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CHAPTER |

INTRODUCTION

Hearing aids are small electronic devices that are used to make sounds louder
so that hearing-impaired people can listen, communicate and participate more fully in
daily activities. For example, hearing-impaired people may loss high-frequency
information because the high-frequency components of the speech are weaker than
the low-frequency ones. Therefore, hearing aids are used to amplify the frequencies
where the speech has the weakest component and the hearing loss is the greatest.

There are different types of hearing aids depending on where they are worn:
behind-the-ear, in-the-ear, in-the-canal and completely-in-the-canal as shown in
Fig.1-1. Usually they have three basic parts: microphone, amplifier and speaker as

shown in Fig.1-2 [1]

Fig.1-1. Styles of hearing aids (a) behind-the-ear with earmold, (b) behind-the-ear

with small tubing, (c) in-the-canal and (d) completely-in-the-canal

Acoustic EIeptricaI EIeptricaI Acoustic
Signal Signal Signal Signal
—» Microphone —m» Amplifier » Loudspeaker

Fig.1-2. The process flow of analog hearing aids



1.1. The problem of background noise in Hearing Aids

There are two main types of hearing aids: analog and digital hearing aids [2].
Analog hearing aids convert sound waves into electrical signals, which are then
amplified. Analog hearing aids have more than one program or setting for different
listening environments; for example, for quiet rooms or outdoor, etc. Digital hearing
aids, on the other hand, encode the sound waves before amplifying them. It is more
flexible to adjust or program the digital hearing aids for different listening
environments than the analog circuitry [2] However, digital hearing aids are normally
more expensive than analog ones.

The overall performance of hearing aids is, however, degraded by some
disturbing sources such as acoustic feedback signal, interfering signal and
background noise, etc. Their effect is perceived as unpleasant, disturbing and
interfering. Noise Reduction (NR) is, therefore, one of the most crucial functions in
hearing aids, as hearing impaired people have great difficulty in understanding speech
in noisy environments. NR is one means for Speech Enhancement (SE) i.e. several
SE techniques aim to improve the quality of degraded speech signals by using signal
processing tools [3] There are several noise reduction techniques which are normally
employed to eliminate the background noise signal and to improve speech
intelligibility [4] When the speech signal is very noisy, the hearing aids users tend to
concentrate less after a long period of time. The speech intelligibility is thus reduced.
The noise reduction algorithms can be categorized into two groups depending on the
number of microphone channels; i.e. single-channel and multi-channel techniques.

The single-channel NR techniques have many interesting properties. For
example, they can be integrated into most existing communication devices without
requiring architectural changes, and their implementation cost is low. One example of
the single-channel NR techniques that operates in the time-domain is the so-called
Adaptive Noise Cancellation (ANC) [5]. On the other hand, various methods of the
single-channel NR techniques have been proposed in the frequency-domain, such as
the spectral subtraction (SS) technique [6]-[8] and various gain functions has been
proposed to enhance the single-channel NR techniques [9],[10]. However, speech
distortion is unavoidable when using the single-channel NR techniques that operate in
the frequency domain, especially the SS technique. The amount of speech distortion
is proportional to the amount of noise reduction; i.e. the more the background noise



signal is reduced, the larger amount of speech distortion is obtained [10] and [11].
This is due to the fixed choice of the noise subtraction parameter of the SS method.
When the noise subtraction parameter is chosen to be large in order to obtain a high
amount of noise reduction, it will, however, introduce a large amount of speech
distortion. On the other hand, by reducing the noise subtraction parameter to preserve
the speech quality, the additive noise signal cannot be sufficiently eliminated. In
order to control the amount of speech distortion while achieving sufficient level of
noise reduction, the noise subtraction parameter of the SS method is proposed to be
variable and frequency-dependent, instead of being fixed [11]. Alternatively, another
approach is suggested in [48] to adjust the value of noise subtraction parameter as a
function of the SNR at each particular frequency. When the speech spectral
components are more dominant than the noise spectral ones, i.e. high SNR level, a
large value of noise subtraction parameter should be chosen so that high noise
subtraction is obtained. On the other hand, the value of noise subtraction parameter
should be very small when the spectral level of noise is high, i.e. low SNR level, in
order to preserve the speech spectral components.

The effect of speech distortion can be perceived by the hearing aid users.
These randomly isolated spectral components of noise are referred to in the literature
as ‘musical noise’, which is acoustically or electronically generated and randomly
produced electronic signals [12].

One of the key factors for the noise reduction performance of the SS
technique is the accuracy in estimating the noise spectrum. A better estimate of the
noise spectral components can be obtained by the use of multiple microphones.
Compared with single-channel NR techniques, multi-channel NR techniques have
demonstrated great potential in suppressing the background noise signals and
enhancing speech quality [13]-[15]. For this case, each microphone output can be
modeled as the source speech signal convolved with the corresponding acoustic
channel impulse response and then corrupted by background noise [13]. The aim of
the multi-channel NR techniques is to estimate the desired speech signal from the
multiple microphone observations [13]. In fact, the gain performance of multi-
channel NR techniques is shown to be better than the single-channel NR ones due to

the spatial filtering to suppress the interfering signals [16].



Generalized sidelobe canceller (GSC) is one of the various approaches, that is
employed together with the NR techniques in order to eliminate or remove the
interfering noise. Adaptive beamforming techniques are used to suppress the noise
whose angle of arrival is different from the desired speech signal [17]. The example
applications that apply GSC for the purpose of noise reduction are Acoustic Feedback
Cancellation in hearing aids etc. [18]. There are two main beamforming processing;
time-domain processing and frequency-domain processing. The wider the beamwidth,
the poorer resolution can be obtained [19]. Therefore, the subband GSC for
broadband beamforming has been proposed in [4]. In this method, the received
broadband signals can be divided into many subbands and the beamformer is applied
to each subband to increase the frequency resolution. In addition, the computational
complexity can be reduced due to subband processing because the number of filter
coefficients in each subband is less than those in the fullband case.

Usually, the GSC method contains three parts: fixed beamforming which is
used for summing up all the multipath signals to get maximum signal-to-noise ratio
(SNR); cancellation of speech signal, which is used to cancel the speech signal to
produce the noise-only reference signal; and multichannel adaptive filter, which
attempts to further remove the noise signal in tche fixed beamformer output [20].
Recently, two-channel noise reduction methods to produce the binaural outputs have
been proposed to obtain better hearing performance by means of binaural benefits
[4],[21],[39]. It is investigated in this dissertation a number of two-channel NR
techniques; the SS method that employs the two-channel Generalized Sidelobe
Canceller (2chGSC+SS)[4],[39], the two-sensor NR technique based on the modified
Cross-Spectral Subtraction (2chCSS) [21]. Then, a hybrid structure between the
2chGSC+SS and the 2chCSS techniques is proposed for noise reduction in digital
hearing-aid applications. This is due to the fact that the dominant cues of the speech
signals are usually located in the frequency range below 1 kHz [22]. It is therefore
suggested that there should be minimum distortion in this frequency region below 1
kHz so as not to degrade the quality of the enhanced speech signal. From the
preliminary tests, we found that the 2chGSC+SS technique outperforms the 2chCSS
method in terms of the ability to preserve speech quality, whereas the 2chCSS
technique can remove the musical noise adequately. Hence, it is proposed that the

2chGSC+SS technique should be employed for processing the signal in the low-



frequency region. As for the frequency region above 1 kHz, the 2chCSS method is
employed. Comparison among these two-channel NR techniques and the proposed

hybrid structure demonstrates improved performance of the two-channel NR

techniques, as compared to the single-channel NR one.

1.2. Objectives
To propose a noise reduction technique for digital hearing aids in order to obtain
efficient Noise Attenuation (NA) performance while preserving the speech quality of

the original speech signal, as compared to the conventional NR techniques.

1.3.  Scope of the Research

This dissertation focuses on the NR techniques for digital hearing aids that

operate in the frequency domain.

1.4. Expected Outcome

e Animproved NR technigue for speech enhancement in digital hearing aids,

as compared to some existing NR techniques.

1.5. Research Procedure

Review relevant literature about NR techniques, especially in digital

hearing aid applications

e MATLAB programming for simulation

e Comparison of the investigated algorithms based on objective
measurement

e Propose a NR technique

e Simulation to confirm the proposed idea

1.6. Outline of Thesis

This thesis is organized as follows: The digital hearing aids are
reviewed in the Chapter 2. In Chapter 3, the various noise reduction (NR)



algorithms are described. The proposed NR technique, employing the
frequency-selective noise subtraction parameter is presented in Chapter 4. The
experiments and simulation results are given in Chapter 5, followed by the

conclusions in Chapter 6.



CHAPTER 2
DIGITAL HEARING AIDS

2.1. Why Hearing Aids are needed?

Hearing-impaired people cannot hear some sounds at all. It is because the
essential parts of some phonemes are inaudible [27]. The speech components in the
high frequency region are normally weaker than that in the low frequency region.

Therefore, hearing-impaired people mostly loss the high frequency information [27].

2.1.1. Causes of hearing loss

The human ears contain many parts, all of which need to work properly to hear
sounds. A hearing loss occur if there is a problem at any point in the hearing pathway
— in the outer, middle or inner ears, or in the complex auditory nerve pathway up to
the brain. The structure of the human ear is shown in Fig.2-1. [26]

There are two main types of hearing loss depending on what part of the loss is
not working properly [25]. If there is something not working in the ear canal, eardrum,

middle ear bones or middle ear space, it is called the conductive hearing loss.

Middle Ear  Vestibular Organs Nerve
Banes (Balance) (Balance & Hearing)
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Eardrum Coc .Ba
(Heanng)
Ear canal \} '
it I ]
Comauctive Hearing Loss Sensonnecral Heanng Loss
(Cuter and hMidale Ear) {lnmer Ear}

Fig.2-1. The structure of the human ear [26]



On the other hand, if there is something not working in the cochlea, auditory

nerve or brain, it is called the sensorineural hearing loss.

2.1.1.1. Conductive hearing loss

This type of hearing loss is the loss of loudness. This is caused by the blockage
or damage in the outer or middle ear. Depending on the cause of the hearing loss,
hearing loss may be temporary or permanent. Conductive hearing loss [25] is almost
the temporary hearing loss. People with a conductive hearing loss have a normal
inner ear and they can hear their own voice louder than the voices of others. This kind
of hearing loss often be helped by medical or surgical treatment.

2.1.1.2. Sensorineural hearing loss

Sensorineural hearing loss [25] is not only a loss of the loudness but also a loss
of the clarity as well. It is usually the permanent hearing loss. People with a
sensorineural hearing loss speak loudly, generally have more trouble understanding
speech, and are especially bothered trying to understand speech in the presence of the
background noise. The lack of clarity that may be associated with a sensorineural
hearing loss is not completely possible by amplifying sounds.

To overcome this difficulty, hearing aids are needed to use in order to amplify for
frequencies where speech has the weakest components and where hearing loss is the
greatest. Hearing aids can provide different amount of gains in different frequency

regions.

2.2. Digital Hearing Aids

As mentioned in chapter 1, there are two types of hearing aids; analog and
digital ones. The analog hearing aids are typically designed with filters having fixed
characteristics whereas the digital hearing aids are designed with the filters in which
the given characteristics can be varied upon the incoming signals [24].

In digital hearing aids, the microphone picks up sounds and converts it to
electrical signal [27]. An analog-to-digital converter (ADC) converts these electrical

signals into binary numbers. The digital signal processor performs arithmetic



operations on these numbers to get the original signal with minimal distortion
resulting in excellent sound quality as shown in Fig.2-2.

Acoustic Electrical Binary Binary Electrical Acoustic
i signal Digital Digital signal signal
ﬂn—aleicrophonfe d ADC (Digial DSP (Digiel), DAC d Loudspaker e

Fig.2-2. Digital Hearing Aids

Digital hearing aids amplify sounds depending on the frequency. This
IS due to the hearing-loss characteristics. In this dissertation, we focus on the noise
reduction techniques in order to improve the digital hearing-aid performance. The
input signal can be divided into several frequency bands where each band can be
differently amplified and compressed. The first stage of digital signal processor is
frame processing or windowing the input signal. The frame size or frame length is
often chosen to be 64, 128, 256, 512 or 1024. The greater the number of input
samples, the more individual frequencies can be classified. The second stage is
transforming the signal into the frequency domain by operating fast Fourier transform
(FFT) algorithm. Then noise reduction can be operated by employing the frequency-
domain NR techniques, before converting back to the time-domain [27]. A block

diagram of noise reduction in the frequency domain can be shown in Fig.2-3.

[nput Signal Output signal

QA »  FET » NR IFFT — »

Processing

v

Fig.2-3. The process flow of noise reduction in the frequency domain

2.3. Summary

Hearing-impaired people use digital hearing aids so that they can hear the
sound better. However, the performance of digital hearing aids is degraded by some

interfering noise or background noise such as the sound from air-con, the car noise
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etc. Therefore, Noise Reduction (NR) is essential in digital hearing aids. The various
types of NR algorithms will be described in the next Chapter.



The presence of background noise such as breezing, alarms, other people
talking, etc, can decrease speech intelligibility and interfere with the conversation
[23]. NR is therefore required to reduce the background noise for the hearing aids
applications so that the hearing-impaired people can hear sounds better. NR
algorithms depend on the number of microphone channels, and the use of directional
microphone can help not only to get a better range of hearing but also to improve
noise reduction performance [24]. Therefore, we can divide the NR algorithms into
single-channel and multi-channel NR techniques, as shown in Fig.3-1.

CHAPTER 3
LITERATURE REVIEW AND RELATED WORKS IN NOISE
REDUCTION TECHNIQUES

NR Algorithms

|

Single-channel NR Techniques

Y

A

4

|

Multi-channel NR techniques

A4

\4

A,
o Generalised
Spectral Statistical .
e : DAS SD Sidelobe
Subtraction| | Subspace Wiener model . .
beamforming| |Beamforming Canceller
(SS) based (GSO)

In the following section, we will explain in details those single-channel and

Fig.3-1. Categories of NR techniques

multi-channel NR techniques.
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3.1. Single-channel Noise Reduction Techniques

In this section, the SS method, the subspace method, the Wiener method will

be described, followed by the statistical-model-based MMSE algorithm.

3.1.1. Spectral Subtraction (SS) method

For a single-channel NR technique, the observed microphone signal is
modeled as a sum of the clean speech , s(n), and the additive background noise, P(n)

as expressed by

x(n) = s(n) + b(n) (3.1

where n is the discrete-time index. By assuming that s(n)and b(n) are uncorrelated

to each other, the noisy signal can be analyzed in the frequency domain as
X(w) = S(w) + B(w) (3.2

Due to non-stationary characteristics of speech signal, the speech analysis is normally
applied to a short frame of speech signal [6]. Short-time Fourier Transform (STFT) is
applied to the analysis spectrum so that noise reduction can be performed in each

small subband as given by

X(k, 1) = S(k, 1) + Bk, ) (3.3)

where | =1,2,...is the analysis block and the index kK=12..N represents frequency

bin or frequency components of the analyzed spectrum while employing N -point
Short-Time Fourier Transform (STFT).

The estimated enhanced speech spectrum, §(k,|), IS obtained as shown in

Fig.3-2, and is given by

XKD —a B XD = Bk

S(k,I) =
‘ ( )‘ B X (k1) , otherwise (3.4)
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where E{} is the expectation operator, P is the exponent and @ controls the
amount of subtraction 2 is the spectral flooring factor. When P =1 it is known as

the Magnitude SS (MSS) while P =2 it will be referred to as the Power SS (PSS).

Noise Spectium
Estimation

7 Enhanced

{ *E)—.’II IDFET ﬂnf.:ecly OuLput
x(n) X (k1) Sty | s(n)

Fig.3-2. A block diagram of the spectral subtraction algorithm

The noise spectrum estimate can be obtained during the non-speech activity

frame as given by [6]-[8],

‘é(k,l)‘p - ﬂ,‘é(k,l—l)‘er L= 2)[X (k1) (3.5)

where 4 is a forgetting factor. This noise spectrum estimation technique can be seen
as ‘low-pass filtering” the noise-only spectral components [7]. The spectrum of the

enhanced speech signal is therefore given by

) .ok
Skb) = [Skne’ (kD (3.6)

where &&1) s the phase of the noisy spectrum. By using the Inverse STFT, the
enhanced speech signal §(n) can be obtained.

The spectral subtraction algorithm is one of the most popular speech
enhancement algorithms because of its low computational complexity and high
efficiency. Conventionally, the SS algorithm [29] estimates the magnitude or power
noise spectrum during non-speech-activity. The use of VVoice Activity Detector (VAD)
is therefore necessary [7]. If the noise spectrum can be estimated very accurately,

superior performance of the SS algorithm can therefore be obtained. On the other
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hand, residual noise and musical noise will be introduced in the enhanced speech
spectrum if the noise spectrum estimate is insufficiently correct.
Since the single-channel SS method can be alternatively considered as

Spectral Suppression, i.e.by calculating a proper spectral gain function, G(K,1), the

enhanced speech spectrum can be obtained from the multiplication of the gain

function to the noisy spectrum, as given by

S(k,0) = G(k,0)X (k1) (3.7)
Several methods have been introduced to derive efficient the spectral gains [43]-[44],

e.g. Wiener gain, MMSE-based gain, etc.
3.1.1.1. Wiener algorithm

Wiener filter is one means of NR based on linear processing models and
minimum-mean-square-error (MMSE) estimation [35]. The estimated clean speech
spectrum depends on the Fourier Transform of noisy signal, X (@), and a spectral
gain function, G().

This NR algorithm also brings about the musical noise which reduces the
speech quality. Several methods have been proposed to obtain efficient spectral gain
function, including a priori SDR estimation, Adaptive short-time analysis-synthesis
[36], [37].

3.1.1.2. Statistical-model-based MMSE algorithm

For this type of NR technique, MMSE short-time spectral amplitude (STSA)
estimation is discussed. The Discrete Fourier Transform (DFT) is applied to noisy
signal to obtain its spectral magnitude and phase. The enhanced speech spectrum,

which can be modeled as the multiplication of the magnitude of the noisy signal
|X(k)| by the spectral gain function, G(k), and then by the phase of the noisy
signal £X (k) , as represented previously in eq.(3.7). However, if the noise is non-

stationary, the speech intelligibility will be poor [35].
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3.1.2. Subspace algorithm

To reduce speech distortion while eliminating the background noise,
subspace-based methods have been introduced in [29]-[32]. The noisy signal is
decomposed into two subspaces; the signal-plus-noise subspace and the noise
subspace. Speech enhancement is performed by removing the noise subspace and by
retaining only the clean signal in the signal subspace. The decomposition of the space
into two subspaces can be done using either the Singular Value Decomposition (SVD)
[33], [34] or the Eigen Value Decomposition (EVD) [29]-[32]. Compared with the
spectral subtraction algorithm, the subspace algorithm gives less amount of residual
noise. However, its computational cost is high because of the eigenvalue
decomposition.

It can be seen that these single-channel NR algorithms still encounter with the
problem of residual noise and the musical noise, especially when the noise is non-

stationary.

3.1.3.Voice Activity Detector (VAD)

VAD is essential in various speech communication applications such as
speech recognition, speech coding, hands-free telephony and echo cancellation [51].
In Noise Reduction (NR) algorithms, it is difficult to accurately estimate the
statistical properties of the desired signal and noise from the noisy signal. In
traditional NR algorithm, the noise spectrum is estimated and subtracted from the
noisy spectrum without knowing whether the incoming signal is a mixture of the
speech and noise signals or noise only signal [52]. If the speech is present in the noise
spectrum, it will also be suppressed at the output. On the other hand, if there is no
speech, no complicated algorithm is needed since the noise spectrum can be
immediately suppressed. Therefore, Voice Activity Detector (VAD) is necessary to
determine whether the speech signal is present or not [52]. In particular, most of the
single-channel NR algorithms are needed the voice activity detector (VAD) in order
to estimate the noise spectrum.
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Various VAD algorithms assume that the background noise statistics are
stationary over a longer period of time than those of speech. The decision rule for
determining the presence or absence of speech is based on the comparison of the
observed signal statistics and the estimated noise statistics in the current frame [50].

In [49]-[51], the VAD is based on the likelihood ratio test. The a priori and a
posteriori SNRs are required in order to estimate VAD. These algorithms have higher
computational complexity than that in [52] and [53]. In [53], VAD is applied to
microphone array processing and decision rule is based on the VAD filter.

The choice of the VAD filter does not require any knowledge of the speech
signal [53]. The VAD filter which is a whitening filter [53] is given by

1
¢ (@)

where ¢ (o) is the noise spectral density of the noisy signal. If the VAD filter is not

|HVAD (a))|2 = (3.8)

accurately designed, there will be speech distortion at the output. In [53], the decision

rule is formulated in terms of the average subband SNR formulated by

SNR() = £ 3°0,,01,) (3.9)

Ith

where Qg (l,d) is the signal energy in each I frame, d is the subband index for

d=0,1,..,D-1. The signal energy is calculated by

Qae(l,d) = Qp(lld) - Ey(d) (3.10)

where Q_(l,d) isthe p sampling quantile formulated by
Q,(,d) = - f)E,(I,d)+ fE,,,(,d), I:|_2pNJ, f =2pN -1 (3.11)

and E, (d) is estimated as the median filter of the set {E(O,d), E@d),...,E(N —1,d)} .

The log-energies in D subbands is computed by means of
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g, -1
E(l,d) = Iog(%z X, (a)), a, :%d, d=0,1,...,D-1 (3.12)

If the average SNR is greater than the threshold in the current frame, it is

classified as speech. Otherwise, it is classified as non-speech.

S(k,) if SNR(I)> threshold

Xl = {B(k,l) otherwise

(3.13)

By using the VAD, the noise can be accurately estimated. However, the NR
algorithms with VAD have higher computational complexity than the other NR
algorithms which do not need any VAD.

3.2. Multi-channel Noise Reduction techniques

The beamforming techniques can create a pattern of constructive and
destructive interference and exploit them. The simplest beamforming technique is
delay-and-sum beam forming (DAS). In this technique, time-domain sensor signals
are delayed and then summed to give a single channel output, as shown in Fig.3-3
[1],[38]. Therefore, the beamforming technique can be considered as the multi-
channel NR technique. However, the low directivity of DAS beamformer results in
low noise reduction performance indicating that the directivity is effectively zero and
forming the beam pattern nearly flat [4].

In order to overcome such low-frequency directivity problems of the DAS
technique, Superdirective (SD) beamformer [31] is designed. In this technique, the
channel filters was calculated by maximizing the array factor of directivity. However,
the noise reduction performance will be degraded in non-diffuse or time-varying

conditions since it is designed for diffuse noise condition and time-invariant.
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Fig.3-3. A block diagram of DAS beamformer

3.2.1. Generalized sidelobe canceller

To deal with the problem of DAS and SD beamformers, Generalized

Sidelobe Canceller (GSC) is proposed to reduce the interfering noise [39]. Its block

diagram is shown in Fig.3-4. This method can suppress coherent noise only when the

number of noise source is less than that of microphones when the number of noise

source is greater than or equal to that of microphone, low noise attenuation

performance is obtained [40].

Fixed
beamformer

d(n) ,

Q
X, (n)
X, (n) x(n)
X,y1 (1)

Blocking matrix

y(n)

A4

Adaptive Filter

Fig.3-4. A block diagram of the Generalized Sidelobe Canceller (GSC)
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3.2.2. Extension to two-microphone NR in highly non-stationary multiple-noise-
source

Two-channel beamformer based on short-time spectral amplitude (STSA)
estimation has been proposed in [41]. However, the performance of this algorithm
deteriorates in the case of multiple highly non-stationary interfering signals.

To improve the noise attenuation performance of the two-channel GSC
technique in [41], a two-microphone noise reduction technique is proposed to be
employed in highly non-stationary multiple-noise-source environments [4]. Its block

diagram is as shown in Fig.3-5.

%, (t)

—» FFT

A

Frequency
dividing

Direction S Noise S(t)
A . IFFT —
finding compensation

L

X, (t) Y U(w)

— > FFT : \ Ygic Erequency
_ dividing

Fig.3-5. A block diagram of the two-channel GSC in [4]

The desired speech spectrum is first carried out to obtain the noise-only
spectrum. The direction of the virtual integrated noise signal is estimated by using
DOA technique. Then the estimated spectrum of the integrated noise can be obtained.
Finally, the enhanced speech spectrum is obtained by subtracting the estimated noise

spectrum from the noisy speech spectrum on the first microphone as shown in Fig.3-5.

3.2.3. Two-channel GSC with binaural outputs
The two-channel GSC in [4] is then extended to obtain binaural benefits e.g.
in hearing-aid applications. A two-microphone NR technique has been proposed in

[42] to be employed in highly non-stationary multiple-noise-source environments
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with binaural outputs. We will further investigate this technique in more details and
will refer to this approach as “2chGSC’.
The two noisy speech signals obtained from the first microphone and second

microphone can be modeled as a sum of clean speech signal s(n) and the

m ‘" interfering noise signals, b(n) , as represented by

M
x(n) =s+> b (n-(-15,), =12 (3.14)
m=1
where i" is the number of microphone, m is the number of noise sources and s is

the time delay of the m-th interfering noise source.

STFT X1 (ki I)
Q) 5k D &
¢ D)
U (k, 1) .
Cancelt Dirsigy Spootiam
ancellation P ~ 2
Xz(n) Estimation T Estimation 82 (k, |) 82 (k, I)
STFT
X, (k1)

Fig.3-6. A block diagram of two-channel GSC for noise reduction

The two noisy speech signals are then transformed into the frequency domain
using STFT. The speech spectrum is cancelled by subtracting the noisy spectrum
obtained in the second microphone from that obtained in the first microphone to get
the noise-only spectrum as shown in Fig.3-6.

The analyzed spectrum is divided into several small subbands to reduce the

computational complexity. The speech cancelled spectrum in the k™ subband is given

in terms of the integrated noise spectrum in the k" subband, N, () , as
. S S ) N 3
U(@) = 2jN (d)e 2 sm(a)?), o <|d|<a, k=12,.K (3.15)

where & is the angular frequency between the adjacent th subband when K is the

number of subband.
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Assuming that the speech signal and the interfering noise signals are

uncorrelated, the Direction of Arrival (DoA) of the virtual noise source, 5k, of the

k™ subband in the first microphone can be calculated as

3 S U (d)X, ()
o0, =20, = 2argmax | IFFT — 3.16
e [|u (as)||x1(w)|] 0

where 5; is the half of the estimate of the virtual noise direction 5k :

Similarly, the same procedure is taken to find 51 in the second microphone

[9]. The noise compensator is used to obtain the accurate noise estimation.

With the noise compensator, which is given by

Hyi(@) = s ’ (3.17)

the integrated noise spectrum in the k" subband is then obtained to be

. U (@)Hy i (@), sin(@y /2)[z&
@) -

. 2 .
/N @) +(1—7/)E[!Nk,i(0~))‘2||xi(c?))|2], otherwise  (3.18)

where ¢ is a small positive value and 0 < y <1 is the forgetting factor controlling

the rate of noise reduction, N(®) is the estimate of the noise spectrum in the
previous frame. The noise spectrum in each subband is estimated by the multi-

channel NR approach if ‘sin(c?)gk /2)‘28, otherwise it is estimated by the single-

channel NR approach. The noise spectrum in each microphone can be calculated over

the entire frequency region as
~ K PN ~ -
Bi(@)=Y [N (@) ou<d<eo, 1=12 (3.19)
k=1

Finally, the enhanced speech spectrum at each microphone can be obtained by
subtracting the estimated noise spectrum from the noisy speech spectrum in each
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channel as shown in eq.(3.4). The flow diagram of this technique can be shown in
Fig.3-7.



% ()

—»  STFT

X,(®)

X,(®)

U(w)

Subband Processing

(@)

DOA on each subband

vd,

Noise compensation

 Ho (@)

Multi-channel NE

LN\m,k,i(J))

SS algorithm

23

X,(n)

STFT D —

Single-channel NE

NAs,k,i (Cb)

Lsi (@)

ISTFT

|

5(n)

Fig.3-7. The flow diagram of a two microphone noise reduction method in [40]
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3.2.4. The NR technique based on the modified Cross-Spectral Subtraction (2chCSS)
This two-channel NR technique was introduced for the applications of hands-

free car kit [22]. Since the single-channel SS method can be alternatively considered
as Spectral Suppression, i.e.by calculating a proper spectral gain function, G(K,1),
the enhanced speech spectrum can be obtained from the multiplication of the gain

function to the noisy spectrum, as given by

S(k,?) = G(k,0)X(k,0) (3.20)

Several methods have been introduced to derive efficient the spectral gains [43]-[44].
The noise-only reference signal is suggested in [22] to be obtained by the use

of the decorrelation of the noises when two microphones are sufficiently spaced.
Based on the Cross-Spectral Subtraction (CSS) [45], the coherence between the two

noisy spectrums X, and X, can be realized as a spectral gain function, or a filter, as

given by

P (K] =[5, (1)
Ge(k8) = (3.21)

\/ yxl(kil)yxz(kil)

where 7, (k,1) and 7,, (k,I) are the noisy signal power spectral densities (psd) for

i=1,2 and cross-psd of the speech signals, respectively. 7, (k.1) is the noise cross-

psd. As a result, by applying the coherence filter to the noisy spectrum, the noise
spectral components can be removed. The noisy signal psd and cross psd of the

speech signals are obtained recursively as

y () = Ay (kI-1)+ (1-2) X, (k)X (k1) (3.22)

and
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Y, (D)= Ay (K1 =2) +(1-2) Xy (kD) X5 (K, 1) (3.23)

for i1=1,2. The forgetting factor 0<A<1 is suggested to take small values for
speech-activity frames and high values during non-speech-activity frames in order to
control the residual noise during non-speech-activity frames. The adaptive expression

for the forgetting factor was proposed in [22] to be

Ak,1) = 0.98-03G, (k,I-1) (3.24)

However, the authors in [4] found that the musical noise still occurred during speech-

activity frames. Hence, it was proposed in [22] to control the musical noise effect by

the overestimation of the noise cross-psd, 7, (k.1) , as follows.

Jro (K D7, (k1) = d(s’f\TFipost(k,l))\/ybl(k,l—1)yb2(k,|—1) (3.25)
where y, is the noise psd in each channel, 1=12. The function d(§hTF§post)

depends on the posteriori SNR and real positive constants h,g and L.

__ 1 1
d(SNRpost) = L+(1— L) —— J 1+ — (326)
1+1/(gSNRpost) 1+ ghSNRpost

The a posteriori modified SNR is given by

X, (k, 1) X, (k,1)]
\//Ibl(k,l —1) 4, (k,1-1)

SNR post (K, 1) =

(3.27)

where h is the maximum boundary value that the function d (§I\T§post) can take and

g =1/(1-h) is normally chosen.
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Therefore, the two-channel NR technique in [22] modified the CSS method
and will be referred to in this paper as the 2chCSS technique. The enhanced speech

spectrum for each channel is thus obtained as

(k) = Gess(k,0)Xi(k,0) (3.28)

and its block diagram can be demonstrated as given in Fig. 3-8.

S, (n
xi(n) @_» 1( )
—» STFT > X ISTFT —»
Attenuation Gain
X, () @» 5,(n)
—» STFT > X ISTFT —»

Fig.3-8. A block diagram of the 2chCSS technique.

3.3. Summary

In section 3.1, the single-channel noise reduction techniques are described. The
use of VAD is necessary in order to clarify that the current frame is speech-activity or
non-speech-activity. In section 3.2, multi-channel noise reduction algorithms are
described. In these NR algorithms, the noisy signals are considered from the two
microphone signals. The noise is estimated without any need for a VAD. Therefore,
multi-channel NR techniques will be considered in this dissertation to improve their
noise reduction performance while preserving the enhanced speech quality, which

will be described in the next Chapter.



CHAPTER 4
THE PROPOSED NOISE REDUCTION TECHNIQUES FOR
DIGITAL HRAING AIDS

In this chapter, the two new approaches for controlling the noise subtraction
parameter of the SS-based noise reduction techniques will be presented. In the two
proposed method, the parameter « will be frequency-dependent. So as to mitigate
the tradeoff of the conventional SS technigue, i.e. in the conventional SS technique,
a is fixed for every frequency components i.e. for the whole frequency spectrum. If
we would like to increase « for further noise subtraction, large « will, however,
introduce speech distortion and musical noise. By reducing the « parameter to
preserve speech quality, the additive noise source cannot be sufficiently eliminated.
Finally, a proposed NR technique, which is a hybrid structure between the

2chGSC+SS technique and 2chCSS method is given.

Magnitude

5S4 10 1500 2000 24 MM 350 4W

Frequency (kHz)

Fig.4-1. Power Spectrum of clean speech and noise
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4.1.Variable Noise Subtraction Parameters for SS-based Noise Reduction
method

When the noise subtraction parameter is chosen to be large in order to obtain a
high amount of noise reduction, it will, however, introduce a large amount of speech
distortion. On the other hand, by reducing the noise subtraction parameter to preserve
the speech quality, the additive noise signal cannot be sufficiently eliminated. In
order to control the amount of speech distortion while achieving sufficient level of
noise reduction, the noise subtraction parameter of the SS method is proposed to be
variable and frequency-dependent, instead of being fixed, as will be described in the

following subsections.

4.1.1.Method |

From Fig.4-1, it can be seen that the speech components are more dominant
than noise components in low frequency band. By considering at the spectral

properties of the clean speech signal, s(n), and the additive background noise, b(n),

the subtraction factor, « , should be frequency dependent. When the speech spectral
components are more dominant than the noise spectral ones, i.e. high SNR level, a

large value of noise subtraction parameter, « , should be chosen so that high noise

subtraction is implemented, i.e. 1<a<e, where «,,, is the maximum value

e
(e =1.1). On the other hand, in order to preserve the speech spectral components,
the value of noise subtraction parameter should be very small 0 <« <1 when the
spectral level of noise is high, i.e. low SNR level, in order to preserve the speech
spectral components. Based on the simulation results, the significant amount of noise
was introduced when the SNR is less than 20dB. It is proposed in this dissertation

that the variable and frequency-selective « should be a function of SNR as given by

\s‘(k,n\” = |X(KD]” = ak,D[BKD (4.1)

where a(k,1) is given as a function of SNR(k, 1) as follows:
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a, + #SNR(K, 1), SNR(K,I) <20
a(k,1)>a,,,
a,, otherwise (4.2)

where 0 < a, <1 is the initialized value of the noise subtraction parameter and it is set
as 0.8, «,, =11 in order to obtain less speech distortion by avoiding noise
overestimtion , « is a small positive value (# = 0.01 ) and the noisy signal-to-

noise ratio for each frequency component within the 1™ frame can be calculated as

> [X (k1
SNR(k,I) = 10xlog,, 1 S———

1=1

where J denotes the number of speech-activity frames. Hence, the enhanced speech

spectrum can be obtained as given by

‘é(k,l)‘p = XKD —a(k,l)‘é(k,l)‘p (4.4)

4.1.2. Method 11

Another approach for frequency selective noise spectral subtraction is
proposed based on 2ChGSC+MSS. As mentioned earlier, if the parameter « is to be
increased for further noise subtraction, large « , however, introduces speech distortion.
On the other hand, by reducing the « factor to preserve speech quality, the additive
noise source is not sufficiently eliminated.

Therefore the noise subtraction parameter, « , is suggested to be dependent on
the frequency components of the difference between the noisy speech spectrum and

Ith

the enhanced speech spectrum. For each analysis frame, the variable noise

subtraction parameter is obtained and updated by

ak,1+1) = pak,1) + yEK,I) (4.5)
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where 0<u<1, > 0, k represents the frequency components. The difference between

the noisy spectrum and the enhanced speech spectrum is given by

E(k,1) = X(k,1) — S(k, 1) (4.6)

In this method, a(k,l+1) is updated based on the «(k,l) in the previous

analysis frame and the difference between the noisy spectrum and enhanced speech

spectrum E(k,I). When E(k,1) is low, it means there is little amount of noise in the
enhanced signal. Therefore «a(k,1+1) should be low. On the other hand, when
E(k,1) is large, it means that the amount of noise in the enhanced signal is large. So

a(k,l1+1) should be large.

4.2. A Hybrid Structure

The proposed technique is a hybrid structure between the 2chGSC+SS and the
2chCSS techniques. Since the dominant cues of the speech signals are usually located
in the frequency range below 1 kHz [22], minimum speech distortion is allowed in
the low-frequency region (0-1 kHz). From the preliminary tests, we found that the
2chGSC+SS technique outperforms the 2chCSS method in terms of the ability to
preserve speech quality, whereas the 2chCSS technique can remove the musical noise
adequately. Hence, it is proposed that the 2chGSC+SS technique should be employed
for processing the signal in the low-frequency region. As for the frequency region
above 1 kHz up to the Nyquist rate, the 2chCSS method is employed. The block
diagram of the proposed technique is shown in Fig.4-2. The two sensor NR technique
can be extended more sensors by putting them like a necklace. However, it will be
cost when the more sensors are used. Therefore, two-microphone NR technique is

focused in this dissertation.

4.3. Summary

In this chapter, the two new approaches for controlling the noise subtraction
parameter based on 2chGSC+MSS was presented. In addition, the hybrid structure
was proposed in order to obtain the efficient noise attenuation (NA) performance

while preserving the speech quality of the original speech signal.
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>  LPF §..(n)
X, (n)
S
>  HPF 26hGSC
> LPF
X,(n)
e

> HPF 2chCSS

Su.2 ()

Fig.4-2. A block diagram of the proposed two-channel NR technique.

4.4. Statement of Originality
As far as the author is aware, Chapter 4 of this thesis contains substantial parts
which are original contributions to the area of Noise Reduction. The following
aspects of the thesis are believed to be original, with the most significant
contributions considered to be:
1. The proposal of two approaches in order to control the noise subtraction
parameter of the SS-based NR methods to be variable and frequency-

dependent, as presented in Section 4.1.1 and Section 4.1.2.

2. The development of the hybrid structure between the 2chGSC+SS and
2chCSS methods, as described in Section 4.2.
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CHAPTER 5
EXPERIMENTS AND RESULTS

In this chapter, the performance of the conventional SS method, the
magnitude SS method that employs the two-channel Generalized Sidelobe Canceller
(2chGSC+MSS), the two-sensor NR technique based on modified Cross-Spectral
Subtraction (2chCSS) and the proposed method is evaluated via the noise attenuation
performance and the ability to preserve speech quality. Seven experiments were
carried out. In the first experiment, the 2chGSC+MSS method was employed in the
one-noise-source and three-noise-source environment to observe their superior
performance to the single-channel NR technique; MSS. The second experiment was
set up to demonstrate the effect of fixed and variable noise subtraction parameter of
the 2chGSC+MSS method under three-noise-source environment. This is because the
2chCSS method does not employ the noise subtraction parameter and utilizes the gain
function instead. From preliminary results and it will be shown later in this chapter
that the 2chGSC+MSS technique that employs the proposed variable «(k,l1) as a
function of SNR(K, 1) yields better NA performance than the one with fixed « and the
one with variable «(k,l) in Method Il. Therefore, 2chGSC+MSS method that
employs the proposed variable a(k,l)as a function of SNR(k,I) was considered for
the proposed hybrid method. In the third experiment, the performance of various two-
channel NR techniques was compared and discussed, especially for the multiple-
noise-source case. Then, another speech signal was used to demonstrate the potential

of the proposed methods in experiment 4. The effect of other types of additive noise

was shown through experiment 5 to 7. The performance of these NR techniques was
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observed through the two measurements: output SNR and Log Spectral Distance

(LSD) [36].

5.1. Experimental Configuration

Throughout the first three experiments, a clean speech signal of a male
speaker at the sampling frequency of 8 kHz was degraded by the additive white
Gaussian noise at various SNR levels, i.e. from 5 to 25 dB. Then another clean speech
signal of a female speaker with the same sampling rate was employed. For the final
three experiments, other types of additive noises; pink noise, factory noise, and car
noise were used instead of white Gaussian noise. The speech and noise signals were
assumed to be uncorrelated to each other. The noisy signal model as in eq. (3.14) was
used. The analysis frame for STFT was 25 ms with the 12.5 ms frame shift and the
Hamming window was employed.

The noise attenuation performance is measured via the Output Signal-to-Noise
Ratio (SNR), which is given by

>, s°(n)
> (s(m) - §,(m)°

OutputSNR(dB) =10x log,, (5.1)

where z is the sample number and §,(n) is used for the first microphone. On the
other hand, §,(n) is used for the second microphone. A higher level output SNR than

the input SNR indicates improved noise attenuation performance. On the other hand,
a lower level output SNR than the input SNR indicates that the enhanced speech
signal still contains some noise or interfering signals.

The measurement for speech distortion is via the Log Spectral Distance (LSD),
which is defined to be the difference between the log spectrum of clean speech and

that of the enhanced signal, given by
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LSD(dB) ={]—Oz{logm(\é(k,I)\Z)—Ioglo(\s(k, ) (5.2)

1=0
where J is the number of speech activity frames and s (k,I) and s (k1) are the clean

speech spectrum and the enhanced speech spectrum in the k" frequency bin and

I™block. A low LSD level indicates low level of speech distortion. The performance
of the conventional SS, 2chGSC+MSS, 2chmCSS and the proposed method is
evaluated via the noise attenuation performance and the ability to preserve speech

quality.

5.2. Simulation Results

Experiment I: One-noise-source Vv.s. three noise-source environments

In this section, the performance of MSS and 2ChGSC+MSS is evaluated via
the noise attenuation performance and the ability to preserve speech quality.
Simulation results for one-noise-source and three-noise-source are demonstrated and
discussed in below.

It can be seen from Table 5-1 that both the MSS and 2chGSC+MSS methods
exhibit similar NA performance in the one-noise-source environment. As for the
speech distortion, from Table 5-2, the 2chGSC+MSS method, however, introduces
higher level of speech distortion than the original MSS technique. This is evidently
shown via the spectrogram plots in Fig. 5-1. For the three-noise-source environment,
the 2chGSC+MSS method gives higher output SNR than the MSS method, as shown
in Table 5-3. In addition, the 2chGSC+MSS vyields less amount of speech distortion
than the MSS one, as can be seen in Table 5-4. Their spectrogram plots in Fig. 5-2
confirm these results. The NA performance and LSD improvement for MSS and
2chGSC+MSS techniques in one-noise-source environment can be seen in Fig 5-2
and Fig 5-3. The NA performance and LSD improvement for MSS and
2chGSC+MSS techniques in three-noise-source environment is shown in Fig 5-5 and
Fig 5-6.



Table.5-1. NA performance of MSS and 2chGSC+MSS techniques in one-noise-

source environment

Input SNR (dB)

5
10
15
20
25

Output SNR (dB)

MSS
7.42

11.80
16.55
21.51
26.44

2chGSC+MSS

7.44
11.90
16.57
21.53
26.54
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Table.5-2. LSD measurement of MSS and 2chGSC+MSS techniques in one-noise-

source environment

Input SNR (dB)

5
10
15
20
25

MSS
6.84
6.23
4.84
3.81
3.02

LSD (dB)

2chGSC+MSS

8.76
7.42
6.49
5.11
4.05
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Fig. 5-1. Spectrogram plots for (a) the clean speech signal, (b) the noisy speech signal,
the enhanced speech signals using (c) theMSS method, (d) the 2chGSC+MSS method,
when the input SNR = 25 dB under one-noise-source environment.
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Fig.5-3.LSD measurement of MSS and 2chGSC+MSS techniques in one-noise-
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Fig. 5-4. Spectrogram plots for (a) the clean speech signal, (b) the noisy speech signal,
the enhanced speech signals using (c) theMSS method, (d) the 2chGSC+MSS method,

when the input SNR = 25 dB under three-noise-source environment.

Table.5-3. NA performance of the MSS and 2chGSC+MSS in 3-noise-source

Input SNR (dB)

5
10
15
20
25

environment
Output SNR (dB)
MSS 2chGSC+MSS
7.87 8.77
11.08 12.64
15.31 17.26
20.66 22.22
25.58 27.24




Table.5-4. LSD measurement of the MSS and 2chGSC+MSS in 3-noise-source
environment

Input SNR (dB) LSD (dB)
MSS 2chGSC+MSS
5 8.75 8.45
10 7.45 6.97
15 6.14 5.78
20 5.20 4.59
25 4.31 4.03
30 -
m
220 -
o
&
£ ——MSS
=3 —#—2chGSC+MSS
O 10 A
O T T T T T 1
0 5 10 15 20 25 30
Input SNR (dB)

Fig.5-5.0utput SNR of MSS and 2chGSC+MSS techniques in three-noise-source

environemt
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Fig.5-6.LSD measurement of MSS and 2chGSC+MSS techniques in three-noise-

source environemt

Experiment2 Fixed noise subtraction parameter v.s. variable noise

subtraction parameter

In this experiment, the effect of fixed and variable noise subtraction
parameters of the 2chGSC+MSS method is focused under three-noise-source
environment. This is because the 2chCSS method does not employ the noise
subtraction parameter but utilizes the gain function instead. Since the proposed hybrid
structure employs the 2chCSS method, it will not be investigated either. From Table
5-5, it is clear that the 2chGSC+MSS technique that employs the proposed variable
a(k,1) (method 1) as a function of SNR(k,I) yields the best NA performance than

the other two techniques. Furthermore, the least amount of speech distortion can be

obtained by employing the proposed variable «(k,I)in method | as compared to the

other two techniques. Speech spectral components can be preserved much more than
the fixed one, as demonstrated in Table 5-6. For method | and method I1, the method |
gives better NA performance than method Il while these two methods have nearly the
same amount of speech distortion. Therefore, method | is focused on for the proposed
hybrid structure. From Fig.5-7, it is clear that the 2chGSC+MSS technique that
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employs the proposed variable a(k,l) as a function of SNR(k,I) yields better NA

performance than the one with fixed « and the one with variable a(k,1) in Method 1.

Table.5-5. NA performance of the 2chGSC technique with fix « and variable « (k,I)

Input SNR (dB) _ _ Output SNR (dB)
2chGSC(fix subtraction) methodl methodl|
5 8.77 12.47 11.45
10 12.64 15.79 14.78
15 17.26 20.05 18.97
20 22.22 24.76 23.77
25 27.24 29.68 28.67

Table.5-6. LSD measurement of the 2chGSC technique with fix « and variable

a(k,l)
LSD (dB)
Input SNR (dB) 2chGSC(fix subtraction) methodl methodll
5 8.45 7.36 7.75
10 6.97 6.62 6.43
15 5.78 5.68 5.56
20 4.59 4.33 4.68
25 4.03 3.37 3.54
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Experiment3 Comparison among various two-channel NR techniques in

the three-noise-source environment

For all the investigated two-channel NR techniques, 2chGSC+MSS employed

fixed noise subtraction parameters and the proposed hybrid structure employed

variable noise subtraction parameters while the 2chCSS method employed the gain
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function instead. From Table 5-7, the NA performance of the proposed method was
better than that of the 2chGSC+MSS one. However, the 2chCSS yields the best NA
performance among these techniques for all input SNR levels. As for the speech
distortion via the LSD measurement in Table 5-8, the proposed method shows the
least amount of speech distortion, whereas the 2chCSS was the worst. Spectrogram

plots in Fig. 5-10 support these objective results.

Table.5-7. NA performance of the 2chGSC+MSS, 2chCSS and proposed technique

Output SNR (dB)
Input SNR (@B) - Gsc+mss 2chCSS Proposed
5 8.77 31.08 18.38
10 12.64 35.13 23.22
15 17.26 39.90 28.09
20 22,22 44.88 33.16
25 27.24 49.87 38.07

Table.5-8. LSD measurement of the 2chGSC+MSS, 2chCSS and proposed technique

LSD (dB)

Input SNR (dB) " ehascmss 2chCSS Proposed
5 8.45 8.45 3.37
10 6.97 5.97 3.26
15 5.78 551 3.25
20 459 5.42 3.25
25 4.03 5.14 3.25
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Fig. 5-10. Spectrogram plots for (a) the noisy speech signal,

the enhanced speech signals using (b) the 2chGSC+MSS method, (c), the 2chCSS
method, and (d) the proposed NR technique, when the input SNR = 25 dB under

three-noise-source environment.
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Experiment4. Comparison among the two-channel NR techniques and the

Proposed technique

In this experiment, another speech signal was added with WGN. From Table
5-9, 2chGSC+MSS gives better noise attenuation performance than MSS one.
However, from Table 5-10, 2chGSC+MSS introduces high level of speech distortion
than the original MSS technique. From Table 5-11 and 5-12, it can be clearly seen
that the 2chGSC+MSS technique that employs the proposed variable a(k,l) as a

function of SNR(k,I) yields better NA performance with less amount of speech

distortion as compared to the 2chGSC+MSS that employs fixed « . From Table 5-13,
the proposed hybrid method yields the best NA performance than the other two
techniques. Furthermore, the least amount of speech distortion can be obtained by
employing the proposed technique as compared to the other two techniques. In
addition, the spectrogram plots of these investigated NR techniques can be
demonstrated in Fig.5-11 and 5-12. It can be seen that the proposed hybrid method
can eliminate the additive background noise better than the MSS method, whereas
high frequency components of the enhanced speech signal can be preserved by
employing the hybrid method better than the MSS method. However, some amount of
speech distortion can be seen in Fig.5-13 (c), (d) and Fig.5-14 (a), (b).

Table.5-9. NA performance of MSS and 2chGSC+MSS techniques

Input SNR (dB) Output SNR (dB)
MSS 2chGSC+MSS
5 7.50 7.58
10 11.80 12.58
15 16.45 17.60
20 21.40 22.70
25 26.37 27.72




Table.5-10. LSD measurement of MSS and 2chGSC+MSS techniques

Input SNR (dB) LSD (dB)
MSS 2chGSC+MSS
5 9.60 11.95
10 8.71 10.9
15 7.61 9.61
20 6.58 8.65
25 5.93 7.46

Table.5-11. NA performance of the 2chGSC technique with fix « and variable

a(k,1)
Input SNR (dB) Output SNR (dB)
2chGSC+MSS Method |
5 7.58 8.82
10 12.58 13.12
15 17.60 17.85
20 22.70 22.79
25 27.72 27.77
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Table.5-12. LSD measurement of the 2chGSC technique with fix « and variable

a(k,1)
X LSD (dB)
Input SNR (dB)— - Gscmiss Method |
5 11.95 11.28
10 10.90 9.84
15 9.61 8.56
20 8.65 7.79
o5 7.46 6.73

Table.5-13. NA performance of the 2chGSC+MSS, 2chCSS and proposed technique

Input SNR (dB) Output SNR (dB)
2chGSC+MSS 2chCSS Proposed
5 7.58 10.57 26.59
10 12.58 15.40 31.41
15 17.60 20.21 36.44
20 22.70 25.14 41.36
25 27.72 30.06 46.35
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Table.5-14. LSD measurement of the 2chGSC+MSS, 2chCSS and proposed

technique
Input SNR (dB) LSD (dB)
2chGSC+MSS 2chCSS Proposed
5 11.95 12.03 6.41
10 10.90 11.60 6.35
15 9.61 11.13 6.33
20 8.65 10.50 6.32
25 7.46 9.94 6.30
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Fig. 5-13. Spectrogram plots for (a) the clean speech signal, (b) the noisy speech
signal when the input SNR = 25 dB, the enhanced speech signals using (c) the MSS
method, and (d) the 2chCSS+MSS method.
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Fig. 5-14. Spectrogram plots for the enhanced speech signals using (a) the 2chCSS
method, and (b) the proposed NR technique, when the input SNR = 25 dB
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Experiment5. Investigation on two-channel NR techniques with Pink

noise

In this experiment, the pink noise was added to the speech signal. For the

subtraction factor, o, =1 and «,,, =1.5were chosen. From Table 5-15, it can be seen

that the 2chGSC+MSS gives better NA performance than MSS one. However, the
2chGSC+MSS gives high level of speech distortion, as shown from the LSD
measurement in Table 5-16. In Table5-17, the 2chGSC+MSS technique with variable
a(k,1) gives better NA performance than the fixed one for high values of SNR.

Moreover, low level of speech distortion is obtained by using the 2chGSC+MSS

technique with variable a(k,l). From Table 5-19 and 5-20, the proposed hybrid

technique gives better NA performance and less speech distortion than the other two
investigated techniques. The spectrogram plots of these investigated NR techniques
can be seen in Fig.5-21. It can be seen that the effect of additive pink noise is
alleviated for both the 2chCSS and hybrid methods. The hybrid method demonstrates
higher level of speech spectral components both in low and high frequency regions.
This confirms with the NA performance and LSD measurement in Table 5-19 and 5-
20.



Table.5-15. NA performance of MSS and 2chGSC+MSS techniques

Input SNR (dB) Output SNR (dB)
MSS 2chGSC+MSS
5 5.57 12.20
10 10.55 16.92
15 15.54 20.87
20 20.54 24.40
25 25.54 26.77

Table.5-16. LSD measurement of MSS and 2chGSC+MSS techniques

Input SNR (dB) LSD (dB)
MSS 2chGSC+MSS
5 2.80 5.10
10 2.07 4.31
15 1.64 3.72
20 1.54 3.45
25 1.47 3.32

Table.5-17. NA performance of the 2chGSC technique with fix « and variable

a(k,l)
Input SNIR (dB) Output SNR (dB)
2chGSC+MSS Method |
5 12.20 10.63
10 16.92 15.61
15 20.87 20.60
20 24.40 25.60
25 26.77 30.61

Table.5-18. LSD measurement of the 2chGSC technique with fix « and variable

a(k,1)
LSD (dB)
Input SNR (dB) 2chGSC+MSS Method |
5 5.10 4.35
10 4.31 3.40
15 3.72 2.83
20 3.45 2.63
5 3.32 2.43
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Table.5-19. NA performance of the 2chGSC+MSS, 2chCSS and proposed technique

Input SNR (dB) Output SNR (dB
2chGSC+MSS 2chCSS Proposed

S 12.20 12.45 20.71

10 16.92 17.45 25.71

15 20.87 22.45 30.70

20 24.40 27.45 35.71

25 26.77 32.45 38.35

Table.5-20. LSD measurement of the 2chGSC+MSS, 2chCSS and proposed

technique
Input SNR (dB) ESOD)
2chGSC+MSS 2chCSS Proposed
5 5.10 4.39 3.60
10 4.31 4.03 3.55
15 3.72 3.77 3.53
20 3.45 3.64 3.52
25 3.32 3.58 3.51
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Fig. 5-21. Spectrogram plots for the enhanced speech signals using (a) the MSS
technique, (b) the 2chGSC+MSS technique, (c) the 2chCSS method, and (d) the
proposed NR technique, when the input SNR = 25 dB with pink noise
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Experiment6. Investigation on two-channel NR techniques with Factory

noise

In this experiment, factory noise was added to the speech signal. For the
subtraction factor, «,=1 and «,, =15 were chosen. As in experiment5,
2chGSC+MSS gives better NA performance than MSS one with the high LSD level.
And the 2chGSC+MSS with variable a(k,1) gives better NA performance than the
fixed one for high values of SNR. However, for speech distortion, 2chGSC+MSS

with variable «(k,l) gives less amount of speech distortion for every SNR level.
Moreover, the proposed hybrid technique yields the best NA performance and less
amount of speech distortion among these NR techniques. It can be clearly seen in
Table 5-21 — 5-26. The spectrogram plots of these investigated NR techniques can be
seen in Fig.5-28.

Table.5-21. NA performance of MSS and 2chGSC+MSS techniques

Input SNR (dB) Output SNR (dB)
MSS 2chGSC+MSS
5 5.43 12.06
10 10.38 16.63
15 15.36 20.47
20 20.36 23.78
25 25.35 26.43

Table.5-22. LSD measurement of MSS and 2chGSC+MSS techniques

Input SNR (dB) LSD (dB)
MSS 2chGSC+MSS
5 3.35 6.01
10 2.69 5.03
15 2.07 4.25
20 1.88 3.68
25 1.60 3.40
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Table.5-23. NA performance of the 2chGSC technique with fix « and variable

a(k,I)
Input SNR (dB) Output SNR (dB)
2chGSC+MSS Method |
5 12.06 10.57
10 16.63 15.52
15 20.47 20.50
20 23.78 25.50
25 26.43 30.5

Table.5-24. LSD measurement of the 2chGSC technique with fix « and variable

a(k,1)
LSD (dB)
InpUt SNR (dB) 2chGSC+MSS Method |
5 6.01 5.06
10 5.03 4.30
15 4.25 3.50
0 3.68 2.89
5 3.40 2.64

Table.5-25. NA performance of the 2chGSC+MSS, 2chCSS and proposed technique

Input SNR (dB) Output SNR (dB)
2chGSC+MSS 2chCSS Proposed
5 12.06 11.46 16.92
10 16.63 16.45 21.88
15 20.47 21.44 26.87
20 23.78 26.44 31.86
25 26.43 31.44 36.86




Table.5-26. LSD measurement of the 2chGSC+MSS, 2chCSS and proposed

)

N
a
t=}
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Frequency (Hz

technique
Input SNR (dB) LSD (dB)
2chGSC+MSS 2chCSS Proposed
5 6.01 4.78 3.43
10 5.03 4.37 3.36
15 4.25 4.01 3.33
20 3.68 3.75 3.31
25 3.40 3.62 3.30
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Fig. 5-28. Spectrogram plots for the enhanced speech signals using (a) the MSS
technique, (b) the 2chGSC+MSS technique, (c) the 2chCSS method, and (d) the
proposed NR technique, when the input SNR = 25 dB with factory noise
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Fig.5-32.LSD measurement of 2chGSC+MSS with fixed « and variable « (k,l) with

factory noise
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Experiment?7. Investigation on two-channel NR techniques with Car

noise

In this experiment, the car noise was added to the speech signal. For the
subtraction factor, o, =1 and ¢, =1.5were chosen. As in experiment 5 and 6,
2chGSC+MSS gives better NA performance than MSS one while the 2chGSC+MSS
with variable a(k,l) gives better NA performance than the fixed one. Among these

NR techniques, the proposed hybrid technique yields the best NA performance with
less amount of speech distortion than the other investigated techniques. The

spectrogram plots of these investigated NR techniques can be seen in Fig.5-35.

Table.5-27. NA performance of MSS and 2chGSC+MSS techniques

Input SNR (dB) Output SNR (dB)
MSS 2chGSC+MSS
5 6.78 16.10
10 11.61 19.13
15 16.56 21.38
20 21.54 24.43
25 26.54 26.61

Table.5-28. LSD measurement of MSS and 2chGSC+MSS techniques

Input SNR (dB) D3R £09),
MSS 2chGSC+MSS
5 1.44 4.74
10 1.42 4.71
15 1.41 4.68
20 1.37 4.66
25 1.38 4.64
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Table.5-29. NA performance of the 2chGSC technique with fix « and variable

a(k,I)
Input SNR (dB) Output SNR (dB)
2chGSC+MSS Method |
5 16.10 10.51
10 19.13 15.34
15 21.38 20.29
20 24.43 25.27
25 26.61 30.26

a(k,1)
LSD (dB)
Input SNRA(dB) - == viss Method |
5 4.74 2.38
10 4.71 2.37
15 4.68 2.37
20 4.66 2.35
25 4.64 2.34

Input SNR (dB) Output SNR (dB)
2chGSC+MSS 2chCSS Proposed
5 16.10 32.68 34.41
10 19.13 37.67 39.31
15 21.38 42.67 44.29
20 24.43 47.67 49.28
25 26.61 52.67 54.28

Table.5-30. LSD measurement of the 2chGSC technique with fix « and variable

Table.5-31. NA performance of the 2chGSC+MSS, 2chCSS and proposed technique



Table.5-32. LSD measurement of the 2chGSC+MSS, 2chCSS and proposed
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Fig. 5-35. Spectrogram plots for the enhanced speech signals using (a) the MSS
technique, (b) the 2chGSC+MSS technique, (c) the 2chCSS method, and (d) the
proposed NR technique, when the input SNR = 25 dB with car noise
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5.3. Subjective Evaluations

All the noise reduction algorithm; MSS, 2chGSC+MSS (fix « ) ,
2chGSC+MSS (variable « ), 2chCSS and the proposed hybrid structure were also
evaluated with the subjective listening tests. The enhanced speeches of these NR
algorithms were randomly presented to each listener through the microphone. The
quality of the enhanced speech was demonstrated based on their preference in terms
of mean opinion score (MOS): 1=bad, 2=poor, 3=fair, 4=good, 5=excellent [4]
Among the tested NR algorithms, the proposed hybrid structure has the highest MOS
rates. Therefore, the subjective listening tests can confirm that the proposed hybrid
structure is successful in reducing the multiple background noises while preserving
the quality of the speech signal.

5 -
45 - M (a) Clean Speech

4 -

® (b) Noisy speech

3.5 1

3 7 ® (c) MSS
2.5 1

7 - B (d) 2chGSC+MSS (fix-
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' M (e) 2chGSC+MSS(variable-
17 alpha)
0.5 - ® (f) 2chCSS
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(@) (b) (c) (d) (e) (f) (g) i (g) Proposed technique

Fig.5-42. Mean opinion score (MOS) of the MSS, 2chGSC+MSS with fixed and
variable noise subtraction parameter, 2chCSS and the proposed hybrid structure
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5.4. Summary

From the simulation results based on the objective and subjective
measurements, it was clearly seen that the proposed hybrid structure can compromise
the background noise with the efficient NA performance while the other NR
algorithms still introduce a large amount of speech distortion.
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CHAPTER 6

CONCLUSIONS AND FUTURE WORK

6.1 Conclusions

This dissertation focuses on the improvement of the frequency-domain noise
reduction techniques, especially in the applications of digital hearing aids. The needs
of digital hearing aids and their characteristics are given in Chapter 2. The problem of
additive background noise and a discussion of existing Noise Reduction (NR)
techniques including single-channel and multi-channel NR methods are given in
Chapter 3. As for the conventional single-channel Spectral Subtraction (SS) method,
although it has been found to reduce the background noise efficiency and simple to be
implemented, speech distortion is, however, unavoidable. The amount of speech
distortion is proportional to the amount of noise reduction. Two approaches have
been introduced in Chapter 4 in order to control the noise subtraction parameter of the
SS method to be variable and frequency-dependent. By employing the two proposed
methods, it has been shown via simulation results that it is possible to manage both
the amount of noise reduction and speech distortion.

The Magnitude Spectral Subtraction (MSS), which is one version of the
conventional frequency-domain NR technique, with the use of the two-channel
Generalized Sidelobe Canceller (2chGSC), has been shown to eliminate the additive
background noise sufficiently well. Despite the fact that the two-channel noise
reduction technique that employs the modified Cross-Spectral Subtraction (2chCSS)
can reduce the musical noise well, it, however, demonstrates a large amount of speech

distortion. It has been proposed in Chapter 4 of this dissertation to obtain maximum
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advantages of both of these NR techniques via the hybrid structure; emphasizing on
the achievement of noise reduction performance at minimal speech distortion level.
For signal processing in the low-frequency region, the 2chGSC+MSS technique is
implemented, while for the high-frequency region, the 2chCSS method is employed
to reduce the musical noise. Comparative studies between the stand-alone
2chGSC+MSS and 2chCSS, and the proposed hybrid structure have been illustrated
in Chapter 5, based on simulation results. The objective performance both in terms of
noise attenuation and speech distortion support the proposed idea, especially for

multiple-noise-source environments.

6.2 Future Work

The work within this dissertation could be further extended in a number of

directions, as shown by the following issues:
e The utilizaton of Wavelet transform can be applied for signal analysis.
[46] Various techniques based on wavelet have been proposed for
denoising speech signal. The choice of wavelet function is to
maximize the output Signal-to-Noise Ratio (SNR). However, the
computational complexity of this wavelet-based NR technique is
another main factor to be considered. Normally, the computational
complexity of Discrete Wavelet Transform (DWT) increases with the

number of vanishing moments. [47]
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