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Sentence 
number 

Sentence 
Number 

of 
speakers 

Male Female 
Repetition 

per 
speaker 

Total 
recordings 

Training 
samples 

Testing 

1 
“ehhovisi 
eleseduze 

labezindaba” 
33 15 18 3 99 59 38 

2 
“iphepha 

lokuqala p” 
32 17 15 3 96 58 38 

3 
“intela 

ngendlela 
evikelekile” 

31 15 16 3 93 56 37 

4 
“abantu 
abafuna 
isondlo” 

41 22 19 3 123 66 44 
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“isitifikedi 
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33 15 18 3 99 59 40 
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Initialization 

 

fs=16e3; 

filepath = "File Directory";                %fetch audio file 

frameduration = 0.025;                      %set window duration in seconds 

frameoverlap = (0.5*frameduration);         % set overlap period to 50% of Frame 
duration 

file= audioread(filepath);                  %convert audio file to array 

windowLength = round(frameduration*fs);     %convert frame duration to sample 
format 

overlapLength = round(frameoverlap*fs);     %convert overlap duration to sample 
format 

hopLength = windowLength - overlapLength; 

 

 

Compute Pitch Frequency 

 

[f0,loc] = pitch(file,fs, ... 

    'WindowLength',windowLength, ... 

    'OverlapLength',overlapLength, ... 

    'Range',[50 500], ... 

    'MedianFilterLength',5, ... 

    'Method','NCF'); 

 

Voice activity detector and zero line crossing per frame 

 



 

buffer = dsp.AsyncBuffer(numel(file));      % create a FIFO buffer equal to the 
length of the audio file array length 

write(buffer,file);                         %fill buffer with values in file 

VAD = voiceActivityDetector;                %function acronym for this particular 
code 

zcd = dsp.ZeroCrossingDetector; 

n = 1;  

probabilityVector = zeros(numel(loc),1);    %creat VAD array = length of frame 
location 

numZeroCross = zeros(numel(loc),1); 

while buffer.NumUnreadSamples >= hopLength  

    if n==1 % is n = 1? 

        x = read(buffer,windowLength);      %first sample - no overlap 
information required 

           else 

        x = read(buffer, ...                %subsequent frames and ovelaps 

            windowLength, ... 

            overlapLength);  

    end 

    [pv nv]= VAD(x); 

    probabilityVector(n) =pv ;              %record VAD results into an array 

    numZeroCross(n)= zcd(x); 

    n = n+1;                                %increase n for the next denoting 
the followin frame    

end 

 

 

 

Log energy 

 

[s,w,tP,p] = spectrogram(file, ... 

                        windowLength, ...       % = 0.025 ms 

                        overlapLength,100,fs);  % = 0.0125 ms 

Pdb=max(10*log10(p)); 

 



 

Spectral Kurtosis 

 

[kurtosis,spread,centroid] = spectralKurtosis(file,fs, ...           

                            "Window",hamming(round(fs*0.025)), ... 

                            "OverlapLength", round(fs*0.0125)); 

Spectral Skewness 

 

                      

skewness = spectralSkewness(file,fs, ... 

                    'Window',hamming(round(0.025*fs)), ... 

                    'OverlapLength',round(0.0125*fs), ... 

                    'Range',[62.5,fs/2]); 

                         


