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Figure 2.This figure shows the level of ontology 

 

  

 

Figure 3. This figure shows the subclasses of Activity  

 
Axiom 1: The Patient class, has a relationship 

(measure_physiology) with the Physiological 

context class, (measure_environment) with the 

Environment context class, (make_activity) with 

the Activity class, (As_time) with time class, 

(on_location) with Location class, and 

(Has_situation) with situation class, It can be 

shown as follows:  

 

Patient 

       ⊆ T ∩ ∃ measure_physiology. 

                      PhysiologicalContext 

               ∩ ∃ measure_environment. 

                      EnvironmentContext  

               ∩ ∃ make_activity.Activity        (1) 

               ∩ ∃ As_time.Time 

               ∩ ∃ on_location.Location 

               ∩ ∃ has_situation.Situation 

3.2. Identification of Patient’s Situation  

The most important process is to describe the 

situation of the patients. It can be identified 

depending on the patient’s physiological and 

environmental sensors, which are exploited by the 

ontology to acquire the linked Concept Paths (CP). 

In this context, the process inherently uses the 

SPARQL queries to compare the received data with 

definite role bases in order to identify the situation 

of patients such as shown in figure 4. The system 

extracts the data sets by the inter-linking roles 

between concepts and eventually determines the 

situation of patient. The system would list all the 

datasets involving physiology, environment, 

location, time and activity.   



 
SELECT ?situation ?patient ?phytem ?phy ?act1 

 WHERE { ?patient r:has_situation ?situation. 

                                              ?phy r:measure_phyi_oxi ?patient; 

                                              r:phyisology_oxy "88"^^xsd:integer. 

                                             ?phytem  r:measure_phyi_temp ?patient; 

                                              r:Phyisology_Temp "38"^^xsd:integer. 

                                            ?eni r:mesure_env_hui ?patient; 

                                           r:measure_En_Hui "40"^^xsd:integer. 

                                          ?envtemp   r:musure_env_temp ?patient. 

                                          ?act   r:make_activity ?patient;    

                                           rdf:type ?act1. 

                                            ?act1     rdf:type owl:Class  

                                            } 

Figure 4. Example of SPARQL query  to identify the situation of patient 
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Abstract 

A large number of coherent signals are a result of 

multipath propagation. Determining the high resolution 

of these signals in a coherent environment is a 

challenging issue in the direction of arrival estimation 

applications. A new approach based on the coprime 

array concept is proposed, in order to resolve the 

direction of the arrival estimation of fully correlated 

signals. The proposed method depends on the 

combination of groups of virtual arrays that resolve 

coherent sources. The virtual arrays are distributed in 

collinear fashion, separated by a proper delay between 

them. By obtaining a full rank spatial correlation 

matrix, the proposed method can resolve more sources 

than the number of physical elements in the antenna 

array. The simulation results show the efficiency of the 

proposed method for distinguishing the fully correlated 

signals.   

 

1- Introduction 

Direction of arrival (DOA) estimation is an important 

subject for array signal processing applications that still 

merit an investigation.  Classical DOA estimations 

methods such as MUSIC [1] and ESPIRT [2] have been 

intended to resolve the uncorrelated signals with high 

resolution outputs. In most actual situations, signals 

from different directions may turn to correlated or 

coherent signals over the multipath propagation. The 

existence of correlated source tangles the DOA 

estimation issue and creates a serious provocation for 

DOA estimation.  

 

As coherent signals eliminate the spatial matrices rank, 

th MUSIC algorithm cannot be implemented to resolve 

the coherent signals due to the multipath propagation 

[3]. To cope with this issue, several spatial smoothing 

methods have been proposed to address the coherent 

scenarios, such as forward spatial smoothing (FSS) [3] 

and forward/backward spatial smoothing (FBSS)[4]. 

These methods are based on the uniform linear arrays 

(ULAs) configuration that can determine the true 

estimation for the coherent signals. Nevertheless, 

Spatial smoothing (SS) methods decrease the array 

aperture size and thus can resolve a fewer number of 

degrees of freedom (DOF) than the number of the 

physical elements [5]. Besides the spatial smoothing 

methods, preciousness and firmness are inadequate, as 

long as the estimation performances are affected by the 

signal to noise ratio (SNR) and the amount of snapshots 

[6]. 

 

Currently, sparse array such as the coprime array [7] 

and its derived versions [8]–[10] have drawn the 

attention, due to the increased number of DOFs, 

simplicity, its less mutual coupling effect, and also their 

provision of formal design expressions. These sparse 

arrays are comprised of two ULAs that can formulated 

as a virtual array from the difference co-array between 

any two elements, which allows to resolve more 

sources than the number of physical elements. The 

spectrum estimation is performed on the virtual array at 

the continuous lags [11]. 

 

The DOA estimation of the correlated signals forms a 

great confrontation on coprime arrays concepts. The 

signal coherency effects the construction of the signal 

subspace. The spatial autocorrelation matrix has a cross 

term for the mean sample of the elements signal 

multiplications. In this case, the DOA estimation failed 

due to the improper extraction of the signal subspace 

[12].  

 

Over the last years, various coprime array structures 

have been proposed to perform the DOA estimation of 

the uncorrelated signals that are inapplicable to 

coherent scenarios [13]–[21].  To address the coherent 

signals scenarios on coprime arrays, the authors in [22] 

utilized the fourth-order cumulants for the received 

signal and in [23] the authors developed a Toeplitz 

matrix to estimate the DOA of  the coherent signals. In 

[24], the authors  proposed a method to rebuild  and 

rearrange the correlation matrix. The reconstructed 

correlation matrix has a full rank with upper triangular 

Toeplitz matrix. 

 

In this paper, a new approach for DOA estimation using 

coprime array is proposed to cope with coherency issue. 

The proposed method can be applied for both coherent 

and incoherent scenarios. Concerning the virtual 

elements resulted from the difference co-array based on 

coprime array; a combination of groups of virtual arrays 

with proper delay is generated. Then the correlation 

matrix is constructed to construct augmented 

correlation matrix.  The spatial smoothing is performed 



to de-correlate the augmented correlation matrix. 

Lastly, using the MUSIC algorithm, DOA estimation of 

coherent signal is implemented. The simulation analysis 

demonstrates the effectiveness of the proposed method 

to resolve coherent signals larger than the number of 

physical elements in the antenna array. 

 

The paper is structured as follows. In Section 2, we 

briefly present the coprime array structure and then 

devise the data model. In Section 3, the proposed 

coherent signal DOA estimation is presented. In Section 

4 the performance of the proposed method is illustrated. 

Section 5 concludes the paper. 

 

2- Array Data Model 

For a coprime array consists of two ULAs (N,M) as 

shown in figure 1, N and M are integers and the GCD 

(N,M)=1. The elements of these two subarrays are 

positioned at: 

 

𝑃𝑁 = {𝑛𝑀𝑑|𝑛 = 0,1, … , (𝑁 − 1)} 

𝑃𝑀 = {𝑚𝑁𝑑|𝑚 = 0,1, … , (𝑀 − 1)}                           (1) 

 

Where d is half the wavelength (λ/2), that indicates the 

unit spacing between elements.  The total number of 

element in the array is M+N-1 since the two subarrays 

share the first element position. The location set of all 

the elements in the coprime array is at ℙ = 𝑃𝑁 ∪ 𝑃𝑀. 

 

0                    1                     2                        ….                        N-1

0                          1                          2                          ….                             M-1

Md

Nd ….

….
N-subarray

M-subarray

 

Figure 1: Coprime Array Structure 

The difference co-array and the sum co-array can be 

established from the elements in the two coprime array 

respectively as shown in figure 2. The formal 

expression for the difference and sum co-array can be 

defined as follows:  

 

𝕃𝑠𝑒𝑙𝑓−𝑑𝑖𝑓𝑓 = {𝑁𝑚 − 𝑁𝑚} ∪ {𝑀𝑛 − 𝑀𝑛}; 

𝕃𝑐𝑟𝑜𝑠𝑠−𝑑𝑖𝑓𝑓 = {𝑁𝑚 − 𝑀𝑛} ∪ {𝑀𝑛 − 𝑁𝑚}; 

            𝕃𝑠𝑒𝑙𝑓−𝑠𝑢𝑚 = {𝑁𝑚 + 𝑁𝑚} ∪ {𝑀𝑛 + 𝑀𝑛};       (2) 

𝕃𝑐𝑟𝑜𝑠𝑠−𝑠𝑢𝑚 = {𝑁𝑚 + 𝑀𝑛} ∪ {𝑀𝑛 + 𝑁𝑚}; 

 

 

The virtual array elements position is as illustrated in 

the following: 

 

𝔻_𝕊 = 𝕃𝑠𝑒𝑙𝑓−𝑑𝑖𝑓𝑓 ∪ 𝕃𝑐𝑟𝑜𝑠𝑠−𝑑𝑖𝑓𝑓 ∪ 𝕃𝑠𝑒𝑙𝑓−𝑠𝑢𝑚 ∪

𝕃𝑐𝑟𝑜𝑠𝑠−𝑠𝑢𝑚                                                               (3) 

 

Where 𝕃𝑠𝑒𝑙𝑓−𝑑𝑖𝑓𝑓 and 𝕃𝑐𝑟𝑜𝑠𝑠−𝑑𝑖𝑓𝑓  denotes the self-

difference lags and the cross-difference lags of the 

coprime array elements respectively.  𝕃𝑠𝑒𝑙𝑓−𝑠𝑢𝑚 and 

𝕃cross−sum indicates the self-sum co-array and the 

cross-sum co-array for array elements respectively.  So 

that the number of DOFs that the spatial smoothing 

methods can resolve is MN+M+N-1. 

For Q narrowband signals that impinging on the 

antenna array from the directions (𝜃1, 𝜃2, … . , 𝜃𝑞), the 

data manifold of these two sparse arrays as follow: 

 

𝑎𝑁(𝜃) = [1 𝑒𝑗2𝜋𝑀𝑑𝑠𝑖𝑛(𝜃)/𝜆 … 𝑒𝑗2𝜋(𝑁−1)𝑀𝑑𝑠𝑖𝑛(𝜃)/𝜆] 

𝑎𝑀(𝜃) = [1 𝑒𝑗2𝜋𝑁𝑑𝑠𝑖𝑛(𝜃)/𝜆 … 𝑒𝑗2𝜋(𝑀−1)𝑁𝑑𝑠𝑖𝑛(𝜃)/𝜆]     (4) 

 

The received signal at t time is expressed as 

 

𝑥(𝑡) = ∑ 𝑎𝑁(𝜃)⨂𝑎𝑀(𝜃)𝑠𝑞(𝑡)𝑄
𝑞=1 + 𝑤𝑁(𝑡) = 𝐴𝑠(𝑡) +

𝑤(𝑡)                                (5) 

 

Where the operator ⨂ implies the Kronecker product 

and the expression aN(θ)⨂aM(θ) is identical to the 

data vector of the virtual array elements that result from 

the sum co-array of the antenna array. w is an additive 

noise that is uniformly distributed with zero mean and 

noise variance σ2 .  s(t) = [s1(t), s2(t), … sq(t)]T is the 

signal vector.  
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(b) 

Figure 2: The difference and sum co-array model of two coprime array (a) difference co-array (b) sum co-array 

 

The autocorrelation matrix with size (M+N-1)x(M+N-

1) can be defined as: 

 

𝑅 =  𝐸{𝑥 (𝑡)𝑥𝐻(𝑡)} = 𝐴𝑅𝑠𝑠𝐴𝐻 + σ𝑛
2 I                     (6) 

 

where the superscript (. )𝐻 denotes the Hermitian 

operation, and 𝐸{・} denotes the statistical expectation 

operator. 𝑅𝑠𝑠 is the source correlation matrix, σ𝑛
2  and I 

represent the noise variance and the identity matrix 

respectively. Then the correlation matrix is vectorized 

to a one column vector that models the virtual array 

element for single snapshots.  

 

𝑦 = 𝑣𝑒𝑐(𝑅) = 𝐵𝑝 + 𝑣𝑒𝑐(𝑅𝑛)                                  (7) 

 

Where 𝐵 is the new data matrix for the difference and 

sum co-array, p is the source signal. 𝑦 represents the 

received vector measurement for the virtual array. 

Applying the spatial smoothing for the consecutive lags 

to form a new vector y, can restore the full ranks 

correlation matrix, so y can be expressed as: 

 

𝑧 =  𝐵̌𝑝 + 𝑣𝑒𝑐(𝑅̌𝑛)                                                   (8) 

 

Where 𝐵̌ is the manifold of consecutive lags. Then the 

correlation matrix for the consecutive lags is expressed 

as follows: 

 

𝑅𝑧 = 𝐸{𝑧 (𝑡)𝑧𝐻(𝑡)}                                                    (9) 

 

Then, the MUSIC method is performed to estimate the 

uncorrelated signals with high resolution.  

   

For the case of the coherent signals scenario, the 

problem of rank deficiency is solved using the spatial 

smoothing techniques. The spatial smoothing technique 

such as forward spatial smoothing (FSS) and 

forward/backward spatial smoothing (FBSS) is applied 

by splitting the 𝐾 uniform antenna array into 𝐿0 

overlapping subarrays, each subarray with 𝑀𝑜 = 𝐾 −
𝐿0 + 1 elements. The number of the elements in each 

subarray is larger than the number of the coherent 

signals to be estimated. By averaging the correlation 

matrix of these subarrays, a smooth correlation matrix 

with 𝑀𝑜𝑥𝑀𝑜 size is used to solve the problem of rank 

deficiency. For FSS the antenna array is divided 

starting from the first element, while in the FBSS, the 

correlation matrix is performed for both the forward 

spatial smoothing and backward spatial smoothing. The 

correlation matrix of FSS and FBSS can be expressed 

respectively as follows: 

 

𝑅𝑓 =
1

𝐿𝑜
∑ ℱ𝑖𝑅𝑧ℱ𝑖

𝑇𝐿𝑜
𝑖=1                                                (10) 

 

𝑅𝑓𝑏 =
1

2𝐿𝑜
∑ ℱ𝑖(𝑅𝑧 + 𝛾𝑅𝑧

∗𝛾)ℱ𝑖
𝑇𝐿𝑜

𝑖=1                             (11) 

 
Where 𝑅𝑓 and 𝑅𝑓𝑏 are the forward smooth matrix and 

forward/backward smooth matrix respectively. 

 ℱ𝑖 = [0𝑀0×(𝑖−1)|𝐼𝑀0
|0𝑀0×(𝐾−𝑀0−𝑖+1), 𝐼𝑀0

 is the identity 

matrix. 𝛾 is the permutation matrix where the anti-

diagonal is one and the other values are zero. The 

decorrelation of the spatial smoothing reduced the 

number of DOFs. The number of the achievable DOF is 

𝐾/2 and  2𝐾/3  for FSS and FBSS respectively.  

 

3- Coherent Signals DOA Estimation  
 

In this section, we develop a new approach for 

estimating the DOAs of coherent signals with coprime 

arrays. The proposed method is based on the 

combination of virtual array with a proper delay to 

resolve more coherent signals with singular value 

decomposition of the correlated matrix. 

 

The virtual array is extended by combining it with 

several groups of virtual arrays as shown in figure 3. 

The groups of subarrays are set in a collinear. The time 

delay between the groups of subarrays due to q source 

is set to: 

 



𝑡𝑑𝑒𝑙𝑎𝑦(𝑔) = ∆𝑔sin (𝜃𝑞)                                                                         (12) 

 

Δ1

Δg 

... ... .........
0           1         MN+M+N-1 0           1         MN+M+N-1 0           1         MN+M+N-1

Group 1 Group g

 
Figure 3: Proposed array structure 

The output vector of the q-th signal of the virtual array 

is  

𝑧1 = [𝑧1(1) + 𝑧1(2) + ⋯ + 𝑧1(𝑞)]                           (13) 

 

For the output of the g-th subarray is expressed as: 

 

𝑧𝑔 = [𝑧𝑠1(1) + 𝑧𝑠1(2) + ⋯ + 𝑧𝑠1(𝑞)] exp( ∆𝑔sin (𝜃𝑞))  

                                   (14) 

 

Where ∆gis the space between the virtual arrays. Then, 

the correlation matrix is calculated for each virtual 

subarray. 

 

The correlation matrix at the output of the g-th virtual 

subarray is: 

 

𝑅𝑔 =  𝐸{𝑧 𝑔(𝑡)𝑧𝑔
𝐻(𝑡)}                                              (15) 

 

And by averaging the correlation matrices, the 

augmented correlation matrix is generated. The SVD 

decomposition is performed to decorrelate the coherent 

signals, and then the MUSIC method is applied to 

restore the coherent signals.   

 

4- Performance Analysis 

 

For simulation analysis, a coprime array with M=2 and 

N=3 that contains M+N-1=4 receiving array elements is 

implemented. The elements are positioned at 0,2,4 and 

0,3 for N-subarray and M-subarray respectively. For the 

difference and sum co-array, we can generate a 

contiguous virtual array ranging from -8 to 8.  Thus a 

correlation matrix with 9X9 is constructed which can 

resolve 8 DOFs using the proposed method. The 

proposed method can be applied to resolve the 

incoherent as well as coherent signals. The first 

simulation scenario deals with 8 incoherent signals with 

uniform direction (-40:40), SNR=0dB and snapshots is 

500. The simulation result is shown in figure 3(a). As 

shown in Figure 3(a), the vertical red dashed line 

indicates the actual direction of the coherent sources. It 

is clearly shown that the proposed method can estimate 

the source direction correctly. 

 

The performance of coherent scenario is performed 

with 8source with directions (-60:60), SNR is set to 0 

dB and the number of snapshots is 500. The simulation 

result is shown in figure 3 (b). As shown in Figure 3(b), 

the vertical red dashed line indicates the actual direction 

of the coherent sources. It is clearly shown that the 

proposed method can estimate the source direction 

correctly. 

 
 

(a) 
 

(b) 

Figure 4: DOA spectrum estimation of 6 sources signals using the proposed method. (a) incoherent scenario (b) 

coherent scenario 



The estimation performance is characterized by 

estimation error, so the root mean square error (RMSE) 

is computed, RMSE is defined by: 

𝑅𝑀𝑆𝐸 = √
1

𝑄𝑀𝑐
∑ ∑ (𝜃𝑞́

𝑀𝑐
𝑚𝑐=1

𝑄
𝑞=1 (𝑀𝑐) − 𝜃𝑞)2            (16) 

Where: 𝜃𝑞 is the true value of DOA,  𝜃𝑞́ is the estimated 

DOA in the 𝑚𝑐 − 𝑡ℎ Monte-Carlo trial. 𝑀𝑐 indicates 

the number of Monte-Carlo trials, which is set to 300 

trials. A comparison of RMSE with respect to SNR and 

snapshots is performed for the proposed method, 

forward spatial smoothing and forward/backward 

spatial smoothing. For RMSE with respect to SNR, 

SNR value range from -10 dB to 20 dB, the number of 

coherent signals is 4, and the number of snapshots is 

300. For RMSE with respect to the number of snapshots 

ranging from 100 to 500, the same number of coherent 

signals and SNR is 5dB. The performance of the three 

methods is shown in Figure 5(a) and (b). It is noted 

from figure 5 that the performance of the proposed 

method is similar to the FBSS in the two scenarios, and 

the two methods can perform better than FSS in low 

SNR ratio and less number of snapshots.  

 
(a) 

 
(b) 

Figure 5: RMSE curves: (a) versus the SNR for 4 coherent signals when snapshot is 300  

(b) versus the number of snapshots for 4coherent signals when SNR is 5 dB 

5- Conclusion 

 

In this paper, A DOA estimation method for coherent 

sources based on a coprime array is proposed. The 

proposed method process is based on the difference and 

sum co-array structure. A group of virtual arrays that 

are separated by a proper delay is generated. The 

augmented correlation matrix is constructed by 

averaging the correlation matrix of these groups of 

virtual arrays. Then, the spatial smoothing is performed 

to decorrelate the augmented correlation matrix, and 

finally, the MUSIC spatial spectrum is performed to 

realize DOA estimation of the coherent sources. The 

simulation result shows that the proposed method can 

realize DOA estimation of more coherent sources than 

the forward spatial smoothing and forward/backward 

spatial smoothing. Besides, the proposed method can 

estimate the coherent signals at low SNR. 
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ABSTRACT 

Visual elements are the essential parts of effective 

advertisement. Multiple factors make the visual elements 

useful, but they are not necessarily equally crucial in 

advertisement generation. Therefore, it might be wise to find 

out the scale of significance of each factor. This paper aims at 

formulating an overview of the metrics for quantifying the 

significance of the relevant factors. These metrics indicate 1) 

how significant each factor is for the effectiveness of visual 

elements, 2) the prioritised factors needed to be considered for 

advertisement generation, and 3) the typical methods for 

measuring the significance of each factor. The advertisers or 

other relevant practitioners may use these metrics as a reference 

when selecting the factors with higher importance. The 

algorithm developers can also use the metrics when developing 

the creative system for recommending the most relevant 

advertising elements. Due to time constraints and ethical 

concerns, all of the metrics or other relevant information were 

collected from the literature reviews. Besides, this paper will 

also elaborate on some typical methodologies used for getting 

these metrics.  

 

1. INTRODUCTION 

The role of visual elements ranges from attracting attention to 

making a favorable impression in the mind of consumers [1], 

from evoking brand recognition [2] to persuading consumers to 

make purchase decisions [3]. For example, applying factors 

such as spokesman’s colour temperature [4] could cause a 

better effect on the visual elements used in the advertisements. 

In theory, advertisers have to take all of the factors into 

consideration during the innovation process. However, some 

factors might have greater importance than others in some cases. 

For instance, the layout's complexity is the primary factor to 

consider when designing a jewelry advertisement. We can 

rarely find the existing literature that had discussions on 

multiple factors. Most of the papers only considered single or 

two factors instead. Therefore, it is intriguing to summarise the 

existing methods of quantifying and measuring the significance 

of relevant factors in this paper. Hence the objective of this 

research is summarised as follows: 

 

"Formulating an overview comprised with a set of metrics 

which can be used as a guideline for advertisement 

generators and researchers to consider when selecting the 

most critical factors (e.g., colors, sizes or layout 

complexity) while designing the visual elements appears 

in the advertising materials, thereby receiving a higher 

input-output ratio for the advertisements." 

 

Based on the research goal, we formulated the following 

research questions: 

Q1. What are the general purposes for the print 

advertisement?  

Q2. How can we categorise these purposes in terms of the 

AIDA model? 

Q3. What kinds of visual elements could constitute 

graphical advertising material? What are the roles of visual 



      

 

elements in successful advertisements? How do the visual 

elements help the enterprise to achieve their purposes?  

Q4. What factors may affect the effectiveness of visual 

elements in the advertisement? What factors can be controlled 

by advertising innovators?  

Q5. How do the existing works in literature quantify the 

significance of the individual factor? 

Q6. How can this paper interpret the existing quantified 

scale of significance and then turning them into suggestions to 

perform in future advertising innovation?  

Q7. How does the findings in this paper contribute to 

innovation and further research?  

The above research questions have been divided into three 

parts, the visualised distribution of the research questions can 

be found in Fig.1. 

 

2. VISUAL ELEMENTS IN GRAPHIC ADVERTISING 

MATERIALS 

This section comprises four parts. All the information was 

extracted from the literature review. It starts with explaining the 

AIDA model, followed by an analysis of collecting the graphic 

advertisement's general purposes. Subsequently, the role of 

visual elements was demonstrated for achieving purposes. 

Based on the two, the most representative factors that may 

influence the expected function of visual elements were 

gathered as a group.  

 

Figure 1. Structure of Paper 

 

Figure 2. AIDA Model 

2.1 The AIDA Model  

The AIDA model is the most popular hierarchy of effects 

models in advertising [5]. It dates back to the late 19th century 

when St Elmo Lewis realised that a customer has to be driven 

through a series of acquisition stages instead of just setting up 

a deal [6]. In 1910, Lewis wrote an article indicating the four 

steps as shown in Fig. 2 describes the process of purchasing a 

product, and it consists of attracting attention, evoking 

customers’ interests, forming conviction, and persuading the 

purchase actions. The four steps are known as the AIDA Model. 

[6] Advertising practitioners can use the AIDA model as a 

persuasion model that aims to convince people to make 

purchase decisions [7]. In 4.2, we will cluster the general 

purposes of advertising in terms of the four stages of the AIDA 

model. 

 

2.2 General Purposes of Advertisement based on AIDA 

Model  

Advertising is an essential tool for promoting products and 

introducing services to customers. For the ads to be effective, it 

must attract consumers' attention [8]. Therefore, capturing 

consumer’s attention becomes one of the relevant topics in 

recent research on advertising effectiveness [1]. For instance, 

the image was identified as one of the factors that can attract 

consumers' attention to an advertisement displayed in the media 

[8s]. However, the effectiveness of repeated print 

advertisements may decrease as the attention wear-out [9]. 

Therefore, the purposes of advertising are much more than 

attracting attention. Brand recalling and recognition are 

essential for consumers to form their attitude towards 

advertisements and the brand [10]. Consumers' attention and 

purchasing decisions are highly dependent on their attitudes 

[11]. Hence, we can summarise the general purposes of the 

advertisement into four steps: The first stage is to attract 

potential consumers' attention to promoted goods and products 

and then make a positive impression on consumers. Moreover, 

transforming the impression into consumers' brand recalling 

and recognition, and finally the brand recognition may 

persuade consumers to make the buying decision. We have 

visualised the four purposes in terms of the AIDA Model 

demonstrated in Fig. 3: 

 

Figure 3. Goals of AD Categorised based on AIDA Model 

 



      

 

2.3 Roles of Visual Elements for Achieving Goals  

Visual design in advertising affects consumers' perceptions and 

mindsets [12]. Image is one of the components in an 

advertisement, which gives a straightforward presentation of 

what is being promoted. It is also identified as a factor that can 

attract consumers' attention to the content of the ads [8]. Visual 

spurs in adverts tend to attract attention by aesthetics. [12] 

Besides, the visual design, also allows consumers to have the 

patience to make a holistic judgment of the message on the 

advertisement since visual design and aesthetics can give rise 

to consumers' affective responses after they decoded the 

advertising content [13]. Therefore, the visual elements make 

consumers form, change, and consolidate their perception [12]. 

Finally, attractive visual elements also play a role in evoking 

consumers' curiosity to know more about the promoted services 

and products, which leads to persuading customers to decide on 

purchasing the product [14]. Based on the contents mentioned 

above, Fig.4 summarises the role of visual elements. 

Figure 4. Roles of Visual Elements for Achieving Goals 

 

2.4 Factors Influencing Effectiveness of Visual Elements in 

Advertisements 

In Section 2.4, some primary factors are categorised in terms of 

the roles of visual elements mentioned in Section 2.3. It is 

expected that some factors might have the effect on the 

effectiveness of visual elements from attention capturing to 

purchase decision persuasion. 

It is not difficult to determine the relevant factors that 

affect the effectiveness of visual elements. Multiple pieces of 

literature have proposed that color has an effect on 

advertisements. For instance, Kareklas, et al., stated that color 

is a dominant visual feature affecting consumer perceptions and 

behaviors [15] while Pileliene, et al., concluded that colors 

could stimulate impulsive buying behavior [4]. Meanwhile, 

visual complexity seems to be another primary factor 

mentioned in several pieces of literature. For example, Pileliene 

and Grigaliunaite reflected that the low complexity of 

advertising layout helps the organisations create brand 

awareness and familiarity at the very beginning. However, the 

higher level of layout complexity is more beneficial to create 

an emotional value after the consumers passively preserve the 

brand in their memory [16]. Pieters, et al., believe that 

advertising's visual complexity plays a central role in stopping 

consumers and holding their attention in likable ways [17]. 

Besides, the size of visual elements also plays a vital role in 

attention capturing. Pieters, et. al. mentioned that there are three 

key advertising elements: brand, pictural, and text. The size of 

textual elements may positively be correlated with attention 

capturing while the size of pictural and brand elements may 

have less contribution in attracting consumers [1]. Tan, et al. 

and Chaney, et al. reflected that larger displays could immerse 

users and improve consumers' memory towards the brand 

image [18, 19]. Spokespeople are undoubtedly the 

indispensable role in the advertisement. Many literatures 

proved the effectiveness of spokespeople on attention capturing, 

perception forming, and curiosity evoking. For instance, 

Pileliene, et. al., mentioned that an advertising spokesperson is 

one of the undeniably essential factors affecting advertising 

effectiveness [20]. The suitable spokesperson may reinforce 

consumers' impressions of the brand, products, and services 

[21]. Pileliene, et. al., also revealed the positive effect of 

celebrity spokesperson on consumer purchase intentions [22]. 

Banyte, et. al., also emphasised that a celebrity's attribute is 

more likely to attract consumers' attention [23].  

 

Many other factors also influence the effectiveness of the ad. 

For example, consumers' previous impressions and familiarity 

with the enterprises could affect the brand and advertisement's 

attractiveness [24]. The exposure frequency [25] and exposure 

places [26] of the ad may correlate to attention attraction and 

consumers' perception. Finally, highlighting particular visual 

and verbal contents may give consumers a clearer picture of the 

promoted products, leaving an impression and subsequently 

forming perceptions [8]. In order to provide readers a clear 

picture of our findings, we have summarised and visualised the 

most common factors in Fig. 5. 

 

As shown above, some factors are not relevant to advertisement 

design or innovation itself, but they are more related to 

company strategies that can hardly be controlled by advertising 

generators. Hence, in section 3, we will be focusing on the 

literature related to the factors marked in blue. 

 

 

 



      

 

3. AN OVERVIEW OF MEASURING SIGNIFICANCE 

OF RELEVANT FACTORS 

This section aims to answer the two research questions: 1) How 

does the existing literature quantifies or measures the 

significance of individual factors? 2）How to interpret the 

current quantified scale of importance into the suggestions for 

advertisers and researchers to perform future advertising 

generation and research? These two questions are answered in 

Sections 3.1 and 3.2 respectively. 

Figure 5. Factors Affecting the Effectiveness of Visual Elements 

3.1. An Overview of Metrics Collected from Literature 

Review 

As mentioned in section two, this paper focuses on discussing 

the three factors: the complexity of the layout, the color of each 

visual element, and the size of the visual and verbal elements. 

On the one hand, the authors expected that the mentioned three 

factors are the easiest ones for the advertiser to handle. On the 

other hand, those factors are objectively related. In Section 3.1, 

the information is presented in the following three aspects: 1) 

the quantified significance of each factor, 2) how to collect the 

indicative data, and 3) the methods for processing and 

analysing the data used as indicators. 

 

 The complexity of the layout 

Pieters, et.al., proposed a study that intends to objectively 

measure the effect of the visual complexity and identification 

on consumers' attention to the brand, as well as their attitude 

towards the advertisement. In the experiment, they recruited 

3500 participants to participate in 100 testings. They showed 

the respondents with 249 full-page advertisements. Then the 

experiments were carried out with the following parts: Firstly, 

they tracked the movement of participants' eyes and recorded 

their gaze duration on brand, pictorial, text, and advertisement 

as a whole. And then they calculated the average gaze duration 

across about 100 consumers for each advertisement [17]. The 

investigators used a multivariate regression model to establish 

the effects of visual complexity and brand identifiability on 

consumers' attention. They assessed the extent to which visual 

complexity affects consumers' attention, comprehensibility, 

and attitude. The result revealed that the increasing visual 

cluster had an adverse effect on brand attention, while the 

increased levels of feature complexity diminish consumers' 

attitudes towards the advertisement.  

 

Pileliene and Grigaliunaite presented a study that aims to 

determine the effect of different levels of visual layout 

complexity on consumers' attentional resources engaging in the 

processing the advertising content, recalling & recognition of 

the brand, and purchase intentions [16]. The P300 Peak latency 

indicated the change of psychological functions [4] and is 

proportional to the number of attentional resources engaged in 

processing a given stimulus [27]. Therefore, Pileliene and 

V.Grigaliunaite analysed differences in P300 peak amplitude 

regarding different advertising complexity levels in their 

research. Participants were asked to watch the advertisement 

with various complexity levels. Researchers collected 

indicative data by using the EMOTIV EPOC EEG headset. The 

result showed that a higher advertising complexity level 

elicited a higher average P300 amplitude (7.577μV). It means 

the highest complexity level of the layout has more attentional 

resources involved in processing advertising content. They also 

used the questionnaire in the research to determine the 

influence of complexity level on brand recall, recognition, and 

purchase intention. They used the Likert scale to score 11 items 

and calculated the mean score value of each item. The result 

showed that brand recall is statistically better when the brand is 

presented in the advertisement with a simple layout. Still, 

complexity levels do not significantly influence brand 

recognition. The mean value (3.703) of the less complex 

advertisement's purchase intention is higher than more complex 

advertising (3.416). Therefore, the consumers' purchase 

intention may be higher if a less complicated layout presents it. 

 

 



      

 

 The color of each visual element 

Pileliene and Grigaliunaite（2016）proposed a methodology for 

testing the impact of color temperature on the attention 

capturing of advertising spokespeople. They classified the 

color into warm (about 2900K), white (about 4200K), and cool 

(about6000K). They showed three groups of advertisements 

with the same contents to respondents. The only difference 

between the color group was the color temperature among them 

(Figure 6). In their investigation, the monocular gaze is 

recorded using a mobile video-based eye-tracker named Tobbi 

Eye-tracking Glasses. 

 

Figure 6. Comparison between Three Groups of Advertisement 

The gaze indicates the fixation duration, which is the average 

duration of all fixations within the specific advertisement, and 

fixation count can be defined as the average number of times 

the participants fixated on the specific advertisement. Fixation 

duration and Fixation count describe the likelihood of capturing 

attention. The experiment used SPSS to statistic the two 

indicators. The result showed that the average viewing time to 

the advertisement with warm color temperature is 9.36s. The 

fixation duration to ad with cool color temperature is 5.43s. The 

fixation count for the advertisement with warm color 

temperature is 284.20, while for the ad with cold color 

temperature is 163.80. That signified that the advertisements 

with warm color temperature are more attention-capturing than 

those with cool color temperature [20]. 

 

 The size of verbal and visual elements 

Pieters and Wedel stated a study, that explores how does the 

size of the brand, pictural and textual elements affect attention 

capturing of the advertisement. 3600 consumers, who were 

aged 18-55 participated in this study. This study used three 

indicators of visual attention: the percentage of participants 

fixated on a specific advertisement at least once (Ad selection), 

the gaze duration to the full ad (Ad gaze duration), and the gaze 

duration to every single element in the advertisement (Ad-

element gaze). The study revealed that neither the brand's 

surface size nor the pictural affects attention to the entire ad for 

attention selection and duration. However, the participants’ 

attention heightened significantly when there was even a 1% 

increase in the text surface size. The ad selection improved 

by .05%, and the gaze duration had an increase of 16%. 

Therefore, the effect of the text size on the attention duration is 

noteworthy [1].  

Based on the information above, extracted from the literature, 

a visualised overview that facilitates the readers to have a 

clearer picture of the interrelationship between 1) the selected 

factors affecting the effectiveness of the visual elements, 2) the 

indicators used for measuring and quantifying the significance 

of the chosen factors, 3) the methods and equipment for 

collecting the indicative data, as well as 4) the methods for 

analysing the indicative data, information, etc. Fig. 7 

summarises the overall scope. 

 

In Section 3.2, we will transform the literature review findings 

into suggestions and provide ideas for performing 

advertisement generation and relevant research in the future. 

 

Figure 7. A Brief Visualised Overview of Findings from 

Literature Review 

3.2. Recommendations for Advertisement Generation and 

Research 

The suggestions inform the researchers and designers of the 

two things: the primary factors to consider when it comes to 

advertisement generation and the typical approaches for 

measuring the significance of each factor. This review 

anticipates that the first item is more helpful for advertising 

generation while the second item could be used as a guideline 

for researchers who want to investigate relevant research. 

 

 



      

 

 The primary factors for advertisement innovation 

Layout complexity affects visual elements from the beginning 

to the end. Many researches reflected that the layout complexity 

influences the attention capturing and it is also associated with 

consumers' brand recognition and purchase decisions. 

Consequently, the levels of complexity should be the primary 

factor to consider, in advertisement innovation. The sizes of the 

textual content in the advertisement should also be taken into 

consideration. Although very few researches mentioned the 

importance of textual size, it is more noteworthy than visual 

content and brand since designers may pay little attention. 

Besides, the color should be another essential factor that could 

significantly affect attention attraction and consumers' attitudes. 

It is expected that color should be relevant to multiple elements 

such as cue, saturation instead of only color temperature. It is 

undeniable that many other factors also play an essential role in 

visual elements' effectiveness, such as the spokesman's identity, 

the place of exposure. However, these factors may either be 

more relevant to the strategic level or hard to define the 

importance level since few pieces of literature mentioned the 

quantified significance of these factors. 

 

 The typical methods for measuring the significance 

and the proposed approach 

Numerous papers used gaze duration to indicate the 

significance scale of attention capturing and fixation on the 

advertisement. P300 amplitude reflects consumers' attention 

resources invested in each visual element and the ad as a whole. 

Many papers usually use gaze duration because it is measurable. 

Many research projects still use the traditional qualitative and 

quantitative methods to assess whether the factors significantly 

affect the 1) brand recall, 2) recognition, and 3) purchase 

decisions. The assessment is usually based on the multi-variant 

regression model. As discussed, the three things are relatively 

subjective than attention; hence it might be challenging to 

measure the significance based on the objective data in some 

cases. 

It is wise to explore more opportunities for using objective data. 

Gaze duration is undoubtedly the intelligible indicators that 

could reflect the attention, but we might need more indicative 

data to complement the drawback of qualitative and 

quantitative research. Section 4 will discuss more opportunities 

for future research. 

 

4. DISCUSSION AND IMPLICATION 

Based on covered literature, on methods for measuring and 

assessing significance, we can summarise the status of the art. 

The original researches in the literature are much more detailed 

and complicated than those described in this paper. Some 

details in the researches and experiments were skipped. As a 

result, it would be necessary to add more detailed 

methodologies in our future study, which may provide readers 

with a more objective overview of the existing approach for 

significance quantification and measuring. 

 

Additionally, due to the ethical concern, the paper collected all 

the necessary information from different articles that use 

various research methodologies for getting the metrics of 

significance scale. Therefore, it is not easy to compare the 

significance of the factors from multiple pieces of literature. 

The comparison will be easier if we use unified metrics for 

assessing the scale of importance. Perhaps qualitative and 

quantitative research is more efficient for collecting consumers' 

perceptions and attitudes towards these factors. Accordingly, 

getting unified metrics and comparing different factors' 

significance in various contexts will be required. The 

comparable metrics may facilitate designers and researchers to 

determine each factor's priority for different types of ad 

innovation. Besides, this paper only mentioned the metrics of 

three factors; it might be interesting to explore a broader range 

of factors' significance in future research. 

 

The proposed approach may help designers to select the 

essential factors that can be considered based on a specific 

purpose in the innovation process. On the other hand, the 

metrics' overview may open the window for researchers to 

notice the relevant research for measuring the scale significance 

in the advertising industry and inspire them to develop more 

useful and efficient methodologies for getting the new metrics. 

 

5. CONCLUSIONS 

Visual elements are usually responsible for the effectiveness of 

the advertisements. The visual elements consist of the roles 

such as 1) highlighting a picture of promoted products and 

attracting attention, 2) enabling consumers to form perception 

and attitudes towards the brands, 3) form brand 

recall/recognition, and 4) evoking consumers' curiosity to know 

more about the brand and persuading purchase decision.  



      

 

Although many factors may affect the visual elements' 

effectiveness, we currently experimented three factors that have 

metrics for assessing their significance scale. In summary, the 

three factors that have been investigated were 1) the complexity 

level of layout, the 2) colour of the visual elements and the 

whole advertisement, and 3) the size of the visual and verbal 

elements. The advertisement's complexity level can 

significantly affect attention capturing, perception forming, and 

evoking curiosity. Another two factors' contribution mainly lies 

in attention-catching, but colour may also influence the 

purchase decision in some cases. 

 

It is relatively easier to determine the objective metrics for 

measuring the significance of the factors' effect on visual 

elements' factual roles, such as attention capturing and attention 

resources used for process the advertisement. Researchers 

typically use the gaze duration to determine the period of 

consumers' attention on the advertisement and the frequency 

that consumers' focus on the particular visual element. The 

P300 amplitude indicates the changes of the attention resources 

used in the processing of the ads. When it comes to the effect 

on visual elements' subjective roles, researchers typically use 

qualitative and quantitative research to collect consumers' 

insight and then determine the significance level of factors' 

impact on visual elements' effectiveness using SPSS.  

 

In advertising generation, the metrics can help 

generators/designers determine the primary factors to consider. 

In academia, the overview of metrics may enable researchers to 

explore further the weakness of current research and future 

research opportunities. 
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ABSTRACT 

While tourism is becoming one of the popular topics in both 

the academic area and normal life, efficient tourism 

guidance is still lacking, even though it is important and 

imperative for the visitors, because it affects the tourist 

experience. Current tourist guides are planned by the 

visitors or some organisations, which are professional in the 

area of tourism. However, they may lack detailed data 

analysis for the specific tourist location as to the influencial 

aspects, there-off. This research considered, combining 

machine learning and the tourism association interest degree 

calculation in order to achieve a reasonable composition 

between different tourist areas. The algorithms that are 

created in this research are used for calculating the 

association degree between two tourist locations in the same 

destination. They can be used for tourist areas composition 

and for the visiting routine/guidance design.  

I. INTRODUCTION

When tourists visit a target location, there are many tourist 

areas to select from. The selecting compositions are 

different for many tourists. To detect the association degree 

of compositions of tourist areas is a kind of guidance for 

tourists. If the relationship between two tourist areas is close, 

the association degree is high, and new visitors can select to 

travel to both areas on the same trip. The association degree 

can be calculated by using an association formula with a 

novel data workflow based on machine learning. Some 

parameters could be trained to output the final formula after 

the parameters are fitted. Further, for the target location, 

based on data that is collected from the tourists visiting 

tourist areas, some compositions can be used for promotion. 

A number of machine learning core technologies are applied 

in the field of touristic public opinion, which can conduct 

comprehensive and full-time intelligent monitoring of 

tourists'. On the basis of association degree calculating, the 

government of tourism can complete a series of measures 

for more effective management. Machine learning and 

artificial intelligence technology can quickly make the best 

recommendation scheme according to the user's needs, 

comprehensively considering the most basic air ticket hotel 

information and recommendation principles, city order and 

days arrangement, scenic spots and sequence, various types 

of transportation, commodity scheme combination, etc., so 

as to quickly make the optimal recommendation scheme and 

provide a reference for the tourists' travel decision. Some 

domestic enterprises realise personalised recommendations 

of tourist routines based on artificial intelligence technology. 

The travel information of hundreds of millions of travel 

industry web pages collected in dozens of languages around 

the world are mined, through semantic understanding 

technology, to generate nodes, and intelligently provide 

users with a one-click generation of optimal routines 

recommendation. 

In this paper, there are five parts used for explaining the 

entire research, which are the introduction, related work and 

background, association degree calculating and predicting 

algorithm, application example, and conclusion.  

II. RELATED WORK AND BACKGROUND

A. Tourism Area and Machine Learning

Machine learning refers to the use of computer programs to

simulate human abilities, to learn knowledge and experience

from practical examples [11]. It is an important way for

computers to acquire knowledge, a learning structure, a way

of thinking, a method and an important symbol to realise



artificial intelligence [12]. In short, machine learning is the 

use of algorithms to analyse data to make inferences or 

predictions. At present, machine learning is more and more 

widely used in people's daily life, including image 

recognition, fraud detection, semantic analysis, automatic 

driving, which has gradually penetrated into all aspects of 

social development [13]. 

From the perspective of the tourist industry, the application 

of machine learning includes tourist management, tourist 

service and tourist marketing [1]. In terms of tourist 

management, the machine learning method can realise real-

time and dynamic monitoring of the tourist industry, public 

opinion monitoring of tourist destinations, and intelligent 

management and scheduling of scenic spots. In terms of 

tourist service, the machine learning method can realise 

intelligent information search and query, intelligent face 

recognition, self-help language translation, and improve the 

efficiency of the tourist service [2]. In tourist marketing, it 

realises tourist big data precision marketing based on the 

machine learning method, and it improves user conversion 

rate and optimises the user touring experience [3]. 

Machine learning and related techniques have been applied 

in many aspects of tourist areas. The application of the urban 

brain has gradually deepened [14]. Based on big data and 

machine learning algorithms, it helps the city realise the 

real-time, full volume and whole domain intelligent 

application of data [15]. Through the Internet of things, the 

data scattered in all corners of the city are connected. 

Through the analysis and integration of a large amount of 

data, the city can be analysed, directed, mobilised and 

managed in real-time [15]. Through machine learning and 

artificial intelligence technology, the huge data is 

transformed into a scientific and reasonably robust business 

model, thus forming a real-time large overview of urban 

traffic, so as to complete the dispatching and management 

of the urban traffic system. 

B. Proposed Association Degree Models

Some existing algorithms are used for calculating the 

association relationships between elements. Such as Apriori 

and FP tree algorithm. For the Apriori algorithm, support is 

used as the criterion for judging frequent itemsets [13]. The 

goal of the Apriori algorithm is to find the largest frequent 

set of K terms. There are two meanings here [12]. First, we 

need to find frequent sets that meet the support criteria. But 

there may be many such frequent sets. The second level of 

meaning is that we want to find the largest number of 

frequent sets. For example, if we find the frequent sets ‘AB’ 

and ‘Abe’ that meet the support degree, we will discard ‘AB’ 

and keep only ‘Abe’, because ‘AB’ is a 2-term frequent set 

and ‘Abe’ is a 3-term frequent set. 

So specifically, how can the Apriori algorithm be used to 

mine frequent k-itemsets? The Apriori algorithm adopts the 

iterative method. Firstly, the candidate itemset and the 

corresponding support degree are researched, and the one 

item set lower than the support degree is pruned to get the 

frequent one item set. Then connect the remaining frequent 

1-term sets to obtain the candidate frequent 2-item sets.

Filter out the candidate frequent 2-item sets that are lower

than the support degree to get the real frequent binomial set.

Then, iterate until the frequent (K + 1) itemsets cannot be

found. The corresponding frequent k-itemsets are the output

of the algorithm [12].

It can be seen that this algorithm is still very simple. The ith 

iteration process includes scanning and calculating the 

support of candidate frequent i-itemsets, pruning to get the 

real frequent i-itemsets and connecting to generate 

candidate frequent i + 1 itemset [13]. 

The association degree between two elements in the itemset 

can be detected in this way. However, the calculation which 

fits for data in the itemset, it is rarely fit for the tourist area. 

As a single tourist area includes data from previous years, it 

is hard to detect relationships in the timeline with the 

Apriori algorithm. Furthermore , relationships in the tourist 

area should be detected by considering trends of the data 

changing. The Apriori algorithm is used for detecting static 

data relationships in one processing loop [14]. 

In tourist area association degree calculation and predicting 

algorithm, different influential elements should be 

considered, including the number of tourists (quantity) [3], 

tourist area revenue, social influential ability, and so forth 

[4]. In this research, an association formula-based 

calculating and predicting algorithm is established [5]. As 

the computer algorithms are applied in a tourist application 

creative computing method, the knowledge combination is 

used for completing this interdisciplinary method. 

Knowledge from computer science with machine learning 

algorithms and tourism knowledge are combined to achieve 

the novel algorithm [15].  

III. ASSOCIATION DEGREE PREDICTING 
ALGORITHMS

A. Extracting Associate Rules between Two Tourism

area

The first step of this algorithm is to extract the association 

rules between two tourist areas. Some elements have 

influences on tourist areas’ connections. The tourist areas 

can be considered as the carriers which display problems. 

The problems are considered to be the association degree of 

two tourist areas.  

In order to extract the associate rules, the workflow is, 



 
Figure 1. Workflow of Association Rules Extraction and 

Associating Degree Calculating 

 

In this research, the associating degree is between two 

tourist areas. In the workflow, there are three tourist areas, 

which are tourist area A, B and C. The target is to find the 

composition for each two of them that are connected more 

tightly. Initially, the association rules can be detected based 

on these three tourist areas' traits. In a tourist area, many 

factors are attractions for tourists, such as charming scenery, 

comfortable dinners and hotels, being composed with 

culture and so forth. Those factors are the potential 

connections between different tourismt areas.  

 

As one of the fastest growing industry in the world, tourism 

has the advantage of resisting political violence and natural 

disasters [6]. Once these events disappear in most tourist 

destinations, they will rebound rapidly. There are at least 

three types of impacts related to tourist areas, which can be 

divided into the following three categories: economic, 

environmental and social impacts [7].  

 

The economic impact includes the monetary benefits and 

costs of developing and using tourist facilities and services 

[7]. Mason claims that tourism can promote the local 

economy and create jobs, but it can also lead to higher land, 

housing and food prices [7]. Tourism can earn more foreign 

exchange, increase government revenue and promote 

regional development [8].  

 

Environmental impacts include changes to the natural 

environment, including air, water, soil, vegetation and 

wildlife, and changes in the built environment [9]. Mason 

believes that the income generated by tourism can maintain 

scenic spots, cultivate people's interest and willingness to 

protect the environment, and promote the establishment of 

national parks and the protection of buildings and 

monuments [7]. Tourists' selections may be influenced by 

the environment of the tourist area, economic factors, social 

factors. The relevance of two tourist areas can be calculated 

based on these three factors with weighted parameters [10].  

B. Training Association Degree Calculating Model  

After confirming the parameters of the influencing elements 

between two tourist areas, the associating degree between 

two tourist areas can be calculated by the formula below: 

 

𝑅 =
𝐶𝑜𝑣(𝑋, 𝑌)

√𝑉𝑎𝑟[𝑋]𝑉𝑎𝑟[𝑌]
 

 

The relationships between the two tourist areas are positive 

in (0, 1) interval, negative in (-1, 0) interval. 

 

All confidence values can be used to detect relationships 

between tourist areas to fulfill the detecting step. 

Considering there are three parameters that should be 

considered in the calculation of the relationship, the formula 

can be generated as, 

 

R=R(E)+R(Ec)+R(S) 
 

Adding the association degree calculation formula in the 

integrated formula, the final formula for confirming 

association degree is: 

 

R=
𝐶𝑜𝑣(𝑋𝐸, 𝑌𝐸)

√𝑉𝑎𝑟[𝑋𝐸]𝑉𝑎𝑟[𝑌𝐸]
+

𝐶𝑜𝑣(𝑋𝐸𝑐,   𝑌𝐸𝑐)

√𝑉𝑎𝑟[𝑋𝐸𝑐]𝑉𝑎𝑟[𝑌𝐸𝑐]
+

𝐶𝑜𝑣(𝑋𝑆,𝑌𝑆)

√𝑉𝑎𝑟[𝑋𝑆]𝑉𝑎𝑟[𝑌𝑆]
 

 
The final output of this step is the association value between 

tourist area X and tourist area Y.  

Before the tourists visit a target place, a list of calculations 

can be completed by using this algorithm to provide the 

visitors a selection. In this way, the culture or natural 

scenery can be promoted better and visitors can choose a 

travelling line easier. 

 

In the next part, an application of the data processing in two 

tourist areas is stated. 

IV. APPLICATION 

In these two tourist areas, there are three factors that are 

considered for associating degree calculating, which are the 

tourists’ quantity changing percentage, cost changing 

percentage, and revenue changing percentage. The tourists' 

quantity changing percentage is the social influential factor, 

cost, and revenue changing percentage, which are combined 

into the economic influential factor. Based on the formula 

that is created in this research, the association degree 

between two tourist areas can be calculated eventually. 

  

In Figure 2, the changing trend of the tourist quantity in two 

tourist areas from the year 2016 to the year 2020 are 

presented. In Figure 3, the changing trend of the cost in two 

tourist areas in these five years is presented. Then in Figure 

4, the changing trend of the revenue in the two tourist areas 



in these five years are presented. Based on the collected data, 

the association degree between these two tourist areas can 

be extracted, which is presented in Table 1. 

 

As is presented in Figure 2, the changing trends of the 

visitors’ selection are opposite in these two tourist areas. The 

associations between the tourist areas in this aspect are 

negative. 

 

 

 

Figure 2. The Changing Percentage of Tourists Quantity in 

Two Tourist Areas 

 

In Figure 3 and Figure 4, the association trend is not similar 

to the tourists’ quantity. From the year 2016 to the year 2019, 

the cost and revenue changing trend is in a similar trend and 

then turning into differences in the year 2020. It will have 

negative influences on the association degree calculation. 

 

 
 

Figure 3. The Cost Changing Percentage of Two Tourist 

Areas 

 
 

Figure 4. The Revenue Changing Percentage of Two 

Tourist Areas 

 

Table 1. The Associating Degree Between Tourist Area A 

and Tourist Area B 

Associating 

Degree 

Tourist Area A Tourist Area B 

Tourist Area A 1.00 -0.37 

Tourist Area B -0.37 1.00 

 

Finally, the associating degree between the two tourist areas 

is negative at 0.37. The two tourist areas could rarely be 

connected within the visitors’ perspective. Therefore, from 

the government's perspective, it is unnecessary to combine 

these two tourist areas when researching tourism designing 

and planning. 

 

V. CONCLUSIONS  

In this research, a tourist area associating degree calculating 

algorithm is created for discussing the connections between 

two tourist areas. The algorithm is based on tourist area 

factors and the association degree calculating formula. The 

final output is the association degree between two tourist 

areas, which can be the basis for government tourism 

planning and designing. For visitors, the selection of tourist 

lines can be based on the associating degree as well. 
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Abstract 

The FPGAs have proven their efficiency over other digital 

hardware platforms and DSP processors, and still top them 

especially for real time applications. This is due to highly 

configurable hardware that the FPGAs are built from, since 

they consist of very large numbers of reconfigurable gate 

structures. The other very important features of FPGAs are 

MIPS (Millions of instructions that can be executed per 

second) and MMACS (Millions of Multiply-Accumulate 

Operations per Second). In spite of all this finesse, however, 

there is a big drawback with huge data processing according 

to the limited number of I/O pins of FPGA processors that 

restrict the number of data samples to be processed 

simultaneously. Different methods are suggested to resolve 

this problem such as segmentation techniques or assistance 

of external RAM. Professional intelligent systems can 

determine the most suitable technique for huge data 

processing depending on experience knowledge based on an 

extended data base about segmentation techniques and 

partitioning algorithms. FPGA based digital system design 

using different Xilinx processors, also requires an extensive 

experience about these processors, their special features and 

capabilities with full information of available resources for 

each processor. So, a smart expert system with its 

comprehensive data base, can give a perfect decision 

pointing into two directions of processing strategies. The 

first one is to choose the efficient processing technique for 

specific huge data application systems. The second direction 

is to determine the most suitable Xilinx processor that its 

available resources and processing criteria, such as speed 

and operation conditions, match specific application 

requirements without any loss for processor components and 

utilities. An expert FPGA design is adopted in this paper, 

depending on the features and possibilities of the used 

FPGA kit, as well as the demanded features of the 

implemented system to make a genius segmentation 

algorithm of the huge processed data that match FPGA 

potential with efficient and high production quality. This 

expert FPGA based hardware design is done with the 

assistance of Xilinx System Generator block sets.  Xilinx 

software ISE 14.7 with (VHDL) language and MATLAB 

R2013b are the combined S/W for our application. The 

Xilinx production systems referred to in this paper, for 

device utilization comparison and testing, are Artix, Spartan, 

Kintex, and Virtex processors. 

I. INTRODUCTION   

FPGA capacity increases rapidly to tens of million system 

gates that makes it the more suitable platform for many DSP  

hardware designs and implementations. It consists of regular 

and flexible configurable logic cells and input/output blocks 

with powerful routing interconnections of these basic 

elements. All these parts are programmable which can be 

reprogrammed completely with the specified application. 

FPGA also provides both single-port and dual-port RAM 

which are very important for many real time processing.   

A lot of digital signal processing depends mainly on FPGAs 

in their design and hardware implementation. Filtering 

processing is one of the main DSP applications that can be 

effectively designed and implemented using the FPGA kit 

[1], [2], to be the basis for many real time applications.  

 

Various hardware platforms can be depended upon for 

implementation of real time signal processing. Each 

platform has its own strengths and weaknesses. FPGAs offer 

unique and specialty configurations for various signal 

processing applications. FPGAs are still the best candidate 

choice due to their reconfigurable gate structure and MIPS 

requirements of operation, as well as the fact that FPGAs 

offer low design cost. 

 

FPGAs are usually used with many high data density (huge 

data) DSP applications such as modern digital image 

processing with real time systems, since FPGAs are good at 

flexibility, reprogramming and parallelism. Therefore, the 

processing speed is acceptable and gives a fast output 

response compared to other available digital hardware 

platforms [3]. 

In spite of all FPGAs utilities, the huge data system can 

impact and paralyze its efficiency due to the restricted 

number of I/O ports available for each FPGA and Xilinx 

processors [1]. This problem can be solved by the assistance 

of external RAM synchronized with the Xilinx processor.   

Xilinx System Generator (XSG) can contribute in solving 

this problem and also submits many other design facilities    

related to any digital system design. 

The choice of a suitable technique to treat the huge data 

system is in fact a big problem. The most suitable Xilinx 

product in any digital system design needs an extended 

experience of all features and conditions of the available 

digital hardware. This makes the use of an expert system 

very essential with any real time applications.  

II. SYSTEM GENERATOR  

The System Generator is one of the main parts of the Matlab 

Simulink library. This tool box is named a Xilinx Block Set. 

The function of SG, is mapping the Xilinx block elements 

design to the FPGA internal implemented circuits. It also 



provides system tools for HDL simulation and 

implementation.  

The Xilinx System Generator (XSG), from a professional 

point of view, is a DSP design tool based on the Matlab 

Simulink library that provides a block set of the main 

required digital processes for most system designs. Using 

modules in this library, the System Generator can directly 

converts project designs automatically into HDL codes. 

The design with XSG is very easy since the designer does 

not need an in depth knowledge of VHDL programming, but 

only needs one for a DSP Simulink modeling environment. 

Synthesis and routing, which are essential steps for the 

downstream to generate an FPGA programming file, are 

automatically performed. The System Generator integrates 

the design and FPGAs that combine the RTL and Simulink 

in an united simulation and implementation environment. 

If the required function cannot be found in the Xilinx Block 

Set then these Complex systems must be developed as a 

combination of multiple modules. XSG supports a black box 

block so the RTL is imported to Simulink. Thus the design 

with System Generator block set, offers the possibility to 

access predefined functions such as high-speed multipliers. 

The other important design flexibility is the ability to 

incorporate user defined VHDL blocks in the processed 

model.  

On other hand, the XSG and HDL Co-simulator enables the 

designer to do some important design requirements: 

diagnose the fault, analyze the system and evaluate its 

performance. This leads to reduced design time while 

keeping to meet the design specifications. 

The System Generator can automatically generate test 

benches. The outputs can then be compared with the 

recorded results from the Simulink simulation in the VHDL 

package. 

III. SYSTEM  DESIGN USING XSG 

The System Generator is one of the simplest FPGA design 

tools. It represents the perfect match between the high level 

digital system design and the FPGA hardware 

implementations without the need to have any professional 

experience in the languages details of FPGAs. Designers 

just need to build the model in Simulink, and more precisely 

the System Generator Block Set, while the VHDL codes can 

be generated automatically, that lead to implement the 

model on the FPGA device [4]. The design process of the 

System Generator can be summarized as follows: 

1. Formalize the mathematical description of the system. 

2. Convert the mathematical function to the Simulink model 

using the XSG block set. 

3. Generate HDL codes and other project files 

automatically. 

4. Debug the HDL codes and other project files in the FPGA 

software package (ISE) 

5. Download the generated program to the FPGA device to 

implement the designed system. 

These steps are well illustrated in Fig. 1. 

The Xilinx block set consists of a system generator (SG) 

block which is responsible of the system control and a black 

box block that implements the majority voting circuit in 

VHDL. Many other function blocks are available in XSG 

block sets that include different DSP and data processing 

operations. Gateway IN and gateway OUT are also parts of 

the Xilinx block set, which are used for type conversion 

from Matlab data type to Xilinx data type.  
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 1. System Design using XSG. 

IV. HUGE DATA MANIPULATION 

The main restriction of FPGAs is the limited number of I/O 

pins which can be a big limitation of implementing DSP 

applications of huge data with this high speed hardware. So, 

we can get the assistance of XSG to segment this huge data 

to acceptable limits within FPGA capacity of input and 

output. 

Any huge data cannot be processed entirely in the same 

time. Instead of that, a specified length of this data is usually 

processed simultaneously. This specified amount of data can 

be segmented at high level, using the XSG block set. Then 

this segmented data, which is limited in number, is 

transferred to the FPGA kit to do their required processing. 

After that, the processed data is returned to the Matlab 

Simulink environment, to be collected in order to form the 

entire huge data. Fig. 2 shows the flow chart of executing all 

above steps of huge data processing with FPGA platform. 

A. Expert System 

The overall system design will be classified into two main 

parts. The first part is the expert system and the second is 

the XSG design of the implemented system depending on 

the optimal decision that was given by the expert system. 

The other important part that is included in the expert 

system, is the very large and extended database. This 

database can be updated continuously during the system’s 

Mathematical Formulation 

of Huge Data  System 

System Design Using XSG 

Block Set 

Generate  

Register Transfer Logic  
(RTL) 

Testing and Debugging 

Downloading to FPGA 



life time, according to the newest production and available 

solutions for digital signal processing design tools. 

 

The expert system must have a comprehensive knowledge 

depending on a very wide data base and a big information 

area of all available FPGA productions and different 

versions of Xilinx processors. The user must submit the 

critical conditions and specific design criteria for the 

demanded system design for any digital signal processing 

application. One of the most important parts of information 

about the FPGA kits and different Xilinx processors is the 

available input output pins. 

 
 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

Fig. 2. Flowchart of FPGA-based Design with Expert 

System. 

The solution of this problem is segmenting these data to a 

fixed block length that match the FPGA I/O restrictions. 

These blocks are translated to FPGA individually. XSG 

supports a black box block so the RTL is imported to 

Simulink. This is a very useful facility that can be used due 

to the designer's special requirements. Hence, image 

filtering algorithm can be done within this block. 

Before starting the FPGA software, many parameters must 

be known in order to choose, the more suitable FPGA 

products, and also to determine the preferred techniques to 

be used. The decision must be made by an expert system to 

make a trade-off between different emergent demands 

depending on the available data and products’ possibilities. 

As shown in Fig. 3 the data transition with the data base is 

bidirectional in order to deliver the available data and to 

take design specification. Also, this data base can be 

updated and developed continuously according to the new 

Xilinx products and processor manufacturing technology. 

B. Data Base 

In fact the inventor of the Field Programmable Gate Array is 

Xilinx, and their hardware programmable product can 

deliver the most efficient and dynamic processors. 

 

 

 

 

 

 

 

 

Fig. 3. Expert System's Block Diagram. 

Xilinx adopted the developments of adaptive and flexible 

processing platforms that submit super powerful new 

products depending on a variety of technologies, starting 

from endpoint and ending at the cloud.  

Thus, the candidate hardware platforms that will be 

discussed in this paper are the Xilinx FPGA processors. So, 

the database of the intelligent expert system includes mainly 

the available Xilinx products with the main features of each 

product. The stored features of each processor include 

mainly the amount of logic cells, block RAM, and the 

number of IO pins. The main factor that relates directly to 

the huge amount of data processing is the number of IO 

pins. Table I presents the most important features of some 

Xilinx products.  

TABLE I.  RESOURCES OF XILINX PROCESSORS 

Each Xilinx product version has a series that includes 

different FPGA processors which are characterized by their 

special feature. Each processer has its family members that 

differ highly through many processing characterization such 

as system gates, block RAM, user I/O and many other 
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factors that determine the processor's capability. As an 

example the Spartan FPGA processor with Xilinx products 

include a series start at Spartan 1 and continue to Spartan 7, 

and each one of them includes an extended series, each 

processor of any series has its family members that 

specialized by its different features from others. So, as an 

example, one of the Spartan 3 series is Spartan 3E that has 

five family members as shown in Table II [5]. 

Thus the expert system data base contains so many branched 

tables for each Xilinx processor series and family members 

to enable the expert system to choose the most suitable 

FPGA processor for any specific required applications. 

TABLE II.  SPARTAN 3E  FAMILY SERIES. 

 

Hence, huge data processing application systems to be 

designed and implemented using the more suitable Xilinx 

product need the aid of the expert system which has a large 

database on the special features of the Xilinx FPGA 

processors as well as on some important and efficient digital 

techniques that can be dependant in such situations.  

Fig. 4 presents different industrial applications which can be 

configured and formulated with every Xilinx processors’ 

groups depending on their potential efficiency, operation 

conditions, available component, design resources and 

processor utilities.  

Spartan  6 « 

1. Industrial Networking 

2. Motor control 

Artix 7 

1. Motor control 

2. I/O Module 

Kintex 7 

1. computational 

2. DSP applications 

3. High band width application, video, data         

processing, and transmission. 

Zynq-7000 

1. Video surveillance 

2. Machine vision 

3. Motion control platforms 

 

Fig. 4. Industrial Applications for different Xilinx 

Processors. 

Fig. 5 illustrates the application bands which prefer to be 

designed and implemented with specific products more than 

others. The available resources for different Xilinx product 

FPGA processors shown in Table I emphasize the 

processors - applications correspondence.   

 

 

 

 

 

Fig. 5. Applications Cost optimized for Xilinx Processors. 

V. CASE STUDIES 

A. Case 1: Median Filter Design 

The image was taken here as an example of huge data. So, if 

the processed image of size 200x200 is taken then the whole 

input data become 40000 data samples (this number for 

input data only without any consideration to the output 

requirements) and this number of input data samples is huge 

and out of FPGA I/O pins limits.  Thus the Xilinx products 

cannot cover all these data simultaneously which leads to 

lock the processing scheduling while forcing the processor 

to stay in its state without proceeding any further. The 

chosen application in this case is image processing. The 

problem of huge data is solved by using image segmentation 

techniques that are designed using Xilinx block sets. Here 

the black box block is used to take a small window of the 

processed image, which is stored in a RAM, as shown in 

Fig. 6 and completes the processing on this window before 

entering the new segment of the processed image. 

          

Fig. 6. Data Segmentation by using a Black Box [1]. 
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Another median filer design by using the XSG hardware 

design for the sorting circuit is shown in Fig. 7. The black 

box in this design acts as a digital comparator that accept 

two inputs only. The segmented data in the window enter 

simultaneously to all comparators at the same time. 

 

Fig. 7. Systolic Median Filter Design using XSG [6]. 

The decision of the Expert System is shown in Table III, and 

the hardware implementation results of the median filter 

design with different Xilinx products is summarized in 

Table IV. 

TABLE III.  EXPERT SYSTEM DECISION FOR MEDIAN FILTER 

DESIGN 

 

TABLE IV.  RESOURCES OF MEDIAN FILTER DESIGN 

 

B. Case 2: Turbo Coder 

The basic turbo codes should have two parallel 

convolutional codes with one interleaver that is called a 

turbo interleaver. For high speed, the parallel codes can be 

processed simultaneously. A simple structure of turbo code 

is shown in Figure 8. The first encoder applies first parity 

bits sequence, and its interleaved sequence is encoded to 

second parity bits sequence by the second encoder [7]. 

 

Fig. 8. Block Diagram of Turbo Coder. 

The output of the expert system ensures that the Artix 

processor is the most suitable for the FPGA based turbo 

encoder design among other Xilinx products. 

TABLE V.  EXPERT SYSTEM DECISION FOR TURBO CODER 

DESIGN 

Recommended Technique Processor 

Expert decision Serial entering Artix 

 

The amount of used resources with various FPGA 

processors, to implement the turbo encoder, is summarized 

in Table VI.  

TABLE VI.  RESOURCES OF TURBO CODER DESIGN 

The turbo decoder needs more design components and 

processor resources. As such, Artix and Spartan processors 

are excluded. The Virtex processor is the optimal choice for 

the decoder design, which is the decision of the expert 

system as shown in Table VII. Now, Table VIII presents the 

required resources for the decoder design with higher level 

Xilinx processors. 

TABLE VII.  EXPERT SYSTEM  DECISION FOR TURBO 

DECODER DESIGN 

Recommended Technique Processor 

Expert decision Serial entering Virtex 

TABLE VIII.  RESOURCES OF TURBO DECODER DESIGN 

 Virtex-4 Virtex-5 Kintex-7 

No. of Slice 
LUTs 

4.857(39%) 4.197(21%) 6.131 (3%) 

No. of Slice  

Registers 

4.875(39%) 4.911(21%) 153    (1%) 

BIOs 11 (5%) 11 (4%) 11      (2%) 

Recommended Technique Suitable Processor 
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Number of  
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(16%) 
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(6%) 



A special case can occur when implementing the turbo 

decoder with FPGA processors, that the required resources 

may exceed the availability of the recommended processor 

[8]. Table IX shows the required design components for the 

turbo decoder using the Virtex 7 Xilinx processor.  

TABLE IX.  RESOURCES OUT OF THE PROCESSOR 

AVAILABILITY [8] 

Resources Used Available Utilization 

No. of LUTs 139258 303600 45% 

No. of Bonded 

IOBs 

1200 700 184% 

No. of DSP 
Slices 

456 2800 16% 

 

Approximately all the over range cases, the design 

requirements of which exceed the available resources of a 

specific processors, relate to the IOBs resource which is 

limited for all processors versions. I/O cannot be made free 

in a specific number or over a specified allowed limit with 

any processor manufacturing technology. 

C. Case 3: Adaptive Noise Cancelling System 

Adaptive noise cancellation (ANC) is used with a non-

stationary environment. The heart of adaptive noise 

canceller is the adaptive filter that cancels the interference 

noise from the desired signal by continuously varying its 

weights. Different optimized algorithms can be used to 

adapt filter performance. The LMS Algorithm is usually 

used to update the weights of the adaptive filter. The main 

reason behind choosing the LMS algorithm is due to its 

simplicity and high performance efficiency [9]. A simple 

block diagram of an adaptive noise cancelling system is 

shown in Fig. 9. 

 

 

 

 

 

Fig. 9. Adaptive Noise Cancelling System. 

In this case study the LMS algorithm was implemented 

using different FPGA processors to determine the difference 

between the used resources for each processor and then it 

can decide the most suitable one. 

The expert system gives the decision shown in Table X, for 

FPGA based implementation of the ANC system. 

TABLE X.   EXPERT SYSTEM DECISION FOR ANC DESIGN 

The resources used with the FPGA design for the LMS 

algorithm and ANC system with different processors is 

shown in Table XI. 

It is clear from the data in Table X that the Spartan 

processor is the preferable among the others, due to the 

utilization ratios which indicate efficient utilization of the 

processor resources.  

TABLE XI.  RESOURCES OF ANC SYSTEM 
 

VI. DISCUSSION AND ANALYSIS 

As we mentioned earlier, one of the main problems in 

FPGA based designs is the limited number of input and 

output pins because it represents the basis for achieving the 

design. Otherwise what is the benefit of the design if I 

cannot enter the data and then extract the results to work 

with and implement them. 

The best way to study and analyze the results is by 

presenting them with charts that save a lot of researcher's 

effort. In this section the results of the three case studies 

were plotted in the following figures.  

Figure 10, Figure 11, Figure 12, and Figure 13 are for 

median filter design, turbo encoder design, turbo decoder 

design, and adaptive noise canceller system design 

respectively. These graphs are plotted for one of the design 

factors which is IOBs, which represent the number of input 

and output pins. Here the ratios of the needed IOBs with 

respect to the total available are taken. The dependent on the 

ratios is very important in expert system design. Thus, when 

the percentage is high, this indicates that the processor used 

is very suitable to implement the required design. 

 

 

Fig. 10. Percentage of used IOBs for median Filter Design 

with various FPGA Processors. 
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Fig. 11. Percentage of used IOBs  for Turbo Encoder 

Design with various FPGA Processors. 

 

 

Fig. 12. Percentage of used IOBs for Turbo Decoder 

Design with various FPGA Processors. 

 

 

Fig. 13. Percentage of used IOBs for ANC Design with 

various FPGA Processors. 

 

From Figure 10, it can be seen that the Spartan family is 

preferable for the 3*3 median filter design; more precisely 

Spartan 3. Spartan 6 is too far away to be a suitable 

processor used to spatial filter design of order three since the 

required input and output pins is somewhat few in number. 

If other filter designs are needed, and if the filter order is 

high, then the modern versions of the Spartan products may 

be required. 

Figure 11 shows that the preferred processor for encoder 

design is Spartan, while the decoder needs at least the Vertix 

processor as is clearly shown in Figure 12. This is due to 

known axiom that states that the turbo decoder design is 

more and more complex than its encoder design. An 

overview to the chart of Figure 12 shows us that the Xilinx 

processor generations seem to be approximately the same 

for the turbo encoder design from a point of view that takes 

only IOBs into its considerations, since most of the newest 

Xilinx products have ranges of input and output pins that are 

close to each others.  

 

Once again the Spartan processor is better than the Virtex 

processor for the adaptive noise canceller (ANC) design to 

implement the least mean square (LMS) algorithm, and the 

Spartan 3E is more suitable than the Spartan 6 as shown in 

Figure 13. 

 

VII. CONCLUSIONS. 

Design and implementation of huge data systems have been 

presented in this paper to overcome the big obstacle that 

faces FPGA based design for various real time applications 

that depend on Xilinx processors in their implementations. 

There are so many different methods to resolve this 

problem. The expert system can determine the most suitable 

technique for huge data processing, depending on expert 

knowledge, based on an extended data base of digital 

techniques and algorithms for data segmentation and 

partitioning. An FPGA based digital system design using 

different Xilinx processors and products, also requires 

experience about these processors and their special features 

and capabilities while determining the available resources 

for each processor. So, the expert system with its unique and 

smart database, can give a most suitable decision to choose 

the most efficient processing technique for a specific 

application. The second task of the expert system is to 

determine the most suitable Xilinx processor for which its 

available resources and design components match the 

application requirements without any loss for the processor 

components and abilities. Different case studies have been 

tested that cover one dimensional as well as 

multidimensional real time applications. The case studies 

chosen, that tested for design and implementation with 

different FPGA based processors are a spatial filter for 

image processing, turbo coder, and an adaptive noise 

cancelling system with speech signals. The expert system 

shows that the Spartan 3 Xilinx processor is the most 

suitable for median filter design. This decision confirms the 

hardware implementation testing, that shows the highest 

exploitation of processor resources appears with the Spartan 

3 which takes a percentage of resources utilization of 5%, 

5%, and 47% for Occupied Slices, LUTs and Bonded BIOs 

respectively. For the turbo encoder design all processors 

seem to be the same, although the expert system shows that 

the most suitable processor for this application is the Artix. 

For the turbo decoder the situation is different, since its 

hardware design requires a large amount of logic 

components. Thus, Artix and Spartan are excluded as 

candidates. Virtex 4 is the more preferable processor for this 

decoder design.  



A very important note must be taken into consideration for 

the FPGAs designer of real time digital systems, namely that 

the design utilization may exceed the available resources of 

specific processors. Furthermore, if the upgraded version of 

the FPGA's processors is dependant, then the processor 

utilization efficiency will be lost. Another important note is, 

that the percentage utilization of bonded I/Os, always has 

the highest value among the others, and this is exactly the 

problem facing huge data systems. 

As a final conclusion, the professional expert system can 

provide the perfect decision to choose the optimal processor 

for a specific application to obtain the full benefits of the 

processor's available components and design resources. This 

enables the chosen processor to operate with approximately 

its full utilities. As well as the fact that, the expert system 

can also determine the most suitable technique, which 

should be relied upon, to save the processing from any 

disturbance while ensuring the achievement of the essential 

required demands. 
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ABSTRACT

Analog broadcasting has moved to digital video 

broadcasting – terrestrial (DVB-T) that works on 478-694 

MHz spectrum. The system requires large bandwidth 

antenna to work on this frequency band. The microstrip 

antenna with additional slot-U that enhances antenna 

bandwidth is prospective to serve as the antenna receiver. 

By setting up the working frequency of slot-U rectangular 

microstrip antenna on middle frequency of 586 MHz, the 

antenna is expected to cover all the channels within the 

frequency band. This paper designs, implements and 

measures the slot-U rectangular microstrip antenna to fulfill 

the requirement. As results, the designed antenna is able to 

work in the intended band with return Loss of -20.67 dB, 

VSWR of 1.07, and bandwidth range from 411 to 859 MHz 

with gain of 3.9 dB.  

I. INTRODUCTION

The digital video broadcasting – terrestrial (DVB-T) is a 
digital TV technology for terrestrial services that works on a 
frequency band of 478-694 MHz and widely used to replace 
the analog system. DVB-T provides high quality images and 
sounds and uses the frequency channel optimally. Compared 
to the analog TV, DVB-T has a 12 times higher channel 
efficiency [1]. Since the existing marketed antenna is 
designed for the analog TV, an alternative antenna system is 
demanded. This paper proposes a microstrip antenna to serve 
as the receiver antenna for TV clients. The microstrip 
antenna has smaller size and weight than wired or parabolic 
antennas. The antenna is easily designed and fabricated [2]. 
Its installation can be indoor or embedded into TV circuit 
board. 

In order to fulfill a DVB-T antenna requirement that should 

work on a middle working frequency of 586 MHz with 

minimum return loss -10 dB, maximum VSWR 2, minimum 

gain 3 dB and bandwidth range of 478–694 MHz, an 

additional technique is necessary to improve the bandwidth 

of the microstrip antenna. A rectangular spiral labyrinth [3] 

and clover patch [4] have been proposed. A labyrinth 

microstrip antenna [3] covers only the 117 MHz bandwidth, 

which is much lower than the required range of 216 MHz 

[5]. The clover patch also has a limited bandwidth [4]. The 

work on [6] suggested that the slot-U patch is able to 

increase the microstrip bandwidth [6]. Therefore, this 

research uses the slot-U rectangular patch for the DVB-T 

antenna receiver.  

The paper is arranged as follows. Mathematical background 

on microstrip and slot-U patch antennas are given in next 

section; followed by the design, implementation and 

measurement methods. The implementation results are 

presented in experiment results. Conclusion then concludes 

the paper. 

II. SLOT-U RECTANGULAR PATCH MICROSTRIP 

ANTENNA 

Microstrip antennas have been widely used with various 

design techniques for various requirements. Since this paper 

uses the slot-U rectangular patch, this session limits 

mathematical approximation for this patch. Figure 1 shows 

how the slot-U rectangular microstrip antenna looks like.  

Fig. 1. The slot-U patch 

The patch has a U-shape with a slot width of W and a total 
slot length of L. Depending upon on the substrate material 
which is represented by permeability and thickness, the 
width and the length are approximated by Equation 1 to 
Equation 5 [2]. 

[1] 

[2] 

[3] 

[4] 

[5] 

The slot-U patch parameter is then calculated by Equation 6 
for slot thickness E, Equation 7 for slot width D and 
Equation 8 for slot height H [8]. 



 
[6] 

 
[7] 

 
[8] 

The simple feeding technique is applied and the edge of the 

slot-U rectangular patch with approximated stripline width 

Wstripline as in Equation 10 and 11, and stripline length Lstripline 

as in Equation 12 and 13. 

 

 
[10] 

 
[11] 

 
[12] 

 
[13] 

III. DESIGN, IMPLEMENTATION AND MEASUREMENT 

METHODS 

Antenna design was performed by using the ANSYS HFSS 
simulator with the calculated size as plotted in Table 1. Patch 
width is 157.1mm and length is 123.29 mm. The antenna 
size is much less than the wired antenna cm that are easily 
installed indoor. The simulations were adjusted several times 
to achieve the expected specifications. 

TABLE I.  DIMENSI ANTENA BERDASARKAN PERHITUNGAN 

Parameters Dimension (mm) 

Patch width ( W ) 157.1 

Patch length (L) 123.29 

Groundplane/substrate width (Wg) 166.7 

Groundplane/substrate length (Lg) 132.89 

Substrat tickness (h) 1.6 

Stripline width (Wstripline) 3.1 

Stripline lenth (Lstripline) 60.33 

 

 
(a) initial front view 

 
(b) initial back view 

 
(c) Modified front view 

 
(d) Modified back view 

Fig. 2. Designed antenna 

The initial design is shown in Figure 2a and b. The design is 

then modified by using a partial ground plane and a circle 

slot to further increase the antenna bandwidth as suggested 

by [9]. The adjustment is shown in Figure 2c and d. In order 

to get better gain, a reflecting layer is added as suggested by 

[10]. The reflecting layer is a parasitic material placed on top 

of the main patch at 30 mm distance and separated by a 

polyamide spacer with 3 mm radius as shown in Figure 3.  

 

 
(a) Final front view 

 
(b) Final side view 

 
(c) Final back view 

Fig. 3. Designed antenna with reflecting layer 

In order to measure the performance parameters such as 

return loss, bandwidth, VSWR, and gain, a measurement is 

performed using the spectrum analyzer. And to gain user 

experiences, antenna assessment using a digital TV was 

performed to make sure the received video is clear and 

sound. 

IV. IMPLEMENTATION AND MEASUREMENT RESULTS 

Simulation results using the ANSYS HFSS software is 

shown in Table 2 for the basic antenna, with partial ground 



plane and with the reflected layer. The basic antenna 

performs the worst while the final antenna with reflecting 

layer performs the best. 

 

TABLE II.  SIMULATION RESULTS 

Parameter Expected 

Simulation results 

Basic 
Partial 

ground plane 

Reflecting 

layer 

Return loss (dB) ≤-10 -0.57 -16.92 -16.93 

VSWR ≤ 2 31.18 1.33 1.36 

Bandwidth (MHz) 478-694 484-491 452-695 455-655 

Gain (dB) ≥3 -1.8 2.73 3.96 

 

Figure 4 shows the implemented antenna using FR4 

substrate. The feed line is placed at the bottom edge of the 

patch. The front patch is then covered by the reflecting 

material as in Figure 4c. The final design is easily seen by 

the side view as in Figure 4e.  
 

 
(a) front view 

 
(b) back view 

 
(c) Reflecting layer front view 

 
(d) Reflecting layer back view 

 
(e) Reflector layer side view 

Fig. 4. The implemented antenna 

 

Parameter measurement is performed for both partial ground 

plane slot-U antennas without and with reflector by using the 

spectrum analyzer. Figure 5 shows antenna performance 

without the reflector layer. Return loss for 586 MHz achieves 

-16.73 dB with VSWR 1.34. The working frequency range is 

from 416 – 699 MHz. These results show the fulfillment of 

the expected specification. 

 

Meanwhile, by adding a reflector layer return loss lessens to 

-20.67 dB for 586 MHz with VSWR 1.07 and frequency 

range of 411 – 859 MHz, which also fulfills the requirement 

with a larger bandwidth. 

 

 

(a) Return loss 

 

(b) VSWR 

Fig. 5. Return loss and VSWR without reflecting layer 

 



 

(a) Return loss 

 

(b) VSWR 
Fig. 6. Return loss and VSWR with reflecting layer 

User assessment was performed in three different locations. 
The first location is in Masjid Al-Kamal, Desa Bandar Baru 
which is located about ± 3.7 km from the relay transmitter 
station. The image can be seen in Figure 7. The assessment 
results all station are clear in pictures and sounds. The 
received channels are TVRI Nasional, TVRI 4, TVRI 3, 
TVRI SUMUT, INSPIRA TV, NUSANTARA TV and 
Metro TV. 

 

Fig. 7. Measurement on 3.7 km distant 

The second location is in Masjid Dakwatul Islamiyah, 

Pancur Batu, Sumatera Utara, Indonesia, which is located 

about ± 20.7 km from the transmitter station. Figure 8 shows 

the clear reception for 6 stations including TVRI Nasional, 

TVRI 4, TVRI 3, TVRI SUMUT, INSPIRA TV, and 

NUSANTARA TV. Metro TV has bad picture quality. 

 

 

Fig. 8. Measurement on 20.7 km distant 

The third location is in Masjid AL-IKLAB, Kec. Medan 
Tuntungan, Indonesia which is located about 36.7 km from 
the station. At this place, the signal is weak with buffered 
reception and the number of received channels is six 
including TVRI Nasional, TVRI 4, TVRI 3, TVRI SUMUT, 
INSPIRA TV, and NUSANTARA TV. 

However, compared to the modified Yagi HD–14 antenna, 

the reception is much better for the same TV set, where the 

Yagi HD–14 antenna is not able to receive digital channels 

and only able to receive analog TV with poor quality (Figure 

9). 
 

 

Fig. 9. Designed antenna versus Yagi HD-14 

V. CONCLUSION 

To conclude the paper, some conclusions are highlighted. 

First, the designed antenna both without and with reflector 

layer are able to fulfill antenna requirement for a DVB-T 

receiver. The best performance is obtained when the 

designed antenna is modified by using partial ground plane, 

circle slot and reflector layer which produced a return loss of 

-20.67 dB, VSWR 1.07 and bandwidth covers from 411 – 

859 MHz.  

 
Installation measurements on a distance of about 3.7 km and 
20.7 km from the transmitting station resulted in best image 
and sound performances. Meanwhile for a distance of 36.7 
km, the image quality decreases. However, the designed 



antenna is still better than the Yagi HD-14 antenna which is 
not able to receive digital TV signals. 
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Abstract 

Relevant statistical features from input data are 

presented in this paper, which is a complication of 

the Automatic Modulation Classification (AMC) 

methods before classification. AMC deals with 

classification of modulation and is a problem of 

pattern recognition. There are various features for 

different modulation schemes. Therefore, it is still a 

major concern to find the proper features for 

recognition of them, especially in the case of Higher-

M order or non-square forms. For an advanced 

classifier to perform an uncomplicated job, selecting 

inappropriate characteristics with interest signals 

will make classification impossible. We concentrate 

on multilevel quadrature amplitude modulation (M-

QAM) such as 16-QAM, 64-QAM and 256-QAM, 

phase shift keying (M-PSK) such as 2-PSK, 4-PSK, 

8-PSK and pulse amplitude modulation (M-PAM) 

such as 2-PAM, 4-PAM, 8-PAM, 16-PAM with a big 

probability with respect to low SNR classification. 

 

For each SNR of 0 dB to 20 dB, 1000 signals are 

analyzed in this analysis. This research focuses on 

researching the powerful ability of natural 

logarithmic functions and the ability to extract higher 

statistical order cumulant (HOC) characteristics from 

the raw input data obtained, with seven effective 

parameters specified to distinguish modulation 

forms. This is based on M-QAM, M-PSK and (M-

PAM) signal classification, the logarithmic functions 

classifier model. In addition, the majority of 

consequences were positive and given that a 

logarithmic classifier operates properly under 

various fading channels, and that even at a poorer 

signal-to-noise ratio it can realize a reliable 

estimation rate. In order to classify the higher order 

of M-QAM M-PSK and M-PAM signals that have 

the special logarithmic classifier to reflect greater 

variation, it is feasibly regarded as the incorporated 

automatic modulation classification (AMC) system. 

 

1. Introduction 

Wireless communication technology has extracted a 

wide range after a long period of growth. Forms of 

signal modulation methods for various application 

situations are mainly divided into digital modulation 

and analog modulation. Weaver et al.[1] pointed out 

that for consequent signal demodulation and 

information extracting, exact identifying of 

modulation signals from the end of the sender in non-

cooperative communication environments is 

necessary. This is called automatic classification of 

modulation (AMC) which has been an enticing yet 

difficult research subject. Signal preprocessing and 

efficient selection are fundamentally involved in the 

AMC design. Signal preprocessing requires 

procedures such as estimate of signal-to-noise 

(SNR), reduction of noise, estimating carrier 

frequency (CF), etc. Selection is principally divided 

into dual groups which concentrate on either feature-

based (FB) or likelihood-based (LB) approaches. 

 

Based on [2], modulation classification has typically 

been divided into two broad groups, based on 

likelihood (LB) and feature (FB). The former is 

based on the probability function of the signal 

obtained and the decision is taken to compare the 

probability ratio against a threshold. In the Bayesian 

sense, a solution provided by the LB algorithms is 

optimal, viz., it minimizes the possibility of false 

classification. Computationally complex is the 
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classification of LB, but the consequences have been 

optimal. Instead, the FB classification has been more 

uncomplicated, but sometimes the results have been 

less optimum. How it performs in relation to anti-

noise is a significant factor in evaluating 

classification ability. For the identification of several 

analog and digital modulation forms by Nandi and 

Azzouz [3], instantaneous parameters and neural 

network architectures were employed. 

 

With the advancement of automated digital signal 

modulation recognition algorithms study a new 

modulation classification was suggested in the last 

five years. This new modulation provides a new 

pattern of complicated signal sets and higher order 

modulation signals. High-order cumulants (HOC) 

and high-order moment (HOM) are the most widely 

used features [10]. For digital modulation 

classification, higher-order cumulant-based 

algorithms produced excellent results under small 

SNRs, but were not tolerable for higher-order 

MQAM identifiers. Literature has documented these 

algorithms [5]. They were not, however, ideal for 

classifying higher-order M-QAM modulation 

formats. With the intention of being treated as a 

stable signature, a constellation form differs from 

one modulation signal category to another. 

 
In [6,7], the constellation shape was applied as a 

robust signature to distinguish several types of 

modulated signals comprising 8PSK and 16QAM, 

along with several other higher order modulation 

setups. In order to get recognition rates with >90%, 

the appropriate SNR had to be 5 dB. However, while 

MPSK and MQAM could be classified at a low SNR 

by this constellation-based classification process, it 

has been vulnerable to some real-world 

characteristics of wireless communication systems 

that might extremely complicate its service. During 

pretreatment times, the symbol-rate and frequency-

offset calculation must be at its most precise. A 

constellation form can, however, be categorized into 

M-PSK and M-QAM and at the same time, be 

susceptible to multiple wireless channels that could 

seriously cause work uncertainty, including 

frequency offset, phase rotation, and the application 

of elevated cosine roll-off filters. 

 

Since Spooner [8] has discovered a method for 

classifying a huge amount of mixed modulation 

varieties with various N-class problems, this was 

possible. At a low SNR, this approach also 

performed well. Furthermore, researchers have 

begun to use some facets of machine learning for 

designing classifiers and to further enhance 

classification capabilities, such as genetic algorithms 

and artificial neural networks [9] along with support 

vector machines (SVM). All of these were presented 

functioning outstandingly in where less prior 

knowledge of signal parameters was available. 

 

Over the last seven years, investigations have 

extensively investigated the innovative methods to 

decrease the needed SNR and improve recognition 

by concentrating on stable features and rating 

designs. One of the weak points of a previous 

algorithm is that, due to the features proposed by the 

authors, the performance of decision tree necessitates 

fixed threshold magnitudes, and these properties are 

extremely susceptible to any variations in SNR that 

can create the threshold magnitudes acceptable for 

small SNR ranges greater than 10 dB. Until now, 

however, no work has been done focusing on 

recognizing higher order QAM, PSK, PAM signals 

based on the shape of feature distribution curves. 

 

The study was structured as follows: In Section 2, the 

ratio of dual logarithmic functions of the identical 

vector x but with dissimilar baseline magnitudes 

remained unchanged, and mathematical analyses 

were performed. The logarithmic similarity was also 

calculated and discussed by variance as well as by 

norm. The general formulas and explanations of the 

features used to construct the proposed AMC are 

described in section 3. The standard logarithmic 

functions for the creation of new feature divided the 

combined features of the sixth order. 

 

Then on the basis of these new features, new High-

Order Cumulants (HOC) features were introduced in 

Section 4 that could differentiate between digital 

modulation styles, frequency shift keying (FSK), 

amplitude shift keying (ASK), phase shift keying 

(PSK), pulse amplitude modulation (PAM) and 

quadrature amplitude modulation (QAM) commonly 

used in M-order mode. Discussion, efficiency and 

computational complexity were subsequently 

presented in Section 5. Finally, general conclusions 

were then drawn in section 6. 

 



 

2. Mathematical Analyses 

Logarithmic calculation: 

We will begin with some theoretical analyses as a 

basis for the rest of the paper. 

 

The following equations (1) and (2) can be used to 

express dual logarithmic functions represented by 

 𝑓1(x) and  𝑓1(x) with the identical vector x, but under 

dissimilar base magnitudes (l and m) 

 

 𝑓1(x) = 𝑙𝑜𝑔𝑙(x)                                                   (1) 

 𝑓2(x) = 𝑙𝑜𝑔𝑚(x)                                                 (2) 

Here, l ≠ m and the variable x range is taken to be 

the same. 

It is possible to express the ratio of the functions 

above as 

 

a(x)= 
 𝑓1(𝑥) 

 𝑓2(𝑥)
 = 

 𝑙𝑜𝑔𝑙(𝑥) 

 𝑙𝑜𝑔𝑚(𝑥)
                              (3) 

It is possible to transform logarithmic equations into 

another correspondent formula, represented as: 

 𝑙𝑜𝑔𝑙(x) =
ln( 𝑥)

𝑙𝑛( 𝑙)
                                           (4) 

Ln(x) stands for a log function that is as well written 

as loge(x), in which a base magnitude of natural 

logarithms is referred to 'e.' Therefore, it is possible 

to determine (3) more to be 

a(x) = 
 𝑙𝑜𝑔𝑙(𝑥) 

 𝑙𝑜𝑔𝑚(𝑥)
=

𝑙𝑛( 𝑥)
𝑙𝑛( 𝑙)⁄

𝑙𝑛( 𝑥)
𝑙𝑛( 𝑚)⁄

                                 (5) 

 

Accordingly, ln(x) can be removed in a numerator 

and a denominator. This provides the outcome of the 

following equation: 

a(x) = 
𝑙𝑛( 𝑚) 

𝑙𝑛( 𝑙)
                                                       (6) 

 

Here, both l and m have been constants, thus creating 

a(x) a constant. In the case of dual logarithmic 

functions having been accordingly defined, a 

depiction of a(x) which represents a particular line 

parallel to the x-axis will be obtained. 

 

3. Characteristics of Selection Features 

This section introduces the general formulas and 

descriptions of the features used in designing the 

proposed AMC. Generally, various modulation 

schemes have multiple features. Consequently, 

obtaining the appropriate features for recognition of 

them, principally in case of Higher-M- order or non-

square types, is still a significant concern. Selecting 

unsuitable features with interest signals can make 

classification impracticable even for the advanced 

classifier performing a simple job. On the other hand, 

extracting features that have a high separation 

between signals may make it feasible for the simple 

classifier for solving complex problem [10][11]. 

 

For complex stationary random process y(k) with 

zero mean value, then the high order mixed moment 

of random variable Y is defined as [12] 

 

MPq = E [(𝑡)−𝑞𝑌∗(𝑡)𝑞]                                      (7) 

Where Y∗(t) is the complex conjugate of Y(t), P 

represents moment order, and q conjugate moment. 

Thus, the 2nd order one conjugate, 4th order-two-

conjugate and the 6th order- three-conjugate 

cumulants are described as follows [13], [14]: 

  



 

C40 = cum(Y, Y, Y, Y∗) = M41 − 3M202                                                                   (9) 

C41 = cum(Y, Y, Y, Y∗) = M41 − 3M21M21                                                      (10) 

C42 = cum(Y, Y, Y∗, Y∗) = M42 − 3M202 − 2M212                                           (11) 

C60 = cum(Y, Y, Y, Y, Y, Y) = M60 − 15M20M40 + 30M203                               (12) 

C63 = cum(Y, Y, Y, Y∗, Y∗, Y∗) = M63 − 9C42M21 − 6M213                               (13) 

 

The transmitted signal is expressed in the receiver as 

Rx(t) = R(t) + n(t), where R(t) is transmitted signal; 

n(t) is white Gaussian noise with zero-mean, and 

both R(t), n(t) have been uncorrelated. A received 

signal based on the properties of the cumulants can 

be described as below: 

 

Cum(Rx) = Cum(R) + Cum(n)                              (14) 

The cumulants value, that is greater than the 2nd order 

of Gaussian random process, is zero. Thus, a 

received complex base-band signal with white 

Gaussian noise stands for the cumulants amount of 

the original complex base-band signal and can be 

defined as follows: 

 

Cum(Rx) = Cum(R)                                             (15) 

From equation (16) the high order cumulant of the 

receiving signals are equivalent to sent signals’, 

without implying them being influenced by band-

limited Gaussian noise. Accordingly, the value of 

each cumulant order, is described according to the 

signal modulation type. In the case of signals 

corrupted by white Gaussian noise, the most 

effective contribution parameters are dependent on 

the characteristic of high-order cumulants. The new 

statistical parameters, which efficiently classify the 

considered modulation type are defined later. 

Without the affects of Gaussian noise, the 

transmitted code points are independent distribution 

and energy of signals denoted by √𝐸. The theoretical 

magnitudes of every order cumulant to some 

modulation signals have been summarized in Table 

1. 

 

 

Table 1. The Theoretical Value of some Digital Modulation signals Higher Order Cumulants 
 

Modulation 

Signal 
Absolute Order Cumulants 

 |C20| |C21| |C40| |C41| |C42| |C60| |C63| 

2PAM E E 2E2 2E2 2E2 16E2 16E2 

4PAM E E 1.36E2 1.36E2 1.36E2 8.32E3 8.32E3 

8PAM E E 1.15E2 1.15E2 1.15E2 6.9E3 6.9E3 

2FSK 0 E 0 0 E2 0 E3 

4FSK 0 E 0 0 E2 0 E3 

8FSK 0 E 0 0 E2 0 E3 

2PSK E E 2E2 2E2 2E2 16E3 16E3 

4PSK 0 E E2 0 E2 0 4E3 

8PSK 0 E 0 0 E2 0 4E3 

16QAM 0       E 0.68E2 0 0.68E2 0 2.08E3 

64QAM 0 E - - - - - 
 



 

As can be noted from table 2, the characteristics 

of extracting high order cumulants can recognize 

most of the considered signals. Nevertheless, the 

order of cumulants for the 2PAM and 2PSK 

signals are the same, which make it difficult to 

distinguish between them by using the 

characteristic of cumulants only. At the same 

time, each order cumulants of 8PSK and MFSK 

signals are equal. To suppress this problem, the 

derivation for the MFSK signals is  

taken while determining their high-order 

cumulants. This will make a classification of 

MFSK signals more flexible. Also, some 

investigations reported that the derivation of 

MFSK signals produces different modulation 

signals which have the properties of the 

amplitude modulation such [15], [16] However, 

a derivation of equation (16) is written as: 

 

(16) 

 

To filtering the term that has impulse function, 

the median filter can be employed and expressed 

as: 

(17) 

 

 

where R̈ (t)becomes a received signal after 

derivation and median filter, which is still on 

the point of band-limited Gaussian white 

noise. The theoretical values of each cumulant 

order of R̈ (t) for some MFSK signals are 

tabulated in Table 2. 

 
Table 2. The Theoretical Cumulant Value of some MFSK Signals after Differentiation. 

 

Modulation 

Signal 

  Absolute Order Cumulants  

|C20| |C21| |C40| |C41| |C42| |C60| 

2FSK 0 EΔω2 0 0 −E2Δω4 0 

4FSK 0 5EΔω2 0 0 −9E2Δω4 0 

8FSK 0 21EΔω2 0 0 −105E2Δω4 0 

 

Based on the theoretical expression of cumulants 

order, the new characteristics can be represented 

in table 4. The presented parameters are improved 

by logarithmic functions in order to suppress the 

effects of channel noise [17]. 

 

4. Construction New High-Order Cumulants 

(HOC) Features. 

 

In Table 3 below, logarithmic expression formulas 

explain a modified higher cumulative order based on 

logarithms. These characteristics are not only 

insensitive to noise, but as well support classifiers in 

recognizing the rise in upper order modulation 

signals. For the construction of 5,000 signal 

realizations for our simulation condition studies, the 

bit rate was set at 1200; 500 kbps was the sampling 

rate. 

 

The roll-off factor was 0.35 at the carrier rate of 

36000 and the types of digital modulation, frequency 

shift keying (FSK), amplitude shift keying (ASK), 

phase shift keying (PSK), pulse amplitude 

modulation (PAM) and quadrature amplitude 

modulation (QAM) typically used in M-order mode 

were digital modulation types. Each of which 



consists of signal length N = 4096 with phase length 

N = 4096 

Figures 17-23, the distribution curve of each feature, 

show the offset of 'π/6' with the statistical average 

value. 

The varying SNR values.  It is obvious from the 

simulation results that the feature distribution curve 

is not greatly influenced by noise variation. This 

modification, nevertheless, offers an enhanced 

expansion in the achieved classification activity: 

 

Table 3. Extraction Characteristic of Cumulants based on Logarithmic Function Properties. 

 

Statistical logarithmic 

parameters 
Properties of parameter in classify signal 

             L1  =  log|
𝑪𝟒𝟎

𝑪𝟒𝟐
 | 

 

{2PAM/2PSK, 4PAM, 8PAM, 4PSK and 64QAM} and {2FSK, 4FSK and 

8FSK} 

L2  =  log|
𝑪𝟐𝟎

𝟐

𝑪𝟒𝟐
 | {2PAM/2PSK, 4PAM, 8PAM, 4PSK and 64QAM} and 

{2FSK, 4FSK and 8FSK} 

 

L3  =  log|
𝑪𝟔𝟑

𝟐

𝑪𝟒𝟐
𝟑  | 

 

4PSK and 64QAM 

L4  =  log|
𝑪𝟔𝟑

𝑪𝟐𝟏
𝟑  | 

 
2PAM /2PSK, 4PAM and 8PAM 

 

L5  =  log|
𝑪𝟒𝟐

𝑪𝟐𝟏
𝟐  | 

 

2FSK, 4FSK and 8FSK 

 

L6  =  log|
𝑪𝟒𝟏

𝑪𝟒𝟐
 | 

 

 

 

 

{2PAM, 4PAM, 8PAM, 4PSK and 64QAM} and {2FSK, 4FSK and 8FSK} 

 

 

 

 

L7  =  log|
𝑪𝟔𝟎

𝟐

𝑪𝟒𝟎
𝟑  | 

 

 

 

 

 

Seven statistics were selected as classification 

features: |C20|, |C21|, |C40|, |C41|, |C42|, |C60|, and 

|C63| All of them are invariant to phase shifts and 

provide good separation between major digital 

modulation categories, frequency-shift keying 

(FSK), amplitude shift keying (ASK), phase-shift 

keying (PSK), Pulse-amplitude modulation (PAM), 

and quadrature amplitude modulation (QAM). Their 

plots are shown in Figures 1 to 16. 
 

5. Simulation Performance and Analysis 

 

 



 

 

 
Fig. 1: C20curves with variable SNR                                                Fig. 2: C20 with PAM curves for the varying SNR 

 

 

 

 

 

 

          Fig. 3: C21 curves with variable SNR                                             Fig. 4: C21 with PAM curves with respect to variant SNR 
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Fig. 5: C21 curves with respect to variant SNR                                        Fig. 6: C21 with PAM curves with respect to variant SNR 

 

 

 

 

Fig. 7: C41 curves with respect to variant SNR                       Fig. 8: C41 with PAM curves with variant SNR 
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Fig. 9: C42 curves with respect to variant SNR                                          Fig. 10: C42 with PAM curves with variant SNR 

 

 

 

 
Fig. 11: C60 curves with respect to variant SNR                                Fig. 12: C60 with PAM curves with variant SNR        

 

 

 



 

 

 

 
        Fig. 13: C61 curves with respect to variant SNR                                               Fig. 14: C61 with PAM curves with variant SNR 

 

 

Fig. 15: C62 curves with respect to variant SNR                                                 Fig. 16: C62 with PAM curves with variant SNR 

 

 

 

 

 

 



 

 

 
Fig. 17: C63 curves with respect to variant SNR                                           Fig. 18: C63 with PAM curves with variant SNR 

 

 

 

Six logarithmic features have been proposed, their plots are shown in Figures 19 to 25. 

   

 

 

 

 

 

 
Fig. 19: L1 curves with respect to variant SNR                                                 Fig. 20: L2 with PAM curves with variant SNR 
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Fig. 21: L3 curves with respect to variant SNR                                                 Fig. 22: L4 with PAM curves with variant SNR 

 

Fig. 23: L5 curves with respect to variant SNR                                                 Fig. 24: L6 with PAM curves with variant SNR 



 

 

 

 

 

 

 

 

 

 

 

 

 

 

 

 
Fig. 25: L7 curves with respect to variant SNR 

 

5. Discussion 

 

All the simulations were performed using the 

MATLAB simulator. In the presence of AWGN, 

experiments were carried out in three phases: 

initially, extract the HOC characteristics and after 

that passed through the modifier feature. The last one 

stands for HOC-based logarithmic classifier. 

Secondly, make a choice using the logarithmic 

classifier algorithm. Thirdly, accomplish 

classification for each type of modulation. It appears 

from the results of the simulation that when using the 

sample length, the best performance curve is 

achieved, based on 4096 samples. It is carried out on 

the basis of the fact that the overfitting problem can 

be overcome by increasing the data set. 

 
The variable sample length curves [64, 128, 256, 

512, 1024, 2048, and 4096], on the other hand, 

indicate converged accuracy in the same SNR test 

range, the probability of an accurate classification 

ratio being the best in the SNR range of 0 to 20 dB. 

This is primarily, because we suggested a method 

that considered that the feature of the HOC using 

logarithmic modification; this will generate a 

different classifier termed as a logarithmic classifier. 

 

6. Conclusion 

 

The major objective of this article is to suggest a new 

technique for reducing the SNR essential for the 

modulation recognition and thus develop the 

processing performance. Initially, we investigated a 

ratio of dual logarithmic functions with dissimilar 

base magnitudes and a degree of their functional 

curves of logarithmic similarity. After that, QPSK, 

16QAM, and 64QAM's high-order cumulant-based 

characteristics were examined while logarithmic 

theory was used for constructing new C denoted 

characteristics in which distribution curves are 

greater. 

 

A new generation was created by the combination of 

higher order cumulative and logarithmic function 

properties. 

 

Cumulant-based classifier offers superior 

performance even with a low SNR range for 

classifying a higher order M-QAM signals. The 

logarithmic classifier performance has been efficient 

with less complexity, based on a comparison with the 

lately proposed procedures in the literature. 
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