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Introduction 

 

Artificial intelligence was introduced in the scientific study in 1950 by the English 

Alan Turing, causing global concern with the question ‘Can machines think?’. Many 

scientists began their research to create models and theories to explain the 

functioning of intelligence. Nowadays, studies are based on artificial intelligence 

systems development data processing that mimic the behavior of the human mind. 

Speech recognition has been one of the most studied fields in artificial 

intelligence, seeking purpose communication between people and machines using 

spoken language. Science has made great strides this purpose implementing these 

systems in large number of devices, such as mobile phones or computers, obtaining 

good results. 

Currently the systems can be divided in two main branches of study, biometric 

authentication, which is to verify the identity of the speaker, and the study on training, 

which is geared to recognize the voice of an individual from a catalog of voices.  

This report summarizes a study on a speaker recognition system based on 

previous training, using the features offered by the Cepstrum coefficients and using 

the KNN algorithm (K Nearest Neighbors) for classification. The main objective is at all 

times the classification of different audios according to their similarity to a cepstrum 

coefficients matrix composed of a set of different people. 

The objective of the Working Thesis is therefore to acquire the knowledge to 

design a system like this and implement it on a programming language. The 

investigation of algorithms and techniques that are implicit in the design, and also its 

proper evaluation through a set of experiments that will determine if the system is 

suitable for the cause will be therefore indispensable.  

This investigation of algorithms and techniques that are implicit in the design and 

proper evaluation by a set of experiments that determine if the system is suitable for 

the cause will be indispensable. 
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Implementation 

 

We could have chosen from a wide variety of algorithms to implement the 

recognition system speaker. In this case we have chosen a combination that does not 

have to be optimal, since we would need to embrace a rigorous study of every other 

combination to make that statement, but has some logical sense a priori and gives 

results in line to the objective. It has followed the typical structure of the work of 

classification systems with pattern recognition, appearing four main blocks: 

processing, feature extraction, algorithm comparison and decision making. 

 

Processing the voice signal 

First, the audios to be used in the system are obtained. Several audio signals to 

each speaker are needed to train the program and to test it later.  It is important to 

process these audio signals to suit the best to work in good conditions. First we apply a 

Butterworth filter that removes unwanted frequencies. This filter eliminates 

background noise or music if any. Second, periods without signal are removed, 

removing silences. 

 

 

 

 

 

Figure 1: Wave forms. 
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Feature extraction  

The extraction of parameters or characteristics obtained vectors of a given object 

modeling his pattern. For feature extraction we chose the technique of Mel-Frequency 

Cepstral Coefficients. 

First, audio is separated into frames to assume that the signal in each frame can 

be considered stationary. Then, we realize a Hamming windowing to each frame, 

which is used to avoid possible discontinuities that could appear since we are analyzing 

just a fraction of audio, or high frequency components that could appear when you 

enter zero samples. 

We add zeros to the resulting signal in order to achieve 256 sample frames, upon 

which  the Fast Fourier Transform (FFT) is applied to obtain the spectrum of the signal. 

Then we apply a filter bank that allows the selection of frequency bands that simulate 

the response of the basilar membrane of the human ear. 

The filters are spread over the full frequency range from zero to the Nyquist 

frequency, but sometimes limited band criteria is used to reject unwanted frequencies. 

They are linearly spaced for frequencies below 1000Hz and logarithmically with 

frequencies above 1000Hz to capture the phonetically important characteristics of 

speech.  

 

Figure 2: Filter Mel-Frecuency Cepstral Coefficients. 
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Finally the Cepstral coefficients are calculated by calculating the logarithm of the 

energy output of each filter and then applying the Inverse Fourier Transform. Knowing 

that the logarithm of the Mel filter response is real and symmetric, the inverse Fourier 

transform is reduced to the discrete cosine transform. 

 

Comparison algorithm 

Grouping objects by its characteristics has been widely studied due to its 

numerous applications such as machine learning, data mining and knowledge 

discovery. 

The aim is to reorganize a group of objects, in this case small audio frames, which 

are associated multidimensional vectors into homogeneous groups such that each 

group patterns are similar. 

The idea is to use K-NN algorithm and  to estimate the probability function at a 

point x from a set of samples. It measures the distance between x and its closest 

points. 

In our case, we measure the Euclidean distances between each vector of 

cepstrum coefficients of the audio we are classifying and the training matrix vectors, 

assuming that the sounds with less distance between them would have been produced 

by the same person. 

 

Decision making 

The comparison algorithm does almost all the work with respect to determining 

which class each object belongs. In the studied case which catalogs the algorithm are 

fractions of audio and no audio to full, so the final step is to reach such a conclusion to 

catalog audio. 
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Figure 3: System scheme 
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Experiments and evaluation 

In order to evaluate the system 75 audios and four different types of experiment 

have been used : 

� Differentiation between man-woman and woman - man in Spanish. 

� Differentiation man - man and woman - woman in Spanish. 

�  English speakers and Standard Arabic speakers. 

� Full set of speakers. 

 

 The results obtained show that it takes at least 20 filters to implement the 

system, with 10 the program is not able to differentiate and resolves that all are the 

same person. Larger number of cepstrum coefficients required larger number of filters. 

The system works best using a nearest neighbor (k = 1). 

In general, if the program was to be implemented with a single configuration, the best 

results are obtained using a neighbor, 24 Cepstral coefficients and 40 filters per frame, 

while seeing the differences between experiments, it would be best to adapt these 

parameters depending on audio training whenever these vary always looking for 

maximum confidence. 
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