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Abstract: 

 
Effective speech communication using microphone Array is getting 

significant research in speech acquisition methods such as speaker localization and 

tracking. Localization techniques play an important role for automatic camera in 

videoconference system and for other human machine interfaces. To locate the 

accurate Direction Of Arrival (DOA) from the source, it is necessary to design a 

suitable microphone array system with minimum internal hardware noise and more 

efficient localization algorithm. 

 There are many algorithms developed for estimating the number of 

sources and locating the DOA, such as Bayesian algorithm, kalman filtering, 

Generalized Cross Correlation (GCC) and Steered Response Power (SRP) 

algorithm. But SRP algorithm with its steered beam forming technique for speaker 

localization is more robust using microphone array. The Phase Alignment Transform 

(PHAT) has gained a lot of attention in the recent research for its quite robust 

response in low noise, but reverberant environment. 

So combining SRP-PHAT will become the robust localizer in reverberant 

environment. This project aims at designing and installing a remote speech pickup 

system functioning as a frontend to a VoIP system in the biometric lab. A large 

microphone array is designed and installed on the ceiling of the biometric lab and 

integrated it with a signal processing software suit for speaker localization and 

tracking, SRP-PHAT algorithm is used as a localizer. 

Experiments were done on real time recorded data of human talkers. 

The algorithm gives accurate DOA from the dominant speaker and is suitable for real 

time processing. 
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Chapter 1 

 

Introduction 

 

1.1 Problem Statement 

Effective speech communication using conference telephones requires 

advanced speech acquisition methods combined with speaker localization and 

tracking. For accurate and robust speaker localization there is a need to pay attention 

on two major concerns. Firstly how to design and implement a suitable microphone 

array and secondly which speech processing algorithm will be used for robust and 

accurate speaker localization in a conference room. 

1.2 Scope of the thesis 

 This thesis aims at designing and installing a remote speech pickup 

system functioning as a frontend to a VoIP system in the biometric lab at the 

department of signal processing. The work is hands-on configuring and can be 

divided into three major parts. 
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1. Reverse engineer existing microphone and design and build a power supply 

for powering an array of such microphones. 

2. Design and install a microphone array in the ceiling of a conference room. 

3. Integrating the microphone array with a signal processing software suit for 

speech signal processing running on a PC based platform. 

 The signal processing software is basically a SRP-PHAT algorithm, which is 

responsible for the localization of active speaker in a conference room. Experiments 

will be done on real time recorded data of human talkers. The algorithm is expected 

to give an accurate DOA from the dominant speaker and is suitable for real time 

processing. 

 

1.3 Outline of the thesis 

 The thesis is divided into 5 chapters. After defining the statement of 

problem in introduction, background of the speaker localization using microphone 

array have been discussed in chapter 2. Signal model of microphone array is 

designed and explained in chapter 3. Chapter 4 discusses the Steered beamformer 

in detail, mathematical equations and diagrams will elaborate the speaker localization 

in detail. In last chapter the hardware used in the thesis is discussed. The frequency 

response of the microphone and power supply built to power up the microphone 

array is discussed with figures. 
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Chapter 2 

 

Background 

 

Microphone array consists of number of microphones placed at different 

spatial locations which act as an omnidirectional acoustic antenna. There are several 

ways to design a microphone array, like linear arrays [1], spherical arrays [2], circular 

microphone arrays and superdirective arrays [3]. The spatial location of the source 

sound can be determined by the correlation of the signals received through different 

individual microphones. Microphone array majorly used to enhance or suppress the 

signal, noise reduction, optimal filtering, source separation and speaker tracking 

using different methods. 

 With the increased development in speech processing technologies, 

effective speech communication devices are getting more importance in recent 

research. This need is accomplished by microphone array, allowing user a hands 

free environment without wearing microphone or speaking exactly in front of 

microphone in a conference or while giving lecture‟s. Other applications of 

microphone array are video conferencing, speech recognition and other human 

machine interfaces. 
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 Although there are some disadvantages in array processing, mainly 

processing time and costly hardware due to large number of microphones, but still 

microphone array is being preferred due to its high and accurate performance in 

recent research. 

There are different algorithms used for the speaker localization, which 

are generally divided into three categories, one stage procedure, two stage 

procedure and spectral estimation. Performance of each algorithm varies in different 

environmental conditions. 

 One stage procedure basically exploits the magnitude of the input 

acoustic speech signal, by steering the array data to different locations and finding 

the peak in the output power using beamforming technique. This peak will indicate 

the location of the sound source, and the technique is known as Steered Response 

Power (SRP). 

 The two stage procedure consists of two steps. First step is to estimates 

the Time Difference Of Arrival (TDOA) of all the microphone pairs using generalized 

cross correlation function. And in second step the estimated TDOA is used to 

generate the hyperbolic curves, and the speaker location is then estimated using the 

intersection of these curves. 

In third procedure, localization is done by high resolution spectral 

estimation of input signal correlation matrix. The estimation in this case is done by 

assuming the noise and source signal statistically stationary. For speaker 

localization, sensitivity of this technique is reduced due to a lot of assumptions made 

for an ideal environment.  

 Due to the sensitivity of the spectral estimation for the speaker 

localization in a reverberant environment, recent research is more focused on the 

Steered Response Power (SRP) and on Time Delay Estimation (TDE). 

 In this thesis, a microphone array is designed and installed in a 

conference room, and SRP-PHAT algorithm is used for speaker localization. Real 

data have been recorded from the human talker to localize the speaker in the 
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reverberant environment. The recorded data is then subjected to SPR-PHAT 

algorithm to localize the speaker. Microphones were not close spaced in the 

conference room, yet very robust and satisfactory results were obtained using this 

technique. 

The brief descriptions of all three procedures are explained below, 

describing the further research done to improve and enhance the performance to 

localize the speaker using microphone array. 

2.1 One Stage Steered Beam-formers 

A sound source can be localize by steering all possible locations through 

microphone array in a reverberant environment. The method for steering the sound 

source is known as beamforming. The beamformers can be divided into two 

categories, fixed beamformers and adaptive beamformers. 

Adaptive beamformers steer different locations using microphone array 

to locate the active sound source. Mathematical Modeling and implementation of 

adaptive beamformers are more complex then fixed beamformers but it does not put 

more constraints on the arrangement and the spacing of microphone array, and it is 

adjustable to any kind of environmental conditions. Omni directional microphones are 

more suitable for the accurate localization of the speaker.  

In contrast, fixed beamformers steers the desired direction of sound and 

does not change with the varying sound source, but attenuates the sound from all 

other direction. Generally microphones used for fixed beamforming are inherently 

directive and closely spaced. The performance of fixed beamformers degrades when 

the sound source is non stationary. This problem can be resolve by increasing the 

beamwidth. But by increasing the beamwidth, noise level will increase as well. 

The steered response will be the output data extracted by simple 

beamformer, known as delay-and-sum beamformer. The sound source when 

originates will reached to all microphones with different time intervals. The delay-and-

sum beamformer will align all received signals at individual microphones by giving 
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them appropriate delay, and form a single steered response signal. The peak of that 

steered response will point the location of the sound source and the peak will be the 

Steered Response Power (SRP). 

 SPR perform well in low reverberant environments, but once the 

reverberation increases from the minimal level, its performance starts degrading 

dramatically. The Phase Transform (PHAT) is receiving much more attention in the 

recent research for speaker localization, and is more robust in reverberant and low 

noise environments. Combing both, SRP-PHAT can be a robust speaker localizer in 

a reverberant environment. 

SRP-PHAT has also quite remarkable performance for multiple speaker 

localization. Here the steered response power will have a number of peaks, pointing 

towards the direction of multiple speakers. But this method has a limitation for 

extensive computation to find a lot of local maxima in SRP. There are a lot of efficient 

search methods which can be used to find the optimum peak values in SRP, in the 

case of multi speaker localization.  

2.2 Time Delay Estimation (TDE) 

 Time Delay Estimation (TDE) is used for the speaker localization by 

estimating the TDOA between two spatially separated microphones in a pair. TDE is 

most affected by two major problems while localizing the speaker, background noise 

and room reverberation. A good TDE can be done by taking long input data packets, 

which reduces the background noise affect. For moving source localization, TDE 

needs to be done with high data rate which could be achieved by taking short input 

data segments.  

 The most common TDE based method is generalized cross correlation 

(GCC) function [4]. However, GCC is not efficient in the noisy and reverberant 

environment for speaker localization. The weighting functions have introduced in 

GCC for the improved and accurate performance. Various weighting functions have 

been developed such as maximum likelihood (ML), PHAT and smooth coherence 

transform (SCOT). GCC-ML weighting functions was developed and applied in a low 
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reverberant environment for speaker localization in [5]. But its performance starts 

degrading when multipath affect increases in a reverberant environment. For 

reverberant environment, PHAT weighting functions shows better performance in a 

realistic environment.  

Another short time TDE method was introduced in [6], it involves the 

minimization of weighted least square phase data for speaker localization. In 

outperforms both GCC-ML and GCC-PHAT in reverberant environment. But there is 

a trade off in this method as it takes extensive time for a complex searching 

algorithm. But a little improvement in the performance cannot be accepted on the 

cost of complex computations. 

There are many applications in a speech processing which need high 

update rate, which eventually limits the size of input data segment. For automatic 

camera steering video conference may need an update rate of 200-300 ms for 

reliable speaker localization. However, in the case of multiple speaker localization 

using TDOA based methods, a high update rate which may consist of 20-30 ms data 

segment is required. 

The TDOA based methods are more likely used for single speaker 

localization under low noisy conditions. When these TDOA based methods are 

applied for tracking of multiple talkers in a conference room using short data 

segment, it results in a poor TDE.  

2.3 Methods of Spectral Estimation 

 Speaker localization using high resolution spectral estimation is also 

gaining a considerable attention in recent research.  A number of spectral estimation 

beamformers have developed, such as autoregressive modeling (AR) modeling, 

minimum variance (MV) spectral estimation, and multiple signal classification 

(MUSIC) algorithm [7]. Basically these methods were developed for the spectral 

estimation of the frequencies and there characteristics. But for narrow band signal‟s, 

spectral estimation is also used for estimating DOA using microphone array.  
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 The localization in this case is done by assuming a statistically stationary 

noise and speaker source. A signal correlation matrix is derived from the input signal 

of each microphone. Eigen value decomposition is used to separate the signal 

correlation matrix into noise and signal subspace. Usually a sharp peak indicates the 

point of DOA in the input data. This sharp peak is estimated by matching either the 

noise subspace or signal subspace to all possible values of DOA.  

 The search method to estimate the accurate DOA needs complex 

computations and situation become worse, when there is a complex source model. 

The other disadvantage of spectral estimation is the assumptions in which it performs 

better such as, ideal source radiators, exact knowledge of microphone spacing and 

stationary channel characteristics. These assumptions and complexity of searching 

algorithm makes it less robust as compare to other beamforming techniques i.e. TDE 

and SRP. 

 Therefore, in this thesis work, only SRP-PHAT model is implemented 

using 16 microphone array in a conference room under low noise and reverberant 

environment. Real time data has been recorded from human talker‟s to localize the 

active speaker in the conference room. 
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Chapter 3 

 

Acoustic Signal Modeling 

 

3.1 Radiation Zone 

 Radiation zones are defined to simplify the complex mathematical 

equations for radiating sources. Generally, the radiation zones are divided into near 

field zone and far field zone. 

Wavelength (λ) emitted by the source define the boundary of the two 

zones. If the distance of the sound emitted by the source to the microphone is larger 

i.e. r >> λ, then the source is in far field region. In this case, the wave propagating 

towards microphone array will be planer. Moreover, if the sound emitted by the 

source is very close to microphone i.e. r << λ, then source is in near field region. 
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3.2 Sound wave propagation 

 The sound wave propagating towards microphone array is not 

necessarily being radiated in a spherical manner. In real time environment, the 

source emitting sound is usually directional. Some microphones will receive direct 

signals from the source, which will be stronger than the signals received by the rest 

of microphones. However, to simplify the complex computations, it is assumed that 

the sound source is Omni directional radiator. 

 As the sound source is much distinct from the microphones, Far field 

assumption will be taken in account for this case. With this assumption, planner 

waves will arrive at each microphone, which could be modeled as linear systems in 

array processing techniques [8]. This assumption will also ease the analysis and 

computations for the speaker localization in the conference room. 

 In real time environment, characteristics of the medium are usually 

unknown. The sound source signal is sometime attenuated, refracted or absorbed 

the medium or by the surrounding of the environment. In our case it is also assumed 

that the medium is lossless and homogeneous. This means that there will be no 

diffraction of the signal and the speed of sound will remain constant for all the 

experiments. 

 

3.3 Reverberation 

 The conference room has many objects in surrounding which becomes 

cause of reverberation. Reverberation is a multipath propagation of the waves 

produced by the reflection of the sound signal from different objects, which results in 

echo. These objects could be the furniture, white board and walls of the conference 

room. This reverberation can severely affect the performance of the speech 

processing algorithm used for speaker localization.  
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 The impact of the reverberation and background noise on the source 

signal at  𝑛𝑡  microphone can be modeled as: 

𝑥𝑛 𝑡 =  𝑠 𝑡 ∗ 1  𝑑𝑛 ,𝑑𝑠 , 𝑡 ∗ 𝑣 𝑑𝑠 , 𝑡 +  𝑛𝑛(𝑡)  (3.1) 

 Where 𝑠 𝑡  is the source signal, 𝑛𝑛(𝑡) is the background and channel 

noise, 𝑣 𝑑𝑠 , 𝑡  is the microphone response and 1  𝑑𝑛 ,𝑑𝑠 , 𝑡  is the room impulse 

response of both direct and reflected sound waves. 𝑑𝑛  is the microphone locations 

which are fixed and known, but 𝑑𝑠 is the source location which have to be localize 

using speech acquisition algorithm. 

 The room impulse response varies due to temperature and humidity. But 

the characteristics of room impulse remain same for a short period of time, which 

makes the response time-invariant. The microphone response majorly consists of the 

electrical and acoustic properties of microphone. Both the room impulse response 

and microphone response depend on the source location 𝑑𝑠. Convolving these two 

responses we get 

(𝑑𝑠 , 𝑡)  = 1  𝑑𝑛 ,𝑑𝑠 , 𝑡 ∗ 𝑣 𝑑𝑠 , 𝑡    (3.2) 

So we get 

𝑥𝑛 𝑡 =  𝑠 𝑡 ∗ (𝑑𝑠 , 𝑡) +  𝑛𝑛(𝑡)   (3.3) 

 Signal 𝑥𝑛 𝑡  received by nth microphone can be use to localize the 

speaker in a reverberant and noisy environment. 

 

3.4 Angle of Arrival 

 In a Far field situation, a planer acoustic wave will arrive at each 

microphone. These two microphones,  𝑥1 𝑡  and  𝑥2 𝑡  are separated with the 

distance d from each other. As the signal will arrive at different times to both the 

microphones, there will be a delay 𝜏 between the received signals  𝑥1 𝑡  and 𝑥2 𝑡 . 

The sound source is located at angle α, relative to both the microphones. 
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Figure 3.1: DOA using 2 microphones in a Far Field case. 

 For speaker localization, we need to estimate the DOA of acoustic sound 

wave. From figure above, we can calculate the DOA: 

sin ∝ =
𝑠

𝑑
                                                                                (3.4) 

 Where 

𝑠 = 𝑣 ∗ 𝜏    (3.5) 

 And 𝑣 is speed of sound, which can be assumed 340 m/s. by putting the 

value of 𝑠 in equation 3.4, we get 

sin ∝ =
𝑣 ∗ 𝜏

𝑑
                                                                           (3.6) 

α 

d 

 𝑥1 𝑡  

 𝑥2 𝑡  

𝜏 

 S(t) 

Microphones 

Acoustic Source 

Planer Acoustic 

Wave 
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 TDOA is also dependent of the sampling frequency 𝑓𝑠 , as it will be 

calculated in seconds. So equation becomes 

sin ∝ =
𝑣 ∗ 𝜏

𝑑 ∗  𝑓𝑠
                                                                        (3.7) 

 And for estimating DOA, we get 

∝ = sin−1(
𝑣 ∗ 𝜏

𝑑 ∗  𝑓𝑠
)                                                                     (3.8) 

 The distance 𝑑 is fixed between the microphones, and TDOA 𝜏 will be 

estimated using SRP-PHAT algorithm to locate the speaker in the conference room. 
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Chapter 4 

 

Steered Response Power- 

Phase Transform (SRP-

PHAT) Algorithm 

 

4.1 Delay-And-Sum Beam-formers 

 A microphone array having M received signals, defined in equation 3.3 

is,  

𝑥𝑛 𝑡 =  𝑠 𝑡 ∗  𝑑𝑠 , 𝑡 +  𝑛𝑛 𝑡                                                   (4.1) 

 Where  𝑥𝑛 𝑡  consist of delayed, filtered and noise signal 𝑠 𝑡 . A delay-

and-sum beamformer will align all the microphone‟s input by giving an appropriate 
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steering delay 𝛿𝑛  to each microphone input  𝑥𝑛 𝑡   and summing all the inputs to get 

an unmodified signal from a spatial location 𝑞𝑠. 

 The conventional delay-and-sum beamformer is defined as: 

𝑦 𝑡, 𝑞𝑠 =   𝑥𝑛(𝑡 − 𝛿𝑛)

𝑀

𝑛=1

                                                         (4.2) 

 The delay-and-sum beamformer will give an output 𝑦 𝑡,𝑞𝑠 , which is 

overall delayed signal from all microphones. The delay 𝛿𝑛  is estimated and computed 

individually between all microphone pairs, which make the operation causal for this 

practical system. 

 In ideal environment delay-and-sum beamformer gives scaled and 

summed version of desired signal. However, in a real time environment channel 

characteristics are not even, which degrades the efficiency of delay-and-sum 

beamformers. One reason of degradation could be additive noise. Adaptive filters are 

used to minimize the noise in the input signal of each microphone. Microphone 

signals are first filtered and then computed in the delay-and-sum beamformer to get 

the desired output. 

 A filter-and-sum beamformer output in frequency domain can be defined 

as: 

𝑌 𝜔, 𝑞 =   𝐺𝑛 𝜔 𝑋𝑛(𝜔)𝑒−𝑗𝜔𝛿𝑛

𝑀

𝑛=1

                                                 (4.3) 

 Where 𝐺𝑛 𝜔  is the Fourier Transform of the adaptive filter, designed for 

nth microphone input signal, and 𝑋𝑛(𝜔) is the Fourier Transform of the 𝑥𝑛(𝑡). 

Although adaptive filtering compensate the environmental noise and channel effect 

for some means in real time environment, but yet it is not too much robust for 

practical scenarios. 
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4.2 SRP 

 A conventional steered response power (SRP) is achieved by taking the 

power of the filter-and-sum beamformer, steering on the specific area for source 

localization. Power of filter-and-sum beamformer can be expressed in frequency 

domain as: 

𝑃 𝑞 =   𝑌 𝜔, 𝑞 𝑌∗ 𝜔, 𝑞 𝑑

∞

−∞

𝜔                                                        (4.4) 

 Inserting equation 4.3 in equation 4.4, we get 

𝑃 𝑞 =     𝐺𝑙 𝜔 𝑋𝑙 𝜔 𝑒−𝑗𝜔𝛿𝑙

𝑀

𝑙=1

   𝐺𝑘
∗ 𝜔 𝑋𝑘

∗ 𝜔 𝑒𝑗𝜔𝛿𝑘

𝑀

𝑘=1

 𝑑

∞

−∞

𝜔            (4.5) 

 Rearranging the expression, we get: 

𝑃 𝑞 =      (𝐺𝑙 𝜔 𝐺𝑘
∗ 𝜔 )(𝑋𝑙 𝜔 𝑋𝑘

∗ 𝜔 ) 𝑒𝑗𝜔 𝛿𝑘−𝛿𝑙 

𝑀

𝑘=1

𝑀

𝑙=1

 𝑑

∞

−∞

𝜔               (4.6) 

 The steering delays 𝛿𝑘  and 𝛿𝑙 will be estimated using TDOA of each 

microphone pair, which can be written as: 

𝜏𝑘𝑙  = 𝛿𝑘 − 𝛿𝑙                                                                             (4.7) 

𝑃 𝑞 =      (𝐺𝑙 𝜔 𝐺𝑘
∗ 𝜔 )(𝑋𝑙 𝜔 𝑋𝑘

∗ 𝜔 ) 𝑒𝑗𝜔𝜏𝑘𝑙

𝑀

𝑘=1

𝑀

𝑙=1

 𝑑

∞

−∞

𝜔                      (4.8) 

 Weighting function can be defined for filter as: 

Ψ𝑙𝑘  𝜔 =  𝐺𝑙 𝜔 𝐺𝑘
∗ 𝜔                                                                  (4.9) 

 The integral is on the filter and the microphone input signals for a finite 

length, rearranging the equation 4.8 we get: 
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𝑃 𝑞 =     Ψ𝑙𝑘  𝜔 𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔  𝑒𝑗𝜔𝜏𝑘𝑙

∞

−∞

𝑀

𝑘=1

𝑀

𝑙=1

𝑑𝜔                             (4.10) 

 The peak of the SRP indicates the location of the sound source. The 

strong reflection of the sound source sometime also gives peak, which indicates the 

wrong location of the sound source. The complication for the search of global 

maxima also increases by these strong reflections of the sound source. 

 

4.3 SRP-PHAT 

 The strong reflections of the sound source can result the wrong DOA. To 

minimize this error, a weighting function phase alignment transform (PHAT), which is 

robust in real time environment [9] is applied on SRP to estimate the correct DOA of 

sound source. PHAT is not robust under high reverberant environment, but it is still 

effective under low and moderate reverberant conditions. 

 A generalized SRP-PHAT for speaker localization is defined in equation 

4.10 can be modified by changing the summation limits to minimize the 

computations. The modified equation is: 

𝑃 𝑞 =     Ψ𝑙𝑘  𝜔 𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔  𝑒𝑗𝜔𝜏𝑘𝑙

∞

−∞

𝑀

𝑘=𝑙+1

𝑀

𝑙=1

𝑑𝜔                              (4.11) 

  

The PHAT weighting functions can be defined as 

Ψ𝑙𝑘  𝜔 =  
1

|𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔 |

                                                          (4.12) 

 Where Ψ𝑙𝑘 (𝜔) is the desired PHAT filter for the input signals of a 

microphone array and the relation of channel filter with weighting function can be 

expressed as: 
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𝐺𝑙 𝜔 𝐺𝑘
∗ 𝜔 =  

1

|𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔 |

                                                       (4.13) 

Inserting equation 4.12 in equation 4.11, we get 

𝑃 𝑞 =     
1

|𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔 |

𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔  𝑒𝑗𝜔𝜏𝑘𝑙

∞

−∞

𝑀

𝑘=𝑙+1

𝑀

𝑙=1

𝑑𝜔                   (4.14) 

 𝜏𝑘𝑙  is the time delay between microphone 𝑘 and microphone 𝑙. The far 

field assumption is used for the calculation of the 𝜏𝑘𝑙 . Planner sound waves will arrive 

from the speaker at microphone array as shown in the figure below. 

 

- - -  

 

 

 

 

 

Figure 4.1: Planner Waves arrival from a Far Field Sound Source. 

 

The 𝜏𝑘𝑙  can now be expressed as: 

𝜏𝑘𝑙 =  𝜏 𝑘 − 𝑙                                                                           (4.15) 

 

 

 

𝜏 

𝜏 
2𝜏 

(𝑘 − 𝑙)𝜏 

1 2 3 𝑀 
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4.4 TDOA Estimation using SRP-PHAT 

 To estimate the speaker location, TDOA 𝜏𝑠 should be first estimated. The 

GCC-PHAT algorithm used in [4] is defined as 

𝜏𝑠 = 𝑎𝑟𝑔max
𝜏𝑘𝑙

 𝑃𝑘𝑙 (𝜏𝑘𝑙 ) = 𝑎𝑟𝑔max
𝜏𝑘𝑙

 
1

2𝜋
 

1

|𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔 |

𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔  𝑒𝑗𝜔𝜏𝑘𝑙

∞

−∞

𝑑𝜔     (4.16) 

 By inserting equation 4.15 in equation 4.16 we get 

𝜏𝑠 = 𝑎𝑟𝑔max
𝜏

𝑃(𝜏) = 𝑎𝑟𝑔max
𝜏

     
1

|𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔 |

𝑋𝑙 𝜔 𝑋𝑘
∗ 𝜔  𝑒𝑗𝜔𝜏  𝑘−𝑙 

∞

−∞

𝑀

𝑘=𝑙+1

𝑀

𝑙=1

𝑑𝜔      (4.17) 

 

 The TDOA 𝜏𝑠 will be the value which will give the maximum output power 

of SRP-PHAT. This SRP-PHAT algorithm has only one parameter output ∝, which 

indicates the DOA of sound source as expressed below 

∝ = sin−1(
𝑣 ∗ 𝜏𝑠
𝑑 ∗  𝑓𝑠

)                                                                      (4.18) 
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Chapter 5 

 

Hardware Design 

 

5.1 Microphone Reverse Engineering 

A process to disassemble a device to analyze its characteristics and to use the 

product according to its specification is called Reverse Engineering. Usually reverse 

engineering is performed when no information of the desired product is available. 

Reverse engineering tells how to operate the existing product, which components are 

used in the product and how these components are interconnected with each other. 

The characteristics of the individual components or blocks can also be examined by 

drawing them in the suitable software. 

In this thesis work, reverse engineering of the microphone circuit is performed 

to determine the characteristics of existing microphone. The main reason of reverse 

engineering is to determine the current and the voltage levels needed to operate the 

microphone circuit, and to build a power supply for the microphone array. 
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The microphone circuit is described into three major parts, which is then 

followed by the whole microphone circuit. 

1. Ac Equivalent Circuit. 

2. Low pass Filter. 

3. Amplifier. 

4. Whole Microphone Circuit. 

 

5.1.1 AC Equivalent Circuit 

As described above, the need of the reverse engineering in this thesis work is 

to determine the current and voltage level needed to switch on the microphone 

circuit. The first part of the microphone circuit is basically receiving two different input 

signals. First is Vcc from the power supply and the second is V1, which is a 

substitution of a speech signal. The circuit is shown in fig 5.1 

 

Figure 5.1: DC Coupled circuit diagram. 

A Vcc having 24V DC is only connected with the diode D2, resister R8 and a 

capacitor C8. An AC equivalent circuit will be redrawn from fig 5.1 to determine the 

current  𝐼. A node V_Gnd in fig 5.1 is basically acting as a virtual ground. After 

redrawing fig 5.1, AC equivalent circuit is drawn in fig 5.2. 
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Figure 5.2: Circuit diagram of an Ac Equivalent. 

In Ac equivalent circuit, V1 denotes a speech signal having a voltage 

level of 24V. The current 𝐼  is calculated below using mathematical equations of ohm 

law. 

𝑅 =  
R12 ∗ (R20 + R10)

(R12 + R20 + R10)
                                                              (5.1) 

𝑅 ≅  6754 𝑜𝑚                                                                     (5.2) 

𝐼 =  
V

R
                                                                                 (5.3) 

𝐼 =  
24 V

6754 ohm
= 3.553 𝑚𝐴                                                         (5.4) 

As microphone needs 3.553 𝑚𝐴 current, so there is a need to build a 

regulated power supply which should provide a voltage level of 24V DC and current 

level of 3.553 𝑚𝐴 approx. 

 

5.1.2 Low Pass Filter 

The next block in the microphone circuit are two cascaded 2nd order Low pass 

filters according to Sallen key topology. In this microphone circuit, the low pass filter 

is designed to block the frequencies greater than 374 Hz. The input to the Low pass 

circuit is denoted as LP_IN and the output is denoted with LP_Out. 
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Figure 5.3: Circuit diagram of a Low Pass filter 

Cutoff frequency of a low pass filter is calculated below. 

𝐹𝑐 =  
1

2 ∗ 𝑃𝑖 ∗  (𝑅1 ∗ 𝑅2 ∗ 𝐶1 ∗ 𝐶2)
                                                         (5.5) 

So calculating 𝐹𝑐  using following values: 

Component Value 

R1 62k ohm 

R2 62k ohm 

C1 10nF 

C2 4700pF 

Table 5.1: Values of the Components. 

By putting the values in equation 5.5 we get 

𝐹𝑐 =  374 𝐻𝑧                                                                      (5.6) 

 However, in our case the frequency of the audio signal is 3.4 kHz, so the 

low pass filter will be bypassed in this case. Due to this fact, Ac Equivalent circuit will 

be directly attached with the Amplifier as shown in the complete microphone circuit. 

5.1.3 Voltage Follower 

The last block in the microphone is a voltage follower. In this circuit diagram, 

VF_IN denotes the input to the circuit and Mic_out denotes the output of the 
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microphone. As mentioned earlier that the low pass filter will be bypassed, so the 

output of the AC Equivalent circuit (AC_Out) is directly connected with the VF_IN. 

 

Figure 5.4: Circuit diagram of Voltage Follower. 

The output of the voltage follower (Mic_out) will first passed from a pre 

amplifier, as discussed in the next section, and then to the computer through PCI 

card. 

 

5.1.4 Whole Microphone Circuit 

The characteristics of the three parts of microphone circuit are discussed in 

the previous sections. The whole microphone circuit is shown in figure 5.5. 

Figure 5.5: Microphone Circuit. 
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 The node AC_Out of AC Equivalent circuit is directly connected to the 

node VF_IN of Voltage follower. The low pass filter is bypassed, as the cutoff 

frequency of the filter is less than the frequency of a human talker. Thus the nodes 

LP_IN and LP_Out are floating. 

A small switch in microphone circuit is used either to enable or disable the 

lowpass filter. In order to use a lowpass filter, that switch can be used to connect 

AC_Out with LP_IN and LP_Out with VF_IN, and the speech signal will be filtered 

with the lowpass filter. 

 

5.2 Designing and Construction of Power Supply 

5.2.1 Power Supply 

A Regulated Power supply is constructed for the microphone array. A standard 

AC/DC converter is used to convert 230V AC to 36V DC. The 36V DC is supplied to 

the power supply, which is then down converted to 24V DC. Positive Voltage 

Regulator BUL742c [11] is used to get regulated 24V DC. BUL742c is of high voltage 

capabilities and have very high switching speed. 

Figure 5.6: Regulated Power supply for a microphone array. 
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 As shown in the figure above, a fuse is placed right after the input 

source, because fluctuation in the voltage or current level could damage the circuit 

and the microphones. The resultant output of 24V DC is needed to power on the 

microphones. 

5.2.2 Constant current and Pre-Amplifier 

A current level of approximately 3.55 𝑚𝐴 is needed to drive the microphone 

circuit. A higher current value can damage the microphone circuit. LM234 [12] is a 

three terminal adjustable constant current source, and is used to draw a suitable 

current value for the microphone circuit. The current is adjusted using external 

resistor. The value of the external resistor 𝑅 is derived using following equation. 

𝑅 =
 227µ

V
K
 ∗ (T)

I
                                                                      (5.7) 

𝑅 =
 227µ

V
K ∗ (300 K)

3.553 𝑚𝐴
  ≅  19.1669 𝑜𝑚                                                    (5.8) 

 

 

Figure 5.7: Pre-Amplifier. 

As the derived value of external resistor is not realistic, so nearest value of a 

resistor is used, which is 18 𝑜𝑚, to adjust the constant current source. 

𝐼 =
 227µ

V
K ∗

 300 K 

18 𝑜𝑚
  ≅     3.8 𝑚𝐴                                                   5.9  
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Therefore, 3.8 𝑚𝐴 current will flow to the microphone circuit. As it is not too 

much higher current value as compare to the 3.553 𝑚𝐴 , so it will not damage the 

microphone circuit. Each Microphone is connected with its own Pre-Amplifier circuit, 

which means 16 Pre-Amplifiers for 16 microphones. Sig_Out is the audio signal after 

Pre-Amplifier, and is input to the Computer using PCI card for further processing. 

5.3 Measurement of Microphones 

The Experiment was done to check the sensitivity of the microphones. 

For this experiment two microphones were used, both were located in the ceiling 

facing downwards. Microphone 1 is located 5cm lower then microphone 2 which is 

parallel with ceiling. 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Figure 5.8: Microphones Arrangement for measuring its sensitivity for different 

positions. 

Mic1 Mic2 

Source Ch1   Ch2 

Speaker 

D = 80 cm 

Frequency Analyzer 
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Frequency analyzer was used to measure the frequency response of 

both the microphones. Frequency response was first measured with connected low 

pass filter and then without low pass filter. 

The source was connected with both speaker and Channel 1. Channel 2 

was connected first with microphone 1 and then with microphone 2. Frequency 

response was measured between Channel 1 and Channel 2 for both the micro-

phones. The results are plotted in fig 5.9 to 5.12. 

 

5.3.1 Frequency Analyzer Settings 

White noise was generated from Source at F = 12.84 Hz via Speaker. 

Frequency 0 – 12.84 Hz 

Y-Units dB 

X-Units Hz 

Average 50 

Resolution 400 Lines 

Window Hanning 

Frequency Response 2/1 

Table 5.2: Frequency Analyzer Setting 
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Result: 

 
Figure 5.9: First Microphone with a Lowpass Filter. 

 

Figure 5.10: First Microphone without a Lowpass Filter. 
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Figure 5.11: Second Microphone with a Lowpass Filter. 

 

 

Figure 5.12: Second Microphone without a Low pass Filter. 
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Chapter 6 

 

Experimental Results 

 

6.1 Microphone Array 

The experiment is performed in the Biometric lab of Signal Processing 

Department at Blekinge Tekniska Högskola. A microphone array having 16 elements 

is installed on the ceiling, covering whole room as shown in figure 6.1. The person 

talking in the conference room is indicated by the loudspeaker and the microphones 

are simulated as small circles. 
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Figure 6.1: Room layout in a 3D view. 

 

6.1.1 Top View of Microphone Array 

The scenario in this thesis is a typical conference room, accommodating 

8 persons around the table as shown in figure 6.1. The top view of the room showing 

the arrangement of the microphone array and the distances between each 

microphone is shown in figure 6.2.  
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7 6 5 
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Figure 6.2: Top view of 16 element Microphone array. 
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6.2 Results 

 The microphones are installed on the ceiling receives the speech signal 

from the person talking in the conference room. Real time data is recorded using 

microphone array, SRP-PHAT algorithm worked fine in the low noisy environment for 

a stationary talkers. Different microphone pairs have been used for speaker 

localization. The simulation results are obtained in a case in which two persons were 

speaking turn by turn, where speaker location is already shown in figure 6.1. 

 Angle of arrival is estimated in degree‟s, indicating the direction of the 

speaker source in a conference room. Both the human talkers speak for the time 

interval of 3 seconds each at the sampling frequency of 48 kHz. The location of 1st 

talker is -40 degree, while the 2nd talker is sitting at 30 degree under the pair of a 

microphone. The output of far field SRP-PHAT algorithm is shown in figure below.  

 

Figure 6.3: Speaker Localization using Microphone Array. 
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Chapter 7 

 

Conclusion and Future 

Work 

 

7.1 Conclusion 

 Microphone array is built and installed for speaker localization in a 

conference room, and SRP-PHAT algorithm is then evaluated on a recorded data of 

human talkers in a real time environment to locate the DOA of active speaker. 

Reengineering of microphones was done to power them with the suitable current and 

voltage levels. A power supply is then built to power the 16 microphones, and the 

output of microphone array is then connected with the computer via PCI card.  

The algorithm performed robustly in the low noisy and less reverberant 

environment. The modification made in SRP-PHAT algorithm makes it much faster by 
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reduced computations. SRP-PHAT algorithm is also suitable for real time processing 

of speaker localization in a conference room. 

 

7.2 Future Work 

 As this SRP-PHAT algorithm only estimates the DOA of sound source, 

but it does not tell the position of the sound source. The other thing which could be 

done is to develop an algorithm to localize multiple talkers at same time. And it will be 

more interesting to work on the localization for the moving human talkers in real time 

system. 

The localization can also be focused on adaptive beam forming 

structure. Although PHAT weighting algorithm is robust in our case, but a pitch based 

weighting applied on GCC in [10] can also be evaluated in noisy and reverberant real 

time environment for speaker localization. 

Localization performance could be improved by changing the position of 

the microphones on the ceiling. Distance between the microphones could be 

decreased for better performance and more microphones could be installed to cover 

the complete conference room. 
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