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Abstract 

Forensics became an important technology in the real world for recognizing humans uniquely besides other utility. Voice has 

been one of the biometric approaches to recognize people. Voice recognition has many applications in the world and they are 

connected to execution of automated work and as part of criminal investigation procedures. In other words, voice recognition 

is used widely for authentication. Instead of images of people, voice is used for authentication as voice of humans is found 

unique. In this paper an approach is described for human voice recognition using back propagation algorithm associated with 

neural networks. It compares voice signal of any speaker with the help of voice samples already stored in database. It 

extracts features that are used to understand voice signals of humans with the help of frequency ceptral coefficients. We built 

an application that is used to demonstrate the features of the proposed algorithm. The results revealed the good utility of the 

proposed method.  
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1. INTRODUCTION  

Voice recognition has become an important research area in the contemporary world. It is used as 

authentication mechanism in many applications instead of using textual passwords and image passwords. As 

people need to use different passwords for different applications, remembering them became a big problem. 

Thus it is important to have systems that authenticate base on human voice for more security. The traditional 

passwords can be hacked for many reasons. This can be avoided by using a biometric authentication system 

which can understand human voice [11]. Voice is one of the physiological features of humans that contain 

different pitch for different people. The voice of two people does not match. Vocal characteristics of speaker are 

uses for verification. The speaking aspect of the humans comes under behavioural thing. Based on the vocal 

characteristics voice is produced. There are many factors such as nasal cavities, mouth, vocal tract and others to 

influence voice of people. These factors make the voice of each person unique across the globe [12].  

mailto:veenu.santoshkumar@gmail.com1


 
IJRIT International Journal of Research in Information Technology, Volume 5, Issue 11, November 2017 Pg: 16-25 

 

Sirisha K L S, IJRIT-18 

 

 

There are two important domains in which voice-biometric are widely used. They include biometric security and 

speech processing. The usage of voice-biometrics and the tools to work on this is growing in the word. There are 

many speech-processing tools. When a speaker speaks something, it produces a steam of information in the 

form of sound that forms voice biometrics in the real world. The tools may be configuring to work with different 

acoustic parameters related to speech recognition. Voice recognition is associated with both text dependent and 

text independent categories. Voice recognition that is based on text uses to identify speaker when a phrase was 

given to him at the registration time. Without this kind of text, text-independent approach recognizes human 

voice. Often text independent method is used in speech recognition as it can reduce computations.  The 

remainder of the paper is structured as follows. Section 2 reviews literature on voice recognition techniques. 

Section 3 provides the information on neural networks. Section 4 presents the proposed system. Section 5 

provides results while the section 6 concludes the paper besides giving scope of future work.  

 

2. RELATED WORKS 

This section reviews relevant literature on neural networks for voice recognition. Deep neural networks is used 

in [1] for making transcription of conversational speech. They used context-dependent neural networks for this 

purpose. On the other hand deep recurrent neural networks is used in [2] for speech recognition. While 

recognising speech, it is important to have learning process. In [3], sequence to sequence learning approach with 

neural networks for this purpose. Recognizing isolated words is also important as part of speech recognition. 

Towards this end, an architecture based on time-delay neural networks is proposed in [4]. Similar to [1], deep 

neural networks which are pre-trained and context dependent are used in [5] for speech recognition which is 

characterized by large vocabulary. Computations are complex in many domains. For complex computations 

neural networks are understood to be suitable. The concept of neural networks and its utility in the real world 

applications is explored in [6].  

Similar to the work of [2] recurrent neural networks are studied and used in [7] for end-to-end speech 

recognition. Deep neural networks are widely used in complex computations and applications. In [8], it is used 

for acoustic modelling as part of speech recognition methodology. Statistical pattern recognition is one of the 

techniques used to understand trends in the voice data. It is used in [9] with neural networks for making an 

approach for solving problems related to speech recognition. Similar to that of [4], time-delay neural networks 

are used in [10] for making well informed decisions as part of speech recognition. Automatic approach for 

speech recognition of Bangla words is explored in [11]. DTW and MFCC are used together in [12] for making 

isolated digit recognition. Data mining techniques such as classification with supervised learning can be used for 

speech recognition as explored in [13]. They used classification techniques as part of applications that deal with 

speech recognition. Single and aggregate template matching techniques are used in [14] as the template 

matching became one of the good approaches to deal with speech recognition. A good survey of approaches 

used to have command recognition based on human voice is found in [15]. Similar to that of [12], DTW and 

MFCC are used together in order to recognizing voice pertaining to numeric in [16]. In the same fashion, DTW 
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and MFCC are used in [17] for recognising voice commands given to a robot. In this paper we provide useful 

insights on the human voice recognition using neural networks.  

3. NEURAL NETWORKS 

Neural networks are based on the human biological brain functioning where neurons are used to have a network. 

With neurons mimic human brain neurons, it is widely used to have artificial intelligence (AI). Generally, there 

are many layers in the neural networks as shown in Figure 1, there are three layers.  

 

 

Figure 1: Illustrates layers in neural networks [18] There are many neurons connected with connections. There 

are three layers namely input layer, hidden layers and output layer. There is an input layer which deals with 

inputs. In this paper, the inputs are voice samples of humans. The middle layers are known as hidden layers that 

are important for modelling and processing with respect to voice recognition. There might be number of hidden 

layers based on the requirement. Finally, the output layer reflects the desired output of the system. In this paper, 

the output is nothing but recognition results in terms of successful recognition or not.  

 

4. Back Propagation Neural Network 

Back propagation is one of the techniques associated with neural networks. It is used to have a learning process 

which comes under supervised learning. It is based on delta rule and backward propagation of errors shown in 

Figure 2.  
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Figure 2: Back propagation with single node example [18]  As presented in Figure 2, it is evident that a single 

node example is provided with input and output. The delta rule is used in order to have efficient propagation of 

errors backward.  

 

5. PROPOSED METHOD 

 

This section provides the proposed methodology for voice recognition. Back propagation algorithm with neural 

networks is used for the purpose. It compares voice signals with pre-recorded voice of same speaker present in 

database. Mel-frequency cepstral coefficients are used for achieving accuracy in speech recognition. The general 

approach of the system is provided in Figure 3. The proposed voice recognition method takes speaker’s voice as 

input and the speaker is identified. This is the overall purpose of the system.  

 

 

Figure 3: Overview of the method 

 

More details on the training and testing phases are illustrated in Figure 4 and Figure 4. In the overall system 

there are two important aspects. They are known as feature extraction and processing. In the same fashion, there 

are two phases namely training phase and testing phase. In the training phase, voice samples are taken as input. 

MFCC is used to filter samples. For each person one sample is taken out of five. Then training groups are 

created for all persons. The training phase results in creation of voice database that is used further for testing.  
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Figure 4: Training phase 

 

Once training phase is completed, testing phase starts. In the testing phase, human voice is collected and 

features are extracted using MFCC algorithm. Then the voice is tested by making a neural network model with 

the features extracted. After testing the voice, the results are presented.  

 

Figure 5: Testing phase 

There are many operations involved in the process of voice recognition. They include pre-processing, extracting 

signal features, verification and recognition of voice. In the pre-processing phase, voice in the signals is 

removed. In the feature extraction phase, the features associated with voice samples are extracted. Then the 

verification phase makes use of the neural network classifier built for verifying signals and finally recognizes 

voice.  

 

 

 

6. EXPERIMENTAL RESULTS 

This section provides experimental results. The results are presented with many observations. The voice 

recognition is made with a prototype application where training and testing phases are demonstrated. Around 20 

persons’ voice samples are tested. The MFC coefficients used and the rate of identification are presented in 

Table 1.  

 

 

 

 

Table 1: Shows identity % with different MFC coefficients 

 

As presented in Table 1, the results reveal that the identification rate is increased when number of coefficients is 

increased.  

No of MFC 

coefficients 

ID rate 

(%) 

5 76% 

12 91% 

20 91% 
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Figure 6: Identification rate vs. no. of MFC coefficients 

As presented din Figure 6, the number of MFC coefficients is able to influence the identification rate in the 

proposed system.  

 

No of Filter –

Banks 

Identification 

Rate (%) 

12 18.75% 

16 63.75% 

20 90.625% 

29 98.75% 

36 99.375% 

40 100% 

 

Table 2: No. of filter banks and identification rate 

 

 

As shown in Figure 2, it is evident that the number of filter backs is able to influence the identification 

percentage in the system.  
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Figure 7: Number of filter backs vs. identification rate 

 

As shown in Figure 7, it is evident that the number of filter backs is able to influence the identification 

percentage in the system.  

 

Code-book 

size 

Identification rate 

(%) 

2 84.375 

8 95 

16 98.75 

Table 3: Code book size vs. identification rate 

 

As presented in Table 3, it is evident that the identification rate is increased when the code-book size is 

increased. It is the significance that the identification rate is influenced by code-book size.  

 

 

Figure 8: Code book size vs. identification rate 
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As presented in Figure 8, it is evident that the identification rate is increased when the code-book size is 

increased. It is the significance that the identification rate is influenced by code-book size.  

7. CONCLUSIONS AND FUTURE WORK 

In this paper, back propagation algorithm with neural network is explored for voice recognition. A 

mathematical model known as DTW is used for accurate results. Restrictions are imposed to reduce search 

space and increase efficiency in computations. MFCC is used for signal analysis. It is used along with DTW for 

more efficient recognition of voice. High level of human perception with respect to voice can be achieved with 

MFCC. Moreover, it removes unimportant information in the processing. The proposed methodology has both 

training and testing phases to have voice recognition. When a speaker produces voice, the system makes a 

model of neural network based on the pre-recorded voice and recognizes voice. We built an application to show 

the usefulness of the proposed system. In future, we improve the back propagation model by combining with 

other models for further improvement in voice recognition.  
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