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Abstract 
Background noise is particularly damaging to speech intelligibility for people with hearing loss. The 
problem of reducing noise in hearing aids is one of great importance and great difficulty. Over the years, 
many solutions and different algorithms have been implemented in order to provide the optimal 
solution to the problem.  

Beamforming has been used for a long time and has therefore been extensively researched. Studying 
the performance of Minimum Variance Distortionless Response (MVDR) beamforming with a three- and 
four- microphone array compared to the conventional two-microphone array, the aim is to implement 
a speech signal enhancement and a noise reduction algorithm. By using multiple microphones, it is 
possible to achieve spatial selectivity, which is the ability to select certain signals based on the angle of 
incidence, and improve the performance of noise reduction beamformers.  

This thesis proposes the use of beamforming, an existing technique in order to create a new way to 
reduce noise transmitted by hearing aids. In order to reduce the complexity of that system, we use hybrid 
cascades, which are simpler beamformers of two inputs each and connected in series. The configurations 
that we consider are a three-microphone linear array (monaural beamformer), a three-microphone 
configuration with a two-microphone linear array and the 3rd microphone in the ear (monaural 
beamformer), a three-microphone configuration with a two-microphone linear array and the 3rd 
microphone on contra-lateral ear (binaural beamformer), and finally four-microphone configurations. 

We also investigate the performance improvement of the beamformer with more than two microphones 
for the different configurations, against the two-microphone beamformer reference. This can be 
measured by using objective measurements, such as the amount of noise suppression, target energy 
loss, output SNR, speech intelligibility index and speech quality evaluation. These objective 
measurements are good indicators of subjective performance. In this project, we prove that most hybrid 
structures can perform satisfyingly well compared to the full complexity beamformer. 

The low complexity beamformer is designed with a fixed target location (azimuth), where its weights are 
calibrated with respect to a target signal located in front of the listener and for a diffuse noise field. Both 
second- and third- order beamformers are tested in different acoustic scenarios, such as a car 
environment, a meeting room, a party occasion and a restaurant place. In those scenarios, the target 
signal is not arriving at the hearing aid directly from the front side of the listener and the noise field is 
not always diffuse. We thoroughly investigate what are the performance limitations in that case and how 
well the different cascades can perform. It is proven that there are some very critical factors, which can 
affect the performance of the fixed beamformer, concerning all the hybrid structures that were 
examined. 
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Finally, we show that lower complexity cascades for both second- and third- order beamformers can 
perform similarly well as the full complexity beamformers when tested for a set of multiple Head Related 
Transfer Functions (HRTFs) that correspond to a real head shape.  
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1. Introduction 

1.1 Background 
Over 5% of the world’s population – or 466 million people – has disabling hearing loss (432 million adults 
and 34 million children). It is estimated that by 2050 over 900 million people – or one in every ten people 
– will have disabling hearing loss, which refers to hearing loss greater than 40 decibels (dB) in the better 
hearing ear in adults and a hearing loss greater than 30 dB in the better hearing ear in children [1]. 

Hearing-impaired people use hearing aids, but only 60% of users are satisfied with their devices. They 
typically require a Signal-to-Noise Ratio (SNR) that is 5-10 dB higher than a normal-hearing person 
needs to achieve the same level of speech understanding. The problem of poor performance in 
background noise with conventional hearing aids has motivated the use of microphone arrays to create 
directionally sensitive hearing aids that selectively amplify or attenuate sounds based on their direction 
of arrival [2], [3].  Recently, there has been significant interest in the development of second and higher 
order microphones, driven by the need to overcome the limitations of first-order microphones in terms 
of achievable directivity patterns and rejection levels of sounds coming from undesirable directions.  

Beamforming is used in hearing aids in order to attenuate background noise without compromising the 
sound level and sound quality of the target signal. Modern hearing aids use two-microphone arrays, a 
front and back microphone (linear array monaural beamformer), designed with the Minimum Variance 
Distortionless Response (MVDR). A way to implement higher order directivity patterns by using a new 
differential array structure, is presented in [4]. There are several implementations of second order 
patterns that need to be investigated in order to find the best solution [5]. However, second-order 
directivity will be much more difficult to achieve in practice than first order patterns have been. Patents 
[6] and [7] describe a solution to overcome this problem by designing hybrid cascades that combine 
first-order beamformers.  

 A challenge with 3-microphone (or more microphones) beamformers is that they may involve 
computationally expensive operations, e.g. 3by3 matrix inverse and 3by3 eigenvalue decomposition, 
which are less suitable for hearing aids. The reason is that hearing aids have limited memory and 
processing power (battery), due to their small size. The purpose of the thesis is to investigate different 
cascade structures (or hybrids) of 2-input beamformers and benchmark against a traditional 3-mic and 
4-mic beamformer reference. Can beamformers configurations based on lower complexity beamformers 
perform as good as the full complexity beamformer?  

Beamformers can be designed with a fixed target location (azimuth), e.g. the target assumed to be 
located in the front, but it can also be assumed that the target location is known and the beamformer 
can be designed considering the target location. What are the performance limitations of the previously 
mentioned beamformer structures when the target is assumed to be located in the front?  
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Optimal beamformers provide the best beamformer (according an optimality criterion, e.g. MVDR) in a 
specific case (head related transfer function measured on a specific person’s head) but might not 
necessarily generalize very well. Nominal beamformer provide the best beamformers for a group of 
cases (a set of multiple head related transfer functions). What is the performance of the previous 
beamformer structures when designed as nominal beamformers compared to full complexity reference 
beamformers?  

1.2 Purpose of the project  
Multiple microphones can be used to improve the performance of noise reduction beamformers. The 
purpose of this thesis is to investigate optimal and nominal beamformers with additional microphones. 
The following configurations will be considered:  

 3 microphone linear array (monaural beamformer)  
 3 microphone configuration with a 2 microphone linear array and the 3rd microphone in the ear 

(monaural beamformer)  
 3 microphone configuration with a 2 microphone linear array and the 3rd microphone on contra-

lateral ear (binaural beamformer) 
 4 mic configurations 

We will also investigate the performance improvement of beamformers with more than two 
microphones in different configurations, against a 2-microphone beamformer reference.  

Performance of beamformers can be measured using objective measures, for example: amount of noise 
suppression, target distortion, target energy loss, output SNR, directivity index, front/back ratio, speech-
intelligibility index [8], [9]. These objective measures are good indicators of subjective performance. Very 
important also is to reproduce acoustic environments methods and evaluate sound field resynthesis 
methods. In [10] is described the process of estimating accurately the sound pressure at the 
microphones of a hearing device in a simulated or acoustic environment. Head-related transfer functions 
(HRTFs) were measured on a Head and Torso Simulator (HATS), with taking into serious consideration 
of the phase characteristics of the measurements, so that directional microphones and beamformers can 
use HTRFs. 

1.3 Report Organization 
In the succeeding sections, second-order and third-order beamformers are examined in greater detail. 
In Chapter 2 describes the fundamental knowledge of this project, by introducing the microphone arrays, 
the beamforming principle and the MVDR algorithm. Chapter 3 contains a detailed description of the 
acoustic setup that was used, the different configurations and the cascades that we designed. A 
combination of each configuration with each one cascade was an individual model case that we tested. 
Chapter 4 deals with the most important performance measurements that investigated. Chapter 5 
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presents the experimental results, followed by an extended discussion regarding them. Finally, in Chapter 
6 both the conclusion and future work are descripted. 

2. Fundamentals 

2.1. Microphone Arrays 
Speech signals arrived at a microphone located away from the sound source are corrupted by additive 
noise and reverberation. One method of reducing the signal distortion and improving the quality of the 
signal is to use multiple microphones rather than a single microphone. By using an array of microphones 
rather than a single microphone, we are able to achieve spatial selectivity, enhance sources propagating 
from a particular direction and attenuate sources propagating from other directions. 

This spatial selectivity varies as a function of frequency. A linear array generally has a wide beam width 
at low frequencies, which narrows as the frequency increases. To prevent spatial aliasing in linear arrays, 
the spatial sampling theorem must be followed, which states that if  is the minimum wavelength of 

interest and  is the microphone spacing, then . Hence, in the array of microphones the 

distance between them should meet the above criteria in order to avoid aliasing. When spatial aliasing 
occurs, the array is unable to distinguish between multiple angles of arrivals for a given frequency.  

The response has perfect cancellation when the distance between the microphones equals half-
wavelength of the incident frequency. Therefore, for a distance of 13mm, theoretically there is a perfect 
null at approximately 13.2 kHz. Above that frequency, the frequencies will alias, nulls at other angles will 
appear in the polar plot, and side attenuation starts to decrease again. 

The directivity index (DI) is the ratio between the magnitude response of the transfer function from the 
look direction  and the sound impinging at the microphone array from other directions : 

 

where Θ is the number of directions  is the magnitude-squared response of the transfer function 
and  is the frequency index  [11]. In Chapter 4 we discuss in more details the above equation, though 
it is important to mention that the maximum directivity index is typically found for low frequencies, 
where the distance  between the microphones is much smaller than the wavelength [12][4], as shown 
in Figure 1. 
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Figure 1. Directivity Index of a microphone array with δ=13mm 

 

The sensors pick up the pressure of the acoustic wave field at two closely spaced positions. Using these 
two pressure values, the directional derivative of the sound pressure field is approximated. The 
directional derivative can be utilized to achieve directional selectivity. 

 

 

Figure 2. First-order differential microphone array 

 

Figure 2 presents the structure of a first-order differential array, where the acoustic delay  for a sound 
impinging on the array depends on the incident angle  and c denotes the speed of the sound, i.e. 

 (2). 

The maximum acoustic delay  between the sensors occurs when the sound impinges from . 
For that direction and its opposite, i.e.  , the maximum sensitivity is achieved. For the angle 

 there is no acoustic delay between the two sensor signals. Therefore, the output signal becomes 
zero, because of total cancellation due to signal subtraction [13]. Hence, differential arrays steer the 
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direction of the null, by using their delay elements. With respect to the well-known shapes, we get a 

cardioid response for , a supercardioid for , a hypercardioid for , and a 

dipole for  

 A cardioid pattern as shown in Figure 3 has no signal attenuation to the front of the array and it 
optimally cancels the sound incident at 180o, but in order to create such response, both the distance 
between the microphones and the time delay are properly selected, for frequencies less than the aliasing 
frequency. 

 

Figure 3. Cardioid pattern of 1st order beamformer 

 

Hypercardioid pattern is desirable in applications where the desired rejection is not exactly to the rear, 
but may be more spread out, as the attenuation to the sides is also greater than that of a cardioid 
response. 

The spacing between the microphones determines the first null in the desired direction response. The 
closer the microphones are placed to each other, the higher in frequency this null is (and therefore wider 
bandwidth). A second-order (3 microphones) beamformer can reject two sound sources and it can also 
achieve 12dB of attenuation to the sides with the same null to the rear of the array, as shown in Figure 
4. 
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Figure 4. A second-order beamformer  

 

2.2 The Principle of Beamforming 
Beamforming techniques exploit fundamental properties about the spatial distribution of both speech 
and noise sources, in order to enhance perception. Approaches to perform beamforming can be 
classified into fixed and adaptive techniques. Fixed beamformers are fundamentally based on modeled 
assumptions on the speech signal and noise field. Adaptive beamformers are used in order to track 
variations and compensate for model mismatch, by altering their directional patterns in response to 
changes in the acoustic environment. They are based on continuous estimates of the spatial and 
statistical information contained in the received speech and noise signals. 

In this thesis, fixed beamforming techniques will be investigated because they are less complex when it 
comes to both computational and implementation aspects than adaptive beamformers. Fixed 
beamformers provide an attractive processing option for microphone-array hearing aids. The objective 
of a fixed (data-independent) beamformer is to obtain spatial focusing on the speech source, thereby 
reducing noise and reverberation not coming from the same direction as the speech source. They are 
relatively robust to minor steering errors and reflections correlated with the desired signal. Well-
designed fixed beamformers provide optimal or near-optimal interference reduction in isotropic noise 
and in extremely reverberant environments.  

However, since they do not alter their directivity patterns to provide nulls in particular directions, they 
provide suboptimal performance when directional interferers are present in less reverberant 
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environments. Moreover, characteristics that describe adaptive beamformers, such as convergence, 
steady state performance and tracking capabilities, are not present in a fixed beamformer. 

Different types of fixed beamformers are available, e.g. delay-and-sum beamforming, superdirective 
beamforming, differential microphone arrays, and frequency-invariant beamforming. Superdirective 
beamforming has attracted much interest in acoustic, speech and audio processing since it has the 
potential to achieve the maximum directivity factor (DI for noise, interference, and reverberation 
suppression. It can be derived by applying the minimum variance distortionless response (MVDR) 
principle to theoretically well-defined noise fields, as for example the diffuse noise field.  The term 
directivity describes the ability of a beamformer to suppress noise coming from all directions without 
affecting a desired signal from one principal direction. All relevant performance measures for 
beamformer designs are functions of the coherence matrix of the noise field [12].  

2.3 Minimum Variance Distortionless Response (MVDR) Algorithm 
The signal model is presented in Figure 5, where a source signal propagates as a plane wave with speed 
of sound  and impinges on a uniform linear sensor array, which consists of  omnidirectional 
microphones in free field space. The distance between two adjacent microphones is  and is assumed 
to be much smaller than the distance to the source (farfield model). The direction of the source signal 
to the array is described by the angle .  

 

 

Figure 5. A sound impinging at a linear microphone array of N microphones from the azimuth angle θ 
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The transfer function of such system consists of a delay, which depends on the azimuth angle , and a 
decrease factor , as shown in Figures 6-7 . 

 

 

Figure 6. Transfer function hi(n) between a sound source  and the microphones 

 

 

Figure 7. Transfer functions consist of pure delays, depending only on θ, and gain factors αi 

 

Hence the discrete sequence xi(n) consists of both a delayed and attenuated version of the desired signal 
 and a noise component ) with . 

For N number of microphones, the signal model that describes the input at each microphone, is  

 

Moreover, since all quantities depend on frequency, the Fourier transform of the above equation into 
the frequency domain leads to  

                           (4) 

where ,  and  are vectors with Fourier transform of the corresponding time domain signals. 
Moreover,  represents the delays and the attenuation of the desired signal and is dependent on the 
geometry of the microphone array and the direction of the source signal. 
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               (5) 

The output signal is 

  (6) 

where  denotes the coefficients of the beamformer of sensor i in the frequency domain and 
W( ) is a vector that contains the coefficients of all sensors.  

The SNR at the output is computed by deriving the power spectral density (PSD) of the output signal 
, i.e.  

                                    (7) 

  (8) 

 is the PSD of the array input signals of sensor i and j, where we have removed  for simplicity 

reasons. 

To ensure that the beamformer does not alter the power in the input process at the desired look 
direction, the constraint is that 

  (9) 

In order to get an optimal beamformer, we must minimize the power of the output signal of the array 
, i.e. its PSD as described above, in the case of a noise input signal. In order to avoid the trivial 

solution , the minimization is constrained by (9). Therefore, the minimization problem that needs 
to be solved, considering that in the input of the beamformer arrives a noise signal, is described as 
follows 

 subject to   (10) 

where  is the covariance matrix of the noise. Our aim is to suppress the noise and get a perfect 
correspondence between the direction of the desired signal and the look vector of the microphone-
array; hence, in (10) only the PSD matrix of the noise signal is taken into account. The solution of (10) is 
called the Minimum Variance Distortionless Response (MVDR) beamformer and is given by 
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The MVDR beamformer can achieve the highest directivity index as long as the spatial sampling theorem 
is being fulfilled, which is given by 

 

where and  denote the microphone distance and the wavelength respectively. In our implementation, 
the look vector is defined as the eigenvector corresponding to the largest eigenvalue of the Covariance 
Matrix of the desired signal. For a stationary speech signal it is 

 (13) 

with  denoting the desired signal in frequency domain and  is the PSD of the target signal. In our 
calculations, we operate with a look vector that is normalized with respect to the reference element of 
the microphone array, by dividing the whole vector by the value, which corresponds to the reference 
element. 

2.4 Filter Bank 
Hearing loss is a function of both frequency and input level. A filterbank provides a natural 
decomposition of the input signal into frequency bands, which can be processed independently and can 
control precisely the phase response, which is very important in signal reconstruction. Different methods 
of digital filterbanks have been performed, such as the one presented in [14]–[16]. Although, a filter-
bank with non-uniform time-frequency resolution is mostly desired because it is similar to that of the 
human auditory system, in the cited examples a filterbank with uniform bands is designed. The most 
important when designing a filter bank is to reduce the memory needed in the application, by using 
small number of frequency bands [17]. 

 

 

Figure 8. Analysis filterbank 
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The analysis filterbank that we use consists of a mapping block combined with an IFFT without scaling. 
When a signal  enters the analysis filterbank, a tapped delay line generates delayed versions of the 
input signal. Each of the delayed versions of the signal is downsampled with a factor D and is then 
multiplied with  analysis-filter coefficients, and it becomes 

 

where                                     (15) 

In the above equations,  is the analysis filter’s delay. 

Finally, after the IFFT block without scaling we get 

 

where  is the subband index. 

In this project we used an analysis filterbank which splits the input signal into 64 subbands sampled at 
low rate and in the output of the system a synthesis filterbank reconstructs the signal. At each subband, 
a FFT was applied of size 128. We sum some of the bands in order to construct a set of 16 channels from 
the subbands. The setup we used in this project considered a delay of 124 samples, i.e. 6.2ms 
corresponding to a sampling frequency of 20 kHz. Moreover, the downsampling factor is set at 20 so 
that a prototype synthesis filter of 125 taps is sufficient to obtain an aliasing suppression of 90 dB. The 
maximum gain difference is specified at 60dB, i.e. the maximum signal to aliasing level is 60dB.  

The inverse process of the analysis filterbank is followed at the synthesis filterbank as shown in Figure 9. 

 

 

Figure 9. Synthesis filterbank 
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The MVDR solution in (10) estimated for each band index  becomes and considering a diffuse noise 
field, 

 

The center frequencies  of the subbands are given by  where  is the FFT size and is the 

band index, = 0… 63. The solution described in (17) corresponds to a hyper-cardioid beamformer for 
the situation where the noise field is diffuse, i.e. homogenous and spherically isotropic, therefore the 
covariance matrix of the diffuse noise field in this equation is defined as . 

2.6 Bilateral and binaural signal processing  
Bilateral (or monaural) hearing refers to the ability to receive a signal on two sides, but processed 
separately; this can be achieved by using two hearing aids, one at each ear. Bilateral hearing aid fittings 
have been a standard practice in the hearing aid industry for years. Reasons for bilateral hearing aid 
fittings include (as reported by the Better Hearing Institute [18] ) satisfactory understanding of speech 
in noisy situations and improved ability to sense the direction of sound. The sound quality increases due 
to the fact that we keep both ears active, resulting in potentially less hearing loss deterioration. Hearing 
becomes less tiring and listening more pleasant. 

Two hearing aids can provide binaural hearing processing, which assumes that we get access to all 
microphones on both sides, and processing of two signals throughout the central auditory system. 
Binaural hearing allows the listener to have available the ear with the better SNR. The difference between 
bilateral and binaural is presented in Figure 10. 
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Figure 10. (left) Bilateral configuration, (right) Binaural configuration 

 

In this project, we have examined configurations, i.e. combinations of signals, resulting in either bilateral 
or binaural beamforming. In Chapter 3 we explain in more details all signal configurations that we 
considered and in Chapter 5 we present their results. In [19] though, it is presented that for a fixed 
binaural MVDR beamformer the noise reduction performance may significantly decrease in the bilateral 
hearing aid if the desired speech source is not located in the frontal direction. In a fixed bilateral MVDR 
beamformer the noise reduction performance is lower compared to the binaural MVDR beamformer but 
also much more robust for target positions apart from the frontal direction.  
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3. Hearing Aid configurations and Acoustic Setup 
In this chapter, we describe the different combinations of the microphone signals that we designed and 
then simulated; resulting in hybrid cascades of low complexity compared to the nominal beamformer 
cascades. Moreover, we describe the acoustic setup with the different scenarios that we used in order 
to test the performance and get the output response of each configuration for the different cascade 
forms. 

 

Figure 11.. Hearing aid with two microphones behind the ear and a third in-ear microphone 

 

3.1 Microphone Configurations and Beamformer Cascades 
In this section, we describe the different combinations of the microphone signals that we used during 
our simulation. Since we examine the case of three and four input signals in a beamformer, the different 
combinations of microphones correspond to a different configuration. Moreover, the different hybrid 
structures of beamforming and the nominal beamformers, which are described in Table 1, result in 
different cascades. The hybrid cascades consist of two-input beamformers connected in series and in 
parallel in some cases, as shown in Figures 12-15. 

We assume that we have a mixed signal, which consists of both the desired speech signal and the noise 
signal, arriving at each microphone of the array, and that the array is linear consisting of three elements. 
The signal of the middle microphone is denoted as  and is defined to be the reference signal. The 
mixed signal from the rear microphone is denoted as  (delayed version of the reference signal) and 
the mixed signal coming out of the front microphone will be named  (preceded version of reference 
signal). In the case of the linear array of the monaural configuration, we choose as reference signal the 
signal coming from the middle microphone. In the non-linear array, either in monaural or in binaural 
configuration, the reference signal is chosen to be the one that corresponds to the front microphone 
(Table 1). 

In the non-linear monaural configuration, the microphone array consists of a front, a rear and an in-ear 
microphone. The in-ear microphone is situated w.r.t. the ear anatomy, i.e. mounted on an ear-piece 
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placed in the ear-canal opening capturing sound impinging on the ear, as shown in Figure 11. Finally, 
the binaural non-linear configurations include the linear combination of the front ( signal) and rear 
( signal) microphones, and a third microphone signal ( signal) from the opposite side of the head, 
as shown in Table 1. 

 

CONFIGURATIONS FOR 3 MICROPHONES 
Configuration 

1 
(monaural) 

 

 
 

Configuration 
2 

(monaural) 

                                 

 
 

Configuration 
3 

(binaural) 
Left, Right 

 

 
 

 

 
 

Configuration 
4 

(binaural) 
Left, Right 

  
 

Table 1. Configurations for different combinations of three microphones, where Fr indicates the front 
microphone, Re is for the rear microphone, ITE for the microphone placed into the ear, L for the left side 

of the head and R for the right side 
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A view of how the three signals are distributed among the different cascades is shown in Figures 12-15.                   

 

Figure 12. Full complexity cascade of a BF with three input signals 

 

 

Figure 13. Cascade no.1 consisting of two BFs with two input signals each, connected in series 

 

 

Figure 14. Cascade no.2 consisting of two BFs with two input signals each, connected in series 

 

 

Figure 15. Cascade no.3 consisting of three BFs with two input signals each. Two of them are connected 
in parallel and the third one is connected in series 

 

In cascade no.1 of Figure 13, the first step of beamforming results in a linear array among front and rear 
microphone signals, for any configuration case. Assuming that the source of the target signal is located 
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in front of the listener, i.e. at , then the linear array between signals  and  has the same direction 
as the target signal, resulting in an optimum steering and enhancement of the speech signal. The third 
signal is added in the second step, in order to improve the performance of the local beamformer. 

In cascade no.2 of Figure 14, we first combine signals  and , as an alternative method. By using these 
signals for inputs in the first step of beamforming, we create a non-linear beamformer, which will result 
in a non-optimum orientation of the steering vector. Only configuration no.3 can give a linear 
microphone array in the first step of cascade no.2, but that will be orthogonal to the direction of the 
desired signal, and such beamformer does not perform well with respect to the sound lever of the target 
signal. By using the third signal  in the second step, we try to improve the steering vector of the 
beamformer and improve the total performance. 

In cascade no.3 of Figure 15, its first step consists of two local beamformers connected in parallel, where 
each one of them corresponds to the first step of cascade no.1 and no.2 respectively. The output of 
those two become input to the third beamformer. In this case, we try to explore a more complicate 
cascade by using three local beamformers and combining them appropriately. 

By examining firstly the configurations and the cascades for the three microphones, we distinguished 
those that perform best and we tried to expand them in the case of the four microphones. The goal is 
to reduce the demanding work, since for four input signals, multiple design structures and signal 
combinations can be considered, but that would consume a lot of time. Consequently, the cascades that 
we examined in the case of 4 microphones are an extension of cascade no.1 and no.3 respectively, and 
the configurations are an extension of configuration no.3, which showed the best performance among 
all. The configurations that we considered for a beamformer with four input signals are presented in 
Table2 and the corresponding cascades are shown in Figures 16-18. 

 

CONFIGURATIONS FOR 4 MICROPHONES 
Configuration n. 

5 
(binaural) 
Left, Right 
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Configuration n. 
6 

(binaural) 
Left, Right 

  
Table 2. Configurations for different combinations of four microphones, where Fr indicates the front 

microphone, Re is for the rear microphone, ITE for the microphone placed in the ear, L for the left side of 
the head and R for the right side. 

 

 

Figure 16. Cascade of a BF with four input signals 

 

 

Figure 17. Cascade no.4 consisting of three BFs with two input signals each, connected in series. It is an 
extended version of cascade no.1 

 

 

Figure 18. Cascade no.5 consisting of four BFs with two input signals each, connected in parallel at first 
step and in series in the second and third part. It is an extended version of cascade no.3 
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Regarding the hybrid cascades, the process that we follow in order to design the beamformer’s weights 
is the following: the weights of the first 2-microphone beamformer are calculated, as it is an individual 
system with 2 input signals and 1 output. In the next beamforming step, the output result of the previous 
step is used as input and this signal helps us to design the weights of that 2-microphone beamformer. 
This process continues to all following steps of the beamformer. Only in cascades no.3 and no.5 in their 
first step, we have to design the weights of two 2-microphone beamformers simultaneously and then 
forward their output to the second step of beamforming as input. This way of designing the weights is 
simpler and less complicated than doing a joint optimization of all steps at once. 

3.2 Computational complexity 
The main scope of the project is to examine the performance of low complexity beamforming cascades, 
compared to the full complexity beamformer. Therefore, it is very important to measure the complexity 
of each cascade regarding the mathematical operations needed in each case. The worst-case running 
time can be described by the “big Oh” notation, which provides an upper bound on the running time of 
the algorithm [20]. 

The complexity of the algorithm that calculates the inverse of a nxn matrix is O( ). This means that it 
always executes at most  procedures. The same applies for the eigenvalue decomposition process, 
which has also computational complexity O( ). The MVDR algorithm for a fixed beamformer, calculates 
the weights only once; that process includes a step of eigenvalue decomposition in order to evaluate 
the steering vector  and a step of calculating the inverse of the covariance matrix of the noise field. 
Table 3 shows the number of procedures that need to be executed w.r.t. the number of the input signals, 
the cascade and for all frequency channels. 

 

FIXED BEAMFORMER 
Number 
of input 
signals 

Full 
complexity 

Cascade 
no.1 

Cascade 
no.2 

Cascade 
no.3 

Cascade 
no.4 

Cascade 
no.5 

n=2 256 - - - - - 
n=3 864 512 512 768 - - 
n=4 2048 - - - 768 1024 

Table 3. Procedures that need to be executed in order to calculate the fixed beamformer’s weights for 16 
frequency channels 
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We notice that hybrid cascade models lead to significantly less computations, i.e. up to 40% and 63% 
less executed procedures for a three-input and a four-input model respectively, compared to the full 
complexity beamformer. We have already described in Chapter 2, that an adaptive beamformer has the 
ability to track either the noise signal in order to cancel it, or both the target and the noise signal in 
order to improve the speech quality in general. It is obvious that such beamformer needs to ‘run’ the 
algorithm and recalculate the weights at each execution cycle of the hearing-aid processor. 

In Tables 4-5 the number of required procedures is presented for both types of adaptive beamformer 
and for all different cascade structures. It can be noticed that an adaptive algorithm requires a big 
amount of procedures to be performed by the processor at every execution cycle, but the hybrid 
cascades require much smaller load of work, meaning that these cascades can indeed be defined as ”low 
complexity” beamformers. 

 

ADAPTIVE BEAMFORMER 
Tracks only noise signal 

Number of 
input 

signals 

Full 
complexity 

Cascade 
no.1 

Cascade 
no.2 

Cascade 
no.3 

Cascade 
no.4 

Cascade 
no.5 

n=2 128 - - - - - 
n=3 432 256 256 384 - - 
n=4 1024 - - - 384 512 

Table 4. Procedures that need to be executed for calculating adaptive beamformer’s weights at each 
execution cycle, when tracking only noise signal 

 

ADAPTIVE BEAMFORMER 
Tracks both noise and target signal 

Number of 
input 

signals 

Full 
complexity 

Cascade 
no.1 

Cascade 
no.2 

Cascade 
no.3 

Cascade 
no.4 

Cascade 
no.5 

n=2 256 - - - - - 
n=3 864 512 512 768 - - 
n=4 2048 - - - 768 1024 

Table 5. Procedures that need to be executed for calculating adaptive beamformer’s weights at each 
execution cycle, when tracking both noise and target signal 
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3.3 Acoustic Setup 
Head and Torso Simulator (HATS) is a manikin with built-in ear that provides a realistic reproduction of 
the acoustic properties of an average adult human head and torso, produced by company “Brüel & Kjær” 
(Figure 19) . We used it in our experiments for both calibrating the weights in our algorithm and 
evaluating the performance of the different beamformer cascades in several realistic-case scenarios of 
noisy environments. 

 
(a)  

 
(b) 

Figure 19. HATS (a) right and (b) left side, with a hearing aid device mounted on each ear 

Moreover, for studying the performance, we also used head models that correspond to real male and 
female heads, that they different in shape and dimension.  

The realistic scenarios that we examine in order to test the performance of the lower complexity 
beamformers are the following: 

- Car scenario, where the person wearing the hearing aid is trying to focus on one person while 
driving the car. In this case, there is a lot of low frequency noise and the car cabin is rather small. 
The target talker is placed directly to the left of the listener, in the driver’s seat. 

- Party scenario, where the listener wants to focus on a person talking amongst many people at a 
party. The talker is close-by in front of the listener. Most disturbing people are further away, but 
one is closed-by and behind the listener. 

- Restaurant scenario, where the listener wants to listen to people talking to each other, amongst 
low-level background noise. The two talkers are placed at 90o on the left side of the listener and 
at 30o on his right side, respectively. 

- Meeting scenario, where the person wearing the hearing aid wants to listen to two people talking 
to each other in a meeting room, which has strong reflections. The two talkers are placed at 90o 
on the left side of the listener and at 30o on his right side, respectively. The reflections arrive at 
the listener at a 45o angle at both sides of his head. 

- Lecture scenario, where the listener wants to listen to one person far away in a very large room. 
The room is not particularly poor, but the diffuse reverberation was significant. The 
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reverberation-signals arrive at the listener at a 45o-angle at both sides of his head. A few 
intermittent and continuous noise-sources are present. For the listening test, the target is placed 
directly in front of the listener at a distance of 5.5m.  

For all these scenarios we simulate a binaural hearing aid setup, consisting of two pairs of microphones 
with distance 1.3cm between them and placed on each ear of a listener. We assume that the hearing 
aids can communicate instantly and without errors. Noisy microphone signals are generated by 
convolving target and noise signals with impulse responses measured from the relevant positions in the 
room to the microphones of dual-microphone behind-the-ear hearing aids placed on a HATS 
mannequin. The resulting noisy signals have a duration of 30 sec. These acoustical scenarios, although 
synthetically generated, are close to a realistic situation for a hearing aid user. 
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4. Performance Analysis 
The performance of microphone-array hearing aids depends heavily on the acoustic environments in 
which they are used. Additional information about the level of reverberation, number of interferes and 
relative levels of interferers encountered by hearing-aid users in everyday situations is required to 
quantify the benefit of a microphone-array in a hearing aid and to select the optimal processing strategy 
[12]. 

4.1 Perceptual Evaluation of Speech Quality (PESQ) 
In order to evaluate the speech quality in the output of the beamformer, we use the Perceptual 
Evaluation of Speech Quality (PESQ) algorithm, which is based on the ITU standard P.862 [21]. It is an 
objective method of measuring speech quality, since the subjective tests are time-consuming and 
expensive. The algorithm was first developed to evaluate the communication performance. It tries to 
predict the Mean Opinion Scores (MOS) of end-to-end network quality as judged by a panel of listeners. 

The accuracy of PESQ algorithm has been tested in [22] and it has been proved that it can be a useful 
tool in helping identify potential problem areas, but there are limitations to using PESQ, since it only 
measures the effect of one-way speech-distortion and noise in speech quality. Two-way interactions, 
such as loudness loss, are not reflected in the PESQ results. Moreover, some inaccurate results in 
predicting MOS scores can be due to the incapability of MOS’s methodology, and not due to the 
performance of PESQ algorithm.  

4.2 (Binaural) Short-time Objective Intelligibility (STOI) 
Objective machine-driven speech intelligibility measures are gaining popularity in hearing aids. The 
method that we used in this project is an objective intelligibility measure, which shows high correlation 
with the intelligibility of both noisy, and time-frequency weighted noisy speech, as described in [8]. The 
method can provide accurate predictions. Furthermore, it is based on an intermediate intelligibility 
measure for short-time (approximately 386ms) TF-regions, and uses a simple DFT-based TF-
decomposition. The same method is used for both monaural and binaural hearing processing. 

4.3 Directivity Index (DI) 
The directivity index (DI) of a microphone array, is the ratio of the array’s power gain averaged over all 
directions and it varies with frequency.  

 

where  is the desired direction,  is the frequency index and  is the number of directions. Defining 
function as 



31 
 

 

 

with  being the angular frequency,  the distance among two sensors and  the sound speed 
( ), then  in (18) is the magnitude-squared response, given by 

 

where  represents the values that yield a null in a certain direction . We find the local maxima of (20) 

by setting   . 

The value of  that maximizes  in (20) is given by 

 

i.e. the solution that maximizes (20) is imaginary valued.  

The maximum directivity index is typically found for low frequencies, where the distance  between the 
microphones is much smaller than the wavelength [12]. In that case, the two-microphone beampattern 
is limited to Limacon patterns, described by  [23]. For  the maximum directivity 
gets value ≈4.77dB with a null direction of 120o  

In order to calculate (18), we sweep across  in (20), and find the value of , which maximizes the 
directivity function. The maximum directivity as function of frequency and for three different distances 
between the microphones in the array is shown in Figure 20. 

We notice that for =1.3cm the maximum directivity decreases for frequencies above 1400Hz. After that 
frequency the directivity reaches another maximum at 2000Hz with value ≈3.35dB. 

On the other hand, we notice that the maximum directivity pattern versus frequency, for a distance 10 
times larger, i.e. 13cm, changes periodically as a cosine function while frequency increases and with a 
slight decrease of amplitude as frequency grows. The mean value of the different maximum directivity 
values is approximately 2.4dB. The same cosine fluctuations in the maximum directivity, appear when 
we test for =18cm. In this case, the frequency of the fluctuations is even higher. 



32 
 

 

 

Figure 20. Maximum directivity index as a function of frequency, for microphone distance 1.3cm, 13cm 
and 18cm 

 

 

Figure 21. Null direction of the maximum directivity index beampattern as function of frequency, for 
microphone distance 1.3cm, 13cm and 18cm 
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5. Results and Discussion 
In this Chapter, we will discuss the results from the different beamformers for an analytic method, i.e. in 
Free Field environment, and a non-analytic method, i.e. using data coming from real measurements. 

The analytic method is based on a mathematical model for acoustical signal propagation, where we only 
model delay, i.e. "ideal" phase function only, without considering the presence of the head and a room. 
In the non-analytic measured case, we model the acoustical environment with amplitude/phase transfer 
functions (FIR modeling). In this case, the head is present and situated in an anechoic chamber or in a 
real room. 

In the Tables below, we present the beampattern of each cascade, i.e. a color-graph showing the 
attenuation or the enhancement of a signal at each frequency band for different DOA. The polar plot of 
every output for three different frequencies is also plotted, in order to understand how the response of 
a beamformer varies between low and high frequencies. In the following paragraphs, we compare and 
comment on the results. Here we give a fast overview of the cascades with three input signals, in order 
to remind the reader the different structures that were used and got the following results. 

 

Full complexity cascade Cascade no.1 
 

 

 

 
 

Cascade no.2 Cascade no.3 
 
 

 

 

 
 

Table 6. Cascades for three input signals 
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Firstly, we will examine analytically the linear microphone array consisting of three microphones. We will 
evaluate the system’s performance by generating signals using the free field model and getting the 
response from each microphone by evaluating the delay of each signal, which depends on the geometry 
of the array. 

5.1 Analytic results for three microphones 
The ability of the beamformer, which consists of microphones with distance δ=1.3cm, to cancel signals 
coming into the beamformer from different angles than θ0, is shown in Table 7. More specifically, a 
beamformer, which processes three input signals simultaneously (left column in Table 7), can cancel two 
signal sources at angle θ ≈75o and 145o respectively. On the contrary, Cascade n.3 (right column in Table 
7) consisting of two parallel beamformers and a third beamformer in row, can cancel a range of angles 
between 70 o and 140 o. However, this is something that does not happen in low frequencies. 

 

 

Figure 22. Configuration no.1, linear array 
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FREE 
FIELD 

Beamformer 
3x3 

Cascade no.3 

 
 

δ=1.3cm 
 

θ0=0o 
 
 
 
 
 
 
 
 

 

 
 
 

 
 

 

 
 
 

 

Table 7. Beampattern and polar response for δ=1.3cm, θ0=0o of (Left) Cascade1 and (Right) Cascade3 

 

In Table 8, the beampattern and polar plot for the Cascades no.1 and no.2 are presented. Both of them 
consist of two local beamformers and their only difference is the order of the signals that they use. 
Nevertheless, their first local beamformer gets as input the reference signal. This is very important, 
because the reference signal steers the look vector in the algorithm and the more accurate the look 
vector is, the more efficient the beamformer’s weights are. We notice that both of them have the same 
response. Among frequencies 1.25 kHz and 6.5 kHz, we get a hyper-cardioid response. This means that 
a noise signal arriving from an angle at approximately 120o can be cancelled, while in higher frequencies 
its power can be reduced ≈12dB at angle 90o and ≈8dB within angles 120° to 180°.  
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FREE 
FIELD 

Cascade no.1 Cascade no.2 

 
 

δ=1.3cm 
 

θ0=0o 
 
 
 
 

 

 
 

 
 

 

 
 

 

Table 8. Beampattern for δ=1.3cm, θ0=0o of (Left) Cascade1 and (Right) Cascade2, and diffuse noise field 

 

It is also important to mention that all beamforming cascades described above have no effect on a 
power signal at very low frequencies (frequency up to 625 Hz). The MVDR beamformer can always 
improve the SNR from a theoretical perspective. However, one may see noise amplification with this 
beamformer at very low frequencies in practice; this is mainly due to the ill conditioning or rank-
deficiency of the estimated noise covariance matrix. In reverberant acoustic environments, the noise may 
have an energy flow of equal probability in all directions, leading to a diffuse noise filed. In this scenario, 
the coherence matrix of a diffuse noise field is given by the relation: 

 

     (23) 

 

where Vn and Vm is the noise signal at microphone n and m respectively,  is the distance between the 
two microphones,  is the sampling frequency,  is the angular frequency and  the sound speed. 
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Therefore, for high frequencies or large spacing, the observed noise signals in two microphones, tend 
to be uncorrelated, and then the diffuse noise field is close to the spatially white noise field. For low 
frequencies or small spacing, the noise signals observed by the two sensors tend to be coherent. 

 

Beamformer 3x3 
δ=1.3cm, θ0=90o 

Cascade 1 
δ=1.3cm, θ0=90o 

 

 

 

 
 
 

 

 

 

 

Cascade 2 
δ=1.3cm, θ0=90o 

Cascade 3 
δ=1.3cm, θ0=90o 

 

 
 

 

 

 

 

 

 

Table 9. Beampattern for δ=1.3cm, θ0=90o and diffuse noise field of (Up left) Beamformer 3x3, (Up right) 
Cascade1, (Low left) Cascade2, (Low right) Cascade3 

 

The simulation results in Table 10 demonstrate that the MVDR’s performance strongly depends on the 
incidence angle of the desired source, but the optimal performance always occurs in the endfire 
direction, i.e. at  regardless of the frequency and the number of microphones in the array. In 
Table 10, we notice that the superdirectivity of the beamformer is maintained only in low frequencies, 
since supergain can only be achieved if the signal wavelength is larger than two times the microphone 
distance (spatial sampling theorem). 
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FREE FIELD Beamformer 
3x3 

Cascade no.3 

 
 

δ=13cm 
 

θ0=0o 
 
3mics in 
linear array 
 

 

 
 

 

 

 
 

 

Table 10. Beampattern for δ=13cm, θ0=0o and diffuse noise field 
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δ=13cm 90° 270° 
Beamformer 

3x3 
 

 
 

 

 
 
 

 

 
 

 

 

Cascade 
no.1 
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Cascade 
no.2 
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Cascade 
no.3 

 

 
 

 

 
 

 

 
 

 

 
 

Table 11. Beampattern and Polar response for δ=13cm, θ0=90o and θ0=270o 

 

In Table 11 we notice that there is complete symmetry between the responses when we calibrate the 
system’s weights for θ0=90o and θ0=270o respectively. We notice that the desired signal arriving from θ0 
is preserved in low frequencies and moreover signals arriving from different angles are attenuated 5dB. 
In higher frequencies, signals coming from both θ0 and several others are maintained. This means that 
when the distance of the microphones is much larger than the wavelength of the interference, then this 
interference will be processed by the beamformer without any attenuation. 
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F.F. δ=1.3cm, θ0=0o δ=1.3cm, θ0=90o δ=13cm, θ0=0o 

 
BF 3x3 

 

 

 

 

 

 

Cascade 
no. 1 

 

 

 

 

 

 
Cascade 

no. 2 
 

 

 

 

 

 

Cascade 
no. 3 

 

 

 

 

 

 

Table 12. Power of output signal at each frequency band and different incidence angles 
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In Table 12 we notice that when the distance among the microphones is =1.3cm and the weights are 
calibrated for a desired signal located at 0°, then signals arriving from different angle than θ0 are 
enhanced at very low frequencies up to 15dB for the BF3x3 and cascade nο.3, or up to 5dB for the hybrid 
cascades nο.1 and nο.2. When a noisy signal is placed at the side of the linear array, i.e. at 90°, then its 
power is constantly decreasing as the frequency of the signal is increasing, up to ≈-15dB (BF3x3, cascade 
nο.1, cascade nο.2) and ≈-25dB (cascade no.3).  

When the desired signal is located at 90°, then low frequency noise signals are enhanced up to 31dB in 
BF3x3. In cascade nο.2 the noise signal, which is arriving from the front, is improved up to level ≈0.35dB 
in the lower frequency bands. In all cascade forms, signals arriving from the front (i.e. broadside 
microphone arrays) are attenuated up to -10dB for the BF3x3, while the rest cascades can attenuate the 
signal at a maximum level of -7dB. By that, it is proved that endfire microphone arrays give better results. 

For the case where the microphones’ distance is 13cm and the desired DOA is 0°, then a signal arriving 
from the front will be maintained without any losses. On the contrary, a signal arriving from the side of 
the array is reduced in all frequencies and is cancelled at frequencies around 6 kHz.  

In Table 13 is presented the magnitude in dB of a signal that is placed at 0o, 45o and 270o for Cascade 
no.3. We notice that when a signal is arriving from an angle perpendicular to the calibration angle θ0, 
then at frequencies around 6 kHz it gets the maximum attenuation. When θ0=0o the vertical signal in 
low frequencies, i.e up to 1.5kHz, is attenuated approximately 8dB, while for θ0=270o the signal placed 
at 0o in low frequencies is decreasing from -2.5dB to -5db. 

 

Cascade no.3 
Frequency Response of Output signal 

δ=13cm, θ0=0o δ=13cm, θ0=270o 
 

 
 

 

 
 

Table 13. Frequency Response of output signal for δ=13cm, θ0=0o(Left), θ0=270o(Right) 
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5.2 Non-analytic results for three microphones 
The configurations that we study fro three microphone signals are presented in Table 14, for the 
convenience of the reader.  

 

CONFIGURATION no.2 CONFIGURATION no.3 CONFIGURATION no.4 
 
 

 
 

 

 
 

 

 
 
 

Table 14. Configurations for three microphones 

 

As shown in Table 15, Configuration nο.2 (monaural beamformer) can maintain a signal source placed 
in front of the listener without any losses. However, when using a BF3x3, the signal arriving from 45° 
angle will be increased in power instead of being attenuated, as expected. Regardless the bad 
performance of the BF3x3 in signals with DOA different than 0°, the hybrid cascades show a satisfactory 
performance in attenuating signals arriving from the left side of the listener.  

A monaural beamformer, i.e. configuration no.2, which has three signals coming from the front, rear and 
in-ear microphones respectively, is able not to affect a signal received from the front side of the listener 
(angles 0°-50°). For that configuration, BF3x3 can also enhance a signal arriving from the front side, while 
a signal located at the left side of the listener, i.e. at 90°, it can be attenuated within a range of 5dB to 
24dB, depending on its frequency.  
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LEFT CONFIGURATION no.2 CONFIGURATION no.3 CONFIGURATION no.4 
BF 3x3  

 
 

 

 
 

 

 

 
 

 

 
  

CASC.1  
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CASC.2  

 
 

  

 

 
 

  

CASC.3  

 
 

  

 

 
 

  

Table 15. Beampattern of three different configurations and three possible hybrid cascades plus nominal 
BF3x3, for a HA in the left side 
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Configuration no.3 consists actually from two linear microphone arrays. Considering a desired signal 
arriving from angle 0°, then we have a linear array (endfire beamformer) of two microphones with a very 
short distance between the sensors. The other microphone array is a broadside beamformer, with 
respect to the position of the desired signal, where the distance between the two microphones is very 
large. As explained in Chapter 2 regarding microphone arrays, we expect that the broadside beamformer 
will not give satisfying results, because the big distance among the sensors affects the directivity of the 
array, hence such beamformer has low directivity index, which fluctuates when frequency increases. For 
the different hybrid cascades, configuration no.3 gives very satisfying results in decreasing signal’s 
power, when it arrives from an angle different from 0°. Such signal can be attenuated up to 15dB, 
depending on the frequency and the angle of arrival. 

Configuration no.4, which has only one linear microphone array (the second array is not linear), in any 
hybrid cascades that was tested, does not show efficient results in decreasing high frequencies of a 
signal with DOA other than the desired 0°. On the contrary, we notice that such a signal can even be 
enhanced in higher frequencies up to 4dB. 

In other words, Configuration no.4 does not affect a signal source placed in front of the listener (desired 
angle), but it attenuates signals that arrive from the left side (90°). A signal coming from 45° will be 
attenuated only at its highest frequencies if we use Configuration n.3, while it will be attenuated at lower 
frequencies if we use Configuration no.4, and it will also increase the signal’s power in high frequencies. 
Hence, we can assume that linear geometry between sensors can lead to more effective results in 
decreasing a noise signal that is placed on the side of the beamformer. 

The results of the right side are presented in Table 16. We notice that the results are very similar to those 
of the left side, but mirrored. Therefore, a person who can wear hearing aids on both ears and each 
hearing aid will process the input signals binaurally, is expected to get the benefits for both sides.  
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RIGHT CONFIGURATION no.2 CONFIGURATION no.3 CONFIGURATION no.4 
BF 3x3  

 

 

 

 

 
 

 
 

  

CASC.1  
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CASC.2  

 

 

 

 

 
 

 
 

  

CASC.3  

 

 

  

 

 
 

  

Table 16. Beampatterns of three different configurations and three possible hybrid cascades plus nominal 
BF3x3, for a HA in the right side 
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 Configuration n.2 Configuration n.3 Configuration n.4 

HATS  

 
 

 

 

 

 

M1  

 
 

 

 

 

 
 

M2  

 
 

 

 

 

 

M3  

 
 

 

 

 

 

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 0,08 0,09 0,06 0,46 0,10
Noise Reduction [dB] 4,92 5,41 4,94 3,98 5,28

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 0,08 0,10 0,07 0,36 0,11
Noise Reduction [dB] 4,92 6,06 5,97 2,87 5,63

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 0,08 0,13 0,11 0,41 0,14
Noise Reduction [dB] 4,92 6,15 6,06 3,12 5,71

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,53 -0,81 -0,57 0,59 -0,75
Noise Reduction [dB] 4,61 3,91 4,61 3,97 3,82

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,53 -0,23 -0,35 0,60 -0,32
Noise Reduction [dB] 4,61 5,94 5,74 3,08 5,35

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,53 -0,36 -0,45 0,49 -0,36
Noise Reduction [dB] 4,61 5,96 5,78 3,50 5,40

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,22 -0,77 -0,24 0,02 -0,73
Noise Reduction [dB] 5,07 3,57 5,08 3,27 3,48

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,22 -0,03 -0,13 0,42 -0,09
Noise Reduction [dB] 5,07 6,26 6,07 3,24 5,66

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,22 -0,12 -0,19 0,41 -0,11
Noise Reduction [dB] 5,07 6,28 6,11 3,56 5,70

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,52 -0,65 -0,54 1,37 -0,57
Noise Reduction [dB] 4,49 4,42 4,50 4,94 4,37

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,52 -0,28 -0,39 0,42 -0,34
Noise Reduction [dB] 4,49 5,81 5,60 3,04 5,24

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,52 -0,33 -0,42 0,49 -0,34
Noise Reduction [dB] 4,49 5,86 5,66 3,39 5,30
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F1  

 
 

 

 

 

 

Table 17. Performance Measurements for different HRTFs for three input signals 

 

In Table 17, we present the performance of each cascade for three different configurations, when we 
calibrate the weights of each beamformer with diffuse noise field and target speech signal located in 
front of the listener for HATS mannequin (Chapter 3.3). Although we design the beamformers using 
HATS HRTF data, we also investigate their performance using HRTFs measured on a set of four dummy 
heads with different anatomy than HATS, three male heads (M1-3) and one female (F1). 

When we test the performance of the beamformers on HATS, we notice that by adding extra microphone 
we can improve the SNR up to 5.32dB for the monaural beamformer and up to 6.02dB for the binaural 
one, from 4.85dB that we get when we use only two microphones. In addition, both PESQ and STOI are 
improved in all cascades and all configurations that we examined. The values of these two performance 
measurements are very similar; therefore, there is no need to comment something more specific.   

Configuration no.3 compared to configuration no.4 (their only difference is that the third input signal 
comes from the front microphone and ITE microphone respectively) have almost the same performance 
for the different cascades that they use. Moreover, it is noticeable that binaural configurations improve 
more the SNR than the monaural configuration. Cascade n.1 has values very close to BF3x3, followed by 
cascade no.3. On the other hand, cascade no.2 improves the SNR only 2.5dB and 2.7dB, in binaural 
beamformers, which is much less than the beamformer that uses only two microphones. SNR is slightly 
better regarding cascade no.2 in monaural beamformer, but it is even lower than the one we get when 
we use two microphones only. 

When we evaluate the performance of the beamformer on different heads, which correspond to different 
head-related transfer functions than those we used to calculate the weights of the beamformer, we 
notice that all configurations and in every cascade implementations, show very satisfying results. The 
only exception to the above is cascade no.2, which appears to perform lower compared to the rest 
cascades.  

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,40 -0,66 -0,43 1,03 -0,59
Noise Reduction [dB] 4,78 4,21 4,80 4,40 4,14

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,40 -0,15 -0,25 0,45 -0,21
Noise Reduction [dB] 4,78 6,03 5,83 3,08 5,44

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] -0,40 -0,13 -0,23 0,66 -0,16
Noise Reduction [dB] 4,78 6,15 5,95 3,56 5,53
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As before in HATS-case, also with the different head-models, we notice that binaural beamformers 
(configurations no.3 and no.4) perform better compared to the monaural beamformer. More specifically, 
BF3x3 can improve SNR 6.3dB and 6.4dB in configuration no.3 and no.4 respectively. At the same test, 
cascade no.1 can improve SNR 6.2dB and 6.3dB respectively. We can conclude once more, that cascade 
no.1 can perform as well as the nominal 3x3 beamformer. Performance of cascade no.3 follows, which 
differs approximately 0.6dB in SNR improvement. The SNR improvement that we discussed, results from 
the high reduction of the noise field when we use each beamformer respectively. In monaural 
beamformer, we notice that the third microphone, when we use the BF3x3 cascade, performs lower than 
the nominal BF2x2. Nevertheless, hybrid cascades improve the SNR of the monaural beamformer 
compared to the BF2x2, which uses input signals of only two sensors. 

Moreover, it is important to mention that when we examine the performance of each beamformer at 
different heads, the desired signal is improved at all configurations and all cascades, except cascade 
no.2, which seems that degrades the target signal up to 1.4dB. 

5.3 Non-analytic results for four microphones 
Table 18 presents the cascades and the signal configurations that we studied for 4-mic beamformer. In 
Table 19, the beampattern of each cascade and for all configurations is presented. It is easy to observe 
that configuration no.6 that consists of three microphones on the left side and a fourth signal comes 
from the microphone on the right side, when implemented in cascade no.5 shows very good response 
in preserving a signal arriving from angle 0° and reducing significantly any signal source placed at the 
side, i.e. at 90°. This concerns all frequencies, without any exception. 

Cascade no.4 for both configurations and cascade no.5 for configuration no.5, show very similar 
behavior, with only small differences. For those implementations, a signal coming directly in front of the 
listener is preserved, while signals arriving from either 45° or his left side, are attenuated approximately 
5dB and within a range 5-20 dB respectively. 

In the nominal beamformer BF4x4 we notice that there is a symmetrical behavior in configuration no.5 
between left and right side, with satisfying results regarding the attenuation if a signal is arriving from 
the left side of the listener. On the other hand, the same beamformer but for configuration no.6 seems 
not to reduce the signal’s power level enough when it comes from a source located at 45°. Though 
signals from the left side are highly attenuated, especially in frequencies 5-9.5 kHz. 
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Cascade no.4 Cascade no.5 
 

 
 

 

 
 

Configuration no.5 Configuration no.6 
 

 
 

 

 
 

Table 18. Cascades and configurations for four signals 
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LEFT CONFIGURATION no.5 CONFIGURATION no.6 
BF 4x4 

 

 

 

 
 

 
 

 

CASC.4 
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CASC.5  

 
 

 

 

 
 

 

Table 19. Beampattern of two different configurations and two possible hybrid cascades plus nominal 
BF4x4, for a HA in the left side 
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In Table 20, the performance of the two configurations for the different cascades is presented. Compared 
to the results in Table 17 of the three input signals, we notice that BF4x4 perform slightly better than BF 
3x3, with respect to the SNR improvement value and HATS head, taking values 6 dB and 6.5 dB 
respectively.  Their difference is about 0.5dB. For HATS we also notice that cascade no.4 and cascade 
no.5 are almost similar for both configurations no.5 and no.6. 

Regarding configuration no.5, the different HRTFs perform better in SNR improvement, compared to 
HATS, while the PESQ and STOI values do not differ from those in HATS case. Nevertheless, there are 
differences among the cascades. In general, BF 4x4 cascade increases the SNR value 0.6 dB more than 
cascade no.4 and 0.9 dB more than cascade no.5. In configuration no.6, cascade no.4 improves the SNR 
in most cases better than BF4x4 and cascade no.5   

In both HATS and HRTFs cases, the target signal at 0°, is slightly enhanced for almost 0.5dB, when using 
cascades no.4 and no.5. In addition, the diffuse noise field can be reduced up to 7.2dB by using 
configuration no.5 and BF4x4 cascade, and up to 6.4dB for configuration no.6 and cascade no.4. 
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 Configuration no.5 Configuration no.6 
HATS  

 

 
 

 

 

 
 

M1  
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Table 20. Performance Measurements for different HRTFs for four input signals 

 

5.4 Performance analysis in acoustic scenarios 
Car scenario (Table 21), where the person wearing the hearing aid is trying to focus on one person while 
driving the car. In this case, there is a lot of low frequency noise and the car cabin is rather small. The 
target talker is placed directly to the left of the listener, in the driver’s seat. 

 

2nd order BF 3rd order BF 
 

 
 

 

 

Table 21. Car scenario performance of 2nd and 3rd order beamformers 

 

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 4,27 4,17 5,03 1,04 4,29
Noise Reduction [dB] 8,00 8,38 8,42 4,27 8,43
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Fixed Beamformer can reduce up to 8.6dB (full complexity) and 8.4dB (low complexity) the low frequency 
noise. However, since the target signal is located at 90° on the left side of the listener, we see that there 
is high target loss up to 6.3dB (full complexity) and 5.1dB (low complexity). Therefore the SNR 
improvement is not more than 4.2dB (full complexity) and 4.1dB (low complexity).  

We chose not to evaluate a beamformer having the look vector at 90°, since the target is placed there 
in the car-scenario, because the idea was to study a "standard" front calibrated beamformer. In most 
real-case scenarios, the listener is turning his/her head towards the talker, therefore it is more probable 
that the target speech signal will be located in front of the listener’s head. It is in that specific car-
scenario, where it is not very common for the listener to turn his head on the side in the directions of 
the speaker, though we want to investigate the performance of the "standard" front calibrated 
beamformer in such case. 

 

2nd order BF 3rd order BF 
 

 
 

 

 

 

Table 22. Party scenario performance of 2nd and 3rd order beamformers 

 

Party scenario (Table 22), where the listener wants to focus on a person talking amongst many people 
at a party. The talker is close-by in front of the listener. Most disturbing people are further away, but one 
is closed-by and behind the listener. 

In the party scenario where the talker is placed directly in front of the listener, we notice that all cascades 
perform very satisfying in maintaining the target signal’s amplitude. So target is being reduced not more 
than 1.2dB (full complexity) and 0.9dB (low complexity cascades). We have shown that a second- and 
third- order beamformer can poorly attenuate a signal that arrives from 180°angle, therefore in the party 
scenario the noise signal cannot be reduced more than 5.9dB (full complexity) and 6dB (low complexity). 

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 1,01 0,73 0,80 -0,23 0,81
Noise Reduction [dB] 4,80 5,84 5,89 2,05 5,65
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It also interesting that Cascade n.2 is incapable of reducing enough the noise field, but it performs well 
in maintaining the target signal’s amplitude, with noticeable low target loss. However, the fact that it 
cannot reduce the noise has a result in very poor SNR, PESQ and STOI improvement. 

  

2nd order BF 3rd order BF 
 

 
 

 

 

Table 23. Restaurant scenario performance of 2nd and 3rd order beamformers 

 

Restaurant scenario (Table 23), where the listener wants to listen to people talking to each other, 
amongst low-level background noise. The two talkers are placed at 90o on the left side of the listener 
and at 30o on his right side, respectively. 

Since the two talkers are located at 90o on the left side of the listener and at 30o on his right side 
respectively, this means that the listener’s target signal is located in an arc among angles -30° to 90° 
with respect to the listener. Within this range, we notice from Tables 15 and 19, that all cascades can 
slightly reduce the power of a signal and not more than 1.8dB. Exception to that is only BF4x4, which 
can decrease a signal’s power for more than 5dB.   

 

               

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 0,01 1,83 1,66 3,54 1,40
Noise Reduction [dB] 2,69 3,48 3,46 2,89 3,48
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2nd order BF 3rd order BF 

  
Table 24. Meeting room scenario performance of 2nd and 3rd order beamformers 

 

Meeting-room scenario (Table 24),  where the person wearing the hearing aid wants to listen to two 
people talking to each other in a meeting room, which has strong reflections. The two talkers are placed 
at 90o on the left side of the listener and at 30o on his right side, respectively. The reflections arrive at 
the listener at a 45o-angle at both sides of his head. 

In this scenario, we would expect low value for the target loss measurement, as seen in the previous 
acoustic scenario, which was set in a restaurant, since the target signal is also arriving from an arc among 
angles -30° to 90° with respect to the listener. However, here we lose up to 4.6dB (full complexity) and 
3.2dB (low complexity) of the target signal, instead of 1.8dB in the restaurant-scenario. This difference 
between the two scenarios is because in the restaurant there is a low-level noise, hence the input SNR 
is higher than in the meeting room scenario, where the reverberation reflections are strong enough, 
resulting in lower input SNR. Consequently, we notice that the input SNR level is very crucial for the 
performance of the beamformer.  

From the beampattern results of configurations no.3 and no.5, we can also see that these configurations 
are able to reduce the power of a signal arriving from 45° between 4dB and 6dB, depending on the 
frequency of the signal. However, since the target loss measurement takes high values too, the SNR 
cannot be improved more than 2.4dB (full complexity) and 2.8dB (low complexity), resulting in a low 
improvement of PESQ measurement as well. 

 

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 1,27 3,15 3,06 3,14 2,45
Noise Reduction [dB] 4,67 5,54 5,51 2,74 5,22
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2nd order BF 3rd order BF 
 

 

 
 

 

 

 

Table 25. Lecture scenario performance of 2nd and 3rd order beamformers 

 

Lecture scenario (Table 25), where the listener wants to listen to one person far away in a very large 
room. The room is not particularly poor, but the diffuse reverberation was significant. The reverberation-
signals arrive at the listener at a 45o-angle at both sides of his head. A few intermittent and continuous 
noise-sources are present. For the listening test, the target is placed directly in front of the listener at a 
distance of 5.5m.  

In that scenario we notice that the target is reduced up to 2.7dB (full complexity) and 2.2dB (low 
complexity), whereas in the party scenario the target signal was not reduced more than 1.2dB. The 
difference between the two scenarios is the distance between the target source and the listener. In the 
lecture-scenario the target is placed far from the listener, resulting in low level amplitude of the target 
signal. Moreover, the noise, which consists of reverberations and other continuous sources, can be 
reduced up to 7.4dB (full complexity) and 6.7dB (low complexity). As a result, both SNR and PESQ 
measurements are improved much; STOI though is still low. 

SoundScene 0dB BF 2x2 BF 3x3 Cascade 1 Cascade 2 Cascade 3
Target Loss [dB] 1,57 2,17 2,13 1,61 2,12
Noise Reduction [dB] 6,18 6,59 6,57 2,30 6,41
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6. Conclusion and Future Work 
In the present thesis report, we implemented second-order and third-order beamformers by designing 
hybrid cascades that combine first-order beamformers, for different configurations of three and four 
input signals. The reason for using hybrid cascade structures instead of the traditional three- and four- 
microphone beamformer, is that hearing aids have limited memory and processing power in order to 
handle complicated calculations. Based on the results that we described in Chapter 5, we proved that 
lower complexity cascades for both second and third order beamformers can perform similarly well as 
the full complexity beamformers.  

In our simulation, we used fixed beamformer instead of an adaptive beamformer that is able to track the 
target signal and perform better in any case scenario. The weights of the fixed beamformer where 
calibrated with respect to a target signal located in front of the listener and for diffuse noise field. This 
condition restricts the performance of the fixed beamformer, since in real life the target signal will not 
always be straight in front of the listener, as we have assumed. Nevertheless, both second- and third- 
order beamformers were tested in different acoustic scenarios, such as a car environment, a meeting 
room, a party occasion and a restaurant place, where the target signal is not arriving to the hearing aid 
from 0° position and the noise is not always diffuse. The input SNR level and the distance of the target 
source have very critical role in the performance of the fixed beamformer for all the hybrid structures. 
Therefore, the SNR should be more than 0dB and the target signal should be placed very close to the 
listener in order to improve the hearing ability of the listener. A person wearing hearing aids of low 
complexity cascades on both ears can achieve significant improvement of his hearing ability for any 
acoustic case. 

We also tested the hybrid structures for a set of multiple head related transfer functions and we noticed 
that they perform equally well as the full complexity reference beamformers and in some cases, even 
better than the latter. Exception to that is only cascade no.2, which showed very low performance when 
was applied either on HATS or on the different HRTFs and for all case scenarios that we tested. This is 
explained due to the fact that in its first local beamformer, input signals  and have long distance 
between them and we have presented that such beamformer shows poor directivity performance. On 
the contrary to cascade no.2, the rest structures were able to approach the performance of the nominal 
beamformers, with very small difference in the value of SNR improvement, target loss, noise reduction, 
PESQ and STOI measurements. 

We can conclude that cascade no.1 implemented with configuration no.3 is the best choice to implement 
for a hearing aid device, because it can perform similarly well as the full complexity structure BF3x3 and 
cascades of four signals, with 40% less computational procedures needed and high spatial selectivity. 

In the future, it would be interesting and important to examine what is the performance of the binaural 
beamformer structures when assuming a non-ideal link between the left and the right hearing aids, 
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compared to the situation with an ideal link that we considered in this project. Moreover, all the 
described cascade structures and configurations that we studied in this thesis need to be examined with 
optimization of beamformer weights when using adaptive beamforming. Finally, non-analytic 
investigation of the 3-microphone linear beamformer (configuration no.1) and its performance for 
different HRTFs and different case scenarios, is essential to be done. 
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