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ABSTRACT 
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Acoustic feedback stems from acoustic coupling between the loudspeaker and microphone in 

hearing systems. Unpleasant outcomes of acoustic feedback, such as howling and whistling 

sounds, are major complaints of people with hearing impairment. As the size of hearing aid devices 

(HADs) have shrunk and the closed loop made by the feedback path has increased, acoustic 

feedback cancellation (AFC) methods have become more challenging for researchers. To 

overcome this problem, standard adaptive filters are commonly used to reduce the acoustic 

feedback. However, these methods are prone to biased estimations of the feedback path transfer 

function whenever the speech and feedback signals are correlated. The larger bias estimations 

worsen the performance of the system. 

The increased interest in the feedback cancellation problem has focused on the need for efficient 

AFC techniques. The noise injection method is one of many that is utilized to reduce the effect of 

acoustic feedback on HADs. This thesis proposes the development and analysis of real-time 

implementation of the noise injection method in changing room acoustics, a noise injection 

algorithm controlled by Spectral Flux feature-based voice activity detector (VAD). Objective 
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evaluations were carried out in noisy conditions. Simulation results showed that the proposed 

methods are efficient in eliminating acoustic feedback. Additionally, real-time development and 

analysis for smartphone applications that can cancel acoustic feedback without distortion has been 

completed. In addition to feedback cancellation analysis, this work covers development of clinical 

testing software which is used in clinical testing stage to evaluate subjects’ hearing ability in noisy 

environments with various Signal-to-noise ratio (SNR) values. 
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CHAPTER 1 

INTRODUCTION 

1.1 Motivation 

Hearing loss is a major disability that makes it difficult for people to hear speech and other desired 

sounds. The number of people with hearing impairment has risen, making hearing loss a growing 

public health issue. Treatment for hearing loss includes the use of hearing aids or assistive listening 

devices and cochlear implants. According to J.G. Clark, degree of hearing loss can be classified 

into seven categories. Table 1.1 shows the degrees of hearing loss in decibels (dB). Hearing loss 

has various causes such as aging, genetics, exposure to noise, and some diseases. Aging is one of 

the major reason of hearing loss because the ability of hearing decreases. According to the World 

Health Organization (WHO), approximately 466 million people have disabling hearing loss, and 

1.1 billion young people between the ages of 12 and 35 years old are at risk of hearing loss [1]. 

Additionally, more than 900 million people will have hearing loss by 2050 [1]. According to 

surveys, one in six Europeans could benefit from hearing aids and although 25 million Americans 

with hearing loss do not have hearing aids, 95% of them could benefit from having them [1-4]. 

Hearing aids will not restore natural hearing ability for people with hearing impairment, but they 

can provide the amplification of sound needed to help improve the users’ hearing.  
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Table 1.1 Degree of hearing loss chart 

Degree of hearing loss Hearing loss range (dB) 

Normal –10 to 15 

Slight 16 to 25 

Mild 26 to 40 

Moderate 41 to 55 

Moderately severe 56 to 70 

Severe 71 to 90 

Profound 91+ 

 

Hearing aid technology is regularly evolving, and modern hearing aids are developed in small sizes 

that allow for sophisticated features. Hearing aids can be divided into four categories, namely, in-

the-ear hearing aids, behind-the-ear hearing aids, in-the-canal hearing aids, and completely-in-the-

canal hearing aids.  

Hearing aids systems have three key parts: a microphone, an amplifier, a loudspeaker as shown in 

Figure 1.1.  

• The loudspeaker turns the amplified electrical signals into the acoustic signals heard by 

people with hearing impairment. This amplification is adjusted based on degree of hearing 

loss. 

• The microphone picks up the sound from the atmosphere and turns the mechanical acoustic 

energy into electrical signals.  

• The intensity of the input signal is increased at the amplifier or forward path gain. 
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Figure 1.1. Block diagram of HADs 

 

HADs aim to give benefit to hearing-impaired people by providing amplified sounds as well as 

enhanced speech and directional perception. Although, HADs have a few disadvantages. One of 

the main drawbacks is undesirable whistling and howling sounds called acoustic feedback.  

Acoustic feedback lowers the signal quality and limits the maximum amplification limit HADs. 

Digital signal processing algorithms are a key player in resolving the acoustic feedback problem 

in the current system. Thus, this thesis will be specifically concentrated on real-time acoustic 

feedback cancelation techniques in HADs.  

Acoustic coupling between the loudspeaker and the microphone is illustrated in Figure 1.1. 

According to [5], acoustic feedback is caused by the signal leakage from the loudspeaker to the 

microphone in HADs and distorts the desired signal. Re-amplification of this signal creates 

undesirable howling and whistling sounds. 
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However, this research has mainly tended to focus on real-time feedback cancellation techniques, 

there is one additional work has been presented for the clinical testing stage since there is no 

adequate research and development on clinical testing simulator which addresses the needs of both 

clinical evaluation and engineering.   

1.2 Literature Review of Feedback Cancellation Techniques 

The process of attempting to solve the acoustic feedback problem completely or partially is 

described as acoustic feedback control [5]. For several years, considerable effort has been devoted 

to the study of acoustic feedback problem from different categories. There are four main categories 

in the proposed techniques, specifically, feedback modeling methods [5], [7], phase modulation 

methods [5-6], spatial filtering methods [5], [8], and gain reduction methods [5], [9], [10]. 

Although many methods have been introduced in the field of feedback control, the reliability of 

the proposed methods has not been sufficient [5]. In this thesis, the real time noise injection 

approach will be considered in development and analysis of real time AFC. 

Gain reduction is one solution since the acoustic feedback is caused by severe gain and phase 

angle. In this method, the gain is reduced until howling effect stops, and it could be done with user 

control or automatic gain reduction methods [20], [21]. Phase modulation [22] is a feedforward 

suppression technique which controls the phase of the microphone signal since the signal has 

different phase each time when it is received by the microphone, thus the system stability could be 

improved.  

The model of the acoustic feedback path is obtained either offline or online in feedback modeling 

methods [5]. Traditional AFC methods have used adaptive filters which utilize to model the 

impulse response of feedback path as shown in Figure 1.2, but the desired speech signal and 
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feedback are correlated due to the presence of closed loop between the loudspeaker and incoming 

speech signal [11], [12]. The system cancels some portion of the desired speech signal, and the 

system could fail in the worst case. In order to achieve optimum system performance, this obstacle 

should be overcome. Feedback path transfer function is calculated with decorrelating techniques 

provides error-free estimation. For instance, noise injection approach [13], [14], adding adaptive 

filter delay [15], [16], using decorrelating prefilters [7], [17-18], processing delay added forward 

path [19]. 

 

Figure 1.2. Traditional Feedback Canceller 
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1.3 Contribution of the Thesis 

Feedback cancellation problem is the scope of this thesis because the hearing aid devices’ 

microphone should be positioned next to ear to make the sound quality close to natural hearing, 

and the microphone picks up the signal from loudspeaker. If this signal is not controlled by the 

system, this could cause severe distortion in speech. Many people can suffer from feedback 

problem in their daily life, and it can pose a problem in their social communication due to lack of 

hearing quality. In the last decade, research on acoustic feedback cancellations has become very 

popular due to the small size of HADs. Therefore, our main focus will be real-time acoustic 

feedback cancellation. In this work, we will discuss the characteristics of the feedback path for 

real-time implementation purpose on smartphone. Also, it will include another approach which 

utilizes a voice activity detector (VAD) controlled noise injection method for acoustic feedback 

cancellation. Most of the previous studies do not take into account clinical testing simulator, 

therefore, a novel software called the clinical testing simulator is studied for testing patients in 

various noisy environments. 

1.3.1 Development and Analysis of Real-Time Acoustic Feedback Cancellation 

Applications for Smartphones 

Real-time implementation of the acoustic feedback cancellation on smartphones is presented by 

using the efficient noise injection method [23]. This method plays a vital role in arising feedback 

sound between the microphone and the loudspeaker of the smartphones because the smartphones 

typically force the speaker microphone route to earpiece speaker and bottom microphone to avoid 

feedback path. This effective method gives a fundamental framework to re-route the system sound 
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path to bottom speaker-microphone and cancelling the feedback sound caused by the route. In 

order to remove the feedback path, initial noise is injected when the application starts, then filter 

coefficients with proper order are calculated on smartphone in real-time and completed 

cancellation dynamically without any distortion. The implications of this study can be useful in 

using the smartphones as a complete assistive device. 

1.3.2 Noise Injection Method Controlled by Voice Activity Detector for Acoustic 

Feedback Cancellation 

This study was designed to supervise noise injections with spectral-flux based VAD to improve 

the performance of the earlier method in [23]. VAD decides whether there is a speech or not, then 

inject short-time duration noises into the signal for cancellation. Filter coefficients with proper 

order are calculated in the absence of speech signal, and feedback cancellations is performed 

adaptively. Performance of this technique is objectively evaluated using Misalignment (MISA) 

and Perceptual Evaluation of Speech Quality (PESQ) [25] standards for realistic conditions. 

Objective results showed that our method outperforms the previous method. 

1.3.3 Hearing Aid Test Simulator for Clinical Testing 

This work presents an overview of a useful and automated MATLAB based GUI for hearing 

testing to evaluate subjects’ hearing ability in noisy environments with different SNR values. With 

this software package, the examiner will be able to identify which words are correctly perceived 

and then collect testing data in various conditions to measure the performance of the subjects in 

hearing tests. From subjects’ responses, word recognition rates are saved by the examiner with 

different noise types such as babble, traffic, machinery, and white noise. Additionally, the 
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subjective tests are completed through repeated test circles. All hearing testing data and word 

recognition rate are saved into the database for later use purpose and analysis. This computer-aided 

simulation creates a reliable and cost-effective real environment conditions for clinical testing. Our 

MATLAB based GUI addresses the needs of both clinical evaluation and engineering. 

1.4 Overview of Thesis 

The remainder of the thesis is organized as follows:  

Chapter 2 outlines the development and analysis of acoustic feedback cancellation smartphone 

application in real-time and gives fundamental outcomes.  

Chapter 3 analyses an effective acoustic feedback cancellation method which utilizes multiple 

short-time noise injections with the control of simple VAD, and objective results are presented for 

this method.  

Chapter 4 discusses the hearing test simulator for clinical stage testing to create realistic acoustic 

environment which is intended to be used as a part of Smartphone-Based Open Research Platform 

for Hearing Improvement project [24].   

The conclusion of the thesis is reported in Chapter 5. 
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CHAPTER 2 

DEVELOPMENT AND ANALYSIS OF REAL-TIME ACOUSTIC FEEDBACK 

CANCELLATION APPLICATIONS FOR SMARTPHONES1 

2.1 Introduction 

In this chapter, we will demonstrate the feasibility of the real-time implementations of acoustic 

feedback cancellation (AFC) method on the smartphone. Smartphones are accessible for users and 

also widely used by developers due to their advanced processing capabilities in digital signal 

processing. Moreover, the speaker and microphone pairs make practicable to implement AFC on 

smartphones. Although there are different programming languages to develop Android and IOS 

applications, C language is preferred over other programming languages due to its advantages. 

However, JAVA and Objective C are the main programming languages for smartphone platforms, 

C programming language must be used during the procedure of the complex digital processing 

algorithms in order to make more computationally efficient system. Therefore, C language is 

operated as a gate for Android and IOS platforms. The estimation of the transfer function between 

speaker and microphone in the changing room acoustics is a sensitive process due to the position 

of the smartphone, and it has a negative impact on the system. Whereas, with the proposed 

application the order of the feedback canceller FIR filter in real-time can be efficiently evaluated 

and negative impacts can be mitigated.  

 

1© Copyright 2018 Acoustical Society of America. This article may be downloaded for personal use only. Any other 

use requires prior permission of the author and the Acoustical Society of America. The following article appeared in 

Parth Mishra, Serkan Tokgoz and Issa M. S. Panahi, " Robust Real-Time Implementation of Adaptive Feedback 

Cancellation using Noise Injection Algorithm on Smartphone", The Journal of the Acoustical Society of America 143, 

2018. and may be found at https://doi.org/10.1121/1.5036422. 
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One of the significant challenges for using smartphones as an assistive device is the difference 

between simulated and realistic condition. The proposed application which can remove the acoustic 

feedback cancellation in real time by using noise injection method is explained by the steps has been 

taken to accomplish real-time implementation with low latency audio I/O. iPhone 7, Google Pixel, 

Google Pixel 2 and Samsung Galaxy S7 are used to for development and analysis. 

2.2 Overview of the proposed smartphone application 

We utilized the algorithm in [23] on IOS and Android based smartphones. The signal leakage from 

the loudspeaker to input microphone causes acoustic feedback, and it can lead to the presence of 

undesirable irritating howling and whistling sound [29]. Figure 2.1 illustrates the simplified block 

diagram of the noise injection method. In this approach, a short burst (i.e. for a small duration of 

20-30 msec) of zero-mean white Gaussian noise 𝑤[𝑛] is injected into the loudspeaker when the 

two switches S1 and S2 are in open state. Equation 2.1 denotes the FIR filter coefficients and it 

can be solve using Generalized Levinson Durbin algorithm. After that 𝑓[𝑛] can be cancelled with 

the estimated acoustic feedback path transfer function. 
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Figure 2.1. Scheme of noise injection algorithm 

 

 

𝑓 =  (𝑅𝑢𝑢)−1𝑟𝑦𝑢                                                       (2.1) 
 

In order to access the input/output of the smartphone, the loudspeaker and the microphone, we 

need to use the framework with JAVA and Objective C on Android and IOS operating systems 

(OS). This framework gives us the opportunity of recording audio signal and playing back the 

processed output. Figure 2.2 outlines the basic block diagram of both audio processing schemes 

used in this work. 
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Figure 2.2. Real-Time Audio processing scheme for IOS and Android smartphones 

2.3 Real-Time Processing for AFC 

The both OS has similar processing block in order to use the input/output handler and implement 

C codes. In Android platform, Java Native Interface (JNI) handles the interface for C programming 

language. In order to implement developed C codes on Android smartphone, the following 

development tools are used: Android Studio (IDE) [32], Android Software Development Kit 

(SDK) [33], and Android Native Development Kit (NDK) [34]. Android Studio is used for coding 

and debugging, and the NDK tool gives support for the integration of native C code in an Android 

app.  
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On the other hand, the XCode IDE[35] and Apple Inc.’s open source library, Core Audio [36], is 

used to carry out audio input/output for IOS application. Objective C is used in IOS application 

since it is a superset of C language and can be integrated together thus everything that is valid in 

C programming language is also valid in Objective-C. 

To implement the algorithm in real time, the following steps have been applied. Firstly, the initial 

simulation code on MATLAB is completed to verify the algorithm. Later, MATLAB code is 

converted into C and verified the results on Visual Studio by feeding the entire testing data, but 

the initial code was in sample by the sample-based processing. In order to process signals on the 

smartphone, it is restructured for frame processing and verified the results by feeding data frames. 

Then, the frame-based algorithm is used in Android Studio by using Android NDK, and Xcode for 

IOS for implementation.  

Our motive is to perform a dynamic real-time acoustic feedback cancellation on different platforms 

and smartphones. To make the application dynamic to the changing room acoustics, the estimated 

transfer function should be optimum. According to [38], we estimate the order of the FIR filter in 

real-time from the convergence pattern of the impulse response energy. The speech signal was 

captured at both 16kHz and 48kHz with a frame size of 20 and 30 milliseconds for analysis 

purpose. The process can be divided into two parts, namely, filter order estimation and feedback 

cancellation using this filter order. 
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Figure 2.3. Processing pipeline for smartphones 

Figure 2.3 shows the flowchart of the algorithm on the smartphone. In order to complete these 

parts, the acoustic feedback path between the speaker and the microphone is modeled utilizing the 

noise injection method. After estimating the model, replicated the feedback path characteristics 

removes the feedback sound. After that, the signal arriving at the smartphone’s microphone is 

filtered. In the application zero-mean white Gaussian noise is injected for the first 6 seconds. Also, 

the captured audio signal is disregarded for the first samples equal to the length of the feedback 
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path model. Then, the system computes the AFC filter coefficients by using equation (2.1). Figure 

2.4 demonstrates the GUI of the applications for both OS. 

 

Figure 2.4. Graphical User Interfaces for Application 

 

2.4 Analysis of the AFC Application 

Firstly, the estimation for the optimum order of the AFC filter to process feedback cancellation 

algorithm in real-time efficiently without any tradeoff effect such as performance and 

computational complexity. Estimation of an optimum order for AFC filter in a real-time operation 

is very important since the true feedback path transfer function is not available like in the 

simulation. In this case, the method in [37], the energy of the estimated AFC filter as a function of 

the filter order can be used by using the convergence. In both the Android and iOS-based 

smartphones, the speaker-microphone pair at the lower bottom of the phone are forced to use. 
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Figures 2.5, 2.7 and  2.9 illustrate the impulse response energy versus filter order for all tested 

smartphones. From these graphs, we can implicate the optimum filter order based on their 

convergence behavior. The value of the filter order will change with varying environmental 

conditions. Figure 2.5 and 2.6 shows the analysis results for iPhone 7, and the filter order of iPhone 

7 can be 325.  

 

Figure 2.5. iPhone 7 Convergence for Impulse Response Energy 
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Figure 2.6. Impulse Response of estimated feedback path model for iPhone 7 

For Android smartphones, the feedback transfer function has different characteristic from iOS. For 

example, Google Pixel analysis results show that filter order is approximately 475 depicted in 

Figure 2.7 and 2.8. The reason why the configuration of the filter order should be different 

compared to iOS is the Analog to Digital and Digital to Analog (ADC/DAC) circuits are different 

and the audio processing handling for both OS. 

Additionally, Samsun Galaxy S7 smartphone has the filter order of 575. The results in Figure 2.9 

and 2.10 indicates the appropriate filter order for Galaxy S7. 
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Figure 2.7. Google Pixel Convergence for Impulse Response Energy 

 

Figure 2.8. Impulse Response of estimated feedback path model for Google Pixel 
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Figure 2.9. Samsung Galaxy S7 Convergence for Impulse Response Energy 

 

Figure 2.10. Impulse Response of estimated feedback path model for Galaxy S7 
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2.5 Speech Quality Measurements 

To test our application, we conducted tests in presence of normal environmental conditions in the 

laboratory. Figure 2.11 and 2.12 shows the efficiency of the proposed real-time algorithm on the 

smartphone. In the figures, straight lines show a divergence in power, which suggests that feedback 

has occurred at these frequencies. After noise injection and cancellation part, it does not show the 

occurrence of feedback at those frequencies. So, the acoustic feedback of the smartphone is 

reduced with the feedback canceller coefficients. Therefore, it can be said that the proposed 

application can accomplish the acoustic feedback cancellation in real time. Both application for 

Android and iOS systems can remove feedback. Especially, the iPhone application has no 

distortion at all according to the spectrogram. 

 

Figure 2.11. iPhone 7 spectrogram plot for the output of smartphone 

 

Additionally, we have considered another approach to measure speech quality on the smartphone 

application. Before starting the algorithm, the application played a speech file which we chose. 

After starting cancellation, the application played the same speech file and recorded at the 

microphone again. As a result, we had same recording file before and after starting the algorithm.  
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When we measure the PESQ, the result was 4.0638 out of 5 which is a great accomplishment in 

real-time on a smartphone. 

 

Figure 2.12. Google Pixel spectrogram plot for the output of smartphone 

 

Moreover, we have conducted another test under noisy conditions to measure whether it a has 

negative effect on speech plus noise or not. Figure 2.13 shows the spectrogram for the application 

under multi-talker babble noisy environment at 5 dB, approximately. Also, similar tests are 

conducted for traffic and machinery noise. 

 

Figure 2.13. Conducted test of spectrogram plot under noisy environment 
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2.6 Summary 

Low latency real-time AFC applications with noise injection method are developed and analyzed 

on smartphones. The application is dynamic to the acoustic condition of the environment. Transfer 

functions which is modelled from the speaker and microphone of the phone have been utilized in 

the cancellation part efficiently to remove feedback effect. The analyzes objectively measured with 

the convergence of the impulse response of the filter order, and output results are shown by 

spectrograms and another measure PESQ is used to calculate the speech quality score for the 

algorithm. 
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CHAPTER 3 

VOICE ACTIVITY DETECTOR CONTROLLED NOISE INJECTION METHOD FOR 

ACOUSTIC FEEDBACK CANCELLATION2 

3.1 Introduction 

Quite recently, considerable attention has been paid to acoustic feedback cancellation in HAD 

applications since the annoying effects of the acoustic feedback sounds are one of the most 

important cause of hearing aid user dissatisfaction. AFC methods are commonly applied to 

eliminate the acoustic feedback sounds, whistling and howling, arising in the HA devices due to 

the closed position between the speaker and the microphone of the HAD. Because of the 

occurrence of the closed-loop in the HADs, the feedback signal is correlated with the desired 

speech signal [19]. Previous AFC algorithms used an FIR filter to calculate and model the feedback 

path in the system. After that, this filter had been utilized in parallel with the feedback path. But 

then, these methods were not able to remove the correlation, and this problem caused a biased 

estimation in the transfer function. In this chapter, decorrelating techniques will be used in order 

to calculate error-free feedback path transfer function, namely, the noise injection algorithm [23]. 

In this method, zero-mean white Gaussian noise is injected for a short time duration multiple times 

over the loudspeaker. Later, this noise is picked up from the microphone and calculate the transfer 

function  

 

 

2© [2018] IEEE. Reprinted, with permission, from Parth Mishra, Serkan Tokgoz and I. M. S. Panahi, “Efficient 

Modeling of Acoustic Feedback Path in Hearing Aids by Voice Activity Detector-Supervised Multiple Noise 

Injections," Annual International Conference of the IEEE Engineering in Medicine and Biology Society, 2018.   
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for acoustic feedback path, so the system identification has been done with noise injection to 

acquire the FIR filter. In this system, FIR filter order plays a crucial role since poor system 

performance could happen with the underestimation of the filter order while overestimation of the 

order can rise the computational complexity, and this issue can cause processing delays and extra 

power usage in the system.  

In the proposed method, multiple noise injections will be performed in the absence of speech with 

the control of a Voice Activity Detector (VAD). Adaptively estimated the FIR filter coefficients 

will cancel the feedback path. The presented method performance is measured in different noisy 

environments with various SNR levels. Misalignment (MISA) [19] and PESQ [25] are used in 

order to compare our results objectively. Additionally, Mean Opinion Support (MOS) scores 

calculated with results from subjects [26]. 

3.2 Overview of Noise Injection Method with VAD 

Noise Injection methods are classified into two major types, namely, non-continuous noise 

injection [27-29] and continuous noise injection [30]. In our approach, the non-continuous noise 

injection method will be utilized for AFC. Short time zero-mean white Gaussian noise 𝑤[𝑛] will 

be injected when the 𝑆1 and 𝑆2 switches are open. Short time noise injections such as 20 − 30𝑚𝑠 

are chosen because the listener cannot notice, and the system can provide a better sound quality. 

Figure 3.1 illustrates the block diagram of the proposed noise injection method. 
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Figure 3.1. The block diagram of noise injection AFC method with VAD 

 

The desired speech signal 𝑥[𝑛] is taken from the microphone as shown in Figure 3.1. 

                                                     𝑦[𝑛] = 𝑥[𝑛] +  𝑢[𝑛] ∗  𝑓[𝑛]                                                 (3.1) 

In (3.1), the captured speech signal 𝑥[𝑛], and the microphone output signal is the 𝑦[𝑛]. Also, the 

impulse response of the acoustic feedback path is denoted as 𝑓[𝑛], and the signal in the loudspeaker 

is denoted as 𝑢[𝑛] where * is named as linear convolution. When both switches 𝑆1 and 𝑆2 are 

open, the noise injection starts for a short time period. In this time, softened and windowed white 

noise is injected into the loudspeaker where 𝑢[𝑛] = 𝑤[𝑛]. Therefore, the cross-correlation from 

the loudspeaker signal 𝑢[𝑛] to the microphone signal 𝑦[𝑛] is described in equation (3.2): 
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𝑟𝑦𝑢[𝑙] =  𝑟𝑥𝑢[𝑙] + 𝑟𝑢𝑢[𝑙] ∗ 𝑓[𝑙]                                             (3.2) 

Where 𝑟𝑦𝑢[𝑙] = ∑ 𝑦[𝑛]𝑢[𝑛 − 𝑙]𝐿
𝑛=0  calculated from the cross-correlation between 𝑦[𝑛] and 𝑢[𝑛], 

𝑟𝑥𝑢 is the cross-correlation between 𝑢[𝑛] and 𝑥[𝑛], 𝑟𝑢𝑢[𝑙] = ∑ 𝑢[𝑛]𝑢[𝑛 − 𝑙]𝐿
𝑛=0  is the 

autocorrelation of 𝑢[𝑛], and 𝑙 is defined as correlation lag. In noise injection process, 𝑟𝑥𝑢 becomes 

ignorable because desired speech signal 𝑥[𝑛] and white noise 𝑤[𝑛] is uncorrelated each other. 

During the short-time injection of the white noise, the gain functions are not included in equation 

(3.2). Therefore, the equation 3.2 can be written as in noise injection process. 

𝑟𝑦𝑢 =  𝑅𝑢𝑢. 𝑓                                                                          (3.3) 

We shall explain the above expression as 

𝑟𝑦𝑢 = [𝑟𝑦𝑢[0]  𝑟𝑦𝑢[1]… 𝑟𝑦𝑢[𝐿 − 1]]1×𝐿
𝑇                                            (3.4) 

 

        𝑓 = [𝑓0  𝑓1 … 𝑓𝑀−1  ]1×𝑀
𝑇                                                      (3.5) 

 
 

  𝑅𝑢𝑢 =

[
 
 
 
 
 

𝑟𝑢𝑢[0]        𝑟𝑢𝑢[−1]   …   𝑟𝑢𝑢[−𝑀 + 1]

𝑟𝑢𝑢[1]        𝑟𝑢𝑢[0]       …  𝑟𝑢𝑢[−𝑀 + 2]
.                   .                        .           
.                   .                        .           
.                   .                        .           

𝑟𝑢𝑢[𝐿 − 1]    𝑟𝑢𝑢[𝐿 − 2]  … 𝑟𝑢𝑢[−𝑀 + 𝐿]]
 
 
 
 
 

𝐿×𝑀

                            (3.6) 

Where 𝐿 represents the maximum lag in the equation (3.4), the length of the filter 𝑓 is denoted 

with 𝑀 where 𝑓𝑖𝑙𝑡𝑒𝑟 𝑜𝑟𝑑𝑒𝑟 =  𝑀 − 1 and 𝑇 means transpose operation for matrices. 

Injecting short-time white noise means softened rectangular windowed white noise. Softened 

switch prevents high pitch sounds in when the switches are opened or closed. This provides the 

least stress. This rectangular windowed white noise holds under the condition that non-zero 
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autocorrelation samples of the loudspeaker signal, 𝑢[𝑛] (3.6). When 𝐿 > 𝑀 case is assumed, so 𝑓 

can be derived using least squared estimation in equation (3.7). 

𝑓 =  (𝑅𝑢𝑢
𝑇𝑅𝑢𝑢)−1𝑅𝑢𝑢

𝑇𝑟𝑦𝑢                                          (3.7) 

Where "-1" superscript shows the matrix inversion.  

In our case, we define 𝐿 = 𝑀, and this implies the coefficients of the FIR filter can be calculated 

as follows: 

𝑓 =  (𝑅𝑢𝑢)−1𝑟𝑦𝑢                                                          (3.8) 

Equation (3.8) can be obtained with an appropriate filter order by utilizing the Generalized 

Levinson-Durbin algorithm in [23]. The optimum filter is obtained, and it can then be used in the 

system as a parallel with the acoustic feedback path to cancel the feedback signal 𝑓[𝑛] when 𝑆1 

and 𝑆2 switches are closed as depicted in Figure 3.1. 

In our method, the noise injection procedure is controlled from the decisions made by the VAD. 

The signal data arrives as frames at the microphone part, and it is tested whether the presence or 

absence of speech in that frame. We use a simple computationally efficient ‘Spectral Flux’ (SF) 

feature-based VAD as a control mechanism for noise injection. SF VAD quantities the power 

spectrum of the signal variations and makes the decisions on these criteria. As shown in Figure 

3.1, the two switches 𝑆1 and 𝑆2 are controlled depend on VAD decisions. We explain the presence 

of speech activity, also, the switch controlling parameter which is represented as delta, ‘δ’ in 

equation (3.9). 

    δ = {
         1,   (Speech + Noise)

0,   (Noise only)
                                                       (3.9) 
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‘δ’ parameter manages the noise injection procedure as follows: 

    𝑆1 and 𝑆2 = {
     ON,   if and only if  δ = 1

OFF,  if and only if  δ = 0
                                           (10) 

Noise injection has been done only once 𝑆1 and 𝑆2 switches are in OFF state. Therefore, injection 

of a white noise process can only carry out when there is no speech in the signal frame at the 

microphone. We can say that noise injection procedures are supervised by VAD in the proposed 

method. 

3.3 Simulation Results  

The proposed algorithm is performed and investigated in different noisy conditions with various 

SNR levels. The objective and subjective test results show that the performance of the previous 

method is improved. 

The proposed algorithm is designed to work on a frame by frame basis for real-time operations 

with a constant frame size of 20 milliseconds at a sampling frequency of 48 KHz. The forward 

path gain function 𝐺(𝑧) = 𝐺𝑧−D is used according to [23]. In this paper, 𝐺 and 𝐷 are established 

at 15 and 240, respectively. D is set to 5 milliseconds of delay by choosing 240. The static feedback 

path model studied with 88 length of FIR, and this was measured in the laboratory conditions. 

Windowed white noise of duration of 20 milliseconds is injected multiple times. Speech files from 

HINT and TIMIT database are used [31]. 3 different types of background noises are added to each 

speech files, namely, Machinery, Multi-Talker Babble, and Traffic at -5dB, 0dB, and +5dB SNR 

levels. MISA and PESQ objective evaluations are used to evaluate the performance of the proposed 

algorithm. As shown in Figure 3.2, the convergence of the MISA (lower MISA values are better) 
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values can be seen, and it is approximately occurring the filter order between 40-55 for HADs. We 

considered 55 as an optimum filter order and used in general simulations. 

 

 

Figure 3.2. Average MISA (dB) values for supervised noise injection method from 15 different 

noisy speech files were at +5dB SNR with added machinery noise 

 

For objective results, average MISA over the SNR values for the original method and the proposed 

method are compared. The results shown in Figure 3.3 proves that the proposed method has the 

least value of MISA in all noisy conditions where the blue solid bars represent original and 

patterned bars represents the proposed method. 



 

30 

 
Figure 3.3. MISA plot for proposed and original method with three different noise types at           

-5, 0, +5 dB SNRs levels 

PESQ values for the proposed method are illustrated in Figure 3.4. Higher PESQ values mean 

better performance and results show that our method outperforms the original method where the 

blue solid bars represent original and patterned bars represents the proposed method.

 

Figure 3.4.  PESQ results for original and proposed method under three different noise types at    

-5, 0, +5 dB SNRs levels 
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Figure 3.5 depicts the usefulness of the proposed algorithm according to subjects from conducted 

tests. In this test, subjects scored each audio files without knowing which files belong to which 

method

 

Figure 3.5. MOS results for proposed and original method 

 

3.4 Conclusion 

A new method which is called VAD-supervised noise injections for AFC was proposed to regulate 

the noise injection procedure. The method was tested and analyzed under noisy speech signals. 

After simulations, objective results confirm that improvement has been achieved compared to 

original method performance. Less MISA and higher PESQ values are supported our method’s 

performance. 
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CHAPTER 4 

HEARING AID TEST SIMULATOR FOR CLINICAL TESTING3 

4.1 Introduction 

After developing new algorithms or applications, testing simulators play an important role in 

determining the efficiency of the new methods. Therefore, the literature on hearing aid simulator 

either software or hardware shows a variety of approaches. Previous research has demonstrated 

that the importance of the simulators in hearing aid studies. One of the first examples of hearing 

test system with the integration of computer is presented in [38]. This work presents a data 

acquisition system for hearing testing to analyze measurements of hearing ability of subjects. 

Another solution is described in [39], presents a hearing aid simulator for testing adaptive signal 

processing algorithms for hearing impaired patients. In [40] and [41] it was shown that audiometer 

could be prototyped on computers with a standard sound card in order to test hearing ability of 

patients with white noise masking signal and pure tone testing. In a recent paper [42], researchers 

focused on collecting data from people who have had hearing surgery, and they are interested in 

how humans are using their ears in two ways, in other words, localizing the sound and 

distinguishing speech-noise.  

In our approach, an assistive MATLAB GUI interface has been developed for hearing testing to 

evaluate subjects’ hearing capability in noisy environments with several SNR values.  

 

3 © Copyright 2018 Acoustical Society of America. This article may be downloaded for personal use only. Any other 

use requires prior permission of the author and the Acoustical Society of America. The following article appeared in 

Serkan Tokgoz, Yiya Hao, and Issa M. S. Panahi, " A Hearing Test Simulator GUI for Clinical Testing", The Journal 

of the Acoustical Society of America 143, 2018. and may be found at https://doi.org/10.1121/1.5035952. 
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Different noise types, such as babble, traffic, machinery, and white noise are used in the testing 

procedure. As shown in Figure 4.1, examiners can identify which words are correctly written from 

the remote-controlled PC in the testing room and then collect and log the data which is conducted 

from various test to hearing tests. Moreover, there are some specific test circles which will be 

explained in further topics. All data is saved into the local database for later use and analysis. This 

software package creates a reliable and cost-effective real environment conditions for our clinical 

testing stage. It satisfies the needs of both clinical evaluation and engineering. 

 

Figure 4.1. Proposed system for examiner and subject 

4.2 Proposed Software Package 

The developed simulator is intended to be used as a part of Smartphone-Based Open Research 

Platform for Hearing Improvement project [24], and it establishes realistic acoustic environment 

in various conditions for hearing listening test. The system is a supervisory and data acquisition 

system for the testing by itself and gives appropriate feedback for the developed smartphone 

applications in realistic conditions, therefore it can provide justification. Figure 4.2 demonstrates 
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the test results for Convolutive Joint Maximum A Posteriori (cJMAP) [43] and Live Listen scores 

from a conducted test. 

 

Figure 4.2. cJMAP vs Live Listen scores from the Simulator 

4.2.1 System Overview 

The software is developed for providing the clinical testing process to measure hearing-impaired 

responses taken from subjects, word recognition rates. In each test, system categorizes and saves 

data collected from the subjects with different noise types such as babble, traffic, machinery, and 

white noise. In the testing, each database combinations from the HINT speech database will be 

played randomly, and subjects will type their responses after listening each audio files. This 

software package logs the patient’s response files in excel data format for later use purpose and 

analysis. The advantages of the system are below: 

• Flexible for conducting tests under various testing choices with different type of noise and 

SNR levels 

• User-friendly for the examiner and the subject  
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• The supervisory ability allows the examiner to control everything while subject can only 

type on the other computer in the booth 

• Data acquisition lets storing patient data and test results for later use purpose and analysis 

• Hearing Test Simulator is open-source and easily-distributable with the executable package 

• The platform only needs two laptops. One is for the examiner to supervise the test steps 

and the other one is for subjects to type their responses with wireless communication 

The main structure of the developed system includes 6 interfaces/modules, namely, Calibration, 

New Patient, Old Patient, Practice Session, Regular Session, and Inventory. The New Patient 

module is to create a new patient file and use in the Regular Session for test purpose. Old patient 

module indexes all patient files to reach the previous database file of the patient and conduct new 

tests if any of the patient file is chosen. Inventory module can directly guide the user to access the 

database files. Details of other modules will be given in the block diagrams. For the visual 

representation of the main usage of the Optimizer GUI is referred with the flowchart in Figure 4.3.  
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Figure 4.3. Flowchart of main procedure 

Calibration module is used to make changes in the testing environment to measure SNR level with 

SPL (Sound Pressure Level) meter. In this module, the examiner chooses the SNR level of noise 

or speech calibration to play in the test setting before starting test. Figure 4.4 illustrates the 

flowchart of the Calibration module.  
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Figure 4.4. Flowchart of calibration module 

Practice Session and Regular Session have similar GUI and same purpose of use except for 

regular session. In this interface, examiner chose a type of noise file and the combination of speech 

file order to play in test and asks the patient whether the subject is ready to listen. When patients 

type their responses inside the testing booth with the remote controlled laptop, the examiner will 

see their response and score it after comparing with the original sentence. The detailed process of 

the regular session is drawn in Figure 4.5. 
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Figure 4.5. Flowchart of testing module 

4.2.2 Graphical User Interface on MATLAB 

MATLAB Graphical User Interface (GUI) provides a responsive point-and-click control of 

software applications, and it eliminates the prerequisite to learn a new programming language in 

order to use the application. The Optimizer GUI is designed as an assistive software package for 

clinical testing team. After developing the software, the GUI is updated several times to make it 

user-friendly for examiners in hearing tests.  

This work includes the software tools that are used to develop this GUI, and the flowcharts to 

describe the process of usage in clinical testing. The MATLAB codes and executable application 

are available for ‘The Optimizer-Hearing Aid Test for Noisy Environments’ on the website of the 

project. The screenshot of the main screen and the regular test session of the GUI is as shown in 

Figure 4.6 and 4.7. Also, Figure 4.8 shows the subjects’ side of the simulator. Subjects can only 

see the response screen from the simulator. 
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Figure 4.6. Main screen of the GUI 

 

 

Figure 4.7. Screenshot of regular test session 
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Figure 4.8. Subjects' view of the simulator 

4.3 Summary 

A large variety of the previous studies has been reviewed for the development of the method. The 

MATLAB GUI has been developed for this work to satisfy the requirements and provide time-

saving benefit. In conclusion, it is evident that this study has shown quite an efficient software 

package for the clinical testing stage.  
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CHAPTER 5 

CONCLUSION 

The paper has presented several solutions to real-time acoustic feedback cancellation problem 

arising in the hearing aid devices. Firstly, particular attention is paid to remove the feedback effect 

on the smartphone. This work includes real-time approach of the noise injection method and the 

steps have been taken to implement in real-time with low latency. The originality of our solution 

lies in the fact that this work is one of the first real-time application on the smartphone for hearing 

aid devices. An important implication of these findings shows us the real-time AFC algorithm 

implementations are successful on the smartphone. Secondly, in this thesis, the focus of attention 

is paid for controlling the noise injections with the help of the voice activity detector. We have 

addressed not only testing and analyzing clean speech but also under noisy speech signals. After 

simulations, objective results confirm that improvement has been achieved compared to original 

method performance. MISA and PESQ results supported the performance of the method. This 

approach presents a novel view of regulating the noise injections by providing better speech 

quality. Finally, an automated MATLAB GUI has been developed for this thesis to satisfy the 

requirements and provide time-saving simulator in clinical stage testing. The proposed method has 

been used in practice and has shown quite efficient results for clinical testing stage.  
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