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Abstract: The critical challenge with the continuously increasing number of Internet users is copying and duplication, 

which has caused content integrity and protection. To manage and secure the signals from unauthorized consumers of 

digital content, we require certain procedures. Digital watermarking scheme on vowel-based approach can address these 

problems. Thus, we can provide a robust and secure method that solves the issues of copyright, illegal intentional or 

unintentional modification. In this paper, we have proposed vowel-based speech watermarking techniques using the 

FFT method with the help of the Min algorithm. We observe that the proposed FFT-based watermarking scheme 

provides better results in comparison to the existing methods. 

 

Index Terms: Arnold Transform, Vowel, FFT, Min Algorithm, PSNR, SSIM. 

 

 

1.  Introduction 

As we know that in recent decades the content sharing/communicating through the Internet has been increased 

rapidly. In this case, our contents must need to be secure from the outside world. Digital speech watermarking is one of 

the most popular schemes to protect our contents from the real world. The main role of the digital watermarking scheme 

is to embed the information optimally in the original content [1, 2]. 

The digital speech watermarking scheme is partitioned into two parts: the first one is watermark embedding and 

the second part is the extracting process. The initial step should prevent our materials from unauthorized duplication 

while preserving the quality of the original signal. The second process is used to recover our watermark data from 

watermarked signals and later, it is used for evidence purposes. For these, watermarking methods should meet basic 
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digital requirements [3-7]. 

The speech watermarking techniques require the algorithm for embedding and extricating the watermark, sampling 

rate/frequency, selection of watermark location, and parameters for finding the imperceptibility and robustness. In 

general, speech signals are used for visible [8] and dual [9] scheme instead of invisible [10] watermarking. The working 

methods decide how to embed, where we can insert, how much we can embed, and in which form, i.e., time or 

frequency or in either domain or encrypt the watermark before insertion. 

The watermarking extraction process is determined based on three different algorithms, i.e., blind, semi-blind, and 

non- blind methods. These algorithms navigate us in which way we can extract our watermark. In general scenario, 

common applications have been used for watermarking techniques that incorporate copy control, fingerprinting, 

broadcast monitoring, speech authentication, copyright protection [11-13]. 

In this paper, our first contribution is to encrypt the watermark data using Arnold transform method, which 

provides both facilities encryption and decryption. That’s why Arnold transform provide us more secure watermark data. 

Second, originally our signals are in time domain so we have to transform into the frequency domain using FFT method. 

The benefit of this is to increase the security and reduce the time complexity. The third main advantage is the Min 

algorithm, which has been developed for embedding and extracting the watermark. 

The contents of the paper are organizing as follows: The first section discusses introduction about speech 

watermarking. Section 2 reviews existing methods related to speech and audio watermarking schemes. Section 3 

presents the details of the proposed FFT method. In section 4, quality and robustness parameters have been discussed. 

Section 5 discusses simulation results on both methods and comparison with existing methods. Lastly, we have 

presented the conclusion in section 6. 

2.  Review Work Related to Speech Watermarking 

In the literature, different working models are used for the watermarking process. Vowel onset and offset events 

based speech watermarking for copyright protection and authentication has been proposed by Kumar and Jainath, [14]. 

Wu et al., [15] have described the spectrum distribution method for audio signals. They worked on synchronization 

mechanism for solving the large signals converted into small sampling of the signals. Digital audio watermarking 

technique was based on voiced and unvoiced frame using time domain transformation methods. The high energy of the 

audio signal (voiced and unvoiced) has been selected for embedding the watermark by Kanhe and Gnanasekaran, [16]. 

The multi-level and multiple watermark images were used for audio watermarking by Singla et al., [17]. They distribute 

the watermark in the complete audio signals. 

Liu et al., [18] has described a strategy for dealing with various threats issues based on time and frequency 

modification approaches and an upgraded patchwork algorithm. BER, ODG, and SNR metrics were used to assess the 

existing method. Also, they carried out a number of attacks, which improved copyright protection and forensics tracking. 

Charfeddine [19] has proposed a neural network and spectral based architecture for audio signals. They used neural 

network for watermark insertion and extraction. Additionally, they worked on speech emotion and speakers using LPA 

method. 

Alshathri et al., [20] have described watermarking system on health care based on medical Internet of things. This 

system provides multilevel secure system during communication. They achieved high security using scrambled the 

medical image. They are mainly focused on fusion of two watermark images. The fusion based scheme improves the 

digital requirements. The median filtering algorithm has been used to improve the result of the watermarking scheme 

proposed by Boateng et al., [21]. Two different methods were implemented to improve the reliability and robustness. 

For the reliability, they used DCT and DWT methods. For robustness, they used to optimize the result using 

optimization method. PSO is suitable to find the scaling factors proposed by Run et al., [22]. The watermark image is 

twice inserted into the host signal’s DWT-DST (discrete sine transform) domain in the proposed approach for audio 

signals. The outcomes of the simulation demonstrate that the suggested watermarking system retains excellent quality 

and robustness against different attacks. Sometimes, this method is not appropriate for watermark extraction without 

knowing the keys generated during the insertion process. 

We studied the several existing papers on speech and audio signals and analysed different evaluation parameters. 

These existing methods are useful to finding the gaps for novel concept. 

3.  Proposed Method for Speech Watermarking 

The proposed method explored the novel concept for speech watermarking techniques. The vowel based speech 

watermarking methods have been presented in the frequency domain with the help of the Min algorithm and Arnold 

transform. The vowel region based FFT method in the frequency domain has been discussed in subsection 3.1. 

Arnold transform is used to encrypt the watermark image, and it offers a different stage of encryption. Henceforth, 

the encrypted watermark data is selected for embedding purposes. For the watermark embedding process, the Min 

algorithm is useful for finding the minimum values from each frame and embedding the minimum value of the 

compressed form of watermark data. In this way, watermark data is inserted throughout the speech signals in a random 

manner. Due to this reason, it is difficult to detect watermark information from the watermarked speech signal and it 
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also provides higher security. Fig. 1 shows the procedure for extraction of vowel regions from speech utterances. Fig. 

1(a) represents the manual places of the vowel regions in the given speech utterance. Fig. 1(b) represents the detected 

positions of vowel starting transition points in the illustrated signal. Fig. 1(c) represents the detected the positions of 

vowel end transition points in the illustrated signal. Finally, in fig. 1(d), vowel regions are extracted from speech signals 

[14]. A vowel region contains high energy values, and it is useful to embed the watermark based on the FFT and min 

algorithms. 

 

 

Fig.1. The detection of Vowel regions from speech utterance:(a) manual positions of the vowel starting and ending transition points, (b) and (c) show 

the detected positions of vowel starting and ending points in the vowel demonstrated signal, respectively, and (d) Extracted vowel regions 

3.1.  Watermarking Scheme using the FFT Method 

The DFT method is useful to transform the finite length signal form spatial to frequency domain using Fourier 

matrix (FM). This method is periodic and symmetric in nature, so that the FM and its transpose are equal to each other. 

DFT converts real valued into complex samples of same length. The N- point 1-D DFT and IDFT equations can be 

written using Eqs. (1) and (2), respectively. 

 

Y(k) =  ∑ y(n)e
−2πkn

NN−1
n=0                                      (1) 

 

y(n) =
1

N
 ∑ Y(k)e

2πkn

NN−1
n=0                                     (2) 

 

Where N is the length of the input or N-point DFT, y(n) is the input sequence in discrete time, Y(k) is the output 

frequency samples, and 0 ≤ k, n ≤ N-1.  

WN =  e
−j2π

N   is called twiddle factors. Eqs. (1) and (2) can be rewritten as: 

 

Y(k) =  ∑ y(n)WN
nkN−1

n=0                                     (3) 

 

y(n) =
1

N
 ∑ Y(k)WN

−nkN−1
n=0                                   (4) 

 

Where, Wk is known as Nth root of the unity. The performance of DFT is dependent on several complex multiplications 

and additions. The overall time complexity of DFT algorithm is O(N2). In this work, we have considered FFT algorithm 

in place of DFT to reduce the time complexity and increase the efficiency of the proposed speech watermarking scheme. 

The FFT algorithm works based on the divide and conquers approach. It divides the input sample sequence into even 

and odd indexed subsequence of samples. The overall time complexity of FFT algorithm is O(Nlog2N ).  

A.  Proposed Embedding Process 

The proposed method takes input as a speech signal in a ’.wav’ format. The speech utterance is converted to 

frequency domain by computing the FFT. After, watermark data is selected in the form of a grey scale image of same 

dimension 64 × 64. This image has been encrypted using Arnold transform method to make it more robust. In the next 

step, the embedding process has been used with the help of the Min algorithm, which is discussed in subsection 3.2. The 

speech signal’s frequency domain is then changed to accommodate the watermark data, yielding a watermarked signal. 

Fig. 2 depicts the block diagram of the proposed FFT and vowel-based speech watermarking method. 
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Fig.2. Embedding procedure for the proposed work in watermarking scheme 

The embedding process of speech signal into vowel parts is performed by the Algorithm 1. 

 

Algorithm 1: Embedding process 

Input S(n): The original speech signal. 

Output: Vowel based FFT watermarked speech signals. 

Step 1: Take input as the speech signal. 

Step 2: Divide the speech signal into distinct frames.  

Step 3: Apply the FFT method on each distinct frame and the results are separated in two parts: Real and 

imaginary. 

Step 4: Read a watermark image of same dimension.  

Step 5: Apply Arnold transform method for encrypted the watermark image. 

Step 6: Embedding process is performed using the Min algorithm (mentioned in section 3.2) on real parts of 

frequency domain values. 

Step 7: Apply the inverse FFT method for reconstructing the speech signal. 

Step 8: Finally, watermarked speech signals obtained. 

B.  Proposed Extraction Process 

The watermarked speech signal is used to extract the watermark data. First, watermarked speech signal is 

converted into the frequency domain and the extract-Min algorithm is applied with the help of reserved watermark 

information. The pseudo-code for the extract-Min algorithm is discussed in subsection 3.3. In the next step, the 

decryption process is performed using the inverse Arnold method to extract the watermark. The proposed extraction 

speech watermarking scheme has been depicted in Fig. 3. 

 

 

Fig.3. Extracting procedure for the proposed work in watermarking scheme  

The extraction process of watermarked speech signal is performed for the watermark image by the Algorithm 2. 
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Algorithm 2: Extraction process   

Input S(n): The original speech signal. 

Output: Vowel based FFT watermarked speech signals. 

Step 1: Take input as watermarked speech signals. 

Step 2: Input signals is divided into distinct frames. 

Step 3: The FFT method is applied and separate into two parts. 

Step 4: Read the watermark image and consider it as reference data for the extraction process.  

Step 5: Apply the extract-Min algorithm (mentioned in section 3.3) on real parts of the FFT signals for the 

extraction process. 

Step 6: Apply the inverse Arnold transform method for reconstructing the watermark image and finally, we get 

extracted watermark image. 

3.2.  Min Algorithm for Watermark Embedding Process 

Minimum values have been selected from each frame of the speech signal. Similarly, minimum values from the 

encrypted watermark image are selected for performing embedding process using Min algorithm. Pseudo code of Min 

algorithm is as follows. 

 

Step 1: Consider the real part values during FFT computation of the original speech signal as given below: 

 

Z = FFT(frames of original speech); 

 

mag = real_part (Z); 

 

Step 2: Compute minimum values from each frame having real part of FFT, and store them in a variable ’x’ as 

location indices. 

(x, indices) = min(real_part, [], 2); 

 

Step 3: Read the watermark image. After that, select minimum values from the watermark image and store them in 

new variable with new indices.  

 

Wimage = imread(image); 

 

(variable_1, indices_1) = min(W_image, [], 2); 

 

Step 4: variable_2 = variable_1/mean(mean(variable_1)); 

Step 5: Replace the minimum value of original matrix from minimum values of watermark using following 

sub-steps:  

Step 5.1: for i = 1 to length of variable 

Step 5.2: Z(i, indices(i)) = variable_2(i); 

Step 5.3: for loop end 

Step 6: Finally, the minimum values of a watermark image is inserted into each frame of the speech signal. 

3.3.  Min Algorithm for Watermark Extraction Process 

After insertion of the watermark, the minimum value location may be changed in the watermarked speech signal. 

To handle this problem, we must save the new indices with values of watermarked speech for the extraction process. We 

have performed extract-Min algorithm to extract the watermark image. Pseudo code of extract-Min algorithm for 

extraction process as follows: 

Step 1: Compute the actual minimum value indices from the watermark data, and then consider the real part values 

from the FFT of watermarked speech. 

 

wd = FFT(frames of watermarked speech); 

 

wd_mag = wd_real (wd); 

 

(wd_variable, indices_3) = min(wd_mag, [], 2); 

 

Step 2: Store the watermark indices along with values in the memory to use these indices. 

 

(variable_1, indices_1) = min(W_image, [], 2); 

 

Step 3: variable_2 = variable_1/mean(mean(variable_1));  

Step 4: Replace the minimum value of original matrix from minimum values of watermark image.
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Step 4.1: for i = 1 to length of watermark image 

Step 4.2: W_image (i, indices_1(i)) = wd (i, indices_3 (i)); 

Step 4.3: W_image (i, indices_1(i)) = W_image (i, indices_1(i))*( variable_2); 

Step 4.4: for loop end. 

Step 5: Finally, the minimum values of a watermark image is extracted from each frame of the watermarked speech 

signal. 

3.4.  Arnold Transform(AT) 

On image scrambling, the Arnold transform technique is built. It can be used for equal size resolution, which is 

only defined for squares. It has also been used to create rectangles, but in order to produce a square; we would need to 

add extra rows or columns. Because it is straightforward and periodic, it can be used in digital watermarking procedures. 

The watermark image will eventually revert to its original appearance because of its periodic nature [23]. The AT 

function is expressed using following equation: 

 

{
a, 
b, } = {

1   1
1    2

} . {
a
b

} . (mod n) 

 

Where n is the image’s width. a and b are individual pixel’s coordinates. 

The AT function can be rebuilt and written as follows: 

 

{
a1

,  

b1
, } = {

2   − 1
−1    2

} . {
a1

b1
} . (mod n) 

4.  Quality Evaluation Parameters for Speech Watermarking Techniques 

The proposed schemes are evaluated using various parameters such as PSNR, NC, structure similarity, and BER as 

discussed in the following subsections: 

4.1.  Peak Signal to Noise Ratio (PSNR) 

The PSNR values evaluate using following equation [16]: 

 

𝑝𝑠𝑛𝑟 = 10 ∗ log10
𝑚2

𝑀
                                    (5) 

 

Where m represents maximum value and M is the MSE value. 

4.2.  Normalised Correlation (NC) 

The NC values have been assessed in order to determine how resistant the watermark is to various attacks. When 

comparing the original and extracted watermark images, the NC parameter is employed. SSIM is also used to compare 

the quality between two signals [14]. 

5.  Simulation Results and Discussion 

We have performed experiments on 300 speech signals from TIMIT database and a watermark image to perform 

watermarking procedure. The sample of speech is divided into frames with 25 ms frame duration, and the sampling rate 

is 8 kHz. The FFT method has been applied on each frame of original signals to transform the spatial domain into the 

frequency domain for further processing. The FFT methods have been performed on TIMIT database. 

Table 1 shows the PSNR and NC values obtained between the original and extracted watermark signals. The 

average PSNR value is around 51 dB, and the average NC value is 1, indicating that original image is statistically 

similar to extracted watermark image. We have determined that the proposed method gives better results. 

Table 1. Quality and robustness measures using PSNR and NC parameters based on original and extracted watermark signal 

Types of signals 
Average estimated values using vowel and FFT method 

PSNR (in dB) NC 

Watermarked speech 43.512 1.000 

Extracted watermark 51.352 1.000 
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Fig.4. Speech utterance: (a) original speech utterance, and (b) watermarked speech utterance 

From fig. 4, we displayed the original speech and watermarked speech signals waveforms. In waveform, both the 

signals have same signature. Thus, we have concluded that the signals are same. From fig. 5, it shows watermark and 

extracted watermark images of same dimension 64 × 64. 

 

 

Fig.5. (a) Watermark lena and (b) extracted lena watermark images 

Table 2 shows the results comparison on various attacks using parameters PSNR, NC, and SSIM between FFT 

methods. The first column represents the name of attacks. Columns 2, 3, and 4 show the computed PSNR, NC and 

SSIM values, respectively for FFT method. 

Table 2. Performance of attacks based on parameters PSNR, NC and SSIM for the proposed watermarked speech signal 

Name of attacks 
Proposed method 

PSNR (dB) NC SSIM 

No attack 43.512 1.0000 1.0000 

salt and pepper noise (0.02) 19.1719 0.2548 0.5864 

speckle noise (0.04) 18.1623 0.6052 0.5897 

Gaussian noise 17.1519 0.2039 0.0234 

Poission noise 23.1892 0.6169 0.6086 

Re-quantization 21.1252 0.4882 0.6082 

Re sampling 21.2528 0.4312 0.5881 

Low pass filtering 23.1052 0.5882 0.5974 

 

From Table 2, we have concluded that the FFT method gives better results. The imperceptibility and robustness 

performance of the proposed FFT method is high on each evaluation parameters such as PSNR, NC and SSIM. The 

main reason for the higher performance is that the FFT method uses simple transformation of complex values which 

contains high and low energies. Due to this, the quality of speech is not degraded in the case of the FFT method. In the 

FFT method, it transforms into the frequency domain then split into complex values. That is why the FFT method may 

change some values, and consequently, the quality is degraded. 
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Fig.6. Graphical representation for the different attacks as to PSNR(dB). (Where identification number are as obey: A. No attack, B. salt and pepper 

noise (0.02), C. speckle noise (0.04), D. Gaussian noise, E. poission noise, F. Re-quantization, G. Re-sampling, H. Low pass filtering, respectively). 

The results of several attacks are depicted in Fig. 6 in terms of quality measurements. This graphic's horizontal axis 

depicts different attack as to identification numbers, as detailed in Table 2. The identification numbers 'A' for no attack, 

'B' for salt and pepper noise (0.02), 'C' for speckle noise (0.04), 'D' for Gaussian noise, 'E' for Poisson noise, 'F' for 

re-quantization, 'G' for re-sampling, and 'H' for low pass filtering are shown in Fig. 6. From Fig. 6, when we analyzed 

without performing any attack, the quality of watermarked signals have high. It means that there is no degradation 

occurs in the quality of watermarked signals. After performing some different type of attacks that values are sustained 

the quality of watermarked signals. 

 

 

Fig.7. Pictorial demonstration for the various attacks in terms of robustness (NC values) 

Fig. 7 demonstrates the robustness as to NC values. The robustness of the watermarked signals is maintained after 

performing different kinds of attacks. The NC values lies between 0 and 1. The proposed method gives NC value 1, 

which means robustness is 100%. 

 

 

Fig.8. Demonstrate the various attacks in terms of structure similarity (SSIM values) 

Fig. 8 represents the structure similarity index measurement in terms of SSIM values. The SSIM values depict how 

similar the original signals and watermarked signals are to one another (See from fig. 4). The SSIM values of the 

proposed approach are greater than those of the existing methods, as shown in fig. 8. 
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Table 3. Comparing the outcomes of proposed and existing approaches for watermarked signals based on PSNR and BER 

Reference PSNR (dB) BER (in %) 

Based on DWT method using speech as a watermark [24] 49.34015 0.5849 

Based on DWT method using image as a watermark [24] 22.37976 2.2631 

Proposed method 51.3525 0.075 

 

The existing scheme [24] is based on the features of the DWT method. In the DWT method, the speech signal is 

decomposed into two different sub-bands, i.e., high and low energy sub-bands in the time domain. Due to the division 

of speech signals, the voice quality is degraded. 

Table 3 indicates the comparison between existing and proposed method for an original and extracted watermark. 

In this table, two parameters PSNR and BER (in percentage) have been considered to compare both existing and 

proposed methods. From Table 3, it is clear that the proposed vowel and FFT based speech watermarking technique is 

better than existing methods. 

 

 

Fig.9. Comparison between existing and proposed methods as to PSNR(dB). (Where numbers are as obey: 1. Based on DWT method using speech as a 

watermark, 2. Based on DWT method using image as a watermark.) 

The comparison of PSNR values between existing approaches and the proposed method is shown in Fig. 9 (See 

Table 3). Fig. 9 shows that the proposed approach outperforms the existing methods as to PSNR. 

 

 

Fig.10. Comparison between existing and proposed methods as to BER(%). (Where identification numbers are as obey: 1. Based on DWT method using 

speech as a watermark, 2. Based on DWT method using image as a watermark) 

Fig. 10 represents the comparison of BER (in %) between existing methods and the proposed method (See Table 3). 

From fig. 10, it is clear that the proposed method produces less error compared to the existing methods. 

6.  Conclusions 

Using the proposed FFT, the Arnold transform, and Min algorithms, we have presented vowel-based digital speech 

watermarking approaches in this article. The primary focus of our methods is to provide security and robustness along 

with copyright protection of speech watermarking. The results of proposed method show that before and after the 

signals have slight differences, it means that the proposed scheme provide us a best quality signal. We have compared 

proposed method to other method. The proposed speech production-based FFT scheme produces the BER 0.075% 

which is approximately 2.2% less than the existing method. The PSNR values for the proposed method are 

approximately 2 db higher than existing methods.  This work may be extended to recover the tamper detection.
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