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In speech analysis, voiced/unvoiced decision is usually performed in extracting the information 

from the speech signals. This paper presented a new approach for voiced/unvoiced (V/UV) 

decision; the approach is used Lagrange polynomial interpolation for voiced/ unvoiced signals 

speech decision, depending on the advantage of the characteristics of the interpolation 

techniques. Speech file is divided in different size of blocks, each block is evaluated by Lagrange 

technique, and the results are evaluated by one of most popular voiced/unvoiced measured 

which is the short time energy classifier. The results show that Lagrange technique worked well 

as classifier and give an accepted decision to analysis the speech to voice and unvoiced sample, 

especially with small size non overlapping blocks. 
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1. INTRODUCTION 

The problem of voiced/unvoiced speech determination is an important one and has 

been worked on extensively by researchers [2,6] during the last three decades. In [1-3] 

a statistical parametric method was proposed whereas in [4-6] non-parametric methods 

based on linear discrimination functions, multi-layer feed forward and recurrent neural 

networks were adopted. In [7], a two channel approach which made use of the speech 

and electroglottogram signals was pursued. Most of the above methods proposed for 

voiced/unvoiced classification were implemented and tested in quiet.  

Voiced/unvoiced classification in noise, however, is a far more challenging task 

since the noise can potentially mask low-energy speech segments such as fricatives 

(e.g., /f/, /th/) and stop-consonants (e.g., /b/, /d/). Also, most of the above methods 

utilized long analysis frames with some [8] using as large as 40-ms duration frames.  

In this paper, a new approach for voiced/unvoiced speech classifier is proposed; 

the classification is exceeded the difficulties in the classification of small blocks that 

we had encountered with the short time energy classifier. 
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2. LAGRANGE POLYNOMIAL INTERPOLATION 

The Lagrange interpolating polynomial is the polynomial that passes through all pre-

defined points. The formula was first published by Waring (1779), rediscovered by 

Euler in 1783, and published by Lagrange in 1795 (Jeffreys and Jeffreys 1988) [8]. For 

example, in mathematics, it is used in the construction of the Newton-Cotes formulas 

[9]. The constant problem in Lagrange interpolation is a tradeoff between having a 

better fit and having a smooth well-behaved fitting function. Also the number of data 

points must be optimal. It is well known that when constructing interpolating 

polynomials, the more data points that are used in the interpolation cause the higher 

degree of the resulting polynomial and the greater Oscillation in interpolation function 

between the data Points. In that way, a high-degree Lagrange interpolation may predict 

the function between points with greater error, although the accuracy at the data points 

will be perfect, and for this reason simple Lagrange polynomial interpolation is 

adapted in this paper to overcome any predictable errors. 

 

2.1 Definition 

First we will define mathematical fundamentals of the Lagrange interpolation[1]. Let 

us suppose that A is a field and B is a vector space over C. Elements of B is vectors 

and elements of C are scalars. If 1,..., na a  are scalars and 1,..., nb b  are vectors, then the 

linear combination of those vectors with those scalars as coefficients is:  

 

1 1 2 2 3 3 ... n na b a b a b a b    .       (1) 

 

A and B are specified explicitly. A linear combination of the vectors 1,..., nb b  with 

the unspecified coefficients (that must be in space C) are often in practice [1,3]. If S is 

a subset of space C, we may have a linear combination of vectors in S, where both the 

coefficients and the vectors are unspecified, except that the vectors must belong to the 

subset S. By definition, a linear combination contains only finite number of vectors. 

The subset S that the vectors are taken from can still be infinite. Each individual linear 

combination will only involve finite number of vectors. Also, number n could be zero. 

In that case, result convention is declared of the linear combination is the zero vector 

in B. If we have a set of 1k   data points: 

 

   0 0, ,..., ,k kx y x y .        (2) 

 

Where no two xj  are the same, the interpolation polynomial in the Lagrange form 

is a linear combination: 
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where lj  represents the Lagrange basis polynomials: 
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 .             (4) 

 

A Lagrange method of interpolation using the polynomial fits to the available 

values to interpolate between those values could be very effective in digital signal 

processing. If there are N data values, a polynomial of degree N-1 can be found that 

will pass through all the points. The Lagrange polynomials provide a convenient 

alternative to solving the simultaneous equations that result from requiring the 

polynomials to pass through the data values. 
   

Example  

Suppose we start with a polynomial, say,    
2

1f x x  . And suppose we have two 

values, at 0 0x   and  1 1, 0 1x f   and  1 0f   [13].  

The Lagrange interpolation formula takes the form 

       1 0 0 1 1 0p x f l x f l x l x   , since  0 0 1f f   and  1 1 0f f  . Next, we 

have 
 

                                          1
0

0 1

1
1

0 1

x x x
L x x

x x

 
   

 
. 

 

As seen from the figure,  p x  does not interpolate  f x  well. Now let us add the 

value of f at a third point, say  1 4f   . So we have 

0 0 1 1 2 20, 1, 1, 0, 1, 4x f x f x f       . 

The Lagrange polynomials can be computed as: 
 

    0 1 0 1 2 0 2/ / 1 1l x x x x x x x x x x x          , 
 

   2 0 2 0 1 2 1/ / 1/ 2 1l x x x x x x x x x x x        . 
 

We do not need to compute  1l x  above since 1 0f  . Now we have 
 

       2 0 0 1 1 2 2p x f l x f l x f l x          1 1 2 1x x x x      

  1 2 1x x x     
2

1x  . 
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So, as one would expect, this approximation is exact. The goodness of an 

approximation depends on the number of approximating points and also on their 

location. One problem with the Lagrange interpolating polynomial is that we need n 

additions, 22 2n n  subtractions, 22 1n n   multiplications, and 1n   divisions to 

evaluate  p   at a given point  . Even after all the denominators have been 

calculated once and for all and divided into the 1a  values, we still need n  additions, 

2n n  subtractions, and 2n n  multiplications. Another problem is that in practice, 

one may be uncertain as to how many interpolation points to use. So one may want to 

increase them over time and see whether the approximation gets better. In doing so, 

one would like to use the old approximation, in that way, a high-degree Lagrange 

interpolation may predict the function between points with greater error, although the 

accuracy at the data points will be perfect, for this reason the simple Lagrange 

polynomial interpolation is adapted in this paper to overcome any predictable errors. 

Figure 1 illustrated the Lagrange interpolation approximation. 

 

FIG. 1: Lagrange interpolation approximation 

 

3. VOICED/ UNVOICED DETECTORS 

Speech can be divided into numerous voiced and unvoiced regions. The classification 

of speech signal into voiced, unvoiced provides a preliminary acoustic segmentation 

for speech processing applications, such as speech synthesis, speech enhancement, and 

speech recognition [14]. 

The classification of the speech signal into voiced, unvoiced, and silence (V/U/S) 

provides a preliminary acoustic segmentation of speech, which is important for speech 

analysis. The nature of the classification is to determine whether a speech signal is 

present and, if so, whether the production of speech involves the vibration of the vocal 
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folds. The vibration of vocal folds produces periodic or quasi-periodic excitations to 

the vocal tract for voiced speech whereas pure transient and/or turbulent noises are 

periodic excitations to the vocal tract for unvoiced speech. When both quasi-periodic 

and noisy excitations are present simultaneously (mixed excitations), the speech is 

classified here as voiced because the vibration of vocal folds is part of the speech act. 

The mixed excitation, however, could also be treated as an independent category [15]. 

The most important methods of (V/UV) classification are:  

1. Zero Crossing Rate method  

2. Energy of Speech  

 

3.1 Zero Crossing Rate Method  

Zero crossing detection is the most common method for measuring the frequency or 

the period of a periodic signal. When measuring the frequency of a signal, usually the 

number of cycles of a reference signal is measured over one or more time periods of 

the signal being measured. Measuring multiple periods helps to reduce errors caused 

by phase noise by making the perturbations in zero crossings small relative to the total 

period of the measurement. The net result is an accurate measurement at the expense 

of slow measurement rates [16]. The zero crossing rates are calculated by using the 

formula given below [17]: 
 

   1

1
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i
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  ,       (5) 

 

where,  sgn y i    stands for the sign function, i.e.,  
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            (6) 

 

3.2 Energy of Speech  

Energy of a speech is another parameter for classifying the voiced/unvoiced parts. The 

voiced part of the speech has high energy because of its periodicity and the unvoiced 

part of speech has low energy [14]. 

The short time energy is said to be the sudden increase in energy signal. For 

calculating the short time energy the signal is split into s windows and the windowing 

function is calculated for each window. The short time energy is calculated using the 

equation given below [17]: 
 

   
2

r

Short Time Energy y r h s r




   .      (7) 
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4. THE PROPOSED CLASSIFIER  

In this section a new approach of V/UV blocks decision is presented, the approach 

used the properties for the Lagrange Polynomial Interpolation. The main advantage of 

this method is getting good results when it’s applied on small size blocks of speech 

signal.  

The Lagrange Polynomial Interpolation formula fits a curve that passes through 

the data points and matches the slopes at those points and the advantage of this curve 

fitting is exploited to decide blocks of speech file is voiced or not, the main steps of the 

proposed method is illustrated as follows:  

1. Parse  Speech Audio File.  

2. Isolated header from each Speech Audio File. 

3. Divided Speech file into different size of non- overlapped windows (blocks). 

4. Each window is estimated by Lagrange Polynomial Interpolation formula. The 

result of estimation is used as parameter for (V/UV) blocks decision. The decision 

of whether a block  is voiced or unvoiced is evaluated as follows: 
 

   
0

n

n n i
i

f x L f x


 ,                (8) 

 

where n  in  nf X  stands for nth order Polynomial approximates the function 

 y f x  given at 1n   data point as: 
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 iL x  is a weighting function that includes a products of n-1 terms with terms of 

1j  . 

If  f x   Threshold then the block is unvoiced, Else the block is voiced.  

5. Each window is estimated by Short Average Energy Computation, The result of 

estimation of Short Average Energy Computation is used as parameter for (V/UV) 

blocks decision. The decision of whether a block is voiced or unvoiced is 

evaluated as follows: 
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  .     (10) 

 

If  AE i   Threshold then the block is unvoiced, Else the block is voiced.  
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a) Sample_1 , Original Speech Signal 

Short Time Energy Classifier Lagrange Classifier 

  
b) (V/UV) blocks decision using 100 blocks 

  
c): (V/UV) blocks decision using 50 blocks 

  
d) (V/UV) blocks decision using 25 blocks 

  
e) (V/UV) blocks decision using 10 blocks 

  
f) (V/UV) blocks decision using 5 blocks 

FIG. 2: (V/UV) Decision (Speech_1) 
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4.1 Test the Proposed Classifier Approach  

In this section some speech samples are used to assess the performance of the proposed 

decision approach. For example, Sample -1 is used as test sample, 68.2KB size, 

WAVE type, PCM format, one channel (mono), and 8-bit sample size.  

Two parameters are used as control parameters to implement the (V/UV) blocks 

decision, the first is block or window size which represents the size of speech data 

block that should be tested as voiced/unvoiced block, while the second is the threshold 

which represents the level value used to distinguish unvoiced blocks from voiced 

blocks.                 

An illustrative example of (V/UV) blocks decision is shown in Fig. 2, (V/UV) 

blocks decision are applied by two approaches; first decision is made using Short Time 

Energy Classifier , and the second decision is made using Lagrange Polynomial 

Interpolation. The voiced segments are blurred by Blue color and the unvoiced 

segments blurred by Red color. The original speech signal is shown in (a); (V/UV) 

blocks classifier shown in (b) where the block size = 100 byte, (V/UV) blocks 

classifier shown in (c) where the block size = 50 byte, (V/UV) blocks classifier shown 

in (d) where the block size = 25 byte, (V/UV) blocks classifier shown in (e) where the 

block size = 10 byte and (V/UV) blocks classifier shown in (f) where the block  

size = 5 byte.  

One of the speech signal used in this paper is given with Fig. 2, proposed 

voiced/unvoiced classification approach uses short energy computation and the 

Lagrange technique of the speech signal. The results of (V/UV) decision using 

approach are presented in Table 1 and Table 2. 

 
TABLE 1: V/UV blocks decision using Short Average Energy Computation 

Window size No. of Blocks No. of Voiced Blocks 
No. of Unvoiced 

Blocks 

100 697 236 461 

50 1395 489 906 

25 2792 1012 1780 

10 6982 2677 4305 

5 13965 5600 8365 

 

 
TABLE 2: V/UV blocks decision using Lagrange Polynomial Interpolation 

Window size(byte) No. of Blocks No. of Voiced Blocks 
No. of Unvoiced 

Blocks 

100 697 250 447 

50 1395 503 892 

25 2792 988 1804 

10 6982 2466 4516 

5 13965 4878 9087 
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Tables 1 and 2 are illustrated clearly that the proposed Lagrange classifier 

approach is produced convergence decisions results when compared with Short Time 

Energy classifier, and being more accurate based decision-making especially when it’s 

applied on small size of blocks samples.  

 

5. DISCUSSIONS  

The proposed scheme provide another method to classify (V/UV) blocks, by applying 

new application for Lagrange Polynomial Interpolation formula to detect voiced 

segment from unvoiced, there are some issues to be discussed here:  

1. The Lagrange Polynomial Interpolation formula produced a good result when its 

apply on short a non-overlapping frame of samples.  

2. (V/UV) blocks detectors can be used as a tool to quantize voiced or unvoiced 

segments.  

3. The Lagrange Polynomial Interpolation formula is computationally simple, so it’s 

faster than other methods.  

 

6. CONCLUSION  

We have presented a new approach for separating the voiced /unvoiced part of speech 

in a simple and efficient way using proposed Lagrange classifier. The proposed 

classifier results shows that Lagrange polynomial interpolation formula is best (V/UV) 

blocks classifier for short a non-overlapping frame of samples.     

The ideas of applying Lagrange Polynomial Interpolation formula for (V/UV) 

blocks detector can be extended in future work along several interesting directions, 

among these are: 

1. Removal noise.  

2. Use Hermit Interpolation Polynomial. 

3. Use Interpolation Polynomial formula for gender clustering and classification of 

speech signal. 

4. Improve our result classifier for voiced/unvoiced discrimination in noise. 
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