (A, k)wr(A, k) > 0.
The first ILD penalty term was proposed in [27], corresponding to a first-order

ILDY, (A, k) =

(87)

Taylor series approximation for g(e), i.e., o(x) = z—1. A more accurate approximation for
(85) was proposed in [35] based on the inverse hyperbolic tangent function approximation
of the logarithm, i.e., o(z) = (z — 1)/(z + 1). The optimum noise reduction filter that
minimizes (84) can be obtained by solving the conventional (unconstrained) MWF-ILD
problem:

wywrILD (A, k) = arg. min. JywraLp (A, k). (88)

w(\k)

It has been shown that the optimal filter obtained from (88) provides adequate noise
reduction as well as psychoacoustic spatial preservation for o(z) =~ z — 1 and p(z) =
(z—1)/(z + 1) approximations |27, 35, 50]. However, compared to the closed-form solution
of the classical MWF in (46), the formulated minimization problem in (88) has some
inconveniences. Firstly, there is no direct relation between the parameter a(\, k) and
the maximum tolerated input-output ILD error, which imposes difficulties in its design.
Secondly, the cost function Jij (A, k) is nonconvex and highly nonlinear. Consequently,
usual approaches to solve (88) may result in considerable additional computational burden
compared to (46), as general-purpose optimization solvers have to be applied. Moreover,
these approaches are not guaranteed to find the optimal global solution and may get
trapped at local minima. These disadvantages motivate a reformulation of the conventional
MWF-ILD method. The following sections omit the time-frame A and the frequency index

k for space-saving and clarity.

4.2 CONVEX FORMULATION OF THE MWF-ILD

In this section, an equivalent convex formulation for the conventional (uncon-
strained) MWF-ILD problem presented in (88) is proposed. It aims to provide tractable

means for computing the globally optimal solution to the original problem.

4.21 Constrained MWF-ILD

An alternative ILD penalty term can be defined as:

- Sip(w)
JILD-REL(W) — ma (89)
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for o(ILD}}) # 0, i.e., the interference source is not positioned directly in front of the
HA wuser. The ILD}} = 1 scenario is not considered in this work because, in this case,
the classic MWF will impose no binaural cue distortions. Unlike the JJi penalty term
presented in (85), Jip.rrr incorporates a scale factor that weights the input-output ILD
error according to the input ILD. Thus, it measures relative ILD deviations.

Constraining (89) in a given range, limited by § € R, (the ILD relative error
tolerance), the constrained MWF-ILD (CO-MWEF-ILD) noise reduction method can be
defined as:

WCO-MWEF-ILD — ar'g. min. JMWF (W) (90&)
w

s.t. JILD—REL(W) < (52, (90b)

in which weo.mwr.iLp is the optimal solution. By using this approach, we change the
original problem, which consists of determining the value of a in (84) (which is hard
to design because it does not have a physical interpretation) by defining § (which is an
easier task because it is directly related to the maximum tolerable amount of ILD relative
error). To write the constraint in (90b) in a mathematically tractable form, we apply
the antilogarithm and rearrange the ratio, which results in two cases with two quadratic

inequalities:

o i) If ILDY > 1 then

W Dyw — 01 - Wi Pywg = 0, (91)
W, Dywi, — 0y - Wi Pywr < 0, (92)
e ii) If 0 < ILD} < 1 then
WE—(I)HWL — 07 - Wl—{q)uWR <0, (93)
W, Dywi, — 0y - Wi Pywr = 0, (94)
in which
81 = (ILDY)' and §, = (ILDY)9. (95)
We can generically represent (91)-(94) using (40), leading to:
1 | wH®ee (67w
(ayt | W RO g (96)
W ¢C0(52)W
in which
P 0
Boolr) = | M (97)
Oprxpr —K®Pu
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for k € {01,092} and ¢t defined as

1, ILD{ >1
= : (98)
2, 0<ILDj; <1
Using (96), the constrained problem in (90) is equivalently represented as
WQC-MWF-ILD — arg. min. JMWF(W) s.t. C(W) < 02><17 (99)
w
where ¢(w) is defined as the left-hand side of (96), i.c
t 7WH¢CC(51)W
o(w) — ()i . (100)
W P (02)W

Both optimization problems in (90) and (99) are equivalent, resulting in woo.mwrILD =
WQC-MWF-ILD-

The reformulation of the unconstrained (conventional) MWF-ILD problem (defined
n (88)) into the MWF-ILD with two quadratic constraints (QC-MWEF-ILD) in (99) yields
a straightforward form to control the ILD distortion. The problem defined in (99) is known
as a quadratically constrained quadratic problem (QCQP), and is widely studied in the

optimization literature [70-72].

4.2.2 Convex reformulation of the QC-MWF-ILD

The QC-MWEF-ILD problem in (99) is hard to solve because it is non-convex. This
section defines a convex reformulation of the QC-MWF-ILD with theoretical guarantees
to achieve the globally optimal solution.

Computing the Lagrangian of (99) results in
Je(w,T) = Juwr(w) + 71 c(w), (101)

in which 7 = |7 TQ]T are the the Lagrange multipliers. Substituting (39) and (100) in
(101) leads to:

Jo(w,T) = WH‘I)yC(’T)W — WHpXX — pHW + Pxx, (102)

in which pxx and pxx are defined in (41) and (42), respectively, and the ®y(7) matrix
defined as:

2
Pye(T) = Byy + (- Z 1Y 75 ®ee (6), (103)

Using (18), (43) and (97) in (103) results in

Qyu(B1(T))  Oprxm

ByelT) = Oprxnr Pyu(Ba(T))

(104)
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in which:

Pyu(Br(T)) = Py + Br(T)Pu, (105)

Br(r) = ()" 1o, (106)

for r € {1,2}, 81 = [ 1 1|7, and 8 = [6; — o] .
From (102), the Lagrangian dual problem of the QC-MWFILD is defined as |70]:

Jp (WP 7°PY) — max .min. Jg(w,T), (107)

=0 W

°Pt denotes the optimal Lagrange multipliers.

in which w°P' is the optimal solution and 7
The dual problem, defined in (107), can be formulated for any constrained optimization
problem and has two essential properties [70]: i) it is always a concave problem, whatever
the form of the primal problem; and ii) for any 7 > 0 it defines a lower bound for the

QC-MWEF-ILD objective function, i.e.,

Hiwr (Woomwrarp) = Jp (WPt ). (108)

The inequality in (108) is not necessarily tight. However, considering that the QC-MWEF-
ILD in (99) is a QCQP (in complex variables) with two quadratic constraints, and as-
suming that it is strictly feasible then the optimal solution of both the primal problem
Juwr (WooemwraLp) and the dual problem Jpy(woP', 7°P') are the same [71]. Thus, the

inequality in (108) holds with equality, and w°P* = wqcomwraLp [70, 71], i.e.,

JMWF(WQC-MWF-ILD) = J/;(WQC-MWF-ILD, T t)- (109)

The result in (109) is known as the strong duality property [70]. As a consequence, the
solution to the QC-MWEF-ILD problem in (99) can be computed precisely by (107), i.e.,

JMWF(WQC—MWF—ILD) = max .min. Jﬁ(W, ’T). (110)
=0 W

Since the Lagrangian is a quadratic function over w, (110) can be reduced to a single
maximization problem. Firstly, the inner minimization problem must be solved, which can
be done by equating the gradient of (102) with respect to w to zero, which leads to the

following linear system:

Assuming ®y¢(7) > 0, without loss of generality, an analytical solution to (111) is given
by

w = ®le(T)pxx. (112)
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Substituting (112) in (102) leads to

Je (W (7),7) = min. Jp(w,T) (113a)
= 7P§X(I);C(T)pxx + Pxx- (113b)

Without the optimal 7, the solution wP*(7) in (112) is not necessarily equal to W mwr-ILD,
it only determines a lower bound solution. To find Wgc.mwr-Lp, it is necessary to find 7
that maximizes (113). This is obtained by introducing constraints 7 > 0 and ®yc(7) > 0
(which are required for the existence of a finite solution to the inner optimization problem

in (110)) explicitly in the maximization problem, i.e.,

T°P' — arg. max. — pgxq);,C(T)pXX + Pxx (114a)
T
st. 7 =0, ®ye(T) = 0. (114b)

This problem can be written as a convex semidefinite (SD) programming (SDP) of the
form (see [70] and [71] for details)

TP —arg. min. ¢ (115a)
7,0
st. T =0, ®y4(1) = 0. (115b)

in which ¢ is a slack variable, and matrix ®¢(7) is defined as:

P
By (1) = yek) - Pex | (116)
H
Pxx Pxx— ¢
Finally, replacing 7°P* in (112) leads to:
WSD-MWF-ILD(T Opt) = ‘I’;rzc(TOpt)Pxx (117)

As a consequence of the strong duality of the QCQP in (99), it is proven in [71] that
WSD-MWF-ILD — WQo-Mmwr-1Lp- Lherefore, one approach to determine woc mwr-rp is to find
T°P solving the convex SDP in (115a) (which is performed in polynomial time [70]) and

replace its optimal solution in (117).

4.3 THE PROPOSAL: SEMI-ANALYTICAL CLOSED-FORM SOLUTION

This section presents an efficient semi-analytical closed-form procedure to the
original CO-MWF-ILD optimization problem. The procedure is based on solving the
concave dual problem presented in (114). Firstly, the bidimensional dual problem in (114)
is transformed into two univariate problems; then, the semidefinite constraint is converted

into a set of linear constraints.
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4.3.1 Reducing the dimensionality of the maximization problem

To reduce the dimensionality of the bidimensional maximization problem in (114),

(101) is substituted in (109), leading to the following form for the strong duality property:

JMWF(WQC-MWF-ILD) = JMWF(WQC-MWF-ILD) + (7' Opt)TC(WQC-MWF-ILD)a (118)

which necessarily implies that:

(Topt>TC(WQC-MWF-ILD) = 0. (119)

Due to the non-negativity of the elements 7°P* and non-positivity of the entries in

c(WoomwrLp ), the identity in (119) can be represented as:

th(il)tijfQ H

T Wocmwr-Lb Pec (07)Woomwrp = 0, (120)

J

for j € {1,2}. The identity in (120) implies that (119) is true. This occurs in the following

situations: 1) T](-)pt = 0; ii) Wgc_MWF_ILD(I)CC(5j)WQC-MWF-ILD = 0; or iii) T;pt = 0 and

WSC-MWF-ILD(I)CC(éj)WQC-MWF-ILD =0, for j € {1,2}. Considering that wocvwraLp must
be a feasible solution to the problem in (99) and since §; > 0, the constraint in (99) implies

that the feasible solution must satisfy one of the following three cases:
i) only the first constraint is active:

()" Wl vwrp @ec(01) Woemwr it = 0, (121)

(71)tilwgC-MWF-ILD(I)CC(52)WQC-MWF-ILD <0, (122)
ii) only the second constraint is active:

—(-1) tileC-MWF-ILDq)CC (61)woo-mwrLp < 0, (123)

7(71)tileC-MWF-ILD‘I)CC(52)WQC-MWF-ILD =0, (124)
iii) both constraints are inactive:

(-1) tileC-MWF-ILD(I)CC (61)WoemwrLp < 0, (125)

(1) wlcmwrip Pec(92) WoemwrLp < 0, (126)

From (121) to (126), it is possible to verify that any optimal solution wqcmwr-ILD
will lead to at least one inactive constraint, which implies that at least one optimal

b will

Lagrange multiplier must be zero. Therefore, the optimal Lagrange multiplier 7
be one out of two kinds: 71 = [71 0]T, associated with (121)-(122); or 79 = [0 1] T
, associated with (123)-(124). The Lagrange multiplier associated with (125)-(126) is a

particular case of 71 or 79. Consequently, we can find the optimal solution to the problem
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in (114) by equivalently solving two univariate optimization problems corresponding to

each of the situations above. These problems can be formulated as:

T;pt = arg. max. — pf(IXCD;r,C(Tj)pXX + Pxx (127a)
7

for j € {1,2}, in which (104), (105), and (106) turn into

Qyu(Bi(15)  Opxm

Pyc(T)) = : 128
’ (Tj) 0pr % (I)yu(BQ(Tj)) (128)
in which:
q)yu(ﬁT(Tj)) = Py + ﬁr(Tj)q)ua (129)
Br(r) = (1) Ts e, (130)

for r € {1,2}. Solving (127) for j = 1 and j = 2 leads to 73" and 75", respectively. The

optimal solution to (114) is the one that maximizes the dual cost function, i.e.,
T = arg. max. .{ Jo (79, Jo(m9)} (131)

Finally, the solution wocmwr.Lp is obtained by substituting the resulting 7°P* in (117).

4.3.2 Simplification of the constraint

The positive semidefinite constraint of ®yc(7;) makes the solution to (127) compu-
tationally intensive. Here, we show that it is possible to write the semidefinite constraint
equivalently in the form of a set of linear constraints. Defining x(A) as the vector con-
taining the eigenvalues of a generic diagonalizable matrix A and considering the block
diagonal structure of ®@yc(d;), then x(Pyc(d;)) = [x " (@yu(B1 (77))) x| (@ye(Bo (75))) |7
comprises the eigenvalues of the diagonal blocks [66]. Thus, matrix ®yc(d;) is positive
semidefinite if and only if x(®yu(F1(7j))) = 0 and x(Pyu(B2(7;))) = 0, i.e.,

Pyc(9)) <= x(Pyul(Br(7}))) = 0, (132)

for r € {1,2}. Therefore, we need to determine conditions in which all eigenvalues of
®yu(B8r(7j)) are nonnegative. The following theorem provides this:

Theorem I. Considering that ®yy(8r(7;)) = ®y + Br(7j) Py, with ®y defined in
(18), @y defined in (17) and B, (7;) defined in (130); if @y is a symmetric positive semidef-
inite matrix and @y is a symmetric rank-1 matrix, then the eigenvalues of ®yy(8r(7;))

are non-negative if and only if

(D) = o)t (133)
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for r e {1,2} and 7, = psubHQLb = trace{@L@u}. Proof: See Appendix A.
Considering (133) and the constraint 7; > 0, the feasible region of (127) can be

written as:
{7j 2 0} A {1 Ty = ()" T (134)
for r € {1,2}. Considering the cases for r = 1 and r = 2, the interval in (134) is given by
{rj} A 7y <oy o {D) g = - (57 (135)

Considering (135), the feasible regions of (127) for ¢ = 1 and ¢ = 2 are defined, respectively,

as
0< 7 <my(6;)H, (136)
0< 7 <myt(e;) % (137)

The intervals in (136) and (137) can be generically represented by
0< 7 <m0, (138)

in which f = (-1)¥(j—t). Using (138) in (127), leads to the following optimization problem:

%" — arg. max. — pEX@;r,C(Tj)pxx + Pxx (139a)

J 7j
st 0< 7 <t (6;) (139D)
For each j € {1,2}, the optimization problem described in (139) encompasses a

concave cost function with a linear interval constraint. Therefore, its stationary point will

be either in the interior of this interval, or it is one of the limits of the feasible region.

4.3.3 Rewriting the cost function of the dual problem

Considering the expressions for the pseudo-inverse of a block diagonal matrix such
as ®yc, and the sum of a positive semidefinite and a rank-1 matrix such as ®yy (8 (7)),

given respectively in [73| and [74], the cost function of (139) is defined as

(-1)/ TILDE 7 (-1)/ 15,7
1

| . + e, 140
B W S VA i I 140)

Je(rj) =c| —

in which ¢; = pa:R‘nab|2; g — (ILDﬁl>p$R’77a|2; Na = psuqu); - trace(‘b;q’u); Nab —
psxp5u|aH¢'I,b\ = trace(@I,@X@;@u); DzR = q&@XqR. Therefore, the dual problem in

(139) can be represented as

T]c.’pt = J/;(Tj) st 0<7; < ngl(tsj)f, (141)
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in which J(7;) is defined in (140). There are two possibilities for 7; in (141). Either
it belongs to the interior of the feasible region 0 < 7; < ngl(éj)f , In which case it is a
stationary point of (140), or it is one of the limits of the feasible interval, i.e., 7; = 0 or
Topt = 7781(55 . Thus, (141) can be solved by computing the set of possible solutions and

finding the one that maximizes the objective function.

4.3.4 The stationary point inside the feasible region

Since the dual problem is always concave, and considering the Hessian of JE(Tj)
is not singular, there is at most one stationary point inside the feasible region, in which

case it is the optimal Lagrange multiplier. To obtain it, we compute the gradient of (140),

leading to:
V()  a(ULDE a1y (142)
V7 (17 =mym)? (17T 4 mydyri)?

Equating (142) to zero results in two possible solutions:

(L7
(17—

= (-1)" 1y, (143)

in which ¢ € {1,2}; and

0

by = —I—. (144)
ILD%,

Therefore, the generic representation for the stationary points (sp) of the dual
problem in (139) is given by:
(_1)t+j+1 1-— (,Diwj

A 7 145
J5t M 5j _ (*1)21@7‘ ( )

Note that (145) represents two solutions, one for ¢ = 1 and another for i = 2. However,
one can be eliminated since at most one of the stationary points will be a feasible solution
to the dual problem. This can be verified by replacing (145) in the feasible region of (141)
considering the values for ¢, j, and ¢ that lead to the conditions for the stationary points
to be feasible solutions, as shown in Table 2. Manipulating the inequalities for each entry
of Table 2 leads to the equivalent interval representations shown in Table 3.

Since d; > 0 (see (95)) and vp; > 0 (see (144)), the stationary points associated
with column ¢ = 2 in Table 3 will never be inside of the feasible region (since this would
require that d; < 0). Therefore, the stationary points inside the feasible region (ifr) can
only be those for which ¢ = 1, i.e.,

(71>t+j+1 1-— wj

Tiy = . 146
7t Mmoo 0t (146)
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Table 2 — Conditions for the stationary points in (145) to be contained in the feasible
region of (141), for t € {1,2}, j € {1,2}, and i € {1, 2}.

71— 1 71— 2
o s 1 Y11 1 1 1+ 1
— = < = < = < = < =
) = < =12 L 2 < = 2 < 2
J=2|0s 771b 5f+w¢2 = 77b152 U< 771b ?2*&/}12 = 77b152
= | — < — 1L < 2 < =— L —
t=2)5=1 0\77b15112r 11\77b151 0\77b1511+¢$\77b151
| = < =2 L= < = 2 < =
J=2 0\nb¢2+52 = O\Wbl/fszsz = M

Table 3 — Equivalent representation of the feasible regions in Table 2.

7 —1 71— 2
t=11j=1 {1 =21} n{dr=-1} | {tn 21} n {01 <-1}
j=2 {2 <1}n{do =1} | {tp2 <o} n{dp <1}
t=2 =1 {1 <1}n{o1=>-1} | {¢1 <1} n {61 <1}
j=2 {2 =1} n{de =1} | {tpg = do} n{dp < -1}

4.3.5 The stationary points outside the feasible region

If the stationary points are outside the feasible region, the maximum value of the
dual problem is achieved at one of the limits of the feasible region. Considering the problem
in (141), 7; = 0 always leads to Jg(7;) = c2. Also, as 7; approaches 77516; the value of
J(7;) approaches —oo. Therefore, the upper limit of the feasible interval is not a solution
to the problem for any combination of f € {1,2} and j € {1, 2}, since J.(0) > JE(T]B]'(;‘{).
Therefore, the optimal Lagrange multiplier is zero (7';13t = 0) when the stationary point

of the cost function is outside the feasible region.

4.3.6 Implementation

Table 4 presents the pseudocode to implement the proposed semi-analytical closed-
form solution to the constrained binaural MWF-ILD named CB-MWEF-ILD noise reduction
method. It comprises equations (117) and (146) and the reasoning presented in Section

VLE.

4.4 COMPUTER SIMULATIONS

In this section, computer simulations are presented to assess the performance of
the CB-MWPF-ILD semi-analytical closed-form solution provided in Table 4. Comparisons
with the classical MWF' (in (48)) and the conventional MWF-ILD (in (88)) methods are

also performed.
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Table 4 — Pseudocode for the CB-MWEF-ILD proposed method.

Input: &y, &y, Py, o

Output: weg Mwr-ILD

If ILDj, # 1 then

Compute §1 and do using (95) and §

Compute ILD using ®y in (22)

Compute 11 and 19 using (144) and ILDX

Initialize Tfpt = 0 and T;pt =0

If t =1 and ¢; > 1 then

Compute ;™ = 7i" using (146) , for t = 1 and j = 1
end IF

If t =1 and 99 < 1 then

Compute 57 = Téfjl using (146) , for t =1 and j = 2
end IF

If t =2 and ¥1 <1 then

Compute Tfpt = Tif’rQ using (146) , for t =2 and j = 1
end IF

If ¢t =2 and ¥ > 1 then

Compute 757" = Téf’rQ using (146) , for t =2 and j = 2
end IF

If Jp(m™) = Jp(57") then

T=[7"0 |7

else

=10 7'2°pt |7

end If

WCB-MWF-ILD — ‘I’;c(T P! ) pxx

else

WMWF — (I);rfy (Topt)pXX

end If

4.4.1 Acoustic scenario

The acoustic scenario comprises two point sources (the desired speech and the
interfering source) and additive (environmental and electrical) noise. Point sources were
simulated by convolving signals with the corresponding acoustic transfer functions (ATFs).
The ATFs characterize the acoustic path between the source location and the acquisition
microphones in a pair of behind-the-ear HA mounted on an artificial head and torso
mannequin. The room reverberation time is Tgg =~ 3001 ms [63]. Thirty different speech
signals were selected from the database presented in [64]. Half of them were considered
speech of interest, while the other half were interference. Signals are two seconds long on

average and uttered by a single speaker.

L Teo: is a measure of the reverberation time, i.e., the time required for the acoustic impulse response

of the environment decay by 60 dB.
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The total number of microphones is M = 6 (3 on each side). The desired source
was emulated at 0° azimuth (in front of the HA), while the azimuth of the interfering
source (#y) was varied from —90° (left side) to 90° (right side) in steps of 10°, resulting in
19 different azimuths. The elevation angle and the radial distance of both point sources
were set at 0° and 3 m, respectively.

The environmental noise was assumed cylindrical and isotropic. It was generated
according to the procedure defined in [75] and [46].

The long-term signal-to-interference ratio (SIR) and signal-to-noise ratio (SNR)
were both set to 0 dB, resulting in a signal-to-interference-plus-noise ratio (SINR) of -3
dB.

For each noise reduction technique, 285 simulations (15 sets of signals and 19

azimuths for the interfering source) were performed.

4.4.2 Time-frequency representation

The input signals were sampled at 16 kHz and processed in frames of 256 samples
with 50% overlap. Frames were weighted by an analysis window and transformed to the
frequency domain using the Short-time Fourier transform with K = 512 points, using
zero padding. After filtering by the noise reduction method, the processed signals were
transformed back to the time domain using the inverse Fourier transform. A synthesis
window weighted adjacent frames, and an overlap-and add algorithm was applied to restore
the filtered signal to the time domain [76|. The square root of the Hann window was used
for both analysis and synthesis.

For obtaining an upper bound performance, a batch procedure for estimating the
required coherence matrices was implemented, resulting in a unique coefficient vector w
per bin, which was calculated a priori and then employed for filtering the whole noisy
speech [46, 45, 77|.

The methodology used to estimate the coherence matrices was the same used in
[60], [78], and [79]. We assume the use of a (own) voice activity detector [80] for segmenting
background noise, interference plus noise, and speech plus noise epochs to estimate ®;
by, = Py + Py, and Py, = Py + Py, using:

. 1 Py
Dq(k) = — » d(\ k)d¥(\ k), (147)
Pa =
in which d € {n,un,zn}; and P; is the number of frames used in the estimative of the
coherence matrices.
Estimation of ®y and ®,, was performed using the covariance whitening method

[60, 78, 79, 81, 82|. Firstly, a squared-root decomposition of &, is performed, resulting in

by — &) (k)1 (k). (148)
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Then, matrices ®y, and Py, are prewhitened using (148) , i.e.,

&Y (k) — &, 2 (k) Bn (k)™ 2 (), (149)
b (k) = b, () ®un(h) B, 2 (k). (150)

Finally, ®¢ and ®, were estimated as rank-1 matrices according to:

Dy (k) = Do (k)a(k)a (k), (151)
&y (k) = Pau(K)B(E)D (K), (152)
in which
Psa (k) = v{®5,(k)}, (153)
psu(k) — V{(i)flvn(k)}a (154)
a(k) = ®n(k)E{ Dy, (k)}, (155)
b(k) = By (k)f{ Dy, (k)1 (156)

where v{-} is the largest eigenvalue of the matrix in its argument; and f{-} is its associated
eigenvector. This method is widely used for speech (®) and interference (®,,) coherence

matrix estimation in low-SNR complex acoustic scenarios [83].

4.4.3 Parameters and optimization algorithms

The "fmincon’ routine from Matlab [84] was employed to obtain the optimal solution
for the conventional MWF-ILD method defined in (88). Both gradient and Hessian (see
Appendix B) for equation (84) were provided to the solver. Parameters a (A, k) were defined
through the iterative algorithm presented in Appendix C and kept fixed for all A. Vector
€ Rf | was defined by G' = 500 elements linearly distributed in the logarithm scale
0719 and 1. This iterative algorithm is similar to the algorithm presented in [46].
The ILD tolerance §(), k) was set to 10 6.

between 1

4.4.4 Objective performance measures

Five objective measures were used to assess the noise reduction and binaural cue
preservation performances of the investigated methods.

The signal-to-interference plus noise ratio variation (ASINR), the signal-to-interference
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ratio variation (ASIR), and the signal-to-noise ratio variation (ASNR) are defined as [60]

K
10 Dzx <k>pv (k)
ASINR = — log LR LR , (157)
K kzl 10 pZVLR(k)pXLR(k)
K
10 Dzx (k)pu (k>
ASIR = — » lo LR LR , 158
K ];1 510 pzuLR(k)prR(k) ( )
K
10 Dzx (k)pn (k)
ASNR = — ) logj LR LR : (159)
K ]4;21 ! pZHLR<k>pXLR(k>

in which pyd,, (k) = wH () @q (k) wa(h): pa, () = af (B)8q(K)an(k): and d € {n, v, x).
The ILD and IPD variations, which measure the input-output binaural cue preservation,

are defined respectively as [35, 46|

K
10 Pady, (k) pag (K)
AILDg = — log L R , 160
1= F 2| 8w (pzdR<k>de<k> 60
1 K
AIPDg = —— 3 | £y (6) ~ Lpag (B)], (161)
k=1

in which p,q,(k) = w)'®qwy; pq,(k) = qZ@dqg. The global performance for each noise

reduction technique was calculated for all signals and interference azimuths (285 values).

4.5 RESULTS AND DISCUSSION

This section presents performance results for the proposed CB-MWF-ILD method
and compares it with the classical MWF and the conventional MWF-ILD. Figure 15
and Figure 16 depict input-output ILD variation for the interference and speech signals,
respectively. As expected, the classical MWF severely distorts the ILD of the interfering
source compared to the MWF-ILD techniques. This observation is corroborated by the
AILDy (for all 6y ) presented in Table 5 | in which: AILD, = 8.4 dB, AILD, = 2.5 dB,
and AILDy = 2.5 dB for the MWF, MWEF-ILD, and CB-MWEF-ILD, respectively. The
proposed method and the MWEF-ILD result in similar ILD preservation for interference.
The CB-MWEF-ILD results in the same speech ILD distortion as the MWF-ILD and
approximately the same as the classical MWF.

Figure 17 and Figure 18 show AIPD, and AIPDx . The speech AIPD of the
proposed method is very small and is in the same range as the MWF and MWF-ILD
methods. The AIPD of the interfering source is not negligible, despite being in the same
range as the MWF and the MWF-ILD techniques. This side effect may influence the
localization of low-frequency interfering acoustic sources by the HA user because of un-
coherent ILD and IPD binaural cues. However, this situation was not observed in the

processed signals. Table 5 also indicates that despite some variations, AIPD, and AIPDy
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Figure 15 — Interference AILD calculated from 15 input signals for each 6, # 6x = 0°.
MWF in green ([1), MWF-ILD in blue (¢), and CB-MWF-ILD in red (x).
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for all interference azimuths and methods are in the same range. Figure 19, Figure 20,
and Figure (21) show ASINR, ASIR, and ASNR for distinct 6, # 6x = 0°. The proposed
method presents a noise reduction performance equivalent to the classic MWF and the
conventional MWF-ILD for all interference azimuths (Table 6).

The dissimilarity between noise reduction performances for both left and right
sides is a consequence of the input/output ILD definitions presented in (22) and (23), as
described in [35].

Massive simulations performed on a desktop personal computer with an Intel®
Core i7-3770 processor, running at 3.40 GHz, and Matlab®, indicated that the numerical
process required for obtaining the optimal filters (wy, and wg) for the CB-MWEF-ILD is
12,000 times faster than for the conventional (unconstrained) MWF-ILD and only 0.35

times slower than the classical MWF, on average (see Table 7).

Table 5 — Global median and standard deviation (M + X)) for speech (x) and interfering
(u) AILD and AIPD.

AILD, [dB] [ AILDy [dB] [ AIPDy, [rad/#] | AIPDy [rad/7]
MWF 8.4+ 3.4 05+01 | 05+5x102 |2x102+5x 1073
MWEF-ILD 25+ 1.6 05+01 | 05+5x102 |2x102+5x103
CB-MWF-ILD | 254 1.6 05+01 | 05+5%x102 |2x102+5x103
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Figure 16 — Speech AILD calculated from 15 input signals for each 6, # 6x = 0°. MWF
in green ((J), MWEF-ILD in blue (¢), and CB-MWEF-ILD in red (x).
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Figure 17 — AIPD of the interfering source calculated from 15 input signals for each
By # 0x = 0°. MWF in green (1), MWF-ILD in blue (¢), and CB-MWF-ILD
in red (x).
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Figure 18 — Speech AIPD calculated from 15 input signals for each 6y # 0x = 0°. MWF
in green ((J), MWEF-ILD in blue (¢), and CB-MWEF-ILD in red (x).
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Figure 19 — ASINR calculated from 15 input signals for each 6, # 6x = 0°. MWF in green
(00), MWF-ILD in blue (o), and CB-MWF-ILD in red (x).
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Figure 20 — ASIR calculated from 15 input signals for each 6y # 0x = 0°. MWF in green
(), MWE-ILD in blue (¢), and CB-MWF-ILD in red (x).
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Figure 21 — ASNR calculated from 15 input signals for each 6 # 6x = 0°. MWF in green
(0J), MWE-ILD in blue (¢), and CB-MWF-ILD in red (x).
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Table 6 — Global median and standard deviation (M =+ ¥) for ASINR, ASIR and ASNR.

ASINR [dB] | ASIR [dB] | ASNR [dB]
MWF 122+20 | 168+5.0 | 10.1+14
MWF-ILD 122420 | 168+5.0 | 10.1+1.4
CB-MWF-ILD | 12.2+20 | 16.8+5.0 | 10.1+1.4

Table 7 — Average time for calculating the optimal filters (wy, and wg) in the assessed
acoustic scenario.

MWF | MWF-ILD | CB-MWEF-ILD
Time [s] | 7 x 107 2.4 2x 1077

4.6 CONCLUSIONS

This chapter presented a new multichannel Wiener filter (MWF) based noise reduc-
tion method with interaural level difference (ILD) preservation. It minimizes the MWF
cost function subject to two constraints (with physical meaning) for ILD preservation. The-
oretical analysis shows that the resulting convex optimization problem leads to the same
optimal solution as the conventional nonconvex MWEF-ILD. However, differently from it,
the proposed technique has a semi-analytical closed-form solution, which is a very interest-
ing and desired characteristic for real-time applications. Simulation results indicate that
the proposed method results in approximately the same signal-to-interference-plus-noise
ratio performance presented by the classical MWF and an ILD preservation comparable
to the conventional MWEF-ILD. The proposed semi-analytical closed-form leads to a con-
siderable decrease (up to 12,000 times less) in the optimization time compared to the
conventional MWF-ILD method, which makes this method very attractive for binaural

hearing aid applications.
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5 MULTICHANNEL WIENER FILTER TECHNIQUES FOR PRESERVATION OF
POINTWISE SOURCES AND DIFFUSE SOUND FIELDS

This chapter discusses the limitations of current binaural noise reduction (NR)
techniques and proposes a new approach to address these limitations.

The preservation of binaural sound impression is associated with two types of sig-
nals: signals generated by a pointwise source or signals generated by diffuse fields. Current
state-of-the-art MWF-based binaural noise reduction (NR) techniques are available to
preserve the binaural impression of one of those signals.

The reason for this limitation is that the binaural preservation terms used in these
techniques are typically associated with the preservation of one or two main binaural cues,
i.e., the interaural level difference (ILD), interaural phase difference (IPD), and interaural
coherence (IC). As a result, MWF-based binaural NR techniques are effective only in
preserving the binaural impression of signals generated from either a pointwise source or
a diffuse field, but not both.

In order to tackle this issue with MWF-based techniques, this chapter presents
three techniques for preservation of a pointwise source or a diffuse field. The goal is to
jointly preserve ILD, ITD/IPD, and IC using a single approach.

This chapter is divided into two parts. The first deals with the proposition of a new
cost function for binaural hearing aids, comprehending Sections 5.1 to 5.4; while the second
describes an efficient form to implement it. In Section 5.1, we investigate the abilities of
binaural cost functions to preserve the three main binaural cues. Section 5.2 presents a cost
function that aims to preserve the ILD, ITD/IPD, and IC. In Section 5.3, we investigate
the noise reduction and binaural preservation performances of the proposed cost function.
In Section 5.4, we present and discuss the results of our experiments. Sections 5.5 and
5.6 present the derivation of the proposed implementation algorithm. Section 5.7 presents
the experimental setup to assess the performance of constrained optimization techniques.
Section 5.8 presents the results and discussion. Finally, in Section 5.9, we present our

conclusion for this chapter.

5.1 AN INVESTIGATION OF THE COST FUNCTIONS FOR PRESERVATION OF
THE BINAURAL CUES

This section focuses on challenges associated with preserving binaural cues in
signals generated from pointwise sources and diffuse fields. Despite a significant amount of
interest devoted to designing perceptually relevant binaural preservation terms, currently
there is no unique preservation term that can effectively maintain the binaural cues of
such signals. Specifically, typical binaural cost functions used to preserve interaural level
differences (ILD), interaural phase differences (IPD), and interaural coherence (IC) are

only used for signals originating from pointwise sources and diffuse fields, not both. In the
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following paragraphs, we will describe the specific set of binaural cues preserved by the
binaural preservation terms.

Firstly, let us analyze the J& (W) cost function presented in (50). This term
is added to the MWF cost function (Jywr) in order to preserve ILD and ITD/IPD in the
case of pointwise sources. The auxiliary cost function is a weighted sum of two separate
terms: one for the ILD and another for the ITD/IPD preservation. However, it has been
shown in [32] that the term associated with the preservation of ITD / IPD in (50) has an
unsatisfactory psychoacoustic performance for pointwise noise sources.

Secondly, let us analyze the ITF cost function, J&x(w) defined in (54). The purpose
of this cost function is to preserve the ITF of a pointwise source. Consequently, it also
ensures that the ILD and IPD of signals produced by such source are preserved.

To provide a clear understanding of this claim, we can manipulate both the denom-

inator and the numerator of (54). By doing so, we arrive at the following result:

 wi®qwy — (ITFR)* - wil@qwr — (ITFG) - wii@qw, + [ITFg |* - wli®qwr

Jd
11 (W) W wr,
(162)
Hep e Hep Hep
S gy SN ) TSRO rppg 2. THOdE
wrPqwr wpPqwr wrPqwr wpPqwr
(163)

By substituting ILDJ | which is defined in (23), and ITFS | which is defined in (21), into
Equation (162), we obtain:

Jier(w) = ILDS (w) + [ITFL)? — 2 - R{(ITFY, (w))* - ITFS (164)
Equation (164) can be equivalent represented as:

Je(w) = [ITES, (w)[? + [ITFG|* - 2 - R{(ITFS,(w))* - ITFG,} + TLDG, (w) — [ITFS, (w)[?
(165)

Because (33), [ITFY, (w)|? = ILDY (w)[ICou(w)|?, and (165) can be represented as:

Jpe(w) = [ITFS, (w)[? + [ITFG[? -2 - R{ATFS,(w))* - ITFQ} + ILDS, (w) - (1 - [IC, (w)[?)
(166)

From (166), it is clear to see that the Jir can be represented as the sum of two terms:

Jitp(w) = J{(w) + J5l(w), (167)

in which:
J(w) = |ITFY, (w) - ITFY |2, (168)
JsH(w) = ILDY (w) - (1 - [ICou(w)[?). (169)
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From an investigation of Equations (168) and (169), we can see that the term Jld(w) of
(169) is directly associated with the preservation of ITF. On the other hand, the term
J2d(w) from (169) maximizes |[IC4 |2, which is restricted to a maximum value of 1 [30]. This
explains why the J(w) cost function is highly effective in preserving the binaural cues of
a signal generated by a point acoustic source. However, this characteristic is fundamentally
incompatible with the preservation of the IC of a signal generated by a diffuse field. This
is due to the fact that the magnitude of IC4 (w) can vary between 0 and 1 depending
on the frequency [30]. This is the first theoretical explanation about the performance of
J&p(w) without any simplifications in the original cost function.

Finally, let us analyze J&()\, k) presented in (55). This cost function can be used
for the preservation of the IPD of a pointwise source [32], as well as the IC of a signal
generated by a diffuse field, as shown in [46]. However, since it is invariant to changes in

the relative magnitudes of wy, and wg, it cannot ensure the preservation of ILD.

5.2 COST FUNCTION FOR PRESERVATION OF POINTWISE SOURCES AND DIF-
FUSE SOUND FIELDS

Preserving the interaural level difference (ILD) and interaural coherence (IC) are
crucial for effective preservation of the binaural impression of an acoustic source. However,
to date, no augmented MWEF' cost function has been proposed to jointly preserve these

cues. To address this gap, the following auxiliary cost function is proposed:
T p10(W) = o i p (W) + arc it (w) (170)

in which Jd, and J{& are defined in (52) and (55), respectively. Using (170) in the
optimization problem defined in (49), it is possible to obtain the desired trade-off between
noise reduction and spatial preservation of the binaural sound impression for either a
diffuse field or a signal generated by a pointwise source.

Both J{ and J¢ are nonnegative functions, minimization of the cost function Jg
naturally results in ILD — ILDY | while minimization of J&., results in !ICOdu| = |IC§1| e
1pDd — 1PDI.

5.3 EXPERIMENTAL SETUP

This section presents the experimental setup to assess the performance of the
proposed binaural noise reduction technique defined by the cost function in (170).
5.3.1 Binaural noise reduction techniques

The proposed method is named MWEF-ILD-IC in the experiments, and the design
of the binaural noise reduction filters w;, and wgr is made in each frequency bins by

an unconstrained minimization of the Jywp plus the J4, (W), defined in (170). The
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performance of MWF-ILD-IC is compared with three other techniques: the MWF defined
by the minimization of (38); the MWF with noise ITF preservation, named MWF-ITF,
whose NR filters are designed by an unconstrained minimization of the cost function
composed by the Jywr plus the Jirg, which is defined in (54); and the MWF with noise
IC preservation, whose cost function is defined by the Jywr plus the Jic (defined in (55)).
All unconstrained minimization problems were solved using the 'fmincon’ routine from

Matlab® [84].

5.3.2 Simulated acoustic scenarios

Two acoustic scenarios called AS; and AS9 were simulated for the experiments.
In all simulations, the speech signal (z) and the overall additive noise (v) were used. In
the scenario ASq, the overall noise is dominated by an point interfering source, which
is approximately to v = u. In the scenario AS9, the noise is dominated by its diffuse

component, which is approximately to v = n.

5.3.3 Acoustic scenario 1 (AS;): speech and interfering generated by pointwise
sources

The signal generated by the speech source was simulated using 3 seconds of a
low-pitched speech signal acquired from a database described in [85]. The clean interfering
signal was simulated using a spectral-temporal signal with characteristics similar to speech
and developed for use in clinical tests with hearing aids [65].

The acoustic paths between the pointwise sources and the hearing aid microphones
were simulated using an impulse response database described in [63|. The database pro-
vided head-related impulse responses (HRIRs) associated with a pair of behind the ear
(BTE) hearing aids, each having three microphones (M = 3). The HRIRs carry infor-
mation about the impulse response of the hearing aids microphones, the ears, and other
parts of the human anatomy, and the direct path between the pointwise source and the
microphones. HRIRs were measured in an anechoic environment.

The source of speech is located at azimuth 0y = 0° and 80 c¢cm from the hearing
aid user, and the interference is located at azimuth 6, = —60° (left hemisphere). The
elevantion angle was 0°.

The speech and interfering components captured by the microphones were generated
by filtering the original audios with the impulse responses associated with the positions

of the respective sources.
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5.3.4 Acoustic scenario 2 (AS»): speech plus noise generated by a diffuse sound
field

In this scenario, the speech signal was generated in the same way as in scenario ASy.
On the other hand, the undesired component is generated by a homogeneous cylindrical
diffuse field, which was simulated using the method described in [75].

5.3.5 Noisy signal and time-frequency representation

In the simulated acoustic scenarios, speech and overall noise were combined, so
that the SNR in the left ear resulted in 0 dB, i.e., iSNR, = 0 dB. This leads to iSNRg =
3.1 dB in the right ear — see Equation (77) for the definition of iSNRy, and iSNRp.

The time-frequency representation of the received signals was estimated using the
method described in [76] which is summarized as follows. A set of 128 noisy input samples
was weighted by an analysis window and transformed to the frequency domain using the
Fourier transform containing K = 256 points, filled with zeros. After being processed, the
input signal was transformed to the time domain using the inverse Fourier transform, and
a synthesis window was applied over the result. The analysis and synthesis windows are
the square root of the Hanning window. The processed output signal was reconstructed in
the time domain by adding the adjacent set of samples with 50% overlap between them.

The sampling frequency of the system is f; = 16 kHz.

5.3.6 Estimation of coherence matrices

The estimations of the matrices ®y and ®y were calculated from the complete set
of samples of the contaminated signal (y) and noise (v), respectively. In both scenarios, the
coherence matrix of the speech signal was approximated by subtracting the noise coherence
matrix from the noisy input signal coherence matrix, as follows: ®x = ®y — ®. The effect
that errors in the ®y matrix have on the performance of the investigated binaural noise

reduction techniques was not analyzed in this work.

5.3.7 Objective performance measures

The measures used to evaluate the performance of the proposed technique are
described in the following.

Variation between input and output binaural cues: i) AILD, defined in (80); ii)
AIPD, defined in (79); and iii) AMSC defined as:

K

1/2 1/2
K (= | Wi (k) ®q (k)w, - whdg(k)we] 2 [of Bqar - of Baan]

(171)
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in which d can be associated with speech (z) or one of the parts of overall noise (u and

The variation between the input and output SNR (ASNR) was defined in (78).

5.4 RESULTS AND DISCUSSION

This section presents the results and discussion of the experiments for the two

acoustic scenarios described in Sections 5.3.3 and 5.3.4.

5.4.1 Acoustic scenario 1 (AS;): speech and interfering generated by pointwise
sources

Figures 22, 22 and 22 present the AILD, AIPD and AMSC of the intefering and
speech sources.

The performance of the MWF is represented by a black dashed line. The initial
flat region in the graphs (where a@ — 0) corresponds to the region where all techniques
have equivalent performance. In this region, the perceived position of the point interfering
source is the same as that of the speech source. This is a known behavior of the MWF
and was investigated by theoretical [28] and psychoacoustic experiments [50].

As the parameter o grows, the filters generated by the MWF-IC distort the original
ILD of the interfering source — note that the AILD,, for the MWEF-IC is greater than or
equal to that produced by the MWEF. On the other hand, the AIPD, and the AMSCy
tend to zero as a grows. This ability of the IC to preserve IPD was presented in [32].
Therefore, for MWEF-IC, the increase of a makes the interfering source perceived as having
two components: one at its original position (at —60°), since the IPD is preserved, and
the other at the speech position (at 0°). For the speech source, the results presented by
the MWF-IC can be classified as closer to the MWF', suggesting that the location of the
speech source is perceived closer to the correct location. Taking into account the noise
reduction performance, Figure 23 shows that the MWEF-IC has a performance similar to
the MWF, for a wide range of «; however, they differ for large .. This shows the trade-off
between noise reduction and binaural cue preservation.

As presented in Section 5.1 the MWF-ITF cost function has an additional term
associated with the preservation of the ITF. In the acoustic scenario ASy, this term is
associated with the preservation of the interfering source, which is a pointwise source.
In this way, MSC tends to 1. Figures 22(a), 22(b) and 22(c) show a decrease in AILDy,
AIPDy and AMSC, for the MWF-ITF when the parameter « is around 106, Note that
the decrease in AMSC,, is probably due to the term that keeps the value of MSC{" close
to 1 (see Equation (169)). This probably indicates that as « increases, the perceived
position of the interfering source is moving closer to the correct position of the source.

However, the decreases in these noise measures are accompanied by increases in ILDY",
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IPD$", and MSCY", especially for values of av greater than 1073. This shows a trade-off
between preservation of the binaural cues of the interfering and the speech source. Figure
23 indicates that MWF-ITF and MWEF-IC have a similar performance noise reduction:
for values of a greater than 1073 the binaural NR performance of MWF-ITF decreases
compared to the MWF. However, the values of ASNR, and ASNRp are the lowest among
the techniques in the experiment. All results in this paragraph point towards the existence
of a trade-off between two competing objectives. On the one hand, there is the need to
reduce the noise while preserving the binaural characteristics of the speech source. On the
other hand, preservation of the binaural cues of the interfering source also needs to be
taken into account. These competing objectives lead to a complex trade-off that must be
carefully balanced. These results indicate that attempts to increase noise reduction and
binaural preservation of the speech source may compromise preservation of the binaural
cues of the interfering source. Therefore, this trade-off should be carefully considered in
any application of the MWF for binaural noise reduction.

The proposed MWF-ILD-IC technique shows a decrease in the values of AILD,, and
AIPDy with an increase of «.. This finding is similar to that of the MWF-ITF, although the
MWE-ILD-IC achieves smaller values of AMSC, compared to the MWF-ITF. It should
be noted that the AMSCy for the MWF-ITF seems to decrease more slowly than that of
the proposed technique. A significant difference between the MWF-ILD-IC and the MWF-
ITF is the preservation of the binaural cue of the speech source. The proposed technique
has significantly lower values of AILDy, AIPDy, and AMSCyx for o = 1073 compared
to MWEF-ITF. This suggests that the proposed technique better preserves the perceived
position of the speech. Considering the binaural noise reduction performance of MWF-
ILD-IC presented in Figure 23, the proposed technique has better ASNRy, performance
than MWF-ITF and MWF-IC for a > 103 and a ASNRy performance similar to the of
MWEF-IC. Therefore, in the region where binaural preservation of the interfering source
can be achieved, the proposed technique is the most effective in reducing the power of

noise in the ear closer to the interfering source, compared to MWF-ITF and MWF-IC.

5.4.2 Acoustic scenario 2 (AS,): speech plus a noise generated by a diffuse
sound field

Figures 24(a), 24(b) and 24(c) respectively present AILD;, AIPD,, and AMSCj,.

The performance of the MWF is represented by a black dashed line in Figures 24
and 25. Similar to the previous Section, it can be observed that all techniques present
similar performance for o near 0.

Considering the results in Figures 24(a), 24(b) and 24(c) for the MWF-ITF, it can
be seen that AILD, increases for a > 104, and AMSC,, decreases until o =~ 10 2. This
behavior can be explained by Equations (32) and (33), which reveal that different values of

the product between ILDY" and MSC{" can lead to the same value for [ITFQ"|. For example,
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Figure 22 — Errors in the binaural cues measured in the acoustic scenario with point noise:
(a) AILDy, (b) AILDx, (¢)AIPDy, (d)AIPDx, (e) AMSCy e (f) AMSCx.
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Figure 23 — Noise reduction variation (ASNR) in the left (r) and right (r) hearing aids
in the acoustic scenario with point noise: (a) ASNRy, e (b) ASNRg.
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if ILDI® — 2 and MSCI» — 0.25 (which leads to [ITF| = (0.5)1/2), then ILDS" — 4 and
MSCm = 0.125, or ILD2* = 8 and MSC® = 0.0625 lead both to [ITFZ| = (0.5)}/2,
Furthermore, AIPDI" decreases for o > 1073, indicating preservation of the original IPD
noise. Figure 25 shows that MWF-ITF has equal or lower values of SNRg than MWF-IC
and MWF-ILD-IC for a = 103. The results for SNRy are similar to those presented by

SNRy.

Figures 24(a), 24(b) and 24(c) show a decrease of AIPD}, and AMSCE, for MWEF-
IC technique for a@ > 1073, while keeping the values of AILDY, closer to the values
presented by MWEF. This suggests that the MWEF-IC preserves the perception of the
diffuseness of the noise. Furthermore, the ability of the MWF-IC to maintain the binaural
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cues of speech signals is similar to that of the MWF. This indicates that the proposed
technique preserves the perception of the original location of the speech. The MWF-IC
presents an average reduced performance in ASNRy, and ASNRg compared to the MWF.
Finally, considering the presented results in Figures 24(a), 24(b) and 24(c), it can
be concluded that the proposed MWF-ILD-IC technique reduces errors in noise IPD and
MSC, showing a performance very similar to MWF-IC. However, unlike MWEF-IC, the
proposed technique also leads to a numerical reduction in the values of AILDZ . This
indicates that the MWEF-ILD-IC also preserves the diffuseness perception of the noise

signal. In addition, the proposed technique presents a noise reduction performance similar

to that of the MWF-IC.

90

Figure 24 — Errors in the binaural cues measured in the acoustic scenario with noise
generated by a diffuse field: (a) AILDy, (b) AILDx, (¢)AIPD,, (d)AIPDx,

(e) AMSCy, e (f) AMSCx.
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5.5 A QUADRATIC REFORMULATION FOR THE MWF WITH ILD/IC PRESERVA-
TION

The design of noise reduction filters through the minimization problem in (49b) has
some disadvantages. One of them is how to design the parameters «; a priori (i.e., before
executing the optimization procedure) to achieve a guaranteed performance improvement
in some performance measure (e.g., SNR or binaural cue variation measures). The difficulty
in this task lies in the fact that it is not clear how «; is associated with some measure of
noise reduction or variation of binaural signals. Furthermore, the complexity in determining

«; increases with the number of terms in Jp. Despite the possibility of setting up these
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Figure 25 — Noise reduction variation (ASNR) in the left (1) and right (r) hearing aids
in the acoustic scenario with undesired diffuse field (noise): (a) ASNRy, e (b)
ASNRRg.

- = MWF —MWF-ITF —MWF-IC — MWF-ILD-IC

m 30

parameters a posteriori (using methods such as [30]: iterative search algorithms, grid search
algorithms, or SNR maximization), this procedure results in increased computational time
due to the number of times that the optimization problem in (49b) has to be solved. To
overcome this issue, we propose to first rewrite the unconstrained problem in (170) as a

constrained problem in the following form:

WMWEF-LLC — arg. min. JMWF (W) (172&)
s.t. JILD<W> < 612LD7 (172b)
Jic(w) < 6%, (172¢)

in which 02 ;, and 6, the parameters directly associated with the variations of TLD and
IC. We can reformulate the ILD constraint in (172b) as a set of quadratic constraints,

leading to the constraints in (96), rewritten here as:

, (173)
, (174)

in which ¢ is defined in (98).
Now, to rewrite the IC constraint in (172¢) as a set of quadratic constraints, we
considered the relation between the modulus of a complex number and its real and

imaginary parts. Then, the following equivalent representation for the Jic(w) constraint
in (172c) can be derived:

Jie(w) = R*{ec(w)} + $*{ec(w)} < 5, (175)
in which:

erc(w) = 103, (w) — 1¢4. (176)
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Using (27) in (176) leads to:

wid wr

erc(w) = ~1cd. 177
IC( ) (WI}}@dWL ] WgédWR)1/2 in ( )

Using auxiliary variables to separate the real and imaginary parts of the constraint

in (175) in two other constraints leads to the following:

Jio(w) = €5 + €& < 0% (178a)
R2{erc(w)} < ek (178b)
3?{eo(w)} <3 (178c¢)

in which e and g are real auxiliary variables (slack variables), which must be optimized
together with wi, and wg.
Using (177) in both (178b) and (178c¢), and manipulating the result leads to the

following;:

r(w) - (R{ICG} — ) < R{w'®qwr} < r(w) - (R{ICG} + ep), (179)
r(w) - (S{ICH} - eg) < S{wi'®qwr} < r(w) - (S{ICG} + eg) (180)

in which:
r(w) = (Wi gwy, - whd gwg) /2 . (181)

Using the definition of the real and imaginary parts of a complex number in (179)

and (180) lead to:
2 r(w) - (R{ICL} —eq) S WLPqWR + WRPqwL, < 2 1(w) - (R{ICdy 4 ew), (182)
27 - r(w) - (S{ICLY —e5) < widqwp — whdgwy, < 27 - r(w) - (S{ICL} + ). (183)
Rewrite the constraints in (182) and (183) as a set of quadratic forms with respect

to (w.r.t.) w, and wg (and also w.r.t. w), it is necessary to write r(w) as a square function

of these variables. In this way, r(w) can be written as:

H
1/2 w (PdWL 2 1/2
(Wi P WL, - Wi ®qwR) /2 = (m - (WRPgwR) ) (184a)
H
wi CI’de>1/2 o

= - Wi P 184b
<qu)dWR WRTAWR ( )

Replacing (23) in (184), results in:
(widgwr, - whdqwr) /2 = (ILDS(w)/2 - wi@qwy (185)

If we select a value dyp in (172b) small enough to ensure negligible errors between

the output and input ILDs, it is possible to assume for (186) that

TLDou(W) ~ ILDjy. (186)
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Then, using (186) on the right-hand side of (185), it can be approximated as follows:
r(w) = (ILDY (w))/2 . whdqwg ~ (ILD})V/2 . whdqwyr — 7(w). (187)

Therefore, replacing r(w) by its approximation defined in (187) in both equations (182)
and (183) leads to:

2.7 (w) - (R{ICL} —eq) < widgwg + whdgwy, < 2 (R{ICL} + e) - 7(w),  (188)
2j - 7(w) - (%{IC%} —eg) S Wi PqWR — WP WL < 25 - (%{ICICL} +eg)-T(w)  (189)
Replacing the definition of 7(w), splitting the interval constraint in (188) into one con-

straint for the lower bound and another for the upper bound, and isolating the variables
on the left-hand side leads to:

Wi wr + whPqwr, - 2 whdgwg - (R{ICL - (ILDY)/2} — ey - ALDI)Y2) > 0, (190)

Wi wr + whPqwy, — 2 whdqwg - (R{ICL - (ILD)V/2} + ey - ALDY)Y2) < 0. (191)
Proceeding in the same way for the constraint in (189), results in:

wi®gwr — widgwy, - 27 - whHdqwr - (S{ICT - (ILDP)Y/2} — e - (ILDI)/2) > 0, (192)

WD wr — WHPqwr, — 2j - whd qwy - (S{ICT - (ILDMY/2} + e - (ILDI)/2) < 0, (193)

Replacing the equality ITFd — 104 . (ILDE)I/2 defined in (21) in equations (190)-
(193), and rewriting the result using the vector w defined in (40), the four constraints can

be represented as the following set of quadratic constraints:

WP (—ep)w = 0, (194)
Wy (~eg)w =0, (196)
wH®ji(+eg)w <0, (197)
in which ®,;(r) and ®j5(g;;) are defined, respectively, as:
0 & ]
By (ery) = | LM N P , (198)
@V 72(%{ITFV } + 61‘1‘ * (ILDV) ) * Qv_
047w 11 ® ]
GRS - o ¥ ny1/2 , (199)
—®,  25(S{ITF} + & - (ILD)/4) - <I>v_

for eyr € {—ew, +ep} and e € {—eg, +eg}.
Using the constraints in (173), (174) and (194)-(197) it is possible to obtain an

approximate solution for the problem in (172) solving the following optimization problem:

WQCQP-MWF-LC-1 = alg. mgin. Siwr (W) (200a)
ERHES

s.t. ek + €& < 6%, (200D)

wl®,w<0,¢g=1,2-,6, (200c)
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in which:

®1 = (1) Pec(d), (201)
By — (1)1 1 (59), (202)
b3 — P (—<yp), (203)
Dy = P (tep), (204)
5 = —Pji(—=g), (205)
P = Pii(<g) (206)
To reduce the number of variables to optimize, it is proposed to set 6% and 52% a

priori in the following form:

e = €& = Oic (207)

Using (207) in (200) leads to:
WQCQP-MWF-LC-2 — arg. in. Sawr (W) (208a)
st. wi®,w<0 ¢g=12-,6. (208b)

5.6 A CONVEX FORM FOR THE MWF WITH PRESERVATION OF ILD AND IC

The quadratic reformulation of the optimization problem in (208) presented in the
previous section demonstrates that the original problem in (172) can be approximated by
a quadratically constrained quadratic problem (QCQP). However, the new approximated
form for the MWF-ILD-IC in (208) is a non-convex problem, which in practical terms
means that it is computationally difficult to find a solution. QCQPs on complex variables
with more than two constraints are NP-hard problems in the general case [86], i.e., it is
not possible to find the optimal solution in polynomial time [86]. This is a considerable
limitation for hearing aid applications, which require computationally efficient algorithms.
Considering these issues, in this section a convex relaxation for the QCQP in (208) is
proposed. The method finds suboptimal solutions that can be calculated in less time
compared to the QCQP proposed in (208).

To find the convex method, we compute the Lagrangian of (208), given by [70, pg.
215]:

LW, 1) = W' By ()W Wpx - DI + P (209)

in which pxx and pxx are defined in (41) and (42), respectively; p € RS is a vector whose

entries are the Lagrange multipliers, and matrix ®yq(p) is given by:

6

Dyq(p) = Pyy + pgq Z Pyq- (210)
qq=1
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The dual relazation of the problem (200) is given by |70, pg. 223|:

max.min. L£(w, ). (211)

p=0 w

As also presented in Section 4.2.2; the solution of this problem gives a lower bound solution
to the problem in (208), and it can always be transformed into a convex problem, even if
the original problem is not convex [70, pg. 255|, which is the case of problem in (208).
Note that if the parameters p are fixed, then it is possible to find an analytical
solution for w in (209). Taking the gradient of £(w, p) with respect to w leads to:

VwL(w,p) = Pyq(p)w - Pxxq. (212)

Equating (212) to zero and solving for w, leads to the minimum:

w = ‘I’yq(lll)ﬂP ) (213)

in which we assume ®yq(p) > 0.

To find the parameter p, the argument that maximizes problem (211) need to be
find. Due to this, let us replace replacing w, defined in (213), in the Lagrangian £(w, w),
defined in (209), which leads to:

[T arg.;rgax. prquq(y,)p, st Pyq(p) = 0. (214)
n=

The problem presented in (214) can be represented in equivalent form using an auxiliary

t

variable v°P* and the Schur complement [70, pg. 650], resulting in:

AP pPt = arg . max. -y
YK

st. pw=0, (215)
‘I)yq(ﬂ) Pxx S0
Pix  Pxx Y

Therefore, the solution of the proposed technique is defined to the one obtained by replacing

the value of p°P*) found by the problem in (215), in Equation (213), leading to:

opty—1
WSDP-MWF-LC = Pyq(1) 'p, (216)

The problem presented in (215) is a semidefinite programming (SDP) problem with
variables 7 e p, which has suboptimal solutions that can be obtained efficiently, that is,

in less time than the algorithm in (208).

5.7 EXPERIMENTAL SETUP

In this section computational simulations are presented to evaluate the performance

of the proposed technique.
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5.7.1 Noise reduction techniques

Three noise reduction techniques were compared in the experiments: i) the conven-
tional MWF defined in (48); ii) the proposed non-convex QCQP-MWEF-LC! presented in
(208); and iii) the convex SDP-MWF-LC technique presented in (216). For the last two
techniques, the following values were used: d;,p = 104e ¢ = 10 4. These values were cho-

sen to ensure small errors in the binaural cues, necessary condition to the approximation

in (187).

5.7.2 Simulated acoustic scenario

Two simulated acoustic scenarios, called AS| and ASo, were used in the experiments,
both of which contained a point speech source. In the acoustic scenario ASj, the noise
component of the noisy signal y comprises only a diffuse acoustic field, i.e., v = n. In
the acoustic scenario ASs, in addition to n, the noise also contains a component from an
point interfering source (signal ), then, v = u + n. In both acoustic scenarios, the speech
source is located at the right azimuth 0x = 15° (right hemisphere) and is 3 meters from
the hearing aid user. In the ASo, the point interfering source is also 3 meters from the user,
but its azimuth (6y) has been varied from 6, = —90° (left) to 6, = +90° (right) in steps of
15°. The diffuse acoustic field was assumed to be cylindrical and was generated according
to the algorithm in [75]. The head-related impulse response database (HRIR), which
determines the acoustic characteristics carried out by the received signals, is described in
[63]. Acoustic signals were transmitted in a reverberating environment (Tgg = 300 ms)
and acquired by a pair of hearing aids coupled to a body and head simulator. Each hearing
aid has My, = Mg = 3 microphones for a total of M = 6.

5.7.3 Received signals

The clean speech and interference signals generated at the pointwise sources were
simulated using approximately 2 seconds long audio [64]. The sampling frequency of the
signals is 16 kHz. The speech and interference components received in each microphone
were generated by individually convolving the clean signal with the HRIRs associated with
the acoustic path between the acoustic source and each of the hearing aid microphones.
The noisy input signal was generated in the microphones by adding the speech component
and the respective noise component of each acoustic scenario. In the acoustic scenario
ASq, the signal-to-noise ratio (SNR) between speech and diffuse noise is 0 dB. In the
AS9 acoustic scenario, the SNR and the signal-to-interference ratio (SIR) are both 0 dB,

resulting in a signal-to-noise-plus-interference ratio (SINR) of -3 dB.

' L and C are used to indicate the preservation of the interaural level difference and the interaural

coherence, respectvaly.
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5.7.4 Time-frequency representation and processing

The noisy input signal was processed using windows of 256 samples (16 ms), which
were weighted by an analysis window and transformed to the frequency domain using
the 512-point Fourier transform. The overlap between the adjacent set of samples is 50%.
After filtering the input signal in the frequency domain, the inverse Fourier transform
was used to transform the processed signal back to the time domain. The output signal
was obtained using the overlap-and-add technique, using a synthesis window. Both the
analysis and the synthesis windows are the square root of the Hanning window. A detailed
description of the algorithm to represent signals in the time-frequency domain is presented
in [76].

The coherence matrices ®;, and ®y were calculated directly from the diffuse noise
component and the noisy input signal. In ASq, the coherence matrix ®y was estimated by
performing the eigendecomposition between ®y and ®,,, similar to the one presented in
4.4.2. In ASo, the coherence matrices ¢ and ®,, were determined using ®,, and performing
the eigendecomposition exactly as presented in Section 4.4.2.

The coefficients wy, and wg of the QCQP-MWEF-LC technique were obtained using
the 'fmincon’ function of Matlab [84]. The coefficients of the SDP-MWF-LC technique
were obtained using the SeDuMi solver [87]. Modeling of both optimization programs was

done using the Yalmip toolbox [88].

5.7.5 Objective performance measure

The binaural-cue preservation performance of the proposed technique was assessed
by the AILD, AIPD, and AMSC defined in (80), (79), and (171), respectively. Noise
reduction performance was assessed using ASINR, defined in (157), and ASNR defined
in (157).

5.8 RESULTS AND DISCUSSION

Table 8 presents the AILDy,, AIPD;,,and AMSCy, measured for the acoustic scenario
ASq. All these measures were calculated using the diffuse component, i.e., signal n.

The proposed QCQP-MWPEF-LC presents the lowest values for the AILD , , AIPDy
and AMSCy,. This result suggests an adequate preservation of the diffuseness perception
of the noise component. However, QCQP-MWF-LC has a significant performance loss in
terms of SNR compared to those of MWF and SDP-MWF-LC.

The proposed SDP-MWEF-LC has a performance similar to that of the MWEF. This
suggests that this technique changes the perception of the diffuse noise component to a
pointwise source whose direction is the same as the speech source.

Figure 26 presents ILD errors (Figure 26(a)) and IPD (Figure 26(b)) of the in-

terfering source as a function of 6y, as well as ASINR (Figure 26(c)), for the acoustic
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Table 8 — Acoustic Scenario AS; — Variation of the binaural cues of the diffuse noise
component when processed by the MWF, QCQP-MWEF-LC, SDP-MWE-LC.

MWF | QCQP-MWF-LC | SDP-MWF-LC
AILD,, [dB] 0,895 0,114 0,818
AIPDy, [rad/7] | 0,628 0,040 0,628
AMSCy, 0,980 0,004 0,980
ASNR [dB] 11,47 7,42 11,77

scenario ASo. The MWF presents the highest errors in the binaural cues of the interfering
source in all analyzed situations. This result corroborates already known theoretical and
practical results and indicates the apparent displacement of the interfering source to the
position of the speech source, i.e., 6, = 0x = 0°. SDP-MWF-LC significantly reduces
ILD and IPD errors compared to MWF. At azimuth 6, = —60°, the difference of AILDy
between MWEF and SDP-MWEF-LC and between MWF and QCQP-MWF-LC is 9.48 and
7.68, respectively. Compared to QCQP-MWF-LC, SDP-MWF-LC has a greater reduction
in ILD and IPD errors. Analyzing the ASINR, the SDP-MWF-LC presents a performance
approximately equal to that of the MWF, while the QCQP-MWF-LC reaches, on average,
1.5 dB less compared to the SDP-MWEF-LC- IC. ASNR plots have been omitted as they
are similar to the SINR plots, and therefore the conclusions are the same.

The simulations presented were performed on a desktop computer, with an Intel
Core i7-3770 processor (clock 3.40 GHz) and using Matlab™. Table 9 presents the pro-
cessing times of the three techniques analyzed. We found that the SPD-MWEF-LC presents
a significant reduction in processing time compared to the QCQP-MWEF-LC.

Table 9 — Optimization time for the techniques MWF, QCQP-MWEF-LC e SDP-MWF-LC.

MWF | QCQP-MWF-LC | SDP-MWF-LC
time [s] | 9 x 10° 1,319 0,074

5.9 CONCLUSION

This chapter focuses on presenting various MWF-based techniques with the aim of
preserving the ILD and IC of undesired sources. The first technique discussed involves a
cost function for noise reduction, which employs a penalty term to maintain the dominant
binaural cues of signals generated by both pointwise sources and diffuse fields. Previous
cost functions proposed in the literature have only been effective in preserving the acoustic
characteristics of one of these scenarios. In contrast, the proposed cost function achieves
preservation of relevant acoustic features using a single penalty term, thus combining the
objectives of prior works. The results demonstrate that this new cost function preserves
the acoustic characteristics of both pointwise sources and diffuse sound fields and achieves

superior quantitative performance compared to state-of-the-art cost functions used to
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Figure 26 — Acoustic Scenario ASg — Measures for the interfering source: (a) AILDy, (b)
AIPDy, (c) ASINR. Processing techniques: (i) MWF (—o-), (ii) QCQP-MWEF-
LC (), (ifi) SDP-MWF-LC (- A ).

preserve each of these scenarios individually. The second proposition consists of two
parts: first, a reformulation of the MWF-ILD-IC as a quadratically constrained quadratic
problem (QCQP-MWEF-LC); and second, a formulation of the problem as a semidefinite
programming (SDP-MWF-LC). The QCQP-MWEF-LC facilitates the setup of the desired
ILD and IC errors, while the SDP-MWF-LC is also a convex and computationally efficient
approach to calculate an approximate solution to the MWF-ILD-IC technique. Results
obtained from simulated acoustic scenarios indicate the ability of the QCQP-MWF-LC in
preserving the binaural cues of a diffuse field. Additionally, the QCQP-MWF-LC technique
reduces the errors in the ILD and IPD compared to the errors presented by the MWF.
Finally, the SDP-MWF-LC also reduces the errors in the ILD and IPD of a pointwise
source, however it distorts the binaural cues of a diffuse field, presenting a performance
equivalent to the MWF.

CONFERE COM ORIGINAL, cépia extraida de documento original de acordo com o Art. 5° do Decreto n° 83.936/79.



100

6 CONCLUSION

This thesis presents new contributions to noise reduction with binaural cue preser-
vation using the multichannel Wiener filter (MWF) for applications in binaural hearing
aids. The first contribution is related to techniques based on the augmented MWF cost
function, with terms related to the preservation of binaural cues. It proposed a strategy
for adjusting the parameters that is robust to power variations in the input signals. The
second proposal is a closed-form solution to the MWEF with preservation of the inter-
aural level difference (ILD). The last proposal is a set of techniques that can be used
for the preservation of the ILD and the interaural coherence (IC). Following, the main

contributions of this thesis are presented.

6.1 ROBUST PARAMETER STRATEGY FOR WIENER-BASED BINAURAL NOISE
REDUCTION METHODS

A strategy for adjusting the parameter that weights the terms of the MWF aug-
mented cost function is presented in Chapter 3. The strategy compensates for joint vari-
ations in the speech and noise power (the Lombard effect) and for signal-to-noise (SNR)
variations. Objective and psychoacoustic performance measures show that the original
MWF-ITF changes its setpoint with variations of speech and noise powers. As a practical
effect of this behavior, the perceived position of the point noise source may change toward
the speech position. This behavior is perceived in listening experiments conducted by vol-
unteers. The proposed technique guarantees the preservation of the setpoint for variations
in the power of the input signals. As a practical consequence, the perceived position of

the noise source is maintained.

6.2 CLOSED-FORM SOLUTION TO THE MULTICHANNEL CHANNEL WIENER FIL-
TER WITH INTERAURAL LEVEL DIFFERENCE PRESERVATION

A closed-form solution to MWF with preservation of ILD is presented in Chapter
4. The experiments considered practical and challenging acoustic scenarios with a speech
source, point interfering source, and background diffuse noise. The environment also
includes a low level of reverberation. Due to the estimation errors, the proposed technique
presented non-null errors in the AILD; however, it is significantly lower than the errors
presented by the MWE'. The proposed closed-form solution to the MWF-ILD presented
noise reduction performance similar to the MWEF. Therefore, the proposed technique

preserves the ILD binaural cue, with no practical reduction in noise reduction performance.
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6.3 MULTICHANNEL WIENER FILTER TECHNIQUES FOR PRESERVATION OF
POINT SOURCE AND DIFFUSE SOUND FIELDS

Three binaural MWF' techniques are presented for the preservation of the ILD and
IC, leading to the preservation of binaural cues for signals generated by point sources or
diffuse fields. The first proposal is a term for binaural preservation for the preservation of
the ILD and IC. The results show that the proposal has equivalent performance compared
to the MWF with ITF preservation, which is the state-of-the-art technique in acoustic
scenarios with a single point interfering/noise source. In acoustic scenarios in which the
prevalent acoustic noise is generated by a diffused field, the proposed technique presents
performance equivalent to the MWEF with IC preservation, which is the state-of-the-art
MWEF technique for preservation of the perception of a diffuse component. The second
proposal is an approximation to the MWF-ILD-IC technique reformulated as a constrained
optimization problem. This technique presented an easier way, compared to the original
MWE-ILD-IC, to set its parameters and avoid distortions in the binaural cues. The results
show that the proposed technique presents good performance in preserving the ILD and
IC of the two investigated acoustic scenarios. Finally, the third technique is based on a
relaxation of the constrained problem. The goal of this new algorithm is to reduce the
computational time required to compute the noise reduction filters. The results show
that the reformulation presents a better performance for the preservation of ILD and IC
compared with the constrained formulation of the MWF-ILD-IC for signals generated by
a point source. However, in the case of a diffuse field, the proposed algorithm presents

poor performance, since it presents ILD and IC errors similar to the MWEF.

6.4 PUBLISHED PAPERS

This section presents submitted and published works during the period of this

thesis.

6.4.1 Journals

e DO CARMO, D.M.; BORSOI, R.A.; COSTA, M.H. Robust parameter strategy
for Wiener-based binaural noise reduction methods in hearing aids. Biomedical
Signal Processing and Control, v. 74, p. 103461, 2022.

e DO CARMO, D.M.; BORSOI, R.A.; COSTA, M.H. Closed-Form Solution to the
Multichannel Wiener Filter with Interaural Level Difference Preservation. (submit-

ted)
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6.4.2 Conference proceedings

e DO CARMO, D.M.; BORSOI, R.A.; COSTA, M.H. Uma Abordagem Convexa
para o Filtro de Wiener Multicanal com Preservacao de Pistas Biauriculares em
Aparelhos Auditivos. XXVII Congresso Brasileiro de Engenharia Biomédica (CBEB)

e IX Congresso Brasileiro de Engenharia Biomédica, 2022.

e DO CARMO, D.M.; BORSOI, R.A.; COSTA, M.H. Filtro multicanal de Wiener
com restricao quadratica para preservagao de pistas biauriculares em aparelhos

auditivos. Simp. Bras. Telecom. Proc. Sinais, p. 1-5, 2021.

e DO CARMO, D.M.; BORSOI, R.A.; COSTA, M.H. Proposta de um parametro
robusto para reducao de ruido e preservagao espacial em aparelhos auditivos biau-

riculares. Simp. Bras. Telecom. Proc. Sinais, p. 1-5, 2021.

e DO CARMO, D.M.; BORSOI, R.A.; COSTA, M.H. Proposta de uma fungao custo
para a preservacao espacial de fontes sonoras em aparelhos auditivos biauriculares.

Simp. Bras. Telecom. Proc. Sinais, p. 1-5, 2020.

e REYS, A.D.,; DO CARMO, D.M.; COSTA, M.H. et al. Implementacao em tempo
real de um sistema de reducao de ruido binaural com preservacao da funcao de

transferéncia interaural. Simp. Bras. Telecom. Proc. Sinais, p. 1-5, 2019.

6.4.3 Awards

e Candido Pinto de Melo Award (3 place) - XXV Congresso Brasileiro de Engenharia
Biomédica, Sociedade Brasileira de Engenharia Biomédica, 2016. Uma Abordagem
Conveza para o Filtro de Wiener Multicanal com Preservacao de Pistas Biauriculares

em Aparelhos Auditivos.
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APPENDIX A - PROOF OF THEOREM I

Decompose @, as

in which Ay is the diagonal matrix of eigenvalues ordered from the largest to the smallest;
and Qy is an orthonormal matrix with the corresponding eigenvectors. Assuming ®, > 0
then (217)

Cy
Ny

@:
y 0 N,

[CI; ngﬂ (218)

in which Xy is a diagonal matrix of order T" < M, whose diagonal entries are the non-zero
eigenvalues of Ay; and matrices Cy (with dimension M x T') and Ny (with dimension
M x (M — T)) are formed by the eigenvectors corresponding to the non-zero eigenvalues
and the zero eigenvalues of Ay; respectively. From (17), (18), and (19) it can be verified
that vector b is in the column space of ®,. Using the eigenvectors of ®, as a basis, vector

b can be written as

b—|c, N,

By ] (219)

0p1)%1

in which by is the component of b in the column space of y. Using (218) and (219), (129)

can be defined as:

0 0(ar-7)x

@yu(Br(75)) = Qy

] Qg (220)
(M-T)

Because Qy is invertible, pre- and post-multiplication of (220) by Q, and its conjugate
transpose preserves its positive definiteness characteristic [66]. Thus, the block diagonal
structure of the inner matrix in (220) implies that @, (8y(7;)) is positive semi-definite if

and only if
Xy + Br(1j)psubybl) = 0, (221)
which can be expressed as:
321+ Br(y)psuXy “bybllsy %) 2% > 0. (222)

Because the columns of Cy in (219) have unity norm, and are orthogonal and linearly

independent vectors, the following relation between by and b can be established:
b, — Cyb. (223)
Pre-multiplying both sides of (223) by E'yl/ ? leads to:

-1/2  -1/2
¥, by = 5,/°Cyb. (224)
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Using (224) in (222), leads to:
5521+ Br(rj)psusy *ClBLIC, 53 ) 212 = 0. (225)

The matrix inside the parenthesis in (222) is an identity matrix plus a rank-one matrix.
Thus, its eigenvalues are 1 (7 — 1 times) and 1 -+ 5T(Tj)p5ubHCy2'l}CI;b, which can be

represented as:

/BT(Tj)pSUbHCyE_ylcgb - /BT(Tj)psubH(I)Lb (226a)
= Br(7j)mp, (226h)

in which np = psubHCPLb = trace{i);r/@u}, and the <I>;r/ is the Moore-Penrose inverse of
matrix P, defined as:

-1
Ey 0

T
®, = Q
o O(pr—t)yx (M-1)

] Q. (227)

Therefore, since (222) consists in a congruence relation, matrix ®y,(3y(7;)) is positive

semidefinite if and only if:
L+ Br(7j)my = 0, (228)

considering 7, > 0, equation (226b) results in

1
Br(1j) = o (229)

Replacing (130) in (229) completes the proof.
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APPENDIX B - GRADIENT OF Jyiwr-1Lp

Considering ®,, = ®},, the Jywr cost function defined in (38) can be written as:

vy’
Defining
R
o | R (231)
S{w}t| |ws
and using (231) in (230), leads to
Tawr (W) = W D% — 2WTB o + pay. (232)
in which
Yy — )
S{®yy} R{Pyy}
and
R
Doz — tPax ) : (234)
S{paz}
Calculating the gradient of Jyrwr(W) with respect to w leads to:
Vi hawr (W) = 28w — 2P, (235)
while its Hessian matrix is given by:
V2 Arwr (W) = 2@, (236)
The gradient of Jijp, in (85) can also be defined as a function of w:
Vg T (W) = —— e (W) () (237)
wILD " log,(10) LD (W)P(W).
in which:
eip (W) = 10log1o(ILDY ) — 10logo(ILDY), (238)
y o 1w Pyw
W) = — —. 239
e (239)
for
. [R{(@W) 0pra]
o, — { U} MxM 7 (240)
1007 Onrxar]
and
.o 0072 |
@2 _ MxM MxM 7 (241)
0 R{Pu}]
The Hessian matrix of the J{ (W) is given by:
2 U e 40 y y N
Vi diip (W) = (0 | awn (W) Vigp(W) ~ Vg e (W)p (W) 1. (242)
0g,(10)
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APPENDIX C - ITERATIVE ALGORITHM FOR OBTAINING OPTIMUM o AND w
FOR THE UNCONSTRAINED MWF-ILD.

Table 10 — Iterative Search for Finding o and w in Each Discrete Frequency &k =1,--- | N

Input: 62, ILD;,, ®y, Py, Px

Output: w

Set G as the length of vector «

Set €I2LD = 0

Set 1 =0

Set w with random initialization

While eIQLD ~>62 and i< G

1=1+1

Considering «; = (1), find the binaural filters solving:
w(a;) = argmin Jywr(X, k) + a; Jip (A k)
WUNC = W(a;)

eI2LD = Jip(w(a;))
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ANNEX A — TERMO DE CONSENTIMENTO LIVRE E ESCLARECIDO

Prezado voluntério

As informagdes contidas nesse termo foram fornecidas por Mércio Holsbach Costa,
professor do Departamento de Engenharia Elétrica e Eletronica da Universidade Federal
de Santa Catarina. O objetivo desse documento é informar sobre o trabalho realizado
pelo referido pesquisador, para obter uma autorizagao por escrito, referente a vossa par-
ticipacao esponténea na pesquisa que esté sendo realizada. O titulo desse trabalho é “De-
senvolvimento de Técnicas e Algoritmos para Reducao de Ruido em Aparelhos Auditivos
e Implantes Cocleares”. Objetivo: Este trabalho tem como objetivo o estudo, desenvolvi-
mento e analise de desempenho de métodos e algoritmos de processamento de sinais para
aparelhos auditivos e implantes cocleares. Metodologia: Sua participagao é voluntaria e
consiste em ouvir sons, emitidos por alto-falantes, fones de ouvido ou moldes auriculares
e, em sequéncia, responder a perguntas sobre caracteristicas percebidas, como qualidade,
inteligibilidade, conforto acustico e espacialidade (dire¢ao de chegada). O tempo total do
procedimento é de cerca de cinquenta (50) minutos. Dependendo do tipo de experimento
podera ser solicitada a realizacao de um procedimento de audiometria, realizado por profis-
sionais capacitados, para avaliagao da sua condi¢ao auditiva. Beneficios: Os beneficios
esperados envolvem a producao de conhecimento cientifico relacionado ao aprimoramento
e desenvolvimento de novos métodos de processamento de sinais para aparelhos auditivos e
implantes cocleares. Desconfortos e riscos: Os possiveis riscos ou desconfortos decorrentes
de sua participagao na pesquisa sao: o desconforto actustico (devido a volume sonoro ele-
vado), o desconforto mecénico (devido ao uso de moldes auriculares ou fones de ouvido),
a fadiga (devido ao tempo de realiza¢ao do procedimento) e a claustrofobia (quando o
procedimento for realizado em ambiente fechado). O desconforto actstico é evitado através
do controle (diminuigao) de intensidade sonora que podera ser realizado a qualquer mo-
mento. O desconforto mecanico é evitado pelo reposicionamento ou retirada, a qualquer
momento, dos moldes auriculares ou fones de ouvido. A fadiga é minimizada pela limitacao
do tempo total do procedimento e pela possibilidade de pausa a qualquer momento ou
de interrupcgao precoce. O sentimento de claustrofobia é evitado pela saida do ambiente
fechado (quando utilizado) a qualquer momento. Outras informagoes: Nao havera 6nus
ou bonus financeiro em nenhum momento decorrente da participagao nessa pesquisa. O
Sr(a) recebera respostas e esclarecimentos a todas as suas perguntas e duvidas sobre os
procedimentos realizados e assuntos relacionados a essa pesquisa por meio do contato
com o pesquisador, que assume o compromisso de proporcionar informacoes atualizadas
sobre o estudo. O pesquisador declara que cumprira as exigéncias contidas na Resolucao
CNS 466/2012, que o sigilo e a privacidade dos participantes serdo garantidos durantes
todas as etapas da pesquisa, inclusive na divulgacao dos resultados e que os participantes

terao direito ao ressarcimento de eventuais despesas e indenizagao diante de eventuais
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danos produzidos por essa pesquisa. Em caso de necessidade de contato, o endereco do
pesquisador responsavel é: Departamento de Engenharia Elétrica e Eletronica, Centro
Tecnologico, Bloco E, terceiro andar, Universidade Federal de Santa Catarina, Campus

Universitario Joao David Ferreira Lima, bairro Trindade, CEP 88.040-900, Florianépolis-
SC, telefone (48) 3721-2260, e-mail: costa@eel.ufsc.br. O endereco do Comité de Etica em
Pesquisa da Universidade Federal de Santa Catarina é: Prédio Reitoria II, Rua Desem-
bargador Vitor Lima, ntimero 222, sala 401, Trindade, Florianépolis-SC, CEP 88.040-400,
telefone (48) 3721-6094, e-mail: cep.propesq@contato.ufsc.br. CONSENTIMENTO POS-
INFORMADO

Eu,, portador do RG e CPF , concordo em participar do trabalho “Desenvolvimento
de Técnicas e Algoritmos para Reducao de Ruido em Aparelhos Auditivos e Implantes
Cocleares”, desde que seja mantido o sigilo da minha identificagao, conforme as nor-
mas do Comité de Etica em Pesquisa com Seres Humanos desta Universidade. A minha
participagao é voluntaria podendo ser cancelada a qualquer momento. Pelo presente con-
sentimento, declaro que fui esclarecido(a) sobre a pesquisa a ser realizada, de forma
detalhada, livre de qualquer constrangimento e obrigacao, e que recebi uma copia desse
termo, assinada pelos pesquisadores.

Florianépolis, de de .

Assinatura do participante

Assinatura do Pesquisador Principal/ Responsével

Marcio Holsbach Costa RG: 1031584426 SJTC/RS

Elaborado com base na Resolugao 466,/2012 do CNS.
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