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ABSTRACT 

 

 

 Supervising Professor:  Dr. Issa M.S. Panahi 

 

 

 

 

Sound Source Localization (SSL) is one of the vital areas in signal processing, especially in hearing 

aid applications. SSL (or Direction of Arrival) helps to determine the location of the speaker via 

multiple fixed microphones (also known as microphone array). Knowing of speaker Direction of 

Arrival (DOA) helps to improve the performance of the system. Another advantage of DOA is that 

it helps hearing-impaired people to locate talker because hearing aid users, especially those who 

are older than 60 years, have difficulties in determining the place of the speaker. Having requisite 

processing capabilities and at least two microphones makes smartphones a cost-effective solution 

for multi-channel audio signal processing.  In this thesis, we propose a new stereo input/output 

framework for Android platforms for audio signal processing. This frame enables us to perform 

multi or single channel audio signal processing for real-time operations. We also propose a method 

for two microphones-based Direction of Arrival (DOA) estimation and real-time implementation 

of this method on the latest Android smartphones.  
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CHAPTER 1 

INTRODUCTION 

1.1. Motivation 

Spatial loss is commonly seen in people over 60 years of age, and sometimes it doesn't relate to 

age [1]. People with spatial hearing loss have difficulty perceiving and processing different sounds 

from different directions. It is also known as lack of spatial awareness. Spatial hearing loss cause 

the people not to locate speaker accurately. This situation leads to problem in group talks or group 

activities for people who lack spatial awareness.  Hearing aid devices (HAD) use several spectral 

gains, such as speech enhancement [2,3] for compensating the hearing loss in the noisy 

environment. However, these spectral gains mostly cannot preserve location cues [4]. Hence, 

another technique is needed. 

Speech source localization (SSL) is a proper technique which helps hearing-impaired people to 

estimate the speaker location. SSL also is powerful preprocessing technique improving several 

signal processing algorithms such as microphone array beamforming [5-8], noise reduction [8, 9], 

and automatic speech/speaker recognition (ASR) [10, 11].  

SSL system should be robust to background noise, reverberation. It should be able to show 

speaker’s direction for speech, not for background noise. Last but not least, the system should be 

applicable for frame base operations for real-time systems. 

Widely using of smartphones offers hearing impaired people cost-effective solution for increasing 

effectiveness of HAD. Smartphones are proposed in [12-14] in order to implement speech 

processing algorithms such as Direction of Arrival (DOA) estimation [15], speech enhancement 

[16, 17], dynamic range compression [18] among others with minimum latency. Since, modern 
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smartphones possess necessary hardware such as microphones, powerful processors, and enough 

battery power for signal processing algorithms. 

1.2. Contribution of the thesis 

HADs have some constraints such as device size, computational capability of processors, memory 

size, and a number of microphones. To overcome these constraints, smartphones are essential 

candidate as smartphones have requisite hardware such as at least two mics, processor, and battery. 

For more information can be found on [19].  

SSL method helps to increase the signal to noise ratio (SNR), de-reverberation, suppression of 

background noise, and enhancement of speech with high perceptual quality [6, 8, 20, 21]. In this 

thesis, real-time SSL method is proposed, and its real-time Android application is developed for 

hearing aid applications.  The main contributions of the thesis are as follows: 

 

1.2.1 Stereo Channel Input and Output Framework for Android Platforms 

As it is mentioned before, smartphones and tablets are attractive, cost-effective solutions for 

implementing multi-channel audio signal processing algorithms. Modern smartphones and tablets 

have at least two microphones and requisite processing capabilities to perform real-time audio 

signal processing. However, it is still challenging to integrate the dual-microphone audio capture 

and the audio processing pipeline in real-time for efficient operation. In this thesis, we propose a 

practical stereo input/output framework for real-time audio signal processing on Android 

smartphones/tablets. This framework enables us to perform a large variety of real-time signal-

processing applications on Android platform such as Direction of Arrival (DOA) estimation, 
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dynamic range Audio Compression, and Multi-Channel Speech Enhancement. Thanks to the 

framework, smartphones are able to be used as an assistive device for hearing aid devices (HAD) 

[22].  

Before the proposed framework, the Android smartphones/tablets had to be rooted in order to use 

multiple microphones of the devices. Rooting is not allowed by vendors because rooting change 

the system files of the device. Thanks to proposed framework, rooting is not needed anymore, as 

the proposed framework uses Android system libraries. Another main advantage of the proposed 

method has low latency. For audio signal processing, the signal should be processed in 15 

milliseconds (ms) in order to avoid perceptional issues [23]. The proposed framework integrates 

Java and C/C++ programming languages to decrease the processing time. The framework is fast 

enough thanks to this integration [22].  

Although the proposed framework can be used for only Android platforms, it is quite 

comprehensive in the smartphone market. The usage of Android phones for the year of 2017 is 

reported as 87 percent [24].  The importance of the proposed framework is that it is the base 

framework for our project which is supported by NIH. The details will be covered in Chapter 2. 

 

1.2.2 Speech Source Localization and Tracking 

The using of microphone array to estimate the direction of arrival (DOA) of the source signal is 

typical for speech source localization (SSL). The DOA performance depends on SNR, noise types, 

reverberation, type and geometry of microphone array, and number of the microphones. In this 

work, we focus on two microphones and each microphone is apart from 13-16 cm like modern 
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smartphones. Another consideration is only finding DOA single source (dominant source) using 

short frames of incoming data (20-100 milliseconds (ms)).  

The focus is the estimation of SSL or DOA using Android mobile devices with two microphones 

for this work. Hence, DOA method to be used should has high performance and less computational 

complexity. One of the best candidates for these constraints is time delay arrival estimation 

(TDOA). TDOA exploits of time difference of incoming signal to microphones. Using simple 

statistics of data makes TDOA suitable for real-time implementations. 

We are able to use maximum two microphones of smartphones, and this limits the performance of 

TDOA algorithm. Therefore, we propose a novel approach for DOA estimation which uses three 

steps. The first step is called pre-processing stage which is used for increasing SNR of the speech 

signal. The second step refers to one of the TDOA method, Generalized Cross Correlation (GCC) 

method. The last step is post-processing steps which provide us consistent DOA estimations. The 

details of this approach are given in Chapter 3.    

 

1.2.3 Real Time Implementation of Proposed DOA Estimation Method on Android 

Smartphone 

The goal of this thesis is developing real-time SSL estimation application on smartphone and 

tablet. We have some constraints for smartphone or tablet applications such as frame length, 

sampling frequency, processor power, battery life. After objective evaluation of DOA estimation 

methods, we have released four versions of DOA application with consideration of the real-time 

implementation constraints. Each version release is done based on two critical reasons which are 
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increasing the performance of DOA estimation and decreasing computational complexity of the 

application. The details of the improvements are given in Chapter 4.  

1.3. Outline of the Thesis 

The organization of the thesis is as follows: Chapter 2 provides details of Stereo channel input and 

output framework for Android platforms. The literature background of TDOA for two microphone 

and novel approach of two microphone DOA estimation is presented in Chapter 3. Simulation 

results of the proposed approach for DOA estimation can be found in Chapter 3. Chapter 4 offers 

improvements of the real-time implementation of DOA estimation.  Chapter 5 concludes the thesis. 
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CHAPTER 2 

STEREO CHANNEL INPUT/OUTPUT FRAMEWORK FOR ANDROID PLATFORMS 

2.1 Motivation 

Smartphones are encountered in every area of life. This popularity makes people use smartphone 

new application areas. One of the attractive areas is using smartphones as an assistive device for 

hearing aid devices (HAD). Since HADs have some limitation such as device size, computational 

capability of processors, memory size, and number of microphones, using smartphones as an 

assistive device for HAD is needed [19].  

To be smartphones as an assistive device for hearing aid applications, smartphones should have 

the capability to process audio signal processing. As smartphones have powerful processors, at 

least two microphones, and battery, they are capable of audio signal processing in the sense of 

hardware. Therefore, software is needed for audio signal processing. The proposed framework 

responds the need for audio signal processing software. 

Two main challenges emerge for audio signal processing on the smartphone which are latency and 

multichannel signal processing. Firstly, the proposed will be used for real-time communication or 

dialogue so signal processing should be done in 15 milliseconds (ms) in order to provide healthy 

discussion. According to the study [23], audio latency should be less than 15 ms to avoid 

perception issues. Another point is smartphones have their own operating systems. In other words, 

smartphones manage their task schedule and developers cannot manipulate or know the scheduling 

priority. Hence, audio signal processing on smartphones should less than 15 ms. Secondly, having 

multichannel processing ability make the proposed framework stronger software for audio signal 

processing on smartphones. There are several multichannel signal processing algorithms such as 
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Direction of Arrival (DOA), Multichannel Signal Processing, which are not used in HADs, can be 

helpful for hearing impaired people. The proposed framework achieves these two challenges [22].  

Although the proposed is for Android platforms, it is quite comprehensive for smartphone and 

tablet market. As the report shows that the usage of Android devices is 87 percent for 2017 [24].  

Java programming language is being used for developing Android applications. However, it is not 

fast enough to audio signal processing. Therefore, the proposed framework integrates Java and 

C/C++ programming languages for faster signal processing. Next, Android smartphones/tablet had 

to be rooted for using two microphones of the device. The smartphone/tablet vendors don't allow 

to root, so it is illegal. Fortunately, the proposed framework removes rooting obstacle. Another 

main advantage of the proposed framework is that it will be the base framework for the project 

which is supported by National Institute of Health hearing aid project. The details will be given 

under following titles. 

2.2 The Proposed Framework 

This section covers details of the proposed framework whose pipeline is shown in Fig. 2.1. The 

proposed software shell will be explained according to the pipeline. To do that, this section divided 

two parts as Java and C/C++ module of the framework. Graphical User Interface (GUI), Wave 

Recorder java class, Processing class, and Java Native Interface is explained under Java module 

of the framework. C/C++ module of the framework is divided two sub-titles as Audio Main and 

Signal Processing.   
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Figure 2.1. The pipeline of Proposed Method 

 

2.2.1 Java Module of the Framework 

Java programming language is needed for application development on Android platforms. 

Although Java is a must for Android app development, it is not fast enough for audio signal 

processing. To overcome the latency problem, Java is integrated with C/C++ programming 

language. All parts of framework except signal processing part is designed in Java. Therefore, 

Graphical User Interface (GUI), sound capturing, and communication with Java and C/C++ is done 

in Java module. The details are given as follows.  

 

Graphical User 

Interface (GUI)

Wave 

Recorder
Processing

Signal 

Processing
Audio Main
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2.2.1.1  Graphical User Interface (GUI) 

Graphical User Interface (GUI) is the first screen of an app, and the user can interact with it. For 

our framework, it is used for starting/stopping the app, changing some parameters about 

app/algorithm, and displaying. Therefore, GUI includes text-view, button, image-view, edit text, 

layout, list view, so on. 

Once a user starts the app, Wave Recorder java class is called. Wave Recorder begins to capture 

signal according to user preferences and system setups. 

 

2.2.1.2  Wave Recorder Class 

Wave Recorder is a Java class which is being used for capturing audio signal and playing processed 

output. For sound capturing, Android class and libraries are used. One of these libraries and classes 

is AudioRecord class which administer the audio sources for recording audio from built-in 

microphones of the platform [25]. A few parameters have critical importance for signal capture. 

These are explained as follows. 

 Audio Source = AudioRecord class allows us to select an audio source of recording. 

Although there are many options to choose a source, it is recommended that MIC and 

CAMCORDER. MIC denotes for the bottom microphone of the smartphone and 

CAMCORDER is used for microphone audio source which is near to the camera. 

 Sampling Frequency = It is used for determining the sampling rate of recording. According 

to the developer of Android operating system, 44.1 kHz or 48 kHz is suggested as a 

sampling frequency for modern Android smartphones. These sampling rates provide high 

quality and minimum audio latency [9]. 
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 Channel Configuration = Number of audio channel is defined via channel configuration 

parameter. Stereo channel can be selected at max. However, Android doesn't guarantee 

two-channel recording for all Android phones. Google Pixel 2 XL, Google Pixel, and 

Samsung Galaxy S7 are tested, and it has seen that two-channel recording is possible for 

these phones. 

 Audio Format = The audio data is represented by ENCODING_PCM_16BIT. Each sample 

is denoted by 16 bit, and Pulse Code Modulation is used for the data. 

 Buffer Size = The size of recorder buffer is crucial. Since we don`t desire to lose any data 

when capturing signal. Hence, getminbufsize() function is used for determining buffer size. 

In order to avoid any data losing while signal capturing, function getminbufsize() has been 

used for determining the minimal buffer size. The return value from the function above is 

assigned to Buffer Size. 

 

An audio signal is captured in WaveRecorder class and stored in the input buffer. Stored data is 

sent through Processing class according to First Input First Output(FIFO) criteria. After signal 

processing is completed, the processed signal is sent to the speaker. This operation is managed by 

WaveRecorder class. We exploit AudioTrack class which is provided by Android and for playing 

audio resource. The parameters, which are defined above, are needed for AudioTrack as well. 
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2.2.1.3  Processing Class 

Real-time audio signal processing on the smartphones is being done frame by frame Processing 

class is responsible for frame-based operations and communication between Java and C/C++. 

Thread, which updates GUI, can be managed in Processing java class. 

The captured audio signal by Wave Recorder class is processed frame by frame.  The frame sizes 

are usually from 5 milliseconds to 20 milliseconds. Processing java class sends the frame to Audio 

Main C/C++ function using Java Native Interface (JNI). After signal processing is done in C/C++ 

module, the processed frame comes back to Processing class. Next, Processing class calls a thread 

in order to either send the frame to speaker or updates GUI. 

 

2.2.1.4  Java Native Interface (JNI) 

Android offers Java Native Interface (JNI) framework in order to manage native code (written in 

C/C++) in Android platform. In other words, we can integrate C/C++ and Java codes via JNI as a 

bridge. This integration helps performance boost to Java. The performance increase is needed for 

healthy dialogue. A study shows that greater than 15 ms latency is recognizable so real-time 

audio signal processing should be done in 15 ms [23]. JNI is needed to break through 15 ms 

latency problem. Another advantage of JNI is that it makes some hardware features using other 

languages like C/C++ accessible for Java. Native Development Kit (NDK) is needed for using 

JNI framework. NDK enables native libraries available using JNI framework. For more 

information can be found on [26].  
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2.2.2 C/C++ Module of the Framework 

Audio signal processing should be completed less than 15 ms in order to avoid perception issues.  

C/C++ programming language is used for signal processing algorithm to overcome perception 

issue, as C/C++ runs faster than Java. Fig. 2.2 demonstrates architecture of Android operating 

system [27]. The architecture is divided five layers. First two layers are Applications, and 

Application Framework and Java programming language is used for these layers. Native Libraries 

and Hardware Abstraction Layer are third, and fourth layer and C/C++ programming language is 

needed for these layers. The system drivers are in the fifth layer, also known as Linux Kernel. As 

it is seen from Fig. 2.2, C/C++ is closer to the low layer of the system than Java, which makes 

calculations and processing become faster. 
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Figure 2.2. Shows architecture of Android application 
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2.2.2.1  Audio Main  

It is the primary C/C++ code. Processing.java class sends an audio frame to the Audio main class 

via JNI. The first operation is converting Little Endian (LE) numbers to double or float number. 

Since Java record audio signal in LE format which is also known as wav format and maximum 

magnitude range between -32768 to +32768 for signal processing algorithm.  

 Audio-Main class has three critical functions that are Parameter Initialization, Real-time 

Processing, and Sound Output. 

 Parameter Initialization = This function responsible for initializing parameters which are 

defined in Java part such as sampling rate and frame length. 

  Real-time Processing = Number conversion of frame samples, input-output buffer filling, 

calling C/C++ code of signal processing method are managed by real-time processing 

class. 

 Sound Output = Output buffer is filled with the processed frame. Before filling operation, 

the number format should be converted from double/float to LE which is conducted by this 

function. After buffer filling operation, the output buffer is sent to Processing.java class 

using JNI.  

 

2.2.2.2  Signal Processing C/C++ Class 

Signal processing method should be developed in C/C++ programming language. Signal 

processing class should be called in real-time processing function, so that captured each audio 

signal frame is processed by this class. There are two ways of developing C/C++ code of signal 

processing algorithm. First, C/C++ code of the algorithm can be developed by individually. The 

second way is using Matlab coder which provides C/C++ codes for Matlab built-in function. 
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2.3 Experiment and Results 

Two experiments and results are presented in this section in order to show effectiveness and 

functionality of the proposed framework. Other than these two experiments, there is one more 

experiment which is the main focus of the thesis. This experiment is DOA estimation on Android 

platforms which is explained in detail in Chapter 4.  

The first experiment is for measuring the timing of the framework which addresses the latency 

issue for audio signal processing. The typical audio signal processing methods such as Fast Fourier 

Transform (FFT), Inverse Fast Fourier Transform (IFFT), and Convolution are implemented on 

Google Pixel 2 XL, Google Pixel, and Samsung Galaxy S7. Table 2.1 shows timing in milliseconds 

(ms) for these three methods. Sampling frequency and frame length are considered as 48 kHz and 

10 ms, respectively for Experiment 1. Incoming both microphone frames convolve with a saved 

low-pass filter whose order is 256. The same experiment is repeated for FFT and IFFT test. 

Number of FFT points is 512. Three phones performances are different because each of them has 

different hardware and operating system. The reason for using a variety of phones with a different 

operating system is displaying performance of the framework with various devices. As it is seen 

from Table 2.1, common audio signal processing methods take less time than frame length, 10 ms, 

thanks to the integration of Java and C/C++ via JNI. Taking less time than frame length is 

significant because it means that framework won't cause skipping frame. Table 2.1 also proves that 

the proposed framework won't cause perception issues. 
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Table 2.1. The timing for some common methods* 

Phones 
Methods 

Convolution FFT IFFT 

Pixel 2 XL 4.395 
1.883 0.992 

Pixel  4.019 
1.614 1.154 

Galaxy S7 4.899 
1.845 1.301 

       *  Timing in milliseconds 

 

 

The second experiment is designed for showing the functionality of the framework. The second 

experiment is multichannel Speech Enhancement (SE) on Google Pixel that works as an assistive 

device for HADs. For this work, the minimum variance distortionless response (MVDR) 

beamformer is combined with Log spectral amplitude estimator (Log-MMSE) SE gain function 

for increasing quality and intelligibility. The proposed method pipeline is shown in Figure 2.3. 

 

 

As it seen from Figure 2.3, the signal is captured by Mic 1 and 2, then windowing and Short Time 

Fourier Transform (STFT) is done. MVDR beamformer extracts desired signal by applying a linear 

 

 

  Figure 2.3. Block Diagram of Proposed SE method 
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filter to the output of the STFT. The log-MMSE gain function is calculated according to the output 

of MVDR beamformer. Gain function is multiplied by MVDR beamformer output. Finally, Inverse 

Fast Fourier Transform and speech synthesis are applied. Enhanced speech is sent to HAD. The 

proposed SE method is evaluated by objective and subjective tests, and these results are compared 

with traditional methods [28]. 

Real-time implementation of the proposed SE is developed using Google Pixel whose operating 

system is Android 7.1 Nougat. The sampling frequency is 48 kHz, and the frame length is 10 ms 

for this application. Figure 2.4 shows the screenshot of the proposed SE method on the Pixel. 

 

  

When the app is started, the microphones will capture audio signal and playback to the HADs 

without any processing. If the bottom button is in "ON" mode, the captured signal is processed and 

 

Figure 2.4. Screenshot of developed SE method 
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then send an enhanced signal through to HAD. The user-friendly SE application is evaluated by 

people as well, and we got good feedbacks from them. 

There is one more experiment to show the functionality of the framework. It is not presented in 

this chapter because the experiment, real-time DOA estimation, is the main focus of the thesis. 

The details of real-time DOA estimation are in Chapter 4. 

 

2.4 Summary  

Dual channel input/output framework for real-time audio signal processing on Android platforms 

is proposed in this chapter. A large variety of audio signal processing algorithms such as Direction 

of Arrival (DOA), Audio Compression, Multi-Channel Signal Enhancement can be performed by 

Android platforms thanks to proposed framework. Another significant advantage of the framework 

is that smartphones or tablets are able to be used as an assistive device for hearing aid devices 

(HAD). Two experiments are given to show that the effectiveness and functionality of the proposed 

framework. Experiment 1 provides us with an idea timing of proposed method and experiment 2 

shows the importance of two mics usage on the smartphones. Another example of the framework, 

real-time DOA estimation, will be explained in Chapter 4 in detail. 
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CHAPTER 3 

TWO MICROPHONE BASED SPEECH SOURCE LOCALIZATION  

3.1 Motivation 

Speech Source Localization (SSL) using direction of arrival (DOA) estimation allow us to exploit 

speech-processing techniques in order to increase quality and intelligibility of speech. Most 

popular DOA estimation algorithms are divided into time difference of arrival (TDOA) based 

methods [15], [29], [30], steered beam formers [31, 32], high-resolution DOA estimation [33, 34, 

35] and sparse representation-based DOA estimation [36]. TDOA based methods estimate the 

inter-microphone time-delay(ITD) information using a pair of microphones and convert them into 

direction information using information about the microphone arrangement and other physical 

parameters, such as speed of sound(c) in medium, the distance between the microphones. For this 

thesis, TDOA is used for estimating DOA since they are simple and computationally efficient and 

have reasonable performance under high signal to noise ratio (SNR). Two microphones based 

DOA estimation for single or dominant speech source is explained in this chapter. One of the most 

popular TDOA methods is generalized cross-correlation(GCC)-based TDOA estimation which is 

used for the thesis because of the reasons explained above. Firstly, a literature review of GCC, 

existing methods are given then our method proposed in this chapter. The proposed methods 

compared with existing methods with simulation results. According to the simulation results, the 

best method is implemented for Android smartphones.  
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3.2 Literature Review  

Generalized Cross Correlation is considered as sufficient method for speech source localization on 

mobile platforms. Background of traditional GCC and frequency weighted GCC is given under 

following topics.  

3.2.1 Direction of Arrival Estimation using GCC 

The traditional GCC framework for two microphones is explained under this topic. The 

mathematical notations are followed similar as [30] for better comparison. Single path plane wave 

propagation of sound waves from single sound source 𝑠(𝑛) and receiving two signals 𝑥1(𝑛) and 

𝑥2(𝑛), which are delayed and attenuated version of 𝑠(𝑛), via sufficiently separated two 

microphones. 𝑛1(𝑛) and 𝑛2(𝑛) are noise at microphone 1 and microphone 2, respectively and they 

are additive and uncorrelated with 𝑠(𝑛). Then, 

𝑥1(𝑛) = 𝑠(𝑛 + 𝐷) +  𝑛1(𝑛)                                                       (3.1)  

𝑥2(𝑛) = 𝛼𝑠(𝑛 + 𝐷 + 𝜂) + 𝑛2(𝑛)                                              (3.2)  

Where 𝛼 denotes attenuation factor and D represents delay between signal source to the first 

microphone. 𝜂 is the unknown TDOA which is desired to estimate. The finite duration discrete 

generalized cross-correlation (GCC) function between 𝑥1(𝑛) and 𝑥2(𝑛)  is estimated due to 

determine 𝜂 and the DOA 𝜃 relative to the broad-side direction (0°).  𝛾𝑥1𝑥2
(𝑚) denotes GCC 

function for 𝑥1(𝑛) and 𝑥2(𝑛)  and given by: 
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𝛾𝑥1𝑥2
(𝑚) = 𝐸[𝑥1(𝑛)𝑥2(𝑛 − 𝑚)]                                        (3.3)  

Where 𝐸 represents expectation operation, ()̂ denotes the estimated value, and m is dummy 

variable. The Cross power spectral density function Γ𝑥1𝑥2
(𝑓) in the frequency domain is used for 

estimating 𝜂 in order to avoid computational complexity.  

 

𝛾𝑥1𝑥2
(𝑚) =  ∫ �̂�𝑥1𝑥2

(𝑓)
∞

−∞

𝑒𝑗2𝜋𝑓𝑚𝑑𝑓                                     (3.4)  

Where  

�̂�𝑥1𝑥2
(𝑓) = 𝑋1(𝑓)𝑋2

∗(𝑓)                                                           (3.5)  

𝑋1(𝑓) and 𝑋2(𝑓) denote Fourier transform of input data which are got via microphone 1 and 2, 

respectively and ∗ represents complex conjugate.  

The estimated TDOA is equal to 𝜂 which maximizes (4) and is given by: 

�̂� = 𝑎𝑟𝑔 𝑚𝑎𝑥
𝜂

𝛾𝑥1𝑥2
(𝜂)                                                             (3.6)  

Assuming 𝑛1(𝑛) and 𝑛2(𝑛) are uncorrelated (i.e. 𝛾𝑛1𝑛2
(𝑚) = 0), 𝛾𝑥1𝑥2

(𝑚) is: 

𝛾𝑥1𝑥2
(𝑚)  =  𝛼𝛾𝑠𝑠(𝑚 − 𝜂) ⊛ 𝛿(𝑚 − 𝜂)                             (3.7)  

𝛿(𝑚 − 𝜂) is a sharp peak at the correct TDOA estimate, i.e., at 𝑚 = 𝜂, under sufficient conditions. 
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3.2.2 Direction of Arrival Estimation using Frequency Weighted GCC 

Most speech content is found at lower frequencies (up to 2-3 kHz). When microphones are too 

close more than enough, GCC function peak width depends on the frequency components and is 

wider for low-frequency components. This cause to lower TDOA estimation because of flatter and 

smeared peaks. 

 

 

Figure 3.1. Traditional GCC based DOA estimation with the Pre-filtering method 

 

As it is seen from Figure 3.1, [30] proposes to pre-filter the signals 𝑋1(𝑓) and 𝑋2(𝑓) prior to 

calculation of �̂�𝑥1𝑥2
(𝑓) in (3.5). The pre-filters emphasize the signal frequencies where the SNR 

is the highest. The pre-filters should be the function of signal and noise spectra (which can be 

either a-priori or estimated).  

 𝜓𝑔(𝑓)is the weighting function, then 

𝜓𝑔(𝑓) = 𝐻1(𝑓)𝐻2
∗(𝑓)                                                               (3.8)       

                     

𝐻1(𝑓) 

GCC 

Pre-Filtering 

𝑀𝑖𝑐1 

 𝑥1(𝑛) 

Mic2 

𝑥2(𝑛) 

�̂� 

𝐻2(𝑓) 

𝑦
1
(𝑛) 

𝑦
2
(𝑛) 
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where 𝐻1(𝑓) and 𝐻2(𝑓) are the pre-filters for each microphone like in Figure 3.1. When pre-

filtering output signals are denoted by 𝑦1(𝑛) and 𝑦2(𝑛), then output 𝛾𝑦1𝑦2
(𝑚) is computed from 

output Cross power spectral density function Γ𝑦1𝑦2
(𝑓) using; 

       

𝛾𝑦1𝑦2
(𝑚) =  ∫ 𝜓𝑔(𝑓)Γ̂𝑥1𝑥2

(𝑓)
∞

−∞

𝑒𝑗2𝜋𝑓𝑚𝑑𝑓                           (3.9)      

      

In the discrete time domain, we can re-write (3.9) as: 

        

𝛾𝑦1𝑦2
(𝑚) =  ∑ 𝜓𝑔(𝑘)Γ̂𝑥1𝑥2

(𝑘)

𝑁−1

𝑘= 0  

𝑒𝑗2𝜋𝑘𝑚/𝑁                             (3.10)    

                

Where 𝑘 = discrete frequency bin and 𝑁 is the FFT length. 

The TDOA is estimated from 𝛾𝑦1𝑦2
(𝑚) similar to (3.5). For traditional GCC [30], weighting 

function is equal to one, so we can say 𝐻1(𝑓) = 𝐻2(𝑓) = 1 ∀𝑓. For reliable TDOA resolution, 

𝜓𝑔(𝑓) should not manipulate sharp peak in 𝛾𝑦1𝑦2
(𝑚). Table 3.1. shows some common weighting 

function and their advantage and disadvantages. The details can be found at [30]. 
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Table 3.1.  Summary of Weighting functions 

 

3.2.3 Direction of Arrival (DOA) Estimation on Smartphone/Tablet 

Two microphone setup for DOA estimation on smartphones is shown in Figure 3.2. 𝜃 is the angle 

DOA to be estimated. Distance is denoted by 𝑑 is in meters and 𝜂 is time delay in seconds. Speech 

is assumed point source under the far-field assumption. 

 

Approach[Reference] Weighting function 

𝝍𝒈(𝒇) = 𝑯𝟏(𝒇)𝑯𝟐
∗ (𝒇) 

Advantage Disadvantage 

GCC [15] 1 Simplicity No Frequency weighting 

Phase Transform 

(PHAT) [15] 

1

|Γ̂𝑥1𝑥2
(𝑓)|

 
Robust to 

reverberation 

Diverges when Γ̂𝑥1𝑥2
(𝑓) ≈ 0 

Smoothed Coherence 

Transform(SCOT) 

[28] 

1

√Γ̂𝑥1𝑥1
(𝑓)Γ̂𝑥2𝑥2

(𝑓)

 
Pre-whitening Sub-optimal under non-ideal conditions 

Eckart [29] Γ̂𝑠1𝑠2

Γ̂𝑛1𝑛1
Γ̂𝑛2𝑛2

 

≈ |Γ̂𝑥1𝑥2
(𝑓)| ⋅ 

{ [Γ̂𝑥1𝑥1
(𝑓) − |Γ̂𝑥1𝑥2

(𝑓)|]

⋅ [Γ̂𝑥2𝑥2
(𝑓) − |Γ̂𝑥1𝑥2

(𝑓)|] } 

 

Suppresses 

frequency 

bands of high 

noise 

Requires estimates of noise and speech spectra 

Maximum 

Likelihood(ML) [30] 

|𝛽𝑓|2

|Γ̂𝑥1𝑥2
(𝑓)|[1−|𝛽𝑓|2]

; 

𝛽𝑓 =  
|Γ̂𝑥1𝑥2

(𝑓)|

√Γ̂𝑥1𝑥1
(𝑓)Γ̂𝑥2𝑥2

(𝑓)

 

Robust to 

ambient noise 

Sub-optimal under non-ideal conditions 

GCC-PHAT-𝜷 [31] 1

|Γ̂𝑊
𝑥1𝑥2

(𝑓)|𝛽 ; 𝛽 = 0.5 

Wiener weighting (𝑊) 

Adaptive to 

background 

environments 

No consistent relationship between β and input 

SNRs 
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Figure 3.2. Two Microphone DOA estimation Setup 

 

To be able to estimate, the distance between microphones, 𝑑 and the speed of sound in the medium, 

𝑐 should be known. Since our application area is smartphones and tablets,  𝑑 = 0.13 𝑚 𝑜𝑟 0.16𝑚 

(5.1-6.3-inch and most common distances for smartphones/tablets) is assumed. The speed of sound 

is considered as  𝑐 = 343 𝑚/𝑠𝑛. After these assumptions 𝜃 (in radians) can be derived as under 

far-field scenario: 

𝜃 = cos−1
�̂� 𝑐

𝑑
                                                                (3.11)     

                                       

As it is seen from (3.11), DOA estimation highly depends on �̂� as 𝑑 and  𝑐 are fixed. We cannot 

control 𝑐 as long as DOA estimation is done the same environment. Increasing 𝑑 boosts the DOA 

estimation unless it would not have had a side effect which is spatial aliasing. Spatial aliasing 

causes unwanted peaks in the spectrum and degrades the estimation performance. On the other 

hand, increasing sampling frequency increases the performance of DOA estimation as we have 

more data (information) with high sampling rate compared to the low sampling rate.  

 

Speech 

Source 

Mic 2 Mic 1 

𝑑 

𝜃 
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3.3 Proposed DOA Estimation Method 

The pipeline of the proposed method for DOA estimation is shown in Figure 3.3. According to the 

pipeline, the proposed method has three main steps which are Pre-processing, GCC, and Post-

processing. Each step will be explained under subtitles in detail. 

 

Figure 3.3. Block Diagram of the Proposed method. 

 

3.3.1 Pre-Processing Module 

Instead of using frequency weighting function, we offer to use different speech enhancement 

methods as a pre-filtering. As signal model which is used for most frequency weighting functions 

derivations is not appropriate for real-time scenario. Therefore, we suggest using methods which 

can suppress noise more rather than frequency weighting functions. Three different pre-filtering 

methods are used for the thesis. There is only one criterion when choosing the pre-processing 

method. The criterion is selected method should not modify the phase spectrum of input signal 

since DOA information is inside the input signal phase spectrum.  

 

GCC 

𝑥1(𝑛) 

𝑥2(𝑛) 

�̂� 
�̂̂� 

𝑦1(𝑛) 

𝑦2(𝑛) 

H(f) 

If 

Speech? 

VAD 

Post-Processing 

Pre-Processing 
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The idea behind using SE methods for pre-processing is increasing noise suppression and signal 

to noise ratio (SNR). The only shortcoming of using SE method is that computational complexity 

of system will increase. Since computational complexity of GCC is very less, a combination of 

pre-processing and GCC is possible for smartphones. All methods we have used are for a single 

channel. According to Figure 3.3, gain function is calculated based on each channel. Hence, 

following methods derivation is done for a single channel. Following methods are used as a pre-

processing method. 

Spectral Subtraction 

One of the oldest SE methods is spectral subtraction, proposed by Boll [37]. For this method, noise 

spectral amplitude is estimated then it is subtracted from the observed signal. Thanks to spectral 

subtraction method, speech spectral amplitude is estimated without phase modification which is 

crucial for DOA estimation. The spectral subtraction gain is given by, 

𝐻𝑘,𝑆𝑆 = 1 −
|𝑉𝑘|

|𝑌𝑘|
                                                                    (3.12)  

where |�̂�𝑘| is an estimation of noise spectral amplitude. Generally, |�̂�𝑘| is selected to be 𝐸[|𝑉𝑘|]. 

The disadvantage of spectral subtraction is that it does not consider any feature of the speech 

spectrum which leads to an erroneous estimation of |�̂�𝑘|. 

 

Wiener Filter 

Both the speech and noise spectral probabilistic features are utilized by Wiener filter. The Wiener 

filter is obtained by minimizing mean square error between obtained signal and estimated signal; 

𝐽 = 𝐸 [|𝑆𝑘 − �̂�𝑘|
2

]                                                          (3.13)                                                        
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The above cost function can be driven as, 

𝐽 = 𝐸[|𝑆𝑘|2] + |𝐺𝑘|2𝐸[|𝑌𝑘|2] − 𝐺𝑘 𝐸[𝑆𝑘𝑌𝑘
∗] − 𝐺𝑘

∗ 𝐸[𝑋𝑘
∗𝑌𝑘] 

= 𝜎𝑆𝑘

2 + |𝐺𝑘|2 𝐸[|𝑌𝑘|2] − 𝐺𝑘 𝐸[𝑆𝑘𝑌𝑘
∗] − 𝐺∗ 𝐸[𝑆𝑘

∗𝑌𝑘]                     (3.14)                             

For finding minimum point of the cost function, we differentiate 𝐽 with respect to 𝐺∗ and make it 

equal to zero which gives the Wiener filter gain at frequency bin 𝑘 as, 

𝐻𝑊𝑖𝑒𝑛𝑒𝑟
𝑘 =

𝜎𝑆𝑘

2

𝜎𝑆𝑘

2 + 𝜎𝑉𝑘

2  =
𝜉𝑘

𝜉𝑘 + 1
                                            (3.15) 

where 𝜉𝑘 =
𝜎𝑆𝑘

2

𝜎𝑉𝑘
2  is the a priori SNR. 

 

Minimum Mean Square Error Log Spectral Estimator 

(MMSE-LSA) 

Minimum Mean Square Error Log Spectral Estimator (MMSE-LSA) is proposed by Ephraim-

Malah [38]. It is one of the methods that doesn’t modify the phase spectrum of signal as expected 

for DOA estimation.  The MMSE is obtained by minimizing following cost function: 

 

𝐽𝑀𝑀𝑆𝐸 = 𝐸 [|𝑆𝑘 − �̂�𝑘|
2

| 𝑌𝑘]                                                     (3.16)    

       

Since the thesis focus is not derivation of MMSE-LSA, optimization steps are skipped. After some 

derivation,  

𝜉�̂�(𝑖) =  
𝑎�̂�𝑘

2(𝑖 − 1)

𝜆𝑑(𝑖 − 1)
+ (1 − 𝑎) max(𝛾𝑘(𝑖) − 1,0)                 (3.17)   
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Where 0 < 𝑎 < 1. i shows frame number. �̂�𝑘
2(𝑖 − 1) and 𝜆𝑑(𝑖 − 1) denote estimated speech and 

noise spectra for previous frame, respectively. 𝛾𝑘 is a-posteriori SNR and defined as; 

𝛾𝑘(𝑖) =
𝑥𝑘

2(𝑖)

𝜆𝑑(𝑖 − 1)
                                                                      (3.18) 

Where 𝑥𝑘
2(𝑖) refers to obtained frame noisy signal spectrum. Then MMSE-LSA filter is equal to; 

 

𝐻(𝑘, 𝑖) = 𝛾𝑘(𝑖)
𝜉�̂�(𝑖)

𝜉�̂�(𝑖) + 1
− log (1 + 𝜉�̂�(𝑖))                        (3.19) 

k denotes the frequency bin. Even though we can use more sophisticated method to suppress more 

noise, computational complexity limits us. Since the proposed method will be used on smartphone, 

the proposed method’s complexity should be as less as possible.  

  

3.3.2 DOA Estimation Module 

Generalized Cross-Correlation method is used for estimation direction of arrival (DOA). This 

module also is called that GCC module. Noisy speech firstly goes through the pre-processing 

module. The output of the pre-processing step will be enhanced signal. In other words, SNR will 

be higher than before pre-processing step. Next, DOA is estimated for the enhanced signal. GCC 

module role is finding DOA angle for the enhanced signal. GCC method details are covered in 

section 3.2.1. 
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3.3.3  Post-Processing Module 

Voice Activity Detector (VAD) is used for post-processing module. VAD classifies signal frames 

as noise or speech frames. The existence of background noise leads to incorrect DOA estimation. 

Therefore, using VAD has the critical role in DOA estimation. When VAD estimates current frame 

as speech, DOA estimation is updated. However, if the estimation of VAD is noise, DOA 

estimation is not modified; it remains as previous frame`s DOA estimation. It can be formulated 

as; 

𝜃𝑖 = {
𝜃𝑖−1 , 𝑖𝑓 𝑉𝐴𝐷 = 0 (𝑁𝑜𝑖𝑠𝑒)

𝜃𝑖 , 𝑖𝑓 𝑉𝐴𝐷 = 1  (𝑆𝑝𝑒𝑒𝑐ℎ)
                                                 (3.20)  

Where 𝜃𝑖 shows modified DOA estimation after VAD for 𝑡ℎ𝑒 𝑖𝑡ℎ frame. Hence, VAD provides a 

smoothened DOA estimation under noisy condition. In this thesis, simple single feature based 

VAD is used. This feature is ‘Spectral Flux (SF)' whose robustness is satisfied [39, 40] under 

stationary noise condition. In this paper, the SF is: 

𝑆𝐹(𝑘, 𝑖) =  
1

𝑁
∑ (|𝑋𝑖(𝑘)| − |𝑋𝑖−1(𝑘)|)2                            (3.21)

𝑘
  

for 𝑘𝑡ℎ bin frequency bin and 𝑖𝑡ℎ frame. 𝑘 = 1,2, … , 𝑁. Hence, the VAD decides according to: 

𝑉𝐴𝐷 =  {
0 (𝑁𝑜𝑖𝑠𝑒), 𝑖𝑓 𝑆𝐹(𝑘, 𝑖) < 𝝃

1 (𝑆𝑝𝑒𝑒𝑐ℎ), 𝑖𝑓 𝑆𝐹(𝑘, 𝑖) ≥ 𝝃
                                   (3.22)  

Where 𝝃 denotes the threshold. 

For SF based VAD, we have two parameters namely ‘D’ and ‘T’.  ‘D’ frames decision buffer is 

used for non-stationary noise conditions. In another word, SF based VAD waits ‘D’ successive 
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frames to determine speech frames. ‘T’ is utilized for determining the threshold, 𝝃.  In the 

beginning, first ‘T’ frames are considered as noise/silence and calculation of 𝝃 is done under this 

assumption. Since SF featured VAD has low complexity and is satisfactorily robust, 

implementation of proposed DOA estimation method on smartphone works well.   

3.3.4 Proposed DOA Estimation Method and Sound Source-Tracking  

Four steps are followed for proposed DOA estimation algorithm as Figure 3.3: 

o Pre-filtering using SE methods in order to enhance the signal    

o TDOA (�̂�) estimation using GCC 

o Converting DOA (𝜃) from TDOA for a two-microphone array. 

o Post-filtering via SF based VAD to smoothen DOA estimation under noisy 

condition. 

Instantaneous DOA estimation is obtained as the entire process is done frame by frame. Sound 

tracking can be done under noisy conditions under each frame includes only one dominant speech 

source interest assumption [41].   

3.4 Experimental Evaluations 

In this section, experiment results are given for DOA estimation. Before showing the performance 

of the proposed method, the dataset for experiments, experimental setup, and evaluation metrics 

will be explained.  

3.4.1 Noisy Dataset and Experimental Setup 

The clean speech files from HINT database [42] are a stereo channel (dual-microphone), and the 

Image-Source model [43] is used for getting each DOA angle 𝜃. Figure 3.4 shows the setup of 

simulation experiments. The room size is assumed (5m x 5m x 5m), and the microphone array is 
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positioned at the center (2.5m x 2.5m x 2.5m) of the room as it shown in Figure 3.4. Active Sound 

Level (ASL) is used for SNR calculation, i.e., when there is no speech, SNR → −∞ since SNR is 

calculated only over speech frames. More realistic SNR conditions are provided by ASL approach. 

This simulated dataset does not have any reverberations. We consider five different DOA angles 

{0°, 45°, 90°, 135°, 180°} w.r.t end fire for each of the ten clean speech files. Four different noise 

types {White(W), Machinery(M), Traffic(T), Babble(B)} at four different SNRs viz. {-5, 0, 5, 10 

dB} are used for simulations. Test results are averaged over almost 10000 different noisy test cases 

which makes around ten hours noisy data files. 

 

Figure 3.4. Image Source model (ISM) setup for Simulation Experiments. Black markers 

represent microphones. Hollow markers represent speaker locations. 
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We have also recorded data using Google Pixel. Figure 3.5 shows the setup of recording data using 

Google Pixel smartphone. For this setup, five people sat around table 45° separation. The 

smartphone was placed in the center of the table, and noise generator was placed approximately 

30° (between speaker 1 and 2). Four different types of noise {White(W), Machinery(M), 

Traffic(T), Babble(B)} were played and approximate SNR value was 5 dB SPL-A. Experiment 

room size was (4m x 6m x 8m) with reverberation (𝑅𝑇60 ≈ 0.2𝑠 ). The noisy files are available on 

[19] as well.  

 

 

 

 

Figure 3.5. Experimental setup for Real data experiments. 
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3.4.2 Evaluation Metrics 

We have used one metric for quantifying DOA estimation performance. The metric is Root 

Mean Square Error (RMSE) and it is formulated as following: 

𝑅𝑀𝑆𝐸 = √
1

𝑁𝐹
∑ (𝜃𝑖 − 𝜃𝑖)2

𝑁𝐹

𝑖=1
                                                 (3.23) 

Where 𝑁𝐹 shows total number of frame. 𝜃𝑖 and 𝜃𝑖 represent correct and estimated DOA angle for 

ith frame, respectively. RMSE is calculated over only speech portion. Lower RMSE means better 

method.  

We have also evaluated VAD performance. Two different performance metrics are utilized for 

quantifying performance. These metrics are Accuracy and Miss Rate which are formulated as 

following: 

1. Accuracy (%):  

 

𝐴𝐶𝐶(%) =
∑(𝑇𝑃 + 𝑇𝑁)

∑(𝑇𝑃 + 𝐹𝑃 + 𝑇𝑁 + 𝐹𝑁)
× 100                                 (3.24) 

                                     

2. Miss Rate (%): It is defined as 

 𝑀𝑅(%) =
∑ 𝐹𝑁

∑(𝑇𝑁 + 𝐹𝑁)
 × 100                                             (3.25) 

where 𝑇𝑃, 𝐹𝑃, 𝑇𝑁, and 𝐹𝑁 denote for number of True Positive, False Positive, True Negative and 

False Negative, respectively. The definition can be found following table. ‘0’ and ‘1’ represents 

‘absence’ and ‘presence’ of speech, respectively for VAD decision.  High ACC and low MR are 

expected for better method. 
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Table 3.2. Decision matrix for the binary classifier (VAD) 

Ground Truth  VAD Decision Outcome 

0 (Noise) 0 (Noise) True Negative (TN) 

0 (Noise) 1 (Speech) False Positive (FP) 

1 (Speech) 0 (Noise) False Negative (FN) 

1 (Speech) 1 (Speech) True Positive (TP) 

 

 

Ground truth (GT) is a baseline for determining speech or noise frames. GT is calculated based on 

-42dB root mean square (RMS) threshold and manually determining speech portion. If the RMS 

value of clean speech frame is higher than -40dB and the frame is in speech portion, GT is set to 

1(Speech); else GT = 0.   

 

3.4.3 Results and Discussions 

In this section, the performance of DOA estimation will be given. Before doing that, we would 

like show proposed single feature based VAD performance. Proposed VAD is based on Spectral 

Flux (SF) feature and compared with three different famous VAD, ITU-T standard used in G729 

[44], VQ VAD [45], and Statistical VAD proposed by Sohn [46], over a variety of noise types and 

SNRs.  

 

Firstly, ITU G729[44] uses four features which are spectral distortion, energy difference, low-band 

energy difference and zero-crossing difference. The second method is VQ VAD [45] which firstly 

uses pre-processing based on spectral subtraction (SS) then an energy based VAD. The third one, 

known as Sohn VAD [46], is a statistical decision directed estimation via likelihood ratio.  
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Figure 3.6. (Top to Bottom) Average Accuracy (ACC) for White noise, Machinery noise, Traffic 

noise and Babble noise. Higher ACC is preferred. 
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Figure 3.7. (Top to Bottom) Average Miss Rate (MR) for White noise, Machinery noise, Traffic 

noise and Babble noise. Lower MR is preferred. 
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best performance refers to highest ACC and lowest MR. As it is seen from the figures, the toughest 

noise type is Babble, and easiest one is White noise as expected. 

 

Figure 3.8. (From Top to Bottom) Noisy input signals (5dB SNR, Babble noise, Real recorded 

data), Enhanced signals after MMSE-LSA, Spectral Flux(SF) feature for enhanced signals, Inter-

microphone SF difference, Ground Truth and VAD decisions 
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Figure 3.8 displays proposed VAD performance on recorded data whose setup is shown in Figure 

3.5. For Figure 3.8, data is recorded under Babble noise, SNR is around 5 dB, and reverberation 

time is about 200 ms. The SF feature for Mic 1 and 2 can be seen in this figure. The proposed 

VAD estimation is satisfactorily well by comparing with ground truth for recorded data. 

 

 

Figure 3.9. (From Top to Bottom) DOA estimation and Source Tracking for above noisy data 

from Fig.3.8 (top) for Traditional GCC(middle) and the Proposed method (bottom). Solid blue 

and dashed red lines represent the estimated DOA and DOA based on Ground Truth, 

respectively. 
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post-pre-filtering) estimation against the traditional GCC method. The DOA angle of the recorded 

data alters each 2-3 second by 45o from end-fire direction. Thanks to SF based VAD, the proposed 

DOA method is able to track DOA of speech source. Tracking ability of proposed DOA method 

is better than traditional GCC’s ability.  

Following figures, we analyze DOA estimation of the proposed method. We have three proposed 

methods which are denoted by Proposed Method 1, Proposed Method 2, Proposed Method 3.  

 Proposed Method 1 refers to Pre-Filtering (MMSE-LSA) + GCC + Post-Filtering 

(Proposed VAD) 

 Proposed Method 2 refers to Pre-Filtering (Spectral Subtraction) + GCC + Post-Filtering 

(Proposed VAD) 

 Proposed Method 3 refers to Pre-Filtering (Wiener Filtering) + GCC + Post-Filtering 

(Proposed VAD) 

Figure 3.10 compares proposed methods. ‘D’, ‘L’ (Frame length), ‘T’ are selected as 2, 100 ms, 

5, respectively and simulated data is used for this experiment. The average MAE decreases with 

increase in SNR for all methods. According to Figure 3.10, Proposed Methods have similar 

performance for White, Machinery, and Babble noise but Proposed Method 1 has lowest RMSE 

value and computational complexity of Proposed Method 1, and Proposed Method 3 is similar and 

lowest, so we can say that Proposed Method 1 is the best method for DOA estimation in Proposed 

methods. 
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Figure 3.10. Average RMSE(°) for Proposed Method 1, Proposed Method 2, and Proposed 

Method 3 for different noisy conditions. 
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The same experiment whose results are shown in Figure 3.10, is repeated in order to compare the 

effect of pre-filtering and post-filtering. The performance of the only GCC, GCC + Post-filtering 

(SF based VAD), Pre-filtering (MMSE LSA) + GCC, and Proposed Method 1 can be seen in Figure 

3.11. The average RMSE decreases with increase in SNR for all methods. The Proposed Method 

1 has least RMSE average means that it has the best performance. The RMSE results have same 

trend over all noise types. The average RMSE of Proposed Method 1 for Babble is highest 

compared to other noise types since Babble is the toughest noise type to handle. When SNR is 

higher than) dB, the performance of Proposed Method 1 has striking increase. However, there is a 

subtle performance increase for Proposed Method 1 when SNR is -5 dB. The last observation from 

Figure 3.11 is that pre-filtering affects DOA estimation more than post-filtering.   

We have compared Proposed Method 1 against frequency weighted GCC methods. Two of 

frequency weighted GCC methods are used for Figure 3.12 as we selected which methods have 

the highest performance. The methods which are used in this experiment are GCC, GCC_PHAT_, 

GCC_ML, and Proposed Method 1. The Proposed Method 1 has lowest average RMSE in 

frequency weighted GCC and traditional GCC. The GCC_PHAT_, GCC_ML performance is 

lesser than expected. There might be two reasons for that; 

i. These methods seldom tested for frame-based operations and changing DOA. 

ii. The dataset (SNR conditions) might be tough for these pre-filters.  

Same observations for frequency weighted GCC method can be found at [47].  
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Figure 3.11. Average RMSE(°) for GCC, GCC+Post-filter (VAD), GCC+Pre-filter (MMSE-

LSA) and Proposed method for different noisy conditions. 
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Figure 3.12. (Top to Bottom) Average RMSE(°) for DOA estimation using different pre-filtering 

techniques for simulated noisy data at different SNR. Proposed Post-filter is included for all, for 

fairness. 
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Figure 3.13. (Top to Bottom) Average RMSE(°) for DOA estimation using different pre-filtering 

techniques for Real data for different values of D and T. Proposed VAD is included for all, for 

fairness. 
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Figure 3.13 compares the performance of Proposed Method 1 against the performance of GCC, 

GCC_PHAT_, and GCC_ML on recorded data by Google Pixel. Using recorded data is important 

because our final target is implementing proposed DOA method to smartphone. Hence, 

performance comparison with recorded data gives us an idea for realistic scenarios. We have used 

same post filtering for GCC, GCC_PHAT_, and GCC_ML for fair comparison. We have also 

tried different ‘D’ and ‘L’ values in order to select best parameters for smartphone. The lowest 

average RMSE is achieved when ‘D’ is 1, ‘T’ is 5 and ‘L’ is 200 ms. If the magnitude of error is 

less than 20o, it is acceptable for 1-meter separation because it is good enough for differentiating 

speakers for the far-field scenario.   

3.5 Summary  

In this chapter, instantaneous DOA estimation method for speech localization is proposed. 

Proposed DOA methods include Pre-processing step, Generalized Cross Correlation (GCC) 

method, and Post-processing step. Pre-filtering step suppresses noise and increases signal to noise 

ratio (SNR). Three methods are used for Pre-filtering step namely MMSE LSA, Spectral 

Subtraction, and Wiener Filtering. We have obtained that MMSE LSA is the best Pre-filtering 

method in terms of high performance and low computational complexity. GCC is used for finding 

DOA angle. Post-filtering smoothes out DOA angle in the presence of high noise. Spectral Flux 

(SF) based VAD for post-filtering proposed as well. Proposed SF based VAD compared against 

ITU G729, VQ VAD, and Sohn VAD. Proposed VAD has the best performance in these VADs.  
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The proposed DOA method compared with traditional GCC, frequency weighted GCC methods 

with using simulated data and recorded data. Simulation results show that proposed method is 

proper for real-time implementation on smartphone [48].    
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CHAPTER 4 

REAL TIME IMPLEMENTATION OF DOA ESTIMATION METHOD ON ANDROID 

PLATFORMS 

4.1 Motivation 

Real-time implementation of speech localization on a smartphone is the primary goal of the thesis 

for hearing impaired people. Spatial hearing loss leads people to difficulty in speaker localization. 

Speech source localization (SSL) or direction of arrival (DOA) estimation application on 

smartphone/tablet will be a cost-effective solution. 

The DOA estimation method has been proposed in Chapter 3. Primary focus is to implement the 

proposed method on the Android platforms. However, the proposed method has some constraint 

itself for real-time operations such as computational complexity or adapting the algorithm for a 

new environment. Because of these limitations, we have released four different versions of DOA 

estimation algorithms.  

In this chapter, shortcomings of real-time implementation of DOA estimation application on 

mobile devices and the details of four version of DOA estimation application will be discussed. 

4.2 Shortcomings of Real Time Implementation of SSL on Mobile Platforms 

There are some constraints to implement SSL algorithm on mobile devices. Firstly, frame by frame 

operations are needed for real-time operations. The frame of a captured signal has to be processed 

less than the frame length. The obtained data stored in buffers and these buffers have limited 

storage area. If processing time is higher than frame length, data in the buffer is not picked out 

from the buffer on time, and the system begins to skip a frame. Therefore, the computational 
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complexity of SSL method should be as less as possible. Secondly, the assumption for SSL 

methods even the proposed DOA method is both microphones have same properties and qualities. 

However, this is not valid always. Smartphone vendors design their product to make a profit. 

Hence, they put mics with different quality for speaking and camera. This situation may lead to 

decrease performance of SSL algorithm. The last constraint is because of two mics DOA 

estimation. There is right and left ambiguity problem for two microphones. Time difference of 

arrival estimation of right-hand source and the left-hand source is same; there is no way to figure 

out whether it is right or left. Resolution range for two mics is from 0o to 1800. 

4.3 Real-Time Implementation of Proposed SSL Algorithm   

In this section, the details of real-time implementation of SSL estimation method is given. There 

are four different versions of DOA estimation application. These versions are released for either 

increasing performance or decreasing computational complexity. We have used three different 

Android smartphones for real-time implementations. These are Google Pixel 2 (one of the latest 

Android smartphone release), Google Pixel, and Samsung S7. The aim of using different devices 

is to prove proposed method applicable for most of Android smartphones. The framework, 

mentioned in Chapter 2, is used for implementing SSL method on the smartphones. The details 

are given as following subtitles. 

4.3.1 DOA Estimation Application Version 1   

The combination of Generalized Cross Correlation (GCC) and Spectral Flux (SF) based VAD is 

utilized for developing the first version of the app. When sampling rate (Fs) is 48 kHz, and frame 

length (L) is 40 ms, it performs best. 
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Figure 4.1. Screenshot of Smartphone Application on Google Pixel 2 
 

Graphical User Interface (GUI) of the application can be seen in Figure 4.1. The DOA application 

has two features that can be updated by users. The first feature is ‘Threshold Time’, mention before 

as ‘T’. This parameter is used for determining a threshold for VAD. The application assumes first 

a few frames as noise/silence. The number of a decision frames is controlled by ‘Threshold Time’. 

The second feature is ‘Duration’ which refers to parameter ‘D’ in SF VAD. This feature is needed 

for in presence of non-stationary noises. Users can update both ‘Threshold Time’ and ‘Duration’ 

according to noise characteristics. The location of the speaker is shown in two ways. First one is 

Start 

Stop 

Tuning Parameters:                 

1. Threshold Time (𝑻)  

2. Duration (𝑫) 

Estimated Angle (Numeric 

value) 

Auto-Calibrated Threshold 

Estimated Angle (Graphical display) 

Blue marker 



 

50 

graphical. Blue marker in the app shows the direction of the speech source. The second way for 

displaying speaker location is text view. The DOA app has text view named ‘Angle’ which shows 

the angle of speech source by number. There is another informative text view named ‘Threshold’ 

in the app. This text view displays threshold after ‘Threshold Time’. When ‘Start’ button is 

touched, blue markers start to show speaker under noisy condition. If there is only noise, the 

markers show last estimated location [41]. A video demonstration can be found on [19]. 

This application performs well with high SNR since there is no pre-filtering step for suppressing 

noise. The best thing with version 1 is computational complexity is very less.  Table 4.1 shows the 

timing of version 1 for Google Pixel 2, Google Pixel, and Samsung S7. 

Table 4.1. The timing for DOA application Version 1 

Version 1 Google Pixel 2 XL Google Pixel Samsung Galaxy S7 

16 kHz, 100 ms 16.39 ms 31. 19 ms 32.1 ms 

48 kHz, 40ms 10.36 ms 23.1 ms 26.1 ms 

 

4.3.2 DOA Estimation Application Version 2 

Version 2 is an implementation of Proposed Method 1, which is Pre-processing (MMSE LSA) + 

GCC + Post Processing (SF based VAD). The pipeline of this method is given Figure 3.3. The app 

performs best when Fs = 48 kHz and L = 40 ms,  
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GUI of the app is given Figure 4.2.  The DOA application has three features that can be updated 

by users. The features, ‘Threshold Time’ and ‘Duration’ are explained above, see title 4.3.1. The 

third feature is Enhance button. When this button is red, the app performs as version 1. In other 

words, there is not pre-filtering if button is red. To pre-filter the signal, ‘Enhanced’ button should 

be green.  The procedure of application is given under DOA Estimation Version 1. 

 

Figure 4.2. Screenshots of Smartphone Application on Google Pixel 2 

 

The timing of applications is given Table 4.2. Timings are not good because processing time is 

higher than the frame length. Since gain of pre-processing is calculated both two channels, it takes 
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timings cause to skip data, and the app does not perform good enough. This situation compelled 

us to develop new version of the app.   

Table 4.2. The timing for DOA application Version 2 

Version 2 Google Pixel 2 XL Google Pixel Samsung Galaxy S7 

16 kHz, 100 ms 31.06 ms 103.27 ms 101.3 ms 

48 kHz, 40ms 31.89 ms 61.47 ms 59.13 ms 

 

4.3.3 DOA Estimation Application Version 3 

For this version, we have updated pipeline of Proposed Method which is shown in Figure 4.3. The 

filter gain of pre-filtering for each channel was calculated based on that channel. Now, the block 

diagram is modified and displayed in Figure 4.3. The gain calculation is done for the first channel, 

and same gain is used for the second channel. Therefore, we calculate the gain only one time 

instead of two times and the computational complexity decreases.   

 

Figure 4.3. Block diagram of Modified Proposed Method. H(𝑘) is the pre-filter. 𝜃 is the 

estimated DOA. 
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Before implementing this modification, we have analyzed the effect of the modification on 

performance. Figure 4.4 compares the RMSE performance of two channel-based pre-filter gain 

calculation (shown as MMSE LSA) and one channel-based pre-filter gain calculation (shown as 

Modified MMSE LSA). For this figure, simulated data, described under title 3.4.1, is used. As it 

is seen from Figure 4.4, the modification affects subtle performance degradation. Therefore, a 

modified Proposed method is suitable to implement. 

As it is seen from Table 4.3, modified Proposed Method solves computational complexity 

problem, what we have in version 2. Now, application processing time is less than the frame length. 

Hence, the app does not skip frames and performs well. 

The GUI and working procedure of version 2 and 3 are same. Hence, the screenshot is not put 

here.    

Table 4.3. The timing for DOA application Version 3 

Version 3 Google Pixel 2 XL Google Pixel Samsung Galaxy S7 

16 kHz, 100 ms 28.06 ms 87.27 ms 66.87 ms 

48 kHz, 40ms 23.51 ms 58.67 ms 49.53 ms 
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Figure 4.4. Average RMSE (°) for Proposed Method with Modified MMSE LSA and with 

MMSE LSA for different noisy conditions. 
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background noise or environment. Because of this limitation of SF VAD, we proposed new VAD 

which is called noise Adaptive Thresholding (AT) VAD [1]. The proposed method, whose pipeline 

is shown in Figure 4.5, includes combination of feature smoothening and adaptive thresholding 

for handling changing in background noise. Feature smoothing is applied, and SF feature (defined 

in equation 3.21) is decomposed as Speech-SF feature SFs (k, i) and Noise-SF frame feature SFn 

(k, i) per frame based on recursive averaging technique. k and i denote bin number and frame 

number, respectively.  
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Figure 4.5. Block Diagram of Adaptive Thresholding based VAD 
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𝑆𝐹𝑠(𝑖) = 𝛼𝑠𝑆𝐹𝑠(𝑖 − 1) + (1 − 𝛼𝑠)𝑆𝐹(𝑖)                                        (4.1) 

𝑆𝐹𝑛(𝑖) = 𝛼𝑛𝑆𝐹𝑛(𝑖 − 1) + (1 − 𝛼𝑛)𝑆𝐹(𝑖)                                       (4.2) 

   

where       

    𝛼𝑠 =  {
𝛼𝐴𝑠 , if 𝑆𝐹(𝑖) ≥ 𝑆𝐹𝑠(𝑖 − 1)

𝛼𝐷𝑠 , if 𝑆𝐹(𝑖) < 𝑆𝐹𝑠(𝑖 − 1)
 

𝛼𝑛 =  {
𝛼𝐴𝑛 , if 𝑆𝐹(𝑖) ≥ 𝑆𝐹𝑛(𝑖 − 1)

𝛼𝐷𝑛 , if 𝑆𝐹(𝑖) < 𝑆𝐹𝑛(𝑖 − 1)
                                           (4.3) 

As it is seen from equation 4.3, the smoothing rate, which is controlled by 𝛼𝑠 and 𝛼𝑛 , is based on 

two parameters for each. Attack and decay constant for speech SF feature is denoted by  𝛼𝐴𝑠 and 

𝛼𝐷𝑠, respectively and attack and decay constant for noise SF feature is denoted by  𝛼𝐴𝑛 and 𝛼𝐷𝑛, 

respectively.  According to our experiments, following values are suggested; 

  𝛼𝐴𝑠 =  10−6 (Fast attack), 𝛼𝐷𝑠= 0.5 (Slow decay) for 𝑆𝐹𝑠(𝑖) 

  𝛼𝐴𝑛= 0.99995 (Slow attack), 𝛼𝐷𝑛 = 10−6 (Fast decay) for 𝑆𝐹𝑛(𝑖). 

VAD decision is made by comparing 𝑆𝐹𝑠 and 𝑆𝐹𝑛 per frame: 

𝑉𝐴𝐷(𝑖) = {
1 (Speech), if  𝑆𝐹𝑠(𝑖) ≥ 𝜅 𝑆𝐹𝑛(𝑖)

 0 (Non − Speech), if  𝑆𝐹𝑠(𝑖) < 𝜅 𝑆𝐹𝑛(𝑖)
                                  (4.4)  

where 𝜅 is a tunable scaling factor depending on the background noise conditions. 

Figure 4.6 shows effects of AT VAD on DOA estimation performance. To do this, we compare 

RMSE values of two systems, Modified MMSE LSA + GCC + SF VAD and Modified MMSE LSA 

+ GCC + AT VAD. For this figure, simulated data, described under title 3.4.1, is used.  
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Figure 4.6. Average RMSE (°) for Proposed Method with SF VAD and with AT VAD for 

different noisy conditions. 

 

The general trend of the graph is SF VAD performs well for low SNRs (-5, 0 dB) and AT VAD 

performs well for high SNRs (5, 10 dB). There is the only exception for Babble noise because both 

methods perform similar for 5 dB Babble noise. Figure 4.6 shows us the AT VAD is suitable for 

implementing real-time systems. 
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Figure 4.7. Screenshots of Smartphone Application on Google Pixel 2 Smartphone (Android 

8.1). Blue marker shows the estimated DOA. 

 

Figure 4.7 shows GUI of SSL application version 4. We have designed a new GUI for Preferences 

with new release. Five parameters can be updated by the user. These parameters are ‘Use 

Prefilter?’, ’Sampling Frequency’, ’Frame Length’, ’FFT Size’, ’Thresholding Level’, which 

refers to 𝜅 in equation 4.4. After the app begins, it is not needed to wait for a few frames to calculate 

noise mean. Thanks to AT VAD, noise mean will calculate background. The angle speech source 

will be pointed with blue markers as well as text field. Timing information is given Table 4.4. The 

computational complexity of version 4 is good for real time operations, according to Table 4.4. 

Tuning Parameters 

Blue Markers 

Start 

Stop 

DOA (�̂�) 
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Table 4.4. The timing for DOA application Version 4 

Version 4 Google Pixel 2 XL Google Pixel Samsung Galaxy S7 

16 kHz, 100 ms 23.23 ms 89.32 ms 62.1 ms 

48 kHz, 40ms 23.71 ms 50.9 ms 50.38 ms 

 

4.4 Summary 

In this chapter, real-time implementation of speech source localization (SSL) on smartphone is 

explained. The shortcomings of real-time implementations of SSL method on smartphone is 

discussed. The proposed direction of arrival (DOA) estimation method in Chapter 3 is 

implemented on three Android smartphones. The Proposed Method in Chapter 3 has some 

limitation for realistic scenarios. The first constraint is the computational complexity of Proposed 

Method in Chapter 3 is high for smartphone implementation. The second one is Proposed Voice 

Activity Detector (VAD) in Chapter 3 is not for real life because it assumes background noise it 

fixed. Decreasing computational complexity and recalibrating noise mean issues are solved new 

versions. The SSL application version 4 is proper for realistic scenarios.    
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CHAPTER 5 

CONCLUSION 

In this thesis, real-time implementation of speech source localization (SSL) on Android platforms 

for hearing aid applications is studied. People, who have a spatial hearing loss, are having difficulty 

to localizing speaker especially people older than 60. Smartphones are the cost-effective solution 

for hearing impaired people because of smartphone's popularity. Hence, this thesis has critical 

importance for hearing aid applications. 

The thesis has three significant contributions. The first contribution is stereo input/output 

framework for audio signal processing on Android platform. Thanks to the framework, 

implementing of single or dual channel audio signal processing algorithms such as Direction of 

Arrival (DOA), Dynamic Range Audio Compression, Multi/Single-Channel Speech Enhancement 

(SE) on Android devices is possible. The Android applications for NIH Hearing Aid Project [19] 

will be developed using proposed framework. Three stage method is proposed for speech source 

localization using DOA as the second contribution. The first module of the method is called pre-

filtering, which suppress noise and increase signal to noise ratio (SNR). Three different pre-

filtering techniques are compared, and Minimum Mean Square Error Log Spectral Estimator is 

selected for real-time implementation. The second module of the proposed DOA method is 

Generalized Cross Correlation (GCC) which is used for estimating DOA angle. Since time 

difference of arrival (TDOA) methods, GCC is one of them, has low computational complexity 

and performs well for two microphone applications. The third stage of the proposed DOA 

estimation method is called post-processing, which smoothens the DOA estimation under noisy 

conditions. Spectral Flux (SF) based Voice Activity Detector (VAD) as post-filtering is proposed. 
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The last contribution is the real-time implementation of proposed DOA estimation method. The 

proposed method had some constraints to implement it on smartphone/tablet such as computational 

complexity, being non-adaptive for background noise changes. Hence, the pre-filtering stage is 

modified and noise adaptive thresholding VAD is proposed for post-filtering. Finally, the fourth 

version of the DOA estimation application for hearing aid applications is good to use for real life. 
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