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ABSTRACT 

Speech enhancement is one of the applications of speech processing. In this paper, the speech quality and 

the speech intelligibility of the disordered speech is improved with speech enhancement technique. The artificial 

larynx transducer (ALT) speech is taken and improved in terms of naturalness and intelligibility by introducing 

variations in the F0–contour and template matching with correlation coefficient. Initially, two different speech 

signals are introduced, healthy speech signal and disordered speech signal. Here, the disordered speech signal is 

considered as ALT speech. The fundamental frequency and its corresponding contour is extracted from each of the 

input speech signals. Both the fundamental frequency and F0 contour are involved in the gender classification using 

K-means algorithm and K-NN algorithm respectively. ALT speech contains directly radiated electro larynx noise 

(DREL). The noise is filtered out using spectral subtraction algorithm. Once DREL noise is removed from ALT 

speech, the quality of the speech is greatly improved. The ALT enhanced speech signal is then compared and mapped 

with healthy speech signal by means of template matching algorithm which makes use of correlation coefficients. 

This improves the overall quality, in terms of naturalness and intelligibility of the introduced disordered speech 

signal. This technique helps to solve the major problems of speech, faced by differently abled persons such as larynx 

disorder. 
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1. INTRODUCTION  

Laryngectomy is the final option for people suffering from laryngeal cancer which involves the complete 

removal of the larynx. Once the larynx is surgically removed, thempatient loses his ability to speak. One of the 

possibility to be, able to communicate again, is with the use of ALT device as shown in Fig.1. This is a small, hand-

held and battery driven. When a user speaks with an electrolarynx, it is held by the user’s one hand and attached to 

his or her lower jaw. The vibrations are transmitted through the skin and the electrolaryngeal speech is produced by 

the user’s articulation. 

 
Figure.1. Artificial larynx transducer (ALT) device 

Generally the speech signal is produced when an excitation signal gets generated at the sound box called as 

larynx. The sound box consists of two components which are vocal tract and vocal cords. When these vocal cords 

vibrate with their natural frequency of vibration, a periodic excitation is generated. The frequency of vibration of the 

vocal cords is known as the fundamental frequency (F0) or pitch frequency. The band of movement is called as 

contour, the contour of variations of the pitch period is named as pitch contour (F0 Contour). Using these features, 

the gender was classified. Gender classification is useful in many fields. For instance, it is used in various applications 

such as speech recognition, speaker verification, annotation and retrieval of the multimedia database, synthesis, smart 

human-computer interaction and biometrics. 

The ALT speech contains directly radiated noise. In this work, the simple method of spectral subtraction 

algorithm is used, to remove DREL sound. The spectral subtraction algorithm is the simple enhancement strategy to 

reduce noise from the captured signal. The spectral subtraction algorithm is one of the first algorithm suggested for 

noise reduction. It is simple and easy to implement with different speech signals. Th spectral subtraction is based on 

estimating the noise spectrum, when a speech signal is not there, then subtract it from the noisy speech signal, to 

acquire clean speech signal spectrum. Once DREL noise is removed from EL speech, the quality of the speech is 

greatly improved. After that, the speech is applied to the template matching algorithm with correlation coefficient 

method used for speech enhancement. Template matching is a method for signal pattern recognition, for finding 

small parts of a speech signal which match a template speech signal. This method is intended to find similar parts of 

a signal or image to obtain a predefined template signal or image that quantify the similarity of shapes among test 

and template signals. The F0 contour and correlation coefficient played important role in the overall enhancement of 

the disordered speech signal. 
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Fuchs (2013), has improved the performance of EL speech signal with their technique of Automatic speech 

recognition (ASR) systems. An electro larynx device offers the possibility to re-obtain speech who suffers from 

laryngeal cancer. Speech produced by an electro larynx suffers from poor speech sound quality, so there is a strong 

need to enhance EL speech. The disordered speech is applied to ASR, which is a method to improve the intelligibility 

of disordered speech. Nakamura (2010), investigated a speaking aid system with an air-pressure sensor for electro-

laryngeal speech to control F0 contours using breathing air. The outcome of EL (air) speech conversion was better 

than those of EL speech conversion. Uemi (1994), have proposed a new EL that allows the laryngectomees to control 

the fundamental frequency (F0) of the EL using the breathing air from the expiration pressure. Though, the ability 

of pitch control is improved using expiration pressure over a short period of training. Milner and Shao (2007), 

inspected the predicted fundamental frequency and voicing information for reconstruction of speech. Using this 

method intelligibility of the reconstructed speech has been prepared uniquely from the Mel frequency cepstral 

coefficient vector stream. Haderlein (2004), introduced trachea-esophageal (TE) speech as a substitutional voice. 

Using hidden Markov model (HMM) algorithm, improved the recognition results in terms of low clarity and 

intelligibility by modifying a speech recognizer trained on normal, non-pathologic voices to single TE utterer’s. A 

strong requirement is need to enhance ALT speech. Therefore, our intention is to perform algorithm of spectral 

subtraction and template matching with correlation coefficient to enhance ALT speech . 

Data base: In this paper, the database is created for Artificial Larynx Transducer (ALT) and healthy speech signals 

of a female and as well as a male speaker. In the samples taken, the speaker’s speech contains both healthy and 

disorder voice. All speakers were between 22 and 25 Years of age. They spoke the sentences with their natural, 

healthy voice (HE) and then utlizing an electrolarynx device (ALT). The database was created with recordings in a 

sound-treated chamber. The database was stored with wide variety of speeches in .wav format, which consist of 

various types of different recognized utterances or template voice signals. 

2. PROPOSED METHODOLOGY 

The method proposed is as shown in Fig.2, firstly we take two kinds of speech signals i.e. ALT speech or 

disordered speech, as well as Healthy speech. Next is the pre-processing step, here we resample the speeches into 

sampling frequency of Fs=8kHz. A high pass filter (HPF) is used to remove DC and the very low-frequency 

components, then the directly radiated noise is removed which is contained in the ALT speech, using a Spectral 

subtraction technique (Fukane and Sahare, 2011). Then we perform the training and test step, here the F0 contour 

features are extracted from the ALT and healthy speech signals using the Praat speech software tool (Boersma and 

Heuven, 2001). The features of F0 contour values are aligned with time using Dynamic Time Warping (DTW) 

algorithm (Murali Krishna, 2011). Then the gender was classified using the features extracted with the help of K-

NN algorithm (Suguna and Thanushkodi, 2010). Once the gender was classified, in the next step, we perform 

template matching with correlation coefficient algorithm, to get the speech with enhanced result. 

 
Figure.2. Block diagram of the proposed system 

FE=Feature extraction, DTW=Dynamic time warping 

Classification Techniques: The various features of a speech that can be extracted for analysis are basically 

fundamental frequency and pitch contour. Based on our analysis of the current work, various implementations have 

been done using the features of the fundamental frequency and F0 contour (Uemi, 1994). Now we use these features 

extracted for classifying the gender in accordace with the healthy and disorder speech samples. The below-mentioned 

Fig.3, shows the block diagram of the first step of the proposed system, that is the pre-processing stage. The next 

sub-sections focus on the various techniques for speech feature extraction.  

 
Figure.3. Block diagram of the pre-processing step 

HPF=High pass filter, SS=Spectral Subtraction, ALT=Artificial larynx transducer. 
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Fundamental frequency Analysis and Gender Classification: When the vocal cords vibrate with their natural 

frequency of vibration, a periodic excitation is generated (Nakamura, 2010). The frequency of vibration of the vocal 

cords is known as the fundamental frequency (F0) or pitch. Generally, the fundamental frequency is higher for the 

female speaker as compared to the male speaker. Typically the range for men it is 85-155 Hz, whereas for women it 

is 165-300 Hz. The fundamenmtal frequency is represented by: 

0 1 sF   OR 0 1000 msF    (1) 

Pitch extraction algorithms is implemented using short-time autocorrelation function. The autocorrelation 

function gives a measure of similarity between a signal and a time-delayed version of itself. By using the hamming 

window of duration 20 to 30 ms, here the signal is windowed. the equation of autocorrelation function is given by, 

( ) [ ] [ ]
n

R k x n x n k




      (2) 

The gender classification is important in many fields. For example, it is useful in many applications like 

biometrics, speaker recognition, speaker verification, and speaker annotation, retrieval of multimedia database etc. 

The classification can be implemented using several approaches like Naive Bayes classifier, Probabilistic Neural 

Networks (PNNs), Support Vector Machines (SVMs), K-NNs classifier, GMM based classifier and K-means 

clustering algorithm (Suguna and Thanushkodi, 2010). In this work, the gender classification is done with the help 

of healthy person’s and disorder person’s fundamental frequency. The gender was classified by the means of                

K-means clustering algorithm. 

F0 contour Analysis and Gender Classification: The periodic impulse train generated from the vibrations of the 

vocal cords it acts as an excitation for the voiced speech signal. However, if we trace the pitch period over the entirely 

voiced segment, we can find out that there is a small variation in the pitch period. The contour of variations of the 

pitch period is named as pitch contour (F0 Contour). The band of movement is also called as a contour. Contour 

should gradually descend (Uemi, 1994). If the contour band is not there then the speech is not considered to be 

natural, it would sound like robotic voice. In this work, the speech quality was improved in terms of naturalness and 

intelligibility using F0 contour (Fuchs and Hagmuller, 2012). The contour is the main feature which retain naturalness 

in the speech. The fundamental frequency contour features are measured from the ALT and healthy speech signals 

using the Praat speech software tool (Boersma and Heuven, 2001). Afterwards, the gender was classified with F0 

contour using K-NN algorithm (Suguna and Thanushkodi, 2010). K-NN algorithm or the K nearest neighbour 

algorithm, it stores all the available cases and then classifies new cases, based on a similarity measure (e.g., distance 

functions). The distance is calculated using different measures like Euclidean Distance, City-block, Minkowski 

Distance, and Mahalanobis Distance (Suguna and Thanushkodi, 2010). In this work, the features distance are 

measured using Euclidean distance. The Euclidean distance can be represented as, 
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       (3) 

Noise suppression: Every audio signal is associated with some kind of environmental noise (Fukane and Sahare, 

2011). Noise suppression is an audio pre-processing method which removes background noise from the obtained 

signal. The noise component of the signal can be considered as either stationary or non-stationary. Noise suppression 

is mainly used in voice communication application such as SIP calls, video chat and video conferencing. To remove 

background noise in the noisy speech signal, some of the techniques used in the speech processing are spectral 

subtraction, cepstral mean subtraction, modulation filtering technique, wiener filtering, Kalman filtering (Fukane and 

Sahare, 2011). Among this method, the spectral subtraction is the best algorithm for removal of background noise 

(Boll, 1979). 

Spectral subtraction method: Spectral subtraction algorithm is the simple enhancement strategy to reduce noise 

from the captured signal. Spectral subtraction with voice activity detection (VAD) algorithm suggested for noise 

reduction. It is simple and easy to implement with different speech signals. In this algorithm, we use VAD to 

determine whether a signal sequence frame should be considered as speech or non-speech. Noise spectrum estimates 

are calculated based on these frames considered as non-speech. After spectral subtraction, we apply residual noise 

reduction and additional attenuation during non-speech activities to reduce the well-known musical noise as well as 

to further reduce the noise level (Verteletskaya and Simak, 2011). Assuming that n (m) is additive to the speech 

signal x (m), the noisy speech signal y (m) can be written as, 

( ) ( ) ( )y m x m n m      (4) 

Where, m is the discrete time index. In the frequency domain, the equation (4) can be written as, 

( ) ( ) ( )Y w X w N w      (5) 

Where, Y (w), X (w) and N (w) are the Fourier transforms of the noisy signal y (m), the original signal x (m) 

and the noise n (m). Fig. 4 shows a block diagram of spectral subtraction method. The noisy signal y (m) is segmented 

into N of samples and resamples at the sampling frequency of fs=8000Hz. After that, Hamming window is applied 
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to framed signal and then applied either Discrete or Fast Fourier transform (DFT) to the windowed signal. Noisy 

signal obtain and applied to the noise estimation block. The noise estimation block is used for estimate the overall 

noise in the original speech. The estimated time-domain clean speech signal is obtained by taking the inverse Fourier 

Transform. 

 
Figure.4. Block diagram of spectral subtraction method 

Template matching with Correlation coefficient: Template matching with correlation coefficient method is used 

for speech enhancement. Its a method for signal pattern recognition, for finding small parts of a speech signal which 

match’s a template speech signal (Lewis and John, 1995). This method is intended to find the similar parts of a signal 

or an image to a predefined template signal or image, this quantifies the similarity of shapes among test and template 

signals. The correlation response between the two different signals is represented as, 

,
( , ) ( , )

x y
C f x y t x y   (6) 

The function of the correlation is a measure of how similar two signals are to each other and it is also called 

as cross-correlation (Lewis and John, 1995). The correlation coefficient clearly provides a measure of the signals 

similarity of the shapes at that time lag. 

3. RESULTS AND DISCUSSION 

The results and discussion of this research work is divided into four subsections, firstly we will discussion 

on the performance anlaysis of gender classification using fundamental frequency, secondly we will discussion on 

the performance analysis of gender classification using F0 contour, thirdly we will discuss on the performance of 

spectural subtraction algorithm, finally we will discuss on the performance of template matching with correlation 

coefficient. 

Performance analysis of gender classification using Fundamental frequency: The gender classification using 

fundamental frequency is implemented in MATLAB with the help of voice samples (30 pairs, a pair consists of a 

male and a female voice sample) are collected for the training of the gender speech classifier. For testing, 20 pair of 

speech samples are taken. The fundamental frequencies (pitch) are measured for both male and female of healthy 

and disorder speech. The pitch extraction algorithms implemented using short-time autocorrelation function (Jain, 

2014). Typically the range of pitch for men is 85-155 Hz, whereas for women it is 165-300 Hz. For gender 

classification, we have preferred the method of K-means clustering algorithm (Patel and Prasad, 2013). Usually, the 

classification can be done by setting threshold value, but here we preferred K-means clustering because the healthy 

voice samples can be classified by setting the threshold value but using disorder voice samples, the features cannot 

classify with the help of threshold value. So, both healthy and disorder voice samples of gender classification are 

done by K-means clustering algorithm. K-means clustering algorithm is proved to be, one of the most simplest 

unsupervised learning algorithms that solve the well-known clustering problems (Patel and Prasad, 2013). The 

procedure follows a easy way to classify a given data set through a certain number of clusters, (assume k clusters) 

fixed apriori. So, here k=2 (define k centre), one for each cluster, it will classify into either male or female. Each 

cluster in the partition is defined by its member objects and by its centroid, or center. The centroid for each cluster 

is the point to which the sum of distances from all objects in that cluster is minimized. K-means computes cluster 

centroids differently for each distance measure, to minimize the sum with respect to the measure that you specify. 

From the below given Fig.5, and Fig.6 as shows, the cluster 1 and cluster 3 denotes that training and test data 

of female healthy and disorder voice sample features. The cluster 2 and cluster 4 denotes that training and test data 

of male healthy and disorder voice sample features. So, using k-means clustering algorithm the gender was classified 

both of healthy and disorder voice samples successfully. 
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Figure.5. Simulation result of healthy speech Figure.6. Simulation result of disordered speech 
Performance analysis of gender classification using F0 Contour: Initially, the voice samples of 20 pairs (a pair 

consists of a male and a female voice) are collected for the training and testing of the gender speech classifier. The 

F0 Contour extracted from the ALT and healthy speech using the algorithm provided by the Praat speech software 

(Boersma and Heuven, 2001). Afterwards, the features are imported to MATLAB. Then, gender classification 

implemented in MATLAB using K-NN classifier. Ten male and female F0 contour are trained as per the data and 

then group is classified into class 1 named as male and class 2 named as female. The given test data can be classified 

based on training data and finally the gender was classified successfully. 

  
Figure.7. Gender classification of healthy voice 

using F0 contour 

Figure.8. Gender classification of disorder voice 

using F0contour 

As shown in Fig.7, and Fig.8, the training group indicates that F0 contour of male and female it is classified 

as per the group and the test group indicates that F0 contour of male and female it is classified based on the how 

training data can be classified. 

Performance of Spectral Subtraction Algorithms: The spectral subtraction algorithm was implemented in 

MATLAB. Ideally, the Spectral subtraction algorithm improves both intelligibility and quality of speech in noise 

The intelligibility and speech quality measures the true performance of speech enhancement Algorithms (Fukane 

and Sahare, 2011). Boll (1979), did performe intelligibility and quality measurement tests using the Diagnostic 

Rhyme Test (DRT). The Result indicated that SS did not decrease speech intelligibility but improved speech quality 

particularly in the area of pleasantness and inconspicuousness of the background noise (Boll, 1979). In this paper, 

spectral subtraction algorithm used only for ALT speech. Because the ALT speech contains directly radiated noise 

(DREL) as shown below in figure Fig.9. The noise is removed from noisy speech signal using spectral subtraction 

method. After applying SS to the ALT speech, the quality of the speech is improved but intelligibility and naturalness 

had not improved. 

Initially, two input speech signal of disorder and healthy were taken. Both the speech signal resampled at 8 

kHz. After that Hamming window is applied to the frame signal. The output frame portion is given to Discrete Fourier 

Transform DFT/FFT (Kaladharan, 2014). After applying DFT/FFT, calculate for the magnitude and phase for each 

frame. The log magnitude of the disordered signal is as shown in Fig.10. As we do not know the correct phase of the 

noise signal, we subtract the magnitudes and leave the phase of X alone, the original (as shown in Fig.11.) healthy 

speech signal is used for finding magnitude (Fig.12) which is used along with the disorder signal magnitude to 

calculate the noise estimation spectrum. Then it also verifies the entire section and evaluates the noise estimation by 

using the SS method (Kaladharan, 2014) as shown in figure Fig.13. Subtracted noise spectrum is calculated by 

subtracting Fig.10 and Fig.13. The result of subtracted noise spectrum shown in Fig.14. After executing the entire 

operations, the next step is to perform IDFT/IFFT to get back the new signal. Finally, we realize the overlap and we 

add a method to the new signal to recover clear speech from noisy speech signal as shown in Fig.15. 

  
Figure.9. Simulation result of original disorder 

speech with noise 

Figure.10. Simulation result of disordered speech 

log magnitude spectrum 

http://www.jchps.com/


Journal of Chemical and Pharmaceutical Sciences                                                             Print ISSN: 0974-2115 

JCHPS Special Issue 11: July 2017 www.jchps.com                                                                                      Page 124 

  
Figure.11. Simulation result of original healthy 

speech 

Figure.12. Simulation result of healthy speech log 

magnitude spectrum 

  
Figure.13. Simulation result of estimated noise 

spectrum 

Figure.14. Simulation result of subtracted noise 

spectrum 

 
Figure.15. Simulation result of disordered speech signal without noise 

Performance of Template matching with Correlation Coefficient: Template matching with correlation coefficient 

provides increase the intelligibily of the speech. Correlation is an important tool in image processing, pattern 

recognition, and other fields. The two signals (cross-correlation) correlation is a standard approach to detect feature 

(Lewis and John, 1995), the template matching can be done for both healthy and disorder speech with the help of 

correlation coefficient. After spectral subtraction the speech quality was improved but again the intelligibility of the 

speech signal has not improved. To improve the intelligibility of ALT speech signal, we have selected template 

matching with correlation coefficient algorithm. In this process, we took 15 ALT speech signals which is subjected 

to DREL noise removal and gender classification. We estimate the coefficient correlation of 30 healthy female voice 

samples stored or 20 healthy male voice samples stored based on gender classification result. From the resulting 

correlation coefficient maximum value is identified. Once, we find out the maximum correlation coefficient value, 

it will track back the original utterance of healthy voice and then it will playback healthy sound instead of ALT 

speech. Likewise, the ALT speech quality was enhanced using template matching with correlation coefficient. Fig.16 

and Fig.17 shows the result of template matching method using one female and male ALT speaker. In, Fig.16, second 

speaker have maximum coefficient value, so instead of disordered speech the maximum coefficient healthy speech 

signal it will playback. In, Fig.17, the first speaker have maximum coefficient value. The first speaker utterance will 

playback instead of disordered speech utterance.  

  
Figure.16. Simulation result of female speakers Figure.17. Simulation result of male speaker 
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4. CONCLUSION 

The prime intend of this work is to refine the disordered speech quality. To enhance disordered speech 

quality, two methods are introduced namely, spectral subtraction and template matching algorithm. Initially, in this 

work the gender was classified using the extracted features of fundamental frequency and F0 contour. The K-means 

and K-NN algorithm were considered for gender classification. It has been observed from the simulation results that 

the test data classifies the gender based on the training data. It was concluded that the gender recognition showed the 

distinguishable classification between male and female by making use of fundamental frequency and F0 contour 

feature. The next step involved the use of spectral subtraction technique to improve the quality of the speech. In this 

method, the parameter magnitude spectrum played an important role to enhance the speech quality. It is found from 

the simulation results, that subtraction of the magnitude spectrum of noisy speech signal and estimated noise 

spectrum will improve the quality of the speech. This technique increases the speech quality in terms of comfortness 

of listening whereas the intelligibility is not improved. In proposed method, to improve intelligibility of the speech , 

a new approach was introduced namely, template matching algorithm using correlation coefficient. The proposed 

method was greatly improved the comprehensibility of the speech. As of now, our work shows best results based on 

the template matching method. 

Future work: The proposed method was done considering only few English utterances with restricted amount of 

templates. In future the same work can be expanded to many different languages with inclusion of many more 

templates for different individual age groups, thus making the system more robust and versatile. In this proposed 

method, only the main parameters like fundamental frequency and correlation coefficient was taken into 

consideration. In future, this work will be extended to additional parameters like formant frequency and glottal 

excitation to make the utterance more intelligible. 
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