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Abstract 
 Speech signals are very important types of digital signals, and they are used in various vital applications, 
some of these applications require a set of small number of values called signal features, so finding an 
efficient, accurate and flexible method of features extraction is an important task, In this research paper 
we will introduce wavelet packet tree method to decompose digital signal, the histogram of the speech 
signal will be calculated, then the histogram will be used as an input data set of signal decomposition, here 
we will show to get the exact and required number of values in the features vector, without paying 
attention on the speech signal size. Several speech signals will be taken, the features for each speech 
signal will be created, the obtained experimental results will discussed and analyzed in order to raise a 
suitable recommendation.  
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INTRODUCTION 

Human speech biometrics includes speaker recognition from their speech and from their humming sounds as 
well. Speaker recognition can be classified as speaker verification and speaker identification [24], [25], [26]. 
The goal of Automatic Speaker Verification (ASV) system is to verify the claimed identity of a person from his 
or her voice with the help of machines. However, with the recent advances in speech technology, the ASV 
systems are vulnerable to the speech-based spoofing attacks also known as presentation attacks according. The 
researchers have identified various speech-based spoofing attacks that include speech synthesis (SS), voice 
conversion (VC), replay, impersonation, and twins [27], [28]. 
In time domain speech signal [14] [15] can be considered as a series of amplitude values ranging from -1 to 1 
[4], [5], [19], the size of the speech signal depends on the sampling rate and the recording time, this size is 
usually high, which make it difficult to use the whole file in a matching process, this requires searching for an 
effective way to identify some properties that can be used easily for voice recognition [29], [30]. 

Instead of using  speech signal file we can use speech histogram, this histogram will contains 256 elements [1], 
[2], [3] and it can be calculated based on local binary pattern (LBP) operator, this operator was introduced to 
manipulate digital images, and it can be calculated as shown in figure 1: 
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Figure 1: Image LBP operator calculation 

LBP can be adopted to create speech signal histogram [6], [7[, [8], table 1 shows how to calculate LBP operator 
for each speech signal sample [11], [12], [15]. 

Using speech histogram will give us some benefits when analyzing speech signals, these benefits include: 

- Reducing the input dataset to be analyzed. 
- Selecting a speech signal features with a fixed number of values, this number will not depend on the 

speech files variable sizes, but will depend on a fix size of histograms[11-20].  

                                                                      Table 1: Calculating LBP for speech signal 
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Figure 2 shows a speech signal and the calculated speech signal histogram: 
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Figure 2: Speech signal and speech histogram 
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The following speech files shownin table 2 were recorded, and we will use them in our later experimental part 
of this paper: 

Table 2: Recorded speech signals 

Speech 
number 

Recorded speech Number of samples Size(byte) 

1 My name is Ziad Alqadi 144478 1155824 

2 Jordan Amman 98662 789296 

3 Albalqa Applied University 154829 1238632 

4 Faculty of engineering technology 173071 1384568 

5 Amman is the capital city of Jordan 183544 1468352 

6 Aqaba is a beautiful city, it is located on 
the red sea 

255037 2040296 

7 Speech signal features 125834 1006672 

8 Wavelet packet tree 124801 998408 

9 Good morning 86627 693016 

10 Have a nice day 94378 755024 

Average 144130  

 

Wavelet packet tree 

Any digital signal (speech) x[n] can be manipulated using wavelet packet tree (WPT) methods [21], [22], [23], 
by this method the signal can be decomposed into approximations (low pass part) and details (high pass parts), 
the decomposition process can be repeated for a defined number of levels forming a binary tree as shown in 
figure 3, each generated packet at any level contains a valuable information, which can be easily used to study 
and analyze the signal features. 

 

Figure 3: Digital signal x[n] decomposition using WPT 
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The approximation packet size (number of elements )at lower level (child) will be half the approximation or the 
deatal packet of the higher level (father). 

Table 3 shows a worked example of how to calculate the decomposed packets at each level. 

     Table 3: Decomposition worked example 

10 8 9 12 15 5 20 12 

A1 D1 

9 10.5 10 16 1 -1.5 5 4 

A21 D21 A22 D22 

9.75 13 -0.75 -3 -0.25 4.5 1.25 0.5 

A31 D31 A32 D32 A33 D33 A34 D34 

11.375 -
1.625 

-
1.875 

1.125 2.125 2.375 0.875 0.375 

 

 

Refering to table 2 we can see that speech files have diferent sizes and diferent number of samples, this will 
make the process of determing the number of required levels to a small number of values very diffecult, so with 
the selected level number we can get various is sizes approximation packets, and using these packets as speech 
features will cause a big trouble, figure 4 shows the packets for 6 levels of speech 1 decomposition 
(approximation packets). 
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Figure 4: 6 levels of speech1 decomposition 
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To obtain a fix size of approaximation packet (AP) we can replace the speech file by a histogram, thie will give 
us the ability to determine the AP size, thus we can fix the number of values in AP, so we can easily use these 
values to form the features for a speech file, for example to get a features of 4 elements we can decompose the 
speech histogram using 6 laevels of decomposition, to get 8 elements of features vector we can select 5 levels of 
decomposition an so on,  
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Figure 5: Histogram decomposition 

implementation and experimental results 

To apply WPT method of speech signal decomposition we have to follow up the following steps: 

- Get the speech signal matrix. 
- Claclute the speech signal histogram to be used as an input data set for decomposition. 
- Select the number of decomposition level. 
- For each level take leftmost approximation packet to be used as an input data set for the next level. 
- Repeat the previous step for each level. 

The speech files listed in table 2 were taken, for each file the previous step were implemented using matlab, 
table 4 and 5 show the results of implementation (number of adecomposition leveles=6): 

                                                                    Table 4: Estimated times 

Speech file Histogram 
time(seconds) 

Decomposition 
time(seconds) 

Toatal time(seconds) 

1 0.0080 0.1170 0.1250 

2 0.0050 0.1020 0.1070 

3 0.0120 0.1000 0.1120 

4 0.0130 0.1240 0.1370 

5 0.0100 0.0990 0.1090 

6 0.0150 0.0980 0.1130 

7 0.0100 0.0980 0.1080 
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8 0.0100 0.0970 0.1070 

9 0.0070 0.0980 0.1050 

10 0.0060 0.0980 0.1040 

Average 0.1127 

 

                                                    Table 5: Speesch signals features 

Speech 
file 

Packet a6 contents(speech features) 

1 6721 226 205 10908 

2 3714.3 91.6 82.1 8443.6 

3 7286 263 250 11553 

4 8534 301 281 12517 

5 8783 332 314 13514 

6 11936 507 508 18929 

7 5141.9 376.1 353.6 9856.5 

8 4989 201 183 10226 

9 2830 40.8 36.9 7919.6 

10 3386.4 114.3 123 8172.5 

 

From the obtained results shown in tables 4 and 5 we can see the following: 

- The introduced method has an acceptable effeciency by providing significantly small features 
extraction time( with average time = 0.1127 seconds,  and high throughput ( with average = 
144130/0.1127=1278900 samples per second). 

- The extracted features for each speech signals are unique, thus can be used as a signature to classify the 
speech signal. 

- Using speech signal histogram gives us the ability to select the number of values in the packet 
regardless to the speech signal size, this packet  is to be used as a signal features. 

- The histogram length is 256, so we can select any level of decomposition ( from 1 to 8), this will give 
us a flixible way of selecting the length of the approximation level, thus the length of features vector. 

- Selecting various levels of speech decomposition keeps the features unique for each speech signal. 
Table 5 shows the features value when we adjusting the decomposition level to 5, here the length of features 
vector will equal 8, and the calculated features for each speech signal are unique. 
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                                                    Table 5: speech signals features with level =8 

Speech 
file 

Packet a5 contents(speech features) 

 

1 

6743 2761 0 319 

289 0 67 15358 

 

2 

3751 1502 0 130 

116 0 25 11916 

 

3 

7292 3012 0 372 

353 0 85 16254 

 

4 

8549 3519 0 425 

398 0 101 17601 

 

5 

8785 3636 0 470 

444 0 109 19002 

 

6 

11884 4996 0 716 

718 0 174 26595 

 

7 

4999 2273 0 532 

500 0 132 13807 

 

8 

4982 2073 0 285 

258 0 62 14400 

 

9 

2877 1126 0 58 

52 0 13 11187 

10 3386 1403 0 162 

174 0 44 11513 

The listed in table 2 speech signals were recorded and saved with a sampling rate =44100, then they were read 
using diffent sampling rates, the amplitude was adjusted, after these updating the signals were decomposed 
using 6 levels of decomposition, table 6 and 7 show the obtained results for this case of implementation. 

From the results shown in table 6 and 7 we can see the following: 

- Increasing or decreasing the sampling rate(samples per second)(SR) does not affect the approximation 
packet contenet, and keeps the signal features withot any changes. 

- Adding or subtracting the amplitude of the speech signal by a constant does not affect the 
approximation packet contenet, and keeps the signal features withot any changes. 

- Multiplying or deviding the amplitude of the speech signal by a constant does not affect the 
approximation packet contenet, and keeps the signal features withot any changes. 
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                                      Table 6: Speesch signals features after updating SR 

Speech file Packet a6 contents(speech features) 

1 6721 226 205 10908 

1 with SR=22050 6721 226 205 10908 

1 with SR=20000 6721 226 205 10908 

1 with SR=45000 6721 226 205 10908 

5 with SR=45000 8783 332 314 13514 

5 with SR=45000 8783 332 314 13514 

7 with SR=45000 5141.9 376.1 353.6 9856.5 

7 with SR=45000 5141.9 376.1 353.6 9856.5 

10 with SR=45000 3386.4 114.3 123 8172.5 

10 with SR=45000 3386.4 114.3 123 8172.5 

                           Table 7: Speesch signals features after adding 0.05 to the amplitude 

Speech file Packet a6 contents(speech features) 

1 6721 226 205 10908 

2 3714.3 91.6 82.1 8443.6 

3 7286 263 250 11553 

4 8534 301 281 12517 

5 8783 332 314 13514 

6 11936 507 508 18929 

7 5141.9 376.1 353.6 9856.5 

8 4989 201 183 10226 

9 2830 40.8 36.9 7919.6 

10 3386.4 114.3 123 8172.5 

 

 The amplitude of the speech signals were subtracted by 0.015, then the speech signals were decomposed, the 
same information as in table 5 were obtained. 

The amplitude of the speech signals were multiplied by 2, then the speech signals were decomposed, the same 
information as in table 5 were obtained. 

The amplitude of the speech signals were devided by 1.5, then the speech signals were decomposed, the same 
information as in table 5 were obtained. 
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Conclusion 

A method of creating voice signal histogram was proposed, the created histogram was uased to create a speech 
signal features based on wavelet packet tree, it was shown that using the speech signal histogram increases the 
effeciency of the features extraction process, the extracted features are unique for each speech signal, they are 
filxeble because it is very easy to change the nuber of features depending on the selected level of signal 
decomposition. It was also shown that the extracted features for a speech signal are fixed even if we change the 
signa; amplitude and the sampling frequency. 
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