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Abstract— Tele conferencing technology has been used for 

teaching, training and communication purposes over the past 

several years. Recent advances in digital streaming 

technique increases the bandwidth and software engineering 

allows the use of teleconferencing in the most efficient ways 

and cost effective ways. In general distributed meeting 

application the listener did not recognize the face of the 

presenter. The listener can recognize the speaker by tracking 

the camera towards the speaker. Generally it can be done by 

manual control. This project describes the automatic 

tracking mechanism of camera by speech source localization 

technique. For the purpose of localizing the speaker, we 

design smart rotary equipment with source localization 

technique. We use a Raspberry Pi kit as a processor for total 

equipment setup. For the purpose of sensing the audio signal 

is done by circular microphone array and the rotary 

mechanism is done by stepper motor using python coding.      

Key words: Speech Production and Perception, Tele 

conferencing technology  

I. INTRODUCTION 

Video conferencing is the power of visual communication. It 

is used to see, hear and share video and audio technology. 

There are several modes of interaction such as Email, fax, 

telephone, online chat, video chat and face to face. In many 

situations videoconferencing is the best method to face to 

face communication. A videoconference is a live connection 

between people in separate locations for the purpose of 

communication, usually involving audio and often text as 

well as video. At its simplest, videoconferencing provides 

transmission of static images and text between two 

locations. At its most sophisticated, it provides transmission 

of full-motion video images and high-quality audio between 

multiple locations. Generally the listener on screen did not 

recognize the face of the presenter. So the generic system 

for automatic sound source localization and tracking 

towards that active speaker is proposed and evaluated. In 

this technique, the system is implemented by Raspberry pi 

processor.  

II. LITERATURE SURVEY 

Sound source localization methods with considering of 

microphone placement in robot platform. 

Many different methods for sound source 

localization have been developed. Most of them mainly 

depend on time difference of arrival (TDOA) or analytic 

head related transfer functions (HRTF). In real 

implementation, since the direct path between a source and a 

sensor is interrupted by obstacles as like a head or body of 

robot, it has to be considered the number of sensors as well 

as their positions. Therefore, in this paper, we present the 

methods, which are included sensor position problem, to 

localize the sound source with 4 microphones to cover the 

3D space. Those are modified two-step TDOA methods.  

Our conclusion is that the different method has to 

be applied in case to be different microphone position on 

real robot platform Real time speaker localization and 

detection system for camera steering in multi participant 

videoconferencing environments. 

A real time speaker localization and detection 

system for videoconferencing environments is presented. In 

this system, a recently proposed modified Steered Response 

Power- Phase Transform (SRP-PHAT) algorithm has been 

used as the core processing scheme. The new SRP-PHAT 

functional has been shown to provide robust localization 

performance in indoor environments without the need for 

having a very fine spatial grid, thus reducing the 

computational cost required in a practical implementation. 

Moreover, it has been demonstrated that the statistical 

distribution of location estimates when a speaker is active 

can be successfully used to discriminate between speech and 

non-speech frames by using a criterion of peakedness. As a 

result, talking participants can be detected and located with 

significant accuracy following a common processing 

framework. 

III. THEORETICAL OVERVIEW 

Nowadays, innovation in scientific research is focused much 

more on the interactions between humans and technology 

and automatic speech recognition is a driving force in this 

process. Speech recognition technology is changing the way 

information is accessed, tasks are accomplished and 

business is done. There are two related speech tasks: speech 

understanding and speech recognition. Speech 

Understanding is getting the meaning of an utterance such 

that one can respond properly whether or not one has 

correctly recognized all of the words. Speech recognition is 

simply transcribing the speech without necessarily knowing 

the meaning of the utterance. The two can be combined, but 

the task described here is purely recognition. Automatic 

speech recognition (ASR) is the ability of a machine to 

convert the words that are spoken in to the microphone. 

A. Speech Production and Perception: 

Five different elements are associated with speech 

production and perception. They are speech formulation, 

human vocal mechanism, acoustic air, perception of the ear, 

speech comprehension etc. 

B. Types of ASR Systems 

1) ASR can be classified in several ways: speaker 

dependent or independent, discrete or continuous, 

and small or large vocabulary. Speaker 

Independent (SI) systems or Speaker Dependent 

(SD) system: System can recognize a variety of 

speakers, without any training. Such systems limit 

the number of words in a vocabulary. But speaker 

dependent system can only recognize the speech of 

users it is trained to understand [3].  
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2) Discrete ASR or Continuous ASR: Discrete ASR 

recognizes isolated utterances. Here the user must 

speak unnaturally, leaving distinct pauses between 

each word. In Continuous ASR, the user can speak 

naturally, with normal conversational pauses, but it 

is more difficult for the system to detect the word 

boundaries.  

3) Small vocabulary or large vocabulary system: In 

small vocabulary ASR, all the words in the 

vocabulary are trained at least once, whereas large 

vocabulary systems recognize sounds rather than 

whole words and are able of recognizing words that 

have never been in the training set.  

C. Factors Affecting Speech Recognition Performance: 

Different speech recognition systems have different 

parameters and design methodology according to the 

application. But in most cases some factors are similar. For 

instance, Vocabulary size and variability of factors 

[3].These factors have significant roles for the accuracy of 

the system. According to how much vocabulary can be 

recognized, speech recognition can be divided into three 

different scales vocabulary speech recognition: Small 

vocabulary speech recognition, Medium vocabulary speech 

recognition, large vocabulary speech recognition. Small-

scale can identify less than 100 vocabulary while medium-

scale can identify more than 100 vocabulary and large-scale 

can identify more than 1000 vocabulary. Other factors that 

affect performance of speech recognition system, are 

variability in speakers, environments, transmission channels 

and microphones. The variability in speakers involves 

gender, speed of speaking, regional changes in language. 

Variability in environment means whether it is noisy or 

clean. The bandwidth of transmission channel also plays an 

important role in determining the accuracy of the system as 

number of samples transmitted changes when bandwidth 

changes. According to the type of microphone and distance 

of microphone from mouth, reliability of system may 

changes. And finally the performance of the system will be 

in the hands of experts behind the work. 

D. Stepper Motor: 

Stepper motors provide a means for precise positioning and 

speed control without the use of feedback sensors. The basic 

operation of a stepper motor allows the shaft to move a 

precise number of degrees each time a pulse of electricity is 

sent to the motor. Since the shaft of the motor moves only 

the number of degrees that it was designed for when each 

pulse is delivered, we scan control the pulses that are sent 

and control the positioning and speed. The rotor of the 

motor produces torque from the interaction between the 

magnetic field in the stator and rotor. The strength of the 

magnetic fields is proportional to the amount of current sent 

to the stator and the number of turns in the windings. 

IV. METHODOLOGY 

A speech recognition system is basically a pattern 

recognition system dedicated to recognize the words spoken 

into microphone. Proposed speech recognition system is 

about speaker independent system. 

Generally E-meetings are conducted by video 

conferencing. Listener of conferencing at each pointing 

cannot recognize the face of the presenter. This problem can 

be solved in a way of tracking video capturing equipment in 

the manner of manual control. There is a need for specific 

employee for tracking camera that may increase a waste of 

time and money. In our project, sound source localization 

technique is used for locating a presenter of conferencing 

and the tracking mechanism of video capturing device can 

be done by stepper motor control. Sound source localization 

can be implemented by microphone array system and 

calculation of stepping size of stepper motor i.e. position of 

speaker in a round table conferencing is achieved by using 

stepper motor with driver. 

 
Fig. 1:  

There is difference between sound and speech. 

Sound is physical wave that can be audible for human ears. 

But in contrast speech is the process of stretching and 

relaxing the vocal cord to produce a sound wave. Voice 

recognition module utilize pyaudio library binding with 

python Software   for   sensing   human   audible speech 

via microphone. Among multiple microphones one can 

sense a voice then after that corresponding stepping size can 

be calculated. These stepping size availability are predefined 

initially according to the number of speakers in meeting 

environment. After determing stepping size the rotation will 

be properly done by raspberry pi via python commanding. 

The output terminal of stepper motor is attached to the 

rotation table that holds the video capturing equipment such 

as camera, webcam or iPhone. 
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A. Raspberry PI: 

 
Fig. 2: Raspberry pi model B 

Raspberry pi is a credit card-sized computer. Its cost is $35. 

When it started shipping, the Raspberry Pi created a frenzy 

of excitement. It’s important to remember that the Raspberry 

Pi is a computer and can, in fact, use it as one. 

 
Fig. 3: GPIO pin format 

B. Python: 

Python is a widely used general-purpose, high-level 

programming language. Its design philosophy emphasizes  

code readability, and its syntax allows programmers to 

express concepts in fewer lines of code than would be 

possible in languages such as C++ or Java. The language 

provides constructs intended to enable clear programs on 

both a small and large scale. Python is an “interpreted 

language”, which means that can write a program or script 

and execute it directly rather than compiling it into machine 

code. The Python interpreter can be run in two ways: as an 

interactive shell to execute individual commands, or as a 

command line program to execute standalone scripts. The 

integrated development environment (IDE) bundled with 

Python and the Raspberry Pi is called IDLE. The advantage 

that Python has over shell scripting is that the code is easier 

to write and is more readable. There is also a whole slew of 

Python modules that make it easy for you to do some 

complex stuff with basic code. 

1) Voice Recognition: 

Raspberry pi kit did not have a audio input jack. There is 

only 3.5mm mini analog audio output jack, intended to drive 

high impedance loads (like amplified speakers). So sound 

adapter is necessary for getting input via microphones. 

USB microphones are used for capturing voice 

from human. More than one USB microphones are 

connected to raspberry pi kit via USB hub. Each 

microphone is allocated to each speaker. The voice 

processing is done by pyaudio library of python language. 

2) Pyaudio: 

Pyaudio provides python binding for port audio, the cross 

platform audio I/O library. With pyaudio,we can easily use 

python to play and record audio on a variety of platforms. 

Pyaudio package provide a audio device 

information whether the device is input or output. And voice 

sensing by a device is done by stream general coding of 

pyaudio. Once the device is sensing among multiple 

microphones, next the step angle must be calculated. 

Considered six members round table conferencing, six USB 

microphones are connected through USB hub of raspberry 

pi. Each microphones are separated to each speaker. 

V. RESULT AND ANALYSIS 

A. Audio Sensing Devic: 

 
Fig. 4: Audio sensing devic 

This output explains how much audio devices are accessed 

by raspberry pi. The audio devices may be input or output 

devices. And also it expresses the card number and device 

number of audio devices. 
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B. Voice Recording Output: 

 
Fig. 5: Voice Recording Output 

This output express the selected device among multiple 

microphones. And the voice is recorded as wave file format 

in raspberry pi. 

C. Idle Stepper Motor Rotation Output: 

 
Fig. 6: Idle Stepper Motor Rotation Output 

This output expresses the IDLE output of stepper motor 

rotation. 

D. Hardware Stepper Motor Rotation Output: 

 
Fig. 7: Hardware Stepper Motor Rotation Output 

This output expresses the rotation of stepper motor. 

VI. CONCLUSION 

The system architecture is proposed for improving 

performance of video conferencing. The Proposed 

architecture can be used in e-meeting which is conducted in 

business, education, government and organization. The 

proposed action is captured the individual performance 

among group with minimum noise and no unwanted 

sources. Successfully this proposed method implemented 

speech recognition and localized the speaker. 
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