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Abstract
The film industry is a fast developing industry these days. 
Though the advancements in technology has reached the zenith 
in various sectors yet film industry still remains less affected by 
the advancements in technology. One instance of this fact is that 
many a times in the shooting location the film director has to be 
at the mercy of several people to implement various actions such 
as for adjusting the lights or the camera according to his will. 
This has in turn limited the director from implementing his ideas 
and talents to the expected level. It is in this scenario that we 
have come up with our work ‘Avasam Nirdeshakah- Automatic 
Director’. This concept could also be extended to various other 
applications such as home automation, automation in construction 
sites, voice controlled appliances and so on.
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I. Introduction 
As far as a country like India is concerned the film industry is 
a rapidly flourishing industry.  It is not the contribution of one 
individual that makes this sector successful; rather it is the proper 
mix of technology and the coordination among people which 
help achieve this. 

A Hollywood film typically takes 36 months to plan and 12 months 
to execute, whereas an Indian film takes 6 months in planning and 
18 months in execution. The main problem sometimes associated 
with this delay would be due to the lack of cooperation among 
the workers in the unit. In many cases the Director often finds 
it difficult to convince the workers to do particular jobs in the 
required way such as adjusting the camera or adjusting the lights. 
This has in-effect refrained the director from putting in all his 
talents and creativity.

It is in this context that we have come up with our work -’Avasam 
Nirdeshakah- Automatic Director’ which aims at converting 
the speech signal into text which would be employed in the 
film shooting location to control various equipments and tools 
according to the director’s wish. The speech signal is first converted 
into text for the ease of transmission. Prior to the transmission 
wavelet decomposition and reconstruction are applied to the 
speech signal so as to ease the process of feature extraction. 
The extracted features are then trained using a neural network 
and converted to text. This converted text is then transmitted via 
zigbee module to a controller unit which processes the received 
text and controls the various equipments according to command 
received. 

II. Methodology
The director is provided with a headset which has a push button 
which he presses whenever he wants to control a particular 
equipment. The command is converted into text after performing 
a sequence of signal processing techniques and is then transmitted 
via a wireless transmission medium to a controller which processes 
and controls various equipments.

.           
Fig. 1: Flow Chart Showing the Methodology

III. Flow of Technique
The main steps of the technique applied for the speech to text 
conversion which is the main part of work are as follows:

A. Voice Recording and Preprocessing    
The command in the form of speech signal is first recorded using 
Matlab and preprocessing is done using lowpass and notch filters. 
The code for the same is as follows:

recObj = audiorecorder
d = fdesign.lowpass(‘N,Fc’,20,9600,48000)
d1  = fdesign.notch(‘N,F0,Q,Ap’,6,0.5,10,1)

The recorded speech signal in  time domain for the word ‘proj’ 
is shown below:

          
Fig. 2: Recorded Signal in Time Domain

B. Wavelet Analysis
The filtered signal is then subjected to a multilevel 1-D wavelet 
decomposition. The matlab function ‘wavdec’ is used which 
performs a multilevel one-dimensional wavelet analysis of 
the signal at the specified level using a specific wavelet. Here 
‘Daubechies’ wavelet is employed. The decomposed speech signal 
is then subjected to wavelet reconstruction. The matlab fuction 
‘wavrec’ is used for the same. The function performs the multilevel 
one dimensional reconstruction using a specific wavelet. Here we 
employ the ‘Daubechies’ wavelet.

C. CSP Algorithm
CSP algorithm is used to produce a transformation that maximizes 
the variance for one class while minimising the variance of the 
other class – for obtaining optimal performance. This can thus 
aid in feature extraction to classify the event.

D. Feature Extraction
After performing the wavelet decomposition and reconstruction 
to the recorded audio signal the CSP algorithm is applied to aid in 



IJECT Vol. 6, IssuE 4, oCT - DEC 2015  ISSN : 2230-7109 (Online)  |  ISSN : 2230-9543 (Print)

w w w . i j e c t . o r g 74   InternatIonal Journal of electronIcs & communIcatIon technology

feature extraction so as to classify the event. The features extracted 
include mean, variance, kurtosis and entropy. The extracted 
features are then trained using an Artificial Neural Network.
Checking for match in the database
The extracted features are passed through an Artificial Neural 
Network (ANN) wherein the training of the sequence takes place 
along with the finding of match in the database.

Fig. 3: The Screenshot Showing Training in ANN

F. Wireless Transmission
The text corresponding to the speech signal obtained after training 
and match finding is then transmitted via a wireless medium, 
that is, zigbee to the hardware section so as to control various 
equipments according to the command.

G. Controller and Equipments
The commands in the form of text is received by the microcontroller 
in the receiver section via a zigbee module. The controller 
processes the command and based on the commands it controls 
various equipments in the site.

IV. Software Used

A. MATLAB
The major portion of our work is implemented using the MATLAB 
coding. The speech signal or the control command to be transmitted 
to control various equipments, is converted to text using the 
MATLAB coding. 
The speech signal is first recorded using the Matlab function 
‘audiorecorder’. The recorded signal is then preprocessed by 
using the functions ‘fdesign.lowpass’ and ‘fdesign.notch’. The 
filtered signal is then subjected to wavelet decomposition and 
reconstruction using the functions ‘wavdec’ and ‘wavrec’.  This 
speech signal is then subjected to CSP algorithm which produces  

a transformation that maximizes the variance for one class while 
minimizing the variance of the other class – for obtaining optimal 
performance thereby aiding in feature extraction. The various 
features such as mean, variance, kurtosis and entropy are extracted 
using the Matlab functions such as ‘mean’, ‘var’, ‘kurtosis’ and 
‘entropy’ respectively.

B. Keil C Compiler
The speech signal converted to text is transmitted via a transmission 
medium. The controller receives the signal and processes the same 
to control various equipments using a program written in Embedded 
C. Based on the text input the controller provides control signals 
to the relays thereby controlling the required equipments.

V. Hardware
The block diagram showing the overall hardware section of our 
work is as follows:

Fig. 4: Block Diagram of Hardware Section 

The microcontroller used is AT 89C52. The controller receives 
the signal in the form of text and then processes the signals based 
on the program loaded into the controller. The programming is 
done using the Embedded C. The control signals generated by the 
controller is used to control the relays based on the commands. 
When the microcontroller outputs a low pulse then the relay 
connected to the output port is turned on thereby controlling the 
equipment connected to it. The zigbee module is used for wireless 
transmission within a range of 30 -100m.

Fig. 5: Hardware Circuitry

VI. Need for Speech to Text Conversion
In our work, the speech signal is converted into text. This is done 
so as to make the transmission much easier and error free. Many 



IJECT Vol. 6, IssuE 4, oCT - DEC 2015

w w w . i j e c t . o r g InternatIonal Journal of electronIcs & communIcatIon technology  75

 ISSN : 2230-7109 (Online)  |  ISSN : 2230-9543 (Print)

a times when a speech signal is transmitted there is a possibility 
for the loss of information due to the introduction of noises from 
various sources. Also there is a limitation for the transmission of 
speech signal through internet. Thus in cases where the speech 
signal is to be used to control the equipments from remote locations 

the transmission of the same using internet is not possible. In 
such cases the conversion of speech signal to text serves as an 
advantage as the text can be easily transmitted over the network 
using suitable compression and coding algorithms.

VII. Simulation Result
The figure below shows the output of the speech to text conversion process:

Fig. 6: Screenshot Showing the Speech to Text Conversion

VIII. Future Enhancements
The present work focuses on allowing the director to control the 
equipments from a distant location by converting the command in 
the form of speech to text. The controller processes the signals and 
performs the required operation. Here we have just implemented 
the controlling of simple equipments such as turning the lights on or 
off, controlling a trolley and a propeller fan.  Further enhancements 
could be made by incorporating sensors to adjust the positioning 
of lights, that is, the angle of the lights and also to control the 
intensity of the lights thereby making it fully automated.
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