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Abstract  

This work introduces new binaural beamforming algorithms for hearing aids, with a 

robustness to errors in the estimate of the target speaker direction of arrival (DOA) and a good 

trade-off between noise reduction and preservation of the noise/interferers spatial impression. 

Three robust designs are proposed, and their robustness is confirmed by simulation results. These 

robust designs are a combination of binaural and monaural beamformers using two different 

microphone configurations: one for low frequency components and one for high frequency 

components. The robust designs are also found to be robust to mismatch between the anechoic 

propagation models used for the beamformers designs and the reverberant propagation models 

used to generate the signals at the microphones in the simulations.  

To preserve the binaural cues of the noise/interferers in the binaural beamformer outputs, a 

method based on a mixing/selection of different available binaural signals is proposed, using a 

classification from the phase and magnitude of a complex coherence function. This method is 

added as a post processor to the beamforming designs robust to target DOA mismatch.  Simulation 

results show that the resulting mixed binaural output signals have a good binaural cues 

preservation level that outperform the benchmark design, with significant noise reduction and low 

target distortion. 

Since knowledge of source DOAs is important for beamforming noise reduction, a 

beamformer-based broadband multi-source DOA detection system is also developed in the thesis, 

using information from different frequencies or sub‐bands to obtain global estimates of sources 

DOAs. Simulation results shows that using one beamformer on each side is capable of detecting 

the DOAs of active sources under several acoustic scenarios, including scenarios with one, two, 

or three sources, and with or without the presence of some level of diffuse noise.   
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Chapter 1  Introduction 

1.1 Motivation and Previous Work 

Hearing aids are one of the most popular and effective solutions to sensorineural hearing loss. 

Hearing loss has been reported to be globally increasing not only among the old generation, but 

also among the young generation. One of the main reasons for this increase is the intensive use of 

the personal listening devices such as the iPod™, in addition to the aging of the population and 

other physiological disorders. Canada is also facing a significant increase in reported hearing 

losses. Based on a study by Statistics Canada [1], which was based on audiometric evaluation 

using four different tones with different frequencies that are important in the speech, 54% of 

Canadians aged 40 to 79 years have at least mild hearing loss for some frequency ranges. 

Therefore, considering the aging population in Canada, this percentage is expected to increase, 

especially among people aged 65 years or older.  

Hearing loss has significant impacts on the quality of hearing-impaired people's lives. The 

study in [2] put an emphasis on the devastating impacts of hearing impairment for all ages of the 

population. One of the significant impacts of hearing impairment is on the interpersonal 

communications, which may lead to social isolation in all ages. In addition, hearing impairment 

affects the speech and language development among young children, which lead to a delay in the 

development. Hearing impairment or loss has also many other economical and social impacts.  

There has been a great evolution in the performance of hearing aids, which attempt to mimic 

natural hearing. However, the performance of hearing aids under real noisy environment 

conditions is still one of the common complaints among hearing aid users [3]–[5].  Therefore, this 

work is a contribution to improve the performance of current hearing aids in order to achieve better 

emulation of the normal human hearing. This might improve the quality of life for hearing-

impaired people, by trying to regain some hearing capabilities. 



2 | P a g e  

 

Hearing-impaired people face challenges in understanding speech and separating it in complex 

noisy environments (e.g. dynamic interferers and background noise), even for signals with audible 

levels, because of the reduction in the temporal and spectral resolution in the auditory system  [5]. 

Single channel processing algorithms, such as the work in [6], [7],  cannot solve these challenges 

because of their limitations under acoustic scenarios with high non-stationary noise and low input 

signal to noise ratio (SNR-in), which lead to low efficiency in improving the speech intelligibility. 

These limitations in the performance of the single channel algorithms justify the use of microphone 

array processing in modern hearing aids designs. Using microphone array processing (e.g. 

beamforming processing) leads to directionally sensitive hearing aids, where the noise and 

directional sources are attenuated from all directions except for the desired (target) directions. 

However, directionally sensitive hearing aids still have not achieved the required robustness in 

case of real dynamic complex environments [8], [9].   

A wide variety of heading aid styles are available on the market, though we can classify them 

into fives styles: Completely-In-the-Canal (CIC), In-The-Canal (ITC), In-The-Ear (ITE), Behind-

The-Ear (BTE), and behind-the-ear hearing aid with the Receiver-In-The -Ear (RITE) canal. The 

choice of the different styles of hearing aids depends on the patient needs and age. For instance, 

the ease of management (i.e. the ease of removal and insertion and the ease of control manipulation 

by users), several technical specifications (i.e. directivity response, sensitivity to wind noise, 

bandwidth), reliability, and other cosmetic factors have also significant implications on the success 

of a hearing aid fitting [10].  

Beside the beamforming processing, which is core to this work, at least three other processing 

categories are also well researched in the hearing aids field: automatic gain control (AGC), 

feedback cancellation, and sound classification.  The amount of hearing loss varies across 

frequencies, and it varies from patient to patient.  Therefore, we cannot apply the same 

amplification level over all frequencies, as there are some frequencies which have to be amplified 

while other frequencies have to be attenuated. Moreover, damage in the outer hair cells, which act 

as transducers, are the main reason for the majority of mid to mild sensorineural hearing loss. This 

damage in the outer hair cells leads to loss in the compressive nonlinearity of the transducer 
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properties, which leads to rapid growth in the loudness as a function of sound pressure level (SPL). 

This phenomenon is called “loudness recruitment”. With loudness recruitment, hearing-impaired 

people can hear the loud sounds as normal people while he/she cannot hear quiet or even normal 

sounds. Consequently, processing algorithms based on AGC have been studied in the literature, in 

order to provide the hearing aid user with adjustable amplification based on the input frequencies 

and sound level [5].    

Acoustic feedback has been raised as one of the important problems in hearing aids because 

of the small available size, which leads to mounting the receiver close to the microphones. Other 

factors that can cause acoustic feedback are the poor physical fit of the instrument, the relatively 

large vent size, etc.  Therefore, several adaptive filtering techniques and feedback compensation 

algorithm have been proposed and tested to reduce the acoustic feedback. The last processing 

category to be mentioned here is the sound classification techniques. Classification algorithms 

have been used to enhance the performance of the hearing aids, by adaptively selecting the best 

processing algorithms based on the type of the classified acoustic scenario, such as speech acoustic 

scenario, music acoustic scenario, or environmental sounds acoustic scenario [11]. 

Beamforming algorithms can be fixed or adaptive. Fixed beamforming uses a fixed set of time 

differences of arrival (TDOA) between the target signal at the reference microphone  i.e. Delay-

and-sum (DAS) beamformer [12] or a fixed set of weights i.e. filter and sum beamformer [13] to 

combine the input signals from the microphone array.  Therefore, any required changes in the 

beampattern, which is the directional response of the beamforming algorithm, will need physical 

changes in the microphone array such as adjusting the distances between the microphones. In 

addition, these fixed beamforming algorithms rely on some impractical assumptions such as 

assuming static conditions for all sources. On the other hand, the more practical adaptive 

beamforming algorithms adaptively change the applied weights, and therefore, the directional 

patterns of the beamformers, based on the acoustic scenarios. Consequently, adaptive beamformers 

show a potential improvement in performance over the fixed beamformer under real and complex 

acoustic scenarios with reverberation [14]. Consequently, different adaptive beamforming 

algorithms will be discussed in this work.  
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An Adaptive back-to-back first-order Differential Microphone Array (ADMA) was proposed 

in [15]. This algorithm is based on minimizing the microphone output under a target source 

preservation constraint in one direction colinear to the array, which also forces symmetric nulls in 

the hemisphere of the opposite direction ("back hemisphere"). The constraint minimization is done 

by subtracting the time-delayed outputs from the two closely spaced omnidirectional microphones, 

with a tuning of the time delay. In [15], a non-adaptive version of the ADMA, which we will refer 

to it as DMA, is also presented. However, this non-adaptive version has the symmetric nulls at 

specific directions depends on the time delay between the microphones.  Therefore, it depends on 

the distance between the microphones. Since it is practically difficult to change the distance 

between the microphones in order to change the null locations, the ADMA has been introduced 

with an adaptive factor β.  The factor β is the main parameter that adaptively adjusts the locations 

of the nulls in the back hemispheres by minimizing the ADMA beamformer output using the Least 

Mean Square (LMS) algorithm. Other adaptation algorithms can be used to update the value of β. 

This algorithm has been used with small microphone spacing, for targets in an endfire direction 

(colinear with microphones, on one side). One of the advantages of this design is that its frequency 

response does not change significantly with β, the only impact of changing β is the off-axis 

response (e.g. steering the position of the nulls in the back hemisphere). A steerable first-order 

ADMA has been introduced in [16], where the distortionless response can be steered to any 

arbitrary angles. However, for this steerable design a minimum of three microphones is required 

to steer the beampattern in 2-D, and four microphones are required to steer the beampattern in 3-

D. Another attempt to achieve a steerable ADMA has been accomplished  by combining a 

monaural ADMA and binaural ADMA outputs (more details about the binaural beamformers will 

be provided later in this section) [17]. However, the generated ADMA beamformer is found to not 

be fully steerable. It can be steered up to approximately 750 Hz, because of the large distance 

between microphones in the binaural ADMA. In [18], a second-order ADMA has been introduced 

as an extension of the first-order ADMA, by combining two first-order differential arrays. The 

second-order differential microphone array has four symmetric nulls, with a narrower beampattern 

than the first order design, and it also outperforms the first-order differential array in terms of the 

front-to-back signal ratio. However, the second-order differential array needs more than two 
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colinear microphones, which is not easy to use in hearing aids applications because of the size 

limitation.  

The Minimum Variance Distortion Response (MVDR), which is also known as Capon 

beamformer [19], is a powerful beamformer for suppressing different noise fields (e.g. diffuse 

noise, directional interferers). The MVDR beamformer is based on minimizing the power of the 

beamformer output under a single constraint. In other words, this beamformer minimizes the power 

of all the signals outside of the desired signal direction, while constraining the response of the 

beamformer in the direction of the desired signal. The MVDR beamformer is not only used for 

noise reduction, but also for speech dereverberation. In [20], the trade-off between speech 

dereverberation and noise reduction has been analyzed when the MVDR beamformer is used. The 

performance of the MVDR beamformer has been studied in highly reverberant environments under 

different types of noise such as non-coherent noise (e.g. spatially uncorrelated white noise sources) 

and coherent noise sources (e.g. directional interferers and diffuse-like noise sources). The results 

show that when the noise reduction increases, the dereverberation decreases. The results also 

demonstrate the effect of the number of microphones on this trade-off. In particular, as the number 

of microphones increases, the noise reduction capability increases and the trade-off becomes less 

pronounced. In other word, a good level of speech dereverberation can be achieved without 

sacrificing the amount of noise reduction.    

In [21], a general case of the MVDR beamformer with multiple linear constraints was 

introduced. Frost’s beamformer is called Linearly Constrained Minimum Variance (LCMV). In 

principle, the LCMV beamformer aims to minimize the noise power in all directions, while 

satisfying multiple constraints such as passing source signals coming from specific “unity” 

constraint directions and rejecting other source signals coming from other “null” constraint 

directions. The LCMV has more controllable beampatterns than the MVDR as there is the 

possibility to use different constraints at different directions; therefore, a beamformer with wider 

beams can be achieved using the LCMV.  

In [22], a comprehensive study of the LCMV and the MVDR beamformers is provided. In 

their work, it has been demonstrated that the LCMV beamformer, with a null constraint in the 
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direction of the undesired signal and unity constrain at the direction of the desired signal, is able 

to completely suppress the undesired constrained directional signal at the cost of attenuation in the 

overall noise reduction (e.g. the noise components from the unconstrained directions). On the other 

hand, their work showed that the MVDR has better noise reduction than the LCMV for the 

unconstrained directions.   Therefore, it was found that the LCMV approach is suitable for the 

situation where reducing the coherent noise components at specified directions is more important 

than reducing the non-coherent ones.  

In [23], the widely used Generalized Sidelobe Canceller (GSC) was introduced. The GSC 

beamformer achieves the required minimization of the noise/interferers components by coherently 

adding the equalized target components from the microphone input signals (e.g. a delay-and-sum 

beamformer) through the so-called Fixed Beamformer (FB) block in order to preserve the target 

components while at the same time reducing the spatially uncorrelated noise and some diffuse-

noise. It also extracts the noise/ interferer components and nulls the target components through the 

so-called Blocking Matrix (BM). Finally, a multichannel Active Noise Canceller (ANC) system 

uses the output of the FB as the desired signal and the linearly independent outputs of the BM as 

its input signals, to predict and remove the remaining noise components in the FB output 

(directional noise/interferers and diffuse noise components). In [23], the GSC beamformer 

considered only one constraint in the target direction, which makes the GSC beamformer 

equivalent to the MVDR beamformer. The GSC beamformer can also be used in the case of 

multiple constraints, where the GSC beamformer is then equivalent to the LCMV, as shown in 

[24].    

Hearing impairments can affect either one ear or two ears. If a hearing impairment affects one 

ear then the hearing aid user will be a good candidate for a monaural hearing aid.  Otherwise, the 

hearing aid user will be a candidate for either a bilateral hearing aid or a binaural hearing aid, if 

the hearing impairment affects two ears. This decision is based on the healthcare provider and 

ultimately the hearing aid user. In a bilateral hearing aid, two hearing aids are used; each one has 

a monaural beamformer that uses the input of the closely spaced microphones. These bilateral 

hearing aids may provide limited improvement in complex acoustic scenarios with multiple 
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directional interference speakers, reverberant environment, and non-stationary background noise. 

This is because of the lack of signal exchange between the hearing aids on each side and the limited 

number of used microphone signals at each ear. Bilateral hearing aids can transmit some 

information between sides, wirelessly or not, such as overall gain/levels, etc. However, they do 

not transmit the complete microphone signals. As a result, binaural hearing aids with wireless 

connections have been introduced to allow the transmission of the signals from one side to the 

other side. The binaural beamformers in the binaural hearing aids have better abilities in extracting 

the desired speaker, attenuate the undesired noise/interferers components, and producing more 

intelligible output with correct spatial impressions in complex acoustic scenarios, such as the well-

known cocktail party problem [25]–[27].  

However, binaural hearing aids and other applications of binaural beamformers can be 

significantly affected by a mismatch or an error between the target source propagation model 

assumed for beamformer processing and the actual target propagation model. This includes errors 

in the estimated target direction of arrival (DOA) used in the beamformer algorithms, i.e., target 

DOA mismatch. This can lead to significant performance degradation of the beamforming 

algorithm and reduction in the intelligibility of the received target signal because of the generated 

target distortion [27], [28]. DOA mismatch can be generated from small head movements of the 

hearing aid user, from moving target speakers, or from imperfect estimation for the target DOA. 

Consequently, to address the mismatch problem, several approaches have been proposed in order 

to attain an acoustic beamforming design that is robust to the target DOA mismatch. The proposed 

approaches in the literature can be classified into two categories; the first category is robust GSC 

algorithms, and the second category is robust beamformers that do not use the GSC architecture, 

i.e., with no blocking matrix or ANC unit in the design.  

In [29],  a robust GSC beamformer was introduced by designing an adaptive BM that uses 

coefficient-constrained adaptive filters (CCAFs), and a multiple-input canceller (MC) that uses 

norm-constrained adaptive filters (NCAFs) in the lower branch of the GSC beamformer. In the 

BM, the CCAFs act as active noise cancellers, where the output of the FB is the input signal of 

each CCAF and the output of the CCAF is subtracted from the aligned input microphone signals. 
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The CCAF coefficients are adaptively updated using a normalized least mean squares algorithm 

(NLMS) in order to minimize the target leakage at the output of the BM. In the MC, the NCAFs 

remove the components correlated to the BM output from the FB outputs. The NCAF coefficients 

are adaptively updated using NLMS algorithm. The NCAF coefficients are scaled by a restraining 

scalar that prevents the undesired target cancelation in case of the target leakage from the BM.  

The design in [29] has been implemented in the time domain. In [30], a computationally efficient 

design similar to the approach in [29] has been formulated in the frequency domain, which leads 

to reduction in the computational complexity. However, those proposed designs in [29], [30]  are 

based on a detection of high-SNR period, which requires a target voice activity detector (VAD). 

A target VAD is very difficult to design in complex environment with multiple dynamic sources, 

reverberation, and high levels of noise. Moreover, these proposed approaches are more suitable 

for suppressing directional interferers, and their performance significantly degrades under 

isotropic ambient noise.  

In [31], a robust GSC beamformer with enhanced suppression abilities for isotropic ambient 

noise as well as directional interferers has been proposed and formulated in the frequency domain. 

The latter design is similar to the designs in [30] except for adding a sound-source presence 

probability in the BM. The sound-source presence probability measures the probability of the 

target activity at each frequency bin in the output of the FB. Nevertheless, this design still relies 

on VAD.  Another variation of the proposed design in [29] was introduced in [32] as an attempt to  

reduce the target distortion and enhance the computational efficiency.  In [32], the proposed GSC 

design is similar to [29] except for the ANC, where the ANC is replaced by a crosstalk-resistant 

adaptive noise canceller. The crosstalk-resistant adaptive noise canceller is based on two 

adaptation step sizes, which depend on the instantaneous SNR, however such an instantaneous 

SNR estimation is also difficult to achieve in low SNR multi-talker environments. A simple 

modification to the GSC beamformer has been done in [33]. The modification is based on the 

difference (or the ratio) between the energies of the FB output and the BM output. The ANC block 

is enabled when the computed difference (or ratio) is less than a certain threshold value, and 

disabled otherwise. In their work, an all pass filter is used for the FB block, which means that no 

noise suppression is introduced when the ANC is disabled.  
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Several other beamforming designs robust to propagation model estimation errors have been 

introduced in the literature, without the GSC architecture, i.e. without the BM and ANC units.  In 

[27], the performance of the binaural MVDR beamformer is evaluated with target DOA mismatch. 

In addition, the performance of the binaural MVDR and the bilateral MVDR, where there is no 

wireless link between the left and right monaural MVDR, have been compared. The paper shows 

that the binaural MVDR has better noise reduction abilities than the bilateral MVDR in the case 

of no target DOA mismatch. However, the binaural MVDR is more sensitive to the DOA mismatch 

because of the large distance between the left and right microphones. A steerable binaural MVDR 

beamformer with a target DOA estimator is proposed in [27] in order to improve the robustness of 

the binaural MVDR. The target DOA was estimated using a binaural classification-based 

approach, where a set of discriminative Support Vector Machine (SVM) classifiers were used. The 

target DOA estimator has been trained under acoustic scenarios of target speakers (coming from 

different directions) and diffuse noise only (no directional interferers). However, this will lead to 

degradation in the DOA estimator/ classifier performance in the presence of directional interferers.   

Another attempt to enhance the robustness of the MVDR beamformer to propagation model 

estimation errors was introduced by applying a White Noise Gain (WNG) constraint in the MVDR 

design. The MVDR beamformer is sensitive to noise uncorrelated between different sensors, 

leading to noise amplification or WNG. By designing a WNG-constrained MVDR beamformer, 

reduction in the uncorrelated noise amplification is achieved, and at the same time the designed 

beamformer has shown a better robustness under mismatch conditions [34].  However, it is 

difficult to choose good values for the tunable parameters that control the WNG amplifications, to 

achieve a good level of robustness for the microphone mismatches, as the microphones mismatch 

does not have a direct relation with the uncorrelated noise. Moreover, different optimization 

designs which require knowledge of the statistics of the microphone characteristics have been 

evaluated in order to reduce the effect of the mismatch conditions. In particular, designs based on 

minimizing the weighted sum of the distortion energy and the mean noise, or designs based on 

minimizing the mean deviation from the desired directivity pattern. In other words, these 

optimization designs are based on finding the optimal diagonal loading level in order to achieve 

the best robustness.   
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Another approach has been investigated to reduce the effect of the mismatch conditions in the 

MVDR beamforming process. For instance, in [35], a regularization factor, which is based on the 

uncorrelated noise spectrum, has been incorporated to regularize the noise correlation matrix that 

is used to compute the MVDR beamforming coefficients. Moreover, the work in  [36] aims to 

optimize the array configurations to increase the robustness of  the beamforming process to DOA 

mismatch. However, this kind of algorithm is not applicable in hearing aids applications because 

of the small available size and the fixed locations of the microphones.    

Alternative approaches based on the constrained least-squares beamformer have been 

investigated in [37], [38]. A linear constraint for a distortionless target response and a quadratic 

constraint for the white noise gain have been used, leading to a convex optimization problem that 

has been solved using sequential quadratic programming. The resulting designs showed a 

robustness to errors in the array characteristics.  Eigenvector Constraint Minimum Power  (ECMP) 

beamformers [39], [40] were also investigated and developed to have robustness to the mismatch 

conditions. Another recently proposed algorithm is based on sparsely selecting the position of the 

sensors for each frequency bin [41]. However, this approach is not suitable for hearing aids with 

small size and limited number of microphones.  

Unfortunately, the robust designs described in the previous paragraphs assume the availability 

of one or several of the following components, even in complex multi-speaker acoustic scenarios 

with the well-known cocktail party effect: a target VAD, the noise-only correlation matrix, or the 

instantaneous SNR estimation. Other beamformer designs require considering all the possible 

mismatch scenarios for training or for other purposes, which is not applicable for acoustic 

scenarios involving dynamic mixtures of directional interferers coming from different locations 

with different activity patterns. Therefore, there is still a vital need to develop a practical 

beamforming algorithm robust to target DOA mismatch, which is one of the main objectives of 

this work.  

Localizing sound sources in complex acoustic scenarios is one of the problems that some 

hearing-impaired people suffer from.  Several studies have investigated the importance of binaural 

cues for sound source localization and binaural cues processing in the brain [42]. Sound 
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localization is achieved in normal hearing conditions by comparing the sounds arriving at each ear 

(more details on this will be provided later). Therefore, asymmetric or unilateral hearing loss 

reduces spatial hearing abilities. Several clinical studies reviewed in [43] showed the importance 

of the brain and the auditory system plasticity in order to enhance the spatial hearing abilities 

among adults. The auditory system has the ability to adjust itself and adapt to the changes in 

available binaural cues by learning a new relationship between the new modified cues and the 

actual locations of the sources or by changing the cues integration in the brain.  This can be 

achieved by developing training protocols for patients. However, these clinical studies are outside 

the scope of this work.  

The state of the art binaural beamformers, which have described in this section, have been 

designed to preserve the target source signals on both sides, and consequently their binaural cues 

as well. Therefore, a hearing aid user will be able to localize the direction of the target speaker. 

However, the binaural cues of the other sources such as the directional interferers and the diffuse-

like background noise are not well preserved in the binaural output signals after processing. 

Therefore, the hearing aid user will feel that all directional interfering sources as well as the 

diffuse-like background noise are coming from the target speaker’s direction. Changing the 

binaural cues of the directional interferers and the diffuse-like background noise significantly 

affects the spatial impression of the acoustic scene, and it limits the ability for perceptual separation 

of the sources by the hearing aid users. Consequently, several beamforming algorithms have been 

proposed in the literature in order to preserve the binaural cues for all sources in the acoustic scene; 

while at the same time keeping a good level of noise reduction.  

Many of the proposed solutions have been based on the Multichannel Wiener Filter (MWF) 

and its extensions. The works in [44], [45] have been proposed in order to preserve the spatial 

impression of the diffuse-like background as well as the target source components using MWF; 

however, these proposed algorithms cannot preserve the binaural cues for the directional 

interferers. On the other hand, the beamforming algorithms in [46], [47] are capable to preserve 

the binaural cues for a single directional interferer, as well as for the target source, but not for the 

background noise. Preserving the binaural cues for a single interferer can be achieved by 
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modifying the cost function of the MWF to include the Interaural Level Difference (ILD) and the 

Interaural Phase Difference (IPD), or the Interaural Transfer Function (ITF). However, it is 

difficult to estimate the required knowledge of ILD, IPD, or ITF for directional interferers in the 

practical environment.  In order to preserve the binaural cues for both the directional interferers 

and the diffuse-like background noise, the work in [48] suggested to add a small portion of the 

original noise to the processed output, but this directly reduces the noise reduction effectiveness. 

Overall, a major disadvantage of the MWF-based methods is the need for an accurate estimate of 

the second order statistics of the noise-only components, which can be challenging in dynamic 

complex acoustic environments with multiple talkers. Even with a perfect target VAD (which is 

already a big challenge), the limited amount of noise-only samples under non-stationary noise 

conditions can make it challenging to have accurate estimate of the second order noise statistics.   

As part of a binaural GSC beamformer, the Binaural Linear Constrained Minimum Variance 

method (BLCMV) has been introduced and implemented in [49] and a comprehensive theoretical 

analysis has been provided in [50]. The BLCMV was able to achieve a good level of the binaural 

cues preservations for the constrained sources by design, i.e., for the target and some directional 

interferers. In order to enhance the noise reduction abilities for the BLCMV, an optimal BLCMV 

has been proposed in [51]. The binaural cues for one directional interferer only as well as the target 

source can be preserved using the optimal BLCMV. Another variation of the BLCMV has been 

proposed in [52], which is the joint BLCMV. This approach jointly estimates the left and right 

beamformers of the two hearing aids; therefore, the joint BLCMV can preserve the binaural cues 

of more than one directional interferers. However, since a limited number of microphones are 

available in binaural hearing aids, the joint BLCMV will still face a significant degradation in the 

performance when the number of sources increases.  Therefore, a relaxed version of the joint 

BLCMV has been proposed in [53], where the trade-off between the noise reduction and binaural 

cue preservation of the interferers is controlled by using a separate trade-off parameter for each 

interferer.  However, this relaxed algorithm and the other previous variations of the BLCMB all 

require knowledge of the propagation models (steering vectors or Relative Acoustic Transfer 

Functions (RATF)) for the directional interferers as well as for the target source. This limits the 

practical use of these approaches, because the methods will suffer from errors in the assumed 
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propagation models (DOA mismatches for both the target and the interferers).  In [53], a set of 

pre-determined RATFs distributed around the head have been used, where each RATF is playing 

a role for preserving the binaural cues of the interferers coming from certain directions. However, 

since this method uses pre-determined RATFs (or steering vectors), this algorithm will also suffer 

from steering vector mismatch between the true and the pre-determined steering vectors. 

Increasing the number of pre-determined RATFs decreases the effect of the mismatch between the 

true and the pre-determined RATFs, but it also requires a larger number of microphones in order 

to achieve a good performance, which is not possible in hearing aids applications. 

In [54], [55], an algorithm that is based on a common binary decision for the left and right 

beamformer outputs at each Time-Frequency (T-F) bin was proposed. In this algorithm, each T-F 

bin is classified as either a target-dominant class or a noise-dominant class, by using an input 

signal-to-noise ratio (SNR) estimator to control the classification. For T-F bins classified as target-

dominant, the resulting binaural outputs use the binaural beamformer outputs. For the T-F bins 

classified as noise-dominant, the resulting binaural outputs use an attenuated version of the 

reference microphone signals. By default, this classification algorithm cannot be robust in low 

input signal-to-noise ratios environment, as most T-F bins will be classified as noise-dominant, 

resulting in low signal to noise ratio improvement and an attenuated target output. As an attempt 

to enhance the performance of this method, the work in [56] modifies the previous algorithm in a 

way such that the classification mechanism is based on the output SNR instead of the input SNR. 

However, this method requires an estimation of the second order statistics for the noise and the 

target components. 

In some of our previous work [57], an algorithm called the Coherence-based Classification 

and Mixing Binaural Beamforming (CCMBB) has been proposed. In this algorithm, at each T-F 

bin the complex coherence is computed on each side between 1) the output of a binaural 

beamformer with reduced interferers/ noise  [59], and 2) the output of a “common gain” approach 

[60], which preserves the binaural cues with an intermediate level of noise reduction. The common 

gain method applies the same time-varying frequency dependent real-valued gain on the binaural 

signal of each ear, intuitively putting more emphasis on the time-frequency regions where the 
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signal-to-noise ratio is higher. In the CCMBB, separate classification and mixing have been 

performed for the magnitude and the phase of the processed signals.  For the magnitude selection 

and mixing for each T-F bin, when the magnitude of the complex coherence is higher than a 

specific threshold value, this indicates a relatively strong local similarity between the compared 

signals (including normally their level of noise reduction). In such cases, a mixing including a 

significant portion of the magnitude of the signal that better preserves the cues has been used, 

combined with a smaller portion of the beamformer output magnitude.  For the phase selection 

and mixing at each T-F bin, different processing has been applied for the low frequency 

components (<1.5 kHz) and for the high frequency components. For the low frequency 

components (<1.5 kHz), when the phase of the complex coherence is higher than a threshold value, 

it indicates a significant difference between the phases of the compared signals. In this case, the 

phase of the signal with better cues preservation has been used; otherwise, the phase of the signal 

with better noise reduction has been used. For the high frequency components (>1.5 KHz), only 

the phase of the binaural beamformer outputs (with more noise reduction) has been considered, 

since the phase has less effect in binaural cues for frequencies above 1.5 kHz. In this context it is 

worthwhile to mention that some neurological studies have showed that the envelope of the 

amplitude modulated sound can be detected in brain electrical activity. Therefore, Interaural Time 

Difference (ITD) cues can be used for low frequencies by measuring the IPD between the left and 

right signals as we did in our work, and for high frequencies by extracting the time differences of 

the onset of the amplitude envelopes (instead of the time differences of the waveforms within the 

envelopes). The latter measurement is called envelope ITD cue or onset ITD cue. However, several 

psychophysical studies summarized in [81] and [84] have showed that in human spatial hearing 

the IPD is more important than the envelope ITD cue (or onset ITD cue). The envelope ITD cue 

has limited efficacy for broadband acoustic scenarios in normal spatial hearing. The binaural cues 

preservation topic will be revisited in Chapter 6.  

In order to design a beamformer that is capable of extracting the desired signal coming from 

specific directions while attenuating the directional interferers and the diffuse-like background 

noise coming from other directions, an estimation of the target signal DOA and maybe other 

sources DOAs should be available. Therefore, there is a need to develop methods that are capable 
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to estimate source DOAs. Estimation of source DOAs has been extensively researched in the 

literature. Algorithms based on beamforming, estimation of the direct sound relative transfer 

functions (RTF), and machine leaning algorithms have been proposed. In [63], the DOA estimation 

of the target signal in a binaural beamformer has been done using the generalized cross-correlation 

with phase transform (GCC-PHAT) feature proposed in [64]. The squared norm between the GCC-

PHAT and normalized anechoic Head Related Transfer Functions (HRTFs) has been computed 

for each T-F bin. The normalized anechoic HRTF is calculated by taking the ratio of the HRTF of 

the front left microphone and the front right microphone, for different angles. By taking the 

minimum values of the squared norm difference, a narrowband estimation can be achieved. This 

narrowband estimation can be useful when the direction of multiple sources is required, due to the 

sparse TF representation of the directional sources. At the opposite, taking the average of the 

computed squared norm difference across the frequencies provides a broadband DOA estimation. 

The dual delay line approach is another approach used for narrowband DOA estimation. In 

[65], this approach has been implemented in binaural hearing aids with one microphone on each 

side. The input microphone signals from the left and right sides are divided (normalized) by their 

respective HRTFs for specific directions. A cost function is derived by finding the absolute values 

of the difference between the normalized microphone signals. Finally, the HRTF that minimizes 

the cost function is found in order to estimate the DOA direction. In [66], an extension of the 

proposed dual delay line approach in [65] is introduced to achieve a multi delay line approach that 

is suitable for any microphone configuration.   

Another approach has been proposed in [66] in order to estimate the DOA of the desired 

speaker in binaural hearing aids using any number of microphones. This approach is based on 

estimating the direct sound relative transfer functions (RTF) and then compare it with the measured 

HRTFs.  The RTF is estimated at each T-F bin by minimizing the mean square error of the weighed 

subtraction of the input microphone signals.  Therefore, the resulting biased estimates of the direct 

sound RTF depend on the auto-PSD and the cross-PSD of the input microphone signals. In order 

to increase the robustness of this proposed algorithm, a coherent-to-diffuse ratio has been used to 

find frequency dependent weighting factors used to weight the differences between the estimated 
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direct sound RTF and the measured HRTFs, considering that highly coherent sources have a higher 

contribution in the DOA estimation. By finding the direction that minimizes the resulting 

weighting factor, the desired source DOA is estimated.  

In [67], two binaural beamforming algorithms have been proposed in order to localize multiple 

speakers. The first algorithm is beamforming with preservation of the target (target beamforming 

algorithm), while the second algorithm is the null-steering beamforming. The target beamforming 

algorithm is based on a filter and sum beamformer that scans all directions in the azimuth plane, 

searching for a candidate that maximizes the output PSD. In order to find the PSD of the 

beamformer output, a constrained matched-filter based on the normalized HRTFs is used. As an 

attempt to increase the robustness to reverberation, the estimated PSDs of the beamformer outputs 

are divided by the spectral magnitude of the left and right input microphone signals. Taking 

advantage of the spectrally disjoint properties of the speech signal, the direction that maximizes 

the PSD at each frequency bin can be found and the generated results can be aggregated across 

frequencies to find the direction of the speech signals. Alternatively, averaging the PSD across 

frequencies is also possible in order to find the direction of the global maximum, i.e., the direction 

of the active speaker. The second proposed approach using a null-steering beamformer is based on 

cross-channel equalization and a constrained matched filter. The derived cost function in this 

approach is minimized, to localize multiple speech signals in each frame of the received signal.  

Unfortunately, the source DOA detection designs described in the previous paragraphs are not 

always able to cope with complex multi-speaker acoustic scenarios, since some of these systems 

assume free field environments in their designs, or some other systems are designed to estimate 

only one source DOA.  

In this work, we first make contributions in the design of different binaural beamformers 

which are robust to mismatch in the assumed target DOA and propagation model. We then propose 

a modified post-processing method that aims to preserve the binaural cues of all acoustic scene 

components (target, diffuse-like background, directional interferers), with a good tradeoff between 

noise reduction and cues preservations in comparison with the binaural beamformers’ outputs 

without the post-processor. Finally, we design a beamformer-based multi-source DOA detection 
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system. The introduced algorithms do not rely on any impractical assumptions, such as the 

availability of VAD or estimation of second order statistics of noise-only components. An 

additional contribution is also made is the design of target distortion-less and HRTF-aware 

monaural pre-processing ADMA algorithms, to avoid target attenuation for non-frontal targets. 

These contributions are further detailed in the next section. 

1.2 Thesis Objectives and Structure 

This work aims to provide new developments for a practical binaural beamformer with 

improved robustness to errors in the assumed target DOA and propagation model. For example, 

minimal target attenuation will be achieved in a zone of ± 10 degrees around the expected target 

DOA, and a significant interferers/noise attenuation will be achieved outside the target zone, for 

different target directions and for all frequencies. The robust beamformers will have arbitrarily 

steerable beams. Target propagation model mismatch can be generated from imperfect DOA 

estimation schemes, from small head movements of the hearing aid user, and small head 

movements of target speaker. The target distortion/attenuation and the interferers/noise attenuation 

are measured using classical performance metrics, which will be detailed in Chapter 3. The 

resulting performance will be compared with a benchmark beamformer. In addition, this work 

aims to produce robust beamformer outputs with a significant noise reduction and acceptable level 

of preservations for the noise spatial impression. The binaural cues preservations will be achieved 

by combining the robust binaural beamformer with a method preserving binaural cues of the 

directional interfering sources and the diffuse-like background noise using a simplified and 

improved version of our previously proposed Coherence-based Classification and Mixing Binaural 

Beamformer (CCMBB) post-processing method in [57]. Finally, in order to design a beamformer 

that is capable to extract the desired signal coming from specific directions while attenuating the 

directional interferers and the diffuse-like background noise coming from other directions, an 

estimation of the target signal DOA should be available. Therefore, in this work, we aim to design 

a broadband multi-source DOA detection system based on beamformers.  
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To achieve these objectives, this thesis is organized into eight chapters. Detailed information 

on the system notation, a review of the diverse beamforming algorithms used in this work, and a 

description of the different alternatives for microphone configurations used in the beamforming 

designs are provided in Chapter 2. Chapter 3 details the performance metrics that are used in the 

evaluation process and describes the simulation setups. Chapter 4 to Chapter 7 are depicted in 

Figure 1.1. Chapter 4 presents the monaural ADMA pre-processor and our proposed non-frontal 

target distortion-less and HRTF-aware variants. Chapter 5 presents our proposed beamforming 

algorithms robust to errors in the assumed target DOA and propagation model. Chapter 6 describes 

a post processing method that preserves the binaural cues for the noise/ interferers components. 

Chapter 7 presents our proposed beamforming based multi-source DOA detection system. Chapter 

8 concludes the research topics discussed in this thesis and provides some future work.     

Multi-sources DOA 
detection system 

Post processing for 
binaural cues 
preservations 

Binaural  
beamforming 

algorithms robust to 
errors in the estimated 

target DOA

Pre-processing 
using modified 

monaural 
ADMA  

4

7

65

 

Figure 1.1: Thesis contributions 
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1.3 Summary of Contributions 

The main contributions of this work include the following:  

1. The first contribution is in the design of different binaural beamformers with improved 

robustness to target DOA mismatch and target propagation model. Three frequency 

dependent beamforming designs were developed. These designs are the “Robust no GSC”, 

“Robust GSC” and “Robust combination” described in later chapters. These beamforming 

algorithms were achieved by: 

- Designing a binaural beamformer with a wider beam around the estimated target 

direction.  

- Alternatively, for the GSC structure, designing an adaptive null positioning 

algorithm in the blocking matrix, in order to reduce the target leakage.  

Detailed simulation results showed that the proposed beamformers are not only robust to 

target DOA mismatch, but also to another type of mismatch in the source propagation 

model, which is the error or mismatch between the anechoic propagation models used for 

the beamformers designs and the reverberant propagation models used to generate the 

signals at the microphones or beamformer inputs [68]–[71]. 

This has led to the following refereed journal publications, conference publication, and 

patent: 

H. As’ad, M. Bouchard, and H. Kamkar-Parsi, “A Robust Target Linearly Constrained 
Minimum Variance Beamformer With Spatial Cues Preservation for Binaural Hearing 
Aids,” IEEE/ACM Trans. Audio Speech Lang. Process., vol. 27, no. 10, pp. 1549–1563, 
Oct. 2019. 
 
H. As’ad, M. Bouchard, and H. Kamkar-Parsi, “Beamforming Designs Robust to 
Propagation Model Estimation Errors for Binaural Hearing Aids,” IEEE Access, vol. 7, pp. 
114837–114850, July 2019. 
 
H. As’ad, M. Bouchard, and H. Kamkar-Parsi.” Robust Minimum Variance Distortionless 
Response Beamformer based on Target Activity Detection in Binaural Hearing Aid 
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Applications,”  in 2019 IEEE Global Conference on Signal and Information Processing 
(GlobalSIP), Ottawa, Canada, IEEE, Nov. 2019, pp. 1–5. 
 
H. As'ad, M. Bouchard, H. Kamkar-Parsi, “Method for beamforming in a binaural hearing 
aid,” US patent application 16/673045 / European patent application 18215514.3 -1210, 
Nov. 2019. 

 

2. The second contribution is proposing different microphone configurations that make use 

of the availability of four microphones signals but using only one bidirectional binaural 

wireless link between each side. Different microphone configurations are used for the low 

and high frequency components in our robust designs [71].   

 

The publications for this contribution are the same as for the previous contribution. 

 

3. The third contribution is in designing monaural ADMA beamformer using two closely-

spaced microphones, with a distortionless response at arbitrary target directions in the 

frontal hemisphere. The head shadow effect is also considered in the ADMA design, by 

using anechoic Head-Related Transfer Function (HRTF) measurements. The proposed 

designs are achieved by either applying a compensation gain to the outputs of the original 

monaural ADMA with distortionless response at 0 degree, or by directly modifying the 

original ADMA design to have a distortionless response at the assumed target direction 

[72], [73]. 

 

This has led to the following conference paper publication and patent: 

H. As’ad, M. Bouchard, and H. Kamkar-Parsi.” Adaptive Differential Microphone Array 
With Distortionless Response at Arbitrary Directions for Hearing Aid Applications,” in 
2018 IEEE Global Conference on Signal and Information Processing (GlobalSIP), 
Anaheim, California, USA, Nov. 2018, pp. 211–215. 
 
H. As'ad, M. Bouchard, H. Kamkar-Parsi, “Method for enhancing signal directionality in 
a hearing instrument,” US patent application 2019394580A1 Dec.2019 / Chinese patent 
application 110636423A Dec. 2019 / European patent application EP 3588979B1 
Sept.2020 (granted).   
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4. The fourth contribution is the improvement of the previously proposed Coherence-based 

Classification and Mixing Binaural Beamformer (CCMBB), which aims to preserve the 

binaural cues of all components in the acoustic scenario, with a significant noise reduction 

level. An analytical derivation and explanations of the proposed solution are provided. An 

integration between the CCMBB and the proposed binaural beamformers robust to target 

DOA mismatch is achieved in order to combine their desirable features [68], [74]–[77].  

This has led to the previously listed journal paper: 

H. As’ad, M. Bouchard, and H. Kamkar-Parsi, “A Robust Target Linearly Constrained 
Minimum Variance Beamformer With Spatial Cues Preservation for Binaural Hearing 
Aids,” IEEE/ACM Trans. Audio Speech Lang. Process., vol. 27, no. 10, pp. 1549–1563, 
Oct. 2019. 

as well as to the following conference paper publications and patents: 

 
H. As’ad, M. Bouchard, and H. Kamkar-Parsi. “Binaural Beamforming with Spatial Cues 
Preservation for Hearing Aids in Real-Life Complex Acoustic Environments,” in Asia-
Pacific Signal and Information Processing Association Annual Summit and Conference 
(APSIPA ASC), Kuala Lumpur, Malaysia, IEEE, Dec. 2017, pp. 1390–1399. 
 
H. As’ad, M. Bouchard, and H. Kamkar-Parsi. “Perceptually Motivated Binaural 
Beamforming with Cues Preservation for Hearing Aids,” in 2016 IEEE Canadian 
Conference on Electrical and Computer Engineering (CCECE), Vancouver, Canada, 
IEEE, May 2016, pp. 1–5.  
 
H. As'ad, M. Bouchard, H. Kamkar-Parsi, H. Puder, E. Fischer, “Method for operating a 
binaural hearing system,” EP3148217 B1 (granted), January 2019. 
 
H. As'ad, M. Bouchard, H. Kamkar-Parsi, “Method for improving the spatial hearing 
perception of a binaural hearing aid,” US patent application 16/673048 / European patent 
application 18215540.8 -1210, Nov. 2019. 
 

 

5. The fifth contribution is the design of a broadband multi-source DOA detection system 

using adaptive beamformers with a front hemisphere source canceling approach, where the 
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directions of front hemisphere sources are estimated from online computations of the 

beampatterns produced by the beamformers. 

The publications for this last contribution have not been submitted yet (pending approval 

from the industry partner). 
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Chapter 2  Overview of Directional Beamforming 
Algorithms and their Different Microphone Configurations 

in Hearing Aid Applications  

2.1 Signal Model and System Formulation 

The system notation in this document will be for the binaural hearing aids with two 

microphone arrays of two microphones at each ear (i.e. four microphones in total) and bidirectional 

binaural wireless links between them. Noisy and reverberant environments will be considered.  

Filter bank decomposition has been used in order to have signals in the Time-Frequency (T-F) 

domain (or time–subband domain). The input noisy microphone signals in the Time-Frequency 

(T-F) domain can be written as in eq.(2.1), where two microphone signals are transmitted from 

one side to the other side through the binaural wireless links.  

, , ,( , ) ( , ) ( , ) ( , ),     1, 2,3, 4m in m in m in my f t x f t v f t n f t m= + + =   (2.1) 

where,    

,in mx  : is the target speech components at the mth microphone. 

,in mv : is the sum of directional interference components at the mth microphone 

,in mn : is the background noise components (diffuse-like noise) at the mth microphone. 

f : is the frequency index (or center frequency of a subband) 

t : is the time frame index. 

m: is the microphone index; 1 is for the front left (FL) microphone, 2 is for the front right (FR) 

microphone, 3 is for the rear left (RL) microphone, and 4 is for the rear right (RR) microphone.  
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In this work, sensor noise (white noise, spatially uncorrelated noise) has not been considered 

explicitly in the design equations, although performance metrics such as the white noise gain can 

be computed to evaluate the performance of the algorithms in the presence of sensor noise. By 

stacking the input microphones’ signals in M-dimensional vectors, where M is the number of the 

available microphones signals (i.e. M=4 in this work), the vectorized form of the input signals for 

the left and right microphones can be written as eq. (2.2). 

( , ) ( , ) ( , ) ( , )f t f t f t f t= + +y x v n    (2.2) 

where, 1 2 3 4( , ) [ ( , ), ( , ), ( , ), ( , )]Tf t y f t y f t y f t y f t=y     

,1 ,2 ,3 ,4( , ) [ ( , ), ( , ), ( , ), ( , )]T
in in in inf t x f t x f t x f t x f t=x  

,1 ,2 ,3 ,4( , ) [ ( , ), ( , ), ( , ), ( , )]T
in in in inf t v f t v f t v f t v f t=v  

,1 ,2 ,3 ,4( , ) [ ( , ), ( , ), ( , ), ( , )]T
in in in inf t n f t n f t n f t n f t=n  

Assuming that xs  is the target source signal in the far field plane coming from angle sθ , the 

desired target components at the four available microphones can be written in term of the steering 

vector ( , )f θd  as in eq. (2.3). 

( , ) ( , ) ( , )s xf t f s f tθ=x d   (2.3) 

The steering vector ( , )sf θd  is also known as the target directivity vector, which is the 

frequency response between the far field target point source and each microphone. This directivity 

vector includes the head shadow effect in hearing aids beamforming. Therefore, it includes the 

Head-Related Transfer Functions (HRTF).   

In beamforming calculations, either the FL or the FR microphone will be used as a reference 

channel, depending on which side is considered for beamforming (both sides are performing 

beamforming in parallel). Therefore, the target signal at the reference microphone can also be 

defined as in eq.(2.4): 
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( , ) ( , ) ( , )ref ref s xx f t d f s f tθ=                          (2.4). 

( , )refx f t  is the target signal at the reference microphone. If the reference microphone is the FL, 

then ,1( , ) ( , )ref inx f t x f t= . If the reference microphone is the FR, then ,2( , ) ( , )ref inx f t x f t= . 

( , )ref sd f θ  is the target directivity vector at the reference microphone (or the HRTF considering 

the head shadow effect). If the reference microphone is the FL, then 1( , ) ( , )ref s sd f d fθ θ= . If the 

reference microphone is the FR, then 2( , ) ( , )ref s sd f d fθ θ= . 

The correlation matrix for the desired target components can be defined as in eq. (2.5): 

*

2

( , ) { ( , ) ( , )} { ( , ) ( , ) ( , ) ( , )}
( , ) ( , ) {| s ( , ) | }

H H
x s x s x

H
s s x

f t E f t f t E f s f t f s f t
f f E f t

θ θ
θ θ

= =

=

R x x d d
d d

  (2.5). 

The superscript H refers to “Hermitian” which is the complex conjugate transpose, and the 
superscript * refers to the complex conjugate.   

Similarly, the correlation matrices of the sum of the directional interference components, and 

the background noise components, respectively, can be defined as in eq.(2.6) and eq.(2.7). 

( , ) { ( , ) ( , )}H
v f t E f t f t=R v v   (2.6) 

( , ) { ( , ) ( , )}H
n f t E f t f t=R n n   (2.7) 

The input signals correlation matrix can be written as in eq.(2.8), assuming that the target 

components, the sum of directional interference components, and the background noise 

components are uncorrelated,  

( , ) ( , ) ( , ) ( , )y x v nf t f t f t f t= + +R R R R            (2.8) 

In equations (2.9) and (2.10) below, we perform the design of two binaural beamformers. The 

first binaural beamformer on the left side attempts to extract the target signal as received at a FL 
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microphone (i.e., using the front left microphone as a reference), in order to generate a left 

beamformer output. The second binaural beamformer on the right side attempts to extract the target 

signal as received at a FR microphone (i.e., using the front right microphone as a reference), which 

generates the right beamformer output. The left and right beamformers outputs, respectively, are 

as in eq. (2.9) and eq.(2.10): 

, , ,( , ) ( , ) ( , ) ( , ) ( , ) ( , )H
l l out l out l out lz f t f t f t x f t v f t v f t= = + +w y        (2.9) 

, , ,( , ) ( , ) ( , ) ( , ) ( , ) ( , )H
r r out r out r out rz f t f t f t x f t v f t v f t= = + +w y  (2.10) 

where, 

( , ), ( , )l rz f t z f t : are the left and right beamformers outputs when the reference microphone is the 
FL microphone and the FR microphone, respectively.  

,l rw w : are the beamformer coefficients when the reference microphone is the FL microphone and 
the FR microphone, respectively. The dimension is 1M × . 

2.2 Basics of Minimum Variance Distortion Response (MVDR) 
Design   

As mentioned previously, the Minimum Variance Distortion Response (MVDR) beamformer 

is based on a constrained minimization of the interference and background noise output power, 

where the response of the beamformer in the direction of the target signal is constrained to be equal 

to the desired signal at the reference microphone [78], [79]. Therefore, the constrained 

minimization problem can be written as in eq. (2.11). 

min ( , )( ( , ) ( , )) ( , )     subject to   ( , ) ( , ) 1H H
v n sf t f t f t f t f t f θ+ =

W
w R R w w d   (2.11) 

To solve the constrained minimization problem in eq.(2.11), a Lagrangian cost function is defined 

as in eq.(2.12). 
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L( ( , ), ( , )) = ( , )( ( , ) ( , )) ( , ) ( ( , ) ( , ) 1)H H H
v n sf t f t f t f t f t f t f t fλ θ+ + −w w w R R w w d  (2.12) 

By taking the gradient of L( ( , ), ( , )) Hf t f tw w  with respect to Hw and making the gradient equal 

to zero (using Wirtinger’s calculus [80]), the beamforming coefficients will be as in eq.(2.14) : 

( ( , ), ( , )) ( ( , ) ( , )) ( , ) ( , )v n sL f t f t f t f t f t fλ θ∇ = + +w w R R w d  (2.13) 

1( , ) ( ( , ) ( , )) ( , )v n sf t f t f t fλ θ−= − +w R R d        (2.14). 

Substituting eq.(2.14) into the constraint equation in eq.(2.11) leads to eq.(2.16); 

1( ( ( , ) ( , )) ( , )) ( , ) 1H
v n s sf t f t f fλ θ θ−− + =R R d d   (2.15) 

Then;  

1 1( ( , ) ( ( , ) ( , )) ( , ))H
s v n sf f t f t fλ θ θ− −= +d R R d    (2.16) 

Finally, substituting eq.(2.16) into eq.(2.14), the beamforming solution can be written as in 
eq.(2.17): 

1

1
( ( , ) ( , )) ( , )( , )

( , )( ( , ) ( , )) ( , )
v n S

H
S v n S

f t f t ff t
f f t f t f

θ
θ θ

−

−

+=
+

R R dw
d R R d

    (2.17). 

In practice, to avoid ill-conditioning in the inversion, a regularization factor µI is normally used. 

Consequently, the derived MVDR coefficient would be written as in eq.(2.18): 

1

1

( ( , ) ( , ) ) ( , )( , )
( , )( ( , ) ( , ) ) ( , )

v n S
H

S v n S

f t f t ff t
f f t f t f

μ θ
θ μ θ

−

−

+ +=
+ +

R R I dw
d R R I d

   (2.18). 

Either the FL or the FR microphone can be used as a reference microphone for the MVDR 

beamformer. Therefore, in eq.(2.18), if the FL microphone has been used as a reference 

microphone, then ( , ) ( , )lf t f t=w w . If the FR microphone has been used as a reference 

microphone, then ( , ) ( , )rf t f t=w w . The derived MVDR beamformer in this subsection is 

applicable regardless of the geometry of the microphones, or the number of the microphones.  
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The previously derived MVDR beamformer with the constraint ( , ) ( , ) 1H
sf t f θ =w d , which 

we will refer to as the “classic” MVDR, preserves the level and the phase of the far field target 

components at the beamformer output as shown in eq.(2.19): 

( , ) ( , ) ( , ) ( , ) ( , ) ( , ) ( , )H H
out s x xx f t f t f t f t f s f t s f tθ= = =w x w d  (2.19). 

However, in practical cases the aim is to keep the level and phase of target components at the 

output of the beamformer to be the same as the level and the phase of the target components at the 

reference microphone ( , ) ( , )out refx f t x f t= , i.e., if the FL microphone is the reference then 

, ,( , ) ( , )out l ref lx f t x f t= . Therefore, a different constraint should be used as in eq.(2.20): 

( , ) ( , ) ( , )H
s ref sf t f d fθ θ=w d   (2.20). 

By using the constraint in eq.(2.20) instead of the constraint in eq.(2.11), the coefficients of 

the “classic” MVDR beamformer should be multiplied by the reference microphone directivity 

vector at the constraint direction (or the target direction for this case) ( , )ref sd f θ . This scaling for 

to the “classic” MVDR coefficients leads to the “normalized” MVDR coefficients. An alternative 

solution can also be used by independently normalizing the directivity vector ( , )f θd  at different 

directions to the reference microphone level for each constraint directions. For instance, in the 

“classic” MVDR beamformer, since only one constraint is used, the directivity vector ( , )f θd  is 

normalized by the directivity component of the reference microphone at the target direction 

( , )ref sd f θ  before computing the MVDR solution, so that the resulting ( , )ref sd f θ  in eq.(2.20) 

would be 1.0 after normalization.  

As mentioned previously, two binaural beamformers, i.e., one beamformer on each side, are 

used in binaural hearing aids. Depending on the bidirectional binaural wireless links, each binaural 

beamformer may have access to the four available microphone signals. However, each binaural 

beamformer uses the local front microphone as a reference (e.g. either the FL or the FR 

microphones). Therefore, the constraint used for the left binaural beamformer is 
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,( , ) ( , ) ( , )H
l s ref l sf t f d fθ θ=w d , and the constraint used for the right binaural beamformer is 

,( , ) ( , ) ( , )H
r s ref r sf t f d fθ θ=w d . 

The noisy signal correlation matrix ( , )y f tR  can be used instead of the correlation matrices 

for the noise components ( , )v f tR  and ( , )n f tR , as long as the desired response keeps the same 

constraint to find the beamformer coefficients ( , )l f tw  and ( , )r f tw . For hearing aid applications, 

this practical suggestion avoids the need to compute the second order statistics of the “interference 

plus noise” components, which requires a sophisticated intelligent online target-VAD system. 

Therefore, the use of the noisy signal correlation matrix ( , )y f tR  can be attractive. On the other 

hand, using the noisy correlation matrix increases the sensitivity to the mismatch between the 

estimated target directivity vector ( , )sf θd  used in the MVDR design, and the actual directivity 

vector corresponding to the processed data [81]. 

2.2.1 Fixed MVDR Design   

A fixed MVDR beamformer typically uses the correlation matrix of the diffuse-like noise 

components only, or alternatively the correlation matrix corresponding to spatially uncorrelated 

white noise (sensor noise). In this work we will assume the former. This is different from using 

the correlation matrices of all the acoustic noise components, i.e., directional interferers and 

diffuse-like background noise, or using the correlation matrix of the noisy signal as discussed 

previously. In free field, a diffuse noise correlation matrix can be calculated using theoretical free 

field propagation models. For the case of binaural hearing aids, the diffuse noise correlation matrix 

can be computed with measured HRTFs. The measured HRTFs should match both the individual 

response of each user, and the acoustic propagation of each environment. Neither of these is 

possible in practice, and as an approximation anechoic (dry) HRTFs measured on a dummy 

head/manikin are used.  The anechoic (dry)  HRTFs from 0 degree to 355 degrees, with 5 degrees 

resolution as in [60] are used to find the diffuse noise correlation matrix. Equation (2.21) shows 

the computation of the diffuse noise correlation matrix ( , )n f tR  using the 72 dry anechoic HRTFs 

from 0 degree and 355 degrees (i.e. N= 72). 
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1

1( ) ( , ) ( , )
N

H
n n n

n
f f f

N
θ θ

=

= R d d           (2.21) 

In this work, the monaural version of the fixed MVDR will be used.  Therefore, the left side 

and right side diffuse noise correlation matrix , ( )n l fR  and , ( )n r fR  will be computed as the 

following:  

.
1

1( ) ( , ) ( , )
N

H
n l l n l n

n
f f f

N
θ θ

=

= R d d           (2.22) 

,
1

1( ) ( , ) ( , )
N

H
n r r n r n

n
f f f

N
θ θ

=

= R d d           (2.23) 

where, ( , )l nf θd  is the dry HRTF (non-normalized) for the front left (FL) and rear left (FL) 

microphones, and ( , )r nf θd  is the dry HRTF (non-normalized) for the front right (FR) and rear 

right (RR) microphones. The coefficients for the left and right fixed MVDR will be computed as 

in eq.(2.24) and eq.(2.25), respectively, where normalized versions of ( , )l Sf θd  and ( , )r Sf θd  are 

used (i.e. normalized by , ( , )ref l sd f θ  and , ( , )ref r sd f θ , respectively).  

1
,

1
,

( ( , ) ) ( , )
( , )

( , )( ( , ) ) ( , )
n l l S

l H
l S n l l S

f t f
f t

f f t f
μ θ

θ μ θ

−

−

+
=

+
R I d

w
d R I d

  (2.24) 

1
,

1
,

( ( , ) ) ( , )
( , )

( , )( ( , ) ) ( , )
n r r S

r H
r S n r r S

f t f
f t

f f t f
μ θ

θ μ θ

−

−

+
=

+
R I d

w
d R I d

  (2.25) 
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2.3 Basics of Linearly Constrained Minimum Variance (LCMV) 
Design   

In [21], the Linearly Constrained Minimum Variance (LCMV) beamformer was introduced. 

The LCMV is a general form of the MVDR beamformer, where both of these beamformers can be 

based on the constrained minimization of the beamformer output power or the constrained 

minimization of the interference and background noise output power. However, the LCMV has 

been derived under multiple linear constraints, including a unity constraint for the target signal as 

in the MVDR. Using multiple constraints at different directions in the LCMV, a more controllable 

beampattern can be achieved, leading to either wider beampatterns in the desired direction, as we 

will show in this work,  or better suppression for certain interferers at specific constraint directions, 

e.g., using null constraints. To derive the LCMV, the problem in eq.(2.11) can be generalized as 

in eq.(2.26). For simplicity the f and t index will be omitted here.  

1 1min ( )     subject to   CH H
v n r M M r× × ×+ =

w
w R R w w g  (2.26) 

where C is a matrix including the directivity vector of each constraint direction and g is a vector 

including the conjugate of the desired gains for each constraint direction. r is the number of 

constraints and M is the number of microphones, e.g. M = 4 in this work. Using the complex 

Lagrangian multiplier to solve eq. (2.26) as in equations (2.12) to (2.18) we obtain: 

( ) 11 1( ) ( )          H
v n v nμ μ

−− −= + + + +w R R I C C R R I C g   (2.27). 

In the case of binaural beamformer coefficients, (2.27) would be computed separately for lw  
and rw  as in equations (2.28) and (2.29) 

( ) 11 1( ) ( )          H
l v n l l v n l lμ μ

−− −= + + + +w R R I C C R R I C g   (2.28) 

( ) 11 1( ) ( )H
r v n r r v n r rμ μ

−− −= + + + +w R R I C C R R I C g    (2.29) 
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As in the MVDR, the noisy correlation matrix yR  can used instead of the sum of the noise 

components correlation matrices vR  and nR . The noisy correlation matrix yR  can be adaptively 

estimated. The LCMV with r constraints has M - r adaptive nulls, with up to M -1 constraints. In 

the case of 1r = , the LCMV will be equivalent to the MVDR.   

As it was previously mentioned, in a practical scenario, the beamformer should aim to have 

the level and phase of the target components at the output of the beamformer to be the same as the 

target components at the reference microphone. This can be achieved by normalizing the steering 

vector to the reference microphone steering vector component for each constraint direction 

(MVDR or LCMV). A more detailed analysis of the effect of normalizing the steering vectors in 

the beamforming design is illustrated in Appendix A. 

2.4 Basics of Constraint-based Design   

The constraint-based design is similar to the LCMV but without a minimization aspect, i.e., 

with only the constraints. The main advantage of the constraint-based design over the LCMV is 

that in the constraint-only design M constraints can be used while in the LCMV the maximum 

number of the constraints is M-1 constraints, where M  is the number of microphones. Based on 

the constraint condition for the optimization problem of the LCMV design (eq.(2.30)), the 

constraint-based design is derived as the following:  

1 1 CH
r M M r× × ×=w g    (2.30). 

For the general case r M≠ ,  a pseudo-inverse solution based on singular value decomposition 

can be found for the underdetermined case r M< , and a least-squares solution can be found for the 

overdetermined case r M> . In this work, we want to have an exact solution for each constraint 

and a maximum number of such exact constraints, so the case r M=  is used, with the simple 

solution in eq.(2.31): 

1 1
1( )H

M r M r× ×
−

×=w C g    (2.31). 
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As it was mentioned previously, the main advantage of the constraint-based design over the 

LCMV is the ability to use one additional constraint, equal to the number of available microphone 

signals. This can lead to better controllable beampatterns. However, since the constraint-based 

design does not minimize the output power or the output noise power of the beamformer, as there 

is no correlation matrix included in the design, it may lead to lower noise reduction capability, 

especially for diffuse-like noise.  

2.5 Basics of Generalized-Side Lobe Canceller (GSC) Design  

Left front mic.

Fixed
Beamformer

Left rear mic.
Right front mic.
Right rear mic.

Right Output 

Blocking 
matrix ANC

+

-
+

 

Figure 2.1: Generalized-Side Lobe Canceller (GSC) for right side.  

The Generalized-Side Lobe Canceller (GSC) proposed in [23] is a widely used beamformer. 

The work in [24] has showed that the GSC is equivalent to the LCMV, or equivalent to the MVDR 

in case of single constraint on the target direction. The resulting structure of the GSC beamformer, 

which is shown in Figure 2.1, consists of three parts; Fixed Beamformer (FB), Blocking Matrix 

(BM), and Adaptive Noise Canceller (ANC). Figure 2.1 represents the GSC beamformer using 

two microphones from each side of the head, e.g., M=4; however, other microphone configuration 

could be used in the GSC beamformer. More details about the microphone configurations will be 

provided later in this chapter. 

The upper branch in Figure 2.1 has the FB. Many beamforming alternatives can be used in the 

FB part. In [23], a beamformer similar to a traditional delay-and-sum beamformer was used. We 

follow a similar approach in our work, but using the target acoustic transfer function ratios for the 

different microphones, to ensure that the target components from each microphone are coherently 
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combined.  In other words, microphone input signals are multiplied by equalization coefficients, 

resulting with the target components in each microphone having the same amplitude and phase in 

the frequency domain, i.e., they are aligned and normalized in time. The equalization coefficients 

are the ratios of the HRTF (or acoustic head related transfer function) at the reference microphone 

to the HRTF response at the mth microphone, in the target direction. The FB then simply becomes 

a sum or an average of the equalized microphone signals. 

The lower branch in Figure 2.1 includes the BM, which aims to null the content in the target 

direction and estimate the noise components. Different beamforming alternatives can be used in 

the BM part. However, in [23], the BM is coherently subtracting the equalized target components 

in M-1 pairs of microphones (each pair including the reference microphone). As a result, M-1 

linearly independent estimates of the noise components, i.e., noise references, are produced.  Using 

the target equalized signals as in the FB, the BM becomes a simple pairwise subtraction of the 

equalized signals.  

The ANC unit is found in the lower branch of the GSC as shown in Figure 2.1. The ANC uses 

the fixed beamformer output as a desired signal and the blocking matrix outputs as the input or 

reference signals. The ANC is an adaptive filtering system used to minimize the remaining noise 

and interferer components at the output of the fixed beamformer, using the noise and interference 

components in the blocking matrix outputs which are correlated to the fixed beamformer output.  

The ANC coefficients can be adaptively updated using the Least Mean Square (LMS) algorithm, 

or using other adaptive filtering algorithms. Therefore, the ANC can also be used for non-

stationary acoustic scenarios. On the other hand, a non-adaptive version of the ANC (we will refer 

to it as NC) can also be used in the case of non-moving speakers. A Wiener solution or a least-

squares solution can also be used as basis to the NC design.  In practice, the GSC beamformer can 

generate a target distortion. This target distortion is mainly because of the target leakage in the 

BM, i.e., when the BM output does not only contain noise components but also some target 

component. This makes the ANC remove the correlated target components from the FB output.  

Therefore, there is a necessity to reduce the target leakage from the BM in order to enhance the 

robustness of the GSC beamformer.  
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2.6. Overview of Different Microphone Configurations for the 
Beamformer Designs in Hearing Aid Applications 

In this work, the data has been collected from Behind-The-Ear hearing aid (BTE) units with 

two microphones. Two monaural BTE hearing aids are used; one unit on each ear.  Figure 2.2 

shows a bilateral BTE hearing aid, with no wireless connection between the left monaural BTE 

hearing aid and the right monaural BTE hearing aid. In this work, we will refer to this configuration 

as “2+0 microphone configuration”, because each hearing aid unit uses the signal from 2 local 

microphones, and no signal from the remote microphones on the other side.   

Monaural pre-processing, left side

Monaural pre-processing, right side

Beamformer
Left front mic.
Left rear mic.

Beamformer
Right front mic.
Right rear mic.

Right side  
output

Left side  
output

 

Figure 2.2: 2+0 microphone configuration. 

In order to attain better noise reduction by using the four available microphones (the two left 

microphones and the two right microphones) and the availability of the binaural wireless links, 

different possible microphone configurations for binaural BTE hearing aids have been introduced. 

The binaural BTE hearing aid can have one or two binaural wireless link to transmit one or two 

signals from one side to the other side. Ideal wireless links are assumed in this work; however, in 

practice, a non-ideal wireless link would have jitter, delay and possibly packet loss. In this section, 

we will introduce and discuss setups with one or two wireless links; however, lower cost (low 

bandwidth) alternatives with just one binaural wireless link will be used in simulation and testing.  

 Direct access to the four microphones signals can be achieved as Figure 2.3 illustrates.  We 

will refer to the microphone configuration in Figure 2.3 as the “2+2 microphone configuration”, 
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because each unit uses 2 local microphone signals and 2 remote microphone signals received from 

the binaural wireless links. Since this design requires each side to transmit two signals to the other 

side through binaural wireless links, this design is considered as a high bandwidth and high power 

consumption system.  

Left front mic.
Left rear mic.

Beamformer

Beamformer

LR
LF

RF
RR

RR
RF

LF
LR

Left side 
binaural output

Right front mic.
Right rear mic. Right side 

binaural output

 

Figure 2.3: The 2+2 microphone configuration with two wireless connections. 

 

Therefore, to have a lower cost design with less power consumption and less bandwidth 

requirement, a design such as the one in Figure 2.4 has been introduced, where only one signal is 

transmitted from one side to the other side [57]. In this work, we will refer to this microphone 

configuration as the “2+1 microphone configuration”. On each side, the binaural beamformer of 

this microphone configuration has access to the signals from the two local microphones and to the 

signal received through the wireless link from the remote side. Therefore, the binaural beamformer 

only uses the information from three microphones instead of four microphone (e.g. discarding the 

rear microphone on the remote side), which in principle may lead to degradation in the 

performance (less degrees of freedom in beamformer design). 
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Figure 2.4: 2+1 microphone configuration. 

 

In order to take advantage of the availability of four microphones, the “2+1 with one pre-

processed input” microphone configuration is introduced and used as in [57]. In this microphone 

configuration, a monaural pre-processing beamforming is performed on each side before the 

wireless transmission and before the binaural processing. The binaural beamformer on each side 

then uses the two unprocessed local microphone signals in addition to the pre-processed signal 

received from the wireless link; the resulting microphone configuration with one binaural wireless 

link is shown in Figure 2.5. As our previous work in [57] has shown, this microphone configuration 

performs better than the configuration in Figure 2.4 in terms of noise reduction, as it uses the 

information from all accessible microphones by taking the advantage of the monaural pre-

processors.  
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Figure 2.5: “2+1 with one pre-processed input” microphone configuration.  

In order to maximize the benefit of the monaural pre-processing outputs in the binaural 

beamformer design, in this work we introduce the microphone configuration in Figure 2.6. We 

will refer to this microphone configuration as “2+1 with two pre-processed inputs” microphone 

configuration. This microphone configuration uses the pre-processed signals from both sides (local 

and remote) and combines these signals with the second local “raw” microphone signal (rear 

microphone, unprocessed). In principle, this microphone configuration can lead to higher noise 

reduction than the microphone configuration in Figure 2.5 since it uses two pre-processed signals 

instead of one. However, the resulting microphone configuration in Figure 2.6 has in one of its 

input signals some of the interferers and background noise signal components that have already 

been removed by the pre-processor. In some frequency bands, these additional noise/interferers 

components in the 3rd input signal prevent the binaural beamformer from focusing on removing 

the noise components that remain in the pre-processor outputs, leading to less noise reduction.  
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Figure 2.6: “2+1 with two pre-processed inputs” microphone configuration.  

 

Finally, another configuration that needs only one wireless link and takes the advantage of the 

four microphones is shown in Figure 2.7. In this configuration, the binaural beamformer on each 

side uses the local monaurally pre-processed signal in addition to the pre-processed signal received 

through the wireless link from the remote side. We will refer to the resulting microphone 

configuration as “1+1 with two pre-processed inputs” microphone configuration. This microphone 

configuration often leads to better noise reduction, as this configuration uses only the two pre-

processed signal, without any unprocessed “raw” noisy input signal (unlike the configurations in 

Figure 2.5 and Figure 2.6). However, since the binaural beamformer in Figure 2.7 has only two 

input signals, a lower number of constraints can be used in the binaural beamformer (e.g. one 

constraint in the MVDR and two constraints in the Constraint-only beamformer). This decrease in 

the number of constraints leads to a binaural beamformer with less controllable or sometimes too 

narrow beampattern which is not robust to the target DOA mismatch, as we will discuss in detail 

later.     
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Figure 2.7: “1+1 with two pre-processed inputs” microphone configuration. 

 

In this work, the “2+1 with two pre-processed inputs” microphone configuration (Figure 

2.6) and the “1+1 with two pre-processed inputs” microphone configuration (Figure 2.7) will 

be used and tested in detail, in addition to the 2+0 microphone configuration.  
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Chapter 3  Performance Measurements and Simulation 
Setups 

Several objective performance measurements will be used to evaluate the performance of the 

proposed algorithms. Some informal listening tests have been used as well to validate some 

conclusions from the objective metrics. Two categories of performance metrics have been used. 

The first category is the classical performance metrics that address the capabilities of the proposed 

algorithms to generate outputs with reduced noise and low target distortion. The second category 

addresses the capabilities of the proposed algorithms to preserve the binaural cues of the different 

components of the acoustic scene.   

3.1 Classical Performance Metrics 

3.1.1 Beampattern 

The beampattern is the response of the designed beamformer, which provides a complete 

characteristic of the array’s output behavior for a given frequency. Three major components in the 

beampatterns are the main lobe, the side lobes and the nulls. The main lobe classically has a unity 

gain at a specific direction that allows the desired signal to pass without attenuation. The side lobes 

have small gains that attenuate the sources coming from their directions. Finally, the null provides 

a significant attenuation for the signals coming from their directions, i.e., the attenuation depends 

on the depth of the null. 

The beampattern BP  is measured by taking the squared magnitude response of a signal 

from a single arbitrary direction iθ . It is computed as in eq.(3.1): 

2( , ) | ( ) ( , ) |H
i iBP f f fθ θ= w d          (3.1) 

 
where, w is the beamformer coefficients and ( , )if θd  is the steering vector (or the HRTFs) for 
the microphones signals from arbitrary direction iθ .  
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3.1.2 Signal to Noise Ratio Gain (SNR-gain) 

The Signal to Noise Ratio gain (SNR-gain, or array gain) is a frequency dependent metric that 

measures the noise reduction provided by a beamformer design.  The SNR-gain is the difference 

(in dB) between the SNR-output and the SNR-input. The SNR-input is computed as in eq.(3.2), by 

taking the ratio of the auto power spectrum density (auto-PSD) of the target components ,xref xrefΓ  

over the auto-PSD of the sum of the directional interferers and the diffuse-like background noise 

components ( ),( )vref nref vref nref+ +Γ  at the reference microphone signal, i.e., the front left or the front 

right microphone.  

,

( ),( )

( ) 10 log( )xref xref
input

vref nref vref nref

SNR dB
+ +

Γ
=

Γ
            (3.2) 

The SNR-output is computed by taking the ratio of the auto-PSD of the target components at 

the output of the beamformer ,xout xoutΓ  over the power of the sum of the directional interferers and 

the diffuse-like components at the output of the beamformer ( ),( )vout nout vout nout+ +Γ  as in eq. (3.3): 

,

( ),( )

( ) 10 log( )xout xout
output

vout nout vout nout

SNR dB
+ +

Γ
=

Γ
     (3.3) 

( ) ( ) ( )gain output inputSNR dB SNR dB SNR dB= −    (3.4) 

The SNR-gain, SNR-input, and SNR-output are in dB.  In the case of binaural outputs, two SNR-

gains are computed; one for the left side and one for the right side.  In this work, the power 

spectrum densities are computed using a Welch method with a Hamming window of size 2048 

with 50% overlap and an FFTs of size 4096, with a sampling rate of 24 kHz. These specifications 

have been used for all measurements. An average or broadband SNR gain value can be computed 

by replacing the auto-PSDs in eq.(3.2) and eq.(3.4) with time domain power measurements.  
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3.1.3 Signal to Distortion Ratio (SDR) 

The Signal to Distortion Ratio (SDR) is a frequency dependent metric that provides 

information about the target distortion generated by a beamformer design, by comparing the target 

components at the beamformer output and the reference microphone signal.  To compute the SDR, 

the time domain difference between the time aligned target components at the beamformer output 

and the reference microphones is computed as in eq.(3.5) to find a target distortion error signal 

distx . 

( ) ( ) ( )dist out refx t x t x t= −               (3.5) 

Then, SDR is computed by taking the auto-PSD of the target distortion error signal ,dist distx xΓ . 

After that, using the auto-PSD of the target component at the reference microphone, the SDR is 

measured in dB with eq.(3.6):  

,

,

( ) 10 log( )xref xref

xdist xdist

SDR dB
Γ

=
Γ

           (3.6) 

As for the SNR-gain, in case of binaural outputs, two SDRs are also calculated; one 

measurement for each side, i.e., the left and right sides. An average or broadband SDR value can 

be computed by replacing the auto-PSDs in eq.(3.6) with time domain power measurements 

3.1.4 Speech Distortion Magnitude-only (SDmag) 

The speech target spectral distortion SDmag is another frequency dependent measurement that 

gives us information about the target distortion generated by the beamforming process. This metric 

measures only the magnitude of the target distortion by computing the absolute distance between 

the auto-PSD of the target signal component at the reference microphone (in dB) and the auto-

PSD of the target signal component in the output (in dB) as in eq.(3.7): 

, ,( ) |10 log( ) 10 log( ) |xref xref xout xoutSDmag dB = Γ − Γ  (3.7). 
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As for the SNR-gain and SDR, in case of binaural outputs, two SDmags are also calculated; 

one measurement for each side, i.e., the left and right sides. 

 

3.2 Cues Preservation Metrics 

In order to measure the binaural cues preservation abilities for the designed beamformers, 

performance metrics based on the relative difference between the left and right signals (on both 

ears) on the azimuth plane are required. These measurements are the Interaural Level Difference 

(ILD), the Interaural Phase Difference (IPD), and the Magnitude Squared Coherence (MSC). The 

ILD and the IPD measurements are suitable for the directional interferers, where the ILD is based 

on the intensity differences between the left ear and right ear signals, and the IPD is based on the 

phase differences between the left ear and right ear signals. The MSC is suitable to measure the 

cues preservations for the diffuse-like background noise [44], [45].  

The ILD measurement provides a meaningful information of the binaural cues preservation 

for the directional interferers at the high frequency components (> 1500 Hz). For high frequencies, 

the sound waves have shorter wavelength, therefore, the head shadow effect increases. For those 

high frequency components, the head acts as an obstacle, which creates a difference in the 

intensities between the left and right signals. On the other hand, for the low frequency components 

the sound signals will have longer wavelengths (longer than the head diameter). Therefore, these 

components will bend around the head and no significant differences in the intensities can be 

detected.  The IPD is more suitable for the low frequency components (<1500 Hz). For those 

frequency components, it is possible for the auditory system to detect the phase differences 

between the signals on the left and the right ears [61], [82]. 
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3.2.1 Interaural Level Difference (ILD)  

The Interaural Level Difference (ILD) can be computed for any directional source such as the 

target source or the sum of the directional interferer sources.  The equations below represent the 

∆ILD calculation for the directional interferers.   

To compute ∆ILD, we need to compute ILD-input and ILD-output. Therefore, the frequency 

response from the left to right frontal microphone signals ,ref l rH →  is computed as in eq.(3.8), where 

,ref lv  and ,ref rv  are the sum of the directional interferers components at the left and right front 

microphone, respectively.  

,  .
,

,  ,

vref r vref l
ref l r

vref l vref l
H →

Γ
=

Γ
  (3.8) 

The square magnitude also represents the following ratio:    

2 ,  ,
,

,  ,

vref r vref r
ref l r

vref l vref l
H →

Γ
=

Γ
  (3.9). 

The ILD-input is computed as the following: 

2
, ,  , ,  .10 log 10 log( ) 10 log( )input ref l r vref r vref r vref l vref lILD H →= = Γ − Γ  (3.10). 

The frequency response from the left to right beamformer outputs ,out l rH →  is computed as in 

eq.(3.11), where ,out lv  and ,out rv are the sum of the directional interferers components at the left and 

right beamformers outputs, respectively.  

,  ,
,

,  ,

vout r vout l
out l r

vout l vout l
H →

Γ
=

Γ
  (3.11) 

Again, the square magnitude also represents the following ratio: 

 2 ,  ,
,

,  ,

vout r vout r
out l r

vout l vout l
H →

Γ
=

Γ
   (3.12). 
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The ILD-output is computed as the following: 

2
, ,  , ,  ,10 log 10 log( ) 10 log( )out out l r vout r vout r vout l vout lILD H →= = Γ − Γ  (3.13). 

Finally, the ILD-error (or ∆ILD) is computed as in eq.(3.14):   

out refILD ILD ILDΔ = −       (3.14). 

3.2.2 Interaural Phase Difference (IPD)  

The Interaural Phase Difference (IPD) can be also computed for the directional sources such 

as the target and the sum of directional interference components. It can be computed as the 

difference between the phase of the cross power spectrum density (cross-PSD) between the left 

and the right input signals at the reference microphones, and the phase of the cross-PSD between 

the left and the right signals at the beamformer outputs. The ∆IPD is computed for the sum of the 

directional interferers as the following:  

, ,  ,input ref l r vref r vref lIPD H →= ∠ = ∠Γ    (3.15), 

, ,  ,out out l r vout r vout lIPD H →= ∠ = ∠Γ    (3.16), 

out inputIPD IPD IPDΔ = −   (3.17). 

More details about ∆IPD, ∆ILD, and ∆MSC calculations can be found in our previous work in 

[57].  

3.2.3 Magnitude Squared Coherence (MSC) 

The Magnitude Squared Coherence (MSC) is suitable for measuring the preservation of the 

spatial aspects of diffuse-like noise, which does not have the characteristics of a directional source. 

The MSC–input is computed as in eq.(3.18), where ,  ,nref l nref rΓ  is the cross-PSD between the 

background (diffuse-like) noise components at front left and front right microphones, and 
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,  ,nref l nref lΓ , ,  ,nref r nref rΓ are the auto-PSD of the background (diffuse-like) noise components at front 

left microphone and front right microphone, respectively:     

,  ,

,  , ,  ,

2

))((
nref l nref r

nref r
inp

l nref l nref f
u

e
t

r n r

MSC
Γ

=
Γ

Γ
  (3.18). 

The MSC–output is computed as in eq.(3.19), where  ,  ,nout l nout rΓ  is the cross-PSD between the 

background (diffuse- like) noise components at left and right beamformers outputs, and ,  ,nout l nout lΓ

, ,  ,nout r nout rΓ are the auto-PSD of the background (diffuse- like) noise components at the left 

beamformer output and the right beamformer output, respectively: 

,  ,

,  , ,  ,

2

)(( )
nout l nout r

nou o
outp

t l nout l nout r n u
t

t r
uMSC

Γ
=

Γ
Γ

  (3.19). 

Finally, the MSC-error (or ∆MSC) is: 

output inputMSC MSC MSCΔ = −    (3.20). 

The binaural cues preservation topic will be revisited in Chapter 6. 

3.3 Phase Inversion Method  

The components of the left and right beamformer outputs, which are the target components, 

the sum of the directional interference components, and background diffuse-like noise 

components, should be available in order to be able to calculate the aforementioned performance 

measurements. In [83], a method called the “phase inversion technique”  has been proposed to 

separate the output signals components. A general derivation of the “phase inversion technique” 

is as the following, assuming that we have M microphones and N different components (or 

equivalently sources) to generate at the output:  

1) Generate N mixture sets from the N sources or components found at the input microphones  
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  (3.21) 

Where, the invertible mixing matrix, with 1 and -1 elements, is changing the polarity of the N 

sound sources and generating linearly independent combinations of the sources. , ( )n mic m tS  is the 

nth source signal at the mth microphone 

2) Generate outputs for each set of mixtures: 

[ ]
1, 1 , 1 , 1

1 1 1, , ,

1, , ,

( ) ( ) ( )
( ) ( ) ( ) ( ) ( ) ( )

( ) ( ) ( )

mic n mic N mic

mix mixn mixN m M micm n micm N micm

micM n micM N micM

t t t
out t out t out t t t t

t t t

     
     

  =       
     
     

MIX MIX MIX
filter filter filter MIX MIX MIX

MIX MIX MIX







  (3.22) 

where, out is the beamformer output for each mixture set and filter includes all the 

beamformer/filter coefficients.  

3) Obtain the individual output component from each source as in eq.(3.23): 

1

1 1

1 1 1
( ) ( ) ( ) ( ) ( ) ( ) 1 1 1 inverse of mixing matrix

1 1 1
source sourcen sourceN mix mixn mixNout t out t out t out t out t out t

−       = − −      
 −  

(3.23). 

The so-called shadow filtering method, i.e., filtering/processing all the signal components 

individually with the same time-variant filter coefficients or post-filtering, can be used instead of 

phase inversion method. However, it can become tedious, as it requires propagation of each 

individual source signal in the code. 

3.4 Simulation Setups  

In the simulations, a filter bank provided by the industry partner has been used. This filter 

bank has 48 highly overlapping subbands downsampled to 1 kHz after analysis. The two-sided 

bandwidth of each subband is 1 kHz, with 250 Hz spacing between the center frequencies of each 

subband, resulting in center frequencies from 0 to -11,750 Hz (negative center frequencies).  The 
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input signal is sampled at 24 kHz.  The required statistics in the beamforming designs (e.g., noisy 

signal correlation matrix or noisy signal power) have been estimated adaptively on-line. Statistics 

for noise-only or target-only signals have never been used in this work, to avoid the use of a VAD 

system.  Beamformer coefficients have also been computed adaptively, e.g. for ADMA, MVDR, 

LCMV beamformers, on a (downsampled) sample by sample basis. The target steering vector or 

equalization coefficients required by some beamformer design algorithms have been computed 

from anechoic HRTFs measured from a KEMAR mannequin wearing two binaural Behind-The-

Ear (BTE) hearing aids (HRTFs also provided by the industry partner). For the simulations, the 

directional signals were generated using mildly reverberant HRTFs also measured from BTE units 

on a KEMAR mannequin (HRTFs again provided by the industry partner). The distance used for 

the reverberant and the anechoic HRTFs measurements, which is between a loudspeaker source 

and the center of the head, was 1 m. The diffuse-like background noise recordings were also 

provided by the industry partner, again recorded on a KEMAR mannequin wearing two binaural 

BTE hearing aids, with babble noise recordings played at eight loudspeakers on a circle with a 

radius of 1 m around the KEMAR mannequin. Different male/female speakers, speaking different 

languages, were used in the testing. For example, English male speaker, English female speaker, 

Catalan female speaker, Italian male speaker, Spanish child speaker. However, it is worth 

mentioning that the beamforming process is language, gender, and voice independent as it is a 

spatial filter that depends on the direction of the speakers. Some of the conducted tests were also 

performed with white noise sources instead of using speech sources (except for demos with 

stereo/binaural audio output files, where it is important to use speech sources). White noise has 

been used in order to reduce the potential impact of the sources auto-PSDs on the results. 

Nevertheless, even with white noise sources, the auto-PSDs at the reference microphone will not 

be flat, because of HRTF filtering.  

In all beamforming process, we assume that a hearing aid user wears two BTE units, that each 

unit has two microphones, and that a bidirectional binaural wireless link is transmitting 

information and signals from one side to the other side. Monaurally preprocessed signals, raw 

signals as well as some information like gains, levels, DOAs, etc. can be transmitted between sides. 

In this work, the binaural beamformers can use the monaurally pre-processed signals or the local 

raw signals. The bidirectional wireless link is assumed to be ideal with zero delay.  
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Chapter 4  Monaural ADMA Pre-processor in the 
Binaural Hearing Aids  

4.1 Overview  

A main objective of this work is to develop a robust beamforming design that is robust to the 

estimation errors in the target DOA, with reduced interferers/ noise. In order to achieve a good 

level of noise reduction, a design such as the one in Figure 4.1 can be used, where the two 

monaurally pre-processed signals are used as the input of the binaural beamformers. Other designs 

such as the designs in Figure 2.6 could also be used, however, it will not lead to the best noise 

reduction since one of the inputs to the binaural beamformer is a “raw” microphone input signal 

that includes some of the noise that has been attenuated by the pre-processor in the other input 

signals of the binaural beamformers. More analysis on the latter design will be introduced in the 

next chapter, where the robustness to the estimation error in the target DOA will be the main goal. 

In this context, it is important to mention that the monaural beamformers are robust to the target 

DOA mismatch because of the small distance between the microphones, which leads to wide 

beampatterns around the target signal direction over all frequencies of interest. Figure 4.2 shows 

typical wide beampatterns produced by the monaural beamformers, which would not suffer from 

a target DOA estimation error in the order of 10 degrees, because of the wide beampattern for all 

frequencies of interest.  
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Figure 4.1: 1+1 with pre-processed inputs beamforming design, with several pre-processor alternatives. 

 

 

Figure 4.2: Beampatterns with wide beams, for monaural MVDR with frontal target, 1 interferer with 
location varying from 0 to 360 degrees, and diffuse noise (-5 dB lower than the target level). 
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Different beamforming alternatives can be used for the monaural pre-processor, as shown in 

Figure 4.1. These alternatives are the ADMA, MVDR, Constraint-only design and the “target 

equalize and average” beamformer (similar to a traditional “delay and sum” beamformer, as 

explained earlier). For a fixed target location, the target equalize and average beamformer is not 

an adaptive beamformer, which leads to degradation in its performance in real and dynamic 

acoustic scenarios (e.g. moving interferers or non-stationary diffuse noise). The Constraint-only 

design does not minimize the output signal power or the output noise power, it is just solving a set 

of equations such that the response of the beamformer is specified for fixed angles or directions. 

This also leads to a degradation in the noise reduction ability for the pre-processor. For the 

monaural MVDR beamformer, because of the lack of target VAD in practical situations, the noisy 

correlation matrix is normally used in the design instead of the (ideal) noise correlation matrix, 

which leads to some deterioration in the noise reduction ability in the case of target DOA 

mismatch.  Therefore, in this work we have found that the monaural ADMA beamformer is a good 

candidate to be used as a pre-processor, especially, if we can modify the ADMA design in order 

to guarantee a target distortionless responses at different target directions.   

4.2 Adaptive Differential Microphone Array (ADMA) Pre-Processor 
and Its Extensions  

4.2.1 Basics of the ADMA Design 

An adaptive first-order back to back Differential Microphone Array (ADMA) is proposed in 

[15]. This algorithm is based on minimizing the microphone output under a constraint that a null 

in the beampattern response is located in the rear hemisphere, assuming two closely spaced 

omnidirectional microphones. A null also comes with a second null, symmetric over the axis 

colinear to the two microphones. 

First, a non-adaptive first order back-to-back microphone was proposed. This non-adaptive 

version is based on subtracting the delayed version of the second microphone input signal from 

the input signal of the first microphone. The time delay in free field is fixed to d/c, where d is the 



53 | P a g e  

 

distance between the microphones (e.g. 0.8 cm for microphones on the same BTE hearing aid) and 

c is the speed of sound 343 m/s.  In real life situations, there a need to adjust the time delay in 

order to adaptively adjust the direction of the null in the back hemisphere and to cancel the 

interference signals from different desired directions. Therefore, the non-adaptive version (DMA) 

is not suitable in real life situation under non-stationary conditions.  

As a result, the ADMA design using a pair of closely-spaced microphones assuming a free 

field environment was proposed in [15]. A derivation of the forward and backward first order 

cardioid responses with a distortionless response in a direction collinear with the array (e.g. 

distortionless response at 0 degree) is first presented in the following paragraphs, for the case of 

STFT or filter bank decomposition.  

The forward cardioid response is: 

2
1 2( , ) ( , ) ( , )j fT

fc f t y f t e y f t− π= −   (4.1). 

The backward cardioid response is:  

2
2 1( , ) ( , ) ( , )j fT

bc f t y f t e y f t− π= −   (4.2). 

In this chapter, 1( , )y f t is the front microphone noisy signal and 2 ( , )y f t  is the rear 

microphone noisy signal. T=d/c is the propagation delay between the microphones and e-j2πfT is the 

frequency response between the microphones.  

Combining the forward and the backward cardioids in order to have a null in the back 

hemisphere:  

( , ) ( , ) ( , ) ( , )f bz f t c f t f t c f tβ= −           (4.3), 

where ( , )z f t  is the ADMA beamformer output. 
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 A Least Mean Squares (LMS) algorithm can be used to adaptively adjust the parameter β by 

minimizing the cost function in eq.(4.4), which leads to the adaptive β as in eq.(4.5): 

22( ) ( , ) ( , ) ( , ) ( , )f bJ E z f t E c f t f t c f tβ  β = = −    
 (4.4) 

( ) { }2 *( , 1) 1 2 ( , ) ( , ) 2 Re ( , ) ( , )b b ff t c f t f t c f t c f tβ μ β μ+ = − +                                                       (4.5). 

Equation (4.5) can be rewritten as in eq.(4.6) 

{ }*Re ( , ) ( , )
( , 1) ( , ) 2 ( , ) ( ( , ) ( , ) )

( , )
b f

b b
b

c f t c f t
f t f t c f t f t c f t

c f t
β β μ β+ = + −  (4.6) 

We can refer to ( , )bc f t  as the “input” signal of the adaptive filter and to 
{ }*Re ( , ) ( , )

( , )
b f

b

c f t c f t
c f t

  as 

the “desired” signal, therefore obtaining the classic form for a LMS update:  

( , 1) ( , ) 2 ( , )( ( , ) ( , ) ( , ))f t f t Input f t Desired f t f t Input f tβ β μ β+ = + −   (4.7). 

    However, in practice it is more convenient to use eq.(4.5), as it avoids the division in 

eq.(4.6), which can lead to numerical complications. The previous equations can be modified by 

using a normalized step size µ, using the moving average power of the input signal ( , )bc f t  as in 

eq.(4.8): 

2
     0 1

( , )bE C f t
λμ λ= ≤ ≤

 
 

  (4.8). 

Some constraints or bounds can be used to avoid getting invalid values for ( , 1)f tβ + , such as 

the constraints in eq. (4.9) and eq.(4.10) : 

min( , 1) max( ( , 1), )f t f tβ β β+ = +   (4.9) 

max( , 1) min( ( , 1), )f t f tβ β β+ = +   (4.10) 
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where, min 0β = and max 1β =  for example. For the free field case, when 0β =  the null is at 180 

degrees, and when 1β =  the null is at 90 degrees, over the range of frequencies of interest. Figure 

4.3 shows the beampatterns for the first order back-to-back differential microphone configuration 

based on a single value of the parameter β.  The figure illustrates the position of the symmetric 

null in the back hemisphere as β increases from 0 (where the null at 180 degrees) until it reaches 

1 (where the symmetric nulls are at 90 degrees and 270 degrees).  

Theoretically, the ADMA works well for free field conditions and for frequencies f << c/(2d). 

For example,  f << 21.4 kHz for d = 8 mm (monaural ADMA, microphones on the same BTE unit), 

and f << 1.1kHz for d = 16cm (binaural ADMA, microphones on BTE units from each side of the 

head). 

 

Figure 4.3: Beampattern of the first-order back to back differential microphone using different values of β in 
the range of 0<β<1 . 

Assuming a small microphone spacing and a small propagation delay between the 

microphones, the ADMA acts as a first order differentiator, and the output is frequency dependent 

such that it increases linearly with frequency as shown in [15] and as will be shown in eq.(4.18) 

for a similar case. Therefore, a compensation low-pass filter is used as in eq.(4.11) to guarantee a 

distortionless response at 0 degree, at all frequencies. 

180°

0°

180°

0°

180°

0°
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0°

 β=0.0                                                                                                          β=1.0 
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( )
'

4
1( , ) ( , )

1 j fT
z f t z f t

e u− π
=

− +
  (4.11) 

where, u is a regularization factor.  

Equation (4.11) can be re-written in terms of the input signals and in terms of beamformer 
coefficients as: 

( )
( )

( )
( )

2 2
'

1 24 4

* *
1 1 2 2

1 ( , ) ( , )
( , ) ( , ) ( , )

1 1

( , ) ( , ) ( , ) ( , )

j fT j fT

j fT j fT

f t e f t e
z f t y f t y f t

e e

w f t y f t w f t y f t

β β− π − π

− π − π

+ − −
= +

− −

= +

  (4.12) 

4.2.2 HRTFs-based ADMA  

In [15] and [18], a free field environment is assumed to derive the ADMA beamformer. 

However, in the case of beamforming applied to hearing aids, the head shadow effect might affect 

the performance of the ADMA, because of the mismatch between the assumed free field design 

and the actual environment with head shadow effect. Therefore, as an alternative, in order to reduce 

the aforementioned mismatch, the front and back anechoic HRTFs can be used to compute forward 

and backward cardioids, as well as the low-pass filter for distortionless response as the following.  

The forward cardioid is: 

( )

( )
1 2 1 2

1
1 2

2

( , ) ( , ) ,180 ( , )

( , ) ,180 ( , )

fc f t y f t H f y f t

Hy f t f y f t
H

→= − °

= − °
  (4.13), 

where H1  is the front microphone anechoic HRTF, and H2  is the back microphone anechoic HRTF.   

The backward cardioid is:  
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( )

( )
2 1 2 1

2
2 1

1

( , ) ( , ) ,0 ( , )

( , ) ,0 ( , )

bc f t y f t H f y f t
Hy f t f y f t
H

→= − °

= − °       (4.14). 

Using the same approach as in free field to combine the forward and the backward cardioids:  

 ( , ) ( , ) ( , ) ( , )f bz f t c f t f t c f tβ= −            (4.15)  

where β is adaptively adjusted using LMS-like algorithms described in eq. (4.4) to eq.(4.10).  

For a target source at 0 degree, we have: 

( ) ( )1 2 1 2 2 1 2 1( , ) ( , ) ,180 ( , ) ( ( , ) ,0 ( , ))z f t y f t H f y f t β y f t H f y f t→ →= − ° − − °  (4.16) 

with ( )2 1 2 1( , ) ,0 ( , )y f t H f y f t→= ° , leading to  

( ) ( )2 1 1 2 1( , ) (1 ,180 ,0 ) ( , )z f t H f H f y f t→ →= − ° °  (4.17) 

Since the goal is to achieve a distortionless response at 0 degree with no additional gain and 

phase shift at different frequencies, a compensation low-pass filter is needed as in eq.(4.18): 

( ) ( )( )
'

2 1 1 2

1( , ) ( , )
1 ,180 ,0

z f t z f t
H f H f u→ →

=
− ° ° +

 (4.18) 

where, u is a regularization factor.  

Equation (4.18) can also be re-written as the following:  

( )( )
( ) ( )( )

( )( )
( ) ( )( )

1 2 2 1'
1 2

2 1 1 2 2 1 1 2

* *
1 1 2 2

1 , ) , 0 , ) ,180
( , ) ( , ) ( , )

1 ,180 ,0 1 ,180 ,0

( ) ( , ) ( ) ( , )

f t H f f t H f
z f t y f t y f t

H f H f H f H f

w f y f t w f y f t

β( ( β(→ →

→ → → →

+ ° − − °
= +

− ° ° − ° °

≡ +
 (4.19) 
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For the case with HRTFs and head shadow, a given fixed value of β does not necessarily lead 

to a null in the beampattern, unlike in free field and Figure 4.3. Moreover, if a null or a low value 

occurs in the beampattern, it will not be at an angle that is easily predictable. These are serious 

drawback of the fixed ADMA design using HRTFs. However, in different subbands adaptive 

ADMA algorithms using HRTFs can find β(f,t) values producing attenuation of 

interferences/noise, and therefore this approach can be useful for distortionless or near 

distortionless ADMA in HRTF environments. 

4.2.3 ADMA with Distortionless Reponses at Different Directions 

The ADMA proposed in [15] and [18], has distortionless response at 0 degree; however, it 

leads to a distorted response (e.g. attenuated) if the target signal comes from other directions. 

Figure 4.4 shows the first order back-to-back Differential Microphone Array (DMA) response for 

a closely spaced microphone pair (d=0.8 cm) with β=0 assuming a free field environment. From 

Figure 4.4, it is clear that at 45 degrees, the DMA introduces 1.3 dB of attenuation; while at 90 

degrees the DMA introduces a more significant attenuation which reaches 6 dB attenuation. In the 

case of head shadow and HRTFs, the actual attenuation can be a bit different, but of similar order. 

In [16], a steerable DMA was introduced; however, this design requires a minimum of three 

microphones in the 2-D plane and four microphones are required in the 3-D plane. Therefore, there 

is a need to develop an ADMA design with distortionless response at different directions, e.g., at 

90 or 45 degrees. 
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Figure 4.4: DMA response using two closely spaced microphones; a) polar coordinates b) rectangular 
coordinates. 

In this work the standard ADMA has been modified to have a distortionless response at 

arbitrary angle θ degrees (instead of 0 degree). First, a design assuming the free field environment 

is considered as the following.  

The forward cardioid is: 

2
1 2( , ) ( , ) ( , )j fT

fc f t y f t e y f t− π= −    (4.20) 

The backward cardioid is:  

2 cos( )
2 1( , ) ( , ) ( , )j fT

bc f t y f t e y f tθ− π= −   (4.21), 

where, T=d/c is the propagation delay between the microphones and e-j2πfTcos(θ) is the response 
between the microphones.  

Combining the forward and the backward cardioids in order to have a null in the back 

hemisphere:  

( , ) ( , ) ( , ) ( , )f bz f t c f t f t c f tβ= −          (4.22), 

(a) (b)



60 | P a g e  

 

where, β is adaptively adjusted using a LMS-like algorithm as in eq.(4.23):  

( ) { }2 *( , 1) 1 2 ( , ) ( , ) 2 Re ( , ) ( , )b b ff t c f t f t c f t c f tβ μ β μ+ = − +   (4.23). 

To guarantee the distortionless response at an arbitrary angle θ degrees with no additional gain 

and phase shift at different frequencies, a compensation low‐pass filter is applied as in eq.(4.24). 

( )
'

2 (1 cos( ))
1( , ) ( , )

1 j fT
z f t z f t

e uθ− π +
=

− +
  (4.24), 

where, u is a regularization factor.  

Considering the effect of the head shadow effect, the ADMA using anechoic HRTF has also 

been modified to have a distortionless response at an arbitrary angle θ degrees (instead of 0 

degree). In the design, the forward cardioid has a null at φ degrees, and the backward cardioid has 

a null at θ degrees.  

The forward and the backward cardioid responses are as in eq.(4.25) and eq. (4.26), 

respectively.  

( )

( )
1 2 1 2

1
1 2

2

( , ) ( , ) , ( , )

( , ) , ( , )

fc f t y f t H f y f t

Hy f t f y f t
H

φ

φ

→= −

= −
   (4.25) 

( )

( )
2 1 2 1

2
2 1

1

( , ) ( , ) , ( , )

( , ) , ( , )

bc f t y f t H f y f t
Hy f t f y f t
H

θ

θ

→= −

= −    (4.26) 

Combining the forward and the backward cardioids as in the free field derivation, we obtain:  

 ( , ) ( , ) ( , ) ( , )f bz f t c f t f t c f tβ= −           (4.27),  

where β can be adaptively adjusted as before.   
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Finally, a low-pass filter is used to get a distortionless response at angle θ: 

( ) ( )( )
'

2 1 1 2

( , )( , )
1 , ,

z f tz f t
H f H f uφ θ→ →

=
− +

  (4.28). 

A natural choice of φ is 180 degrees, so that the forward cardioid has a null at 180 degrees, as 

in the classic designs. The resulting algorithm is distortionless (or in practice nearly distortionless) 

for a target at angle θ in the front hemisphere. 

4.2.4 ADMA with Compensation Gains  

Other modifications could be applicable to the ADMA design in order to reduce the target 

distortion (attenuation) under acoustic scenarios with a non-frontal target. A simple approach is 

the addition of a constant, common to the beamformers on both sides, real-valued compensation 

gain as shown in Figure 4.5. This approach is applicable whether the ADMA is based on “standard” 

free field design or on HRTFs design. This simple approach can be achieved experimentally by 

trying different values of the real-valued gains offline, such that the SD-mag metric is minimized 

for a given setup. The SDR metric could also be used, but it may not reach a very good value if 

the real-valued gain (zero phase compensation) is far from the true required phase compensation. 

One potential issue with the real valued common gain approach is that in principle it could be 

environment specific, although fluctuations of the required gains for different target DOA angles 

are not expected to be large between different acoustic environments.  

In order to overcome the limitations of applying a common and real-valued gain, a design 

using different frequency dependent complex compensation gains to the left and the right side after 

the ADMA pre-processor has been developed, as shown in Figure 4.5. As the previous real-valued 

design, this approach is applicable for both free field and HRTFs based ADMA designs.  
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Figure 4.5: ADMA distortionless at non-frontal targets with compensation gains.  

To mitigate the target distortion (including target level attenuation) in the ADMA response, 

the aim is to have the output target component after compensation ( , )out compx f t−  the same as the 

target component at reference microphone ( , )refx f t  as in eq.(4.29): 

( , ) ( , )   out comp ref sx f t x f t θ θ− = ∀ =   (4.29). 

The compensation factor is the ratio between the desired target output ( , )out compx f t−  and target 

output without compensation ( , )outx f t  as the following: 

( , ) ( , )
( , )

( , ) ( , )
out comp ref

out out

x f t x f t
G f t

x f t x f t
−= =    (4.30). 

By rewriting the compensation factor in terms of the propagation model ( , )fd θ (e.g. steering 

vector, HRTFs) and generic beamformer coefficients, the resulting compensated gain becomes as 

in eq.(4.31): 

( , )
( , )

( , ) ( , )
ref s

H
s

d f
G f t

f t f
θ

θ
=

w d
         (4.31), 
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where ( , )ref sd f θ is the steering vector from the target direction at the reference microphone.   

Applying this compensation factor to signals from any direction θ, i.e., to beamformer output 
becomes as in eq.(4.32):  

( )
' ( , )
( , ) ( ) ( , ) ( , )

( , ) ( , )
ref s

H
s

d f
z f G f z f t z f t

f t f
θ

θ
θ

= =
w d

 (4.32). 

In addition to being frequency-dependent, an advantage of the complex gains approach over 

the common, real-valued gain approach is that it compensates both the magnitude and the phase 

distortion in the target. Two compensation gains are computed: one on each side, unlike the real-

valued common gain which only computes a gain based on the side (hemisphere) where the target 

is located. Therefore, for the real-valued common gain method, on the other side the combination 

of the ADMA followed by the common gain may not preserve the initial (weaker) level of the 

target. Conceptually, the frequency dependent complex gains method is similar to the ADMA with 

distortionless response at arbitrary value θ previously introduced, which had a different adaptive 

implementation and was specific to the case of the ADMA. Comparisons of the performance of 

these approaches will be provided in section 4.4.  

The monaural beamforming pre-processing can affect the resulting binaural HRTFs used by 

the binaural beamformers. We have found that this effect is not significant if the binaural 

beamformers use HRTFs for directions near the direction of the distortionless response of the 

monaural beamformer pre-processors (e.g. near frontal). However, in other cases such as binaural 

beamformers that use HRTFs for constraints in the back hemisphere, the HRTFs can be 

significantly modified by the monaural pre-processors. For such cases, if the adaptive pre-

processing is used, it may not be realistic in practice to continuously transmit updated binaural 

HRTF to the other side of the binaural hearing aid through the binaural wireless link. Therefore, 

in such cases there is a need to use fixed pre-processors where the resulting compensated binaural 

HRTFs could be pre-computed for different target DOAs, such as a monaural fixed MVDR tuned 

for diffuse noise. The reader can refer to section 2.2.1 for the detailed mathematical formulation 

of the fixed MVDR. Other alternatives such as a fixed DMA with a null near 109 or 120 degrees 

can be used, which correspond to the best setups for 2-D and 3-D diffuse noise [84]. In this work, 
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fixed monaural MVDR pre-processors with no target distortion for an arbitrary target direction at 

θ degrees will therefore be considered when it is required. This kind of beamformer is suboptimal 

in terms of noise reduction since it is not adaptive to the interferer directions or the dynamic 

presence or absence of such interferers, i.e., the MVDR beamformer does adapt its correlation 

matrix during the beamforming process. 

As it was mentioned previously, in this work we do not consider sensor noise (white noise, 

spatially uncorrelated noise) directly in the design of the beamformers. Some level of sensor noise 

is always there in practice, and it can be amplified by the beamformer, especially at low 

frequencies. However, we can deal with the sensor noise amplification at low frequencies by using 

a regularization factor in the denominator of the low-pass filter found in ADMA beamformers.  

4.3 Simulation Results under Frontal Target Acoustic Scenarios  

In order to investigate the performance of ADMA pre-processors in setups such as the one in 

Figure 4.1, two versions of the ADMA will be considered for simulation; the first one is the 

“standard” ADMA designed for free field environment and the second one is the ADMA using 

anechoic HRTFs models. Those different versions of the ADMA pre-processors will be tested with 

a binaural MVDR 1+1. The choice of the MVDR 1+1 for the binaural beamformer will be justified 

in the next chapter. Moreover, the resulting two versions of the ADMA pre-processor will be 

compared with the fixed version of a monaural MVDR (2+0) pre-processor tuned for diffuse noise.  

An acoustic scenario with a frontal target at 0 degree, interferers at 45, -45, and 225 degrees, 

and diffuse noise 14 dB lower than the target level has been used in the simulations as shown in 

Figure 4.6. Figure 4.7 and Figure 4.8 show that using the ADMA-HRTFs led to significantly higher 

overall noise reduction in comparison with the ADMA–free field and the fixed MVDR. However, 

the ADMA-free field has less distortion for some frequencies. It is also noticeable that the fixed 

MVDR significantly outperforms the two versions of ADMA in terms of target distortion, i.e., 

SDR and SDmag, for low frequencies (<500 Hz). However, regularization could be added to the 

ADMA pre-processor at low frequencies to reduce this target distortion.  Another acoustic scenario 



65 | P a g e  

 

with two interferers and without diffuse-like noise has also been used for testing (not shown in this 

document), and similar performance has been observed.  
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Interferer 
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Hearing aid 
user 

Interferer at 
315°(-45°)

 

Figure 4.6: Acoustic scenario with frontal target at 0 degree, three interferers, and diffuse-like noise. 

 

 

Figure 4.7: Performance in terms of SNR-gain for different types of monaural pre-processors under frontal 
target acoustic scenario with diffuse noise. 
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Figure 4.8: Performance in terms of SDR and SDmag for different types of monaural pre-processors under 
frontal target acoustic scenario with diffuse noise. 

As a result, by comparing the free field-based ADMA design with the HRTF-based ADMA 

design, there is often a trade-off between noise reduction and target distortion.  The HRTF-based 

ADMA design has produced the highest overall noise reduction, therefore, this design has been 

used as the main pre-processing scheme in the rest of this work.   

 

4.4 Simulation Results under Non-Frontal Target Acoustic 
Scenarios  

As was mentioned previously, the free field-based ADMA design with distortionless response 

at 0 degree in [15], [18] generates target distortion (attenuation) in the case of non-frontal targets, 

especially if the target is coming from lateral or near lateral directions. For example, Figure 4.4 

shows that when the target is at 90 degrees, a 6 dB target attenuation is introduced by the ADMA 

beamformer. The target attenuation become less important as the target source direction becomes 

closer to 0 degree. For instance, when the target is at 45 degrees, only a 1.3 dB target attenuation 

is generated.    
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Figure 4.9: Acoustic scenarios with non-frontal target (a) at 90 degrees, (b) at 45 degrees. 

An acoustic scenario, shown in Figure 4.9 (a), with a target at 90 degrees and interferers at 0 

and 135 degrees without diffuse-like noise has been used. The performance of the following eight 

different alternatives have been investigated, using the MVDR 1+1 as a the binaural beamformer 

as in Figure 4.1.  

1. The free field based ADMA. 

2. The free field based ADMA + real gain. 

3. The free field based ADMA + complex gain. 

4. The free field based ADMA with distortionless response at 90 degrees (or 45 degrees). 

5. The HRTF based ADMA. 

6. The HRTF based ADMA + complex gain. 

7. The HRTF based ADMA with distortionless response at 90 degrees (or 45 degrees). 

8. The fixed MVDR (i.e. using the diffuse noise correlation matrix).  

 The resulting measurements for the different monaural pre-processor alternatives show that 

the HRTF-based ADMA with distortionless response at 90 degrees shows the best trade-off 

between noise reduction and target distortion, as Figure 4.10 and Figure 4.11 illustrate.  The free 

field-based ADMA with distortionless response at 90 degrees comes in the second position. 

Therefore, HRTF-based ADMA with distortionless response at 90 degrees will be kept as the pre-

processor monaural beamformer for simulations in the next chapters with different binaural 
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beamformers, for near 90 degrees targets. However, the free field-based ADMA with distortionless 

response at 90 degrees can be used alternatively with a slight variation in the performance, as 

shown in Figure 4.10 (c) and Figure 4.11 (c) and (f). Not surprisingly, the monaural fixed MVDR 

for diffuse noise has the lowest noise reduction capability; however, it has generated a low target 

distortion compared to most other alternatives. 

 

Figure 4.10: Performance in terms of  SNR-gain generated with different types of monaural pre-processors 
under non-frontal target (90 degrees) acoustic scenario.  
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Figure 4.11:  Performance in terms of target distortions generated from using different types of monaural 
pre-processors under non-frontal target (90 degrees) acoustic scenario.  

 

For further testing with non-frontal targets, the acoustic scenario in Figure 4.9 (b) has been 

used. This acoustic scenario has a non-frontal target at 45 degrees and interferers at -45 and 135 

degrees. The performance of aforementioned eight pre-processor alternatives have been in 

investigated for the setup in Figure 4.1, using the MVDR 1+1 as a binaural beamformer as before. 

The noise reduction and target distortion capabilities of the different monaural pre-processor 

alternatives are illustrated in Figure 4.12 and Figure 4.13, respectively. The resulting figures 

demonstrate the good performance capabilities of the all tested monaural beamformers. However, 

the best two setups that show the best trade-off between noise reduction and target distortion are 

the free field-based ADMA with distortionless response at 45 degrees and the HRTF-based ADMA 
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with distortionless response at 45 degrees. The former slightly outperforms the latter under this 

acoustic scenario. However, seeking for generality, and since the second alternative shows the 

better trade-off under acoustic scenarios with a near frontal target and with a target around 90 

degrees, the second alternative will be considered as the pre-processor for the simulations of the 

next chapters.  
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Figure 4.12: Performance in terms of SNR-gain generated from using different types of monaural pre-
processors under non-frontal target (45 degrees) acoustic scenario.  
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Figure 4.13:  Performance in terms of target distortions generated from using different types of monaural 
pre-processors under non-frontal target (45 degrees) acoustic scenario.  

For more illustrations of the different performance of the ADMA designs with distortionless 

response at arbitrary target directions θ, the beampatterns of the fixed DMA designs using different 

values of β over different frequencies have been evaluated.  Figure 4.14 shows the beampatterns 

of the free field-based DMA design with distortionless response at 0 degree, at 45 degrees and at 

90 degrees, using different values of β. For the DMA design with distortionless response at 0 

degree, the DMA has the maximum response at 0 degree (distortionless response) and the direction 

of the null varies between 90 to 180 degrees in the right hemisphere, and from 180 to 270 degrees 

in the left hemisphere, depending on the value of β. In particular, when β is zero the null is at 180 

degrees, and when β  is 1 the nulls are at 90 and 270 degrees. On the other hand, for the DMA 

design in free field with a distortionless response at 45 degrees, there is an amplified response 

between 0 degree and 45 degrees, until a distortionless response at 45 degrees is achieved. The 
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direction of the nulls varies based on the value of β. In particular, the direction of the nulls changes 

between 135 degrees to 90 degrees in the right hemisphere, and between 225 degrees to 270 

degrees in the left hemisphere, as the value of  β  varies between 0 to 1. It is noticeable also that 

the value of β has an indirect effect on level of the amplification, especially around 180 degrees. 

By increasing the value of the β, the null becomes closer to the distortionless response direction. 

Therefore, more amplification has been generated. Therefore, using adaptive DMA (ADMA), 

where the value of β is adaptively adjusted using LMS-type algorithms, might reduce the effect of 

the amplification at some angles.  

As the direction of the target becomes farther away from 45 degrees and closer to 90 degrees, 

the DMA design still guarantees the distortionless response at the target direction, i.e., Figure 4.14 

(c) with distortionless response at 90 degrees. However, the sources from some other directions 

can be amplified. The reason for this amplification is that the direction of the distortionless 

response and the direction of the null become closer to each other. Since the beampatterns in the 

free field is mostly frequency independent for the monaural beamformers and over the range of 

frequencies considered, only the beampatterns at 2000 Hz have been shown. 

For the HRTF-based DMA designs, the beampatterns are frequency dependent. Figure 4.15 

shows the beampatterns at 2000 Hz for the HRTF-based DMA with distortionless responses at 0, 

45, and 90 degrees using different values of β.  By using the HRTF in designing the DMA, the 

maximum response is not always at 0 degree, unlike for the free field design. In other words, there 

are amplifications in the response for some directions. As in the free field design, the null direction 

in the HRTF design is at 180 degrees over all frequencies when β is zero. However, for most other 

values of β, there may not be a corresponding null generated, as mentioned earlier, unlike the free 

field designs.  
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Figure 4.14: Beampatterns of the free field based DMA (a) with distortionless response at 0 degree, (b) with 
distortionless response at 45 degrees, (c) with distortionless response at 90 degrees. 
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Figure 4.15: Beampatterns of the HRTFs based DMA (a) with distortionless response at 0 degree, (b) with 
distortionless response at 45 degrees, (c) with distortionless response at 90 degrees. 

Overall signal amplification can potentially be generated from either the DMA/ADMA 

beamformers with non-frontal distortionless response or from the use DMA/ADMA with 

compensation gains. For example, when a compensation gain is applied to preserve the target level, 

if the amount of noise reduction achieved by the overall beamformer (pre-processor + binaural 

beamformer) is smaller than the amount of compensation gain to be applied, then there would be 

an overall signal amplification.  To consider this issue, an acoustic scenario with diffuse-like 

background noise has been used to illustrate the effect of the amplification.  
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The resulting amplification from the HRTF-based ADMA with distortionless response at 90 

degrees and the real-valued compensation gain has been tested under two acoustic scenarios with 

high levels of diffuse-like noise. The first acoustic scenario has a target at 90 degrees, interferers 

at 135 and 0 degree, and diffuse noise 5 dB below the target. The second acoustic scenario has a 

target at 90 degrees and diffuse noise at the same level of the target (no directional interferers have 

been added in this case). To measure the effect of the amplification on the noise components, 

background SNR-gain, the signal to interferer gain (SIR-gain), as well as the overall SNR-gain 

have been used as performance metrics. The background SNR-gain measures the attenuation of 

the diffuse-like background noise, while the SIR-gain measures the attenuation of the directional 

interferers.  

Under the first acoustic scenario,  Table 4.1 shows that using the HRTF-based ADMA with 

distortionless response at 90 degrees combined with the binaural MVDR 1+1 generates on the 

“good ear” (the ear on the same left or right hemisphere as the target): 

• global SNR-gain of 7.0dB  

• SIR-gain of 10.3dB 

• background SNR-gain of -0.3 dB  (noise amplification). 

The background noise amplification in this scenario would be more than compensated by the 

reduction of the interferers, as shown by the positive global SNR-gain. Furthermore, we observe 

that using HRTF-based ADMA with distortionless response at 90 degrees performs overall better 

than using the real-valued compensation gain.  

For the second acoustic scenario, where we have diffuse-like noise only, we can notice that 

using the HRTF-based ADMA with distortionless response at 90 degrees with the binaural MVDR 

1+1 produces a background SNR-gain of 1.3 dB (noise reduction), unlike the real-valued 

compensation gain. So overall, based on these scenarios, the HRTF-based ADMA with 

distortionless response performs well in terms of (low) noise amplification. As previously 

mentioned, this is the algorithm that will normally be used in the simulations for the rest of this 

work.    
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 Table 4.1: The amplification effect 

Pre-processor Binaural 
Overall SNR 
gain (high is 

good) 

Background 
Noise SNR-
gain (high is 

good)

SIR-gain, 
(high is good) 

SDR, (high is 
good) 

SDmag, (low 
is good) 

  L & R (R is 
“good ear”) 

L & R (R is 
“good ear”) 

L & R (R is 
“good ear”) 

L & R (R is 
“good ear”) 

L & R (R is 
“good ear”) 

Target at 90 degrees, interferers at 135 and 0 degree, and diffuse noise (5 dB below the target) 

ADMA-HRTF 
with 

distortionless 
response at 90 

degrees 

MVDR, 10.3 5.7 14.2 11.1 1.3 

2+0 1+1 
preprocessed 

7.0 -0.3 10.3 14.2 0.5 

ADMA (with 
+4.9 dB level 
adjustment) 

MVDR, 9.0 4.2 12.0 9.6 2.2 

2+0 1+1 
preprocessed 

4.9 -1.9 8.1 10.1 2.1 

Target at 90 degrees (white noise sources), and diffuse noise (at the same level of the target) 
ADMA-HRTF 

with 
distortionless 
response at 90 

degrees 

MVDR, 7.1 7.1 - 12.8 1.3 

2+0 1+1 
preprocessed 

1.3 1.3 - 15.5 0.5 

ADMA (with 
+4.9 dB level 
adjustment) 

MVDR, 5.5 5.5 - 11.8 2.4 

2+0 1+1 
preprocessed 

-0.5 -0.5 - 11.1 1.9 

 

 

 

 



78 | P a g e  

 

Chapter 5  Beamforming Algorithms Robust to Errors in 
the Estimate of Target Direction of Arrival 

5.1 Baseline Design  

One of the main objectives of this work is to design a binaural beamformer that is robust to 

errors in the estimates of target DOA and in the assumed target propagation model. In order to 

achieve this goal, we need first a good baseline, i.e., determine a good combination of binaural and 

monaural processing without the effect of target DOA mismatch.  

For the monaural beamforming, the HRTF-based ADMA will be used as a pre-processor since 

it has surpassed the other alternatives as we have discussed in Chapter 4. For the binaural part, it 

is expected that using the 1+1 with pre-processors microphone configuration, i.e., Figure 2.7, will 

lead to the best noise reduction for the cases without error in the target DOA estimation. This is 

because this configuration uses only the two monaural pre-processed signals as input signals to the 

binaural beamformer, unlike the 2+1 configurations in Figure 2.5 and Figure 2.6. In the latter 2+1 

configurations, there is at least one “raw” noisy signal as an input to the binaural beamformer. 

However, having only two input signals to the binaural beamformer will limit the number of 

constraints that can be used, which will lead to designs with less controllable beampatterns that 

are not robust to the target DOA mismatch. Figure 5.1 illustrates the potential frontal target DOA 

mismatch issue using the 1+1 binaural beamformer, where the larger microphone spacing for the 

binaural beamformer leads to more narrow beams, especially for high frequencies. A narrow beam 

response means sensitivity to target DOA mismatch at higher frequencies, i.e., target attenuation 

and reduced array gain.  
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Figure 5.1: Beampatterns for the binaural 1+1 MVDR with frontal target, 1 interferer with location varying 
from 0 to 360 degrees, and diffuse noise (-5dB lower than the target level). 

Figure 5.2 shows the generic structure that we will use in order to find the best baseline design 

for further development. Detailed simulation results (not presented here) have shown that 

separately removing back hemisphere noise sources with ADMA monaural pre-processing, and 

frontal hemisphere noise sources with binaural processing is a winning strategy (versus letting the 

binaural processing try to remove all sources at once). Different alternatives have been tested for 

the fixed beamformer (FB) block of the binaural beamformer in the GSC structure and for the 

Blocking Matrix (BM) in the GSC structure. These alternatives are the 1+1 MVDR, the 

1+1Constraint-only design, and the 1+1 “target equalize and average” (or 1+1 target equalize and 

subtract for the BM). When no BM and ANC unit are used, the FB block becomes a standalone 

beamformer. We will refer to the FB as the “standalone beamformer” in this text, whether or not 

there is a BM and ANC unit being used. For the standalone beamformer, as previously explained 

the 1+1 Constraint–only design is not expected to achieve a good level of noise reduction, as it is 

not adaptive to the noise or interferer characteristics. Moreover, it is not expected that the 1+1 
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target equalize and average beamformer will be one of the best alternatives, as it is also not 

adaptive to the noise or interferer characteristics. Therefore, in this work, the 1+1 MVDR with an 

adaptive estimation of the noisy signal correlation matrix is the best alternative that we have found 

for the standalone beamformer, and we will consider it for further simulations. We have also found 

that there is no significant benefit observed when combining any of the BM alternatives and the 

ANC unit to the MVDR 1+1 standalone beamformer (GSC architecture). This is justified 

theoretically because the GSC is one approach to implement a LCMV algorithm, which reduces 

to the MVDR algorithm in the case of 1+1 microphone configuration.   

Monaural pre-processing, left side

Monaural pre-processing, right side

ADMA
Left front mic.

Left rear mic.

• MVDR
• Constraint-only
• Equalization and 

average 

• MVDR
• Constraint-

only
• Equalization  

subtract

ANC

+
+

-

ADMA
Right front mic.

Right rear mic.

• MVDR
• Constraint-only
• Equalization 

and average 

• MVDR
• Constraint-

only
• Equalization  

subtract

ANC

+
+

-

LR
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 Lpre
RF
Rpre

LR
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 Lpre
RF
Rpre

RR
RF
Rpre
LF
Lpre

RR
RF
 Rpre
LF
Lpre

Right side 
binaural output

Left side 
binaural output

         

    

         

 

Figure 5.2: Generic structure for the designs not robust to target DOA mismatch  
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5.2 Characterization of Beamformer Non-robust to Target DOA 
Mismatch  

The design in Figure 5.3 will be used as a baseline design since it is one of the best designs in 

case of no target DOA mismatch, as discussed previously. In this design, the HRTF-based ADMA 

has been used as a monaural pre-processor, as it was found to have the best trade-off between noise 

reduction and target distortion. The MVDR 1+1 with an adaptive noisy correlation matrix 

estimation has been used for the binaural beamformer, as it is the most promising design in terms 

of noise reduction in the case of no target DOA mismatch. First we will focus on the acoustic 

scenarios of a near-frontal target (near the angle 0 degree of azimuth), where the location of the 

frontal target will be varied from -10 degrees to 10 degrees, while the beamformer designs will 

assume that the target is at 0 degree. This will allow us to evaluate the noise reduction performance 

and the robustness to errors in the estimated target DOA for the baseline approach. In order to 

investigate the performance of the design in Figure 5.3, assuming that the target is at 0 degree, 

with and without target DOA mismatch, three acoustic scenarios have been used with a near-

frontal target at 0, 5, or 10 degrees, and interferers at 45 and 225 degrees (white noise sources), as 

shown in Figure 5.4.  

Monaural pre-processing, left side

Monaural pre-processing, right side

ADMA
Left front mic.
Left rear mic.

1+1 MVDR 
(adapt. corr. 

matrix)

ADMA
Right front mic.
Right rear mic.

1+1 MVDR 
(adapt. corr. 

matrix)

LR
LF
 Lpre
RF
Rpre

RR
RF
Rpre
LF
Lpre

Right side 
binaural output

Left side 
binaural output

+10 
degrees 

-10 
degrees 

0 degree

(a) (b)

Target zone 

 

Figure 5.3: (a) Beamformers non-robust to target DOA mismatch, (b) MVDR design with one constraint at 0 
degree. 
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Hearing aid 
user 

(a) (b) (c)

Interferer at 
225° (-135)

 

Figure 5.4: Near-frontal target at 0, 5, or 10 degrees, interferers at 45 and 225 degrees, and no diffuse noise.  

The resulting noise reductions and target distortion measurements are shown in Figure 5.5, 

where there is deterioration in the performance for high frequencies as the target DOA mismatch 

increases. Figure 5.5 (a) illustrates that the reduction in SNR-gain as the target DOA mismatch 

increases from 0 degree to 10 degrees is more than 6 dB at some high frequency components 

(>1500 Hz). In terms of target distortion, Figure 5.5 (b) shows the reduction in the SDR 

measurement with 10 degrees DOA mismatch, which reaches 8 dB at some frequencies, i.e., more 

target distortion. A similar performance has been noticed in terms of SDmag: as the target DOA 

increases the SDmag also increases, i.e., more target distortion. Consequently, in this work we will 

refer to the design in Figure 5.3 (a) as a “Non-robust” design.  

Even without target DOA mismatch, i.e., target at 0 degree and the design assuming that the 

target is at 0 degree, the SDmag is not zero (e.g. the blue curve in Figure 5.5 (c)). This is mainly 

because of the effect of HRTF mismatch. The HRTF mismatch is generated from the difference 

between the dry HRTFs used in the beamforming design and the true reverberant HRTFs used to 

generate the direction sources signals in the acoustic scenarios.   
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Figure 5.5:  Performance in terms of (a) the SNR-gain, (b) the SDR,  and (c) the SDmag of the design 
non-robust to target DOA mismatch, under acoustic scenarios of Figure 5.4. 

 

The non-robust design has also been tested under more complex acoustic scenarios with near-

frontal target at 0, 5 or 10 degrees, while the design assumes a target at 0 degree, interferers at 45, 

-45, and 225 degrees, and a diffuse noise 14 dB lower than the target level (Figure 5.6).  

Degradation of performances in terms of SNR-gain, SDR, SDmag have also been noticed for the 

high frequencies, as the target DOA mismatch increases and as shown in Figure 5.7. It can be 

noticed that there is a high target distortion generated for low frequencies (<500 Hz). As previously 
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mentioned, regularization could be added to the ADMA pre-processor at low frequencies as in 

Figure 5.5 to reduce this target distortion. Since the main emphasis in this work is on the robustness 

to the DOA mismatch, i.e., effect of narrow beams at higher frequencies, several results presented 

in this work do not include the low-frequency regularization, but it can always be added to each 

case. 
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user 
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(a) (b) (c)

Interferer at 
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Interferer at 
315°(-45°)

Interferer at 
315°(-45°)

Interferer at 
315°(-45°)

 

Figure 5.6: Near-frontal target at 0, 5 or 10 degrees, interferers at 45,-45 and 225 degrees, with diffuse noise 
14 dB lower than target level. 

 



85 | P a g e  

 

 

Figure 5.7: Performance in terms of (a) SNR-gain, (b) SDR,  and (c) SDmag of the design non-robust 
to target DOA mismatch. 

 

For further characterization of the Non-robust baseline binaural MVDR 1+1 in the presence 

of DOA mismatch, three other acoustic scenarios with a non-frontal target at 45, 50, 55 degrees 

and two interferers at -45 and 135 degrees as in Figure 5.8 have been used for testing. White noise 

sources have been used to generate directional signals. For those acoustic scenarios, the design in 

Figure 5.3 (a) assumes that the target direction is at 45 degrees, by putting the constraint of the 

1+1 MVDR at 45 degrees as shown in Figure 5.9 (a). For those acoustic scenarios, a degradation 

of SNR gain can be observed as the target DOA mismatch increases. This degradation in the SNR-
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gain reaches 4-5 dB at some frequencies, as Figure 5.10 (a) shows. The target distortion in terms 

of SDR and SDmag at high frequencies also slightly increase, as shown in Figure 5.10 (b) and (c). 

Therefore, for target DOAs near 45 degrees there is also a need to design a robust beamformer to 

address the problem of performance degradation in terms of noise reduction and target distortion. 
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Figure 5.8: Non-frontal target at 45, 50, or 55 degrees, interferers at 315 (-45) and 135 degrees, and 
no diffuse noise. 
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Figure 5.9: (a) MVDR design with one constraint at 45 degrees, (b) MVDR design with one constraint at 90 
degrees. 
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Figure 5.10: Performance of 1+1 MVDR (non-robust) design to target DOA mismatch in terms of (a) SNR-
gain, (b) SDR, and (c) SDmag, target near 45 degrees. 

To characterize the performance of the design in Figure 5.3 (a) under acoustic scenarios with 

a lateral target, the three acoustic scenarios shown in Figure 5.11 have been used for simulations. 

The three acoustic scenarios have a target at 90, 95, 100 degrees, with two interferers at 0 and 135 

degrees. No diffuse noise has been added for these tests and white noise sources have been used 

to generate directional signals. The resulting performance metrics in Figure 5.12 show a more 

modest degradation of performance with target DOA mismatch in terms of SNR-gain, SDR, and 

SDmag, compared to a near frontal target and a near 45 degrees target cases in presence of target 

DOA mismatch. 
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Figure 5.11: Lateral target at 90, 95, or 100 degrees, interferers at 0 and 135 degrees, and no diffuse noise. 

 

Figure 5.12: Performance of binaural 1+1 MVDR in terms of (a) SNR-gain, (b) SDR, and (c) SDmag, target 
near 90 degrees. 
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This more modest degradation in the performance of the Non-robust baseline design (1+1 

MVDR) with near lateral target DOA is because of the wider beams over all frequencies as Figure 

5.13 illustrates. Therefore, target DOA mismatch has no significant effect on the target distortion 

and noise reduction performance of the 1+1 MVDR for a target around 90 degrees, as the binaural 

beampatterns already have a wide enough beam over all the considered frequencies. Attempts to 

design beamformer with wider beams would suffer from less noise reduction.  

 

Figure 5.13: Beampatterns of the MVDR 1+1 (no pre-processor), 1 interferer with location varying from 0 to 
360 degrees, and diffuse noise (-6dB), target at 90 degrees, right side. 

To sum up, there is a need to develop a design more robust to target DOA mismatch for 

acoustic scenarios with a target near 0 degree and near 45 degrees.  For acoustic scenarios with 

near lateral targets (near 90 degrees), there is a priori no need to increase the robustness of the non-

robust baseline 1+1 MVDR beamforming design.  
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 5.3 Beamformer Robust to Target DOA Mismatch 

5.3.1 Overview  

As previously mentioned, this work aims to provide new developments for a practical binaural 

beamformer with improved robustness to errors in the assumed target DOA and propagation 

model. This robustness is achieved by a minimal or reduced target distortion in terms of SDR and 

SDmag in a zone of ± 10 degrees around the expected target DOA in comparison with the 1+1 

MVDR benchmark design. At the same time, a significant interferers/noise attenuation in terms of 

SNR-gain outside the target zone should be achieved for different target directions and for all 

frequencies. The SNR-gain, SDR, SDmag are relative performance metrics. Therefore, the 

beamformer is considered robust if it outperforms the 1+1 MVDR benchmark in terms of SNR-

gain, SDR and SDmag.   

In order to attain a design that is robust to errors in the estimated target direction of arrival, 

the structure of the GSC beamformer will be considered; but with further developments on the 

standalone beamformer (FB block) and the BM block, as shown in Figure 5.14.  

For the monaural pre-processor in the GSC structure in Figure 5.14, the HRTF-based ADMA 

will be used for most of the cases, since it has showed better performance over the other monaural 

pre-processors in terms of noise reduction in the previous chapter. Nevertheless, in other cases 

(e.g. binaural beamformer using HRTFs for constraints in back hemisphere in a GSC-BM or in a 

source DOA detection system), HRTFs can be significantly modified by the pre-processing. For 

these cases, if adaptive pre-processing, i.e., ADMA is used, it will be not realistic to continuously 

transmit updated binaural HRTFs to the other side. Therefore, fixed pre-processors can then be 

used (with different pre-processors for different target angles). The monaural fixed MVDR 

beamformer for diffuse noise will be used for these cases. 

For the binaural standalone beamformer (or FB) in the GSC structure in Figure 5.14, the main 

alternatives to be considered are: 
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• LCMV 2+1 (with two preprocessed signals and one raw noisy signal as inputs) 

• Constraint-only design 2+1 (with two preprocessed signals and one raw noisy signal as 
inputs). 

The choice of the 2+1 microphone configuration is based on the fact that having more input 

microphones’ signals in the binaural beamformer allows to use more constraints than the 1+1 

microphone configuration, i.e., the configuration of the non-robust design, therefore it will be 

easier to achieve wider beam/wider notch designs.  

For the BM in the binaural GSC structure in Figure 5.14, the main alternatives to be considered 

are as follows: 

• Constraint-only design (binaural 2+1 with pre-processed inputs or with original inputs) 

• LCMV in target canceling mode (binaural 2+1 with pre-processed inputs or with original 
inputs) 

• MVDR in target canceling mode (binaural 1+1 with pre-processed inputs or with original 
inputs, binaural 2+1 with pre-processed inputs or with original inputs, or monaural 2+0 
with original inputs) 

• Monaural 2+0 blocking matrix with equalization coefficients 

• Monaural 2+0 ADMA in target canceling mode. 

In order to find the best setup in terms of robustness to target DOA mismatch and noise 

reduction, and to reduce the "branching factor" when investigating the large "tree of possibilities”, 

we will start by finding the best binaural standalone beamformer in the GSC structure, which 

demonstrate the best robustness to the DOA mismatch. In this step, the BM and the ANC blocks 

will be discarded. After that, the best design of the BM will be selected and used as input to the 

ANC, while the binaural standalone beamformer in the GSC structure will be discarded and “raw” 

front microphone noisy signals will be used instead. Finally, the developed binaural standalone 

beamformers, the developed BM, and the ANC blocks will be combined and tested as in Figure 

5.14.   
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Figure 5.14: General design for “wide beam” designs, and “wide notch” or adaptive null/notch designs for 
blocking matrix (BM). 

 

5.3.2 Standalone Binaural Beamformers 

Binaural beamformers with wider beams are required to have beamformers with extra 

robustness to target DOA mismatch. This can be achieved by using more than one constraint.  

Therefore, the 1+1 binaural beamformer configuration cannot be used, at least for frequencies 

where the narrow beam of binaural beamformers is an issue. In particular, the 1+1 binaural MVDR 

has only one constraint, which leads to a narrow beam at high frequencies, and the Constraint-only 

1+1 design cannot have two non-zero symmetric constraints to generate a wide beam, as it would 

lead to an omnidirectional-like response. Consequently, the most promising alternatives to have 

wider beams are the 2+1 LCMV binaural beamformer with two constraints and the 2+1 Constraint-

only binaural beamformer with three constraints.  The main drawbacks of the 2+1 pre-processed 

microphone configuration, however, is that one of the inputs is an unprocessed noisy signal, which 

contains back hemisphere noise removed by the monaural beamformers in the other pre-processed 
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input signals. This addition of an unprocessed noisy signal can prevent the binaural beamformer 

to focus on removing the remaining frontal hemisphere interferer sources, which can lead to less 

noise reduction than the 1+1 pre-processed microphone configurations. Figure 5.15 illustrates the 

main available options for the binaural standalone beamformer. The setup shown in Figure 5.15 

uses monaural pre-processed signals. Alternatively, original noisy microphone signals could be 

used, but it would lead to less noise reduction.  

As previously mentioned, the 2+1 pre-processed microphone configuration uses three input 

signals, one is a local monaurally pre-processed signal, the second is a wirelessly transmitted 

monaurally pre-processed signal, and the third is an unprocessed noisy signal. In the binaural  

beamformer, these signals have to be aligned in order to ensure no error from timing mismatch 

between different samples. In practice, there might be different types of delay between these 

signals; algorithmic delay, group delay, computational delay, and wireless link delay. The 

algorithmic delay or look ahead delay is zero samples in our design since the proposed algorithm 

is causal. The group delay is a fraction of a sample, as we experimentally observed. The 

computational delay, which is the required time (in clock cycles) of the CPU for processing, is not 

really considered in our proposed design as we assume the processor is powerful enough. The only 

delay which could affect our proposed design is a binaural wireless link delay, which should be 

small, i.e., a maximum of a few msec. and we assume to be ideal with zero delay in this work. Due 

to the aforementioned justification, the error from delay is considered to be negligible in our design 

for all of our practical purposes.   
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Figure 5.15: The main alternatives for the robust binaural standalone or FB beamformer design. 

 

As it was done previously, since it is a very important case for hearing aid users, we will first 

focus on the scenario with a target near the angle 0 degree of azimuth, where the location of this 

frontal target can be varied from -10 degrees to 10 degrees. The 2+1 LCMV has been tested with 

symmetric constraints from (1,-1 degrees) to (25,-25 degrees) under two acoustic scenario with: 

• near-frontal target at 10 degrees, interferers at 45 and 225 degrees, 

• near-frontal target at 10 degrees, interferers at 45, -45, and 225 degrees, and diffuse 

noise 14 dB than the target level.   

The best direction of the constraints has been found to be at (5,-5 degrees) in the middle of the 

near frontal target zone, as shown in Figure 5.16 (a). From simulation results (not presented here), 

we have found that the 2+1 LCMV always outperforms the corresponding 2+1 Constraint-only 

design with an additional zero constraint at 180 degrees, as shown in Figure 5.16 (b). This might 

be justified by three reasons; the first one is the nature of the 2+1 Constraint-only which does not 

minimize the output power or the output interferer/noise power, unlike the LCMV 2+1. The second 

reason is that with the 2+1 Constraint-only design, it is required to use the HRTFs for 180 degrees, 

which can be significantly modified by monaural beamformer pre-processing. Therefore, the fixed 

monaural MVDR should be used instead of the monaural ADMA pre-processor, as discussed 

previously. As we also showed previously, the fixed 2+0 MVDR monaural beamformer tuned for 
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diffuse noise has lower noise reduction abilities, which causes a reduction in the noise reduction 

performance. The third reason is that the monaural fixed MVDR can remove a lot of the back 

hemisphere noise around 180 degrees, but using a null constraints at 180 degrees in the binaural 

beamformer might not provide additional improvement in SNR-gain, since the back hemisphere 

noise at this direction is already reduced by the monaural per-processor.  

+10 
degrees 

-10 
degrees 

+5 degrees -5 degrees 

: Unity gain constraint 

: Null constraint 

+10 
degrees 

-10 
degrees 

+5 degrees -5 degrees 

180 degrees 

(a) (b)

Target zone Target zone 

 

Figure 5.16: The constraints directions of (a) LCMV and (b) Constraint-only designs. 

The resulting comparison between the performance of the “Non-robust” design in Figure 5.3 

and the performance of the robust design with wider beam beamformer using the 2+1 LCMV  for 

the binaural beamformer is shown in Figure 5.17 for a near frontal target at 10 degrees, and 

interferers at 45 and 225 degrees. At low frequencies (<1.5 kHz), it is noticeable that the 1+1 

binaural MVDR outperforms the 2+1 binaural LCMV (e.g. Figure 5.17 (a)) because the 1+1 

binaural MVDR beamformer does not use any noisy unprocessed signal as an input. There is no 

significant target DOA mismatch for those low frequency components (e.g. Figure 5.17 (b) and 

(c)). For high frequencies (>1. 5 kHz), the 2+1 binaural LCMV outperforms the 1+1 binaural 

MVDR because of its wider beam, despite using an unprocessed noisy input. Significant target 

attenuation has been generated by the 1+1 binaural MVDR, because of its narrowbeam response 
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at high frequencies, while the 2+1 binaural LCMV leads to a lower target distortion as shown in 

Figure 5.17 (b) and (c). To sum up, the “Non-robust” design using the 1+1 MVDR has too narrow 

beams in the target direction at high frequencies, which leads to target attenuation. On the other 

hand, the robust 2+1 LCMV design has a noisy input signal as one of its three inputs, which can 

limit the noise reduction. Therefore, the robust 2+1 LCMV design should be used at high 

frequencies, and it would be sensible to combine the method which perform better at low 

frequencies with the method is more robust at high frequencies. The cutoff frequency, i.e., subband 

to switch between methods, has been found experimentally from a trade-off between noise 

reduction and target distortion. The 8th subband (center frequency fc=1.75 kHz, bandwidth 1 kHz) 

was selected as the 1st band to use the 2+1 LCMV. The resulting robust scheme is shown in Figure 

5.18.  
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Figure 5.17: Performance of the non-robust 1+1 MVDR design and the robust 2+1 LCMV design. 
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Figure 5.18: Robust no GSC design. 

For more investigation of the proposed design in Figure 5.18, a frontal target at 10 degrees 

and interferers at 45 and 225 degrees have been used again for testing. The resulting “freq. 

dependent” robust design, which we will refer to as “Robust no GSC” design as it does not use the 

BM and ANC components of a GSC, has the same response as the non-robust 1+1  MVDR for the 

low frequency components. Improvements for the high frequency components are achieved by 

using the “Robust no GSC” robust design in terms of noise reduction (e.g. green curve in Figure 

5.19 (a)) and target distortion (e.g. green curve in  Figure 5.19 (b) and (c)). 

For cases with less target DOA mismatch such as an acoustic scenario with a frontal target at 

5 degrees and interferers at 45 and 225 degrees, the “Robust no GSC” design outperforms the 

“Non-robust” design in terms of noise reduction and target distortion, as shown in Figure 5.20. 

But it should be noted that with constraints at -5 and 5 degrees for the 2+1 LCMV, this setup with 

a frontal target at 5 degrees can be seen as a favorable scenario for the robust “Robust no GSC” 

design. 

 



99 | P a g e  

 

 

Figure 5.19: Performance comparison of non-robust 1+1 MVDR, robust 2+1  LCMV and “Robust no GSC” 
design for a target at 10 degrees in terms of (a) SNR-gain, (b) SDR, and (c) SDmag. 
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Figure 5.20: Performance comparison of non-robust 1+1 MVDR, robust 2+1  LCMV and “Robust no GSC”  

design for a target at 5 degrees in terms of (a) SNR-gain, (b) SDR, and (c) SDmag. 

For the case with no DOA mismatch in the 1+1 MVDR, such as an acoustic scenario with a 

frontal target at 0 degree and interferers at 45 and 225 degrees, the ‘Robust no GSC’ design still 

outperforms the “non-robust” design in terms of SNR-gain, SDR, and SDmag as shown in Figure 

5.21. This is because of another type of mismatch, which is the mismatch between the anechoic 

HRTFs used in the beamformer design and the mildly reverberant HRTFs used to generate the 
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directional sources. More investigations about robustness to HRTFs mismatch will be presented 

later in this chapter.  

 

Figure 5.21: Performance comparison of non-robust 1+1 MVDR, robust 2+1 LCMV and robust frequency 
dependent design for a target at 0 degree (no mismatch for MVDR 1+1) in terms of (a) SNR-gain, (b) SDR, 

and (c) SDmag. 
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Further validation of the proposed “Robust no GSC” design has been done under an acoustic 

scenarios with a non-frontal target at 55 degrees with a design assuming a target at 45 degrees and 

two interferers at – 45 degrees and 135 degrees. The 1+1 MVDR uses a constraint at 45 degrees 

and the 2+1 LCMV uses two unity constraints at 40 and 50 degrees, in the middle of the target 

zone for the 45 degrees target DOA. As before, using the “Robust no GSC” design enhances the 

robustness of the non-robust 1+1  MVDR design and increases the noise reduction abilities for the 

2+1 LCMV design, as shown in Figure 5.18.  Therefore, the “Robust no-GSC” design provides 

the best noise reduction and target distortion over the whole frequency range. 

 

Figure 5.22: Performance of non-robust 1+1 MVDR, robust LCMV 2+1 and the “ Robust no GSC” design in 
terms of (a) SNR-gain, (b) SDR,  and (c) SDmag for a target at 55 degrees (with target DOA mismatch). 
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compares the performance of the 2+1 LCMV with two pre-processed inputs and one noisy "raw" 

input, with constraints at 85 and 95 degrees, i.e. in the middle of the target zone, with the 

performance of the 1+1 MVDR with pre-processed inputs which assumes a target at 90 degrees. 

An acoustic scenario with a non-frontal target at 100 degrees, interferers at 0 and 135 degrees, and 

diffuse noise 14 dB below the target level has been used. From the resulting performance metrics, 

it is again noticeable that there is no extra benefit to be gained from using the 2+1 LCMV in terms 

of noise reduction (Figure 5.23 (a)) and target distortions (Figure 5.23 (b) and (c)). Therefore, for 

acoustic scenarios with near lateral target, 1+1 MVDR will be considered for more testing in 

section 5.4. 

 

Figure 5.23: Performance of MVDR 1+1 and LCMV 2+1 under acoustic scenarios with a target at 100 
degrees in terms of  (a) SNR-gain, (b)  SDR,  and (c) SDmag.  
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5.3.3 Robust Design with Blocking Matrix and ANC Unit 

In this section, further developments are done for the Blocking Matrix (BM) of the GSC 

structure, to improve its robustness to target DOA mismatch. To put more emphasis on the BM, 

the binaural standalone beamformer in the upper path of the GSC structure is first discarded, i.e., 

replaced by the raw noisy frontal microphone signals, as shown in Figure 5.24. However, the 

binaural standalone beamformer or FB beamformer will be added back later, for further analysis. 

As it was mentioned previously, several alternatives can be considered for the binaural BM in the 

GSC structure. Figure 5.14 shows some of the alternatives. The BM designs can be classified under 

two possible designs: fixed wide notch design and adaptive BM (ABM) with a narrow but adaptive 

notch location, using an adaptive null positioning process. 

The possible alternatives for the adaptive null positioning in the target-canceling mode are:  

1. LCMV binaural 2+1, 2 constraints in back and 1 adaptive null 

2. MVDR binaural 2+1, 1 constraint in back and 2 adaptive nulls 

3. MVDR binaural 1+1, 1 constraint in back and 1 adaptive null  

4. Monaural ADMA (1 adaptive null in front hemisphere) 

5. Monaural MVDR (1 constraint in back and 1 adaptive null) 

The possible alternatives for the fixed designs with a wide notch are: 

1. Constraint-only design (binaural 2+1, with 2 null constraints in front hemisphere and one 

unity constraint in the back hemisphere) 

2. Monaural BM with “target equalize and subtract” (1 null constraint).  

For most BM setups, inputs can be either original noisy signals as shown in Figure 5.24, or 

some pre-processed signals using a fixed monaural beamformer such as fixed 2+0 MVDR tuned 

to diffuse noise reduction, as discussed earlier. Better noise reduction abilities are expected to be 

achieved using the BM with adaptive notch, as it will have narrower beams. However, the fixed 

BM design with wide notch will guarantee less target leakage, which can lead to better target 

distortion measurements.   
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Figure 5.24: Robust blocking matrix in the GSC structure. 

For the ABM, such as the ABM using the 2+1 LCMV, additional processing is required to 

ensure that the "null" positioned by the beamformer is located at the direction of the target. This 

null positioning process relies on dynamic evaluations of the beampatterns at different frequencies 

and time-frames to detect the presence or absence of a notch at the estimated target directions. In 

case of absence of a null near the estimated target direction, then it is required to revert to a fallback 

fixed solution, for example, a design with a fixed but wide notch in the estimated target direction, 

or a previous version (set of coefficients) of the adaptive beamformer solution. The adaptive null 

positioning algorithm has been illustrated in Figure 5.25 based on the following process:   

1. Compute the beampattern at each subband and for each subband sample as in eq.(5.1). 
2

BM( , , ) | ( , ) ( , ) |HBP f t f t fθ θ= w d    (5.1) 

The beamforming coefficients BM ( , )f tw  of the beamformer in target cancelling mode are 
computed as explained in section 2.3. 
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2. Measure the depth of the null in the expected target zone target-zoneBP  (e.g., target-zoneθ between -10 

degrees to 10 degrees in case of an estimated frontal target around 0 degree). 

    target-zone target-zonem in ( ( , , ))BP BP f t
θ

θ=   (5.2) 

    
null target-zoneargmin( ( , , ))BP f t

θ
θ θ=    (5.3) 

3. Compute the beamforming coefficients ABM ( , )f tw  of the ABM using the following 
method: If the detected null nullθ  in the expected target zone is deep enough (20 dB lower 
than the max. gain in the hemisphere of the estimated target direction), the beamformer 
coefficients BM ( , )f tw  are copied to ABM ( , )f tw  and saved to be used as a fallback scenario 
in future time-frames at the same frequency component.  If the detected null in the expected 
target zone is not deep enough, then the method reverts to a fallback solution rev ( , )f tw : 

BM target-zone
ABM

rev

( , ) deep null in 
( , )

( , ) otherwise
f t

f t
f t

θ 
=  
 

w
w

w
  (5.4) 

The beamforming coefficients ABM ( , )f tw  are computed for the left and the right sides. The 

20 dB threshold for the depth of the null in the estimated target zone was experimentally 

adjusted based on the resulting noise reduction (SNR gain) and target distortion (SDmag) 

for different acoustic scenarios.  

4. If the detected null in the expected target zone is not deep enough, then the method finds 

whether the null has been detected at a previous time frame for this specific subband. If the 

null in the target zone has been detected previously, then the previously saved beamformer 

coefficients BM ( , ), 0f t i i− >w  are used. If the null in the target zone has not been detected in 

one of the previous time-frames at this specific frequency component, then some “initial 

condition” coefficients are used, i.e., a fallback design IC ( , )f tw  with a fixed 2+1 

constraint-based design and a wide notch in the estimated target direction. The fixed 2+1 

constraint-based design uses two null constraints in the middle of the expected target zone 

and one unity gain constraint in the back hemisphere, as we will illustrate later.  
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w
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  − >w

 (5.5) 
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Figure 5.25: Adaptive null positioning algorithm. 

 

Between all the different binaural adaptive blocking matrix (BM) options, the adaptive 2+1 

LCMV BM in target canceling mode provided the best performance. The adaptive monaural 
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ADMA and MVDR have a very wide notch, which can lead to undesirable removal of 

interference/noise from the front hemisphere in the BM output signal. Therefore, these approaches 

have lower noise reduction abilities. The binaural 2+1 MVDR has two adaptive nulls, which can 

also lead to undesirable removal of interference/noise from the front hemisphere in the BM output 

signal. Using monaurally pre-processed inputs did not show any benefit for the 2+1 LCMV BM. 

Therefore, noisy signals have been used as inputs to the ABM, which also avoids the issue of 

updating the binaural HRTFs (modified by the monaural preprocessors) before their use in the BM 

binaural beamformer. 

As a fallback option or “initial condition” option in the adaptive 2+1 LCMV BM target 

canceling scheme, the wide notch 2+1 Constraint-only design has been used. The 2+1 Constraint-

only design in the BM shows a better performance over the monaural BM design with target 

equalize and subtract. The latter design has a much wider notch than the constraint-only design, 

which leads to lower noise reduction abilities. The 2+1 Constraint-only design produces its best 

performance with two zero constraints in the middle of the expected target zone (e.g. at -5 and 5 

degrees in case of a near frontal target) and one constraint with gain of 1.0 in the back hemisphere 

(e.g. 180 degrees). Figure 5.26 shows examples of the online beampatterns generated by the 

adaptive null positioning algorithm for the ABM using the 2+1 LCMV. Figure 5.26 (a)  represents 

an example where the null is detected in the target zone and the beamforming process can complete 

normally. Figure 5.26 (b) represents another example where the null is detected outside the target 

zone, therefore, the null positioning algorithm reverts to another solution; either using the saved 

coefficients from the previous time frame, or using the beamforming coefficients of the fallback 

design, as shown in Figure 5.27. 
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Figure 5.26: Example of beampatterns ABM 2+1 LCMV at a) subband 10 b) subband 7 after 500 samples. 

 

(a) 

(b) 
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Figure 5.27: Example of initial condition beampattern with 2+1 Constraint-only design, at subband 7. 

First, a case with a near frontal target direction will be considered since it is an important case 

for hearing aid applications. Different locations for the constraints of the adaptive 2+1 LCMV BM 

have been tested. As an attempt to keep a strong level of interferer/noise signals different 

directions, three different cases have been considered. Figure 5.28 shows the locations of the 

resulting constraints for the 2+1 LCMV adaptive BM and the fallback 2+1 Constraint-only design. 

Case 1, with two constraints of unity gain at 135 and 225 degrees for the adaptive BM 2+1 LCMV, 

and two constraints of gain zero at + 5 degrees (in the middle of the target zone) and one constraint 

of unity gain at 180 degrees for the fallback 2+1 Constraint-only design, has been designed to 

achieve better estimation of the noise/interferers from the back hemisphere. Constraints at 105 and 

115 degrees for the adaptive 2+1  LCMV BM have been used in Case 2, as an attempt to extract 

front right interferers/noise, in addition to some of the back interferers/noise. For the fallback 

design in case 2, the unity gain constraint is at 110 degrees, i.e., in the middle between 105 and 

115 degrees, with two constraints of gain zero at + 5 degrees. Constraints at 245 and 255 degrees 

for the adaptive 2+1 LCMV BM have been used in Case 3 as an attempt to extract the front left 

interferers. In case 3, the fallback design has two constraints of gain zero at + 5 degrees and one 

constraint of unity gain at 250 degrees, i.e., in the middle between 245 and 255 degrees. 
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Figure 5.28 Constraints directions for the adaptive 2+1  LCMV in target canceling mode (first row), and for 
the fallback Constraint-only design in target canceling mode (second row), when the target is between -10 and 

10 degrees. 

Table 5.1 shows the performance of the Cases 1-3 for the blocking matrix under an acoustic 

scenario with a frontal target (English speaking male) at 10 degrees, interferers at 45, -45 and 225 

degrees, and diffuse noise 14 dB lower than the target level. The reasonably high SDR values for 

target distortion measurement demonstrate the robustness of the adaptive 2+1 LCMV BM design 

to the target DOA mismatch. Some informal listening tests also confirm this result. However, the 
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resulting BM outputs have different contents (and it is also possible to listen to these different BM 

output signals). Case 2 and Case 3 generated BM outputs with frontal interferers more audible than 

in Case 1. However, the back hemisphere interferer at 225 degrees remained dominant in all BM 

outputs.  

As we have mentioned above, for all cases the target distortion of the binaural outputs is fairly 

low. Therefore, the target components are well attenuated in the BM outputs, and the ANC unit 

does not produce much target cancellation. The SNR gains from the different cases are similar, but 

with variable intelligibility and binaural cues for each interferer in the binaural outputs. As a result, 

it is not easy to determine a “winner” between these three BM cases, and this is also probably 

dependent on the acoustic scenario considered and the directions of the different interferers. 

Moreover, the conducted tests were under static sources (no movement), and where the target 

speaker is active all the time, which can help the adaptive null positioning algorithm. Other 

conditions may possibly lead to other results or conclusions. 

Table 5.1: Performance of the three different BM designs in Figure 5.28 

Cases 
Pre-

processor 
Binaural Binaural SNR in SNR gain, SDR, 

  
Standalone 

beamformer
Blocking 
matrix 

L & R L & R 

L & R 
(high is 
better) 

Case 1 
none None 

LCMV 

(135/225) 
-5.7 4.3 8.8 

 2+1 -2.9 2.1 8.0 

Case 2 
none None 

LCMV 

(105/115) 
-5.7 3.8 9.1 

 2+1 -2.9 2.2 5.6 

Case 3 
none None 

LCMV 

(245/255) 
-5.7 5.5 6.2 

 2+1 -2.9 1.6 8.8 

If we consider the theoretical case of purely directional point sources, static and always active, 

in order for the ANC unit in the GSC structure to remove N-1 interferer sources from a mixture 

containing N sources, or equivalently, in order to extract a target source from a mixture of N 
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sources, the input of the ANC unit should consist of N-1 linearly independent mixtures of the 

interferer sources. In other words, the blocking matrix should provide N-1 linearly independent 

output signals. Any 2+1 LCMV BM design leads to one BM output. Combining the outputs from 

different 2+1 LCMV BM designs will produce more reference inputs for the ANC unit, and 

theoretically, each additional linearly independent interference/noise reference signal for the ANC 

unit will help in improving the noise reduction abilities of the GSC structure. Therefore, as an 

attempt to have independent mixtures of signals from all interferers at the input of the ANC, we 

have used the BM outputs of Case 2 and Case 3 as inputs to the ANC (Case 4 in Table 5.2) and 

the BM outputs of Case 1, Case 2, and Case 3 as inputs to ANC (Case 5 in Table 5.2), as shown 

in Figure 5.29.  
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Figure 5.29: GSC structure with three different adaptive BMs designs.                  

Using the same acoustic scenario with a frontal target (English speaking male) at 10 degrees, 

interferers at 45, -45 and 225 degrees, and diffuse noise 14 dB lower than target level, Table 5.2 

shows that the results for Case 4 and Case 5 for the BM part of the GSC structure are comparable 

to the previous results of Case 1, Case 2, Case 3. Therefore, under this specific acoustic scenario 
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considered, there is no benefit observed in generating additional BM outputs. This result may be 

justified in practice, since even with only one input signal in the GSC ANC, with adaptation it is 

possible for the ANC unit to focus on the locally dominant sources in each time-frequency bin (or 

each subband sample). Nevertheless, using more than one BM output is less likely to miss some 

interferer components at the ANC input, but this is at the cost of extra complexity.  

Table 5.2: Performance of the GSC structure using multiple BM outputs 

Cases 
Pre-

processor 
Binaural Binaural SNR in SNR gain, SDR, 

  
Standalone 

beamformer
Blocking 
matrix 

L & R L & R 

L & R 

(high is 
better) 

Case 4    

(2 BMs) 

none none LCMV -5.7 4.5 6.3 

 2+1 -2.9 1.7 7.8 

Case 5    

(3 BMs) 

none none LCMV -5.7 4.6 6.8 

 2+1 -2.9 2.0 7.2 

In order to have a design that is robust to the target DOA mismatch with good noise reduction 

abilities that are better than the benchmark design, as before a frequency dependent design is 

considered for further testing (Figure 5.30, with Case 5 in BM). For low frequency components 

(<1.5 kHz), the “Non-robust” design using the 1+1 binaural MVDR is used. For the high frequency 

components (> 1.5 kHz), the adaptive BMs using the 2+1 LCMV beamformers are used (Case 5). 

The monaural ADMA beamformer will take the role of the standalone beamformer in the GSC 
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structure for high frequency components, in order to enhance the noise reduction abilities for the 

high frequencies.  We will refer to the design in Figure 5.30 as the “Robust GSC” design. 
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Figure 5.30: Robust GSC design. 

For acoustic scenarios with a non-frontal target near 45 degrees, the “ Robust GSC” design in 

Figure 5.30 will be used but with different constraints directions. The constraints directions are 

illustrated in Figure 5.31.  
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Figure 5.31: Constraint directions for adaptive 2+1  LCMV BM in target canceling mode (first row) and for 
initial condition/fallback 2+1 Constraint-only design in target canceling mode (second row), target between 

35 and 55 degrees. 

 

5.3.4 Comparison of Robust Designs Developed 

In addition to the previously introduced “Robust no GSC” and “Robust GSC” frequency 

dependent designs, as an attempt to further increase performance or robustness, the 2+1 LCMV 

FB of the “Robust no GSC” (high frequencies) is also combined with the ABM 2+1 LCMV of the 

“Robust GSC” (high frequencies), as shown in Figure 5.32. We will refer to this design as “Robust 
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combination”. Therefore, in order to evaluate the robustness of the three proposed designs robust 

to target DOA mismatch, we compare the performance the “Non-robust” design (Figure 5.3), the 

“Robust no GSC” design (Figure 5.18), the “Robust GSC” design (Figure 5.30), and the “Robust 

combination” design (Figure 5.32).  
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Figure 5.32: Robust combination. 

The resulting comparison is shown in Figure 5.33 in terms of SNR-gain (noise reduction) and 

SDR and SDmag (target distortion) under the acoustic scenario in Figure 5.4 (c) with a target at 

10 degrees. Both the frequency dependent “Robust no GSC ‘design and the “Robust GSC” design 

improve the noise reduction and reduce the target distortion for the high frequencies (above 1-2 

kHz), compared to the “Non-robust” design. The “Robust combination” design does not provide 

less target attenuation or more noise reduction, and it is more complex. Therefore, the “Robust no 

GSC” design is the recommended method, since it is simpler and less susceptible to issues with 

moving sources, i.e., no adaptive null location control scheme is required. Further testing has been 

done under different acoustic scenarios such as an acoustic scenario with high level of diffuse 

noise, e.g., a near frontal target at 10 degrees and diffuse noise at the same level, and an acoustic 

scenarios with a near frontal target at 10 degrees, three interferers, and diffuse-like noise. The 

resulting performance (not shown in this document) confirmed again that the “Robust no GSC” 

design is the best option considering the performance in terms of noise reduction and target 

distortion, as well as considering the computational complexity. 
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Figure 5.33: Performance of Non-robust design, Robust no GSC, Robust GSC, and Robust combination. 

Further validation has been done under an acoustic scenario with a non-frontal target at 55 

degrees (Figure 5.8 (c)). The results in Figure 5.34 illustrate that the three proposed methods are 
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(a) 

(b) (c) 

102 103 104

Frequency(Hz)

-2

0

2

4

6

8

10

12

14

16

18

SNR gain dB per frequency

Non-robust
Robust no GSC
Robust GSC
Robust combination

102 103 104

Frequency(Hz)

0

2

4

6

8

10

12

SDmag dB per frequency

Non-robust
Robust no GSC
Robust GSC
Robust combination

102 103 104

Frequency(Hz)

0

2

4

6

8

10

12

14

16
SDR dB per frequency

Non-robust
Robust no GSC
Robust GSC
Robust combination



119 | P a g e  

 

 

Figure 5.34: Performance of the Non-robust, Robust no GSC, Robust GSC, and Robust combination designs 
in terms of (a) SNR-gain, (b) SDR,  and (c) SDmag with target at 55 degrees (with DOA mismatch). 
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GSC” does not improve the performance over using two pre-processed signals (and a third raw 

noisy signal). 

Since one of the goals of this work is to design beamforming algorithms that are robust to 

target DOA mismatch, we evaluate the performance in terms of SDR and SDmag to measure target 

distortion and in terms of SNR-gain to measure the noise reduction. Improving the intelligibility 

is out of the scope of this work, even though informal listening tests of the proposed algorithms 

showed good intelligibility even in multi-talker scenarios. In this work, we have not evaluated the 

intelligibility using objective metrics or formal listening tests, and this could be considered as a 

future work.   

5.4 Angle Dependent Characterization of Performance 

In this section, more performance characterizations of the proposed "Robust no GSC" design 

is performed using angle dependent SNR gain and target distortion metrics, i.e., SDR and SDmag. 

In the following simulation results, the “Robust no GSC” is compared with a “Non-robust” design 

that uses 1+1 binaural MVDR with two pre-processed inputs for all frequency components.  

5.4.1 Angle Dependent Measurements for Acoustic Scenario with Front/Near-

frontal Target 

Further analysis of the proposed “Robust no GSC “design has been done by computing array 

gains and target distortions in terms of SDmag and SDR with the following method:  

- Use a fixed target at 10 degrees (white noise source), with a beamformer design assuming 

0 degree (target DOA mismatch). 

- Use an interferer (white noise source) with a DOA set to angle values from 0 to 355 degrees 

(steps of 5 degrees, one fixed angle value for each array gain computation). 

- Compute the frequency domain SNR-gain, SDmag, and SDR. Then display them as a 

function of the interferer angle, for different frequencies.  
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The performance of both the “Non-robust” design and the “Robust no GSC” design has been 

compared in terms of the array gains for the left side (Figure 5.35) and the right side (Figure 5.36). 

At low frequencies, the Non-robust design and the Robust no GSC design lead to the same SNR 

gain performance for any interferer angle. This is normal, since the Robust no GSC design uses 

Non-robust design for those low frequencies. At high frequencies (> 1.5 kHz), the robust method 

with frequency-dependent mixing produces a better SNR gain for almost all interferer angles. 

The performance of both the “Non-robust” design and the “Robust no GSC” design is 

compared in terms of the target distortion (SDmag) for the left side (Figure 5.37) and the right side 

(Figure 5.38). At low frequencies, the “Non-robust” design and the “Robust no GSC” design lead 

to the same SDmag performance for any interferer angle. At high frequencies (> 1.5 kHz), the 

robust method with frequency-dependent mixing produces a significantly better SDmag for all 

interferer angles. Similar performance can be noticed in terms of SDR (Figure 5.39 and Figure 

5.40).  

 

Figure 5.35: Array gains of Non-robust design and Robust no GSC design for target at 10 degrees, 10 
degrees DOA mismatch, left side. 
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Figure 5.36: Array gains of Non-robust design and Robust no GSC design for target at 10 degrees, 10 
degrees DOA mismatch, right side. 
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Figure 5.37: Target distortion in terms SDmag for Non-robust design and Robust no GSC design for 
target at 10 degrees, 10 degrees DOA mismatch, left side. 

 

Figure 5.38: Target distortion in terms SDmag for Non-robust design and Robust no GSC design for 
target at 10 degrees, 10 degrees DOA mismatch, right side. 
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Figure 5.39: Target distortion in terms SDR for Non-robust design and Robust no GSC design for target 
at 10 degrees, 10 degrees DOA mismatch, left side. 

 

Figure 5.40: Target distortion in terms SDR for Non-robust design and Robust no GSC design for target 
at 10 degrees, 10 degrees DOA mismatch, right side. 

 

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)

SD
R(

dB
)



125 | P a g e  

 

Simulations using the same method but without target DOA mismatch have led to some 

interesting results. Figure 5.41 (for the left side) and Figure 5.42 (for the right side) show that even 

without target DOA mismatch, at the middle frequencies (1.5-4 kHz) there are angles where the 

“Robust no GSC” design, i.e., the wider beam design, still outperforms the “Non-robust” design 

in terms of array gains. In addition, at high frequencies this becomes true for most angles. In terms 

of target distortion, the “Robust no GSC” design outperforms the “Non-robust” design at high 

frequencies (>1.5 kHz) for almost all the interferers angles as Figure 5.43 to Figure 5.46 show. We 

can thus hypothesize that the wide beam design brings some robustness for another type of 

mismatch: the HRTF mismatch between “dry HRTFs” used in design and “reverberant HRTFs” 

used to create the directional components in the microphone signals. In order to investigate this 

hypothesis, more testing has been done without target DOA mismatch and without HRTF 

mismatch. 
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Figure 5.41: Array gains of Non-robust design and Robust no GSC design for target at 0 degrees without 
DOA mismatch, left side. 

 

 

Figure 5.42: Array gains of Non-robust design and Robust no GSC design for target at 0 degrees without 
DOA mismatch, right side. 

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)

SN
R-

ga
in

(d
B

)



127 | P a g e  

 

 

Figure 5.43: Target distortion in terms SDmag for Non-robust design and Robust no GSC design for 
target at 0 degrees without DOA mismatch, left side. 

 

Figure 5.44: Target distortion in terms SDmag for Non-robust design and Robust no GSC design for 
target at 0 degrees without DOA mismatch, right side. 
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Figure 5.45: Target distortion in terms SDR for Non-robust design and Robust no GSC design for target 
at 0 degrees without DOA mismatch, left side. 

 

Figure 5.46: Target distortion in terms SDR for Non-robust design and Robust no GSC design for target 
at 0 degrees without DOA mismatch, right side. 
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The results in Figure 5.47 to Figure 5.52 show that in the absence of both HRTF mismatch 

(i.e., signals generated with the same dry HRTFs as the ones used for beamformer designs) and 

target DOA mismatch, as expected the “Non-robust” design then outperforms the wide beam 

robust design. This is because in absence of impairments/mismatch the “Non-robust” design  

provides more noise reduction, since the binaural 1+1 MVDR that does not have a noisy raw signal 

as one of its inputs.  
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Figure 5.47: Array gains of Non-robust and Robust no GSC designs, without HRTF mismatch and without 
DOA mismatch, left side. 

  

Figure 5.48: Array gains of Non-robust and Robust no GSC designs, without HRTF mismatch and without 
DOA mismatch, with additional diffuse noise, right side. 
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Figure 5.49: Target distortion in terms of SDR of Non-robust and Robust no GSC designs, without HRTF 
mismatch and without DOA mismatch, left side. 

 

Figure 5.50: Target distortion in terms of SDR of Non-robust and Robust no GSC designs, without HRTF 
mismatch and without DOA mismatch, right side. 
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Figure 5.51: Target distortion in terms of SDmag of Non-robust and Robust no GSC designs, without HRTF 
mismatch and without DOA mismatch, left side. 

 

Figure 5.52: Target distortion in terms of SDmag of Non-robust and Robust no GSC designs, without HRTF 
mismatch and without DOA mismatch, right side. 
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5.4.2 Angle Dependent Measurements for Acoustic Scenario with Target 
at/near 45 Degrees 

Further characterization for the performance of the “Robust no GSC “design under acoustic 

scenarios with a target near 45 degrees is achieved by computing the array gains and target 

distortion in terms of SDmag and SDR for the “Robust no GSC” design and “Non-robust” 1+1 

MVDR design, using the same procedure as before. 

Array gains computed for the right side and the left side are shown in Figure 5.53 and Figure 

5.54, respectively. Since the acoustic scenario is for a target near 45 degrees, the right ear is the 

“good ear”. Therefore, the array gains and other target distortion measurements for the right side 

(the “good ear”) are more important than the left side measurements. At low frequencies, the “Non-

robust” 1+1 MVDR design and the “Robust no GSC” design lead to the same SNR-gain for any 

interferer angle. This is normal, since the “Robust no GSC” design is the same design as the “Non-

robust” 1+1 MVDR design for those frequency components. At high frequencies (> 1.5 kHz), the 

“Robust no GSC” design with frequency-dependent mixing produces a better SNR gain for almost 

all interferer angles, for the “good ear”.  

In terms of target distortion, i.e., SDmag (Figure 5.55 and Figure 5.56) and SDR (Figure 5.57 

and Figure 5.58), both the “Non-robust” 1+1 MVDR design and the “Robust no GSC” design show 

similar performance for low frequency components. For high frequencies (> 1.5 kHz), the “Robust 

no GSC” design produces a lower target distortion for most interfering angles.  
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Figure 5.53: Array gains of “Non-robust” 1+1 MVDR design and “Robust no-GSC” design for target at 
55 degrees, 10 degrees DOA mismatch, right side (good ear). 

 

 
Figure 5.54: Array gains of “Non-robust” 1+1 MVDR design and “Robust no-GSC” design for target at 

55 degrees, 10 degrees DOA mismatch, left side. 
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Figure 5.55: Target distortion in terms SDmag for Non-robust design and Robust no GSC design for 

target at 55 degrees, 10 degrees DOA mismatch, right side (good ear). 

 
Figure 5.56: Target distortion in terms SDmag for Non-robust design and Robust no GSC design for target at 

55 degrees, 10 degrees DOA mismatch, left side. 
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Figure 5.57: Target distortion in terms SDR for Non-robust design and Robust no GSC design for target 

at 55 degrees, 10 degrees DOA mismatch, right side (good ear). 

 
Figure 5.58: Target distortion in terms SDR for Non-robust design and Robust no GSC design for target 

at 55 degrees, 10 degrees DOA mismatch, left side. 
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Further characterization is also done without target DOA mismatch. Array gains are computed 

for the right side (Figure 5.59) and the left sides (Figure 5.60). Since the acoustic scenario is for a 

target at 45 degrees, the right ear is still the “good ear”. As before for low frequencies, the “Non-

robust” 1+1 MVDR design and the “Robust no GSC” design lead to the same SNR-gain for any 

interferer angle. For the “good ear”, at middle frequencies (1.5- 4 kHz) the “Robust no GSC” 

method with wide beam design and frequency-dependent mixing still produces a better SNR gain 

for most interferer angles, even without target DOA mismatch. Therefore, it means that the 

“Robust no GSC” design brings some robustness for the HRTF mismatch between “dry HRTFs” 

used in design and “wet” reverberant HRTFs used to create the directional components in the 

microphone signals. However, when the interferer is coming from directions near the target 

direction, i.e., around 45 degrees, the “Non-robust” 1+1 MVDR design produces slightly better 

SNR gain for high frequencies, since the “Robust no GSC” has a wider beam for those frequencies 

(and it cannot attenuate interferers near the target direction).  

In terms of target distortion, i.e., SDmag (Figure 5.61 and Figure 5.62) and SDR (Figure 5.63 

and Figure 5.64), both the “Non-robust” 1+1 MVDR design and the “Robust no GSC” design show 

similar performance for low frequency components, and in most cases the “Robust no GSC” design 

produces some slight improvements for high frequencies (> 1.5 kHz).  
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Figure 5.59: Array gains of “Non-robust” 1+1 MVDR design and “Robust no-GSC” design for target at 

45 degrees without DOA mismatch, right side (good ear). 

 
Figure 5.60: Array gains of “Non-robust” 1+1 MVDR design and “Robust no-GSC” design for target at 

45 degrees without DOA mismatch, left side. 
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Figure 5.61: Target distortion in terms SDmag for “Non-robust” 1+1 MVDR design and “Robust no 

GSC” design, right side (good ear). 

 
Figure 5.62: Target distortion in terms SDmag for “Non-robust” 1+1 MVDR design and “Robust no 

GSC” design, left side. 
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Figure 5.63: Target distortion in terms SDR for “Non-robust” 1+1 MVDR design and “Robust no GSC” 

design, right side (good ear). 

 
Figure 5.64: Target distortion in terms SDR for “Non-robust” 1+1 MVDR design and “Robust no GSC” 

design, left side. 
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5.4.3 Angle Dependent Measurements for Acoustic Scenario with Target 

at/near 90 Degrees 

In this subsection, the performance of the "Robust no GSC" is further characterized with a 

target at or near 90 degrees, and compared with the “Non-robust” 1+1 MVDR design. In particular, 

we want to evaluate the drop of performance if the "Robust no GSC" is used, i.e., if the "Robust 

no GSC" is used for any target direction, including for directions where it is not required.  To 

characterize the performance of the non-robust 1+1 MVDR design, its performance is compared 

with the “Robust no GSC “design under acoustic scenarios with a target near 90 degrees. Array 

gains are computed for the right side (Figure 5.65) and the left sides (Figure 5.66). Since the 

acoustic scenario is with a target near 90 degrees, the right ear is the “good ear”. Therefore, the 

array gains and other target distortion measurements for the right ear are more important than the 

left ear measurements. At low frequencies (< 1500 Hz) both the “Robust no GSC” and “Non 

robust” 1+1 MVDR designs have similar performance in terms of SNR gain, SDR, and SD mag. 

At high frequencies (> 1.5 kHz), the “Non robust” 1+1 MVDR  produce SNR gains improved by 

more than 1.5 dB for some interferer angles, over the “Robust no GSC”. However, at the left side 

(the weak ear), the “Non robust” 1+1 MVDR significantly outperforms the “Robust no GSC” 

design. In terms of SDmag (Figure 5.67 and Figure 5.68), both the “Non-robust” 1+1 MVDR  

design and the “Robust no GSC” design show similar performance for all frequency components, 

except for the high frequencies (>4 kHz) at the weak ear (left side), where the “Robust no GSC” 

method produces a lower target distortion. In terms of SDR (Figure 5.69 and Figure 5.70), both 

the “Non-robust” 1+1 MVDR design and the “Robust no GSC” design show similar performance 

for all frequency components.  

In the case of a near lateral target, considering the higher SNR gain of the “Non-robust” 1+1 

MVDR design for frequencies 1.5 kHz-4kHz (as well as for frequencies above 9kHz) on the strong 

side and for frequencies 1.5-12 kHz on the weak side, the use of the “Robust no GSC” algorithm 

for all target angles is not recommended.  
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Figure 5.65: Array gains of “Non-robust” 1+1 MVDR design and “Robust no GSC”  design, for target at 
100 degrees, 10 degrees DOA mismatch, right side (good ear).  
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Figure 5.66: Array gains of “Non-robust” 1+1 MVDR design and “Robust no GSC” design, for target at 
100 degrees, 10 degrees DOA mismatch, left side. 

 

 

Figure 5.67: Target distortion in terms SDmag for “Non-robust” 1+1 MVDR design and “Robust no 
GSC” design, for target at 100 degrees, 10 degrees DOA mismatch, right side (good ear). 
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Figure 5.68: Target distortion in terms SDmag for “Non-robust” 1+1 MVDR design and “Robust no 
GSC” design, for target at 100 degrees, 10 degrees DOA mismatch, left side. 

 

Figure 5.69: Target distortion in terms SDR for “Non-robust” 1+1 MVDR design and “Robust no GSC” 
design, for target at 100 degrees, 10 degrees DOA mismatch, right side (good ear). 
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Figure 5.70: Target distortion in terms SDR for “Non-robust” 1+1 MVDR design and “Robust no GSC” 
design, for target at 100 degrees, 10 degrees DOA mismatch, left side. 
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Figure 5.71: Array gains of “Non-robust” 1+1 MVDR design and “Robust no GSC” design, for target at 
90 degrees, without DOA mismatch, right side (good ear). 
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Figure 5.72: Array gains of “Non-robust” 1+1 MVDR design and “Robust no GSC” design, for target at 
90 degrees, without DOA mismatch, left side. 
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Figure 5.73: Target distortion in terms SDmag for “Non-robust” 1+1 MVDR design and “Robust no 
GSC” design, for target at 90 degrees, without DOA mismatch, right side (good ear). 

 

Figure 5.74: Target distortion in terms SDmag for “Non-robust” 1+1 MVDR design and “Robust no 
GSC” design, for target at 90 degrees, without DOA mismatch, left side. 
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Figure 5.75: Target distortion in terms SDR for “Non-robust” 1+1 MVDR design and “Robust no GSC” 
design, for target at 90 degrees, without DOA mismatch, right side (good ear). 

 

Figure 5.76: Target distortion in terms SDR for “Non-robust” 1+1 MVDR design and “Robust no GSC” 
design, for target at 90 degrees, without DOA mismatch, left side. 
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5.5 The Cut-off Target DOA Angle 

  Since we have already found two different designs robust to target DOA mismatch, i.e., 

“Robust no GSC” design for targets near 0 and 45 degrees, and “Non-robust” 1+1 MVDR design 

for lateral targets near 90 degrees, there is a necessity to find the cut-off target DOA angle where 

we can switch between those two designs. A comparison between the two designs using acoustic 

scenarios with different target DOAs has been performed. The two recommend designs have been 

tested under the following conditions:  

1. Non-frontal target at 75 degrees, designs assuming target at 65 degrees, interferers at -45 

and 135 degrees using white noise sources (Figure 5.77) 

2. Non-frontal target at 80 degrees, designs assuming target at 70 degrees, interferers at -45 

and 135 degrees using white noise sources (Figure 5.78) 

3. Non-frontal target at 85 degrees, designs assuming target at 75 degrees, interferers at -45 

and 135 degrees using white noise sources (Figure 5.79) 

The results in Figure 5.77 illustrate the better performance of the “ Robust no GSC” design 

over the “Non-robust” 1+1 MVDR design when the target is at 75 degrees while the assumed 

target DOA is 65 degrees. For the case with a target at 80, with 10 DOA mismatch, both designs 

show comparable performance as Figure 5.78 shows. For the case with a target at 85 degrees, with 

10 degrees target DOA mismatch, the results in Figure 5.79 show that the “Non-robust” 1+1 

MVDR design surpasses the “Robust no GSC” design. As a result, the “Robust no GSC” design 

is recommended be used for target DOAs of up to approximately 75 degrees.   



151 | P a g e  

 

 

Figure 5.77: "Robust no GSC design" and "Non-robust design" with target at 75 degrees, 10 degrees DOA 
mismatch. 

 

Figure 5.78: "Robust no GSC design" and "Non-robust design" with target at 80 degrees, 10 degrees DOA 
mismatch. 
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Figure 5.79: "Robust no GSC design" and "Non-robust design" with target at 85 degrees, 10 degrees DOA 
mismatch. 
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5.6 Conclusion  

For acoustic scenarios with a near frontal target or a near + 45 degrees target, the three 

developed setups robust to target DOA mismatch, namely “Robust no GSC”, “Robust GSC”, and 

“Robust combination”, have been tested and compared with the baseline “Non-robust” 1+1 

binaural MVDR design. The three robust designs outperform the “Non-robust” 1+1 MVDR design 

in terms of noise reduction and target distortion for high frequency components (>1500Hz), in the 

presence of DOA mismatch. Because of its simplicity and superior performance, the “Robust no 

GSC” design is the recommended design. The “Robust no-GSC” uses the 1+1 MVDR with pre-

processed inputs for low frequencies and the 2+1 LCMV with two pre-processed inputs and one 

raw noisy input for the high frequencies.  The “Robust no GSC” design has also been found to be 

robust to HRTF mismatch (in addition to target DOA mismatch). The “Robust no-GSC” is 

recommended to be used for acoustic scenarios with near frontal targets, with targets near + 45 

degrees, and overall with targets up to approximately + 75 degrees. 

For acoustic scenarios with targets approximately from 75 to 90 degrees, we found that the 

“Non-robust” beamformer design using the 1+1 MVDR with pre-processed inputs is robust to the 

target DOA mismatch. Considering the higher SNR gain of the “Non-robust” 1+1 MVDR design 

at higher frequencies, using the “Robust no GSC” algorithm for all target angles is not 

recommended.  
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Chapter 6  Binaural Cues Preservation for Beamforming 
Designs Robust to Target DOA Mismatch in Binaural 

Hearing Aids  

The proposed beamforming designs robust to estimation error in the target DOA have been 

designed to achieve the lowest attenuation of the target source signals and the best preservation of 

the binaural cues of the target components, in addition to noise and interference reduction. 

However, the spatial impressions of the directional interferers and the diffuse-like background 

noise are often changed after the proposed binaural processing. In fact, the hearing aid user can 

sometimes feel that all the acoustic sources are coming from the target direction. This change in 

the binaural cues of the acoustic sources reduces the intelligibility of the binaural hearing aid 

outputs and affect the perceptual separation abilities of the hearing aid user. In order to enhance 

the intelligibility of the binaural output signals for the proposed robust beamforming designs, 

methods that can better preserve the binaural cues for the directional interferers and the background 

noise will be included in the computation of the binaural outputs. By adding the binaural cues for 

the directional interferers and the background noise, we will preserve some of the spatial 

impression of the overall acoustic scenario, which will lead to binaural outputs that sound more 

natural, with a better ability for humans to perceptually focus on each acoustic source.  

To assess the cues preservation abilities of the proposed robust beamforming designs, 

performance metrics will be used based on the relative differences of angle or magnitude in dB 

between the signals at the left and the right ears on the azimuth plane. These measurements are the 

Interaural Phase Difference Error (IPD-error) and the Interaural Level Difference Error (ILD-

error) for the directional interferers and the Magnitude Squared Coherence Error (MSC-error) for 

the diffuse-like background noise, as previously described. The SNR-gain, SDR and SDmag will 

also still be used to evaluate the resulting noise reduction and target distortion abilities of the 

designed beamformers.  
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6.1 Coherence-based Classification and Mixing Binaural 
Beamforming (CCMBB) 

For better binaural cues preservation of the noise/interferer components in the designs robust 

to target DOA mismatch, an algorithm that is based on classification, selection, and mixing at each 

time-frequency (T-F) bin will be considered. In this work, we will modify the Coherence-based 

Classification and Mixing Binaural Beamforming (CCMBB) algorithm that we previously 

proposed in [57]. The complex coherence will be used as a classification criterion, as it gives the 

ability to exploit two classification decisions: one based on the magnitude and one based on the 

phase of the complex coherence between a pair of available signals from the left and right sides. 

The signals that are available for selection and mixing are the binaural beamformer outputs with 

reduced noise, the “raw” noisy signals from the left and right front microphones (with cues 

preserved), and possibly the outputs of a  “common gain” beamformer [60]. The outputs of a 

common gain beamformer have the binaural cues for the directional noise and the diffuse-like 

background noise preserved (as well as the target binaural cues). In addition, they have an 

intermediate level of noise reduction. However, a true common gain approach as in [60] is only 

suitable for a symmetric microphone configurations such as the 1+1 microphone configuration, 

where the same beamformer input signals are available on each side and a common microphone 

signal is used as the reference input on each side. Therefore, in this chapter we will not use the 

common gain outputs in the selection and mixing. More details about the use of the common gain 

in symmetric microphone configurations can be found in [57].   

 The complex coherence ,yfl zlC  is calculated between the left beamformer output ( , )lz f t  and a 

left signal with cues preserved (e.g. front microphone signal ( , )fly f t ), as in eq.(6.1): 

,
,

( , )
( , ) ( , )
yfl zl

yfl zl
yfl zl

P f t
C

P f t P f t
=   (6.1) 

with the following definitions: 
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( , ), ( , )zl yflP f t P f t : auto-PSDs of the front left microphone noisy signal and the left binaural 
beamformer output, respectively; 

, ( , )yfl zlP f t : cross-PSD between the front left microphone noisy signal and the left binaural 

beamformer output. 

The power spectral densities ( , )zlP f t , ( , )yflP f t  and , ( , )yfl zlP f t  are computed as the following: 

2( , ) {| ( , ) | }yfl flP f t E y f t=   (6.2) 

2( , ) {| ( , ) | }zl lP f t E z f t=    (6.3) 

*
, ( , ) {| ( , ) ( , ) |}.yfl zl fl lP f t E y f t z f t=   (6.4). 

A threshold value ( )lT f  is computed by taking the mean of the magnitude of the complex 

coherence over a time window of 200 ms at each frequency bin, i.e., each sub-band, as the 

following:  

,( ) ( ( , )).l yfl zlt
T f mean C f t=             (6.5) 

Alternatively, the threshold in (6.5) could be directly computed from a coherence evaluated 

over a 200 ms segment, which would have been a more mathematically rigorous approach. The 

coherence in (6.1) and (6.5) is computed from segments of 50 ms. 

 Equations from (6.1) to (6.5) are for the left side. The right side complex coherence is 

computed the same way, using right side available signals. For binaural cues preservation of a 

directional source, at low frequency components with wavelengths longer than the diameter of the 

head, the interaural phase difference (IPD) is more important than the interaural level difference 

(ILD). On the other hand, the ILD is more important for high frequencies with wavelength 

components smaller than the head diameter, i.e., for frequencies higher than 1500 Hz. In the 

proposed CCMBB, on each side for low frequency components (< 1500 Hz) the magnitude of the 

binaural output is simply the magnitude of the beamformer output (no mixing, no classification). 
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This is because the output magnitude does not play a role in preserving the phase-based IPD 

binaural cues of the interferers (important at low frequencies), and the magnitude-based ILD is not 

important at low frequencies. Therefore, the magnitude of the binaural output at low frequencies 

keeps the emphasis on interferers/noise reduction. This is one of the main changes over the 

previous version of our CCMBB algorithm in [57]. The analytical derivation and explanations 

provided here are also new. 

In the proposed CCMBB, on each side for high frequency components (> 1500 Hz) the phase 

of the binaural output is simply the phase of the beamformer output (no mixing, no classification). 

This is because the output phase does not play a role in preserving the magnitude-based ILD 

binaural cues of the interferers (important at high frequencies), and the phase-based IPD is not 

important at high frequencies. Therefore, the phase of the binaural output at high frequencies keeps 

the emphasis on interferers/noise reduction.  

Another type of binaural cues is considered for the preservation of the spatial impression of 

background diffuse noise: the Magnitude Squared Coherence (MSC). The above processing 

implies that in the proposed CCMBB the magnitude information of binaural output signals is 

considered to be less important for preservation of MSC at low frequencies, and that the phase 

information of binaural output signals is considered to be less important for preservation of MSC 

at high frequencies.  

Therefore, two classification and mixing systems need to be developed based on the complex 

coherence: one for the binaural output signal phase at low frequencies, and one for the binaural 

output signal magnitude at high frequencies. To better explain the rationale for the phase and 

magnitude classification performed at each T-F, a few additional equations are provided below. 

These equations are not required in the actual implementation of the CCMBB post-processor, 

unlike (6.1). For simplicity, the left l  and right r  indices are dropped in these equations since the 

same equation applies to each side, and the time (frame) and frequency indices are also dropped. 

As before, refx  represents the target component at the reference microphone, and we define   

ref ref refu v n= +  as the sum of the directional interferers components refv  and the diffuse noise 
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components refn  at the reference microphone. The corresponding components in the beamformer 

output signal are written as xz  and uz . Therefore, we have ref ref refy x u= +  as the noisy input signal 

at the reference microphone, and x uz z z= +  as the beamformer output, on each side and for each 

time and frequency bin.  

Considering z  and refy  as zero-mean random variables and using the polar notation for these 

variables, the complex coherence becomes as follows, where {.}E  refers to an averaging process 

over consecutive frames in each frequency bin: 

{ }
{ } { }

{ }
{ } { }

*

, 22

( ) ( )

2 22 2

x ref u ref

ref
z y

ref

j z x j z u
x ref u ref

x u ref ref

E zy
C

E z E y

E z x e z u e

E z z E x u

∠ −∠ ∠ −∠

=

+
=

+ +

                  (6.6). 

The last part of (6.6) assumes that components from the target signal refx  and components 

from the “interferers plus diffuse noise” signal refu  are uncorrelated. Next, if a target distortionless 

response is assumed for the beamformer, i.e., x refz x= , (6.6) becomes: 

{ }
{ } { }

2 ( )

, 2 2 22

u refj z u
ref u ref

z y

ref u ref ref

E x z u e
C

E x z E x u

∠ −∠+
=

+ +
       (6.7). 

At low frequencies, a larger phase change | |u refz u∠ − ∠  between the input and output 

interferers/noise components is more likely to lead to distortion of interferers/noise IPD binaural 

cues between the left and right binaural outputs, because such changes do not occur symmetrically 

in the beamformer on each side of a binaural system. Similarly, at high frequencies a larger 

magnitude change | | | |u refz u−  between the input and output interferers/noise components (i.e., a 

larger interferers/noise reduction) is more likely to lead to distortion of interferers/noise ILD 
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binaural cues between the left and right binaural outputs. Evaluating from (6.7) the impact on ,z yC  

of different u refz u∠ − ∠  phase changes and different interferers/noise reduction levels, we can then 

use ,z yC  as a classification criterion for the CCMBB binaural output phase at low frequencies, 

where IPD is important. Likewise, evaluating from (6.7) the impact on ,z yC  of different 

| | | |u refz u−  magnitude changes and different interferers/noise reduction levels, we can then use 

,z yC  as a classification criterion for the CCMBB binaural output magnitude at high frequencies, 

where ILD is important.  

First, we consider the effect of the phase change u refz u∠ − ∠  for some important cases. The 

effect is more directly observed on the coherence phase value ,z yC∠ . From the numerator of (6.7)

, we see that a small coherence phase value ,z yC∠  occurs if there is a small phase change 

| |u refz u∠ − ∠  (regardless of the interferers/noise reduction level, i.e., level of uz  relative to refu  

and refx ). Another case where a small coherence phase value ,z yC∠  occurs is when there is a 

large u refz u∠ − ∠  phase change with a strong interferers/noise reduction ( uz  small relative to refu  

and refx ). A case producing a large coherence phase value ,z yC∠  is when a large u refz u∠ − ∠  

phase change is combined with weak interferers/noise reduction ( uz  level similar to refu  and 

refx  levels).  

Since the case with a large coherence phase value ,z yC∠  mentioned above includes both weak 

interferers/noise reduction and increased risk of binaural IPD cues distortion (from the large 

u refz u∠ − ∠  phase change), the CCMBB does not use the beamformer output phase in such case. 

However, to avoid losing cases with good interferers/noise reduction levels, the CCMBB keeps 

the beamformer output phase for smaller values of ,z yC∠  (which includes some cases with good 

or weak amount of interferers/noise reduction, as well as large or small u refz u∠ − ∠ ). The resulting 

set of equations for the CCMBB binaural output phase component at low frequencies is:  
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,
,

,

( ( , )), | ( ( , )) |
( ( , ))

( ( , )), | ( ( , )) |
zl yl

m l
l zl yl

ly f t C f t
z f t

z f t C f t
μπ
μπ

∠ ∠ >∠ = ∠ ∠ ≤

   
    

  (6.8) 

,
,

,

( ( , )), | ( ( , )) |
( ( , ))

( ( , )), | ( ( , )) |
zr yr

m r
r zr yr

ry f t C f t
z f t

z f t C f t
μπ
μπ

∠ ∠ >∠ = ∠ ∠ ≤

   
      (6.9). 

The threshold value is a tunable parameter μπ (0<μ<1), where a lower µ leads to lower IPD 

binaural cues errors (and lower MSC errors), but also to lower interferers and diffuse noise 

reduction. A value of µ = 0.1 has been found to provide satisfactory experimental results in our 

simulations.  

Next, we consider the effect of the magnitude change | | | |u refz u−  for some important cases. 

The effect is more directly observed on the coherence magnitude value ,z yC . From (6.7), we see 

that a case producing a smaller coherence magnitude value ,z yC  is when there is good 

interferers/noise reduction performance (small uz  level relative to refu  and refx , and therefore 

large | | | |u refz u− ). On the other hand, if | | | |u refz u−  is small (weak interferers/noise reduction, 

uz  level similar to refu  and refx  levels), the value of ,z yC  depends on the u refz u∠ − ∠  phase 

change: if there is a large u refz u∠ − ∠  phase change it leads to a smaller coherence magnitude value 

,z yC , and if there is a small u refz u∠ − ∠  phase change it leads to a larger coherence magnitude 

value ,z yC  (closer to 1.0).  

We note that unlike the low frequency classification with coherence phase value ,z yC∠  

considered earlier, here there is no case which has both a weak interferers/noise reduction and an 

increased risk of binaural cues distortion (i.e., a higher risk of binaural ILD cues distortion from a 

large magnitude change | | | |u refz u− ). This is because by definition  | | | |u refz u−  is indicative at 

the same time of the interferers/noise reduction level (a larger value of | | | |u refz u−  is better) and 

the risk of binaural ILD cues distortion (a smaller value of | | | |u refz u−  is better). Therefore, the 

approach proposed for the CCMBB binaural output magnitude at high frequencies is less drastic 

or less binary than the previous approach for the CCMBB binaural output phase at low frequencies, 
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and it involves mixing together the beamformer output magnitude and the noisy reference input 

magnitude. The resulting set of equations for the binaural output magnitude at high frequencies is 

(at each T-F bin): 

,

,
,

if | ( , ) | ( )
| ( , ) | (1 ) | ( , ) |

| ( , ) |
if | ( , ) | ( )

(1 ) | ( , ) | | ( , ) |

zl yl l

l l
m l

zl yl l

l l

C f t T f
z f t y f t

z f t
C f t T f

z f t y f t

α α

α α

<
 + −=  ≥
 − +

    

    
   (6.10) 

,

,
,

if | ( , ) | ( )
| ( , ) | (1 ) | ( , ) |

| ( , ) |
if | ( , ) | ( )

(1 ) | ( , ) | | ( , ) |

zr yr r

r r
m r

zr yr r

r r

C f t T f
z f t y f t

z f t
C f t T f

z f t y f t

α α

α α

<
 + −=  ≥
 − +

    

    
    (6.11). 

The mixing parameter α  (0 ≤ α  ≤ 1) affects the trade-off between the level of 

interferers/noise reduction and the preservation of the binaural ILD cues. As described in an earlier 

paragraph, the case with a good level of interferers/noise reduction occurs for a smaller value of  

,z yC , and to preserve this case the CCMBB selects the condition with ,z yC  lower than a threshold 

T as the condition which puts more weight on interferers/noise reduction, i.e., more weight on the 

magnitude of the beamformer output. This is at the expense of increasing the risk of binaural ILD 

cues distortion. To help the balance and keep the binaural ILD cues distortion at a reasonable level, 

for the alternate condition with ,z yC  higher than a threshold T, the CCMBB puts more weight on 

the preservation of the binaural ILD cues, i.e., more weight on the magnitude of the noisy reference 

input signal. Essentially this simply means using a value α > 0.5 in eq.(6.10) and eq.(6.11). This 

approach has been validated in our experiments, where it was found that a value of α= 0.7 provided 

satisfactory experimental results (the best overall trade-off between interferers/noise reduction and 

ILD distortion). 

As it was mentioned previously, some neurological studies showed that the ITD is used for 

low frequencies by measuring the IPD between the left and right signals as we did in our work and 

for high frequencies by extracting the time differences of the onset of the amplitude envelopes 

instead of the time differences of the waveforms within the envelopes. The latter measurement is 

called envelope ITD cue or onset ITD cue. However, several psychophysical studies summarized 
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in [81] and [84] showed that in human spatial hearing the IPD is more important than the envelope 

ITD cue (or onset ITD cue). The envelope ITD cue has limited efficacy for broadband acoustic 

scenarios in normal spatial hearing.  

 This work is dedicated to preserve the following binaural cues: ILD (for high frequencies), 

IPD (for low frequencies), and MSC. Other cues such as monaural cues are out of the scope of this 

work.  The spectral shaping effect of the pinna as well as the torso is an example of the monaural 

cues. Head, pinna, and torso act as direction-dependent frequency filters for the received sound. 

Consequently, a listener can distinguish the elevation of the received signal as well as if the 

received signal is coming from the front direction (at 0 degrees) or the back direction (at 180 

degrees). The onset is an important element to measure the envelope ITD cue (or the onset ITD 

cue). Several studies have investigated onset detection techniques for acoustic scenarios in 

different noise levels such as the work in [85]. However, these studies are outside the scope of this 

work.   

6.2 Designs Robust to Target DOA Mismatch with CCMBB post-
processor  

The post-processor for binaural cues preservation will be combined with the beamforming 

designs that have showed the best robustness to target DOA mismatch. For near frontal target 

acoustic scenarios and for near 45 degrees target acoustic scenarios, to have the robustness of the 

“Robust no GSC” design to target DOA mismatch and the capability of the CCMBB to preserve 

the binaural cues for the acoustic scene components, we have combined the “Robust no GSC” and 

the CCMBB method as shown in Figure 6.1. The CCMBB uses the beamformer outputs and the 

front microphones noisy signals for mixing and selecting. For near 90 degrees target acoustic 

scenarios, the binaural cues will be added to the “Non-robust” 1+1 MVDR design using the 

CCMBB (Figure 6.2). 



163 | P a g e  

 

ADM
A

Left front m
ic.

Left rear m
ic.

2+1 LCM
V 

ADM
A

Right front m
ic.

Right rear m
ic.

2+1 LCM
V 

LRLF Lpre
RFRpre

RRRFRpre
LFLpre

Right side 
binaural 
output

Left side 
binaural 
output

Right side processingLeft side processing

Classification and 
mixing 

Classification and 
mixing 

ADM
A

Left front m
ic.

Left rear m
ic.

1+1 M
VDR

ADM
A

Right front m
ic.

Right rear m
ic.

1+1 M
VDR

LRLF Lpre
RFRpre

RRRFRpre
LFLpre

Right side 
binaural 
output

Left side 
binaural 
output

Classification and 
mixing 

Classification and 
mixing 

Right side processingLeft side processing

Low Frequencies 
( <1500 Hz) 

High Frequencies 
( >1500 Hz) 

 

Figure 6.1: Robust no GSC design with CCMBB. 
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Figure 6.2: “Non robust” 1+1 MVDR with CCMBB. 

To assess the performance of the proposed “Robust no GSC with CCMBB” in preserving the 

cues, and evaluate the effect of adding the cues on the noise reduction and the target distortion, a 

scenario with target DOA mismatch has been generated for testing. The resulting comparison of 

the performances of the “Non-robust” design (Figure 5.3), the “Robust no GSC” (Figure 5.18) and 

the “Robust no GSC with CCMBB” (Figure 6.1) has been done under an acoustic scenario with a 

near-frontal target at 10 degrees (assumed to be at 0 degree by the non-robust algorithm), two 

interferers at 45 and 225 degrees, and diffuse-like background noise (14 dB below target level). 

An English male speaker is used for the target source, while a Catalan female speaker and an 

English female speaker are used for the interfering sources.  Figure 6.3 shows an improved 

performance for the “Robust no GSC with CCMBB” design in terms of the IPD-error, ILD-error, 

and MSC -error. For the IPD-error, MSC-error and ILD-error, lower values indicate better binaural 

cues preservation. In this figure (and other IPD-error, ILD-error, and MSC-error figures), it should 

be kept in mind that the IPD and the MSC are relevant for the low frequency components up to 
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1500 Hz, while the ILD is relevant for the high frequency components above 1500 Hz. The 

“Robust no GSC with CCMBB” significantly enhances the binaural cues preservation for the low 

frequencies in terms of IPD-error and MSC-error compared with the “Non-robust” and the “Robust 

no GSC” design. It also enhances ILD-error preservation compared to the “Robust no GSC”. The 

“Robust no GSC with CCMBB” also improves the robustness to target DOA mismatch at high 

frequencies in terms of SDR and SDmag as shown in Figure 6.4 (b) and (c). However, the “Robust 

no GSC with CCMBB” introduces a small degradation in SNR-gain for some frequencies, as can 

be seen by comparing the black and the blue curves in Figure 6.4 (a). As a result, adding the 

CCMBB as a post processor to the “Robust no GSC” enhances its ability in preserving some of 

the binaural cues in terms of IPD, ILD and MSC. It is noticeable that preserving the binaural cues 

in terms of ILD is more challenging than preserving the binaural cues in terms of IPD and MSC, 

since the ILD is directly related to the noise attenuations in terms of SNR-gain. In other words, 

there is always a tradeoff between preserving the cues in terms of ILD and noise attenuation. It is 

also worth mentioning that the performance metrics used in this work such IPD-error, ILD-error, 

MSC-error, SNR-gain, SDR and SDmag are relative measurements.   
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Figure 6.3: Effect of adding cues to the “Robust no GSC” design with near frontal target and DOA mismatch,  
in terms of (a) IPD-error, (b) MSC-error, (c) ILD-error. 
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Figure 6.4: Effect of adding cues to the “Robust no GSC” design with near frontal target and DOA mismatch, 
in terms of (a) SNR-gain, (b)SDR, (c) SDmag. 

Simulations have also been completed for an acoustic scenario with no target DOA mismatch. 

A frontal target at 0 degree, two interferers at 45 and 225 degrees, and diffuse noise 14 dB below 

the target level has been used in this case. Figure 6.5 shows that the “Robust no GSC with 

CCMBB” again significantly enhances the cues preservations in terms of IPD-error, MSC-error, 

and ILD-error compared with the “Robust no GSC” and the “Non-robust” designs. Since there is 

no target DOA mismatch, the “Non-robust” design outperforms the other designs in terms of noise 

reduction (for frequencies above 1.5 kHz) as shown in Figure 6.6 (a). However, the “Robust no 

GSC with CCMBB” still provides less target distortion/attenuation for frequencies above 1.5 kHz 

in terms of SDR and SDmag, as shown in Figure 6.6 (b) and (c). This result can be explained by 

the presence of the other type of mismatch, i.e., HRTF mismatch between the dry HRTFs used in 
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the design of the beamformer and the reverberant HRTFs used to generate the different signals in 

the simulations.  

 

 

 

Figure 6.5: Effect of adding cues to “Robust no GSC” design frontal target without DOA mismatch, in terms 
of (a) IPD-error, (b) MSC-error, (c) ILD-error. 
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Figure 6.6: Effect of adding cues to “Robust no GSC” design frontal target without DOA mismatch, in terms 
of (a) SNR-gain, (b) SDR, (c) SDmag. 

Since the “Robust no GSC” design has also demonstrated a robustness to target DOA 

mismatch for acoustic scenarios with targets near 45 degrees, we have also studied its performance 

when combined with the CCMBB, as shown in Figure 6.1, under an acoustic scenario with a target 

near 45 degrees. The design criteria for the “Robust no GSC” is shown in Figure 6.7, where the 

target is assumed to be at 45 degrees. 
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Figure 6.7: Design criteria of “Robust no GSC” for targets at/ near 45 degrees. 

Comparisons are performed for an acoustic scenario with a non-frontal target at 55 degrees 

(assumed to be at 45 degrees by Non-robust design), interferers at - 45 and 135 degrees, and diffuse 

noise 14 dB below target level. The results are shown in Figure 6.8 and Figure 6.9. Here the 

CCMBB has also been combined with the “Non-robust” design, in addition to the “Robust no 

GSC” design. This is because the “Non-robust” design performs better in the case of a near 45 

degrees target DOA than in the case of a near frontal target DOA. Figure 6.8 shows that using the 

CCMBB enhances cues preservations in terms of ILD-error, MSC-error, and IPD-error for both 

the “Robust no GSC” design and the “Non-robust” design. Using the CCMBB with the “Robust 

no GSC” and the “Non-robust” design also improves the robustness to target DOA mismatch for 

the SNR-gain between 1.5 and 5 kHz, and for SDR and SDmag for frequencies higher than 1.5 

kHz, as Figure 6.9 shows. However, the “Robust no GSC with CCMBB” design still outperforms 

the “Non-robust with CCMBB” design. The improvement in the SNR-gain of the beamformer 

outputs generated using the CCMBB (e.g. improvement from black curve in Figure 6.9 (a) to blue 

curve) is because of the nature of the CCMBB algorithm, which mixes the magnitude of the noisy 

signals with no target attenuation while keeping the phase of the beamformer output. Therefore, 

using the CCMBB can improve the performance for frequencies where a design is not performing 

well in terms of the target distortion and noise reduction. For low frequencies (< 1500 Hz), using 

the CCMBB (green curve/blue curve in Figure 6.9 (a)) introduces a small drop in the SNR-gain.  
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Figure 6.8: Effect of adding cues to “Robust no GSC” design with a non-frontal target at 55 degrees and DOA 

mismatch,  in terms of (a) IPD-error, (b) MSC-error, (c) ILD-error. 
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Figure 6.9: Effect of adding cues to “ Robust no GSC” design with a non-frontal target at 55 degrees and 
DOA mismatch,  in terms of (a) SNR-gain, (b)SDR, (c) SDmag. 

A non-frontal target acoustic scenario with no target DOA mismatch was also considered to 

evaluate the performance of the aforementioned designs. For these evaluations, a non-frontal target 

at 45 degrees (no DOA mismatch), interferers at -45 and 135 degrees, and diffuse noise 14 dB 

below the target level have been used. Figure 6.10 shows that using the CCMBB to add some 

binaural cues to the “Robust no GSC” or “Non-robust” designs enhances the cues preservations in 

terms of ILD and MSC, while the IPD performance is comparable for all the considered designs 

for this scenario. Figure 6.11 demonstrates some common trends with the previous cases that had 

DOA mismatch, such as improvement in SDR and SDmag for high frequencies (>1500 Hz) using 

the CCMBB, at the cost of losing some SNR-gain at some frequencies.  
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Figure 6.10: Effect of adding cues to “Robust no GSC”  and “Non-robust” designs, target at 45 degrees 
without DOA mismatch, in terms of (a) IPD-error, (b) MSC-error, (c) ILD-error. 
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Figure 6.11: Effect of adding cues to “Robust no GSC”  and “Non-robust” designs, target at 45 degrees 
without DOA mismatch, in terms of (a) SNR-gain, (b) SDR, (c) SDmag. 

For target DOAs near 90 degrees, the binaural cues will be added to the “Non robust” 1+1 

MVDR design using the CCMBB, as it is shown in Figure 6.2. An acoustic scenario with a non-

frontal target at 100 degrees, interferers at 0 and 135 degrees, and diffuse noise 14 dB below the 

target level has been used. Using the CCMBB to add the binaural cues enhances cues preservations 

for the “Non-robust” 1+1 MVDR design in terms of ILD-error, IPD-error and MSC-error, as 

shown in Figure 6.12. By adding the cues with the CCMBB to the “Non-robust” 1+1 MVDR 

design, target distortion/attenuation is also improved at the cost of losing some SNR-gain at the 

same frequencies, as shown in Figure 6.13.  
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Figure 6.12: Effect of adding cues to “non-robust” 1+1 MVDR design with target near 90 degrees and DOA 
mismatch, in terms of (a) IPD-error, (b) ILD-error, (c) MSC-error. 

 

(a) (b) 

(c) 



176 | P a g e  

 

 

 

Figure 6.13: Effect of adding cues to “non-robust” 1+1 MVDR design with target at 90 degrees and no DOA 
mismatch, in terms of  (a) SNR-gain, (b) SDR, (c) SDmag 
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Non-robust” 1+1 MVDR  for acoustic scenarios with target DOA between 75 degrees and 90 

degrees. The resulting binaural output signals have better noise/interferers cues preservation, 

compared to the robust beamformer outputs. In addition, there remains a significant noise 

reduction compared to the original noisy signals, and in some cases there is even more robustness 

to target DOA mismatch compared to the plain robust beamformer designs.  
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Chapter 7  Beamformer-based Multi-source DOA 
Detection Systems 

7.1 Overview  

An estimation of the target signal DOA should be available in order to design a beamformer 

that is capable of extracting the desired signal coming from specific directions while attenuating 

the directional interferers and the diffuse-like background noise coming from other directions. In 

the previous chapters, an estimation of the target signal DOA was assumed to be available. 

Therefore, there is a need to develop methods that are capable to estimate sources DOA. In this 

chapter, we are interested in broadband source DOA estimation, i.e., using information from 

different frequencies or sub‐bands to obtain global estimates of sources DOAs. A beamformer-

based multisource DOA detection system, which could be integrated later with the proposed robust 

beamforming designs, is developed. As our adaptive null positioning algorithm proposed in an 

earlier chapter has shown its abilities to block the target coming from different directions and to 

estimate the noise from different directions, we propose to develop/extend this method to estimate 

the DOA of the active directional sources. In this chapter, source DOA detection systems using 

adaptive beamformers with a front hemisphere source canceling approach are described and 

compared, where the directions of front hemisphere sources are estimated from the beampatterns 

produced by the beamformers. The beamformers use constraints placed in the back hemisphere in 

order to help preventing the adaptive nulls to be positioned in the back hemisphere. In this work, 

sources in back hemisphere are not considered for detection. However, the same proposed 

algorithms could be applied in “flipped mode” (i.e., reversing the role of the front and back 

hemispheres), to detect sources in the back hemisphere if required.   
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7.2 Description of Source Canceling Approach, Beamformers with 
Constraints in the Back Hemisphere 

Source DOA detection using adaptive beamformers with a front hemisphere source canceling 

approach is described and used, where the directions of front hemisphere sources are estimated 

from the beampatterns produced by the beamformers. The beamformers use constraints placed in 

the back hemisphere, in order to help preventing the adaptive nulls to be positioned in the back 

hemisphere. Two direction of arrival (DOA) detection systems are first compared in order to detect 

DOAs of active sources. Moreover, the impact of using 2 or 3 microphones in the beamformers is 

also investigated. The first design uses two binaural beamformers on each side (left and right), 

each positioning adaptive nulls in the front hemisphere. The second design uses only one binaural 

beamformer on each side. Detailed simulation results in the following sections show that using 

one beamformer on each side is sufficient to detect the DOAs of the active sources.  

7.2.1 Update to Binaural HRTFs after Monaural Beamformer Pre-processing 

on Each Side 

Inputs pre-processed with monaural beamforming are used in the binaural beamformers of this 

document (all pre-processed inputs in the case of 1+1 microphone configurations, and for 2 out of 

3 pre-processed inputs in the case of 2+1 microphone configurations). Fixed 2+0 MVDR 

beamformers with a constraint in the frontal direction (0 degree) and with a correlation matrix 

tuned for diffuse noise are used as the monaural beamformers, with diffuse noise correlation 

matrices estimated from the average of HRTFs from all directions. Fixed beamformers are used 

such that the coefficients of the monaural beamformer on each side are known by the binaural 

beamformer on each side, without the need for coefficients transmission.  

After a stage of monaural beamformer pre-processing, we cannot assume that the components 

corresponding to the reference sensors of the monaural beamformers will remain preserved in the 

binaural HRTFs for all directions. This needs to be considered if beampatterns for the binaural 

beamformers are to be computed using HRTFs. In addition, we normally cannot assume that after 
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pre-processing the components corresponding to the reference sensors of the monaural 

beamformers will remain preserved in the binaural HRTFs for the directions of the constraints 

used in the binaural beamformer design. 

However, in the previous chapters, the pre-processing was made distortionless in the direction 

of the target, which meant that the value of the components corresponding to the reference sensors 

for the pre-processing beamformers were kept intact in the HRTF for the target direction (assuming 

HRTFs normalized to 1.0 for reference sensor component). Moreover, the constraints in the 

binaural beamforming were near the expected target location (+-5 degrees), so this meant that after 

the pre-processing no update was required for the normalized HRTFs to be used in the binaural 

beamformer design. Finally, since ADMA (adaptive pre-processing) was used the previous 

chapters, it would not have been feasible in practice to continuously update the binaural HRTFs 

based on the pre-processing ADMA coefficients used in the remote hearing aid. An update of 

binaural HRTFs after monaural beamformer pre-processing is only possible if we have a fixed 

monaural pre-processor beamformer (e.g. MVDR for diffuse noise) where the hearing aid on each 

side knows the monaural coefficients used on the remote side.  

Considering the case of a general beamformer, where the index p represents a monaural pre-

processor: 

( , ) ( ) ( , ) ( ) ( , ) ( , )H H
p p py f f f f g f s fθ θ θ θ= =w x w d   (7.1), 

where ( , )f θd  is an original set of steering vectors / HRTFs models, with no normalization to the 

component of the reference sensor. ( , )f θ′d  corresponds to a modified set of HRTFs (normalized 

HRTF), where the HRTF for each direction is scaled such that the component for the reference 

sensor is 1.0. ( , )s f θ  is a unit level point source from angle θ. ( , )f θx  is a vector with the 

microphone signals received for the source ( , )s f θ  from angle θ. ( )p fw  is a vector with the 

beamformer coefficients, and ( , )py f θ  is the beamformer output for the source ( , )s f θ  from angle 

θ. g  is just an overall real-valued scaling factor to reflect the fact that the physical HRTFs may 
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not have the same overall gain as the original set of steering vectors / HRTFs model. Note that in 

this step, the time index of the source signal and microphone signals is dropped for simplicity. 

For any directionθ, comparing the reference thk  microphone component, i.e. eq. (7.2), and a 

monaural pre-processor beamformer output with the same reference microphone, i.e. eq.(7.3): 

( , ) ( , ) ( , )k kx f gd f s fθ θ θ=    (7.2)  

( , ) ( ) ( , ) ( ) ( , ) ( , )H H
p p py f f f f g f s fθ θ θ θ= =w x w d   (7.3), 

we see that the component ( , )kd f θ  is replaced by a factor ( ) ( , )H
p f f θw d  in the pre-processor 

beamformer output. So the corresponding thk  component in the updated binaural steering 

vector/HRTF is: 

, ( , ) ( ) ( , )H
u k pd f f fθ θ= w d               (7.4), 

and the resulting updated binaural steering vector/HRTF is called ( , )u f θd .The update must be 

done to the microphone components corresponding to the reference microphone of each monaural 

beamformer pre-processor (e.g. left and right front microphone), i.e., corresponding to each pre-

processed signal in the updated ( , )u f θx  signal vector used as input signals for binaural 

beamforming. It requires on each side knowledge of the coefficients for both left and right 

monaural beamformers , ( )l p fw  and , ( )r p fw , i.e., two components of the binaural HRTFs need 

to be updated on each side. Normalization of the updated binaural HRTFs is done as shown in 

Appendix A, but using the updated binaural HRTFs instead of the raw binaural HRTFs.  

The binaural HRTFs update , ( , ) ( ) ( , )H
u k pd f f f= w dθ θ  and the normalization 

,

( , )( , )
( , )

u
u

u k

ff
d f

′ = dd θθ
θ

 performed on each side can be written in a more explicit way, where we 

consider that the original monaural steering vectors for the left and right sides are different (
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( , )l fd θ vs. ( , )r fd θ ), and that two different sets of updated normalized binaural steering vectors 

will be obtained ( , ( , )u l f′d θ vs. , ( , )u r f′d θ ). 

For the left binaural hearing aid beamformer: 

,
, ,

,

( ) ( , )
( , ) 1.0

( ) ( , )

H
p l l

u l frontlocal H
p l l

f f
d f

f f
′ = =

w d
w d

θ
θ

θ
   (7.5) 

,
, ,

,

( ) ( , )
( , )

( ) ( , )

H
p r r

u l frontremote H
p l l

f f
d f

f f
′ =

w d
w d

θ
θ

θ
   (7.6) 

,
, ,

,

( , )
( , )

( ) ( , )
l rear

u l rearlocal H
p l l

d f
d f

f f
′ =

w d
θ

θ
θ

             (7.7) 

and for the right binaural hearing aid beamformer: 

,
, ,

,

( ) ( , )
( , ) 1.0

( ) ( , )

H
p r r

u r frontlocal H
p r r

f f
d f

f f
′ = =

w d
w d

θ
θ

θ
   (7.8) 

,
, ,

,

( ) ( , )
( , )

( ) ( , )

H
p l l

u r frontremote H
p r r

f f
d f

f f
′ =

w d
w d

θ
θ

θ
   (7.9) 

,
, ,

,

( , )
( , )

( ) ( , )
r rear

u r rearlocal H
p r r

d f
d f

f f
′ =

w d
θ

θ
θ

                                                                            (7.10).  
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7.2.2 Mathematical Formulation for Design with Two Binaural Beamformers 

(2+1 MVDR) on Each Side   

Step 1: 

Note: in this step, the frequency index and the time index are dropped for simplicity. 

If 2+1 MVDR is used: 

The left side beamforming coefficients using FL microphone as a reference are: 

1 '
, ,1

,1 ' 1 '
, ,1 , ,1

( )
( ) ( )

y u l S
l H

u l S y u l S

θ
θ θ

−

−=
R d

w
d R d

    (7.11), 

where ,1Sθ = 180 degrees. 

1 '
, ,2

,2 ' 1 '
, ,2 , ,2

( )
( ) ( )

y u l S
l H

u l S y u l S

θ
θ θ

−

−=
R d

w
d R d

         (7.12), 

where ,2Sθ  = 90 degrees.  

The right side beamforming coefficients using FR mic as a reference are: 

1 '
, ,3

,3 ' 1 '
, ,3 , ,3

( )
( ) ( )

y u r S
r H

u r S y u r S

θ
θ θ

−

−=
R d

w
d R d

  (7.13), 

where 
, 3sθ  = 180 degrees. 

1 '
, ,4

,4 ' 1 '
, ,4 . ,4

( )
( ) ( )

y u r S
r H

u r S y u r S

θ
θ θ

−

−=
R d

w
d R d

  (7.14), 

where ,4sθ   = 270 degrees.  
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Step 2: 

At each subband sb and time-frame t, the beampattern is computed as the following:  

• ' 2
1 ,1 ,( , , ) | ( , ) ( , ) | ,     3< <14, and 1< <300 (samples or ms)H

l u lBP sb t sb t sb sb tθ θ= w d      (7.15),  

where, ,1lw  is the adaptive beamforming coefficients and '
.u ld  is a steering vector updated 

by the preprocessing coefficients at the left side and normalized to FL reference 

microphone 

• ' 2
2 ,2 ,( , , ) | ( , ) ( , ) | ,        3< <14 , and 1< <300 (samples or ms)H

l u lBP sb t sb t sb sb tθ θ= w d   (7.16), 
where, ,2lw  is the adaptive beamforming coefficients. 

• ' 2
3 ,3 ,( , , ) | ( , ) ( , ) | ,      3< <14 , and 1< <300 (samples or ms)H

r u rBP sb t sb t sb sb tθ θ= w d     (7.17), 

where, ,3rw  is the adaptive beamforming coefficients and '
,u rd  is a steering vector updated 

by the preprocessing coefficients at the right side and normalized to FR reference 

microphone 

• ' 2
4 ,4 ,( , , ) | ( , ) ( , ) | ,    3< <14 , and 1< <300 (samples or ms) H

r u rBP sb t sb t sb sb tθ θ= w d    (7.18), 
where, , 4rw  is the adaptive beamforming coefficients. 

In this formulation, the beampatterns are computed 300 times over a 300 ms period for each 

subband. However, using just a few time samples during the 300 ms period might be sufficient, if 

there are no significant changes in the beampatterns within 300 ms.  This will be evaluated in a 

later section of the chapter. Please note that in this section and in the following sections, we use sb 

instead of f as a frequency index for a better illustration. f is the center frequency of each subband 

sb.   

Step 3: 

The beampatterns are averaged for subbands (3-14). In this case, frequency components up to 

approximately 3250 Hz (the center frequency of subband #14) are considered. Higher frequency 

components provide ambiguous DOA information or do not add information about the source 
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DOAs, as reported in the literature and as our simulation results showed (not presented in this 

document).  

 
1, . 1

3:14
( , ) ( ( , , )),      1< <300avg sb

sb
BP t mean BP sb t tθ θ

=
=        (7.19)

2, . 2
3:14

( , ) ( ( , , )),     1< <300avg sb
sb

BP t mean BP sb t t
=

=θ θ        (7.20)

3, . 3
3:14

( , ) ( ( , , )),     1< <300avg sb
sb

BP t mean BP sb t t
=

=θ θ        (7.21) 

4, . 4
3:14

( , ) ( ( , , )),     1< <300avg sb
sb

BP t mean BP sb t t
=

=θ θ        (7.22) 

Step 4: 

For each beamformer the envelope (minimum) of the beampatterns over the 300 ms period are 

then computed.  

min1, . 1, .
1:300

( ) min( ( , ))avg sb avg sb
t

BP BP tθ θ
=

=          (7.23) 

min 2, . 2 , .
1:300

( ) min( ( , ))avg sb avg sb
t

BP BP tθ θ
=

=          (7.24) 

min 3, . 3, .
1:300

( ) min( ( , ))avg sb avg sb
t

BP BP tθ θ
=

=          (7.25) 

min 4, . 4 , .
1:300

( ) min( ( , ))avg sb avg sb
t

BP BP tθ θ
=

=          (7.26) 

No averaging over time is performed, and the minimum over 300 ms segments is taken.  

Step 5: 

To compute the DOA of the sources in the left front hemisphere, 
m in 1, .a vg sbB P  and  

m in 2 , .a v g s bB P  

are used as the following: 

, . min1, . min 2, .

for  270  to 360
( ) min[ ( ), ( )]

i

FL avg sb i avg sb i avg sb iBP BP BP

ο οθ
θ θ θ

=
=

   (7.27) 

Then the nulls are detected for θ between 270 to 360 degrees from 
, . ( )F L a v g s bB P θ .  
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For the right side, to compute DOA of the sources in the right front hemisphere, 
m in 3 , .a v g s bB P  

and  min4, .avg sbBP   are used as the following: 

, . min 3, . min 4, .

for  0  to 90
( ) min[ ( ), ( )]

i

FR avg sb i avg sb i avg sb iBP BP BP

ο οθ
θ θ θ

=
=

  (7.28) 

Then the nulls are detected for θ between 0 to 90 degrees from , .FR avg sbBP  .      

In other words, the minimum function of min1, .avg sbBP   and min2, .avg sbBP    (or 

min3, . min4, .( ), ( )avg sb i avg sb iBP BPθ θ ) is used, with min1, .avg sbBP  and min2, .avg sbBP   (or 

m in 3 , . m in 4 , .( ) , ( )a v g sb i a v g s b iB P B Pθ θ ) generated from two beamformers on each side, to obtain one BP 

on each side. Then on the resulting BP of each side the nulls (or local minima) are found using the 

findpeaks() function in Matlab. The peaks detection (or minima detection in our simulations) are 

done based on the prominence value of the local peak. Detailed explanations of how the 

prominence of a peak is measured can be found at [86]. In our simulations, we found 

experimentally that a good value of the prominence parameter is 1.5. Other values can be used, 

but it is a tradeoff: when the prominence value decreases more local peaks are detected (increased 

false alarms) and when the prominence value increases less local peaks are detected (increased 

missed detections).  

The use of a more sophisticated function like findpeaks() as opposed to a function just looking 

at changes in the sign of the slope was found to improve the performance, e.g., reduce the amount 

of false alarms.  
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7.2.3 Mathematical Formulation for Design with One Binaural Beamformer 

(2+1 MVDR) on Each Side    

Step 1: 

If 2+1 MVDR is used, the left side beamforming coefficients using FL microphone as a reference 

are computed as in eq.(7.11), but with ,1sθ = 225 degrees. Right side beamforming coefficients using 

FR microphone as a reference are computed as in eq.(7.13), but with 
, 3sθ  = 135 degrees (detailed 

simulations about the choice of this constraints directions will be presented later in this document). 

Step 2: 

At each subband sb and time-frame t, the beampattern is computed as the following:  

• ' 2
1 ,1 ,( , , ) | ( , ) ( , ) | ,     3< <14, and 1< <300 (sample or ms)H

l u lBP sb t sb t sb sb t= w dθ θ       (7.29), 
where, ,1lw  is the adaptive beamforming coefficients computed for the binaural 

beamformer at the left side, and '
,u ld  is a steering vector updated by the preprocessing 

coefficients at the left side and normalized to FL reference microphone 

• ' 2
2 ,2 ,( , , ) | ( , ) ( , ) | ,      3< <14 , and 1< <300 (sample or ms)H

r u rBP sb t sb t sb sb t= w dθ θ     (7.30)
, 
where, , 2rw  is the adaptive beamforming coefficients computed for the binaural 

beamformer at the right side and '
,u rd  is a steering vector updated by the preprocessing 

coefficients at the right side and normalized to FR reference microphone 

As previously, in this formulation the beampatterns are computed 300 times over a 300 ms 

period for each subband. However, using just a few time samples during the 300 ms period might 

be sufficient, if there are no fast changes in the beampatterns within 300 ms. This will be evaluated 

in a later section of the report. 
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Step 3: 

The beampatterns are averaged for subbands (3-14).  As in the previous setup, frequency 

components up to approximately 3250 Hz (the center frequency of subband 14) are considered.  

 
1, . 1

3:14
( , ) ( ( , , )),     1< <300avg sb

sb
BP t mean BP sb t t

=
=θ θ        (7.31)

2, . 2
3:14

( , ) ( ( , , )),     1< <300avg sb
sb

BP t mean BP sb t t
=

=θ θ        (7.32) 

 

Step 4: 

For each beamformer the envelope (minimum) of the beampatterns over the time-frames are 
then computed as in eq.(7.33) and eq. (7.34).  

min , . 1, .
1:300

( ) min( ( , ))L avg sb avg sb
t

BP BP t
=

=θ θ    (7.33) 

min , . 2 , .
1:300

( ) min( ( , ))R avg sb avg sb
t

BP BP t
=

=θ θ    (7.34) 

No averaging over time is performed, and the minimum over 300 ms segments is taken.  

 
Step 5: 

To compute the DOA of the sources in the front hemisphere, both min , .L avg sbBP  and  min , .R avg sbBP  

can be used to compute the nulls from -90 degrees (270 degrees) to 90 degrees, i.e., whole front 

hemisphere. However, simulation results in Section 7.5 will show that using 
m in , .L a v g s bB P  to only 

detect the sources DOA in the left front hemisphere between 270 to 360 degrees and  
m in , .R a v g s bB P  

to only detect the sources DOA in the right front hemisphere between 0 to 90 degrees outperforms 

using both beamformers for the whole front hemisphere. This is justified physically by the head 

shadow effect, e.g. the beamformer on each side has access to more sensor signals with cleaner 

information for sources located on that side.  



189 | P a g e  

 

To sum up, since only one binaural beamformer is used on each side here, the function 

findpeaks() is applied directly on 
m in , .L a v g s bB P  and  

m in , .R a v g s bB P . 

7.3 Results of DOA Detection System using Two Source-canceling 
Beamformers on Each Side 

In this section, a DOA detection system design with two binaural beamformers on each side 

is considered for testing.  

• In the first DOA detection system, two 2+1 MVDR beamformers are used on each side; i.e., 

two 2+1 MVDR (FL reference) including one with a constraint at 180 degrees and the other 

with a constraint at 90 degrees for the left side, and two 2+1 MVDR (FR reference) including 

one with a constraint at 180 degrees and the other with a constraint at 270 degrees for the right 

side, as Figure 7.1shows.  

 

• In the second DOA detection system, two 1+1 MVDR beamformers are used on each side; i.e., 

two 1+1 MVDR (FL reference) including one with a constraint at 180 degrees and the other 

with a constraint at 90 degrees for the left side, and two 1+1 MVDR (FR. reference) one with 

constraint at 180 degrees and the other with constraint at 270 degrees for the right side. The 

constraint directions are as in Figure 7.1 but using 1+1 MVDR instead 2+1 MVDR.  

Note: for the case of 3 microphone inputs the performance of 2+1 LCMV beamformers (2 

constraints, 1 adaptive null) has also been considered but was found to always be weaker (less 

nulls or nulls not as deep) than the performance achieved by 2+1 MVDR beamformers (1 

constraints, 2 adaptive null), so results for source canceling 2+1 LCMV beamformers are not 

shown in this document. 
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Figure 7.1: DOA detection using two 2+1 MVDR beamformers on each side. 

7.3.1 Simulations Results 

Several acoustic scenarios are used in the evaluation of using two 1+1 MVDR beamformers 

or two 2+1 MVDR beamformers on each side to detect DOAs of active sources. Some selected 

results are presented in this document since this design is not the final recommended design to be 

used for DOA detection. The final design is presented in Section 7.5.  

1) Acoustic scenario with two sources at 60 and 315 degrees (white noise sources), no diffuse 
noise. 

 

It is clear from Figure 7.2 that by using 2+1 MVDRs the DOAs detection system is capable 

to provide us with a deeper null than using 1+1 MVDRs. Moreover, the 1+1 MVDR with 

a constraint at 180 degrees generates a false positive null at 25 degrees. Figure 7.3 shows 

the final DOAs of the sources after combining the beampatterns of the two beamformers 

on each side. Both 2+1 MVDRs and 1+1 MVDRs are capable to detect the two sources 
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DOAs. However, the nulls generated from 2+1 MVDRs is much deeper, which is an 

indication of a better robustness.  

 

Figure 7.2: Sources DOAs using two beamformers on each side under an acoustic scenario with two sources 
at 60 and 315 degrees, no diffuse noise. 

 

 

Figure 7.3: Sources DOAs after combining the two beamformers on each side using the minimum function 
under an acoustic scenario with two sources at 60 and 315 degrees, no diffuse noise. 

 

2) Acoustic scenario with two sources at 45 and 315 degrees (white noise sources), no diffuse 
noise. 

 

2+1MVDR 1+1 MVDR 

2+1 MVDR 1+1 MVDR 
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Figure 7.4  and Figure 7.5 show that for this acoustic scenario by using either 2+1 MVDRs 

or 1+1 MVDRs, we are able to detect the two sources at 45 and 315 degrees. However, the 

nulls generated from 2+1 MVDRs are again deeper, and additional nulls appear in the 

beampatterns from the 1+1 MVDRs (near 85 degrees, could become false DOAs).  

 

Figure 7.4: Sources DOAs using two beamformers on each side under an acoustic scenario with two sources 
at 45 and 315 degrees, no diffuse noise. 

 

 

Figure 7.5: Sources DOAs after combining the two beamformers on each side using the minimum function 
under an acoustic scenario with two sources at 45 and 315 degrees, no diffuse noise. 

 

2+1 MVDR 1+1 MVDR 

2+1 MVDR 1+1 MVDR 
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3) Acoustic scenario with three sources at 0, 45 and 315 degrees (speech sources), and diffuse 
noise (14 dB below the directional sources levels). 

 

Figure 7.6 and Figure 7.7 show that by using 2+1 MVDRs, the DOA detection system is 

able to detect the three active sources in diffuse noise.  On the other hand, by using 1+1 

MVDRs, the DOA detection system generates a false positive null at 85 degrees. In 

addition, as before the nulls generated from the 2+1 MVDRs are deeper than the nulls 

generated from the 1+1 MVDRs beamformer.   

 

Figure 7.6: Sources DOAs using two beamformers on each side under an acoustic scenario with three sources 
at 0, 45 and 315 degrees, diffuse noise (14 dB lower than the directional sources levels). 

 

Figure 7.7: Sources DOAs after combining the two beamformers on each side using the minimum function 
under an acoustic scenario with three sources at 0, 45 and 315 degrees, diffuse noise (14 dB lower than the 

directional sources levels). 

2+1 MVDR 1+1 MVDR 

2+1 MVDR 1+1 MVDR 
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4) Acoustic scenario with two sources at 90 and 270 degrees (white noise sources), no diffuse 
noise. 

 

Under this challenging acoustic scenario with two lateral sources at 90 and 270 degrees, 

we can notice that by using either 2+1 MVDRs or 1+1 MVDRs false positive null are 

detected at 20 degrees and 345 degrees when the 2+1 MVDRs are used and at 40 degrees 

and 325 degrees when 1+1 MVDRs are used, as Figure 7.8 and Figure 7.9 show. One of 

the reasons for this is the choice of the constraint direction, as we will see in the next 

section. The green circles in Figure 7.9 have not been detected as minima since the 

prominence values of these nulls are slightly less than 1.5. For example, the prominence 

value for the green dot at 345 degrees using 2+1 MVDR is around 1.2.  

 

Figure 7.8: Sources DOAs using two beamformers on each side under an acoustic scenario with two sources 
at 90 and 270 degrees, no diffuse noise. 

 

2+1 MVDR 1+1 MVDR 
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Figure 7.9: Sources DOAs after combining the two beamformers on each side using the minimum function 
under an acoustic scenario with two sources at 90 and 270 degrees, no diffuse noise. 

7.3.2 Conclusion 

From the simulation results above with 2 beamformers on each side we can notice that using 

2+1 MVDRs generate deeper nulls than using 1+1 MVDRs. For complex acoustics scenarios with 

more than two sources, 2+1 MVDRs have a better ability to detect all active sources. Under an 

acoustic scenario with two lateral targets, both 2+1 MVDRs and 1+1 MVDRs beamformers detect 

a false positive null. One of the reasons for this is the choice of the constraint direction, as we will 

see in the next section. Therefore, using two beamformers on each side is not necessarily required 

or beneficial, as we will illustrate in the next sections.  

  

2+1 MVDR 1+1 MVDR 
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7.4 DOA Detection System using One Source-canceling Beamformer 
on Each Side: Finding the Constraint Direction for the 2+1 MVDR 
Beamformer  

From simulation results in the previous section, we have noticed that using 2+1 MVDRs 

outperforms using 1+1 MVDRs to detect the active sources with deeper nulls.  In this section, we 

simplify the design using 2+1 MVDRs in Figure 7.1 to use just one 2+1 MVDR binaural 

beamformer on each side, as Figure 7.10 shows.  
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Pre-processed (FL ref.)

Left rear mic.
2+1 

MVDR 
Left side 
Beampattern 

1 2
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Figure 7.10: DOA detection using one 2+1 MVDR beamformer on each side. 

 

7.4.1 Simulations Results 

In order to find the best constraint direction for the left and right 2+1 MVDR, one of the most 

challenging acoustic scenarios from the previous section has been used: two lateral sources at 90 

and 270 degrees (white noise sources). The 2+1 MVDR has been then tested using different 

constraint directions. The left 2+1 MVDR beamformer, which uses the left front microphone as a 

reference, has been tested with a constraint from 10 degrees to 260 degrees, and the right 2+1 

MVDR beamformer, which uses the right front microphone as a reference, has been tested with a 

constraint from -10 degrees (350 degrees) to -260 degrees (100 degrees). Detailed beampatterns 

for the left  2+1 MVDR beamformer with constraints from 10 degrees to 260 degrees are shown 

in Figure 7.13 to Figure 7.17, and in Figure 7.18 to Figure 7.22 for the right 2+1 MVDR 

beamformer with constraint from -10 degrees (350 degrees)  to -260 degrees (100 degrees). Figure 

7.11 summarizes the resulting depth of nulls in the directions of the active sources at 90 and 270 

degrees using the left 2+1 MVDR beamformer,  while Figure 7.12 summarizes the resulting depth 
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of nulls in the direction of the active sources at 90 and 270 degrees using the right 2+1 MVDR 

beamformer.  

It is noticeable from Figure 7.11 that the deepest null to detect the sources at both 90 and 270 

degrees with the left 2+1 MVDR is at 230 degrees, and then at 225 degrees. By looking at Figure 

7.17, we can notice that for these constraint directions, the beamformers detect the two active 

sources without false positive nulls.  Figure 7.12 shows that the deepest nulls to detect the sources 

at both 90 and 270 degrees with the right 2+1 MVDR are at 145, 140, and 135 degrees. By looking 

at Figure 7.22, we can notice that with these three constraint directions, the beamformers detect 

the two active sources without false positives.  

Seeking for a general and symmetric design, the constraints at 225 degrees for the left 2+1 

MVDR and the constraint at 135 degrees for the right 2+1 MVDR will be considered for further 

testing under different acoustic scenarios.  
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Figure 7.11: Depth of nulls using left 2+1 MVDR beamformer (FL reference) with constraint from 10 to 260 
degrees. 

 

Figure 7.12: Depth of nulls using right 2+1 MVDR beamformer (FR reference) with constraint from 100 to 
350 degrees. 
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Beampatterns from the left 2+1 MVDR beamformer:  

 

Figure 7.13: Beampatterns of 2+1 MVDR beamformer (FL reference) with constraint from 10 to 60 degrees. 

 

Figure 7.14: Beampatterns of 2+1 MVDR beamformer (FL reference) with constraint from 70 to 120 degrees. 
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Figure 7.15: Beampatterns of 2+1 MVDR beamformer (FL reference) with constraint from 130 to 180 
degrees. 

 

Figure 7.16: Beampatterns of 2+1 MVDR beamformer (FL reference) with constraint from 190 to 260 

degrees. 
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Figure 7.17: Beampatterns of 2+1 MVDR beamformer (FL reference) with constraint from 210 to 230 
degrees (5 degrees resolution). 

Beampatterns from the right 2+1 MVDR beamformer: 

 

Figure 7.18: Beampatterns of 2+1 MVDR beamformer (FR reference) with constraint from 350 to 300 
degrees. 
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Figure 7.19: Beampatterns of 2+1 MVDR beamformer (FR reference) with constraint from 290 to 240 
degrees. 

 

Figure 7.20: Beampatterns of 2+1 MVDR beamformer (FR reference) with constraint from 230 to 180 
degrees. 
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Figure 7.21: Beampatterns of 2+1 MVDR beamformer (FR reference) with constraint from 170 to 100 
degrees. 

 

Figure 7.22: Beampatterns of 2+1 MVDR beamformer (FR reference) with constraint from 150 to 130 
degrees (5 degrees resolution). 
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7.4.2 Conclusion 

Under an acoustic scenario with two active lateral sources the best symmetric constraint 

directions of left and right 2+1 MVDR beamformers in order to detect the active sources with deep 

nulls and without false positive nulls are at 225 degrees for the left 2+1 MVDR and 135 degrees 

for the right 2+1 MVDR.  

 

7.5 Evaluation of the DOA Detection System using One Source-
canceling 2+1 MVDR Beamformer on Each Side 

The proposed DOA detection system using one 2+1 MVDR beamformer on each side, where 

the left 2+1 MVDR has a constraint at 225 degrees and the right 2+1 MVDR has a constraint at 

135 degrees, is shown in Figure 7.23 and is tested under other acoustic scenarios. 
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Figure 7.23: DOA detection system using one 2+1 MVDR beamformer on each side.  
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7.5.1 Simulations Results 

Different acoustic scenarios have been used for simulations with one, two, or three active 

sources using white noise sources or speech sources, and with or without diffuse noise added.   

Note: in the figures of this section, detected DOAs are shown as numerical values in the plots, 

red circles represent missed DOAs or falsely detected DOAs, and green circles represent local 

minima that were correctly not classified as DOAs because of the peak finding algorithm and the 

threshold used by the algorithm. Green rectangles represent regions from the front hemisphere 

region where sources’ DOAs are detected correctly, and red rectangles represent regions from the 

front hemisphere with missed DOAs or falsely detected DOAs. 

1) Acoustic scenario with two sources at 45 and 315 degrees (white noise sources), no diffuse 
noise. 

 

It is noticeable that the left 2+1 MVDR beamformer and the right 2+1 MVDR 

beamformer are able to detect the two active sources at the front hemisphere. But to avoid 

a potential false DOA near 5 degrees (not detected as source DOA here only because of the 

threshold used for automatic detection of local minima), the left side beamformer should 

scan only the left front hemisphere (-90 to 0 degrees).  
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Figure 7.24: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with two 
sources at 45 and 315 degrees (white noise sources). 
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2) Acoustic scenario with two sources at 45 and 315 degrees (speech sources), no diffuse 
noise. 

 

Here as well the left 2+1 MVDR beamformer and the right 2+1 MVDR beamformer 

are able to detect the two active sources at the front hemisphere. Potential false DOAs near 

5 and 275 degrees (not detected as source DOAs here) because of the prominence value 

threshold used for automatic detection of local minima. The left side beamformer should 

scan only the left front hemisphere (-90 to 0 degrees) and the right side beamformer should 

scan only the right front hemisphere (0 degree to 90 degrees). 

   

 

Figure 7.25: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with two 
sources at 45 and 315 degrees (speech sources).  
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3) Acoustic scenario with two sources at 45 and 300 degrees (white noise sources), no diffuse 
noise. 

 

It is noticeable that the left beamformer should scan only the left front hemisphere (-

90 to 0 degrees). Using the left beamformer to scan the right front hemisphere (0 to 90 

degrees) generates a false positive DOA.  

 

 

Figure 7.26: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with two 
sources at 45 and 300 degrees (white noise sources).  
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4) Acoustic scenario with two sources at 45 and 300 degrees (speech sources), no diffuse 
noise. 
 

It is again noticeable that the left beamformer should scan only the left front 

hemisphere (-90 to 0 degrees), as using the left beamformer to scan the right front 

hemisphere (0 degree to  90 degrees) generates a false positive source DOA. The right 

beamformer should scan only the right front hemisphere (0 to 90 degrees), even though in 

this case a false DOA is barely avoided at 5 degrees (because of the threshold used for 

automatic detection of local minima). Using the right beamformer to scan the left front 

hemisphere (-90 to 0 degrees) does not detect the source at 300 degrees (again because of 

the threshold used for automatic detection of local minima).   

 

 

Figure 7.27: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with two 
sources at 45 and 300 degrees (speech sources).  
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5) Acoustic scenario with two sources at 90 and 270 degrees (white noise sources), no diffuse 
noise. 

 

As before, the left beamformer should scan only the left front hemisphere (-90 to 0 

degrees), since using the left beamformer to scan the right front hemisphere (0 to 90 

degrees) generates a false positive source DOA. In this challenging scenario with lateral 

sources, detection of false DOAs near 350 and 15 degrees are avoided with the threshold 

used for automatic detection of local minima. 

 

 

Figure 7.28: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with two 
sources at 90 and 270 degrees (white noise sources).  
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6) Acoustic scenario with one source at 315 degrees (white noise source), no diffuse noise. 
 

It is again noticeable that the left beamformer should scan only the left front hemisphere (-

90 to 0 degrees), as it avoids one false DOA detection. Detection of additional false DOAs 

are avoided with the threshold used for automatic detection of local minima.  

 

Figure 7.29: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with one 
source at 315 degrees (white noise source).  
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7) Acoustic scenario with three sources at 0, 45 and 315 degrees (speech sources), no diffuse 
noise. 

 

In this setup the left beamformer is more suitable than the right beamformer to scan the left 

front hemisphere (-90 to 0 degrees, deeper nulls). The right beamformer can detect the 

source in the right front hemisphere (0 to 90 degrees) as well as a source in the left front 

hemisphere (-90 to 0 degrees), but it does not detect the source at 0 degree, presumably 

because the minimum is located slightly in the left front hemisphere (-90 to 0 degrees). 

 

Figure 7.30: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with 
three sources at0, 45, 315 degrees (speech source),no diffuse noise.  
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8) Acoustic scenario with three sources at 0, 45 and 315 degrees (speech sources), and diffuse 
noise (14 dB below the sources level). 

 

As in the previous setup, in this setup the left beamformer is more suitable than the right 

beamformer to scan the left front hemisphere (-90 to 0 degrees, deeper nulls). The right 

beamformer can detect the source in the right front hemisphere (0 to 90 degrees) as well as 

a source in the left front hemisphere (-90 to 0 degrees), but it does not detect the source at 

0 degree, presumably because the minimum is located slightly in the left front hemisphere 

(-90 to 0 degrees). 

 

 

Figure 7.31: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with 
three sources at 0, 45, 315 degrees (speech source), diffuse noise (14 dB below the directional sources levels). 

0 50 100 150 200 250 300 350
 Angles ( degrees)

-40

-30

-20

-10

0

10

20

Be
am

pa
tte

rn
(d

B)

 Beamformer with const. at 225 deg., FL ref., sb 3 to 14 avg

-24.7804

-34.3941

-30.6095

0 50 100 150 200 250 300 350
 Angles ( degrees)

-40

-30

-20

-10

0

10

20
Be

am
pa

tte
rn

(d
B)

 Beamformer with const. at 135 deg., FR ref. ,sb 3 to 14 avg

-28.9919

 -25.504



214 | P a g e  

 

9) Acoustic scenario with three sources at 45, 0 and 315 degrees (white noise sources), diffuse 
noise (5 dB below the sources level). 

 

The left beamformer is more suitable than the right side beamformer to scan the left front 

hemisphere (-90 to 0 degrees) as it generates a deeper null for the source at 315 degrees 

compared to the right beamformer. The right beamformer should only scan the right front 

hemisphere (0 degree to +90 degrees) as it detects the source in that range, but it does not 

detect the 315 degrees source in the left front hemisphere (-90 to 0 degrees). It also misses 

the source at 0 degree, presumably because the minimum is located slightly in the left front 

hemisphere (-90 to 0 degrees). The same performance has been achieved using speech 

sources (not shown here). 

 

Figure 7.32: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with 
three sources at 45, 0, 315 degrees (white noise source), diffuse noise (5 dB below the directional sources 

levels). 
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10)  Acoustic scenario with one active source at the back hemisphere: four sources at 0, 180, 
60 and 315 degrees (speech sources), no diffuse noise. 

 

For this scenario with an additional source in the back hemisphere, the sources DOA are 

still detected. However, the left side beamformer should only scan the left front hemisphere 

(-90 to 0 degrees) as it generates a false DOA and misses the 60 degrees DOA when 

scanning the right front hemisphere (0 to 90 degrees). And the right side beamformer 

should only scan the right front hemisphere (0 to 90 degrees) as it generates a false DOA 

and misses the 315 DOA when scanning the left front hemisphere (-90 to 0 degrees). The 

right beamformer again misses the 0 degree source, presumably because the minimum is 

located slightly in the left front hemisphere (-90 to 0 degrees). Similar performance has 

been noticed using white noise sources in the simulations (results not shown here). 

 

 

Figure 7.33: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with four 
sources at 0, 180, 60 and 315 degrees (speech sources), no diffuse noise. 

 

  

0 50 100 150 200 250 300 350
 Angles ( degrees)

-40

-30

-20

-10

0

10

20

Be
am

pa
tte

rn
(d

B)

 Beamformer with const. at 225 deg., FL ref., sb 3 to 14 avg

 -24.378

-32.6635

-28.8631

0 50 100 150 200 250 300 350
 Angles ( degrees)

-40

-30

-20

-10

0

10

20

Be
am

pa
tte

rn
(d

B)
 Beamformer with const. at 135 deg., FR ref. ,sb 3 to 14 avg

-26.9678

 -14.348



216 | P a g e  

 

7.5.2 Comparison of the Performance for 2+1 MVDR vs. 1+1 MVDR  

The 1+1 MVDR beamformer is used instead of the 2+1 MVDR beamformer in Figure 7.10 in 

order to detect the active sources in an acoustic scenario with two sources at 45 and 315 degrees 

(white noise sources), no diffuse noise. The depths of the nulls shown in Figure 7.34 show that 

using the 2+1 MVDR again significantly outperforms the 1+1 MVDR beamformer for this DOA 

detection task, as was also observed earlier for the setups using two beamformers on each side.  

 

Figure 7.34: Beampatterns from the left and right 2+1 MVDR and the left and right 1+1 MVDR for DOA 
detection. 

7.5.3 Computing Beampatterns at Selected Times During 300 ms 

The performance of the proposed DOA system using one binaural beamformer on each 

side has been tested when the beampatterns are computed three times within a 300 ms interval 

(at 100 ms, 200ms, and 300 ms) or only once at 300 ms, instead of 300 times during the 300 

ms as in eq. (7.31) to eq.(7.34). A complex acoustic scenario with three sources at 45, 0 and 

1+1 MVDR 2+1 MVDR 



217 | P a g e  

 

315 degrees (white noise sources), and diffuse noise (5 dB below the sources level) is used for 

simulation.  

The results in Figure 7.35 show that the depth of the nulls only mildly decreases when the 

beampatterns are computed only three times or only once during the 300 ms, in comparison 

with computing the beampatterns 300 times. 
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 Figure 7.35: Beampatterns from the left and right 2+1 MVDR beamformer under acoustic scenario with 
three sources at 45, 0, 315 degrees (white noise source), diffuse noise (5 dB below the directional sources 
levels). From top to bottom: results with beampatterns computed 300 times,  three times and only once 

during a 300 ms interval. 
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7.5.4 Conclusion  

From the detailed simulation results in this chapter, it is noticeable that using one 2+1 MVDR 

beamformer on each side, with a constraint at 225 degrees for the left side beamformer and a 

constraint at 135 degrees for the right side beamformer, is able to detect the direction of arrivals 

of active sources under several acoustic scenarios. These acoustic scenarios are with one, two, or 

three sources, using white noise sources (active for all T-F bin) or speech sources (with more T-F 

sparsity), with and without the presence of some level of diffuse noise.  

Moreover, it is noticeable that the left beamformer is more suitable to correctly detect the 

DOAs of active sources in the left front hemisphere (-90 to 0 degrees), and the right beamformer 

is more suitable to detect DOAs of active sources in the right front hemisphere (0 to 90 degrees). 

Simulation results in section 7.5.2 as well as in section 7.3.1 show that using the 2+1 MVDR 

significantly outperforms the 1+1 MVDR beamformer for DOA detection, for the setups that have 

been considered. 

In order to reduce the complexity of the proposed DOA detection system, beampatterns from 

left and right beamformers can be computed once every 300 ms, or three times within 300 ms (at 

100, 200, and 300 ms), instead of 300 times (sample by sample basis) during a 300 ms interval.  

This reduction in the complexity mildly reduces the nulls depths in the beampatterns. 
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Chapter 8  Conclusion and Future Work  

8.1 Conclusion 

In this work, we aimed to achieve three goals. First, designing binaural beamformers that are 

robust to errors in the estimated target direction of arrival (and assumed propagation model). 

Second, introducing a post-processing algorithm that produces good trade-offs between noise 

reduction and preservation of the noise/interferers spatial impression. Third, designing multi-

sources direction of arrival detection systems. In order to achieve the first goal, the binaural 

beamformer designed had to provide a high noise suppression for sources from angles outside a 

small angular region around the target direction. For sources from the angles within that small 

angular target region, ideally no suppression or attenuation should be introduced. This means that 

the designed beamformers have a high robustness to the slightly varying direction of arrival of the 

target sources. Several frequency dependent robust designs have been proposed to achieve this 

goal. These robust designs are a combination of binaural beamformers and monaural beamformers 

using two different microphone configurations, one for the low frequencies and one for the high 

frequencies.  Detailed simulations have been done using designs that assumed the target to be at 

0, 45, and 90 degrees. 

 For acoustic scenarios with a near frontal target or a near +45 degrees target, three robust 

designs have been proposed. These designs are “Robust no-GSC”, “Robust GSC”, and “ Robust 

combination”.  The “Robust no-GSC” uses the MVDR 1+1 with pre-processed inputs for low 

frequencies and the LCMV 2+1 with two pre-processed inputs and one raw noisy input for the 

high frequencies. The “Robust GSC” uses the MVDR 1+1 with pre-processed inputs for low 

frequencies and the adaptive BMs using the LCMV 2+1 for high frequencies. Additional 

processing is required in order to achieve the adaptive BMs. Therefore, we have proposed an 

adaptive null positioning algorithm. This algorithm dynamically evaluates the beampattern 

response to track the direction of a null, i.e., detecting the presence or absence of a notch in the 

expected target direction, and then it takes the required decision. For example, if the null is not in 

the target zone, it can either revert to a fixed fallback design or use saved coefficients from previous 
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time-frames in order to reduce the target leakage from the BM matrix and target distortion from 

the GSC scheme. Finally, the “Robust combination” design, which combines the “Robust no-

GSC” and the “Robust GSC” designs, has been proposed. The results have demonstrated the 

robustness of the three proposed designs to target DOA mismatch, in terms of noise reduction and 

target distortion. The three designs showed similar performance and all of them surpass the “Non-

robust” design. Therefore, the least complex design, “Robust no-GSC” is recommended to be used 

for acoustic scenarios with near frontal targets, with targets near +45 degrees, and more generally 

for targets up to approximately +75 degrees. The “Robust no-GSC” design also showed its 

robustness to another type of mismatch: HRTFs mismatch. The HRTFs mismatch is mismatch 

between the anechoic HRTFs used in the beamformer designs and the reverberant HRTFs used to 

generate directional signals in our simulations. Further analysis of complexity measurements 

versus the benefit of performance could be done as a future work. For acoustic scenarios with 

targets approximately + 75 to + 90 degrees, we have found that the beamformer design using the 

1+1 MVDR with pre-processed inputs is robust to the target DOA mismatch. For the pre-processor 

part, monaural ADMA beamformers using two closely-spaced microphones, with a distortionless 

response at arbitrary target directions in the frontal hemisphere are designed. The head shadow 

effect is also considered in the ADMA design, by using anechoic Head-Related Transfer Function 

(HRTF) measurements. The proposed designs are achieved by either applying a compensation gain 

to the outputs of the original monaural ADMA with distortionless response at 0 degree, or by 

directly modifying the original ADMA design to have a distortionless response at the assumed 

target direction. The results have demonstrated the superiority of the latter approach.   

To achieve the second goal of providing binaural cues preservation, the CCMBB method has 

been further developed, based on mixing and selecting the available signals using classification 

from the phase and magnitude of the complex coherence. The CCMBB has been added as a post 

processor to the beamforming designs robust to target DOA mismatch, for different target angles. 

The resulting mixed binaural output signals have better binaural cues preservations for the 

directional interferers and the diffuse-like background noise, compared to the initial beamformer 

outputs. Moreover, the resulting mixed binaural outputs still have significant noise reduction 

compared to the original noisy signals, often close to the noise reduction achieved by the 
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beamforming designs before re-introducing the binaural cues. These binaural outputs have also 

shown robustness to target DOA mismatch, with even an improved robustness in some cases 

compared to the initial beamformer outputs.  

In order to achieve the third goal, beamformer-based multi-sources DOA detection systems 

have been introduced. Detailed simulation results in Chapter 7 shows that using one 2+1 MVDR 

beamformer on each side with two pre-processed input signals, a constraint at 225 degrees for the 

left side beamformer, and a constraint at 135 degrees for the right side beamformer, is able to 

detect the direction of arrivals of active sources under several acoustic scenarios. These acoustic 

scenarios are with one, two, or three sources, using white noise sources (active for all T-F bin) or 

speech sources (with more T-F sparsity), with and without the presence of some level of diffuse 

noise.  

8.2 Future Work  

As an improvement over the current proposed robust design, multi-tap beamforming in each 

subband could be developed. Using multi-tap beamformers in sub-band beamformers (either for 

standalone beamformers, for GSC fixed beamformer components, for GSC blocking matrix 

components, for GSC ANC components, etc.) leads to a better frequency resolution. In principle, 

this can lead to an improved performance in terms of noise reduction, at the cost of increased 

complexity and increased latency if a causality delay is introduced.  Therefore, our current 

proposed designs could be extended to multi-taps designs, and more testing could be conducted to 

evaluate the performance of such systems.  

  For cues preservation, further integration between the proposed beamformer-based DOA 

detection system and the CCMBB post-processor could possibly be designed and evaluated.  

For further development and validation of the proposed algorithms in the future, testing under 

scenarios with time-varying source DOAs and time-varying source activity patterns could be 

considered. 
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Finally, the proposed algorithms should be validated by conducting clinical experiments with 

hearing aids user to verify the robustness and effectiveness of our proposed designs. In addition, 

the effect of the interaction between our proposed beamforming designs and the hearing aid 

components (e.g. feedback canceller, vents, non-linear compression) should be studied. 
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. 
Appendix A - Illustration of the Effect of Normalizing the Steering 
Vectors 

As mentioned previously, in a practical scenario the beamformer should keep the level and the 

phase of the target components at the output of the beamformer the same as the target components 

at the reference microphone. This can be achieved by normalizing the steering vector to the 

reference microphone level for each constraint direction in a LCMV beamformer design, or 

normalizing the steering vector to the reference microphone level for the target direction in the 

single constraint of a MVDR beamformer design. In the following analysis, more insight about the 

effect of the steering vector normalization will be introduced.  

Consider the output of a linear beamformer for a single directional signal ( , , )ss f t θ  from 

angle sθ  as in eq.(1): 

( , ) ( , ) ( , ) ( , ) ( , ) ( , , )H H
s ss sz f t f t f t f t f s f tθ θ θ θ θ θ= == =w y w d   (1).  

The effect of normalizing a steering vector model set when a constraint is used in a 

beamformer design can be elaborated as the following. If the beamformer is designed with a gain 

for the constraint direction as in eq.(2), the actual output of the beamformer in the constraint 

direction sθ , which is the target direction in this case, is as in eq.(3) and eq.(4). Assuming that 

( , )sf θd


 is a steering vector with mismatch (or error) such as ( , ) ( , )f a fθ θ=d d


, where a is a 

scaling factor: 

( , ) ( , ) ( )H
s sf t f gθ θ=w d


  (2) 

( , ) ( , , ) ( , ) ( , , ) ( , ) ( , ) ( , , )
1( , ) ( , ) ( , , )

H H
out s s s s

H
s s

x f t z f t f t f t f t f s f t

f t f s f t
a

θ θ θ θ

θ θ

= = =

=

w y w d

w d
  (3) 
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1( , ) ( ) ( , , )out s sx f t g s f t
a

θ θ=     (4) 

It is noticeable from eq.(4) that there is a dependency on the overall scalar a of the steering 

vector model set. Moreover, the gain is not applied to the reference microphone input signal, as 

required in many realistic applications. Therefore, there is a need to normalize the steering vector 

model in the constraint direction when using a constraint in a beamformer design, as in eq.(5): 

( , )( , )
( , )ref s

ff
d f

θθ
θ

′ = dd



   (5). 

 Therefore, the design with a gain for the constraint at sθ  will be as in eq.(6): 

( , ) ( , ) ( )H
s sf t f gθ θ′ =w d


  (6). 

The actual output of the beamformer in the constraint direction is then as in eq.(7): 

( , ) ( , , ) ( , ) ( , , ) ( , ) ( , ) ( , , )
1( , ) ( , ) ( , , )

1( , ) ( , ) ( , ) ( , , )

1 ( ) ( , ) ( , , )

H H
out s s s s

H
s s

H
s ref s s

s ref s s

x f t z f t f t f t f t f s f t

f t f s f t
a

f t f d f s f t
a

g d f s f t
a

θ θ θ θ

θ θ

θ θ θ

θ θ θ

= = =

=

′=

=

w y w d

w d

w d







 (7). 

However, since ( ) ( )ref refd adθ θ=


, the output will also be as in eq.(8): 

( , ) ( ) ( , ) ( , , )
( ) ( , )

out s ref s s

s ref

x f t g d f s f t

g x f t

θ θ θ
θ

=

=
  (8). 

It is clear that in the resulting eq.(8) there is no dependency on the overall scalar a of the 

steering vector model set, and that the gain is applied to the reference microphone input signal. In 

this case, ( , )outx f t  is the target component at the output of the beamformer and ( , )refx f t  is the 

target component at the reference microphone. As a result, for the set of constraints in a 
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beamformer, the steering vectors should be independently normalized to the reference microphone 

level, and for each constraint direction. This normalization will remove the dependency effect on 

the steering vector scaling (e.g. the scalar factor a in this case), and it will ensure to have an output 

with a resulting gain which is relative to the level of the signal at the reference microphone.   
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