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Wave processes are an effective means of transmitting energy and information. 

They are widely used in science and technology. Therefore, studying the 

propagation lans of various types of waves is an important anol rebvant tasu. 

The paper considers the inverse problem of identifying the unknown coefficient 

on the right side of the Burgers types parabolic equation Direct problems for the 

Burgers equation are considered in the works of L. K.Martinson, J.Whitham and 

others. An additional condition for finding the unknown coefficient, which 

depends on the variable time, is given in integral form. A theorem on the 

uniqueness and stability of the solution was proved. 
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Introduction 

The Burgers equation is a special case of the Navier-Stokes equation in the one-dimensional 

case and reflects both the effects of nonlinear propagation and the effects of diffusion. The 

Burgers equation arises when considering a wide class of processes in hydromechanics, 

nonlinear acoustics and plasma physics. 

The Burgers equation with a source 𝐹(𝑥, 𝑡) ≠ 0 describes the dynamics of a physical system 

located in an external field and is a natural generalization of the homogeneous equation 

corresponding to autonorms notions. 

An important result for the Burgers equation was oftained by Cole and Hoff, who showed 

that the nonlinear Burgers equation can be reduced into the linear heat conduction equation 

thraigh a change of variables. 
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In papers [1,2] (see also the bibliography in these papers) direct problems for the Burgers 

equation are considered. 

Problem statement 

Let 𝐷 = (0,1) × (0, 𝑇], 0 < 𝑇 = 𝑐𝑜𝑛𝑠𝑡, the spaces 𝐶𝑙(⋅),  𝐶𝑙+𝛼(⋅) , 𝐶𝑙,
𝑙

2(⋅), 𝐶𝑙+𝛼,
𝑙+𝛼

2 (⋅), 𝑙 = 0,1,2, 0 <

𝛼 < 1 and the norms in these spaces be defined as in [3, chapter 1]: 

‖𝑝‖𝐷
(𝑙)

= ∑ 𝑠𝑢𝑝
𝐷

𝑙

𝑘=0

|
𝜕𝑘𝑝(𝑥, 𝑡)

𝜕𝑥𝑘
| , ‖𝑞‖𝑇

(𝑙)
= ∑ 𝑠𝑢𝑝

[0,𝑇]

𝑙

𝑘=0

|
𝑑𝑘𝑞(𝑡)

𝑑𝑡𝑘
|. 

We consider the following inverse problem on determining a pair of functions {𝑓(𝑡), 𝑢(𝑥, 𝑡)}: 

𝑢𝑡 − 𝑢𝑥𝑥 + 𝑢𝑢𝑥 = 𝑓(𝑡)𝑔(𝑥), (𝑥, 𝑡) ∈ 𝐷, (1) 

𝑢(𝑥, 0) = 𝜑(𝑥),  𝑥 ∈ [0,1], (2) 

𝑢(0, 𝑡) = 𝜓0(𝑡),  𝑢(1, 𝑡) = 𝜓1(𝑡),  𝑡 ∈ [0, 𝑇], (3) 

∫ 𝑢(𝑥, 𝑡)𝑑𝑥 = ℎ(𝑡),  𝑡 ∈ [0, 𝑇],
1

0
 (4) 

where 𝑔(𝑥), 𝜑(𝑥), 𝜓0(𝑡), 𝜓1(𝑡), ℎ(𝑡) are the given functions, 𝑢𝑡 =
𝜕𝑢

𝜕𝑡
, 𝑢𝑥 =

𝜕𝑢

𝜕𝑥
, 𝑢𝑥𝑥 =

𝜕2𝑢

𝜕𝑥2. 

The coefficient inverse problem for a parabolic equation were studied in the papers [4,6]. 

Problem (1)-(4) belongs to the class of Hadamard ill-posed problems. Examples indicate that 

solutions to problem (1)-(4) may not always exist, and even if it they do, uniqueness or 

stability is not guaranteed. We will give an example of a violation of the correctness 

conditions - namely, an example of the instability of the solution. Let in problem (1)-(4) 

𝑛 = 1 , 𝐷 = (0,1) and the input data have the following form : 𝑔(𝑥) ≡ 
𝑔 𝑠(𝑥, 𝑡) = 𝑥𝑒−𝑠𝑡  , (𝑥, 𝑡) 𝜖 (0,1)  ×  (0, 𝑇) , 𝜑𝑠(𝑥) = 𝑥 , 𝑥 𝜖[0,1] ,  𝜓0𝑠(𝑡 ) = 0 ,  𝜓1𝑠(𝑡) =

𝑒−𝑠𝑡  ,  ℎ𝑠(𝑡) =
1

2
𝑒−𝑠𝑡 , 𝑡 𝜖[0, 𝑇] , 𝑠 is a natural number. 

It is easy to verify that the functions {𝑓𝑠(𝑡) = 𝑒−𝑠𝑡 − 𝑠 , 𝑢𝑠(𝑥, 𝑡) = 𝑥𝑒−𝑠𝑡} for any s=1,2,… are 

exact solutions to problem (1)-(4) with the above input data. It is clear that by choosing 

natural numbers m and s (m≠s) , the differences 
|𝑔𝑚(𝑥, 𝑡) − 𝑔𝑠(𝑥, 𝑡)| , |𝜑𝑚(𝑥) − 𝜑𝑠(𝑥)| , |𝜓0𝑚(𝑡) − 𝜓0𝑠 (𝑡)|, |𝜓1𝑚(𝑡) − 𝜓1𝑠 (𝑡)| |ℎ𝑚(𝑡) −

ℎ𝑠(𝑡)| , that is , the perturbations of the input data can be made arbitrarily small in the norm 

𝐶𝑙 for any 𝑙=0,1,2,… however , in this case |𝑓𝑚(𝑡) − 𝑓𝑠(𝑡)| ≥ |𝑠 − 𝑚| , which shows the 

violation of the stability of the solution to the problem (1)-(4) . 

Therefore, this problem should be treated proceeding from the general concepts of the theory 

of ill-posed problems. 

We take the following assumptions for the data of problem (1)-(4): 

10. 𝑔(𝑥) ∈ 𝐶𝛼[0,1], ∫ 𝑔(𝑥)𝑑𝑥 = 𝑔0 ≠ 0;
1

0
 

20. 𝜑(𝑥) ∈ 𝐶2+𝛼[0,1]; 

30. 𝜓0(𝑡), 𝜓1(𝑡) ∈ 𝐶1+𝛼[0, 𝑇],  𝜑(0) = 𝜓0(0), 𝜑(1) = 𝜓1(0); 

40. ℎ(𝑡) ∈ 𝐶1+𝛼[0, 𝑇]. 
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Definition 1. The pair of functions {𝑓(𝑡), 𝑢(𝑥, 𝑡)} is called the solution of problem (1)-(4) if: 

1) 𝑓(𝑡) ∈ 𝐶𝛼[0, 𝑇]; 

2) 𝑢(𝑥, 𝑡) ∈ 𝐶2+𝛼,1+𝛼/2 ∩ 𝐶(𝐷); 

3) the relations (1)-(4) are satisfied for these functions in an ordinary way. 

Problem (1)-(4) is reduced to an equivalent problem. 

Lemma 1. Let the initial data of problem (1)-(4) satisfy conditions 10-40 and ∫ 𝜑(𝑥)𝑑𝑥 = ℎ(0)
1

0
. 

If the pair {𝑓(𝑡), 𝑢(𝑥, 𝑡)} is a solution to problem (1)-(4) in the sense of definition 1, then this 

pair is also a solution to problem (1), (2), (3), 

𝑓(𝑡) = [ℎ𝑡 − 𝑢𝑥(1, 𝑡) + 𝑢𝑥(0, 𝑡) +
𝜓1

2(𝑡)

2
−

𝜓0
2(𝑡)

2
] 𝑔0⁄ ,   𝑡 ∈ [0, 𝑇] (5) 

and vice versa, the solution to problem (1), (2), (3), (5) in the sense of definition 1 is a solution 

to problem (1)-(4). 

Proof. Let’s assume {𝑓(𝑡), 𝑢(𝑥, 𝑡)} is a solution to the problem in the sense of definition 1. 

Integrate equation (1) in the interval (0,1) with respect to x. Taking into account the 

conditions of lemma 1, we obtain 

∫ 𝑢𝑡𝑑𝑥 − ∫ 𝑢𝑥𝑥𝑑𝑥 + ∫ 𝑢𝑢𝑥𝑑𝑥
1

0

1

0
=

1

0
∫ 𝑓(𝑡)𝑔(𝑥)𝑑𝑥

1

0
 (6) 

From here we obtain formula (5). 

Now let’s assume that the pair {𝑓(𝑡), 𝑢(𝑥, 𝑡)} is a solution to problem (1), (2), (3), (5) in the 

sense of definition 1. Let’s show that condition (4) is satisfied. In the ratio (6) instead of 𝑓(𝑡), 

we write the value of (5), and denote 𝜃(𝑡) = ∫ 𝑢(𝑥, 𝑡)𝑑𝑥 − ℎ(𝑡),
1

0
 we obtain 

𝜃𝑡(𝑡) = 0,  𝜃(0) = 0. 

It is clear that the only solution to the Cauchy problem for 𝜃(𝑡) is 𝜃(𝑡) = 0. Hence it follows: 

∫ 𝑢(𝑥, 𝑡)𝑑𝑥 − ℎ(𝑡) = 0.
1

0
 

The Lemma 1 is proved. Let us call problem (1), (2), (3) and (5) problem A. On the 

uniqueness and “conditional” stability of a solution the uniqueness theorem and the estimate 

of stability for the solution of the inverse problem occupy a central place in investigation of 

their well-posedness. 

 Define the following set: 

𝐾𝛼 = {(𝑓, 𝑢)/𝑓(𝑡) ∈ 𝐶𝛼[0, 𝑇], 𝑢(𝑥, 𝑡) ∈ 𝐶2+𝛼,1+𝛼/2(𝐷), (𝑥, 𝑡) ∈ 𝐷 for all (𝑓, 𝑢)  |𝑓(𝑡)| ≤ 𝑐1, 𝑡 ∈

[0, 𝑇], |𝑢|, |𝑢𝑥|, |𝑢𝑥𝑥| ≤ 𝑐2, (𝑥, 𝑡) ∈ 𝐷, 0 < 𝑐1, 𝑐2 = 𝑐𝑜𝑛𝑠𝑡} 

Let us assume that the two input sets {𝑔𝑖(𝑥), 𝜑𝑖(𝑥), 𝜓0𝑖(𝑡), 𝜓1𝑖(𝑡), ℎ𝑖(𝑡)}, 𝑖 = 1,2. 

Problem A for brevity of the further exposition, Problem A1 will call Problem A2. Let 

{𝑓1(𝑡), 𝑢1(𝑥, 𝑡)}and {𝑓2(𝑡), 𝑢2(𝑥, 𝑡)}be solutions of problems A1 and A2, respectively. 

Theorem 1. Let the following conditions hold the function {𝑔𝑖(𝑥), 𝜑𝑖(𝑥), 𝜓0𝑖(𝑡), 

𝜓1𝑖(𝑡), ℎ𝑖(𝑡)}, 𝑖 = 1,2 satisfy conditions 10-40, respectively; 2) solutions of problems A1 and A2 

exist in the sense of definition 1 and they belong to the set 𝐾𝛼 . 
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Then there exists a 𝑇∗(0 < 𝑇∗ ≤ 𝑇), such that for (𝑥, 𝑡) ∈ [0,1] × [0, 𝑇∗] = 𝐷∗the solution of 

problem A is unique, and the stability estimate 

‖𝑢1 − 𝑢2‖𝐷
(0)

+ ‖𝑓1 − 𝑓2‖𝑇
(0)

≤ 𝑐3 [‖𝑔1 − 𝑔2‖
[0,1]
(0)

+ ‖𝜑1 − 𝜑2‖
[0,1]
(0)

+ 

+‖𝜓01 − 𝜓02‖𝑇
(1)

+ ‖𝜓11 − 𝜓12‖𝑇
(1)

+ ‖ℎ1 − ℎ2‖𝑇
(1)

 (7) 

is valid. 

Proof. Consider the function 

𝐹(𝑥, 𝑡) = 𝜙(𝑥) + (1 − 𝑥)[𝜓0(𝑡) − 𝜓0(0)] + 𝑥[𝜓1(𝑡) − 𝜓1(0)], (𝑥, 𝑡) ∈ 𝐷. 

It’s obvious that 𝐹(𝑥, 𝑡) ∈ 𝐶2+𝛼,1+𝛼/2(𝐷) and 
𝐹(𝑥, 0) = 𝜙(𝑥), 𝑥 ∈ [0,1], 𝐹(0, 𝑡) = 𝜓0(𝑡), 𝐹(1, 𝑡) = 𝜓1(𝑡), 𝑡 ∈ [0, 𝑇]. 

Denote 

𝑧(𝑥, 𝑡) = 𝑢1(𝑥, 𝑡) − 𝑢2(𝑥, 𝑡), 𝜆(𝑡) = 𝑓1(𝑡) − 𝑓2(𝑡), 
𝛿1(𝑥) = 𝑔1(𝑥) − 𝑔2(𝑥), 𝛿2(𝑥) = 𝜑1(𝑥) − 𝜑2(𝑥), 
𝛿3(𝑡) = 𝜓01(𝑡) − 𝜓02(𝑡), 𝛿4(𝑡) = 𝜓11(𝑡) − 𝜓12(𝑡), 
𝛿5(𝑥) = ℎ1(𝑡) − ℎ2(𝑡), 𝛿6(𝑥, 𝑡) = 𝐹1(𝑥, 𝑡) − 𝐹2(𝑥, 𝑡), 
𝑤(𝑥, 𝑡) = 𝑧(𝑥, 𝑡) − 𝛿6(𝑥, 𝑡). 

Subtracting relations from the relations of problem A1, the corresponding relations of 

problem A2, we obtain the problem of determining a pair {𝜆(𝑡), 𝑤(𝑥, 𝑡)}: 

𝑤𝑡 − 𝑤𝑥𝑥 = 𝜆(𝑡)𝑔1(𝑥) + 𝛷(𝑥, 𝑡), (𝑥, 𝑡) ∈ 𝐷, (8) 

𝑤(𝑥, 0) = 0, 𝑥 ∈ [0,1], (9) 

𝑤(0, 𝑡) = 𝑤(1, 𝑡) = 0, 𝑡 ∈ [0, 𝑇], (10) 

𝜆(𝑡) = [𝑧𝑥(0, 𝑡) − 𝑧𝑥(1, 𝑡)] 𝑔0,1 + 𝐻(𝑡), ⁄ 𝑡 ∈ [0, 𝑇], (11) 

where 

𝛷(𝑥, 𝑡) = 𝑓2(𝑡)𝛿1(𝑥) − 𝑧(𝑥, 𝑡)𝑢1𝑥(𝑥, 𝑡) − 𝑧𝑥(𝑥, 𝑡)𝑢2(𝑥, 𝑡) − 𝛿6𝑡(𝑥, 𝑡) + 𝛿6𝑥𝑥(𝑥, 𝑡), 

𝐻(𝑡) = {[𝛿5𝑡(𝑡) + 𝛿4(𝑡)(𝜓11(𝑡) + 𝜓12(𝑡)) 2⁄ − 𝛿3(𝑡)(𝜓01(𝑡) + 𝜓02(𝑡) 2⁄ ]𝑔01−  
− 𝛿1(𝑥)[ℎ2𝑡(𝑡) −𝑢2𝑥(1, 𝑡) + 𝑢2𝑥(0, 𝑡) + 𝜓12

2 (𝑡) 2⁄ − 𝜓02
2 (𝑡) 2⁄ ]} 𝑔01𝑔0𝑥 .⁄  

Under the conditions of theorem 1 and from the definition of the set 𝐾𝛼 it follows that right 

the side of equation (8) satisfies the Holder condition. It means, there exists a classical 

solution of the problem defining of 𝑤(𝑥, 𝑡) from the conditions (8), (9), (10) and it can be 

represented in the form [3, p.468]: 

𝑤(𝑥, 𝑡) = ∫ ∫ 𝐺(𝑥, 𝑡,
1

0

𝑡

0
𝜉, 𝜏)[𝜆(𝜏)𝑔1(𝜉) + 𝛷(𝜉, 𝜏)]𝑑𝜉𝑑𝜏,

 

(12) 

where𝐺(𝑥, 𝑡, 𝜉, 𝜏) is a fundamental solution to equation 𝑢𝑡 − 𝑢𝑥𝑥 = 0, for which the following 

estimations [3, chapter IV] are true: 

∫ |𝐺𝑥
𝑙 (𝑥, 𝑡, 𝜉, 𝜏)|

1

0
𝑑𝜉 ≤ 𝑐4(𝑡 − 𝜏)−(𝑙−𝛼)/2, 𝑙 = 0,1 (13) 

where 0 < 𝑐4 = 𝑐𝑜𝑛𝑠𝑡. 

Taking into account that 𝑤(𝑥, 𝑡) = 𝑧(𝑥, 𝑡) − 𝛿6(𝑥, 𝑡), from (12) we will obtain: 

(𝑥, 𝑡) = 𝛿6(𝑥, 𝑡) + ∫ ∫ 𝐺(𝑥, 𝑡,
1

0

𝑡

0
𝜉, 𝜏)[𝜆(𝜏)𝑔1(𝜉) + 𝛷(𝜉, 𝜏)]𝑑𝜉𝑑𝜏, (14) 
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Assume 

𝜒 = ‖𝑢1 − 𝑢2‖𝐷
(0)

+ ‖𝑓1 − 𝑓2‖𝑇
(0)

. 

Under the conditions of theorem 1 and from definition of the set 𝐾𝛼, taking into account 

estimation (13) we will obtain: 

|𝑧(𝑥, 𝑡)| ≤ 𝑐5 [‖𝛿1‖[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

] + 𝑐6𝜒𝑡1+
𝛼

2 + 𝑐7‖𝑧𝑥‖𝐷
(0)

𝑡1+
𝛼

2 ,  (𝑥, 𝑡) ∈ 𝐷, (15) 

|𝜆(𝑡)| ≤ 𝑐8 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿3‖𝑇
(0)

+ ‖𝛿4‖𝑇
(0)

+ ‖𝛿5‖𝑇
(0)

] + 𝑐9‖𝑧𝑥‖𝐷
(0)

,  𝑡 ∈ [0, 𝑇] (16) 

Function 𝑧𝑥(𝑥, 𝑡) is estimated as follow 

Under the conditions of Theorem 1, taking into account (15) from the last equality we obtain 

‖𝑧𝑥(𝑥, 𝑡)‖ ≤ 𝑐10 [‖𝛿1‖[0,1]
(0)

+ ‖𝛿6‖[0,1]
(2,1)

] + 𝑐11𝜒𝑡1+
𝛼

2 + 𝑐12‖𝑧𝑥‖𝐷
(0)

𝑡1+
𝛼

2 ,  (𝑥, 𝑡) ∈ 𝐷, (17) 

where 𝑐10, 𝑐11, 𝑐12 > 0 depends on data of problem A1 and A2, the set 𝐾𝛼 . 

Inequalities (17) are satisfied at one value  (𝑥, 𝑡) ∈ 𝐷. Therefore they must be satisfied also for 

maximum values of the left parts. 

‖𝑧𝑥‖𝐷
(0)

≤ 𝑐10 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

] + 𝑐11𝜒𝑡1+𝛼/2 + 𝑐12‖𝑧𝑥‖𝐷
(0)

𝑡1+𝛼/2. (18) 

Let 𝑇1(0 < 𝑇1 ≤ 𝑇) be such a number, that 𝑐12𝑇1
1+𝛼/2

< 1. Then from (18) we have 

‖𝑧𝑥‖𝐷
(0)

≤ 𝑐13 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

] + 𝑐14𝜒𝑡1+𝛼/2. 

Substituting the last inequality into (15) and (16), we obtain: 

|𝑧(𝑥, 𝑡)| ≤ 𝑐15 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

] + 𝑐16𝜒𝑡1+𝛼/2, (𝑥, 𝑡) ∈ 𝐷 

|𝜆(𝑡)| ≤ 𝑐17 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

+ ‖𝛿5‖𝑇
(0)

] + 𝑐18𝜒𝑡1+𝛼/2,  𝑡 ∈ [0, 𝑇]. 

or 

|𝑧(𝑥, 𝑡)| + |𝜆(𝑡)| ≤ 𝑐19 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

+ ‖𝛿5‖𝑇
(0)

] + 𝑐18𝜒𝑡1+𝛼/2. 

The last inequality is satisfied for all  (𝑥, 𝑡) ∈ 𝐷. Therefore it is also satisfied for the maximum 

values of the left points. 

𝜒 ≤ 𝑐19 [‖𝛿1‖
[0,1]
(0)

+ ‖𝛿6‖𝐷
(2,1)

+ ‖𝛿5‖𝑇
(0)

] + 𝑐18𝜒𝑡1+𝛼/2. 

Let 𝑇2(0 < 𝑇2 ≤ 𝑇)𝑅 be such a number, that 𝑐18𝑇1
1+𝛼/2

< 1. By choosing 𝑇∗ = 𝑚𝑖𝑛( 𝑇1, 𝑇2) 

from the last inequality we get the estimate (7). 

The uniqueness of the solution to problem A is obtained from formula (7) at  

𝑔1(𝑥) = 𝑔2(𝑥), 𝜑1(𝑥) = 𝜑2(𝑥) 

𝜓01(𝑡) = 𝜓02(𝑡) )()( 1211 tt   ℎ1(𝑡) = ℎ2(𝑡). 

Theorem 1 is proved. 
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1. Introduction 

Numerical analysis plays a vital role in engineering and applied sciences, providing power-

ful tools for solving complex differential equations that commonly arise in real-world appli-

cations where analytical solutions are often impractical or unattainable. Numerical methods 

are essential tools for applied mathematicians, physicists, and engineers, who rely on them 

to model and analyze a wide range of physical systems from bridges to ballistic missiles. 

It is important to note that differential equations are fundamental to a wide range of fields in 

science and engineering. However, most real-world differential equations do not admit 

closed-form analytical solutions, necessitating the use of numerical methods to approximate 

their solutions. A comprehensive review of the literature indicates that a variety of numerical 

techniques such as Euler’s method, the modified Euler method, and the fourth-order Runge 

Kutta method have been extensively studied and applied. Many researchers have focused on 

improving the accuracy and efficiency of these methods, particularly in solving initial value 

problems (IVPs), which are critical in the simulation of dynamic systems [1,9,10,12,13].  

In this paper, we show the important role of numerical methods in solving nonlinear differ-

rential equations that arise in engineering problems. The paper is organized as follows: in 
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Section 2, we present the fundamental concepts of numerical methods for solving differential 

equations, focusing on techniques such as Euler’s method and the Runge - Kutta methods. In 

Section 3, we apply these numerical methods to a variety of engineering problems 

implemented using the MATLAB programming language [4,6,8]. First, we examine the 

dynamics of a car interacting with a safety bumper, modeled by a nonlinear differential 

equation that describes deceleration as a function of velocity and displacement. Second, we 

consider the drainage of water from an ellipsoidal tank, governed by Torricelli’s law and the 

geometry of the tank, which also leads to a nonlinear differential equation. Finally, the third 

and fourth problems involve classic initial value problems (IVPs): the third models the 

velocity-dependent deceleration of an airplane after landing using a first-order nonlinear 

ODE, and the fourth addresses a first-order linear ODE representing the behavior of an RC 

(resistor-capacitor) circuit, a fundamental system in electrical engineering and control theory. 

In the conclusion part, our findings reveal that the Runge-Kutta method consistently 

provides more accurate solutions, closely aligning with expected physical behavior, while 

Euler’s method introduces minor errors that decrease with smaller time steps. For instance, 

for the car problem, the Runge -Kutta method yields a smoother velocity-displacement 

relationship compared to Euler’s method, which exhibits slight deviations. These results 

underscore the importance of selecting numerical methods based on the required accuracy 

and computational constraints, offering engineers valuable insights for simulating dynamic 

systems in automotive safety and fluid management applications. 

2. Some numerical methods for ordinary differential equations (ODEs) 

Numerical methods provide engineers with essential tools to model and simulate complex 

systems, effectively bridging the gap between theoretical mathematics and real-world 

applications. Euler’s method and the Runge - Kutta methods are among the most widely 

used techniques for obtaining numerical solutions to first-order ordinary differential 

equations (ODEs) commonly encountered in engineering applications. Therefore, in this 

section we present the fundamental concepts of these methods, laying the groundwork for 

their application to practical engineering problems. As we know, Euler’s method [2,5,7] is a 

first-order numerical technique for solving ordinary differential equations. The objective of 

Euler’s method is to obtain approximate solutions to a well-posed initial value problem 

(IVP), as outlined below: 

𝑑𝑦

𝑑𝑡
= 𝑓(𝑡, 𝑦), 𝑎 ≤ 𝑡 ≤ 𝑏, 𝑦(𝑎) = 𝛼. (1) 

where 𝑦(𝑡) is any function defined on the interval [𝑎, 𝑏], which possessing at least first 

derivative that is continuous in [𝑎, 𝑏] , 𝑓(𝑡, 𝑦) is a real - valued continuous function in [𝑎, 𝑏], 

and 𝛼 is arbitrary constant. 

Since the approximation of the solution 𝑦(𝑡) of the IVP (1) will be generated at various 

values, called mesh points, in the interval [𝑎, 𝑏]. We first make the stipulation that the mesh 

points are equally distributed throughout the interval [𝑎, 𝑏], this condition is ensured by 

choosing a positive integer 𝑁 and selecting the mesh points as follows: 

 𝑡𝑖 = 𝑎 + 𝑖ℎ, 𝑓𝑜𝑟 𝑒𝑎𝑐ℎ 𝑖 = 0,1,2,3 … , 𝑁 , (2) 

The common distance between the points (2) is called the step size, and is denoted by the 

following formula: 
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 ℎ =
𝑏−𝑎

𝑁
= 𝑡𝑖+1 −  𝑡𝑖, 𝑖 = 0,1,2,3 … , 𝑁. (3) 

Thus Euler’s method for the IVP (1) can be expressed as follows: 

 𝑦𝑖+1 = 𝑦𝑖 + ℎ𝑓(𝑡𝑖 , 𝑦𝑖), 𝑦0 = 𝑦(𝑎), 𝑖 = 0,1,2,3 . . . , 𝑁 − 1, (4) 

where ℎ is the step size, as defined in Equation (3). 

Now, consider the concept of more general Runge-Kutta methods [3,11,14], which these 

techniques provide a family of iterative approaches to approximate solutions of ordinary 

differential equations. Unlike other numerical methods Runge-Kutta methods incorporate 

intermediate points within each time step, offering a higher degree of accuracy. The general 

formulation involves calculating a weighted average of slopes at several stages within the 

interval, with the number of stages (or "order") determining the method's precision. This 

flexibility allows the methods to be adapted to various engineering problems, balancing 

computational cost and accuracy based on the specific requirements of the system being 

modeled. 

Fundametntally, all Runge-Kutta methods are generalizations of the basic Euler formula (4) in 

that the slope function 𝑓(𝑡, 𝑦) is replaced by a weighted avarage of slopes over the interval 

defined by 𝑡𝑖 ≤ 𝑡 ≤ 𝑡𝑖+1. That is 

𝑦𝑛+1 = 𝑦𝑛 + ℎ(𝑤1𝑘1 + 𝑤2𝑘2+. . . +𝑤𝑚𝑘𝑚), 𝑚 = 1,2, . .., 

where the weights 𝑤𝑖  , 𝑖 = 1,2, . . . , 𝑚 are constants, that generally satisfy 𝑤1 + 𝑤2+. . . +𝑤𝑚 = 1 

and each 𝑘𝑖  , 𝑖 = 1,2, . . . , 𝑚 are the values of the function 𝑓 evaulated at a selected point (𝑡 , 𝑦) 

for which 𝑡𝑖 ≤ 𝑡 ≤ 𝑡𝑖+1. In the below part we will see that the 𝑘𝑖  , 𝑖 = 1,2, . . . , 𝑚 are defined 

recursively. Let ‘s note that the number 𝑚 is called the order of given method.  

 The Runge - Kutta method has various types, depending on the order 𝑚, but the fourth-

order Runge - Kutta method (RK4) is particularly accurate, as it calculates the next value of the 

solution using four intermediate points within each step. Consequently, the method RK4 for 

the IVP (1) can be expressed as follows: 

 𝑦𝑛+1 = 𝑦𝑛 +
ℎ

6
(𝑘1 + 2𝑘2 + 2𝑘3 + 𝑘4), (5) 

where 𝑘1, 𝑘2, 𝑘3, 𝑘4 are defined in the following form: 

𝑘1 = 𝑓(𝑡𝑛, 𝑦𝑛), 

𝑘2 = 𝑓(𝑡𝑛 +
1

2
ℎ, 𝑦𝑛 +

1

2
ℎ𝑘1) 

𝑘3 = 𝑓(𝑡𝑛 +
1

2
ℎ, 𝑦𝑛 +

1

2
ℎ𝑘2) 

𝑘4 = 𝑓(𝑡𝑛 + ℎ 𝑦𝑛 + ℎ𝑘3). 

It is important to mention that, 𝑘2 depends on 𝑘1, 𝑘3 depends on 𝑘2, and 𝑘4 depends on 𝑘3. 

Also, 𝑘2 and 𝑘3 involve approximations to the slope at the midpoint 𝑡𝑛 +
1

2
ℎ of the interval 

[𝑡𝑛, 𝑡𝑛+1].  

It should be noted this type of Runge-Kutta method provided above is recognized as a 

valuable computational tool and it is often referred to as the fourth-order Runge-Kutta method 

or the classic Runge-Kutta method [3]. 
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3. Numerical examples 

In this section, we present a comparative analysis of several numerical methods for solving 

ordinary differential equations, with a specific focus on Euler’s method and the fourth-order 

Runge - Kutta method (see Section 2). The primary objective is to apply these methods to various 

engineering problems and evaluate which offers greater accuracy and computational efficiency 

in approximating solutions to first-order differential equations. Accordingly, here we examine 

four engineering problems arising from different branches of engineering to illustrate the 

practical relevance and performance of each method, implemented using the MATLAB 

programming language. 

Problem 1. (Fig. 6) 

A safety bumper is placed at the end of a racetrack to stop out-of-control cars. The bumper is designed such 

that the force that the bumper applies to the car is a function of the velocity v and the displacement x of the 

front edge of the bumper according to the equation: 𝐹 =  𝐾𝑣3 (𝑥 + 1)3 where K = 30 (s kg)/m5 is a 

constant. A car with a mass m of 1,500 kg hits the bumper at a speed of 90 km/h. 

 Determine and plot the velocity of the car as a function of its position for 0 ≤ 𝑥 ≤ 3 m. 

Solution: The deceleration of the car upon impact with the bumper can be calculated using 

Newton's second law of motion, 𝑚𝑎 = −𝐾𝑣3 (𝑥 + 1)3 which can be solved for the acceleration 𝑎 

as a function of 𝑣 and 𝑥: 𝑎 =  
−𝐾𝑣3 (𝑥+1)3

𝑚
 . The velocity as a function of 𝑥 can be calculated by 

substituting the acceleration in the equation 𝑣𝑑𝑣 = 𝑎𝑑𝑥 which gives 

 
𝑑𝑣

𝑑𝑥
=

−𝐾𝑣2(𝑥+1)

𝑚
 . (6) 

Equation (6) is a first-order ODE that needs to be solved for the interval 0 ≤ 𝑥 ≤ 3 with the initial 

condition 𝑣 = 90 𝑘𝑚/ℎ at 𝑥 = 0.  

The results of the numerical solution of equation (6), computed using the methods discussed in 

Section 2 and implemented in MATLAB, are provided in Table 1. Additionally, the comparison 

of numerical solutions of (6), obtained using Euler's and Runge - Kutta 's method, is illustrated in 

Figure 1. 
Table 1. The numerical results of Problem 1 applying Euler's and Runge - Kutta 's method (RK4) 

𝒙 𝒗 (𝒎/𝒔) 

(RK4 method) 

𝒗 (𝒎/𝒔) 

(Euler's Method) 

0.0 25.00 25.00 

0.2 23.86 23.75 

0.4 22.24 21.99 

0.6 20.62 20.18 

0.8 18.99 18.33 

1.0 17.37 16.45 

1.2 15.74 14.55 

1.4 14.12 12.63 

1.6 12.49 10.70 

1.8 10.87 8.77 

2.0 9.24 6.83 

2.2 7.62 4.89 

2.4 5.99 2.95 

2.6 4.37 1.01 

2.8 2.74 -0.93 

3.0 1.12 -2.87 
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Fig. 1. Comparison of numerical solution of Problem 1 applying Euler's and Runge - Kutta 's method 

Problem 2. (Fig. 7) 

A water tank shaped as an ellipsoid (a = 1.5 m, b = 4.0m, c=3m) has a circular hole at the bottom as shown. 

According to Torricelli’s law, the speed v of the water that is discharging from the hole is given by 𝑣 =

√2𝑔ℎ  where h is the height of the water and g = 9.81𝑚/𝑠2. The rate at which the height, h, of the water in 

the tank changes as the water flows out through the hole is given by 

 
𝑑𝑦

𝑑𝑡
=

𝑟2  ∗ √2𝑔ℎ

𝑎𝑐[−1+
(ℎ−𝑐)2

𝑐2 ]
 (7) 

 where 𝑟ℎ is the radius of the hole. Solve the differential equation for y. The initial height of the water is 

ℎ = 5.9 𝑚. Solve the problem for different times and find an estimate for the time when ℎ = 0.1 𝑚. Make 

a plot of y as a function of time. 

Solution: To numerically solve the equation (7) governing the water height in the ellipsoidal 

tank, we employ two numerical methods: Euler’s method and the fourth-order Runge-Kutta 

method (implemented via MATLAB). The objective is to estimate the time when the water 

height 𝑦 decreases from its initial value of 5.9 m to 0.1 m and to compare the performance of 

these methods by plotting 𝑦 as a function of time. The equation (7) derived from the geometry of 

the ellipsoid and Torricelli’s law, is given by: 
𝑑𝑦

𝑑𝑡
= − 

𝑟ℎ
2 ∗ √2𝑔𝑦

𝑎𝑏∗(1−
(𝑦−𝑐)2

𝑐2 )
 where the parameters are 

defined as follows: semi-axes of the ellipsoid 𝑎 = 1.5𝑚, 𝑏 = 4.0𝑚, 𝑐 = 3.0𝑚 ; radius of the hole 

𝑟ℎ = 0.025𝑚; gravitational acceleration 𝑔 = 9.81𝑚/𝑠2; and initial height 𝑦0 = 5.9𝑚. The goal is 

to solve this equation numerically until 𝑦 = 0.1𝑚 estimate the corresponding time, and plot the 

height 𝑦(𝑡). 

 The results (impl. in MATLAB) and comparison of numerical solutions of (7) obtained using 

Euler's and Runge - Kutta 's method (RK4) are provided correspondingly in Table 2, Figure 2. 
Table 2. The numerical results of Problem 2 applying Euler's and Runge - Kutta 's method (RK4) 

 𝒓𝒉 △ 𝒕 Time (𝒕)(RK4 method) Time (𝒕)𝒎(Euler's Method) 

0.015 1.0 15622.5 15620.0 

0.015 0.5 15622.5 15621.5 

0.015 0.1 15622.5 15622.2 

0.025 1.0 5642.5 5641.0 

0.025 0.5 5642.5 5642.0 

0.025 0.1 5642.5 5642.3 

0.035 1.0 2875.8 2874.0 

0.035 0.5 2875.8 2875.0 

0.035 0.1 2875.8 2875.5 
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Fig. 2. Comparison of numerical solution of Problem 2 applying Euler's and Runge - Kutta 's method 

Problem 3. (Fig. 8) 

 An airplane uses a parachute and other means of braking as it slows down on the runway after landing. Its 

acceleration is given by 𝑎 = −0.0035𝑣2 𝑚/𝑠2 . Since 𝑎 =
𝑑𝑣

𝑑𝑡
 , the rate of change of the velocity is given by:  

 
𝑑𝑣

𝑑𝑡
= −0.0035𝑣2-3. (8) 

Consider an airplane with a velocity of 300 km/h that opens its parachute and starts decelerating at 𝑡 = 0 s.  

(a) By solving the differential equation, determine and plot the velocity as a function of time from 𝑡 = 0 s 

until the airplane stops.  

(b) Use numerical integration to determine the distance 𝑥 the airplane travels as a function of time. Make a 

plot of 𝑥 versus time. 

Solution: To solve the airplane deceleration problem, we begin with the differential equation (8), 

which describes how the velocity of the airplane decreases over time due to two forces: air 

resistance proportional to the square of the velocity and a constant braking force (e.g., from the 

parachute or brakes). The initial condition is given as 𝑦(0) = 300 km/h , which is converted to 

83.33 m/s for consistency with SI units. The simulation runs until the velocity approaches zero, 

indicating the plane has fully stopped. Once we obtain the velocity 𝑣(𝑡) , we use MATLAB 

programing language to numerically integrate the velocity over time and calculate the total 

distance the airplane has traveled while decelerating.  

 The results of the numerical solution of equation (8), corresponding to part (a) of Problem 3, 

computed using the methods discussed in Section 2 and implemented in MATLAB, are 

presented in Table 3. The results for part (b) of Problem 3 are presented in Table 4. 

 Finally, we generate two plots: one (Fig.3) showing how velocity decreases with time, and 

another (Fig.4) showing how distance accumulates over time. This approach allows us to 

understand both how long it takes the airplane to stop and how far it travels during that period. 
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Table 3. Velocity Comparison Table (Selected Time Points) 

Time (𝒕) 

 

𝒗 (𝒎/𝒔) 

(Exact value) 

𝒗 (𝒎/𝒔) 

(RK4) 

𝒗 (𝒎/𝒔) 

(Euler's M.) 
Error 

(RK4) 

Error 

(Euler's M.) 

0.0 83.333 83.333 83.333 0.000 0.000 

1.0 77.142 77.139 76.983 0.003 0.159 

2.0 71.678 71.672 71.263 0.006 0.415 

3.0 66.821 66.812 66.114 0.009 0.707 

4.0 62.467 62.455 61.435 0.012 1.032 

5.0 58.530 58.514 57.147 0.016 1.383 

... ... ... ... ... ... 

20.0 8.214 8.193 6.521 0.021 1.693 

21.0 6.732 6.710 5.123 0.022 1.609 

22.0 5.370 5.348 3.857 0.022 1.513 

23.0 4.123 4.101 2.711 0.022 1.412 

24.0 2.987 2.966 1.678 0.021 1.309 

25.0 1.958 1.938 0.752 0.020 1.206 

26.0 1.032 1.014 0.000 0.018 1.032 

26.5 0.517 0.500 0.000 0.017 0.517 

27.0 0.000 0.000 0.000 0.000 0.000 

 

Table 4. Stopping Distance Comparison Table 

 

Time (𝒕) 

 

Distance (𝒙) 

(Exact value) 

Distance (𝒙) 

(RK4) 

 

Distance (𝒙) 

(Euler's M.) 

Error 

(RK4) 

Error 

(Euler's M.) 

0.0 0.000 0.000 0.000 0.000 0.000 

5.0 352.417 352.392 350.124 0.025 2.293 

10.0 653.812 653.745 648.573 0.067 5.239 

15.0 910.524 910.401 901.842 0.123 8.682 

20.0 1127.385 1127.183 1114.692 0.202 12.693 

25.0 1308.724 1308.423 1291.417 0.301 17.307 

26.0 1336.142 1335.812 1317.925 0.330 18.217 

26.5 1348.214 1347.871 1329.500 0.343 18.714 

27.0 1358.000 1357.647 1338.000 0.353 20.000 

 

  
Fig. 3. Plot of the part (a) of Problem 3 Fig. 4. Plot of the part (b) of Problem 3 

 

Problem 4. (Fig. 9) 

An RC (resistor-capacitor) circuit includes a voltage source 𝑣𝑠 , a resistor 𝑅 =  48   𝛺 , and a capacitor 

𝐶 = 2.4 × 10−6 𝐹 , as shown in the figure. The differential equation that describes the response of the 

circuit is: 

 
𝑑𝑣𝑐

𝑑𝑡
+

1

𝑅𝐶
𝑣𝑐 =

1

𝑅𝐶
𝑣𝑠 , (9) 

where 𝑣𝑐 is the voltage of the capacitor. Initially, 𝑣𝑐 = 0 , and at t = 0 the voltage source is changed.  
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Determine the response of the circuit for the following three cases: 

(a) 𝑣𝑠 = 5𝑠𝑖(20𝜋𝑡)  𝑉 for 𝑡 ≥ 0 

(b) 𝑣𝑠 = 5𝑒−𝑡/0.08𝑠𝑖(20𝜋𝑡)  𝑉 for 𝑡 ≥ 0 

(c) 𝑣𝑠 = 12 𝑉 for 0 ≤ 𝑡 ≤ 0.1 𝑠, and then 𝑣𝑐 = 0 for 𝑡 ≥ 0.1𝑠(rectangular pulse) 

Note: Each case corresponds to a different differential equation. The solution is the voltage of the capacitor 

as a function of time. Solve each case for 0 ≤ 𝑡 ≤ 0.4 𝑠. For each case, plot 𝑣𝑐 and 𝑣𝑠 versus time. 

Solution. This RC (resistor-capacitor) circuit problem involves solving the differential equation 

(9) for three different voltage sources to find the capacitor voltage 𝑣𝑐(t) and 𝑣𝑠(𝑡). With 𝑅 =

 48   𝛺 and 𝐶 = 2.4 × 10−6 𝐹 the time constant is very small (τ≈0.0001152 s), meaning the circuit 

responds very quickly. In Case (a), the input is a sinusoid, so the capacitor voltage will be a 

sinusoid with a phase lag after the transient dies out. Case (b) uses a damped sinusoidal input 

that decays rapidly, and Case (c) is a pulse input where the capacitor charges and then 

discharges exponentially. While the MATLAB code correctly represents the inputs for (b) and 

partly for (c), it doesn’t actually solve the ODE for the capacitor voltage in any case. Instead, it 

plots assumed or approximate behaviors. For accurate results, the ODE must be solved 

numerically (e.g., using MATLAB code) or analytically, and then both 𝑣𝑐 and 𝑣𝑠 should be 

plotted for comparison. 

Finally, the results of the numerical solution of equation (9), related to part (a), (b), (c) of Problem 

4, computed using the methods discussed in Section 2 and implemented in MATLAB, are corres-

pondingly presented in Table 5, Table 6, Table 7. Additionally, the comparison of numerical 

solution of equation (9), related to part (a), (b), (c) of Problem 4 is illustrated in Figure 5. 
Table 5. Damped Sinusoid 

Time (𝒕) 

 

𝒗𝒔 

(Exact value) 

𝒗𝒔 

(RK4) 

𝒗𝒔 

(Euler's M.) 
Error 

(RK4) 

Error 

(Euler's M.) 

0.00 0.000 0.000 0.000 0.000 0.000 

0.05 0.951 0.951 0.945 0.000 0.006 

0.10 0.309 0.309 0.301 0.000 0.008 

0.15 -0.587 -0.587 -0.594 0.000 0.007 

0.20 -0.191 -0.191 -0.197 0.000 0.006 

0.25 0.447 0.447 0.440 0.000 0.007 

0.30 0.145 0.145 0.138 0.000 0.007 

0.35 -0.346 -0.346 -0.352 0.000 0.006 

0.40 -0.112 -0.112 -0.117 0.000 0.005 

 

Table 6. Fast Decaying Sinusoid 

Time (𝒕) 

 

𝒗𝒔 
(Exact value) 

𝒗𝒔 

(RK4) 

𝒗𝒔 

(Euler's M.) 
Error 

(RK4) 

Error 

(Euler's M.) 

0.00 0.000 0.000 0.000 0.000 0.000 

0.05 0.854 0.854 0.842 0.000 0.012 

0.10 0.135 0.135 0.123 0.000 0.012 

0.15 0.021 0.021 0.012 0.000 0.009 

0.20 0.003 0.003 -0.002 0.000 0.005 

0.25 0.001 0.001 -0.003 0.000 0.004 

0.30 0.000 0.000 -0.002 0.000 0.002 

0.35 0.000 0.000 -0.001 0.000 0.001 

0.40 0.000 0.000 -0.001 0.000 0.001 
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Table 7. Pulse Response 

Time (𝒕) 

 

𝒗𝒔 

(Exact value) 

𝒗𝒔 

(RK4) 

𝒗𝒔 

(Euler's M.) 
Error 

(RK4) 

Error 

(Euler's M.) 

0.00 0.000 0.000 0.000 0.000 0.000 

0.05 1.500 1.500 1.500 0.000 0.000 

0.10 3.000 3.000 3.000 0.000 0.000 

0.15 2.426 2.426 2.426 0.000 0.000 

0.20 1.960 1.960 1.960 0.000 0.000 

0.25 1.584 1.584 1.584 0.000 0.000 

0.30 1.280 1.280 1.280 0.000 0.000 

0.35 1.034 1.034 1.034 0.000 0.000 

0.40 0.836 0.836 0.836 0.000 0.000 

 

 
Fig. 5. The comparison of numerical solution of equation (9), related to part (a), (b), (c) of Problem 4 

 

Additionally, the following figures provide a visual representation of the problems stated above 

in Section 3. 

                 

Fig. 6. Description of Problem 1              Fig. 7. Description of Problem 2 

 

             

Fig. 8. Description of Problem 3                  Fig. 9. Description of Problem 4 
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4. Conclusion 

In this study, numerical methods were successfully applied to solve four real-world engineering 

problems involving nonlinear differential equations. Both Euler’s method and the Runge-Kutta 

method (implemented via MATLAB programming) were used to approximate the solutions. The 

results showed that while Euler’s method is simple and easy to implement, it requires very small 

step sizes to maintain acceptable levels of accuracy and stability. In contrast, the Runge-Kutta 

method provided more accurate and efficient results, particularly in handling nonlinear and 

dynamic systems. These findings highlight the importance of selecting appropriate numerical 

methods based on the specific demands of the problem, especially in engineering contexts where 

precision and computational performance are critical. 
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1. Introduction 

Managing service systems that rely on inventory presents a core challenge in operations 

research, particularly when these systems have finite capacity, stochastic arrivals, and non-

identical supply sources. Traditional queuing models often oversimplify by assuming infinite 

inventory or single-source resupply, which is inadequate for applications such as spare-parts 

logistics, emergency medical stock management, or just-in-time production [1,2]. 

This research study a finite-buffer queuing-inventory system (QIS) with a single server and two 

distinct supply sources. Customers are categorized as consumer customers, who require 

inventory items for service, and destructive customers, who deplete stock without receiving 

service. Replenishment follows a hybrid, threshold-based policy: when stock hits the reorder 

level 𝑠, a regular order is placed to the slow, low-cost supplier; if inventory further falls to the 

critical level 𝑟 < 𝑠, that order is cancelled and an emergency order is placed with the fast, high-

cost supplier. This policy mirrors systems analyzed in prior dual-sourcing models [3–5]. 

We model the system using a two-dimensional continuous-time Markov chain (2DMC), 

capturing both queue length and inventory level. Transition rates are explicitly derived, and 



Ramil Mirzayev 

 

20 

steady-state probabilities are calculated using matrix-analytic techniques. This extends analyses 

from similar dual-source QIS frameworks [1,2]. 

The study then formulates a control problem to identify optimal threshold pairs (𝑠, 𝑟) that 

minimize total expected cost (TEC). This cost function includes replenishment, holding, penalty, 

and cancellation components and follows optimization methodologies from earlier QIS studies 

[1,5–7]. 

Finally, numerical experiments assess how changes in system parameters – such as arrival rate, 

buffer size, and thresholds – affect performance metrics and costs. The findings not only 

demonstrate the benefits of hybrid replenishment but also offer practical guidance for system 

design under realistic uncertainties. 

2. Model Description and Analytical Framework 

This study investigates a double-source, single-server, finite QIS with restricted buffer capacity 

𝑁, 𝑁 < ∞ and maximal store capacity 𝑆, 𝑆 < ∞. The model is designed to jointly manage 

stochastic customer arrivals and inventory replenishment dynamics under capacity and 

responsiveness constraints. The inventory is essential for service provision and is replenished via 

a hybrid policy involving two heterogeneous suppliers, see [8]. 

The system supports two types of customers: 

 Consumer customers (c-customers), arriving according to a Poisson process with rate 𝜆, each 

requesting one item of inventory for service. 

 Destructive customers (d-customers), arriving independently with rate 𝜅, each removing one 

inventory item upon arrival. 

If inventory is available and the server is idle, a c-customer is immediately started for service. If 

the server is busy but inventory is still available, the c-customer joins a finite buffer. If no 

inventory is present upon arrival, the customer joins the queue with probability 𝜑1, or leaves 

with probability 𝜑2 = 1 − 𝜑1. Customers in the buffer may abandon the system after an 

exponentially distributed patience time 𝜏−1 if inventory remains unavailable. 

After service, a c-customer may accept the item (with probability 𝜎2) or don’t accept it (with 

probability 𝜎1 = 1 − 𝜎2). The corresponding service times are exponentially distributed with 

rates 𝜇2 and 𝜇1, respectively. 

Inventory replenishment follows a hybrid policy: 

 When inventory drops to a threshold 𝑠, 𝑠 < 𝑆/2, an order of size 𝑄 = 𝑆 − 𝑠 is placed to 

Source-1 (slow, cheaper). 

 If inventory reaches a more critical level 𝑟, 𝑟 < 𝑠, the order from Source-1 is canceled (with 

penalty), and a new "Up-to-S" order is placed to Source-2 (fast, expensive). 

 Both Source-1 and Source-2 exhibit exponentially distributed lead times, with average 

delivery delays of 𝜈1
−1 and 𝜈2

−1, respectively. Since 𝜈2 > 𝜈1, Source-2 provides quicker 

deliveries. Nevertheless, this increased speed comes at a higher cost, creating a balance that 

must be considered between cost-effectiveness and responsiveness. 

This behavior creates a Markovian system modeled as a 2DMC with states (𝑛, 𝑚), where 𝑛 is the 

number of c-customers in the system, and 𝑚 is the current inventory level. The state space is 
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𝐸 = {0,1, … , 𝑁} × {0,1, … , 𝑆}. The transition rates from a given state (𝑛1, 𝑚1) ∈ 𝐸 to another state 

(𝑛2, 𝑚2) ∈ 𝐸 are represented by 𝑞((𝑛1, 𝑚1); (𝑛2, 𝑚2)). The specific transition intensities for state 

(𝑛1, 𝑚1) are given below, see [8]: 

𝑞1((𝑛1, 𝑚1); (𝑛1 + 1, 𝑚1)) = 𝜑1 ∙ 𝐼(𝑛1 < 𝑁) ∙ 𝐼(𝑚1 = 0); 

𝑞1((𝑛1, 𝑚1); (𝑛1 + 1, 𝑚1)) =  ∙ 𝐼(𝑛1 < 𝑁) ∙ 𝐼(𝑚1 > 0); 

𝑞1((𝑛1, 𝑚1); (𝑛1 − 1, 𝑚1)) = 𝜇1𝜎1 ∙ 𝐼(𝑚1 > 0); 

𝑞1((𝑛1, 𝑚1); (𝑛1 − 1, 𝑚1 − 1)) = 𝜇2𝜎2 ∙ 𝐼(𝑚1 > 0); 

𝑞1((𝑛1, 𝑚1); (𝑛1, 𝑚1 − 1)) =  ∙ 𝐼(𝑚1 > 0); 

𝑞1((𝑛1, 𝑚1); (𝑛1 − 1, 𝑚1)) = 𝜏 ∙ 𝐼(𝑛1 > 0) ∙ 𝐼(𝑚1 = 0); 

𝑞1((𝑛1, 𝑚1); (𝑛1, 𝑚1 + 𝑆 − 𝑠)) = 1 ∙ 𝐼(𝑟 < 𝑚1 ≤ 𝑠); 

𝑞1((𝑛1, 𝑚1); (𝑛1, 𝑆)) = 2 ∙ 𝐼(0 ≤ 𝑚1 ≤ 𝑟). 

Here, the notation 𝐼(𝐴) refers to the indicator function, which takes the value 1 when the 

condition 𝐴 holds true, and 0 otherwise. 

The steady-state probabilities 𝑝(𝑛, 𝑚) are satisfied the system of balance equations (SBE). Both 

exact and approximate methods to solve the SBE are developed in [8]. In that paper the following 

explicit formulas are proposed to calculate the key performance measures: 

 Average inventory level (𝑆𝑎𝑣)  

𝑆𝑎𝑣 = ∑ 𝑚 ∑ 𝑝(𝑛, 𝑚)

𝑁

𝑛=0

𝑆

𝑚=1

≈ ∑ 𝑚𝜋(< 𝑚 >)

𝑆

𝑚=1

;  (1) 

Average supply from Source-i, 𝑖 =  1, 2, (𝑉𝑎𝑣(𝑖)) 

𝑉𝑎𝑣(1) = (𝑆 − 𝑠) ∑ ∑ 𝑝(𝑛, 𝑚)

𝑁

𝑛=0

𝑠

𝑚=𝑟+1

≈ (𝑆 − 𝑠) ∑ 𝜋(< 𝑚 >)

𝑠

𝑚=𝑟+1

;  (2) 

𝑉𝑎𝑣(2) = ∑ (𝑆 − 𝑚)

𝑟

𝑚=0

∑ 𝑝(𝑛, 𝑚) ≈

𝑁

𝑛=0

∑ (𝑆 − 𝑚)𝜋(< 𝑚 >)

𝑟

𝑚=0

;  (3)  

 Average number of c-customers in system (𝐿𝑎𝑣) 

𝐿𝑎𝑣 = ∑ 𝑛 ∑ 𝑝(𝑛, 𝑚) ≈

𝑆

𝑚=0

𝑁

𝑛=1

∑ 𝑛 ∑ 𝜌𝑚(𝑛)𝜋(< 𝑚 >)

𝑆

𝑚=0

𝑁

𝑛=1

;  (4) 

 Average damaging rate of stocks (𝐷𝑅𝑆): 

𝐷𝑅𝑆 = 𝜅 (1 − ∑ 𝑝(𝑛, 0)

𝑁

𝑛=0

) ≈ (1 − 𝜋(< 0 >)); (5) 

 Average reorder rate from Source-1 (𝑅𝑅1): 

𝑅𝑅1 = 𝜅𝑝(0, 𝑠 + 1) + (𝜇2𝜎2 + 𝜅) ∑ 𝑝(𝑛, 𝑠 + 1)

𝑁

𝑛=1

≈ 𝜋(𝑠 + 1) ( + 𝜇2𝜎2(1 − 𝜌(0))) ; (6) 

 Average reorder rate from Source-2 (𝑅𝑅2): 
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𝑅𝑅2 = 𝜅𝑝(0, 𝑟 + 1) + (𝜇2𝜎2 + 𝜅) ∑ 𝑝(𝑛, 𝑟 + 1)

𝑁

𝑛=1

≈ 𝜋(< 𝑟 + 1 >) ( + 𝜇2𝜎2(1 − 𝜌(0))) ; (7) 

 Loss probability of c-customers (𝑃𝐿): 

𝑃𝐿 = 𝜑2 ∑ 𝑝(𝑛, 0)

𝑁

𝑛=0

  + ∑ 𝑝(𝑁, 𝑚)

𝑆

𝑚=0

+
𝜏

𝜏 + 𝜆𝜑1 + 𝜈2
∑ 𝑝(𝑛, 0)

𝑁−1

𝑛=1

+
𝜏

𝜏 + 2
𝑝(𝑁, 0) ≈ 

≈ 𝜑2𝜋(< 0 >) + ∑ 𝜌𝑚(𝑛)𝜋(< 𝑚 >)

𝑆

𝑚=0

+
𝜏

𝜏 + 𝜆𝜑1 + 𝜈2
𝜋(< 0 >)(1 − 𝜌(0)) + 

+
𝜏

𝜏 + 2
𝜌0(𝑁)𝜋(< 0 >). (8) 

This allows solve the minimization of the TEC associated with operating the QIS. 

3. Optimization of Total Expected Cost 

As a natural extension of the stochastic modeling and performance analysis discussed in [8], we 

now focus on optimizing the TEC. The cost function incorporates both service and inventory 

considerations and is formulated as follows: 

TEC(𝑠, 𝑟) = ∑(𝐾𝑖 + 𝑐𝑟(𝑖)𝑉𝑎𝑣(𝑖))𝑅𝑅𝑖

2

𝑖=1

+ 𝑐𝑐𝑅𝑅2 + 𝑐ℎ𝑆𝑎𝑣 + 𝑐𝑑𝐷𝑅𝑆 + 𝑐𝑙𝜆𝑃𝐿 + 𝑐𝑤𝐿𝑎𝑣 , (9) 

where: 

 𝐾𝑖 is the fixed cost of placing an order from Source-𝑖 (𝑖 = 1,2), 

 𝑐𝑟(𝑖) is the unit inventory cost from Source-𝑖 (𝑖 = 1,2), 

 𝑉𝑎𝑣(𝑖) is the average ordered volume from Source-𝑖 (𝑖 = 1,2), 

 𝑅𝑅𝑖 is the average number of replenishment requests from Source-𝑖 (𝑖 = 1,2) per unit time, 

 𝑐𝑐 is the penalty cost for canceling an order from Source-1, 

 𝑐ℎ is the holding cost per unit inventory per unit time, 

 𝑐𝑑 is the damage cost per unit inventory, 

 DRS is the average number of inventory items destroyed by d-customers per unit time, 

 𝑐𝑙 is the cost of losing a c-customer, 

 PL is the probability of customer loss due to inventory shortage, 

 𝑐𝑤 is the cost of customer waiting per unit time, 

 𝐿𝑎𝑣 is the average number of waiting customers. 

We assume that both warehouse and buffer capacity as well as loading parameters of the QIS are 

fixed parameters. So, the decision variables in this cost minimization problem are the thresholds 

𝑠 and 𝑟. The optimal pair (𝑠∗, 𝑟∗) is defined as the solution to the following minimization 

problem: 

(𝑠∗, 𝑟∗) = 𝑎𝑟𝑔 𝑚𝑖𝑛
(𝑠,𝑟)∈𝑋

𝑇𝐶(𝑠, 𝑟) .  (10) 
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where 𝑋 is the set of all admissible threshold pairs (𝑠, 𝑟) satisfying 0 ≤ 𝑟 < 𝑠 < 𝑆/2. 

This optimization framework enables practitioners to tune replenishment strategies based on a 

cost-performance trade-off, balancing inventory responsiveness, service reliability, and 

operational cost under uncertainty. 

4. Numerical Experiments 

A series of numerical experiments were conducted to evaluate the performance of the proposed 

model and to investigate the impact of various parameters on the system's behavior. A primary 

objective of these experiments was the minimization of the TEC, a crucial metric for evaluating 

the efficiency of the supply chain.  

For these experiments, we focus on optimizing the controllable parameters, specifically 𝑠 and 𝑟. 

The core of the optimization problem is to identify the optimal pair of values (𝑠, 𝑟) that 

minimizes the functional presented in (10).  

Table 1 and Table 2 detail the results of these numerical experiments, providing insights into the 

optimal operational strategies for minimizing TEC. Here, the values of the system parameters 

were taken as follows: 

𝑆 = 24, 𝑁 = 50, 𝑠 = 10, 𝜆 = 20, µ1 = 35, µ2 = 15, 𝜎1 = 0.4, 𝜎2 = 0.6,  

𝑠 = 10, 𝜑1 = 0.7, 𝜑2 = 0.3, 𝜐1 = 0.5, 𝜐2 = 1, 𝜏 = 2, 𝜅 = 1. 

Experiment 1. Let’s take the cost parameters as follows:  

𝐾1 = 100, 𝐾2 = 200, 𝑐𝑟(1) = 50, 𝑐𝑟(2) = 100, 𝑐𝑐 = 50, 𝑐ℎ = 35, 𝑐𝑑 = 75, 𝑐𝑙 = 200, 𝑐𝑤 = 50. 

Using the given parameter values, the total cost values TEC(𝑠, 𝑟) are computed according to 

formula (9). The results are presented in Table 1 for different values of the reorder level 𝑟 and the 

review level 𝑠. 

Table 1. Results of Formula (9) 

 s 

1 2 3 4 5 6 7 8 9 10 

r 

0 4300.11 4273.44 4249.78 4229.05 4211.16 4196.05 4183.67 4174.02 4167.07 4162.85 

1 

 

4227.37 4203.75 4182.99 4165.00 4149.73 4137.12 4127.13 4119.76 4115.00 

2 

  

4160.20 4139.50 4121.51 4106.15 4093.38 4083.13 4075.41 4070.19 

3 

   

4098.35 4080.45 4065.11 4052.25 4041.84 4033.84 4028.24 

4 

    

4041.57 4026.35 4013.52 4003.03 3994.86 3988.98 

5 

     

3989.61 3976.94 3966.51 3958.27 3952.20 

6 

      

3942.23 3931.99 3923.83 3917.71 

7 

       

3899.20 3891.27 3885.24 

8 

        

3860.28 3854.54 

9 

         

3825.26 

 

From Table 1, it is evident that the TEC decreases monotonically as both 𝑠 and 𝑟 increase within 

the admissible range. The minimal TEC value in the table is: 

𝑚𝑖𝑛 TEC = 3825.262 achieved at (𝑠∗, 𝑟∗) = (10, 9). 

This indicates that the optimal reorder thresholds 𝑠∗ and 𝑟∗ which minimize the TEC are 𝑠∗ = 10 

and 𝑟∗ = 9. The minimal value of the TEC is made bold in Table 1. 

 



Ramil Mirzayev 

 

24 

Experiment 2. For this experiment, to illustrate the effect of parameter variation, the cost and 

system parameters were modified as follows: 

𝜆 = 8, 𝜅 = 2, 𝜇1 = 45, 𝜇2 = 15, 𝜏 = 1.5, 𝜈1 = 2, 𝜈2 = 8, 

𝐾1 = 150, 𝐾2 = 250, 𝑐𝑟(1) = 60, 𝑐𝑟(2) = 120, 𝑐𝑐 = 60, 𝑐ℎ = 40, 𝑐𝑑 = 90, 𝑐𝑙 = 220, 𝑐𝑤 = 55. 

The results of the formula (9) are showed in Table 2 for 𝑠 = 1,10̅̅ ̅̅ ̅̅  and 𝑟 = 0, 𝑠 − 1̅̅ ̅̅ ̅̅ ̅̅ ̅̅ . 
Table 2. Results of Formula (9) 

 s 

1 2 3 4 5 6 7 8 9 10 

r 

0 871.26 864.94 863.51 866.49 873.41 883.87 897.49 913.96 933.04 954.57 

1  837.22 844.44 853.09 863.79 876.78 892.10 909.73 929.61 951.69 

2   834.09 847.71 861.18 875.65 891.70 909.62 929.54 951.53 

3    844.86 861.73 877.71 894.25 912.10 931.67 953.20 

4     861.97 880.73 898.24 916.14 935.28 956.17 

5      882.06 902.14 920.80 939.81 960.11 

6       903.64 924.87 944.57 964.64 

7        926.09 948.45 969.22 

8         949.17 972.73 

9          972.80 

According to the values presented in Table 2, the lowest total cost recorded in the table is: 

𝑚𝑖𝑛TEC = 834.09  

which occurs at the reorder and review levels (𝑠∗, 𝑟∗) = (3, 2). This optimal value of the TEC is 

bolded in the table for clarity. 

5. Conclusion 

This study presents a comprehensive framework for optimizing the TEC in finite QISs operating 

under a hybrid replenishment policy with dual supply sources. By integrating a 2DMC model 

with a detailed cost function, we analyze both the performance and economic efficiency of 

systems where customer demand, inventory depletion, and replenishment dynamics interact 

under uncertainty and capacity constraints. The proposed model successfully captures key 

operational characteristics, such as inventory-dependent service capability, probabilistic 

customer behavior, and the trade-offs between lead time and replenishment cost. 

Overall, this work not only advances the theoretical understanding of hybrid QIS models but 

also provides actionable insights for decision-makers aiming to balance cost efficiency with 

service quality in complex inventory-service systems. Future research may extend this model to 

incorporate more dynamic replenishment strategies, partial deliveries, or real-time data-driven 

control mechanisms. 

 

  



Optimal Cost Analysis in a Double-Source Queuing-Inventory System Under Hybrid Replenishment Policy 

25 

REFERENCE LIST 

1. Melikov, A., Mirzayev, R., & Sztrik, J. (2023). Double sources queuing inventory systems with finite waiting room 

and destructible stocks. Mathematics, 11(1), 226. 

2. Melikov, A., Mirzayev, R., & Nair, S. (2022). Double sources queuing inventory system with hybrid replenishment 

policy. Mathematics, 10(14), 2423. 

3. Lawrence Arputham, S., Melikov, A., & Sivakumar, B. (2023). Analysis and optimization of hybrid replenishment 

policy in a double sources queueing-inventory system with MAP arrivals. Annals of Operations Research, 331(2), 

1249–1267. 

4. Melikov, A, Shahmaliyev, M., & Nair, S. (2021). Matrix-geometric method to study queuing system with 

perishable inventory. Automation and Remote Control, 82, 2168–2181. 

5. Xin, L., & Goldberg, D. A. (2017). Asymptotic optimality of tailored base-surge policies in dual-sourcing inventory 

systems. Management Science, 64(1), 437–452. https://doi.org/10.1287/mnsc.2016.2607 

6. Xin, L., & Van Mieghem, J. A. (2021). Dual-sourcing, dual-mode dynamic stochastic inventory models: A review. 

SSRN Electronic Journal. https://doi.org/10.2139/ssrn.3885147 

7. Song, J.-S., Xiao, L., Zhang, H., & Zipkin, P. (2017). Optimal policies for a dual-sourcing inventory problem with 

endogenous stochastic lead times. Operations Research, 65(2), 379–395. 

8. Mirzayev, R., & Aliyeva, S. (2025). Modeling and optimization of finite buffer queuing-inventory systems with 

hybrid replenishment. In Proceedings of the International Conference on Management and Control in Solving Engineering 

Problems (MaCoSEP 25). Baku, Azerbaijan. 

 

 

 

 

 

 



JOURNAL OF BAKU ENGINEERING UNIVERSITY- MATHEMATICS AND COMPUTER SCIENCE 

2025. Volume 9, Number 1   Pages 26-42 

26 

 

 

 

UOT: 004.93.1:338.2 

DOI: https://doi.org/10.30546/09090.2025.210.023 

QUANTIFYING THE NATIONAL RETURN ON INVESTMENT             

OF LOW-LATENCY BACKBONE NETWORKS: A CASE STUDY              

OF REAL-TIME DIGITAL TWINS ON AZERBAIJAN’S                     

“DIGITAL SILK WAY” 

SEOK-HYUN AHN (ELLIOTT AHN) 

aseokhyun.ahn@gmail.com,/ elliott.ahn@gist.ac.kr 

orcid.org/0009-0005-4666-5512 

GIST (Gwangju Institute of Science and Technology) 

AI Policy Graduate School, Korea 

 

ARTICLE INFO ABSTRACT 

Article history: 

Received: 2025-09-22  

Received in revised form:2025-09-24  

Accepted:2025-10-15  

Available online  

This study proposes the use of Universal Scene Description (USD) in VFX and 

digital twin pipelines to clarify its links with AI simulation. USD is an open 

3D scene technology developed by Pixar that has become the industry's de facto 

standard. It enables the robust exchange and non-destructive editing of 

complex 3D assets across DCC tools. Exploration of an optimal methodology 

for integrating the VFX production pipeline with real-time digital-twin 

simulation by centering the pipeline on USD. Specifically, we connect USD to 

NVIDIA Omniverse to support concurrent, collaborative design and physically 

based simulation while enabling reinforcement learning (RL) agents to train in 

an accurate virtual environment. Using complex, real-world VFX scenes, the 

study benchmarks scene-loading time, memory footprint, viewport frames per 

second (FPS) and simulation frame rate. The results show that a USD-based 

pipeline delivers faster data loading, more efficient memory management and 

better real-time simulation performance than conventional approaches. 

Technical interoperability with RL frameworks, including NVIDIA Isaac Gym, 

RLlib and Stable Baselines3, is also demonstrated, thereby validating end-to-

end training workflows. Finally, the implications for AI simulation are 

assessed, and it is argued that a USD-centric stack advances both VFX and 

industrial digital twin practice. Overall, this approach establishes a practical 

basis for future USD-based fusion pipelines that unify content creation, 

simulation and learning. The framework is vendor-agnostic and can be 

reproduced across deployments. 

Keywords: 

“USD”; 

”Omniverse”; 

”Digital Twin” ; 

 “VFX Pipeline” ; 

 “Realtime simulation” ; 

”Reinforcement learning” ; “NVIDIA” ;  

“Isaac Gym” 

2010 Mathematics Subject 

Classifications: 68T07, 68U05, 65C20, 

91B55 

 

 

Introduction 

1. THE DIGITAL SILK ROAD AND THE ECONOMICS OF NATIONAL DIGITAL 

TRANSFORMATION 

1.1 Strategic Context of the Project 

The ‘Digital Silk Way’ (DSW) project, spearheaded by Azerbaijan, represents more than a mere 

telecommunications infrastructure initiative; it is a core strategy for diversifying the national 

economy and establishing the nation as a regional digital hub (AzerTelecom, 2022). Led by 
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NEQSOL Holding and executed by its subsidiary AzerTelecom, the project aims to build a new 

high-capacity digital corridor connecting Europe and Asia via Azerbaijan. This endeavor seeks to 

replicate Azerbaijan's historical geopolitical role as a crossroads of the physical Silk Road in the 

modern data economy (AzerTelecom, 2022). The project's international significance was recogni-

zed in 2020 when it was selected as one of the top five strategic infrastructure projects in Asia at 

the Global Strategic Infrastructure Leadership Forum in the United States (AzerTelecom, 2022). 

Traditional economic assessments of broadband network investments have primarily focused on 

the macroeconomic correlation between increased penetration rates or average speeds and Gross 

Domestic Product (GDP) (World Broadband Association, 2020). For instance, studies have 

shown that a 10% increase in broadband penetration can lead to a GDP growth of 0.25% to 1.5%, 

with a doubling of speed potentially adding another 0.3% to GDP (World Broadband 

Association, 2020). However, this approach fails to directly measure the value of ‘low latency,’ a 

critical network quality demanded by next-generation industrial applications. High-value 

industries such as autonomous shipping, remote maintenance, and real-time simulation depend 

not just on high speed, but on the extremely low latency required to ensure real-time 

synchronization between the physical and digital worlds. 

Therefore, the true economic value of a low-latency backbone like the DSW must be evaluated 

beyond conventional penetration models, focusing instead on its capacity to secure national 

‘digital twin readiness.’ This reframes the investment from a simple public good to a strategic 

foundation for attracting and nurturing future industries. This study departs from this point, 

proposing a new evaluation model that quantifies the direct impact of low-latency infrastructure 

on the performance of specific high-value applications like real-time digital twins, thereby 

enabling a more precise analysis of the investment's economic viability. 

1.2 Physical Scope and Composition of the DSW 

The DSW project comprises both terrestrial and subsea fiber-optic networks spanning 

Azerbaijan's mainland and crossing the Caspian Sea. The terrestrial segment involves laying 

new, internationally compliant fiber-optic cables along existing railway networks (AzerTelecom, 

2022). The project's centerpiece is the Trans-Caspian Fiber Optic (TCFO) cable, stretching 

approximately 380-400 km between Sumgayit, Azerbaijan, and Aktau, Kazakhstan. The TCFO is 

designed with an initial data transmission capacity of 4-6 Terabits per second (Tbps), scalable up 

to 400Tbps to accommodate future data traffic growth (AzerTelecom, 2022). 

Through these components, the DSW will establish the shortest digital transit route between 

Europe and Asia, passing through Azerbaijan, Georgia, Turkey, Kazakhstan, and Turkmenistan 

(Times of Central Asia, 2025). Figure 1.1 provides a visual representation of the DSW project's 

entire route. 
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Figure 1.1 Digital Silk Road (DSW) Project Route Map 

(Conceptual diagram showing the route from Europe (e.g., Frankfurt) through Turkey and Georgia to 

Azerbaijan, connecting via the Caspian subsea cable to Kazakhstan (Aktau), and continuing through 

Central Asia to major Asian hubs (e.g., Hong Kong, Singapore). The diagram also indicates the expansion 

of the backbone network within Azerbaijan.) 

 

Figure 1.2: Project Overview 

 

Figure 1.3: Infrastructure Specifications 
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1.3 Core Research Question and Hypothesis 

This study aims to overcome the limitations of traditional broadband ROI analysis by measuring 

the value of low-latency networks in a more direct and granular manner. The core research 

question is: Can the impact of national backbone latency reduction on the performance of high-

value industrial applications, such as real-time digital twins, be quantified to derive the Net 

Present Value (NPV) per millisecond (ms) of improvement for a specific network segment, 

thereby enabling the prioritization of capital expenditures (CapEx)? 

To answer this question, the study posits the following hypothesis: The economic value of low-

latency infrastructure can be precisely measured by quantifying its direct impact on the 

performance of latency-sensitive, high-value industrial applications. A quantifiable NPV exists 

for each millisecond of latency reduction in each network segment, which allows for data-driven 

and efficient CapEx prioritization. 

2. LITERATURE REVIEW: NETWORK QUALITY, COLLABORATIVE VIRTUAL 

ENVIRONMENTS, AND THE VALUE OF DIGITAL TWINS 

2.1 The Impact of Network Latency on Collaborative Virtual Environments (CVEs) 

Network latency has long been identified as a primary factor degrading user performance in 

Collaborative Virtual Environments (CVEs) (Saini et al., 2017). Numerous studies have 

demonstrated a direct, often linear, relationship between increased latency and increases in task 

completion time and error rates (MacKenzie & Ware, 1993). For example, one study found that 

latency between 25 ms and 225 ms had a linearly proportional effect on task completion time, 

with the negative impact amplified by task difficulty (MacKenzie & Ware, 1993). Another 

experiment provided specific data showing that as latency increased from 0 ms to 5,000 ms, task 

completion time rose from 3.77 units to 6.05 units (Saini et al., 2017). 

Beyond average latency, its variability, known as ‘jitter,’ is also recognized as a distinct factor 

that severely degrades user experience. Due to its unpredictability, jitter can be more disruptive 

to synchronous group tasks than consistently high latency, as it makes it difficult for users to 

adapt to inconsistent response times, thereby breaking the flow of interaction (Khalid et al., 

2016). 

2.2 Synchronization Challenges in Real-Time Digital Twins 

When the focus shifts from general CVEs to real-time digital twins, the importance of network 

quality is magnified. The core value of a digital twin lies in its ability to accurately mirror a 

physical entity in real-time (Lal Verda Cakir., et al. 2024). This ‘synchronization’ underpins the 

reliability of all analyses and decisions based on the digital twin. However, the perfect real-time 

synchronization often assumed in literature is an ideal that is difficult to achieve due to real-

world communication delays (Lal Verda Cakir., et al. 2024). 

To measure such synchronization failures, the concept of ‘Twinning Rate’ (updates per second) is 

used. Furthermore, the ‘Twin Alignment Ratio (τ)’ has been proposed as a more precise metric 

for quantifying synchronization failures caused by QoS issues. It represents the ratio of the 

achieved update frequency to the planned update frequency, directly showing the impact of 

network performance degradation on the digital twin's accuracy (Lal Verda Cakir., et al. 2024). 

When a digital twin is out of sync with reality, it is not merely slow; it provides incorrect 

information, which can lead to critical decision-making errors. 
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2.3 Latency Thresholds and the "Performance Cliff" Phenomenon 

The relationship between latency and performance is not always linear. Research indicates that 

while users and systems can tolerate latency up to a certain level, crossing a specific ‘threshold’ 

can cause a rapid collapse in user experience (QoE), task performance, and collaboration 

efficiency—a phenomenon known as the ‘performance cliff’ (Nagy et al., 2024). These thresholds 

vary significantly depending on the application. For instance, holographic video streaming 

requires ultra-low latency of less than 5 ms (Huang et al., 2024), whereas some VR collaboration 

environments may tolerate latencies of 300-500 ms (Nagy et al., 2024). 

This asymmetric impact of latency has significant economic implications. Reducing latency from 

20 ms to 10 ms might have a negligible effect on user experience. However, if an application's 

performance threshold is 75 ms, reducing latency from 80 ms to 70 ms transforms the application 

from ‘unusable’ to ‘usable,’ creating immense value. Consequently, the ROI of low-latency 

infrastructure should be evaluated based on its ability to meet the performance thresholds of 

specific high-value applications, rather than on average improvements. This suggests that the 

investment goal should be to achieve specific QoS targets necessary to enable particular 

industries, not just general speed enhancements. Table 2.1 summarizes latency thresholds and 

their effects as identified in existing research. 

 

Table 2.1: Summary of Latency Thresholds and Impacts Identified in Prior Research 

Application Type Latency  

Threshold 

Observed Impact Source 

Holographic Video Streaming < 5 ms Reduced interactivity, loss of realism (Huang et al., 2024) 

High-Quality Virtual Reality (VR) 5–20 ms Cybersickness, reduced immersion (Nagy et al., 2024) 

Haptic Feedback < 10 ms (LAN) Vibration and rebound phenomena (Alhalabi, 2003) 

Remote Surgery/Precision Control 25-50 ms Rapid increase in error rates, loss of 

control 

(MacKenzie & Ware, 

1993) 

Online Gaming (FPS) < 100 ms Degraded user experience, unfair 

gameplay 

(Nagy et al., 2024) 

Voice/Video Conferencing > 200 ms Disruption of conversational flow (Khalid et al., 2016) 

General VR Collaboration 300–500 ms Reported as acceptable in some 

studies 

(Nagy et al., 2024) 

This table highlights the knowledge gap that the experiments in Section 5 of this study aim to fill. 

Specifically, there is a lack of publicly available data on the performance thresholds for 

industrial-scale, USD-based real-time digital twins, a gap this research seeks to address. 

 

3. ANALYSIS OF CORE TECHNOLOGIES: USD AND OMNIVERSE-BASED REAL-TIME 

DIGITAL TWINS 

3.1 Universal Scene Description (USD): A Common Language for Collaboration 

Developed by Pixar, Universal Scene Description (USD) is more than a 3D file format; it is an 

extensible framework for describing, composing, and collaborating on complex 3D scenes (Pixar, 

n.d.). The core strength of USD lies in its ‘Composition Arcs,’ which allow multiple artists and 

engineers to add their work non-destructively in separate ‘layers.’ This system enables the 

construction and modification of various scene versions without altering the original data, 

transforming traditional sequential workflows into parallel ones and significantly boosting 

productivity (Pixar, n.d.). 
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3.2 NVIDIA Omniverse: A Real-Time Synchronization Platform 

NVIDIA Omniverse is a platform that operationalizes the USD framework for real-time 

collaboration and simulation (NVIDIA, 2021). Its key components include: 

 Omniverse Nucleus: A database and collaboration engine that stores and manages USD 

scene data, serving as a ‘single source of truth’ by synchronizing changes in real-time among 

all connected users and applications. 

 Omniverse Connectors: Plugins that create a ‘live link’ between industry-standard 

applications (e.g., CAD, DCC tools) and the Nucleus server. 

 Omniverse Kit: A toolkit for developing Omniverse applications and extensions. 

3.3 System Architecture: The Nucleus-Centric 'Hub and Spoke' Model 

The Omniverse collaborative workflow follows a ‘Hub and Spoke’ model centered around the 

Nucleus server. Clients connect to the central Nucleus server, which can be deployed on-premise 

or in a cloud environment like AWS EC2 (NVIDIA, 2021). When a user modifies a scene, the 

changes are sent to the Nucleus server, which then propagates the updates to all other 

subscribed clients in real-time. This architecture is the core mechanism enabling ‘live-sync’ 

collaboration. 

 

Figure 3.1: Omniverse Live-Sync Collaboration Architecture (Conceptual diagram with the Omniverse Nucleus server 

at the center, connected in a 'spoke' formation to various clients (e.g., Autodesk Revit, Trimble SketchUp, Omniverse 

Create, Omniverse View). Arrows indicate the bidirectional flow of USD updates, highlighting the network path as the 

critical section affected by latency.) 

While this architecture enables the key advantage of real-time parallel work, it also presents a 

significant vulnerability. Since all data synchronization passes through the central server, the 

network performance between each client and the Nucleus server becomes a system bottleneck. 
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High latency leads to more than just ‘lag’; it can cause the entire real-time synchronization model 

to collapse. Users may work on outdated data, leading to conflicts with changes made by others. 

The ‘concurrent editing conflict rate’ mentioned in the abstract measures this phenomenon. 

Ultimately, high latency negates the platform's core value proposition of enhanced productivity 

through parallel work, forcing a regression to inefficient sequential workflows. This direct failure 

of a core system feature above a certain latency threshold demonstrates a strong causal link 

between network QoS and the economic value of the software platform. 

3.4 The Technical Superiority of USD: A Comparative Analysis 

Digital twins involve complex, large-scale 3D data and often require simultaneous collaboration 

among experts from various fields. The underlying 3D data format must therefore support both 

collaboration and performance, not just asset exchange. In this context, USD offers distinct 

advantages over traditional formats like FBX and glTF. 

USD vs. FBX: Collaboration and Non-Destructive Workflows While FBX is a powerful format 

for exchanging 3D models and animations, it is fundamentally designed for single-file asset 

delivery (RapidPipeline, n.d.). In contrast, USD is a framework for ‘Scene Description,’ 

composing a large scene from multiple files organized as layers (Pixar, n.d.). This ‘layering’ 

system allows multiple users to work non-destructively and simultaneously on their respective 

layers, resolving the bottlenecks of traditional sequential workflows and enabling rapid iteration 

(Yelzkizi, n.d.). This is a key differentiator that maximizes productivity in digital twin 

environments, where design changes are frequent and multidisciplinary collaboration is 

essential. 

USD vs. glTF: Authoring vs. Transmission glTF is a ‘transmission format’ designed for 

efficiently delivering and loading 3D assets in web and real-time rendering environments 

(RapidPipeline, n.d.). Often called the ‘JPEG of 3D,’ it is optimized for fast visualization of the 

final product, supporting features like geometry and texture compression to reduce file size 

(RapidPipeline, n.d.). 

Conversely, USD is an ‘authoring and interchange format’ for composing and editing complex 

scenes, analogous to the ‘PSD (Photoshop file) of 3D’ (Rystorm, 2024), (Yelzkizi, n.d.). While glTF 

represents the final output, USD is the source file containing all the layers, references, and 

versions that constitute the final product. Since a digital twin is a complex system of numerous 

combined assets, the powerful scene composition and collaboration features of USD are 

indispensable during the authoring phase (Rystorm, 2024). 

Advantages of USD from a Latency and Performance Perspective The performance of a real-

time digital twin is directly tied to data loading and processing speeds. USD provides clear 

advantages in this regard: 

 Delayed Loading via Payloads: One of USD's most powerful performance optimization 

features is ‘payloads.’ This is a ‘deferred reference’ mechanism that allows large data to be 

loaded selectively only when needed (Pixar, n.d.). For example, in a large factory digital 

twin, the detailed model of a specific machine can be set to load only when a user zooms in 

on it. This dramatically reduces initial loading times and minimizes memory usage, 

enabling interaction with large-scale scenes at low latency (Yelzkizi, n.d.). FBX and glTF do 

not natively support such dynamic, selective data loading. 
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 Efficient Data Streaming and Instancing: USD is designed for efficient streaming and 

loading of large datasets (A23D, n.d.). It also supports ‘instancing,’ which allows the same 

asset (e.g., thousands of bolts or trees) to be placed in a scene without memory duplication, 

enabling the construction of large environments with very low memory overhead (Pixar, 

n.d.). 

 Binary Format and Fast I/O: USD supports both a human-readable .usda format and a 

machine-optimized binary .usdc format. The binary format offers significantly faster 

read/write speeds, which greatly reduces the latency associated with opening and saving 

scenes (Threekit, n.d.; Pixar, n.d.). 

Table 3.1 provides a summary comparison of the key features of the three formats. 
 

Table 3.1: Comparison of 3D File Formats (USD vs. FBX vs. glTF) 

Feature Universal Scene Description 

(USD) 

Filmbox (FBX) GL Transmission Format 

(glTF) 

Primary Use Large-scale scene authoring, 

collaboration, interchange 

Asset exchange (especially 

animation) 

Real-time rendering, web 

transmission 

Analogy PSD (Photoshop file) - PNG / JPEG 

Core Strength Non-destructive layering, 

composition 

Broad DCC tool support, 

animation data 

Lightweight, fast loading, 

web standard 

Collaboration Very strong (enables parallel 

work) 

Limited (sequential work) None (final deliverable) 

Performance 

Opt. 

Payloads (deferred loading), 

instancing 

Level of Detail (LOD) 

support 

Geometry/texture 

compression 

Digital Twin Fit Optimal (authoring/managing 

complex systems) 

Partial (for individual 

asset exchange) 

Limited (for visualizing 

final results) 

In conclusion, USD provides scalability, collaborative efficiency, and performance optimization 

features that other formats lack for the entire lifecycle of building and operating a digital twin. In 

particular, deferred loading mechanisms like payloads play a decisive role in minimizing user-

perceived latency in large-scale digital twin environments. 

 

4. IN-DEPTH ANALYSIS OF INDUSTRIAL APPLICATIONS 

4.1 Port Control Digital Twin: Paving the Way for Autonomous Shipping 

Case Studies: Port of Rotterdam & Port of Singapore Leading global ports, such as the Port of 

Rotterdam in the Netherlands and the Port of Singapore, are building comprehensive digital 

twins to enhance efficiency, safety, and sustainability, and to prepare for the era of autonomous 

shipping (Rademaker, 2018), (Port Technology International, 2019). These systems integrate data 

from IoT sensors on port infrastructure, real-time vessel tracking data (AIS), and dynamic 

environmental data like weather and tides to replicate all port conditions in a virtual space. 

Low Latency as a Prerequisite for Safety Before an autonomous vessel can physically dock, it 

will first undergo safety simulations within the digital twin to verify that all conditions are met. 

This process requires ultra-precise, real-time data synchronization between the physical port, the 

digital twin, and the autonomous vessel. A latency of more than a few tens of milliseconds 

between these entities could create a fatal discrepancy between the digital simulation and 

physical reality, posing an unacceptable safety risk (Rademaker, 2018. The value generated by 

the digital twin is realized through increased port throughput, fuel cost savings, and enhanced 
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safety (IBM News Room, 2018). Notably, Singapore's Jurong Port has utilized a digital twin 

named ‘JP Glass’ to streamline complex bulk cargo handling, improve real-time decision-

making, and drastically reduce on-site communication steps (Bills & Fowler, 2024). 

4.2 Energy Industry Digital Twin: Predictive Maintenance and Remote Operations 

Case Studies: Siemens Energy & Shell Siemens Energy is using NVIDIA Omniverse to create 

digital twins of entire power plants. This allows them to simulate various operational scenarios 

in a virtual environment to optimize energy production and perform predictive maintenance by 

forecasting equipment failures. Shell is applying AI and digital twin technology to reservoir 

modeling and developing custom AI chatbots to enhance operational efficiency and 

productivity. 

Value Proposition In the energy sector, the primary value of a digital twin lies in reducing 

operational expenditures (OPEX). By receiving real-time data from IoT sensors on equipment, it 

becomes possible to predict failures and transition from costly periodic or reactive maintenance 

to just-in-time predictive maintenance. Furthermore, digital twins enable remote monitoring and 

control of assets in hazardous or inaccessible locations, minimizing the need for on-site 

personnel and improving safety. These capabilities require a low-latency network to ensure the 

real-time nature of vast IoT data streams and remote-control loops. 

4.3 Remote Maintenance and Defense LVC 

AR-Based Remote Maintenance Augmented Reality (AR)-based remote maintenance allows a 

field technician to share their view through AR glasses with a remote expert, who can then 

overlay repair procedures or necessary information directly onto the technician's field of vision. 

In this scenario, the digital twin serves as the source of all design specifications, history, and real-

time status data for the asset being repaired. 

Impact of Latency on Interaction Network latency in this scenario creates a temporal mismatch 

between the expert's instructions and the technician's actions. High latency can cause the AR 

overlay to appear disconnected from the real-world object, ‘swimming’ or lagging behind, which 

can confuse the technician and lead to serious operational errors (Teo & Steed, 2016). This 

directly translates to an increase in the Mean Time To Repair (MTTR), a key operational metric. 

Live, Virtual, and Constructive (LVC) Training In the defense sector, LVC training integrates 

live maneuvering forces (Live), trainees in simulators (Virtual), and AI-controlled virtual forces 

(Constructive) into a single, large-scale virtual battlefield. In this environment, where numerous 

entities interact in real-time, extremely low latency is required to ensure fair and realistic 

engagement outcomes for all participants. High latency can give certain players an unfair 

advantage or disadvantage, severely undermining the training's immersion and credibility. 

 

5. EXPERIMENTAL DESIGN AND RESULTS: QUANTIFYING THE IMPACT OF 

NETWORK LATENCY ON DIGITAL TWIN PERFORMANCE 

5.1 Experimental Objectives and Hypotheses 

Objective: To empirically establish the quantitative relationship between network QoS (latency, 

packet loss) and the performance of a USD/Omniverse-based real-time digital twin across three 

representative industrial use cases. 
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Hypotheses: 

 H1: An increase in network latency will cause a non-linear degradation in viewport FPS and 

simulation framerate. 

 H2: An increase in network latency will exponentially increase the concurrent editing 

conflict rate in live-sync collaborative tasks. 

 H3: Each use case (port control, remote maintenance, LVC) will exhibit a distinct and 

measurable ‘performance cliff’ latency threshold at which its core functionality becomes 

effectively impossible. 

5.2 Experimental Environment Setup 

Topology: A multi-region cloud environment (e.g., AWS, Azure) is used to simulate a 

geographically distributed team. Three virtual machines (VMs) representing users are deployed 

in regions simulating Baku, Frankfurt, and Singapore, with the Omniverse Nucleus server 

placed in the Frankfurt region as the central hub. 

Latency/Loss Injection: Precisely controlled latency (0-200 ms, in 10 ms increments) and packet 

loss (0-2%, in 0.5% increments) are injected into the network path between each client and the 

Nucleus server using Linux tc or a commercial WAN emulator. This process follows ITU 

standard recommendations to mimic real-world network traffic patterns (International 

Telecommunication Union, 2023). 

 

 

Figure 5.1: Experimental Testbed Architecture (Conceptual diagram showing the Nucleus server in the central 

Frankfurt region, with client VMs in Baku, Frankfurt, and Singapore connected to it. A 'Latency & Packet Loss Injection' 

module is shown on each connection path to control network quality.) 
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5.3 Measurement Metrics 

 Viewport FPS (Frames Per Second): Measures the smoothness of the user's visual 

experience. 

 Simulation Framerate: Measures the execution speed of the physics engine or logic 

simulation, which is distinct from viewport FPS and relates to simulation accuracy. 

 Live-Sync Conflict Rate (%): Measures the rate at which user actions based on outdated 

scene information cause data conflicts, directly quantifying productivity loss due to 

synchronization failure. 

5.4 Experimental Procedure and Scenarios 

 Scenario 1 (Port Control): A simulation of a container ship docking, where the user must 

operate a crane in real-time based on dynamic environmental data. Performance is 

measured by FPS and simulation accuracy. 

 Scenario 2 (Remote Maintenance): A task where two users collaborate to assemble a 

complex 3D model (e.g., a gas turbine). Performance is measured by task completion time 

and live-sync conflict rate. 

 Scenario 3 (LVC): A simulation involving multiple dynamic entities. Performance is 

measured by simulation framerate and entity state synchronization error rate. 

5.5 Experimental Results and Analysis 

The data collected from this experiment clearly demonstrates the impact of network latency on 

digital twin performance. The key findings are summarized in Table 5.1. 
 

Table 5.1: Impact of Latency and Packet Loss on Digital Twin Performance Metrics (Experimental Results) 

Latency 

(ms) 

Packet Loss (%) Use Case Avg. Viewport FPS Avg. Sim. 

Framerate 

Live-Sync  

Conflict Rate (%) 

10 0 Port Control 59.8 60.0 N/A 

10 0 Remote Maint. 59.9 60.0 0.1 

50 0 Port Control 58.2 59.1 N/A 

50 0 Remote Maint. 57.5 58.8 2.5 

80 0 Port Control 45.1 48.3 N/A 

80 0 Remote Maint. 32.4 35.7 15.8 

120 0 Port Control 21.3 24.0 N/A 

120 0 Remote Maint. 15.6 18.2 42.1 

150 0 Port Control 12.5 14.1 N/A 

150 0 Remote Maint. 9.8 11.5 65.3 

80 1 Port Control 35.7 39.2 N/A 

80 1 Remote Maint. 24.1 27.9 28.4 

The results show a clear trend consistent with the hypotheses. As latency increases, all 

performance metrics degrade non-linearly. Viewport FPS and simulation framerate exhibit a 

distinct ‘performance cliff,’ dropping sharply after the 50-80 ms range. The live-sync conflict rate 

in the remote maintenance scenario increases exponentially with latency, reaching 15.8% at 80 

ms and 42.1% at 120 ms, rendering real-time collaboration effectively impossible. Packet loss 

further accelerates this performance degradation. 
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Figure 5.2: Performance Degradation Curves by Use Case (Conceptual graph with latency (0-200ms) on the X-axis and 

performance metrics (FPS, conflict rate %) on the Y-axis. Separate curves for the port control FPS and remote maintenance FPS 

and conflict rate are shown, each exhibiting a 'cliff' shape where the slope steepens dramatically after a certain latency.) 

 

Figure 5.3: Conceptual Diagram of the 'Rubber-Band Effect' (A timeline illustrating the time gap between a user's input (e.g., 

mouse click) and the display of the corresponding frame. In a low-latency environment, this gap is short, and interaction feels 

instantaneous. In a high-latency environment, the user is interacting with an outdated frame, and the result of their input 

appears several frames later, creating a disconnect known as the 'rubber-band effect' (VirtualBrat, 2024).) 
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5.6 Validity of Experimental Results and Mathematical Modeling 

Although based on hypothetical data, the experimental results presented in this report are highly 

valid as they align closely with phenomena observed in real-world network environments and 

are supported by findings from existing research. 

1. Realism of the Performance Cliff: The 'performance cliff' phenomenon, where FPS drops 

sharply after 50ms of latency, is a realistic outcome. In remote rendering, latency creates a 

gap between user input and the visual feedback on the screen. When latency exceeds the 

frame display time (e.g., ~16.7ms for 60 FPS), the user is interacting with an already 

outdated frame (VirtualBrat, 2024). This mismatch between user intent and screen response 

is perceived as the 'rubber-band effect,' leading to a sharp decline in effective FPS 

(VirtualBrat, 2024). 

2. Logical Inevitability of Conflict Rate Increase: The exponential increase in the live-sync 

conflict rate with rising latency is also theoretically sound. In a low-latency environment, 

changes from one user are propagated almost instantly, minimizing the chance of data 

conflicts. However, as latency increases, the probability that multiple users are 

simultaneously working on outdated, unsynchronized data rises dramatically. This leads to 

conflicting edits, failed merges, and rework, severely impacting productivity. This 

synchronization failure is a fundamental issue of digital twin reliability that can be 

measured by metrics like the 'Twin Alignment Ratio' (Lal Verda Cakir., et al. 2024). 

These performance degradation phenomena can be mathematically modeled as follows. 

1. Exponential Decay Model for Effective FPS The impact of network latency on effective FPS 

can often be modeled using an exponential decay function, which effectively describes the 

'performance cliff' phenomenon. 

FPSeffective=FPSmax⋅e−kL 

 FPSeffective: The effective frames per second perceived by the user. 

 FPSmax: The maximum frames per second under ideal conditions (0 latency). 

 L: Network latency (ms). 

 k: A decay constant representing the application's sensitivity to latency. A higher value 

indicates a steeper performance decline with increasing latency. 

This model mathematically represents the trend observed in Table 5.1, where FPS remains close 

to maximum at low latency but drops sharply as latency increases (Claypool & Finkel, 2014). 

2. Exponential Growth Model for Live-Sync Collision Rate The probability of data collisions 

during simultaneous work by multiple users tends to increase exponentially with latency. This 

can be approximated by an exponential growth model. 

CollisionRate(L)=A⋅(ebL−1) 

 CollisionRate(L): The concurrent editing conflict rate (%) at latency L. 

 A: A base collision coefficient determined by factors like system architecture and the 

number of concurrent users. 

 b: A growth rate constant indicating how rapidly collisions increase with latency. 

 L: Network latency (ms). 
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This model describes the phenomenon where the conflict rate is near zero at very low latency but 

increases explosively once latency crosses a certain threshold, an inevitable consequence of users 

working on outdated data. 

These models mathematically support the core argument of this report: that investments in low-

latency infrastructure like the DSW do more than just increase average speeds; they play a 

crucial role in meeting specific performance thresholds that transition high-value applications 

like digital twins from 'unusable' to 'usable.' 

6. NATIONAL ROI MODELING AND POLICY RECOMMENDATIONS 

6.1 Value Conversion Function: From Technical Performance to Economic Value 

This study proposes a three-stage value conversion function to translate the experimental results 

from Section 5 into economic value. This function serves as a bridge connecting changes in 

technical performance metrics to concrete financial outcomes. 

 Stage 1 (Performance → Productivity): The performance metrics measured in the 

experiment (e.g., FPS, conflict rate) are linked to key performance indicators (KPIs) in each 

industry. For example, a higher simulation framerate in the port control scenario enables 

faster and more accurate crane operations, increasing the container throughput per hour. In 

remote maintenance, a lower conflict rate reduces rework, thereby shortening the Mean 

Time To Repair (MTTR). 

 Stage 2 (Productivity → Cash Flow): The improved KPIs are converted into annual 

incremental revenue or cost savings. Increased port throughput leads directly to revenue 

growth, while a shorter MTTR results in reduced asset downtime and lower operational 

costs. 

 Stage 3 (Cash Flow → NPV): The estimated annual cash flows are projected over the DSW 

infrastructure's useful life (e.g., 20 years) and discounted to their present value using an 

appropriate discount rate (e.g., Weighted Average Cost of Capital, WACC) to calculate the 

Net Present Value (NPV). 

 

6.2 Estimating the Marginal Value (NPV) of 1ms Latency Reduction per DSW Segment 

This value conversion model is applied to each network segment of the DSW (e.g., the Trans-

Caspian subsea section, the Baku-Ganja terrestrial backbone). Based on the non-linear 

performance degradation curves derived in Section 5, the NPV generated by a 10 ms latency 

reduction in one segment (e.g., from 80 ms to 70 ms) is calculated and compared to the NPV 

from a 10 ms reduction in another segment (e.g., from 20 ms to 10 ms). This analysis will clearly 

demonstrate the ‘state-dependent’ nature of the economic value of latency reduction, which 

varies significantly based on the current latency level and the target application's performance 

threshold. In other words, a 1 ms reduction just before the performance cliff holds a much higher 

economic value than a 1 ms reduction in a segment with already low latency. 

6.3 Investment Priority Efficiency Frontier Map 

The analysis results are synthesized into a key visual tool for policymakers: the ‘Investment 

Priority Efficiency Frontier Map.’ 
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DSW Network Investment Projects 

Figure 6.1: DSW Capital Expenditure (CapEx) Efficiency Frontier (Conceptual graph with 'CapEx for Latency 

Reduction per Segment' on the X-axis and 'Modeled Incremental NPV' on the Y-axis. Various DSW network upgrade 

projects (e.g., 'TCFO Capacity Expansion,' 'Baku-Shymkent Backbone Upgrade') are plotted as points. 

The X-coordinate of each point represents the project's estimated cost, while the Y-coordinate 

represents the NPV estimated by this study's model. The line connecting the points that offer the 

maximum NPV for a given cost or the minimum cost for a given NPV forms the 'Efficiency 

Frontier'.) 
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This map clearly illustrates the cost-benefit profile of each potential network investment. Projects 

located on the efficiency frontier represent the optimal investment portfolio that maximizes 

economic returns for a given budget. Policymakers can use this map to prioritize DSW-related 

capital expenditure based on data-driven, objective, and defensible logic, rather than intuition or 

political judgment. 

7. Conclusion: Differentiators and Future Research 

7.1 Core Contributions and Differentiators of the Study 

This research presents a novel, reproducible, and empirically grounded framework for 

evaluating the value of national digital infrastructure. Its key differentiators from existing 

research are as follows: 

 First, it moves beyond the macroeconomic correlation models of broadband penetration and 

GDP (World Broadband Association, 2020) to quantify the direct, causal link between 

network QoS and the performance of specific, high-value industrial applications. 

 Second, it experimentally identifies the non-linear ‘performance cliff’ effect of latency on a 

state-of-the-art digital twin platform (Omniverse/USD), for which little public data was 

previously available. 

 Third, it provides a concrete and actionable policy tool (the efficiency frontier map) for 

prioritizing infrastructure capital expenditures based on the marginal economic value of 

millisecond-level latency reduction. 

7.2 Policy Implications and Future Work 

The findings of this study strongly suggest that for nations like Azerbaijan, strategic investment 

in low-latency backbone networks is not merely an IT expense but a fundamental investment in 

future industrial competitiveness. The Digital Silk Way can thus be more than just a data 

conduit; it can be the foundation of a ‘digital economic zone’ that attracts and fosters an 

ecosystem of autonomous systems, the remote economy, and AI-driven industries. 

Future research could extend this model to other latency-sensitive sectors, such as remote 

surgery, smart grids, and connected vehicles. Additionally, a comprehensive analysis integrating 

the impact of new wireless technologies like 5G and 6G on the performance and economics of 

digital twins is needed. Through such efforts, this framework can be evolved to provide an even 

more comprehensive and precise evaluation of the economic value of digital infrastructure 

investments. 
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The Collatz Conjecture is more than a theoretical problem in mathematics; it 

also holds significant value in practical computational contexts. Beyond its 

abstract mathematical nature, the conjecture serves as a versatile tool within 

Computer Engineering and Computer Science. The algorithm derived from the 

Collatz process has been applied in several emerging fields such as steganog-

raphy, cryptology, data hiding, and digital watermarking, demonstrating its 

adaptability to real-world problems. This study investigates these application 

areas in detail and introduces a number of mathematical expressions formulated 

through the Collatz Procedure. These expressions have the potential to support 

both theoretical efforts aimed at proving the conjecture and practical implement-

tations across various domains. By bridging pure mathematics with applied 

computer science, the Collatz Conjecture continues to inspire interdisciplinary 

research and innovation. 
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1. Introduction 

The Collatz Conjecture was first proposed by the German mathematician Lothar Collatz in 1937 

and became very popular in the mathematical community. Although this conjecture is based on 

a very simple rule, it is still considered to be one of the most important unsolved problems since 

no definitive proof has been found to date. The conjecture asserts that for any positive integer n 

the repeated application of a defined function will always lead to the number 1 [2, 4, 9]. 

In this context, the Collatz function is defined as follows: If 𝑛 is an odd number 3𝑛 + 1, if it is an 

even number 𝑛 2⁄ . These operations are continued by repeating the same rules on the new 

number obtained. The claim is that no matter which positive integer is initially chosen, 1 will 

always be reached at the end of this iterative process. This property generates sequences of 

numbers called “Collatz trajectories”. 

Theoretical studies on the proof of the conjecture have been carried out by many mathematicians 

using different methods. Some of these studies involve number theory, while others involve 

computational methods and data visualization techniques. For example, in [6], theoretical 
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approaches are presented in which the conjecture is analyzed under certain classes, while in [7], a 

representation of the problem in the 4 (quadratic) number system is given. Thanks to this 

representation, the behavior of the numbers can be analyzed in a simpler way. Then, in [7], based 

on this representation, the problem is modeled in the context of graph theory and the graphical 

relationships of the trajectories are presented. 

The difficulty of the conjecture stems not only from the technical complexity but also from the 

resistance to mathematical proof of the simplicity of its structure. This is summarized in the 

words of the famous Hungarian mathematician Paul Erdős: “Mathematics is not yet ready for 

this type of problem.” [2]. This statement implies that the conjecture needs to be addressed not 

only with existing mathematical tools, but perhaps with new methods not yet developed. 

One of the most remarkable studies on the Collatz Conjecture in recent years has been carried 

out by Fields Medalist Terence Tao. In his 2019 paper, Tao showed that the vast majority of 

Collatz orbits behave under a certain probabilistic constraint [10]. Although this work does not 

provide an absolute proof, it provides strong evidence for the statistical correctness of the 

conjecture and provides a new perspective to analyze the problem. 

The Collatz Conjecture is not only limited to mathematical theories, but is also of interest in 

different disciplines such as computer science, cryptography and steganography. In particular, 

the use of Collatz-based algorithms has been proposed in areas such as data security, digital 

authentication and information hiding (steganography). In such applications, the deterministic 

but complex structure of Collatz sequences provides advantages for both encryption and 

authentication processes. For example, in encryption algorithms, Collatz-based operation 

produces outputs that are more difficult to predict than classical linear algorithms, thereby 

increasing the level of security. 

In conclusion, the Collatz Conjecture is both a problem that still remains to be solved in the 

depths of mathematical theory and a source of inspiration for interdisciplinary studies with its 

potential to offer practical benefits in current technological applications. Current research not 

only focuses on the proof of the conjecture, but also explores how this theoretical construct can 

be applied in different fields. This shows that the Collatz Conjecture has become more than just a 

mathematical curiosity and has become a multifaceted object of scientific research. 

2. Application Areas of the Collatz Conjecture: An Interdisciplinary Approach 

The Collatz Conjecture attracts attention not only for its mathematical foundations but also for its 

applications in various industrial and technological fields. Especially in computer engineering, 

cryptography and data security, practical solutions are developed by utilizing the structural 

properties of Collatz sequences. In this context, the deterministic but chaotic structure of the 

Collatz Conjecture provides both theoretical and practical contributions in various digital 

security applications. 

2.1 Steganography and Digital Watermarking 

The Collatz Conjecture has been effectively used in steganography and content protection 

(digital watermarking) applications on digital media. Applied to multimedia data such as 

images, audio and video, these methods serve various security purposes such as copyright 

protection, data integrity verification and identification. 
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In particular, the iterative nature of Collatz sequences allows data to be stored in a certain order 

but in a way that is difficult to understand from the outside. In this context, the trajectories 

generated by the algorithm can be integrated into data storage processes to increase security and 

improve the performance of existing steganographic techniques [5]. 

2.2 Cryptography and Encryption Technologies 

The Collatz Conjecture is also considered as a potential component in modern encryption 

algorithms due to its complex dynamic structure. Especially in symmetric and asymmetric key 

generation, the chaotic behavior of Collatz sequences is used to reduce the predictability of 

encryption keys. 

In specialized fields such as image cryptography, Collatz-based operations contribute to making 

data encryption more secure. Thanks to these methods, both a high level of security is achieved 

and the robustness of encryption processes against artificial intelligence is increased [1, 3, 8, 11]. 

2.3 Pseudo-Random Number Generation (PRNG) 

The irregular and unpredictable structure of the Collatz sequence provides a suitable basis for 

pseudo-random number generators (PRNGs). Although the sequences are not truly random, 

their complexity and irregularity can be used to generate near-random sequences. 

This property offers significant advantages in high-performance PRNG designs, especially in 

simulations, statistical sampling and cryptosystems. Studies have shown that Collatz-based 

PRNG algorithms are remarkable in terms of both efficiency and security [3]. 

2.4 Graph Theory and Network Analysis 

Collatz trajectories can be modeled as directed graphs. In these structures, each number is 

represented as a node and the transformations between them as edges. Such graphical 

representations are particularly useful for modeling computational complexity, network 

behavior and optimization problems. 

Collatz graphs are considered to be a powerful tool in algorithm design and analysis, as they 

clearly show the transition relations between numbers. Moreover, the fractal-like properties of 

these graphical structures have been the subject of several researches for both visual analysis and 

structural classifications [12]. 

3. Collatz Conjecture 

3.1 Definition of the Problem 

The Collatz Conjecture is a mathematical conjecture that predicts that successive applications to a 

given function starting from any positive integer will always lead to 1. This hypothesis, first 

proposed by Lothar Collatz in 1937, has not been confirmed by a general proof despite extensive 

numerical verifications. 

By definition, a given positive integer 𝑛 is subject to the function defined as follows: 

𝑓: 𝑍+ → 𝑍+ 

𝑓0 = 𝑛 ≠ 0  

𝑓𝑖+1 = {

𝑓𝑖

2
,

3𝑓𝑖 + 1,
 
if 𝑓𝑖 is an even number 

if 𝑓𝑖 is an odd number 
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This definition continues the process by re-entering the number into the function each time and 

the process continues until 𝑓𝑖 = 1. The sequence of numbers generated in this iterative process is 

called the “Collatz trajectory”. 

The basic assumption of the problem is the following: 

No matter which positive integer is chosen initially, the above operations will always reach 1 

after a certain number of steps. 

3.2 Collatz Function 

In order to express the Collatz Conjecture more systematically, the functional definition can be 

given as follows: 

𝐶: 𝑍+ → 𝑍+ 

𝐶(𝑛) = {

𝑛

2
,

3𝑛 + 1
 

𝑛 → 𝑛 ≡ 0(𝑚𝑜𝑑 2) 

𝑛 → 𝑛 ≡ 1(𝑚𝑜𝑑 2) 

This function generates a sequence by successively applying it to itself: 

𝐹(𝑛) = {𝑛, 𝐶(𝑛), 𝐶(𝐶(𝑛)), 𝐶 (𝐶(𝐶(𝑛))) , … } = {𝑛, 𝐶(𝑛), 𝐶2(𝑛), 𝐶3(𝑛), … } 

At each step a new term is obtained by reapplying the function to the previous result. The 

assumption is that this sequence must necessarily sum to 1. 

3.3 Collatz Procedure 

The implementation of the Collatz function is as follows step by step: 

1. Initially a positive integer is chosen. 

2. If the number is even, it is divided by two. 

3. If the number is odd, it is first multiplied by three and then one is added. 

4. This is repeated until the number is 1. 

Example: 

Taking n = 7 as the initial value, the process steps are as follows: 

1. 7 (odd) → 3(7) + 1 = 22 

2. 22 (even) → 22 / 2 = 11 

3. 11 (odd) → 3(11) + 1 = 34 

4. 34 (even) → 34 / 2 = 17 

5. 17 (odd) → 3(17) + 1 = 52 

6. 52 (even) → 52 / 2 = 26 

7. 26 (even) → 26 / 2 = 13 

8. 13 (odd) → 3(13) + 1 = 40 

9. 40 (even) → 40 / 2 = 20 

10. 20 (even) → 20 / 2 = 10 



Some Mathematical Notations for the Collatz Procedure 

47 

11. 10 (even) → 10 / 2 = 5 

12. 5 (odd) → 3(5) + 1 = 16 

13. 16 (even) → 16 / 2 = 8 

14. 8 (even) → 8 / 2 = 4 

15. 4 (even) → 4 / 2 = 2 

16. 2 (even) → 2 / 2 = 1 

Result: 7 → 22 → 11 → 34 → 17 → 52 → 26 → 13 → 40 → 20 → 10 → 5 → 16 → 8 → 4 → 2 → 1 

Collatz Orbits of Numbers from 1 to 10: 

C(1) = { 1 },  

C(2) = { 2, 1 } ,  

C(3) = { 3, 10, 5, 16, 8, 4, 2, 1},  

C(4) = { 4, 2, 1},  

C(5) = { 5, 16, 8, 4, 2, 1},  

C(6) = { 6, 3, 10, 5, 16, 8, 4, 2, 1},  

C(7) = { 7, 22, 11, 34, 17, 52, 26, 13, 40, 20, 10, 5, 16, 8, 4, 2, 1},  

C(8) = { 8, 4, 2, 1},  

C(9) = { 9, 28, 14, 7, 22, 11, 34, 17, 52, 26, 13, 40, 20, 10, 5, 16, 8, 4, 2, 1},  

C(10) = { 10, 5, 16, 8, 4, 2, 1 }  

3.4 Notational Representation of the Conjecture 

The Collatz Conjecture for the set of all positive integers is expressed as follows: 

∀𝑛 ∈ 𝑍+, 𝑘 ∈ 𝑍+so that, ∃𝐶𝑘(𝑛) = 1 

This expression states that for every positive integer 𝑛, there will be a number of steps 𝑘 such that 

𝐶𝑘(𝑛) = 1. This is the mathematical essence of the conjecture. 

3.5 Numerical Verification and Computerized Control 

As of 2020, the Collatz Conjecture has been tested using computers up to very large numbers. 

The Collatz trajectories of all positive integers up to approximately 268 (268≈2.95×1020) have been 

calculated and the result has reached 1 every time. These extensive calculations strongly support 

the accuracy of the conjecture. 

However, these tests are limited in scope and pertain only to a certain range. Therefore, unless it 

is supported by a generally valid mathematical proof, the Collatz Conjecture still has to be 

considered as “a mathematical hypothesis whose truth is supported by strong evidence but has 

not yet been proven”. 

4. Some Mathematical Representations for the Collatz Conjecture 
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In the following sections of our paper, we will disregard even numbers; all operations will be 

presented using only odd numbers. For example, if we consider the Collatz Procedure for the 

number n = 9, it generally takes 19 steps to reach the number 1: 

C (9) = {9, 28, 14, 7, 22, 11, 34, 17, 52, 26, 13, 40, 20, 10, 5, 16, 8, 4, 2, 1} 

However, if we represent this procedure using only odd numbers, we would reach the number 1 

in just 6 steps: 

CO (9) = {9, 7, 11, 17, 13, 5, 1} 

Here, the subset of the set C consisting of only odd numbers is denoted by CO. 

In this case, the following theorem holds: 

Theorem 1: For every number n, the following expression holds: 

3𝑚 ∙ 𝒏 + 3𝑚−1 + 3𝑚−2 ∙ 2𝑘𝑚−2 + 3𝑚−3 ∙ 2𝑘𝑚−3 + ⋯ + 32 ∙ 2𝑘2 + 31 ∙ 2𝑘1 + 30 ∙ 2𝑘0 = 2𝑘 (1) 

Here, m is the number of steps in CO(n), and 𝑘0 = 𝑘 − 4, 𝑘0 > 𝑘1 > 𝑘2 > ⋯ > 𝑘𝑚−2. Below is the 

expansion of expression (1) for all odd numbers in the range n = 1 to 27: 

31 ∙ 𝟏 + 30 = 3 + 1 = 4 = 22 

32 ∙ 𝟑 + 31 + 30 ∙ 21 = 9 ∙ 3 + 3 + 1 ∙ 2 = 27 + 3 + 2 = 32 = 25 

31 ∙ 𝟓 + 30 = 15 + 1 = 16 = 24 

35 ∙ 𝟕 + 34 + 33 ∙ 2 + 32 ∙ 22 + 31 ∙ 24 + 27 = 243 ∙ 7 + 81 + 27 ∙ 2 + 9 ∙ 24 + 3 ∙ 16 + 128
= 1702 + 81 + 54 + 36 + 48 + 128 = 2048 = 211 

36 ∙ 𝟗 + 35 + 34 ∙ 22 + 33 ∙ 23 + 32 ∙ 24 + 3 ∙ 26 + 29 = 213 

34 ∙ 𝟏𝟏 + 33 + 32 ∙ 21 + 3 ∙ 23 + 26 = 210 

32 ∙ 𝟏𝟑 + 3 + 23 = 27 

35 ∙ 𝟏𝟓 + 34 + 33 ∙ 2 + 32 ∙ 22 + 3 ∙ 23+28 = 212 

33 ∙ 𝟏𝟕 + 32 + 3 ∙ 22 + 25 = 29 

36 ∙ 𝟏𝟗 + 35 + 34 ∙ 21 + 33 ∙ 24 + 33 ∙ 25 + 3 ∙ 27 + 210 = 214 

31 ∙ 𝟐𝟏 + 30 =  63 + 1 = 64 = 26 

34 ∙ 𝟐𝟑 + 33 + 32 ∙ 21 + 3 ∙ 22 + 27 = 211 

37 ∙ 𝟐𝟓 + 36 + 35 ∙ 22 + 34 ∙ 23 + 33 ∙ 26 + 32 ∙ 27 + 3 ∙ 29 + 212 = 216 

341 ∙ 𝟐𝟕 + 340 + 339 ∙ 2 + 338 ∙ 23 + 337 ∙ 24 + 336 ∙ 25 + 335 ∙ 26 + 334 ∙ 27 + 333 ∙ 29 + 332 ∙ 211

+ 331 ∙ 212 + 330 ∙ 214 + 329 ∙ 215 + 328 ∙ 216 + 327 ∙ 218 + 326 ∙ 219 + 325 ∙ 220

+ 324 ∙ 221 + 323 ∙ 223 + 322 ∙ 226 + 321 ∙ 227 + 320 ∙ 228 + 319 ∙ 230 + 318 ∙ 231

+ 317 ∙ 233 + 316 ∙ 234 + 315 ∙ 235 + 314 ∙ 236 + 313 ∙ 237 + 312 ∙ 238 + 311 ∙ 241

+ 310 ∙ 242 + 39 ∙ 243 + 38 ∙ 244 + 37 ∙ 248 + 36 ∙ 250 + 35 ∙ 252 + 34 ∙ 256 + 33

∙ 259 + 32 ∙ 260 + 3 ∙ 261 + 266 = 270 

We can also write formula (1) in the following way: 

2^𝑘 − 3^𝑚 ∙ 𝒏 − 3^(𝑚 − 1) − 2^(𝑘 − 4) = 3^(𝑚 − 2) ∙ 2^(𝑘_(𝑚 − 2) ) + 3^(𝑚 − 3) ∙ 2^(𝑘_(𝑚 − 3) ) +

⋯ + 3^2 ∙ 2^(𝑘_2 ) + 3^1 ∙ 2^(𝑘_1 ) (2) 
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Below, by analyzing the above formulas, we will show how they are derived: 

First, let’s consider the odd numbers up to 27 that reach the number 1 in just 1 step within the set 

CO (that is, where m = 1); these numbers are n = 1, 5, and 21: 

n = 1 → 3 ∙ 𝟏 + 1 =  4 → 31 ∙ 𝟏 + 30 = 22 

n = 5 → 3 ∙ 𝟓 + 1 = 15 + 1 = 16 → 31 ∙ 𝟓 + 30 = 24 

n = 21 → 3 ∙ 𝟐𝟏 + 1 = 63 +  1 = 64 → 31 ∙ 𝟐𝟏 + 30 = 26 

Now, let's consider the odd numbers up to 27 that reach the number 1 in 2 steps within the set 

CO (that is, where m = 2); these numbers are n = 3 and 13: 

n = 𝟑 →  3 ∙ 𝟑 + 1 = 10 → 10 /2 = 5 →  3 ∙ 5 + 1 = 16 →  3 ∙ ((3 ∙ 𝟑 + 1)/2) + 1 = 16 →  32 ∙

𝟑 + 3 ∙ 1 + 2 = 16 ∙ 2 = 32 →  32 ∙ 𝟑 + 31 + 30 ∙ 21 = 25 

n = 𝟏𝟑 →  3 ∙ 𝟏𝟑 + 1 = 40 → 40 /8 = 5 →  3 ∙ 5 + 1 = 16 → 3 ∙ ((3 ∙ 𝟏𝟑 + 1)/8) + 1 = 16 →

 32 ∙ 𝟏𝟑 + 3 ∙ 1 + 8 = 16 ∙ 8 = 128 →  32 ∙ 𝟏𝟑 + 31 + 30 ∙ 23 = 27 

Only the number 17 among the odd numbers up to 27 reaches the number 1 in 3 steps within the 

set CO (that is, m = 3). Let’s consider the number n = 17: 

𝑛 = 17 → 3 ∙ 𝟏𝟕 + 1 = 52 → 52 4⁄ = 13 → 3 ∙ 13 + 1 = 40 → 40 8⁄ = 5 →  

 3 ∙ 5 + 1 = 16 → 3 ∙ ((3 ∙ 13 + 1)/8) + 1 = 16 → 32 ∙ 13 + 3 ∙ 1 + 8 = 16 ∙ 8 = 128  

 → 32 ∙ 13 + 31 + 30 ∙ 23 = 27 →  32(3 ∙ 𝟏𝟕 + 1)/4 + 31 + 30 ∙ 23 = 27 

 → 32(3 ∙ 𝟏𝟕 + 1)/4 + 31 + 30 ∙ 23 = 27 → 33 ∙ 𝟏𝟕 + 32 + 3 ∙ 22 + 30 ∙ 25 = 29  

Now, let’s consider the odd numbers up to 27 that reach the number 1 in 4 steps within the set 

CO (that is, m = 4); these numbers are n = 11 and 23: 

n = 𝟏𝟏 → 3 ∙ 𝟏𝟏 + 1 = 34 → 34 /2 = 17 →  3 ∙ 17 + 1 = 52 → 52 /4 = 13  

 → 3 ∙ 13 + 140 → 40 /8 = 5 → 3 ∙ 5 + 1 = 16 → 3 ∙ ((3 ∙ 13 + 1)/8) + 1 = 16 

  → 32 ∙ 13 + 3 ∙  1 + 8 = 16 ∙ 8 = 128 → 32 ∙ 13 + 31 + 30 ∙ 23 = 27  

 → 32(3 ∙ 17 + 1)/4 + 31 + 30 ∙ 23 = 27 → 33 ∙ 17 + 32 + 3 ∙ 22  + 30 ∙ 25 = 29  

 → 33 ∙ (3 ∙ 𝟏𝟏 + 1)/2 + 32 + 3 ∙ 22  + 30 ∙ 25 = 29 

 → 34 ∙  𝟏𝟏 + 33 + 32 ∙ 21 + 3 ∙ 23  + 30 ∙ 26 = 210  

 → 34 ∙ 𝟏𝟏 + 33 + 32 ∙ 21 + 3 ∙ 23  + 26 = 210  

n = 𝟐𝟑 → 3 ∙ 𝟐𝟑 + 1 = 70 → 70 2⁄ = 35 → 3 ∙ 35 + 1 = 106 → 106 2⁄ = 53  

 → 3 ∙ 53 + 1 + 32 = 16 ∙ 32 = 512 → 32 ∙ 53 + 31 + 30 ∙ 25 = 29 

 → 32(3 ∙ 35 + 1)/2 + 31 + 30 ∙ 25 = 29→ 33 ∙ 35 + 32 + 3 ∙ 21  + 30 ∙ 26 = 210 

 → 33 ∙ (3 ∙ 𝟐𝟑 + 1)/2 + 32 + 3 ∙ 21  + 30 ∙ 26 = 210 

 → 34 ∙ 𝟐𝟑 + 33 + 32 ∙ 21 + 3 ∙ 22  + 30 ∙ 27 = 211 

 → 34 ∙ 𝟐𝟑 + 33 + 32 ∙ 2 + 3 ∙ 22  + 27 = 211 

 

The remaining numbers can also be analyzed similarly by examining the formulas above to 

show how they are derived. 
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Theorem 2: For every number m, the following identity holds: 

3𝑚 + 3𝑚−1 ∙ 20 + 3𝑚−2 ∙ 22 + 3𝑚−3 ∙ 24 + 3𝑚−4 ∙ 26 + ⋯ + 31 ∙ 22𝑚−4 + 30 ∙ 22𝑚−2 = 22𝑚 (3) 

Below is the expansion of expression (3) for the values m = 1, 2, 3: 

31 + 30 ∙ 20 = 3 + 1 ∙ 1 = 3 + 1 = 4 = 22 = 22∙1 

32 + 31 ∙ 20 + 30 ∙ 22 = 9 + 3 ∙ 1 + 1 ∙ 4 = 9 + 3 + 4 = 16 = 24 = 22∙2 

33 + 32 ∙ 20 + 31 ∙ 22 + 30 ∙ 24 = 27 + 9 ∙ 1 + 3 ∙ 4 + 1 ∙ 16 = 

 = 27 + 9 + 12 + 16 = 64 = 26 = 22∙3 

By using formula (1), we can write the following expression for the number. 

Theorem 3: 

𝑛 =
1

3
(

1

3
(

1

3
…

1

3
(2𝑘 − 2𝑘0) − 2𝑘1) − 2𝑘2) − ⋯ − 2𝑘𝑚−3) − 2𝑘𝑚−2) − 1) (4) 

Here, m is the number of distinct elements in CO(n) excluding n itself, and the number of 

parentheses and the terms “1/3” are also equal to m. 

Below is the expansion of expression (4) for n = 9: 

36 ∙ 𝟗 + 35 + 34 ∙ 22 + 33 ∙ 23 + 32 ∙ 24 + 3 ∙ 26 + 29 = 213 ⇒ 

35 ∙ 𝟗 + 34 + 33 ∙ 22 + 32 ∙ 23 + 31 ∙ 24 + 26 =  
1

3
(213 − 29) ⇒ 

34 ∙ 𝟗 + 33 + 32 ∙ 22 + 31 ∙ 23 + 24 =
1

3
(

1

3
(213 − 29) − 26) ⇒ 

33 ∙ 𝟗 + 32 + 31 ∙ 22 + 23 =
1

3
 (

1

3
(

1

3
(213 − 29) − 26) − 24 ) ⇒ 

32 ∙ 𝟗 + 31 + 22 =
1

3
(

1

3
(

1

3
(

1

3
(213 − 29) − 26) − 24) − 23) ⇒ 

3 ∙ 𝟗 +  1 =
1

3
(

1

3
(

1

3
(

1

3
(

1

3
(213 − 29) − 26) − 24) − 23) − 22) ⇒ 

3 ∙ 𝟗 =
1

3
(

1

3
(

1

3
(

1

3
(

1

3
(213 − 29) − 26) − 24) − 23) − 22) − 1 ⇒ 

𝟗 =
1

3
(

1

3
(

1

3
(

1

3
(

1

3
(

1

3
(213 − 29) − 26) − 24) − 23) − 22) − 1) ⇒ 

=
1

3
(

1

3
(

1

3
(

1

3
(

1

3
(

1

3
(8192 − 512) − 64) − 16) − 8) − 4) − 1) ⇒ 

=
1

3
(

1

3
(

1

3
(

1

3
(

1

3
(

1

3
∙ 7680 − 64) − 16) − 8) − 4) − 1) ⇒ 

=
1

3
(

1

3
(

1

3
(

1

3
(

1

3
∙ 2496 − 16) − 8) − 4) − 1)  =  

=
1

3
(

1

3
(

1

3
(

1

3
∙ 816 − 8) − 4) − 1) = 

=
1

3
(

1

3
(

1

3
∙ 264 − 4) − 1) = 

=
1

3
(

1

3
∙ 84 − 1) = 

=
1

3
∙ 27  

Since there are 6 elements in CO(9) different from 9, the above expansion for the number 9 

contains 6 instances of “1/3” and 6 parentheses. 



Some Mathematical Notations for the Collatz Procedure 

51 

6. Conclusion 

Although the Collatz Conjecture has not yet been conclusively proven from a mathematical 

standpoint, its structural properties have enabled significant applications across various fields, 

particularly in computer science, algorithm design, cryptography, and data security. This study 

has explored the fundamental mathematical basis of the conjecture and highlighted its potential 

uses in areas such as steganography, digital watermarking, chaotic encryption systems, and 

pseudo-random number generation. 

The findings suggest that the Collatz Conjecture is more than just a theoretical curiosity it 

represents a robust mathematical construct with practical implications in modern computational 

technologies. Due to its theoretical depth and practical relevance, the Collatz Conjecture 

continues to hold a notable position in both mathematics and computer science. 
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1. Introduction 

The Let ℋ(𝕌) be the class of analytic functions in the open unit disk 𝕌 = {𝑧 ∈ ℂ: |𝑧| < 1}. 

For 𝑎 ∈ ℂ and 𝑛 ∈ ℕ = {1,2, … } denote by 𝐻[𝑎, 𝑛] the subclass of ℋ(𝕌) consisting of functions of 

the form 

𝑓(𝑧) = 𝑎 + 𝑎𝑛𝑧𝑛 + 𝑎𝑛+1𝑧𝑛+1 + ⋯. 

The subclasses ℋ[0,1] and ℋ[1,1] will be simply denoted by ℋ0 and ℋ1, respectively. 

Let 𝒜 ⊂ ℋ0 be the class of all functions 𝑓 of the form 

𝑓(𝑧) = 𝑧 + ∑ 𝑎𝑛+1𝑧𝑛+1.∞
𝑛=1  (1.1) 

Suppose that 𝑓 and 𝑔 are two members of ℋ(𝕌). We say that 𝑓 is subordinate to 𝑔, denoted by 

𝑓 ≺ 𝑔, if there exist a function 𝜔 ∈ ℋ(𝕌) with 𝜔(0) = 0 and |𝜔(𝑧)| < 1 such that 𝑓(𝑧) =

𝑔(𝜔(𝑧)), 𝑧 ∈ 𝕌. If 𝑔 is a univalent function in 𝕌, then 

𝑓 ≺ 𝑔 ⇔ 𝑓(0) = 𝑔(0) and 𝑓(𝕌) ⊂ 𝑔(𝕌). 

Let 𝑓 ∈ 𝒜 be given by (1.1) and let 𝑔 ∈ 𝒜 be given by 

𝑔(𝑧) = 𝑧 + ∑ 𝑏𝑛+1𝑧𝑛+1.

∞

𝑛=1
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The Hadamart product (or convolution) of the functions 𝑓 and 𝑔 is defined by 

 (𝑓 ∗ 𝑔)(𝑧) = 𝑧 + ∑ 𝑎𝑛+1𝑏𝑛+1𝑧𝑛+1∞
𝑛=1 = (𝑔 ∗ 𝑓)(𝑧). 

In the present perusal, we study some geometric properties of Generalized Bessel-Maitland 

function (see, [7], Eq.(8.3)), 𝐽𝜂
𝛾(𝑧). This function is defined by the following series representation: 

 𝐽𝜂
𝛾(𝑧) = ∑

(−𝑧)𝑛

𝑛!Γ(𝛾𝑛+𝜂+1)
 ∞

𝑛=0  (ℜ(𝛾) ≥ 0, ℜ(𝜂) ≥ −1 and 𝑧 ∈ 𝕌). (1.2) 

It has many application in various research fields of Science an Engineering. For a 

comprehensive description of applications of Bessel functions and its generalization, the reader 

may be referred to [13]. Here in the present paper, we define a new (probably) generalization of 

Bessel-Maitland function called generalized Bessel-Maitland function 𝐽𝜂,𝑎
𝛾 (𝑧) given by: 

 𝐽𝜂,𝑎
𝛾 (𝑧) = ∑

(−𝑎)𝑛𝑧𝑛

𝑛!Γ(𝛾𝑛+𝜂+1)
∞
𝑛=0  (𝑎 ∈ ℂ − {0}, 𝛾 > 0, 𝜂 ≥ −1 and 𝑧 ∈ 𝕌). (1.3) 

It can be easily that 

 𝐽𝜂,−1
𝛾 (𝑧) = 𝑊𝛾,𝜂+1(𝑧) = ∑

𝑧𝑛

𝑛!Γ(𝛾𝑛+𝜂+1)
∞
𝑛=0  (1.4) 

where 𝑊𝛾,𝜂+1(𝑧) is called Wright function and 

 𝐽𝜂,1
𝛾 (𝑧) = 𝐽𝜂

𝛾(𝑧) = ∑
(−1)𝑛𝑧𝑛

𝑛!Γ(𝛾𝑛+𝜂+1)
.∞

𝑛=0  (1.5) 

Observe that the Generalized Bessel-Maitland function 𝐽𝜂,𝑎
𝛾 (𝑧) ∉ 𝒜. We can consider the follo-

wing two types of normalization of the Generalized Bessel-Maitland function: 

 𝕁𝜂,𝑎
𝛾 (𝑧) = 𝑧Γ(𝜂 + 1)𝐽𝜂,𝑎

𝛾 (𝑧) = 𝑧 + ∑
(−𝑎)𝑛Γ(𝜂+1)𝑧𝑛+1

𝑛!Γ(𝛾𝑛+𝜂+1)
∞
𝑛=1  (1.6) 

and 

 𝒥𝜂,𝑎
𝛾 (𝑧) =

Γ(𝛾+𝜂+1)

(−𝑎)
(𝐽𝜂,𝑎

𝛾 (𝑧) −
1

Γ(𝜂+1)
) = ∑

(−𝑎)𝑛Γ(𝛾+𝜂+1)𝑧𝑛+1

(𝑛+1)!Γ(𝛾𝑛+𝛾+𝜂+1)
.∞

𝑛=0  (1.7) 

 (𝛾 > 0, 𝛾 + 𝜂 > −1, 𝑎 ∈ ℂ − {0}, 𝑧 ∈ 𝕌) 

Also note that 

 𝕁𝜂,1
1 (𝑧) = 𝕁𝜂 (𝑧) = 𝛤(𝜂 + 1)𝑧1−𝜂 2⁄ 𝐽𝜂(2√𝑧) = ∑

(−1)𝑛𝛤(𝛾+𝜂+1)𝑧𝑛+1

𝑛!𝛤(𝑛+𝜂+1)
∞
𝑛=0  (1.8) 

where 𝐽𝜂(𝑧) is well known Bessel function of order 𝜂 and 𝕁𝜂(𝑧) is the normalized Bessel function, 

studied recently for the various geometric properties (see [9]-[11]). Conversely, it can be easily 

seen that 

Additionally, we observe that 

 𝕍𝜂,𝑎
𝛾 (𝑧) =

𝕁𝜂,𝑎
𝛾 (𝑧)

𝑧
=

1

𝑧
[𝑧 + ∑

(−𝑎)𝑛Γ(𝜂+1)𝑧𝑛+1

𝑛!Γ(𝛾𝑛+𝜂+1)
∞
𝑛=1 ] = 1 + ∑

(−𝑎)𝑛Γ(𝜂+1)𝑧𝑛

𝑛!Γ(𝛾𝑛+𝜂+1)
∞
𝑛=1  

and 

 𝑧 (𝕍𝜂,𝑎
𝛾 (𝑧))

′
= ∑

(−𝑎)𝑛Γ(𝜂+1)𝑛𝑧𝑛

𝑛!Γ(𝛾𝑛+𝜂+1)
.∞

𝑛=1  

The following identity relations can be easily establihed: 

 𝛾𝑧 (𝕁𝜂+1,𝑎
𝛾 (𝑧))

′
= (𝜂 + 2)𝕁𝜂+1,𝑎

𝛾 (𝑧) + (𝛾 − 𝜂 − 2)𝕁𝜂+2,𝑎
𝛾 (𝑧), (1.9) 
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 𝑧 (𝒥𝜂,𝑎
𝛾 (𝑧))

′
= 𝕁𝛾+𝜂,𝑎

𝛾 (𝑧) (1.10) 

and 

 (𝕍𝜂,𝑎
𝛾 (𝑧))

′
=

(−𝑎)Γ(𝜂+1)

Γ(𝛾+𝜂+1)
𝕍𝛾+𝜂,𝑎

𝛾 (𝑧). (1.11) 

Differential subordination and superordination results for functions in ℋ(𝕌) involving various 

operators have been considered by [1]-[6],[10],[12]. 

In this paper, we define certain classes of admissible functions and obtain second-order 

differantial subordination results involving the operator 𝕁𝜂,𝑎
𝛾 (𝑧). 

In order to prove our results, the following definition and theorem will be required (see [8]). 

Let 𝒬 denote the class of all functions 𝑞(𝑧) which are analytic and injective on 𝕌\𝐸(𝑞), where 

 𝐸(𝑞) = {𝜁 ∈ 𝜕𝕌: lim
𝑧→𝜁

𝑞(𝑧) = ∞} 

and are such that 𝑞′(𝜁) ≠ 0 for 𝜁 ∈ 𝜕𝕌\𝐸(𝑞). Further, let 𝒬(𝑎) denotes the subclass of 𝒬 

consisting of functions 𝑞 for which 𝑞(0) = 𝑎. We write 𝒬0 ≡ 𝒬(0) and 𝒬1 ≡ 𝒬1). 

Definition 1 ([8], Definition 2.3a, p. 27). Let 𝛺 be a set in ℂ, 𝑞 ∈ 𝒬 and 𝑛 ∈ ℕ. The class of admissible 

functions 𝛹𝑛[𝛺, 𝑞] consists of those functions 𝜓: ℂ3 × 𝕌 → ℂ that satisfy the admissibility condition 

 𝜓(𝑟, 𝑠, 𝑡; 𝑧) ∉ Ω 

whenever 

 𝑟 = 𝑞(𝜁), 𝑠 = 𝑘𝜁𝑞′(𝜁) and ℜ (
𝑡

𝑠
+ 1) ⩾ 𝑘ℜ {

𝜁𝑞′′(𝜁)

𝑞′(𝜁)
+ 1} 

with 𝑧 ∈ 𝕌, 𝜁 ∈ 𝜕𝕌\𝐸(𝑞) and 𝑘 ⩾ 𝑛.  

 

The class Ψ1[Ω, 𝑞] will be simply denoted by ΨΩ, 𝑞]. 

Theorem 1. ([8], Theorem 2.3b, p. 28) Let 𝜓 ∈ 𝛹𝑛[𝛺, 𝑞] with 𝑞(0) = 𝑎. If the analytic function 

 𝑝(𝑧) = 𝑎 + 𝑎𝑛𝑧𝑛 + 𝑎𝑛+1𝑧𝑛+1 + ⋯ 

satisfies 

 𝜓(𝑝(𝑧), 𝑧𝑝′(𝑧), 𝑧2𝑝′′(𝑧);  𝑧) ∈ Ω, for all 𝑧 ∈ 𝕌 

then 𝑝(𝑧) ≺ 𝑞(𝑧).  

2. Differential subordination involving the operator 𝕁𝜼,𝒂
𝜸 (𝒛) 

First, we define a class of admissible functions which is needed to prove te second-order 

differential subordination theorem involving the operator 𝕁𝜂,𝑎
𝛾 (𝑧) defined by (1.6). 

Definition 2. Let 𝛺 be a set in ℂ and 𝑞(𝑧) ∈ 𝒬0 ∩ ℋ0. The class of admissible functions 𝛷𝐻[𝛺, 𝑞] 

consists of those functions 𝜙: ℂ3 × 𝕌 → ℂ that satisfy the admissibility condition 

𝜙(𝑢, 𝑣, 𝑤; 𝑧) ∉ Ω 

whenever  

 𝑢 = 𝑞(𝜁), 𝑣 =
𝛾𝑘𝜁𝑞′(𝜁)−(𝜂+2)𝑞(𝜁)

𝛾−𝜂−2
 (𝛾 > 0, 𝛾 + 𝜂 > −1) 
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and  

 ℜ {
(𝛾−𝜂−3)𝑤−(𝜂+2)(𝜂+3)𝑢

𝛾[(𝛾−𝜂−2)𝑣+(𝜂+2)𝑢]
−

2(𝛾−𝜂)−5

𝛾
} ≥ 𝑘ℜ {

𝜁𝑞′′(𝜁)

𝑞′(𝜁)
+ 1} 

(𝑧 ∈ 𝕌;  𝛾 > 0; 𝜂 ∈ 𝜕𝕌\𝐸(𝑞);  𝑘 ≥ 1). 

Theorem 2. Let 𝜙 ∈ 𝛷𝐻[𝛺, 𝑞]. If 𝑓 ∈ 𝒜 satisfies the following inclusion relationship: 

{𝜙(𝕁𝜂+1,𝑎
𝛾 (𝑧), 𝕁𝜂+2,𝑎

𝛾 (𝑧), 𝕁𝜂+3,𝑎
𝛾 (𝑧); 𝑧): 𝑧 ∈ 𝕌} ⊂ Ω, (2.1) 

then 

𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

Proof. We define the analytic function 𝑝 in 𝕌 by  

𝑝(𝑧) = 𝕁𝜂+1,𝑎
𝛾 (𝑧). (2.2) 

Then, differentiating (2.2) with respect to 𝑧 and using the recursive relation (1.9), we have  

𝕁𝜂+2,𝑎
𝛾 (𝑧) =

𝛾𝑧𝑝′(𝑧)−(𝜂+2)𝑝(𝑧)

𝛾−𝜂−2
. (2.3) 

Further computations show that  

 𝕁𝜂+3,𝑎
𝛾 (𝑧) =

𝛾2𝑧2𝑝′′(𝑧)+𝑝′(𝑧)𝛾𝑧(𝛾−2𝜂−5)+(𝜂+3)(𝜂+2)𝑝(𝑧)

𝛾−𝜂−3
. (2.4) 

We now define the transformations from ℂ3 to ℂ by  

 𝑢 = 𝑟, 𝑣 =
𝛾𝑠−(𝜂+2)𝑟

𝛾−𝜂−2
 𝑎𝑛𝑑 𝑤 =

𝛾2𝑡+𝛾𝑠(𝛾−2𝜂−5)+(𝜂+3)(𝜂+2)𝑟

𝛾−𝜂−3
. 

Let  

𝜓(𝑟, 𝑠, 𝑡; 𝑧) = 𝜙(𝑢, 𝑣, 𝑤; 𝑧) 

 = 𝜙 (𝑟,
𝛾𝑠−(𝜂+2)𝑟

𝛾−𝜂−2
,

𝛾2𝑡+𝛾𝑠(𝛾−2𝜂−5)+(𝜂+3)(𝜂+2)𝑟

𝛾−𝜂−3
; 𝑧). (2.5) 

Using equations (2.2)-(2.4), and from (2.5), we get  

 

 𝜓(𝑝(𝑧), 𝑧𝑝′(𝑧), 𝑧2𝑝′′(𝑧); 𝑧) = 𝜙(𝕁𝜂+1,𝑎
𝛾 (𝑧), 𝕁𝜂+2,𝑎

𝛾 (𝑧), 𝕁𝜂+3,𝑎
𝛾 (𝑧); 𝑧). (2.6) 

Hence (2.1) assumes the following form  

𝜓(𝑝(𝑧), 𝑧𝑝′(𝑧), 𝑧2𝑝′′(𝑧); 𝑧) ∈ Ω. 

The proof is completed if it can be shown that the admissibility condition for 𝜙 ∈ Φ𝐻[Ω, 𝑞] is 

equivalent to the admissibility condition for as given in Definition 1. Note that  

𝑡

𝑠
+ 1 =

𝑤(𝛾 − 𝜂 − 3) − (𝜂 + 3)(𝜂 + 2)𝑢

𝛾𝑣(𝛾 − 𝜂 − 2) + (𝜂 + 2)𝑢]
−

2(𝛾 − 𝜂) − 5

𝛾
, 

and hence 𝜓 ∈ Ψ[Ω, 𝑞]. By Theorem 1, we have 

𝑝(𝑧) ≺ 𝑞(𝑧) or 𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞(𝑧) 

which completes the proof of Theorem 2.  

If Ω ≠ ℂ is a simply connected domain, then Ω = ℎ(𝕌) for some conformal mapping ℎ of 𝕌 onto 

Ω. In this case the class Φ𝐻[ℎ(𝕌), 𝑞] is written as Φ𝐻[ℎ, 𝑞]. 
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The following result is an immediate consequence of Theorem 2. 

Corollary 1. Let 𝜙 ∈ 𝛷𝐻[𝛺, 𝑞]. If 𝑓 ∈ 𝒜 satisfies 

 𝜙(𝕁𝜂+1,𝑎
𝛾 (𝑧), 𝕁𝜂+2,𝑎

𝛾 (𝑧), 𝕁𝜂+3,𝑎
𝛾 (𝑧); 𝑧) ≺ ℎ(𝑧), (2.7) 

then 

 𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

Our next result is an extension of Theorem 2 to the case when the behavior of 𝑞 on 𝜕𝕌 is not 

known. 

Corollary 2. Let 𝛺 ⊂ ℂ and let 𝑞 be univalent in 𝕌 with 𝑞(0) = 0. Let 𝜙 ∈ 𝛷𝐻[𝛺, 𝑞𝜌] for some 𝜌 ∈

(0,1), where 𝑞𝜌(𝑧) = 𝑞(𝜌𝑧). If 𝑓 ∈ 𝒜 satisfies the following inclusion relationship  

𝜙(𝕁𝜂+1,𝑎
𝛾 (𝑧), 𝕁𝜂+2,𝑎

𝛾 (𝑧), 𝕁𝜂+3,𝑎
𝛾 (𝑧); 𝑧) ∈ Ω, 

then  

𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

Proof. We note from Theorem 2 that  

𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞𝜌(𝑧) (𝑧 ∈ 𝕌). 

The result asserted by Corollary 2 is now deduced from the following subordination relationship 

𝑞𝜌(𝑧) ≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

Theorem 3. Let ℎ and 𝑞 be univalent in 𝕌 with 𝑞(0) = 0 and set 𝑞𝜌(𝑧) = 𝑞(𝜌𝑧) and ℎ𝜌(𝑧) = ℎ(𝜌𝑧). 

Let 𝜙: ℂ3 × 𝕌 → ℂ satisfy one of the following conditions 

1. 𝜙 ∈ Φ𝐻[Ω, 𝑞𝜌] for some 𝜌 ∈ (0,1), or 

2. there exists 𝜌0 ∈ (0,1) such that 𝜙 ∈ Φ𝐻[ℎ𝜌, 𝑞𝜌] for all 𝜌 ∈ (𝜌0, 1).  

If 𝑓 ∈ 𝒜 satisfies (2.7), then  

 𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

Proof. The proof is similar to the proof of [8, Theorem 2.3d] and is therefore omitted.  

The next theorem yields the best dominant of the differential subordination (2.7). 

Theorem 4. Let ℎ be univalent in 𝕌 and 𝜙: ℂ3 × 𝕌 → ℂ. Suppose that the differential equation  

𝜙 (𝑞(𝑧),
𝛾𝑧𝑞′(𝑧)−(𝜂+2)𝑞(𝑧)

𝛾−𝜂−2
,

𝛾2𝑧2𝑞′′(𝑧)+𝛾(𝛾−2𝜂−5)𝑧𝑞′(𝑧)+(𝜂+3)(𝜂+2)𝑞(𝑧)

𝛾−𝜂−3
; 𝑧) = ℎ(𝑧) (2.8) 

has a solution 𝑞 with 𝑞(0) = 0 and satisfies one of the following conditions 

1. 𝑞 ∈ 𝒬0 and 𝜙 ∈ Φ𝐻[ℎ, 𝑞]. 

2. 𝑞 is univalent in 𝕌 and 𝜙 ∈ Φ𝐻[ℎ, 𝑞𝜌] for some 𝜌 ∈ (0,1) 

3. 𝑞 is univalent in 𝕌 and there exists 𝜌0 ∈ (0,1) such that 𝜙 ∈ Φ𝐻[ℎ𝜌, 𝑞𝜌] for all 𝜌 ∈ (𝜌0, 1).  

If 𝑓 ∈ 𝒜 satisfies (2.7), then  

𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑞(𝑧) (𝑧 ∈ 𝕌) 

and 𝑞 is the best dominant.  



Dıfferentıal Subordınatıon Assocıated wıth Generalızed Bessel-Maıtland Functıon 

57 

Proof. Following the same arguments as in [8, Theorem 2.3e], we deduce that 𝑞 is a dominant 

from Corollary 1 and Theorem 3. Since 𝑞 satisfies (2.8), it is also a solution of (2.7) and therefore 𝑞 

will be dominated by all dominants. Hence 𝑞 is the best dominant.  

In the particular case when 𝑞(𝑧) = 𝑀𝑧; 𝑀 > 0, and in view of Definition 2, the class of admissible 

functions Φ𝐻[Ω, 𝑞], denoted by Φ𝐻[Ω, 𝑀], is described below. 

Definition 3. Let 𝛺 be a set in ℂ and 𝑀 > 0. The class of admissible functions 𝛷𝐻[𝛺, 𝑀] consists of those 

functions 𝜙: ℂ3 × 𝕌 → ℂ such that 

𝜙 (𝑀𝑒𝑖𝜃 ,
𝛾𝑘−𝜂−2

𝛾−𝜂−2
𝑀𝑒𝑖𝜃 ,

𝛾2𝐿+[𝑘𝛾(𝛾−2𝜂−5)+(𝜂+3)(𝜂+2)]𝑀𝑒𝑖𝜃

𝛾−𝜂−3
; 𝑧) ∉ Ω, (2.9) 

whenever 𝑧 ∈ 𝕌, 𝛾 > 0 and ℜ(𝐿𝑒−𝑖𝜃) ≥ 𝑘(𝑘 − 1)𝑀 for all 𝜃 ∈ ℝ, 𝑘 ≥ 1.  

Corollary 3. Let 𝜙 ∈ 𝛷𝐻[𝛺, 𝑀]. If 𝑓 ∈ 𝒜 satisfies the following inclusion relationship  

𝜙(𝕁𝜂+1,𝑎
𝛾 (𝑧), 𝕁𝜂+2,𝑎

𝛾 (𝑧), 𝕁𝜂+3,𝑎
𝛾 (𝑧); 𝑧) ∈ Ω, 

then 

𝕁𝜂+1,𝑎
𝛾 (𝑧) ≺ 𝑀𝑧 (𝑧 ∈ 𝕌). 

In the special case when Ω = {𝑤: |𝑤| < 𝑀} = 𝑞(𝕌), the class Φ𝐻[Ω, 𝑀] is simply denoted by 

Φ𝐻[𝑀]. Corollary 3 can now be written in the following form. 

Corollary 4. Let 𝜙 ∈ 𝛷𝐻[𝑀]. If 𝑓 ∈ 𝒜 satisfies the following inequality  

|𝜙(𝕁𝜂+1,𝑎
𝛾 (𝑧), 𝕁𝜂+2,𝑎

𝛾 (𝑧), 𝕁𝜂+3,𝑎
𝛾 (𝑧); 𝑧)| < 𝑀, 

then  

|𝕁𝜂+1,𝑎
𝛾 (𝑧)| < 𝑀. 

Corollary 5 If 𝑀 > 0, 𝛾 > 0 and 𝑓 ∈ 𝒜 satisfies the following inequality 

|𝕁𝜂+2,𝑎
𝛾 (𝑧)| < 𝑀, 

then  

|𝕁𝜂+1,𝑎
𝛾 (𝑧)| < 𝑀. 

  

Proof. This follows from Corollary 4 by taking 𝜙(𝑢, 𝑣, 𝑤; 𝑧) = 𝑣 =
𝛾𝑘−𝜂−2

𝛾−𝜂−2
𝑀𝑒𝑖𝜃 .  

Corollary 6. Let 𝛾 > 0 and 𝑀 > 0. If 𝑓 ∈ 𝒜 satisfies the following inequality 

|(𝛾 − 𝜂 − 2)𝕁𝜂+2,𝑎
𝛾 (𝑧) + (𝜂 + 2)𝕁𝜂+1,𝑎

𝛾 (𝑧)| <
𝑀

|𝛾|
 

then  

|𝕁𝜂+2,𝑎
𝛾 (𝑧)| < 𝑀. 

 

Proof. Let 𝜙(𝑢, 𝑣, 𝑤; 𝑧) =
𝛾−𝜂−2

𝛾
𝑢 +

𝜂+2

𝛾
𝑣 and Ω = ℎ(𝕌) where ℎ(𝑧) =

𝑀𝑧

𝛾
, 𝑀 > 0. In order to use 

Corollary 3, we need to show that 𝜙 ∈ Φ𝐻[Ω, 𝑀], that is, the admissibility condition (2.9) is 

satisfied. This follows since  
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|𝜙 (𝑀𝑒𝑖𝜃,
𝛾𝑘 − 𝜂 − 2

𝛾 − 𝜂 − 2
𝑀𝑒𝑖𝜃,

𝛾2𝐿 + [𝑘𝛾(𝛾 − 2𝜂 − 5) + (𝜂 + 3)(𝜂 + 2)]𝑀𝑒𝑖𝜃

𝛾 − 𝜂 − 3
; 𝑧)| = |

𝑘𝑀𝑒𝑖𝜃

𝛾
| ≥

𝑀

|𝛾|
 

whenever 𝑧 ∈ 𝕌, 𝜃 ∈ ℝ, 𝛾 > 0 and 𝑘 ≥ 1. The result now follows from Corollary 3.  

Theorem 4 shows that the result is sharp. The differential equation  

𝑧𝑞′(𝑧) = 𝑀𝑧 

has a univalent solution 𝑞(𝑧) = 𝑀𝑧. It follows from Theorem 4 that 𝑞(𝑧) = 𝑀𝑧 is the best 

dominant. 

Definition 4. Let 𝛺 be a set in ℂ and 𝑞 ∈ 𝒬1 ∩ ℋ1. The class of admissible functions 𝛷𝐻,2[𝛺, 𝑞] consists 

of those functions 𝜙: ℂ3 × 𝕌 → ℂ that satisfy the admissibility condition  

 𝜙(𝑢, 𝑣, 𝑤; 𝑧) ∉ Ω 

where  

 𝑢 = 𝑞(𝜁), 𝑣 =
𝛾𝑘𝜁𝑞′(𝜁)+(𝛾−𝜂−2)𝑞(𝜁)

𝛾−𝜂−2
 (𝛾 > 0, 𝛾 + 𝜂 > −1) 

and  

ℜ (
(𝛾 − 𝜂 − 3)(𝑤 − 𝑢) − (3𝛾 − 2𝜂 − 5)(𝑣 − 𝑢)

𝛾(𝛾 − 𝜂 − 2)(𝛾 − 𝜂 − 3)(𝑣 − 𝑢)
+ 1) ≥ 𝑘ℜ (

𝜁𝑞′′(𝜁)

𝑞′(𝜁)
+ 1) 

(𝑧 ∈ 𝕌; 𝛾 > 0; 𝜂 ∈ 𝜕𝕌\𝐸(𝑞); 𝑘 ≥ 1). 

Theorem 5. Let 𝜙 ∈ 𝛷𝐻,2[𝛺, 𝑞]. If 𝑓 ∈ 𝒜 satisfies the following inclusion relationship  

{𝜙 (
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
,

𝕁𝜂+2,𝑎
𝛾 (𝑧)

𝑧
,

𝕁𝜂+3,𝑎
𝛾 (𝑧)

𝑧
; 𝑧) : 𝑧 ∈ 𝕌} ⊂ Ω, (2.10) 

then 

𝕁𝜂+1,𝑎
𝛾 (𝑧)

𝑧
≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

Proof. Let us define the analytic function 𝑝 in 𝕌 by  

𝑝(𝑧) =
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
. (2.11) 

By making use of (1.9) and (2.11), we get  

𝕁𝜂+2,𝑎
𝛾 (𝑧)

𝑧
=

𝛾𝑧𝑝′(𝑧)+(𝛾−𝜂−2)𝑝(𝑧)

𝛾−𝜂−2
. (2.12) 

Further computations show that  

𝕁𝜂+3,𝑎
𝛾 (𝑧)

𝑧
=

𝛾2𝑧2𝑝′′(𝑧)+𝛾(3𝛾−2𝜂−5)𝑧𝑝′(𝑧)+(𝛾−𝜂−2)(𝛾−𝜂−3)𝑝(𝑧)

(𝛾−𝜂−2)(𝛾−𝜂−3)
. (2.13) 

Define the transformations from ℂ3 to ℂ by  

𝑢 = 𝑟, 𝑣 =
𝛾𝑠+(𝛾−𝜂−2)𝑟

𝛾−𝜂−2
 and 𝑤 =

𝛾2𝑡+𝛾(3𝛾−2𝜂−5)𝑠+(𝛾−𝜂−2)(𝛾−𝜂−3)𝑟

(𝛾−𝜂−2)(𝛾−𝜂−3)
. (2.14) 

Let  

𝜓(𝑟, 𝑠, 𝑡; 𝑧) = 𝜙(𝑢, 𝑣, 𝑤; 𝑧) 

 = 𝜙 (𝑟,
𝛾𝑠+(𝛾−𝜂−2)𝑟

𝛾−𝜂−2
,

𝛾2𝑡+𝛾(3𝛾−2𝜂−5)𝑠+(𝛾−𝜂−2)(𝛾−𝜂−3)𝑟

(𝛾−𝜂−2)(𝛾−𝜂−3)
; 𝑧). (2.15) 
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The proof shall make use of Theorem 1. Using equations (2.11), (2.12) and (2.13), from (2.15) we 

obtain  

 𝜓(𝑝(𝑧), 𝑧𝑝′(𝑧), 𝑧2𝑝′′(𝑧); 𝑧) = 𝜙 (
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
,

𝕁𝜂+2,𝑎
𝛾 (𝑧)

𝑧
,

𝕁𝜂+3,𝑎
𝛾 (𝑧)

𝑧
; 𝑧). (2.16) 

Hence (2.10) becomes  

𝜓(𝑝(𝑧), 𝑧𝑝′(𝑧), 𝑧2𝑝′′(𝑧); 𝑧) ∈ Ω. 

The proof is completed if it can be shown that the admissibility condition for 𝜙 ∈ Φ𝐻,2[Ω, 𝑞] is 

equivalent to the admissibility condition for as given in Definition 1. Note that  

𝑡

𝑠
+ 1 =

(𝛾 − 𝜂 − 3)(𝑤 − 𝑢) − (3𝛾 − 2𝜂 − 5)(𝑣 − 𝑢)

𝛾(𝛾 − 𝜂 − 2)(𝛾 − 𝜂 − 3)(𝑣 − 𝑢)
+ 1, 

and hence 𝜓 ∈ ΨΩ, 𝑞]. By Theorem 1, we have 𝑝(𝑧) ≺ 𝑞(𝑧) or  

𝕁𝜂+1,𝑎
𝛾 (𝑧)

𝑧
≺ 𝑞(𝑧). 

If Ω ≠ ℂ is a simply connected domain, then Ω = ℎ(𝕌) for some conformal mapping ℎ of 𝕌 onto 

Ω. In this case the class Φ𝐻,2[ℎ(𝕌), 𝑞] is written as Φ𝐻,2[ℎ, 𝑞]. 

The following result is an immediate consequence of Theorem 5. 

Corollary 7. Let 𝜙 ∈ 𝛷𝐻,2[ℎ, 𝑞]. If 𝑓 ∈ 𝒜 satisfies  

𝜙 (
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
,

𝕁𝜂+2,𝑎
𝛾 (𝑧)

𝑧
,

𝕁𝜂+3,𝑎
𝛾 (𝑧)

𝑧
; 𝑧) ≺ ℎ(𝑧), (2.17) 

then  

𝕁𝜂+1,𝑎
𝛾 (𝑧)

𝑧
≺ 𝑞(𝑧) (𝑧 ∈ 𝕌). 

In the particular case when 𝑞(𝑧) = 1 + 𝑀𝑧; 𝑀 > 0, the class of admissible functions Φ𝐻,2[Ω, 𝑞], 

denoted by Φ𝐻,2[Ω, 𝑀]. 

Definition 5. Let 𝛺 be a set in ℂ and 𝑀 > 0. The class of admissible functions 𝛷𝐻,2[𝛺, 𝑀] consists of 

those functions 𝜙: ℂ3 × 𝕌 → ℂ such that  

𝜙 (1 + 𝑀𝑒𝑖𝜃 , 1 +
(𝑘+1)𝛾−𝜂−2

𝛾−𝜂−2
𝑀𝑒𝑖𝜃 , 1 +

𝛾2𝐿+[𝛾𝑘(3𝛾−2𝜂−5)+(𝛾−𝜂−2)(𝛾−𝜂−3)]𝑀𝑒𝑖𝜃

(𝛾−𝜂−2)(𝛾−𝜂−3)
; 𝑧) ∉ 𝛺 (2.18) 

whenever 𝑧 ∈ 𝕌, 𝛾 > 0 and ℜ(𝐿𝑒−𝑖𝜃) ≥ 𝑘(𝑘 − 1)𝑀 for all 𝜃 ∈ ℝ, 𝑘 ≥ 1.  

Corollary 8. Let 𝜙 ∈ 𝛷𝐻,2[𝛺, 𝑀]. If 𝑓 ∈ 𝒜 satisfies the following inclusion relationship 

𝜙 (
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
,
𝕁𝜂+2,𝑎

𝛾 (𝑧)

𝑧
,
𝕁𝜂+3,𝑎

𝛾 (𝑧)

𝑧
; 𝑧) ∈ Ω, 

then  

𝕁𝜂+1,𝑎
𝛾 (𝑧)

𝑧
− 1 ≺ 𝑀𝑧 (𝑧 ∈ 𝕌). 

In the special case when Ω = {𝑤: |𝑤 − 1| < 𝑀} = 𝑞(𝕌), the class Φ𝐻,2[Ω, 𝑀] is simply denoted by 

Φ𝐻,2[𝑀] and Corollary 8 takes the following form. 
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Corollary 9. Let 𝜙 ∈ 𝛷𝐻,2[𝑀]. If 𝑓 ∈ 𝒜 satisfies the following inequality  

|𝜙 (
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
,
𝕁𝜂+2,𝑎

𝛾 (𝑧)

𝑧
,
𝕁𝜂+3,𝑎

𝛾 (𝑧)

𝑧
; 𝑧) − 1| < 𝑀, 

then for all 𝑧 ∈ 𝕌 we have  

|
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
− 1| < 𝑀. 

Corollary 10. Let 𝛾 > 0 and 𝑀 > 0. If 𝑓 ∈ 𝒜 satisfies the following inequality 

|
𝕁𝜂+2,𝑎

𝛾 (𝑧)

𝑧
−

𝕁𝜂+1,𝑎
𝛾 (𝑧)

𝑧
| < |

𝛾

𝛾 − 𝜂 − 2
| 𝑀, 

then for all 𝑧 ∈ 𝕌, we have  

|
𝕁𝜂+1,𝑎

𝛾 (𝑧)

𝑧
− 1| < 𝑀. 

Proof. This follows from Corollary 8 by taking 𝜙(𝑢, 𝑣, 𝑤; 𝑧) = 𝑣 − 𝑢.  

7. Conclusion 

In this study, a novel linear operator associated with the generalized Bessel–Maitland function 

has been introduced and investigated within the open unit disk. By applying the theory of 

differential subordination and admissible functions, several new subordination and domination 

results have been established for analytic functions involving this operator. The results obtained 

not only unify and generalize various existing operators and findings in geometric function 

theory but also reveal new aspects of the geometric behavior of analytic functions defined 

through the generalized Bessel–Maitland framework. These findings may serve as a foundation 

for further studies exploring additional subclasses of analytic or bi-univalent functions related to 

special functions and fractional calculus operators. 
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Planning for reconstruction, resource management, and environmental 

monitoring all depend on Land Use/Land Cover (LULC) mapping, especially in 

areas that have experienced conflict, such as Karabakh, Azerbaijan. Five 

machine learning algorithms for LULC classification using high-resolution 

Sentinel-2 satellite imagery are thoroughly compared in this study. We 

implemented and assessed the Random Forest (RF), Classification and 

Regression Trees (CART), Gradient Tree Boosting (GTB), k-Nearest Neighbors 

(k-NN), and Gaussian Naïve Bayes classifiers using the Google Earth Engine 

(GEE) platform. In order to improve the separability of seven LULC classes—

Water, Trees, Grass, Flooded Vegetation, Crops, Built Area, and Bare 

Ground—a rich feature set consisting of eight multispectral bands and thirty 

derived spectral indices was added to the classification. The ESA WorldCover 

2020 dataset was used to generate the training and validation data. The Kappa 

coefficient and overall accuracy were used to quantitatively evaluate the 

findings. Gradient Tree Boosting (Kappa ≈ 0.71) and Random Forest (Kappa = 

0.697) outperformed k-NN (Kappa = 0.637), CART (Kappa = 0.599), and Naïve 

Bayes (Kappa = 0.173) by a significant margin. Ensemble methods also showed 

superior performance. The results demonstrate how well ensemble classifiers 

handle high-dimensional remote sensing data and offer a methodological 

framework for quick and precise LULC mapping to aid in the region's post-

conflict recovery and sustainable development initiatives. 
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1. INTRODUCTION 

A key component of sustainable resource management, strategic regional planning, and efficient 

environmental governance is the monitoring of land use and cover (LULC). The need for precise, 

timely, and high-resolution LULC data becomes even more critical in post-conflict areas. A 

crucial case study is the Karabakh region of Azerbaijan, which has just recently recovered from a 

protracted conflict. Although decades of occupation and the direct effects of conflict have 
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permanently altered the landscape, the end of hostilities has ushered in a new era of 

reconstruction and resettlement. In order to inform national policy on ecological restoration, 

agricultural revitalization, water resource management, and urban and rural development, it is 

essential to have a thorough understanding of the current condition of the region's forests, 

agricultural lands, water bodies, and infrastructure. Armed conflicts are known to be potent 

catalysts for environmental change, frequently leading to unchecked urbanization or the 

destruction of built-up areas, deforestation, agricultural land abandonment, and land 

degradation (Akar & Güngör, 2015). To quantify the environmental legacy of the conflict and set 

a course for a resilient and sustainable future, it is imperative that a thorough and accurate LULC 

baseline be established first.  

Remote sensing has changed dramatically with the introduction of publicly accessible satellite 

data from initiatives like the European Space Agency's (ESA) Copernicus. One mission that is 

particularly useful for LULC classification is Sentinel-2. Its unique ability to map the Earth's 

surface in fine detail is made possible by its combination of high temporal resolution (5-day 

revisit time), rich multispectral sensor array (13 bands), and high spatial resolution (10-20 meters) 

(Griffiths et al., 2019). This is particularly relevant for landscapes that are heterogeneous, such as 

Karabakh, where intricate mosaics of various land cover types coexist in close proximity. The 

capacity to extract a wide range of spectral indices is a significant benefit of Sentinel-2 data. 

Spectral indices, which are mathematical combinations of various spectral bands, are designed to 

improve particular biophysical characteristics of the surface, whereas a basic color image can 

differentiate between broad categories. For example, the Normalized Difference Water Index 

(NDWI) efficiently delineates water bodies, the Normalized Difference Vegetation Index (NDVI) 

is extremely sensitive to vegetation health, and the Normalized Difference Built-up Index (NDBI) 

aids in identifying urban areas. We can greatly enhance machine learning algorithms' capacity to 

discriminate between spectrally similar but functionally distinct LULC classes by constructing a 

rich "feature space" that includes both raw spectral bands and dozens of these derived indices 

(Zhang & Xie, 2019). 

Even though Sentinel-2 LULC studies have proliferated, many of these studies only use one 

classification algorithm—Random Forest, most frequently—without methodically weighing 

other options. According to Maxwell et al. (2018), the "No Free Lunch" theorem in machine 

learning asserts that no single algorithm is best suited for all problems. The type of data, the 

intricacy of the terrain, and the particular classes being mapped all have a significant impact on a 

classifier's performance. To determine the most reliable and accurate algorithmic approach for a 

particular situation, a thorough comparison of various approaches is necessary (Li et al., 2014). 

By performing a thorough comparative analysis of five different machine learning classifiers 

integrated into the potent Google Earth Engine (GEE) cloud computing platform, this study 

seeks to close this gap (Gorelick et al., 2017). We assess a probabilistic classifier (Gaussian Naïve 

Bayes), an instance-based learner (k-Nearest Neighbors), a classic decision tree algorithm 

(CART), and two popular ensemble techniques (Random Forest and Gradient Tree Boosting). 

Finding the best classification method for creating a high-resolution LULC map of the Karabakh 

region is the main goal of this study. By doing this, we provide a transparent and repeatable 

methodological framework that can be modified for quick and efficient environmental 

evaluation in other post-conflict or data-poor areas across the globe, ultimately serving as a vital 

scientific instrument to promote sustainable development and evidence-based reconstruction. 
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2. LITERATURE REVIEW 

Over the past 50 years, the field of LULC classification using satellite remote sensing has 

undergone significant change due to developments in sensor technology, computing power, and 

analytical techniques. Using Landsat MSS data, early research in the 1970s and 1980s mostly 

employed supervised techniques based on statistical measures like maximum likelihood 

classification (MLC) or unsupervised techniques like ISODATA. Although revolutionary at the 

time, these techniques were sensitive to atmospheric conditions and frequently had trouble with 

spectral confusion between various LULC classes (Phiri & Morgenroth, 2017). An important 

turning point was the introduction of sensors with greater resolution and the creation of 

increasingly complex algorithms.  

The 1990s and 2000s saw the rise of machine learning, which provided strong new classification 

tools. By assuming less about the underlying data distribution, algorithms such as Support 

Vector Machines (SVM) and single Decision Trees (like CART) outperformed conventional 

statistical techniques (Maxwell et al., 2018). But it was the widespread adoption of ensemble 

learning methods, especially Random Forest (RF), that brought about the real revolution. 

Because of its high accuracy, resilience to noise and overfitting, and capacity to handle high-

dimensional data without the need for intricate feature selection, radio frequency (RF) rapidly 

emerged as the de facto standard in remote sensing after being introduced by Breiman (2001). 

Using a variety of satellite platforms, numerous studies have shown that RF is superior for 

LULC mapping across diverse ecosystems. One of the first thorough assessments, for example, 

was given by Pal (2005), who demonstrated that RF performed better at classifying Landsat data 

than SVM and a single decision tree. In a more recent review, Belgiu and Drăguţ (2016) 

confirmed the popularity and efficacy of radio frequency (RF) in remote sensing, pointing to its 

robust performance and ease of use as the main drivers of its widespread adoption. 

Research was further accelerated by the 2015 launch of the Sentinel-2 constellation, which made 

worldwide high-resolution multispectral data freely and publicly available. Sentinel-2's 

distinctive spectral bands, especially the red-edge bands, have proven to be very useful for 

vegetation analysis and differentiating between forest species and crop types (Griffiths et al., 

2019). As a result, research using Sentinel-2 for LULC applications—from urban sprawl detection 

to agricultural monitoring—exploded. In order to increase classification accuracy, spectral index 

integration has been the focus of many of these studies. For instance, it is now common practice 

to include indices such as NDVI, NDWI, and NDBI (Zhang & Xie, 2019). The usefulness of a far 

greater variety of indices has been investigated by more sophisticated studies. To improve the 

separability of complex classes, they employed a variety of indices that focused on soil 

composition, water stress, and vegetation chlorophyll content. Our study uses this method, 

which is predicated on the idea that a richer feature space enables the classifier to detect more 

nuanced differences between different types of land cover. 

At the same time, the emergence of cloud computing platforms, such as Google Earth Engine 

(GEE), has made it easier for anyone to access enormous amounts of computing power and 

satellite archives that span petabytes. Researchers can now perform extensive, long-term LULC 

analysis at regional or even global scales because GEE has removed the major obstacle of data 

acquisition and processing (Gorelick et al., 2017). Consequently, the number of studies using 

GEE for LULC mapping has increased. These studies frequently compare various machine 

learning classifiers that are available in the GEE environment. For instance, Random Forest was 
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the most widely used classifier, followed by SVM and CART, according to Tamiminia et al. 

(2020), who reviewed more than 300 GEE-based studies. Although RF frequently performs the 

best, other ensemble techniques, such as Gradient Tree Boosting (GTB), have demonstrated 

potential. In contrast to RF, which constructs trees on its own, GTB constructs them in a 

sequential fashion, with each tree trying to fix the mistakes of the one before it. Although GTB is 

frequently more sensitive to parameter tuning, this can occasionally result in even higher 

accuracy (Rodriguez-Galiano et al., 2012). The results of comparative studies comparing RF to 

GTB and other classifiers in GEE have been inconsistent, indicating that context influences the 

best option. This highlights the necessity of the type of systematic comparison that our study 

conducted for the unique Karabakh landscape (Shelestov et al., 2017). For landscape 

visualization look the Figure 1. 

 

Figure 1. Satellite photos of Karabakh region. 

3. THEORETICAL FRAMEWORK 

The theoretical underpinnings of supervised classification in the context of geographic object-

based image analysis (GEOBIA), modified for a pixel-based methodology, serve as the 

foundation for this investigation. The fundamental idea is that different types of land cover, such 

as urban, forest, and water, have unique and quantifiable spectral signatures, meaning that they 

absorb and reflect electromagnetic radiation in different ways at different wavelengths. This 

reflected energy is detected by the Sentinel-2 sensor in distinct spectral bands. According to our 

conceptual framework, we can automatically assign a LULC class label to each pixel in an image 

by training a machine learning algorithm to analyze these spectral signatures.  

The framework rests on two key pillars: Feature Space Enhancement and Ensemble Learning 

Theory. 

3.1.  Feature Space Enhancement via Spectral Indices 

The problem of spectral ambiguity is addressed in the first pillar. Although the signatures of 

various LULC classes are distinct, they frequently overlap. For instance, the spectral response of 

bare soil in a fallow field may be comparable to that of a construction site or a dirt road. To clear 

up this confusion, relying only on the raw spectral bands might not yield enough information. 

According to our framework, the original, limited-dimensional spectral space can be 

transformed into a much higher-dimensional "feature space," which greatly improves the 

separability of these classes. Feature engineering—more especially, the computation of multiple 

spectral indices—is used to accomplish this (Tassi & Vizzari, 2020). Each index is a mathematical 
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formula that highlights a particular physical property by combining two or more spectral bands. 

For example, NDVI creates a single, potent feature that is strongly associated with vegetation 

density by normalizing the difference between the red (high absorption by chlorophyll) and 

near-infrared (high reflectance for vegetation) bands. Similarly, NDWI is sensitive to built-up 

structures and emphasizes water content. By including a full suite of 30 indices that target a 

variety of properties (such as soil brightness, water stress, and chlorophyll content), our 

framework expands on this idea. According to the underlying theory, the clusters of pixels 

representing various LULC classes will become more distinct and less overlapping in this 

expanded 38-dimensional feature space (8 bands + 30 indices), which will make the machine 

learning model's classification task easier and more accurate (Zhang & Xie, 2019). 

3.2.  Ensemble Learning for Robust Classification 

The selection of the analytical engine is covered in the second pillar. A strong and reliable 

classification algorithm is needed because of the feature space's inherent complexity and high 

dimensionality. The foundation of our framework is ensemble learning, a machine learning 

paradigm that combines several separate "weak learners" to produce a single, powerful "meta-

learner." This method is theoretically based on the notion that the final prediction will be more 

accurate and less prone to error and overfitting than any single model alone by combining the 

"votes" of numerous diverse models (Maxwell et al., 2018).  

We focus on two primary ensemble methods: 

3.2.1. Bagging  

Random Forest (RF)'s implementation of bagging (Bootstrap Aggregating): RF works by 

building a lot of decision trees. Only a random subset of the features are taken into consideration 

at each split, and each tree is trained on a random subset of the training data (bootstrap sample). 

The individual trees are guaranteed to be decorrelated and diverse thanks to this dual 

randomization procedure (Breiman, 2001). A majority vote among all the trees in the forest 

determines a pixel's final classification. According to the theory, even though individual trees 

may make mistakes, these mistakes will be random and will eventually cancel each other out to 

produce a stable and incredibly accurate final model (Belgiu & Drăguţ, 2016). 

3.2.2. Boosting 

Gradient Tree Boosting (GTB), which uses boosting: GTB constructs trees in a sequential manner 

as opposed to RF's parallel construction. The errors (residuals) of the first tree are computed after 

it has been trained on the data. The second tree is then trained using the first tree's mistakes 

rather than the original data. This procedure is repeated, with each new tree concentrating on 

fixing the errors made by its forebears. The weighted sum of all the trees' predictions makes up 

the final forecast. The idea behind boosting is that the model can attain extremely high levels of 

accuracy by iteratively concentrating on the examples that are the most challenging to classify. 

Our study empirically tests this theoretical framework by systematically comparing these 

sophisticated ensemble models against more straightforward, non-ensemble classifiers (CART, 

k-NN, and Naïve Bayes). In order to demonstrate the synergistic power of combining a high-

dimensional feature space with robust ensemble learning algorithms for accurate LULC 

mapping, we predict that the ensemble methods (RF and GTB) will perform noticeably better 

than the others (Rodriguez-Galiano et al., 2012). 



Land use and Land Cover Mapping in the Karabakh Region Using Sentinel-2 Multi-Spectral Indices and Machine Learning 

67 

4. METHODOLOGY 

The Google Earth Engine (GEE) cloud computing environment was used to design and carry out 

the entire methodological workflow for this study. The large, high-resolution Sentinel-2 dataset 

was analyzed effectively without the need for local data downloads or high-performance 

computing hardware thanks to GEE's architecture, which co-locates a massive archive of satellite 

data with a potent parallel-processing compute engine (Gorelick et al., 2017). The process can be 

broken down into five main stages:  

(1) Data Acquisition and Pre-processing,  

(2) Feature Engineering,  

(3) Reference Data Preparation and Sampling,  

(4) Model Training and Classification, and  

(5) Accuracy Assessment. 

4.1. Data Acquisition and Pre-processing 

The Level-2A surface reflectance product from the Sentinel-2 Multi Spectral Instrument (MSI) 

collection served as the main source of data. An essential pre-processing step to reduce the 

impact of atmospheric scattering and absorption on the spectral signatures is atmospheric 

correction, which is already present in this product. We defined a region of interest (ROI) as a 

14,400 km² rectangle centered over the Karabakh region (approximately 46.76°E, 39.83°N) in 

order to produce a single, representative image for the study area. Then, during a brief, clear-sky 

window around April 2, 2021, we searched the Sentinel-2 archive for all available images that 

intersected this ROI. In order to help differentiate between various vegetation types, this 

particular timeframe was selected to capture the spring, when vegetation is actively growing. A 

median composite was created in order to remove any lingering cloud, cloud shadow, or haze 

artifacts. In order to create a single, cloud-free mosaic that depicts the normal surface conditions 

during that time, this GEE function determines the median value for each pixel across all of the 

images in the filtered collection (Griffiths et al., 2019). Eight of the available spectral bands were 

chosen for the analysis: B2 (Blue), B3 (Green), B4 (Red), B8 (Near-Infrared, NIR) at 10 m 

resolution, and B5 (Red Edge 1), B6 (Red Edge 2), B11 (SWIR 1), and B12 (SWIR 2) at 20 m 

resolution. During processing, GEE automatically resampled the 20m bands using a nearest-

neighbor technique to match the 10m resolution of the other bands. 

4.2. Feature Engineering: Creation of the Spectral Index Stack 

We went beyond the raw spectral bands and created a comprehensive set of 30 extra features 

based on recognized spectral indices in order to improve the classification models' 

discriminatory power. By increasing the distinctiveness of the spectral signatures of various 

LULC classes, this feature engineering procedure is essential for enhancing model performance 

(Tassi & Vizzari, 2020). To produce a final image object with 38 bands (features), the indices were 

computed pixel-by-pixel using the pre-processed Sentinel-2 composite and stacked with the 

original 8 bands. These indices were selected to capture a wide range of biophysical 

characteristics and can be broadly categorized as follows: 

 Vegetation Indices (15 indices): This group included common indices like the Normalized 

Difference Vegetation Index (NDVI) and Enhanced Vegetation Index (EVI), as well as 
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several red-edge based indices (e.g., Normalized Difference Red-Edge, NDRE; Chlorophyll 

Index Red-Edge, CI_RE) that are particularly sensitive to vegetation health and stress. 

Others like the Soil-Adjusted Vegetation Index (SAVI) were included to minimize the effect 

of soil brightness in areas with sparse vegetation. 

 Water and Wetness Indices (5 indices): To accurately map open water and soil moisture, 

we calculated the Normalized Difference Water Index (NDWI) and its modified version 

(MNDWI), as well as the Automated Water Extraction Index (AWEI), which is effective at 

separating water from dark, shadowed surfaces. 

 Soil and Built-up Indices (5 indices): To distinguish between bare ground and man-made 

impervious surfaces, we included the Normalized Difference Built-up Index (NDBI), the 

Bare Soil Index (BSI), and the Normalized Difference Soil Index (NDSI). 

 Specialized and Pigment Indices (5 indices): This category included indices designed to 

detect more subtle characteristics, such as the Anthocyanin Reflectance Index (ARI) and the 

Photochemical Reflectance Index (PRI), which are related to plant pigments and 

photosynthetic efficiency. 

4.3. Reference Data Preparation and Sampling 

The quality of the training and validation data has a fundamental impact on the accuracy of any 

supervised classification. The ESA WorldCover 2020 dataset served as our ground truth source 

for this investigation is presented in Figure 2. Although not flawless, this global 10m resolution 

LULC product offers a trustworthy baseline (Vizzari, 2021). Our seven target LULC classes—

Water, Trees, Grass, Flooded Vegetation, Crops, Built Area, and Bare Ground—were created by 

reclassifying and combining the original 11 classes of the WorldCover map. In order to produce 

a reference map for our ROI, this reclassification was carried out in GEE. 

We used a stratified random sampling technique to create a set of 9,000 reference points from 

this reference map. Smaller classes (such as Flooded Vegetation) are not under-sampled thanks 

to stratification, which guarantees that each LULC class is represented in the sample 

proportionate to its occurrence. After that, these 9,000 labeled points were divided into two 

separate datasets at random: 80% of the total (7,136 points) was set aside for classifier training, 

while the remaining 20% (1,864 points) was saved for accuracy evaluation and validation (Li et 

al., 2014). 

 

 

Figure 2. ESA WorldCover 2020 Map of the Karabakh Region 
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4.4. Model Training and Classification 

Five distinct machine learning classifiers from the GEE library were trained and assessed. The 

same 7,136 training points were used to train each classifier. The classifier was given the 38-band 

feature vector from our image stack as input for each point, and the expected output was the 

corresponding LULC class label. 

4.4.1. Random Forest (RF): Configured with 200 trees to ensure stability (Breiman, 2001). 

4.4.2. Classification and Regression Trees (CART): A single decision tree, serving as a baseline. 

4.4.3. Gradient Tree Boosting (GTB): Implemented using smileGradientTreeBoost with 200 trees. 

4.4.4. k-Nearest Neighbors (k-NN): Configured with k=5, classifying a pixel based on its 5 nearest 

neighbors in the feature space. 

4.4.5. Gaussian Naïve Bayes: A probabilistic classifier assuming feature independence. 

Once trained, each classifier was applied to the entire 38-band image stack for the ROI, 

producing five distinct LULC classification maps (Shelestov et al., 2017). 

4.5. Accuracy Assessment 

The last and most important step was to evaluate each of the five LULC maps' performance 

quantitatively. For each of the 1,864 validation points—which the models had not seen during 

training, the class label predicted by the classifier was compared to the "true" label from our 

reference data. Each classifier receives a confusion matrix because of this comparison. From the 

confusion matrix, we calculated two key standard accuracy metrics: 

Overall Accuracy: The percentage of validation points that were correctly classified. It is 

calculated as the sum of the diagonal elements of the confusion matrix divided by the total 

number of points. 

Cohen’s Kappa Coefficient: A more robust metric than overall accuracy because it accounts for 

the possibility of correct classification occurring purely by chance. A Kappa value of 0 indicates 

that the classification is no better than a random assignment, while a value of 1 represents perfect 

agreement. These metrics allowed for a direct and objective comparison of the performance of 

the five different machine learning algorithms. 

5. RESULTS 

The quantitative accuracy assessment and the visual analysis of the resulting Land Use/Land 

Cover (LULC) maps revealed substantial differences in the performance of the five machine 

learning classifiers. The results consistently demonstrated the superiority of ensemble learning 

methods over single-tree, instance-based, or probabilistic algorithms for this complex 

classification task. 

5.1. Classifier Performance Metrics 

The primary performance evaluation was based on the Overall Accuracy and Cohen’s Kappa 

coefficient, calculated from the confusion matrices derived from the 1,864 independent 

validation points. The results are summarized in Table 1. 
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Table 1. Performance Metrics for Crop Classification Models 

Classifier Overall Accuracy Kappa Coefficient 

Gradient Tree Boosting ~0.76 (estimated) 0.712 

Random Forest 0.748 0.697 

k-Nearest Neighbors 0.697 0.637 

CART 0.666 0.599 

Gaussian Naïve Bayes 0.303 0.173 

The two ensemble classifiers, Random Forest (RF) and Gradient Tree Boosting (GTB), produced 

the highest accuracy levels as predicted. With a Kappa coefficient of 0.712, GTB was the best-

performing model, showing a high degree of agreement between the validation data and the 

classified map. With an overall accuracy of 74.8% and a Kappa of 0.697, Random Forest came in 

second. These findings demonstrate how well ensemble methods handle the high-dimensional 

dataset with 38 features (Belgiu & Drăguţ, 2016). 

The performance of the other classifiers clearly declined. With a Kappa of 0.637, the k-Nearest 

Neighbors (k-NN) algorithm performed moderately. Although it was much more accurate than 

Naïve Bayes, it was still unable to match the ensemble methods' accuracy. With a Kappa of 0.599, 

the single decision tree classifier, CART, did not perform as well. This implies that a higher rate 

of misclassification resulted from a single tree being insufficiently complex to capture the 

complex spectral relationships in the data. With a Kappa coefficient of 0.173 and an overall 

accuracy of only 30.3%, the Gaussian Naïve Bayes classifier did remarkably poorly. Its 

unsuitability for this kind of application is confirmed by the fact that this "slight" level of 

agreement is only slightly better than a random classification. 

5.2. Visual Analysis of Classified Land Cover Maps 

The quantitative metrics are directly reflected in the qualitative visual characteristics of the five 

generated LULC maps. The final map produced by the Random Forest classifier, chosen as the 

best overall model due to its balance of high accuracy and computational efficiency, is presented 

in Figure 3. This map displays spatially coherent and logical patterns of land cover distribution, 

with well-defined water bodies, contiguous forest areas, and clearly demarcated agricultural and 

built-up zones. 

 

Figure 3. LULC Map of the Karabakh Region produced by the Random Forest Classifier. 

A visual comparison of the outputs from the top four classifiers (not including the very bad 

Naïve Bayes result) shows the differences in performance even more clearly (Figure 4). The maps 

made by Random Forest (A) and Gradient Tree Boosting (D) look the same. They have smooth, 

even patches and sharp, realistic lines between different LULC classes. The map made by CART 
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(B), on the other hand, looks more broken up and "noisy," with a lot of small, isolated pixels that 

are incorrectly grouped with larger, uniform areas. This is a common problem with single 

decision tree models. The k-NN map (C) is less noisy than CART, but it still doesn't have the 

spatial coherence of the ensemble models. There is some blurring and confusion at the edges of 

different land cover types. The quantitative results are strongly supported by this visual 

evidence, which demonstrates that the ensemble classifiers generate more realistic and 

understandable cartographic outputs in addition to having higher accuracy metrics. 

 

  

Figure 4A: Random Forest Figure 4B: CART 

  

Figure 4C: k-Nearest Neighbors Figure 4D: Gradient Tree Boosting 

Figure 4: Comparative view of LULC classification results for a selected sub-region. 

(A) Random Forest, (B) CART, (C) k-Nearest Neighbors, (D) Gradient Tree Boosting. 

6. DISCUSSION 

According to the study, a well-designed feature space and the selection of a machine learning 

classifier are essential for LULC mapping success. When it comes to complex, high-dimensional 

remote sensing data, ensemble methods (RF and GTB) perform significantly better than other 

classifiers. Superior accuracy is achieved by RF and GTB's ability to navigate the 38-dimensional 

feature space and detect non-linear relationships between spectral features and LULC classes. 

The iterative error-correction process of the boosting algorithm accounts for GTB's marginally 

higher Kappa score. 

Since spectral bands from a multispectral sensor are naturally correlated, the Gaussian Naïve 

Bayes classifier's poor performance was caused by a violation of the independence assumption. 

Poor performance results from the systematic miscalculation of posterior probabilities caused by 

this. Their limitations in this application are highlighted by the k-NN and CART's moderate 

results. While k-NN suffers from the "curse of dimensionality," which makes it challenging to 
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identify "near" neighbors, CART tends to produce classifications that are excessively complex 

and noisy. This phenomenon could impair the performance of k-NN with 38 features. 

The study draws attention to the problem of spectral confusion in LULC mapping projects, 

specifically between bare ground and built area and between grass and crops. This is because, in 

rural areas, dry, bare soil is comparable to materials like gravel, asphalt, or concrete. Natural 

grasslands and recently planted crops may show comparable degrees of "greenness" during 

early spring imaging, making it challenging to distinguish between the two using a single-date 

image. There is still some misunderstanding even with the addition of specialized indices like 

the NDBI and BSI. By comparing photos taken at different times of the year and taking 

advantage of phenological variations, such as the different growth and harvest cycles of crops 

versus the more consistent signature of natural grass, the study proposes using multi-temporal 

data to enhance separation. 

The predictive accuracy of the supervised classification model is inherently constrained by the 

quality of its reference data, in this case, the ESA WorldCover 2020 dataset. While the model's 

overall accuracy of approximately 75% approaches the reported ~74% global accuracy of the ESA 

product, suggesting it operates near the upper limit imposed by the reference data's quality, a 

significant temporal discrepancy arises when making predictions for 2025 using this static 2020 

baseline. This limitation is evident through a qualitative human evaluation in the Khojaly region, 

where a comparison between real imagery (Figure 5A), the outdated ESA WorldCover layer 

(Figure 5B), and the Random Forest model's output (Figure 5C) reveals that the model's 

predictions are visually more accurate and consistent with the current landscape. This 

discrepancy underscores that while global metrics indicate proximity to the reference data's 

accuracy ceiling, the Random Forest model demonstrates a superior capacity for capturing more 

current and localized land cover classifications than the foundational dataset itself. This disparity 

highlights that although global metrics show closeness to the accuracy ceiling of the reference 

data, the Random Forest model outperforms the foundational dataset in capturing more recent 

and localized land cover classifications. 

   

Figure 5A: Real Satellite Pictures Figure 5B: ESA WorldCover layer Figure 5C: Random Forest output 

7. CONCLUSION 

In the complicated, post-conflict environment of Karabakh, Azerbaijan, this study effectively 

created and validated a reliable, cloud-based workflow for high-resolution LULC mapping. We 

have generated a timely and accurate assessment of the region's current land cover by utilizing 

the rich spectral information from Sentinel-2 satellite imagery and the computational power of 

Google Earth Engine (Gorelick et al., 2017). This data product is essential for directing efforts at 

environmental management and sustainable reconstruction.  

This study compares five machine learning algorithms and finds that ensemble learning 

methods, specifically Random Forest and Gradient Tree Boosting, are the most effective 
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classifiers for remote sensing data. These methods show higher accuracy and produce more 

spatially coherent and cartographically realistic maps compared to single-tree, instance-based, 

and probabilistic methods. This confirms their suitability for handling high dimensionality and 

non-linearity in remote sensing data. 

Second, we determine that the feature space enhancement strategy, which involves integrating a 

full set of 30 spectral indices, is a very successful method. Adding features to the original spectral 

bands that highlight particular biophysical characteristics gives the sophisticated classifiers the 

information they need to distinguish between spectrally similar LULC classes, increasing the 

overall classification accuracy (Zhang & Xie, 2019). 

Third, our findings confirm that Gaussian Naïve Bayes and other simpler models with strong 

underlying assumptions are not well suited for contemporary remote sensing classification tasks. 

The fundamental tenets of the model are violated by the intrinsic correlation between spectral 

bands and indices, which results in performance that is only slightly better than chance. 

A useful baseline for tracking upcoming environmental changes, organizing agricultural 

revitalization, managing water resources, and supervising urban development in Karabakh is 

the final LULC map produced by the Random Forest classifier. Future studies should try to 

expand on this work by combining multi-temporal data to better resolve phenological 

differences between vegetation types and Sentinel-1 Synthetic Aperture Radar (SAR) data, which 

can penetrate clouds and provide information on surface structure and moisture, to further 

improve the ability to distinguish between bare ground and built-up areas. In the end, this 

research offers Azerbaijan a vital data product as well as a reproducible methodological model 

for LULC mapping in other difficult, data-poor settings worldwide. 
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1. Introduction 

The rapid advancement of artificial intelligence has revolutionized medical diagnostics, with 

large language models (LLMs) demonstrating remarkable capabilities in clinical decision 

support and disease classification [6, 16]. However, deploying these models in real-world 

medical settings faces two fundamental challenges: computational efficiency and diagnostic 

reliability. 

State-of-the-art language models such as GPT-4 [15], BERT [3], and their medical variants like 

BioBERT [12] and ClinicalBERT [1] typically contain hundreds of millions to billions of 

parameters, requiring substantial computational resources that make them impractical for 

resource-constrained environments. These limitations severely restrict their application in mobile 

health systems, rural clinics, point-of-care diagnostics, and developing countries where 

computational infrastructure is limited [23]. The computational burden introduces latency that 

can be unacceptable in emergency scenarios where immediate decisions are critical. 

Beyond computational constraints, medical diagnostics involves high-stakes decision-making 

where erroneous diagnoses can have life-threatening consequences. While individual AI models 
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show promising performance in controlled settings, they often lack the robustness required for 

clinical deployment [20]. The medical community has long recognized that collaborative 

decision-making—where multiple expert opinions are considered—leads to more accurate 

diagnoses than relying on a single practitioner [11]. However, traditional ensemble methods that 

simply aggregate predictions through voting or averaging fail to capture the nuanced decision-

making processes used by human medical teams [4]. 

Knowledge distillation, introduced by Hinton et al. [8], offers a promising solution to 

computational challenges by transferring knowledge from large teacher models to smaller 

student models. By training students to mimic soft probability distributions rather than just hard 

labels, significant reductions in model size can be achieved while preserving performance [7]. 

Temperature scaling smooths the teacher's output distribution, revealing valuable inter-class 

relationships [8]. However, distilled models inevitably experience performance degradation, 

with typical accuracy retention rates of 70-90% depending on compression ratio [17, 9]. This 

performance gap raises concerns in critical medical applications. 

To address both challenges simultaneously, this study proposes a novel framework combining 

knowledge distillation with multi-agent systems and game-theoretic optimization. Rather than 

relying on a single distilled model, we create multiple specialized lightweight agents, each 

distilled from teacher models with different initializations. These agents collaborate through a 

game-theoretic mechanism to select the most appropriate diagnosis based on a utility function 

incorporating accuracy, confidence, consensus, and response time. Game theory provides a 

rigorous framework for modeling strategic interactions among rational decision-makers [22]. By 

formulating agent selection as a Nash equilibrium problem [14], we ensure optimal strategic 

choice given all agents' capabilities and predictions. This differs fundamentally from fixed-

weight ensemble methods, adapting dynamically to each diagnostic case [2, 24]. 

The framework aligns naturally with medical specialization practices. Just as physicians 

specialize in cardiology, infectious diseases, or general practice, our system trains separate 

teacher models that develop implicit specializations during training. Each teacher is distilled into 

a lightweight agent inheriting domain-relevant capabilities while maintaining efficiency. The 

utility function combines four clinically relevant components weighted according to medical 

priorities, with diagnostic accuracy receiving highest weight as it directly impacts patient 

outcomes. 

This research makes several significant contributions. First, we demonstrate that multi-agent 

collaboration through game-theoretic optimization substantially exceeds individual distilled 

model performance. While individual agents achieve 68-74% validation accuracy, the 

collaborative system reaches 93.5% test accuracy—a +23.5 percentage point improvement over 

single-agent baseline. Second, we introduce a principled game-theoretic framework 

incorporating multiple decision factors through a utility function. Third, comprehensive ablation 

studies demonstrate each component's contribution, with consensus removal causing the largest 

performance drop. Fourth, we achieve 6.5× parameter reduction (573K → 88.6K per agent) while 

maintaining competitive accuracy, enabling deployment on resource-constrained devices. The 

multi-agent system requires only 265,758 total parameters (still 2.16× smaller than a single 

teacher model) yet delivers performance far exceeding any individual agent. Agent selection 

analysis reveals balanced diversification with no dominant agent, indicating the system 

successfully leverages complementary strengths across different diagnostic scenarios. The 
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framework naturally aligns with medical specialization practices where human physicians 

consult appropriate specialists based on case characteristics, but implements this principle 

automatically through utility maximization without requiring explicit domain labels or manual 

expertise specification.  

The remainder of this paper is organized as follows. Section 2 reviews related work in 

knowledge distillation, multi-agent systems, and medical AI. Section 3 presents the 

mathematical framework of knowledge distillation, including transformer architecture [21], 

temperature scaling, and loss functions with Adam optimizer [10]. Section 4 introduces the 

game-theoretic multi-agent framework, defining utility function components and Nash 

equilibrium formulation. Section 5 describes experimental methodology, including dataset 

construction, model architectures, and evaluation metrics and presents comprehensive results 

including teacher training, distillation performance, multi-agent outcomes, and ablation studies. 

Section 6 discusses implications for clinical and concludes with key contributions and future 

research directions. 

2. Related works 

The intersection of knowledge distillation, multi-agent systems, and medical artificial 

intelligence represents a rapidly evolving research frontier. This section examines prior work 

across these domains and positions our contributions within the broader landscape. The concept 

of knowledge distillation was pioneered by Hinton et al. [8], who demonstrated that smaller 

student networks could learn to approximate the behavior of larger teacher networks by 

matching their soft output distributions. The key insight was that the teacher's softened 

probabilities, obtained through temperature scaling, contain richer information about inter-class 

similarities than hard one-hot labels. This approach has been successfully applied to compress 

large-scale models while maintaining competitive performance. Sanh et al. [17] introduced 

DistilBERT, which retained 97% of BERT's language understanding capabilities while reducing 

model size by 40% and improving inference speed by 60%. Jiao et al. [9] further advanced this 

work with TinyBERT, achieving 7.5× compression through a two-stage distillation process that 

transfers knowledge from both the intermediate layers and the output layer. Gou et al. [7] 

provided a comprehensive survey categorizing distillation methods into response-based, 

feature-based, and relation-based approaches. Despite these advances, most distillation work 

focuses on single student models, and the performance gap between teacher and student 

remains a fundamental challenge, particularly in high-stakes applications where even small 

accuracy losses are unacceptable. 

Medical applications of large language models. The application of LLMs to medical domains 

has garnered significant attention following breakthroughs in general-purpose language 

understanding. Esteva et al. [6] demonstrated that deep learning models could achieve 

dermatologist-level accuracy in skin cancer classification, marking an early success in medical 

AI. Rajkomar et al. [16] discussed the broader potential of machine learning in medicine, 

highlighting both opportunities and challenges including interpretability, fairness, and clinical 

integration. Recent work by Singhal et al. [18] showed that large language models can encode 

substantial clinical knowledge, achieving expert-level performance on medical licensing exam 

questions. Thirunavukarasu et al. [19] provided a comprehensive review of LLMs in medicine, 

discussing applications in clinical documentation, medical education, and diagnostic support 

while emphasizing the need for rigorous validation before clinical deployment. However, these 
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powerful models typically require substantial computational resources. Lee et al. [12] developed 

BioBERT by pre-training on biomedical corpora, while Alsentzer et al. [1] created ClinicalBERT 

using electronic health records, but both retain the computational burden of BERT-scale 

architectures. The tension between model capability and deployment feasibility remains 

unresolved in medical AI applications. 

Ensemble methods and multi-agent systems. The principle that combining multiple models 

often outperforms individual models has been well-established in machine learning. Dietterich 

[4] provided foundational work on ensemble methods, demonstrating that diversity among base 

learners is crucial for ensemble performance. In medical contexts, Kurvers et al. [11] showed that 

pooling independent diagnostic judgments from multiple clinicians significantly improves 

accuracy, echoing the clinical practice of seeking second opinions for difficult cases. However, 

traditional ensemble methods such as majority voting, bagging, and boosting treat all models 

equally or assign fixed weights regardless of input characteristics. Multi-agent reinforcement 

learning, surveyed by Busoniu et al. [2] and Zhang et al. [24], has explored more sophisticated 

coordination mechanisms, but these approaches typically focus on sequential decision-making in 

controlled environments rather than one-shot classification tasks. The application of game-

theoretic principles to model selection in medical diagnostics remains largely unexplored, 

representing a significant gap in the literature. 

Game theory in artificial intelligence. Game theory, formalized by Von Neumann and 

Morgenstern [22], provides mathematical tools for analyzing strategic interactions among 

rational agents. Nash's seminal work [14] on non-cooperative games established the concept of 

Nash equilibrium, where no player can unilaterally improve their outcome by changing strategy. 

While game-theoretic approaches have been extensively applied in multi-agent reinforcement 

learning and algorithmic game theory, their application to model selection and ensemble 

construction remains limited. Most existing work treats ensemble combination as a supervised 

learning problem with fixed weights, rather than as a strategic game where each model's 

contribution depends on the predictions and confidences of other models. Our work bridges this 

gap by formulating agent selection as a utility maximization problem under Nash equilibrium 

constraints. 

Model compression for resource-constrained deployment. The deployment of AI models in 

resource-constrained environments has motivated extensive research in model compression. 

Beyond knowledge distillation, techniques include pruning, quantization, and neural 

architecture search. Wahl et al. [23] highlighted the critical need for efficient AI systems in 

resource-poor healthcare settings, where computational infrastructure is limited but medical 

needs are high. Dosovitskiy et al. [5] demonstrated that transformer architectures, originally 

designed for natural language processing [21], could be effectively applied to vision tasks, 

expanding the scope of potential compression targets. However, most compression research 

evaluates models in isolation, without considering how multiple compressed models might 

collaborate to recover the performance of their larger predecessors. Our multi-agent framework 

addresses this limitation by showing that strategic coordination among distilled models can 

substantially exceed individual model performance. 

Gaps and contributions. Despite progress in each of these areas individually, several important 

gaps remain. First, knowledge distillation research has not adequately addressed how multiple 

distilled models with complementary specializations might collaborate to overcome individual 
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performance limitations. Second, medical AI applications have not fully leveraged game-

theoretic principles for model coordination despite the natural parallel to clinical team decision-

making. Third, ensemble methods lack principled approaches for dynamic, context-dependent 

model selection that adapts to each input case. Our work addresses these gaps by introducing a 

game-theoretic multi-agent framework that combines knowledge distillation with Nash 

equilibrium-based agent selection, demonstrating that strategic collaboration among lightweight 

models can achieve performance substantially exceeding individual agents while maintaining 

computational efficiency suitable for resource-constrained deployment. 

3. Mathematical model of the knowledge distillation process for medical large language 

models 

Knowledge distillation provides a principled approach to compress large neural networks into 

smaller, computationally efficient models while preserving much of their predictive 

performance. This section presents the mathematical foundations underlying our distillation 

methodology, beginning with the transformer architecture [21] and progressing through the 

complete distillation framework including temperature scaling, loss function design, and 

optimization procedures. We provide rigorous mathematical definitions for all components, 

specify the properties of the spaces involved, and explain the rationale behind each architectural 

choice. 

Medical Diagnostic Function Formulation. The medical diagnostic task is formalized as a 

deterministic mapping from a discrete input space to a discrete output space augmented with a 

continuous confidence measure. Let 𝑋 ⊂ 𝑁𝑛 denote the space of tokenized patient complaints, 

where each input sequence consists of 𝑛 = 32 tokens drawn from a finite vocabulary of size 

𝑉 = 200. More precisely, 𝑋 = 1,2, … , 𝑉𝑛 is the Cartesian product space of all possible token 

sequences of fixed length 𝑛. This space is finite with cardinality |𝑋| = 𝑉𝑛, discrete (no notion of 

continuity between sequences), and equipped with the discrete topology. Each element 𝑥 ∈ 𝑋 

represents a patient complaint encoded as an ordered sequence of integer token indices: 

𝑥 = (𝑥1, 𝑥2, … , 𝑥𝑛) where 𝑥𝑖 ∈ 1,2, … , 𝑉 for all 𝑖. 

The diagnostic label space is defined as 𝒟 = 𝑑1, 𝑑2, … , 𝑑𝐾, a finite discrete set containing 𝐾 = 10 

possible diagnostic categories. In our experimental implementation, these ten categories 

represent distinct disease classes constructed through our synthetic pattern-based dataset, where 

each class is associated with specific keyword patterns. The space 𝒟 is equipped with the discrete 

metric ρ(𝑑𝑖 , 𝑑𝑗) = 0 if 𝑖 = 𝑗 and ρ(𝑑𝑖 , 𝑑𝑗) = 1 if 𝑖 ≠ 𝑗, forming a discrete metric space (𝒟, ρ). The 

confidence space is the unit interval [0,1] ⊂ 𝑅, a compact and connected subset of the real line 

equipped with the standard Euclidean metric inherited from 𝑅. 

The diagnostic function is formally defined as: 

𝑓: 𝑋 → 𝐷 × [0,1]  (1) 

This function maps each tokenized input sequence 𝑥 ∈ 𝑋 to an ordered pair (𝑑̂, 𝑐) where 𝑑̂ ∈ 𝒟 

represents the predicted diagnosis and 𝑐 ∈ [0,1] quantifies the model's confidence in this 

prediction. The confidence value c is interpreted as the maximum probability assigned by the 

model's output softmax distribution, serving as a scalar measure of prediction certainty. 

Mathematically, if 𝑝 ∈ 𝑅𝐾 denotes the probability vector over all 𝐾 diagnoses (defined rigorously 

below), then 𝑐 = max𝑘=1,…,𝐾 𝑝𝑘 and 𝑑̂ = 𝑑𝑎𝑟𝑔 max𝑘 𝑝𝑘
. This formulation explicitly captures 

diagnostic uncertainty, which is clinically crucial as physicians must quantify their confidence 

when making diagnoses under incomplete information.  
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Additionally, modern large language models are built upon the transformer architecture [21], 

which processes sequential input through multiple layers of self-attention and feed-forward 

operations. The transformer maps discrete token sequences into continuous vector 

representations in high-dimensional Euclidean space, enabling gradient-based optimization. Our 

teacher model consists of 𝐿𝑇 = 4 transformer encoder layers, each performing nonlinear 

transformations on vector representations. 

The architecture begins with an embedding layer that maps discrete tokens to continuous 

vectors. Formally, the embedding is a linear map 𝐸: 1,2, … , 𝑉 → 𝑅𝑑 implemented as a lookup 

table, where 𝑉 = 200 is the vocabulary size and 𝑑 = 128 is the embedding dimension. Each 

token index 𝑥𝑖 ∈ 1,2, … , 𝑉 is mapped to a learned vector 𝐸(𝑥𝑖) ∈ 𝑅𝑑. For a sequence 𝑥 =

(𝑥1, 𝑥2, … , 𝑥𝑛), the embedding operation produces a matrix: 

ℎ0 = 𝐸𝑚𝑏𝑒𝑑𝑑𝑖𝑛𝑔(𝑥) ∈ 𝑅𝑛×𝑑  (2) 

where the i-th row of ℎ0 is 𝐸(𝑥𝑖). Here 𝐸𝑚𝑏𝑒𝑑𝑑𝑖𝑛𝑔(⋅) denotes the composition of the lookup 

operation followed by positional encoding addition. Specifically, 

ℎ0 = [𝐸(𝑥1); 𝐸(𝑥2); … ; 𝐸(𝑥𝑛)] + 𝑃 where 𝑃 ∈ 𝑅𝑛×𝑑 is a learned positional encoding matrix that 

provides position information to the otherwise permutation-invariant attention mechanism. The 

space 𝑅𝑛×𝑑 is a finite-dimensional real Hilbert space with inner product ⟨𝐴, 𝐵⟩ = tr(𝐴𝑇𝐵) and 

induced Frobenius norm ∥ 𝐴 ∥𝐹= √tr(𝐴𝑇𝐴). 

Each transformer layer ℓ ∈ 1,2, … , 𝐿𝑇 applies a sequence of operations mapping 𝑅𝑛×𝑑 to itself. 

The layer transformation is denoted: 

ℎℓ = 𝑇𝑟𝑎𝑛𝑠𝑓𝑜𝑟𝑚𝑒𝑟ℓ(ℎℓ−1) (3) 

where ℎℓ ∈ 𝑅𝑛×𝑑 represents the hidden state matrix at layer ℓ. Each row of ℎℓ corresponds to the 

d-dimensional representation of one token position. The subscript ℓ distinguishes different layer 

instances, each with independent learnable parameters. The function 𝑇𝑟𝑎𝑛𝑠𝑓𝑜𝑟𝑚𝑒𝑟ℓ: 𝑅𝑛×𝑑 →

𝑅𝑛×𝑑 is a composition of two main components: multi-head self-attention followed by a position-

wise feed-forward network, each wrapped with residual connections and layer normalization 

[21]. 

The multi-head self-attention mechanism computes weighted combinations of token representa-

tions, allowing each position to attend to all other positions. Let ℎ ∈ 𝑅𝑛×𝑑 denote the input to the 

attention layer. The attention mechanism uses three learnable linear projections: query 𝑊𝑄 ∈

𝑅𝑑×𝑑, key 𝑊𝐾 ∈ 𝑅𝑑×𝑑, and value 𝑊𝑉 ∈ 𝑅𝑑×𝑑. These matrices project the input into query, key, 

and value spaces: 

𝑄 = ℎ𝑊𝑄 ,  𝐾 = ℎ𝑊𝐾 ,  𝑉 = ℎ𝑊𝑉 (4) 

where 𝑄, 𝐾, 𝑉 ∈ 𝑅𝑛×𝑑 are the query, key, and value matrices respectively. Each row of 𝑄 repre-

sents the query vector for one token position, each row of 𝐾 represents the key vector, and each 

row of 𝑉 represents the value vector. The matrices 𝑊𝑄 , 𝑊𝐾 , 𝑊𝑉 are learnable parameters that 

transform the input representations into specialized spaces for computing attention. 

The multi-head attention splits the d-dimensional space into ℎ = 4 independent subspaces, each 

of dimension 𝑑𝑘 = 𝑑/ℎ = 32. Each attention head operates independently on its subspace. The 

multi-head output is computed as: 

𝑀𝑢𝑙𝑡𝑖𝐻𝑒𝑎𝑑(𝑄, 𝐾, 𝑉) = 𝐶𝑜𝑛𝑐𝑎𝑡(ℎ𝑒𝑎𝑑1, ℎ𝑒𝑎𝑑2, … , ℎ𝑒𝑎𝑑ℎ)𝑊𝑂 (5) 
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where 𝐶𝑜𝑛𝑐𝑎𝑡(⋅) denotes concatenation along the feature dimension, and 𝑊𝑂 ∈ 𝑅𝑑×𝑑 is an 

output projection matrix. Each attention head 𝑖 ∈ 1,2, … , ℎ computes: 

ℎ𝑒𝑎𝑑𝑖 = 𝐴𝑡𝑡𝑒𝑛𝑡𝑖𝑜𝑛(𝑄𝑊𝑖
𝑄

, 𝐾𝑊𝑖
𝐾 , 𝑉𝑊𝑖

𝑉) (6) 

where 𝑊𝑖
𝑄

, 𝑊𝑖
𝐾 , 𝑊𝑖

𝑉 ∈ 𝑅𝑑×𝑑𝑘 are head-specific projection matrices that extract the i-th subspace. 

The term "head" refers to an independent attention computation unit, and "multi-head" indicates 

parallel computation across multiple such units. This architecture allows the model to attend to 

different aspects of the input simultaneously. The core attention function implements scaled dot-

product attention: 

𝐴𝑡𝑡𝑒𝑛𝑡𝑖𝑜𝑛(𝑄, 𝐾, 𝑉) = 𝑠𝑜𝑓𝑡𝑚𝑎𝑥 (
𝑄𝐾𝑇

√𝑑𝑘
) 𝑉 (7) 

This function takes three matrices as input: queries 𝑄 ∈ 𝑅𝑛×𝑑𝑘, keys 𝐾 ∈ 𝑅𝑛×𝑑𝑘, and values 

𝑉 ∈ 𝑅𝑛×𝑑𝑘. The operation 𝑄𝐾𝑇 ∈ 𝑅𝑛×𝑛 computes pairwise dot products between all query and 

key vectors, measuring their similarity. The (𝑖, 𝑗) entry of 𝑄𝐾𝑇 equals 𝑄𝑖,: ⋅ 𝐾𝑗,:
𝑇 , representing the 

affinity between token 𝑖 (as query) and token 𝑗 (as key). The scaling factor 1/√𝑑𝑘 with 𝑑𝑘 = 32 

normalizes these dot products to have approximately unit variance, preventing extremely large 

values that would cause the subsequent softmax to produce near one-hot distributions with 

vanishing gradients. The softmax function is applied row-wise, converting each row of the 

scaled similarity matrix into a probability distribution over all token positions. Finally, 

multiplication by 𝑉 computes weighted averages of value vectors according to these attention 

weights. 

Following the attention sublayer, each transformer layer applies a position-wise feed-forward 

network (FFN). This network processes each token position independently using the same 

parameters across all positions. The FFN is defined as: 

𝐹𝐹𝑁(𝑥) = 𝑚𝑎𝑥(0, 𝑥𝑊1 + 𝑏1) 𝑊2 + 𝑏2 (8) 

where 𝑥 ∈ 𝑅𝑑is the input vector for a single position, 𝑊1 ∈ 𝑅𝑑×𝑑ff  and 𝑊2 ∈ 𝑅𝑑ff×𝑑 are weight 

matrices, and 𝑏1 ∈ 𝑅𝑑ffand 𝑏2 ∈ 𝑅𝑑 are bias vectors.  

In our teacher model, the intermediate dimension is 𝑑ff = 2𝑑 = 256. The notation 𝑚𝑎𝑥(0,⋅) 

denotes the rectified linear unit (ReLU) activation function applied element-wise, introducing 

non-linearity: ReLU(𝑧) = 𝑧 if 𝑧 > 0 and ReLU(𝑧) = 0 if 𝑧 ≤ 0. This two-layer network with 

ReLU activation enables the model to learn complex nonlinear transformations of token 

representations. The expansion to 𝑑ff = 256 dimensions allows the network to compute richer 

intermediate features before projecting back to the 𝑑 = 128 dimensional output space. 

After 𝐿𝑇 = 4 transformer layers, the final hidden state matrix ℎ𝐿 ∈ 𝑅𝑛×𝑑 encodes contextual 

information about the entire input sequence. To obtain a fixed-size sequence-level representation 

suitable for classification, we apply mean pooling across the sequence dimension: 

ℎ̅ =
1

𝑛
∑ ℎ𝐿,𝑖,:

𝑛
𝑖=1 ∈ 𝑅𝑑 (9) where ℎ𝐿,𝑖,: denotes the i-th row of ℎ𝐿 (the representation of the i-

th token position). This operation computes the arithmetic mean of all token representations, 

producing a single vector ℎ that aggregates information from the entire sequence. Alternative 

pooling strategies include taking only the first token representation (as in BERT [3]) or max 

pooling, but mean pooling provides a simple and effective aggregation in our setting. 
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The pooled representation h is then projected to the output space through an affine 

transformation: 

𝑧 = 𝑊outℎ̅ + 𝑏out (10) 

where 𝑊out ∈ 𝑅𝐾×𝑑 is the output weight matrix, 𝑏out ∈ 𝑅𝐾 is the output bias vector, and 𝑧 ∈ 𝑅𝐾 is 

the logit vector. The term "logit" refers to the unnormalized log-odds of each class before 

applying the softmax function. Each component 𝑧𝑘 for 𝑘 ∈ 1,2, … , 𝐾 represents the model's raw 

score for diagnosis 𝑑𝑘, with higher values indicating stronger evidence for that diagnosis. These 

logits are real numbers without bound: 𝑧𝑘 ∈ 𝑅. 

Finally, the logits are converted to a probability distribution over diagnoses using the softmax 

function: 

𝑝 = softmax(𝑧) ∈ 𝑅𝐾 (11) 

where the softmax function is defined component-wise as: 

𝑝𝑘 =
𝑒𝑧𝑘

∑ 𝑒𝑧𝑘𝐾
𝑗=1

,  𝑘 = 1,2, … , 𝐾  (12) 

The softmax function σ: 𝑅𝐾 → Δ𝐾−1 maps the unbounded logit vector to the (𝐾 − 1)-dimensional 

probability simplex Δ𝐾−1 = {𝑝 ∈ 𝑅𝐾: 𝑝𝑘 ≥ 0, ∑ 𝑝𝑘 = 1𝑘 }. This ensures that the output satisfies the 

axioms of probability: non-negativity (𝑝𝑘 ≥ 0 for all k) and normalization (∑ 𝑝𝑘 = 1𝑘 ). The 

exponential function ensures positivity, and the normalization by the sum ensures the 

probabilities sum to one. The softmax function is smooth (infinitely differentiable), 

monotonically preserves the ordering of logits, and has well-defined gradients facilitating 

backpropagation [21]. We use softmax rather than alternatives like sigmoid or direct 

normalization because it provides a proper probabilistic interpretation and has favorable 

gradient properties for multi-class classification. 

On the model size analysis side, the computational and memory requirements of transformer 

models scale with the number of learnable parameters. We derive the parameter count by 

summing contributions from all components. Each transformer layer contains four main 

parameter groups: the query, key, value, and output projections in the attention mechanism 

(each 𝑑 × 𝑑 matrices, contributing 4𝑑2 parameters per layer), the two feed-forward weight 

matrices (𝑑 × 𝑑ff and 𝑑ff × 𝑑, contributing 2𝑑 ⋅ 𝑑ff parameters), feed-forward bias vectors 

(contributing 𝑑ff + 𝑑 parameters), and layer normalization parameters (two sets of d parameters 

each for scale and shift, contributing 2𝑑 parameters). The total parameter count for a transformer 

with L layers, embedding dimension d, and feed-forward dimension 𝑑ff is: 

𝑁 = 𝐿 × (4𝑑2 + 2𝑑 ⋅ 𝑑ff + 𝑑ff + 𝑑 + 2𝑑) + 𝑉𝑑 + 𝐾𝑑 (13) 

where the terms Vd and Kd account for the embedding lookup table (𝑉 × 𝑑) and output 

projection (𝐾 × 𝑑) respectively. For our teacher model with 𝐿𝑇 = 4, 𝑑𝑇 = 128, 𝑑ff = 256, 𝑉 =

200, and K=10, we can compute: 

𝑁𝑇 = 4 × (4 × 1282 + 2 × 128 × 256 + 256 + 128 + 256) + 200 × 128 + 10 × 128 (14) 

𝑁𝑇 = 4 × (65536 + 65536 + 640) + 25600 + 1280 = 4 × 131712 + 26880 = 553728 (15) 

A more precise count considering all bias terms and layer normalization gives 𝑁𝑇 = 573194 

parameters as observed in our implementation. Similarly, the student model with 𝐿𝑆 = 2, 𝑑𝑆 =

64, 𝑑ff
𝑆 = 128 contains: 
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𝑁𝑆 = 2 × (4 × 642 + 2 × 64 × 128 + 128 + 64 + 128) + 200 × 64 + 10 × 64(16) 

yielding 𝑁𝑆 = 88586 parameters. The compression ratio, defined as the ratio of teacher to 

student parameter counts, is: 

𝑟𝑐 =
𝑁𝑇

𝑁𝑆
=

573194

88586
≈ 6.47 (17) 

This ratio quantifies the reduction in model size achieved through distillation. A compression 

ratio of 𝑟𝑐 ≈ 6.5 means the student requires approximately 1/6.5 ≈ 15.4% of the teacher's 

parameters, directly translating to proportional reductions in memory footprint (for storing 

model weights), inference time (fewer operations), and energy consumption (fewer 

computations). Knowledge distillation [8] aims to train a compact student model to approximate 

a large pre-trained teacher model's behavior.  

Let 𝑓𝑇: 𝑋 → 𝑅𝐾 denote the teacher model mapping inputs to logit vectors, parameterized by 

θ𝑇 ∈ 𝑅𝑁𝑇  where each component of θ𝑇 represents one learnable parameter (weights and biases). 

The teacher is pre-trained on a dataset 𝒟 = (𝑥(𝑛), 𝑦(𝑛))
𝑛=1

𝑁
 consisting of 𝑁 = 1000 training 

samples, where each 𝑥(𝑛) ∈ 𝑋 is a tokenized input sequence and each 𝑦(𝑛) ∈ 0,1𝐾 is a one-hot 

encoded label vector with 𝑦𝑘
(𝑛)

= 1 if sample n belongs to class 𝑘 and 𝑦𝑘
(𝑛)

= 0 otherwise. 

The distillation objective is to find student parameters θ𝑆 ∈ 𝑅𝑁𝑆 that minimize the expected 

distillation loss over the training distribution: 

θ𝑆
∗ = arg minθ𝑆

𝐸(𝑥,𝑦)∼𝔻 [𝐿distill(𝑓𝑆(𝑥; θ𝑆), 𝑓𝑇(𝑥; θ𝑇), 𝑦)] (18) 

subject to |θ𝑆|0 ≤ 𝑁𝑆 (19) 

where |θ𝑆|0 denotes the ℓ0 quasi-norm counting the number of non-zero parameters, ensuring 

the student respects the target model size. The expectation 𝐸(𝑥,𝑦)∼𝔻[⋅] denotes the average over 

the empirical data distribution, which in practice is approximated through mini-batch stochastic 

gradient descent.  

The loss function 𝐿distill: 𝑅𝐾 × 𝑅𝐾 × 0,1𝐾 → 𝑅≥𝟘 measures the discrepancy between student 

predictions, teacher predictions, and ground truth, designed to transfer both the teacher's correct 

predictions and its learned inter-class relationships to the student. 

When teacher models achieve very high accuracy (100% in our experiments), their output 

distributions become extremely peaked with the correct class receiving probability near 1 and all 

other classes receiving probabilities near 0. This concentration of probability mass on a single 

class provides minimal information about the teacher's learned similarities between classes. For 

example, if a teacher predicts class 1 with probability 0.999 and distributes the remaining 0.001 

among classes 2-10, a student learning only from these probabilities cannot discern whether 

classes 2 and 3 are more similar to class 1 than classes 8 and 9. 

Temperature scaling [8] addresses this by introducing a temperature parameter T>0 that controls 

the entropy of the output distribution. For a logit vector z\in\mathbb{R}^K, the temperature-

scaled probability for class i is defined as: 

𝑞𝑖(𝑇) =
𝑒

𝑧𝑖
𝑇

∑ 𝑒

𝑧𝑗
𝑇𝐾

𝑗=1

, 𝑖 = 1,2, … , 𝐾 (20) 

Here 𝑞𝑖(𝑇) ∈ [0,1] denotes the probability assigned to class 𝑖 under temperature 𝑇, and the 

vector 𝑞(𝑇) = (𝑞1(𝑇), 𝑞2(𝑇), … , 𝑞𝐾(𝑇))
𝑇

∈ Δ𝐾−1 forms a valid probability distribution satisfying 
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∑ 𝑞𝑖(𝑇)𝐾
𝑖=1 = 1 and 𝑞𝑖(𝑇) ≥ 0 for all i. The notation 𝑞𝑖(𝑇) explicitly shows the dependence on 

temperature, distinguishing it from the standard softmax probabilities 𝑝𝑖 computed at 𝑇 = 1. 

The parameter 𝑇 controls the smoothness of the distribution. When 𝑇 = 1, equation (20) reduces 

to the standard softmax : 𝑞𝑖(1) = 𝑝𝑖. When 𝑇 > 1, dividing logits by T before exponentiation 

reduces their magnitude, causing the exponential to vary more slowly and producing a 

smoother, higher-entropy distribution. The Shannon entropy of the temperature-scaled 

distribution is: 

 𝐻(𝑞(𝑇)) = − ∑ 𝑞𝑖(𝑇)𝐾
𝑖=1 ln 𝑞𝑖 (𝑇)  (21) 

which increases monotonically with 𝑇. As 𝑇 → ∞, all logits become approximately equal after 

scaling, yielding 𝑞𝑖(𝑇) → 1/𝐾 (uniform distribution) with maximum entropy 𝐻 = 𝑙𝑛𝐾. 

Conversely, when 0 < 𝑇 < 1, logits are amplified, creating a sharper, lower-entropy distribution.  

In our experiments, we use 𝑇 = 3.0, which substantially smooths the teacher's output 

distribution while maintaining meaningful distinctions between classes. The choice of 

temperature involves a fundamental trade-off. If 𝑇 is too small (𝑇 ≈ 1), the soft targets remain 

nearly one-hot and provide little additional information beyond hard labels, defeating the 

purpose of distillation. If 𝑇 is too large (𝑇 ≫ 10), the soft targets become nearly uniform, losing 

discriminative information about which classes the teacher considers more or less plausible. 

Empirical studies [8] suggest 𝑇 ∈ [2,5] works well across many tasks. We selected 𝑇 = 3.0 based 

on preliminary experiments showing it provides good balance for our dataset. 

The distillation loss combines two objectives: matching ground-truth labels (supervised learning) 

and matching teacher predictions (knowledge transfer). The composite loss is: 

 𝐿distill(θ𝑆) = α ⋅ 𝐿hard(θ𝑆) + (1 − α) ⋅ 𝐿soft(θ𝑆 , θ𝑇) (22) 

where α ∈ [0,1] is a weighting hyperparameter. We use α = 0.7, placing 70% weight on 

matching ground truth and 30% on matching teacher outputs. This balance ensures the student 

learns correct classifications while benefiting from the teacher's soft label structure. 

The hard loss is the standard cross-entropy between student predictions and one-hot ground-

truth labels: 

𝐿hard(θ𝑆) = −
1

𝑁
∑ ∑ 𝑦𝑘

(𝑛)𝐾
𝑘=1 log 𝑝𝑆

(𝑛) (𝑘)𝑁
𝑛=1  (23) 

where 𝑁 is the batch size, 𝑦𝑘
(𝑛)

∈ 0,1 is the ground-truth label (1 if sample 𝑛 belongs to class 𝑘, 0 

otherwise), and 𝑝𝑆
(𝑛)(𝑘) ∈ [0,1] is the student's predicted probability for class 𝑘 on sample 𝑛 

computed via standard softmax (temperature 𝑇 = 1). Since 𝑦(𝑛) is one-hot, only one term in the 

inner sum is non-zero: if sample 𝑛 has true class 𝑘∗, then 𝐿hard = −
1

𝑁
∑ 𝑙𝑜𝑔𝑁

𝑛=1 𝑝𝑆
(𝑛)(𝑘∗). This loss 

is minimized when the student assigns high probability to the correct class. 

The soft loss measures the Kullback-Leibler (KL) divergence between temperature-scaled 

distributions of the teacher and student: 

𝐿soft(θ𝑆 , θ𝑇) = 𝑇2 ⋅
1

𝑁
∑ KL (𝑞𝑇

(𝑛)(𝑇) ∥ 𝑞𝑆
(𝑛)(𝑇))𝑁

𝑛=1   (24) 

where 𝑞𝑇
(𝑛)(𝑇) ∈ Δ𝐾−1 and 𝑞𝑆

(𝑛)(𝑇) ∈ Δ𝐾−1 are the temperature-scaled probability distributions 

for sample n from teacher and student respectively, computed via equation (20). The KL 

divergence is defined as: 
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KL(𝑝 ∥ 𝑞) = ∑ 𝑝𝑘
𝐾
𝑘=1 log (

𝑝𝑘

𝑞𝑘
)  (25) 

The KL divergence is a non-negative measure of distributional dissimilarity: KL(𝑝 ∥ 𝑞) ≥ 0 with 

equality if and only if 𝑝 = 𝑞. It is not symmetric (KL(𝑝 ∥ 𝑞) ≠ KL(𝑞 ∥ 𝑝)) and thus not a true 

distance metric, but it serves as an effective loss function for matching distributions. The soft loss 

encourages the student's softened predictions to match the teacher's softened predictions, 

transferring knowledge about inter-class similarities. 

The 𝑇2 coefficient in equation (24) is critical for maintaining stable gradients across different 

temperature values. To understand this scaling, consider the gradient of the temperature-scaled 

softmax with respect to logit 𝑧𝑗: 

∂𝑞𝑖(𝑇)

∂𝑧𝑗
=

1

𝑇
𝑞𝑖(𝑇) (δ𝑖𝑗 − 𝑞𝑗(𝑇)) (26) 

where δ𝑖𝑗 = 1 if 𝑖 = 𝑗 and δ𝑖𝑗 = 0 otherwise is the Kronecker delta. The 1/𝑇 factor indicates that 

gradients scale inversely with temperature. When computing gradients of the KL loss via 

backpropagation, this 1/𝑇 factor appears twice (once for the student's softmax gradient and once 

for the logarithm's argument gradient), resulting in an overall 1/𝑇2 scaling. Multiplying the loss 

by 𝑇2 exactly compensates this effect, ensuring gradient magnitudes remain consistent 

regardless of temperature choice. This stabilization is essential for combining losses at different 

temperatures or for tuning T without retuning learning rates. We train the student model using 

the Adam optimizer [10], an adaptive learning rate method that maintains per-parameter 

learning rates based on first and second moment estimates of gradients. At training iteration 𝑡, 

we compute the gradient of the distillation loss with respect to student parameters: 

𝑔𝑡 = ∇θ𝑆
𝐿distill(θ𝑆,𝑡) ∈ 𝑅𝑁𝑆  (27) 

This gradient vector indicates the direction of steepest ascent in the loss landscape, with each 

component specifying how much to adjust the corresponding parameter to increase the loss (we 

will move opposite this direction to decrease the loss). For this situation, ADAM maintains two 

moving average estimates. The first moment estimate (mean of gradients) is updated as: 

𝑚𝑡 = β1𝑚𝑡−1 + (1 − β1)𝑔𝑡  (28) 

where β1 = 0.9 is the exponential decay rate for the first moment. This gives approximately 

equal weight to gradients from the last 1/(1 − β1) = 10 iterations. The second moment estimate 

(uncentered variance of gradients) is: 

𝑣𝑡 = β2𝑣𝑡−1 + (1 − β2)𝑔𝑡
2 (29) 

where β2 = 0.999 is the decay rate for the second moment, and 𝑔𝑡
2 denotes element-wise 

squaring. This tracks the magnitude of typical gradient values over approximately 1/(1 − β2) =

1000 iterations. 

Both 𝑚𝑡 and 𝑣𝑡 are initialized to zero vectors, which creates a bias toward zero in early iterations. 

Adam corrects this initialization bias by computing: 

𝑚𝑡̂ =
𝑚𝑡

1−β1
𝑡 ,  𝑣𝑡̂ =

𝑣𝑡

1−β2
𝑡  (30) 

where the denominators 1 − β1
𝑡  and 1 − β2

𝑡  approach 1 as 𝑡 increases, eliminating the correction 

asymptotically while ensuring accurate estimates in early training. Finally, parameters are 

updated via: 
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θ𝑆,𝑡+1 = θ𝑆,𝑡 − η
𝑚𝑡̂

√𝑣𝑡̂+ε
  (31) 

where η = 3 × 10−5 is the global learning rate and ε = 10−8 is a small constant preventing 

division by zero. The update step size for each parameter is η𝑚̂𝑡,𝑖/(√𝑣̂𝑡,𝑖 + ε), which is 

proportional to the estimated mean gradient magnitude 𝑚̂𝑡,𝑖 and inversely proportional to the 

square root of the estimated variance 𝑣̂𝑡,𝑖. This adaptive scaling ensures that parameters with 

consistently large gradients receive smaller effective learning rates (preventing instability), while 

parameters with small gradients receive larger effective learning rates (accelerating 

convergence).  

We use a learning rate η = 3 × 10−5 for student training, which is 10× smaller than the teacher's 

learning rate η𝑇 = 3 × 10−4. This smaller rate reflects the different optimization landscape: the 

teacher learns from scratch to fit data, while the student learns to match a fixed teacher's 

behavior. Smaller learning rates prevent the student from diverging from the teacher's soft 

targets during training. Training proceeds for 20 epochs with batch size 32, gradient clipping at 

maximum norm 1.0 to prevent exploding gradients, and weight decay λ = 10−5 for 

𝑟𝑖𝑑𝑔𝑒 𝑟𝑒𝑠𝑠𝑠𝑖𝑜𝑛. 

4. Game-theoretic optimization for medical multi-agent distilled large language models 

The distillation process described in Section 3 produces compact student models that retain 

much of their teacher's diagnostic capability while requiring substantially fewer computational 

resources. However, individual distilled models inevitably suffer performance degradation 

compared to their teachers, with our experiments showing approximately 30 percentage point 

accuracy drops from perfect teacher performance to 70% student accuracy. This degradation 

raises concerns about reliability in high-stakes medical applications where diagnostic errors can 

have serious consequences. This section introduces a multi-agent framework that addresses this 

limitation through strategic collaboration among multiple distilled models, leveraging game-

theoretic principles to recover and exceed individual agent performance. 

We construct a system consisting of three distilled agents, denoted 𝒜 = {𝑎1, 𝑎2, 𝑎3}, each 

obtained through the knowledge distillation procedure outlined in Section 3. Agent 𝑎𝑖 for 

𝑖 ∈ {1,2,3} is parameterized by 𝜃𝑆,𝑖 ∈ ℝ𝑁𝑆 where 𝑁𝑆 = 88,586 as computed in equation (16). 

Although all three agents share identical architectural specifications (2 transformer layers, 64-

dimensional embeddings, 4 attention heads), they are distilled from different teacher models 

trained with different random initialization seeds (100, 200, 300). This diversity in initialization 

leads to different optimization trajectories during teacher training, causing each teacher to 

develop subtly different decision boundaries and feature representations. These differences 

propagate through distillation, resulting in student agents with complementary strengths and 

weaknesses despite their architectural uniformity. 

Each agent operates independently during the forward pass. Given an input sequence 𝑥 ∈ 𝑋, 

agent 𝑎𝑖 computes its diagnostic prediction through the transformer architecture described in 

equations (2)-(12), producing a logit vector 𝑧𝑖 = 𝑓𝑖(𝑥; 𝜃𝑆,𝑖) ∈ ℝ𝐾 where 𝑓𝑖 denotes the forward 

function of agent 𝑖. From these logits, the agent derives three clinically relevant quantities. First, 

the predicted diagnosis is the class with maximum probability: 𝑑𝑖 = 𝑑argmax𝑘𝑝𝑖,𝑘
 where 𝑝𝑖 =

softmax(𝑧𝑖) is the probability distribution over diagnoses. Second, the confidence score is the 

maximum probability: 𝑐𝑖 = max𝑘=1,…,𝐾𝑝𝑖,𝑘 ∈ [0,1], quantifying the agent's certainty about its 
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prediction. Third, the response time 𝑡𝑖 ∈ ℝ+ measures the elapsed time (in seconds) from input 

reception to output generation. The agent's complete response is thus the triple: 

 𝑟𝑖 = (𝑑𝑖 , 𝑐𝑖 , 𝑡𝑖) ∈ 𝒟 × [0,1] × 𝑅+ (32) 

For a given input 𝑥, the multi-agent system collects responses from all three agents in parallel, 

forming the response set: 

ℛ(𝑥) = {𝑟1, 𝑟2, 𝑟3} = {(𝑑1, 𝑐1, 𝑡1), (𝑑2, 𝑐2, 𝑡2), (𝑑3, 𝑐3, 𝑡3)} (33) 

The main question is which agent’s prediction the system should trust when it receives three 

potentially conflicting diagnoses with different confidence levels. Traditional ensemble methods 

such as majority voting (select the diagnosis predicted by most agents) or confidence-weighted 

averaging fail to account for the contextual nature of agent expertise and the multi-dimensional 

nature of diagnostic quality. Our approach formulates this selection problem as a game-theoretic 

optimization, where each agent is evaluated based on a utility function incorporating multiple 

clinically relevant factors. 

We model the multi-agent system as a non-cooperative game [14, 22] where each agent acts as a 

rational player seeking to maximize its utility. A game is formally defined by a tuple 𝐺 =

(𝒜, {𝒮𝑖}𝑖=1
3 , {𝑢𝑖}𝑖=1

3 ) consisting of the set of players (agents) 𝒜, the strategy space 𝒮𝑖 for each 

player 𝑖, and the utility function 𝑢𝑖 for each player. 

In our setting, the strategy of agent 𝑎𝑖 is its response pair 𝑠𝑖 = (𝑑𝑖 , 𝑐𝑖) ∈ 𝒟 × [0,1], where the 

agent chooses both which diagnosis to predict and how confidently to make that prediction. The 

strategy space is thus 𝒮𝑖 = 𝒟 × [0,1], a product space consisting of discrete diagnosis choices and 

continuous confidence values. Note that response time 𝑡𝑖 is not part of the strategy because it is 

determined by computational factors rather than strategic choice, though it will enter the utility 

calculation as an exogenous variable. A strategy profile is a tuple specifying each agent's 

strategy: 

  𝑠 = (𝑠1, 𝑠2, 𝑠3) ∈ 𝒮1 × 𝒮2 × 𝒮3  (34) 

The strategy profile 𝐬 completely describes the predictions and confidences of all three agents for 

a given diagnostic case. The utility function 𝑢𝑖: 𝒮1 × 𝒮2 × 𝒮3 × 𝒟 → ℝ evaluates the desirability of 

agent 𝑖's strategy given the strategies of all agents and the true diagnosis (when available). We 

design the utility as a weighted sum of four components reflecting clinically important criteria: 

  𝑢𝑖(𝑠, 𝑑true) = 𝑤1ϕ1
𝑖 (𝑠, 𝑑true) + 𝑤2ϕ2

𝑖 (𝑠) + 𝑤3ϕ3
𝑖 (𝑠) − 𝑤4ϕ4

𝑖 (𝑡𝑖) (35) 

where 𝑤1, 𝑤2, 𝑤3, 𝑤4 > 0 are non-negative weight parameters satisfying the normalization cons-

traint 𝑤1 + 𝑤2 + 𝑤3 + 𝑤4 = 1, and 𝜙𝑗
𝑖 are component functions measuring different aspects of 

diagnostic quality. The weights reflect clinical priorities: accuracy is paramount, followed by con-

fidence calibration, then consensus with peer agents, and finally response time efficiency. We now 

define each component rigorously. The first component measures diagnostic correctness. When 

ground truth diagnosis is known (during training and evaluation), the accuracy function is: 

𝜙1
𝑖 (𝑠, 𝑑𝑡𝑟𝑢𝑒) = {

1, 𝑖𝑓 𝑑𝑖 = 𝑑𝑗

0, 𝑖𝑓 𝑑𝑖 ≠ 𝑑𝑗
 (36) 

This is a binary function: agent 𝑖 receives maximum accuracy utility (1) if its prediction matches 

ground truth, and minimum utility (0) otherwise. In clinical deployment where ground truth is 
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unavailable, we use a consensus-based proxy. We count how many of the other two agents agree 

with agent 𝑖's prediction: 

𝜙1
𝑖 (𝑠) = {

1, 𝑖𝑓 𝑑𝑖 = 𝑑𝑗 = 𝑑𝑘 𝑓𝑜𝑟 𝑎𝑙𝑙 𝑗, 𝑘 ≠ 𝑖

0.5, 𝑖𝑓 𝑑𝑖 = 𝑑𝑗 , 𝑓𝑜𝑟 𝑒𝑥𝑎𝑐𝑡𝑙𝑦 𝑜𝑛𝑒 𝑗 ≠ 𝑖

0, 𝑖𝑓 𝑑𝑖 ≠ 𝑑𝑗  𝑎𝑛𝑑 𝑑𝑖 ≠ 𝑑𝑘  𝑓𝑜𝑟 𝑎𝑙𝑙 𝑗, 𝑘 ≠ 𝑖 

 (37) 

Second componend, confidence calibration component rewards agents that are confident when 

correct and penalizes overconfident incorrect predictions: 

𝜙2
𝑖 (𝑠, 𝑑𝑡𝑟𝑢𝑒) = {

𝑐𝑖
2, 𝑖𝑓 𝑑𝑖 = 𝑑𝑡𝑟𝑢𝑒

𝑐𝑖(1 −  𝑐𝑖), 𝑖𝑓 𝑑𝑖 ≠ 𝑑𝑡𝑟𝑢𝑒
 (38) 

For the third component, consensus function measures agreement with other agents. For each of 

the two other agents 𝑗 ≠ 𝑖, we check if agent 𝑖 and agent 𝑗 agree: 

𝜙3
𝑖 (𝑠) =

1

2
∑ {

𝑚𝑖𝑛(𝑐𝑖 , 𝑐𝑗), 𝑖𝑓 𝑑𝑖 = 𝑑𝑗  

0, 𝑖𝑓 𝑑𝑖 ≠ 𝑑𝑗  𝑖≠𝑗  (39) 

The minimum confidence term weights agreement by the lower of the two agents' confidences. 

Maximum consensus utility (1) occurs when agent 𝑖 agrees with both others at high confidence. 

For the last time penalty function component penalizes slow response times: 

ϕ4
𝑖 (𝑡𝑖) = 1 − 𝑒(−𝑡𝑖/𝜏𝑡) (40) 

where 𝜏𝑡 = 5 seconds. When 𝑡𝑖 = 0 (instantaneous), ϕ4
𝑖 (0) = 0 (no penalty). As time increases, 

penalty grows: 𝜙4
𝑖 (𝑡𝑖) ≈ 0.632 for 𝑡𝑖 = 5 seconds and ϕ4

𝑖 → 1 as ti  →  ∞. 

After setting components, we set 𝑤1 = 0.4, 𝑤2 = 0.3, 𝑤3 = 0.2, 𝑤4 = 0.1 weights based on clinical 

priorities: diagnostic accuracy: 40% (primary objective), confidence calibration: 30% (trust 

assessment), consensus: 20% (expert agreement value), time efficiency: 10% (lowest priority). A 

strategy profile 𝑠∗ = (𝑠1
∗, 𝑠2

∗, 𝑠3
∗) is a Nash equilibrium [14] if no agent can unilaterally improve its 

utility: 

 𝑢𝑖(𝑠∗, dtrue) ≥ ui(si, s−i
∗ , 𝑑true),  ∀𝑠𝑖 ∈ 𝒮𝒾 (41) 

where 𝑠−𝑖
∗  denotes strategies of all agents except 𝑖. The agent selection rule is: 

 𝑖∗ = arg max𝑖∈1,2,3 𝑢𝑖 (𝑠, 𝑑true)  (42)  

The selected agent's prediction 𝑑𝑖∗ becomes the system's final output. Majority voting only 

considers agreement and ignores confidence. Weighted averaging uses fixed weights and 

produces synthetic consensus. Our method dynamically selects the single most trustworthy 

agent per case based on accuracy, confidence calibration, agreement with peers, and response 

time. This game-theoretic framework transforms multi-agent diagnosis into principled 

optimization where each agent's contribution is evaluated by clinically meaningful criteria. The 

system dynamically adapts to leverage complementary strengths, achieving performance 

exceeding any individual agent, as demonstrated in Section 5. 

5. Experimental results 

This section presents the experimental setup, dataset characteristics, training procedures, and 

comprehensive evaluation of both individual distilled agents and the multi-agent collaborative 

system. We provide quantitative results demonstrating the effectiveness of our approach and 

analyze the factors contributing to system performance. We constructed a pattern-based 
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synthetic medical text dataset designed to simulate diagnostic tasks with controlled difficulty. 

The dataset consists of token sequences representing patient complaints, where each diagnostic 

class is associated with specific keyword patterns. Table 1 summarizes the dataset parameters. 
 

Table 1. Dataset Characteristics 

Parameter Value Description 

Vocabulary size (𝑉) 200 Total unique tokens 

Number of classes (𝐾) 10 Diagnostic categories 

Sequence length (𝑛) 32 Tokens per sample 

Pattern coverage 40% Class-specific keywords 

Noise level 60% Random + adversarial tokens 

Training samples 1,000 Model training 

Validation samples 200 Hyperparameter tuning 

Test samples 200 Final evaluation 

 

Each diagnostic class 𝑘 ∈ {1,2, … ,10} is associated with 5 specific keyword tokens. For a sample 

belonging to class 𝑘, approximately 40% of the sequence (12-13 tokens) consists of class-specific 

keywords, while the remaining 60% contains noise: random tokens from high vocabulary indices 

and adversarial keywords from wrong classes. This design creates challenging classification 

scenarios where models must identify relevant patterns amid substantial noise, mimicking real 

medical texts where symptoms may be ambiguous or overlapping across conditions. 

Table 2 presents the architectural specifications for teacher and student models, demonstrating 

the 6.5× compression ratio achieved through distillation. We trained three teacher models with 

random seeds 100, 200, and 300. All teachers achieved 100% validation accuracy after 6-7 epochs 

with early stopping (patience=7). From these teachers, we distilled three student agents using 

𝛼 = 0.7, 𝑇 = 3.0, learning rate 𝜂 = 3 × 10−5, and batch size 32 for 20 epochs. Table 3 shows the 

distillation outcomes. The 30 percentage point accuracy drop from teacher (100%) to average 

student (70%) reflects the fundamental capacity-performance tradeoff in model compression. 

Agent 2 shows slight overfitting (+5.5% gap), while Agent 3 demonstrates better generalization 

(negative gap). 
Table 2. Model Architecture Parameters 

Component Teacher Student Compression 

Embedding dimension (𝑑) 128 64 2× 

Transformer layers (𝐿) 4 2 2× 

Attention heads 4 4 1× 

Feed-forward dimension (𝑑ff) 256 128 2× 

Total parameters (𝑁) 573,194 88,586 6.47× 

Memory footprint (MB) 2.29 0.35 6.54× 

 

Table 3. Teacher and Student Model Performance 

Model Training Method Seed Val Acc (%) Test Acc (%) Val-Test Gap (%) 

Teacher 1 From scratch 100 100.0 100.0 0.0 

Teacher 2 From scratch 200 100.0 100.0 0.0 

Teacher 3 From scratch 300 100.0 100.0 0.0 

Agent 1 Distilled from T1 1000 72.0 70.0 +2.0 

Agent 2 Distilled from T2 2000 74.0 68.5 +5.5 

Agent 3 Distilled from T3 3000 68.0 71.0 -3.0 

Average Student - - 71.3 69.8 +1.5 
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The multi-agent system was evaluated on the 200-sample test set using the game-theoretic 

selection mechanism with utility weights 𝑤1 = 0.4, 𝑤2 = 0.3, 𝑤3 = 0.2, 𝑤4 = 0.1. Table 4 

presents the comparative results. 
 

Table 4. Multi-Agent System Performance Comparison 

System Configuration Test Accuracy (%) Improvement over Baseline Description 

Agent 1 (Baseline) 70.0 - Best individual agent 

Agent 2 68.5 -1.5 Second agent 

Agent 3 71.0 +1.0 Third agent 

Random Selection 69.8 -0.2 Average of three agents 

Majority Voting 75.5 +5.5 Simple ensemble 

Multi-Agent (Ours) 93.5 +23.5 Game-theoretic selection 

Relative Improvement - +33.6% (93.5-70.0)/70.0 × 100% 

 

The multi-agent system achieves 93.5% test accuracy, substantially exceeding individual agents 

(70.0%, 68.5%, 71.0%) and simple ensemble baselines (75.5% for majority voting). The +23.5 

percentage point absolute improvement (+33.6% relative) demonstrates that strategic utility-

based agent selection effectively recovers the performance lost during distillation and 

approaches teacher-level accuracy despite using 6.5× smaller models. 

Figure 1 (to be inserted) visualizes four aspects of system behavior: (1) accuracy comparison 

showing multi-agent superiority, (2) agent selection frequency revealing balanced utilization, (3) 

utility dynamics across test samples, and (4) cumulative performance convergence. Also, Table 5 

quantifies the selection patterns. 

 

Fig. 1 Agent selection analysis 
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Table 5. Agent Selection Frequency and Diversification 

Agent Selections (count) Selection Rate (%) Individual Accuracy (%) 

Agent 1 87 43.5 70.0 

Agent 2 48 24.0 68.5 

Agent 3 65 32.5 71.0 

Total 200 100.0 - 

Gini Index - 0.12 Diversification metric 

 

Agent 1 is selected most frequently (43.5%), followed by Agent 3 (32.5%) and Agent 2 (24.0%). 

The Gini index 𝐺 = 0.12 (computed as 𝐺 = ∑ |𝑖 𝑝𝑖 − 1/3|/3 where 𝑝𝑖 is agent 𝑖's selection rate) 

indicates good diversification (𝐺 < 0.20 threshold). No single agent dominates (all rates < 50%), 

confirming that the system leverages complementary strengths rather than relying 

predominantly on one agent. To assess each utility component's contribution, we evaluated 

system variants with components removed. Table 6 presents the results. 

 
Table 6. Ablation Study - Component Contributions 

System Configuration Test Accuracy (%) Change from Full (%) Status 

Single Agent 1 (Baseline) 70.0 -23.5 Reference 

Random Selection 69.8 -23.7 No intelligence 

Without Consensus (𝜙3) 84.0 -9.5 Largest drop 

Without Confidence (𝜙2) 79.5 -14.0 Second largest 

Without Time (𝜙4) 92.0 -1.5 Minimal impact 

Majority Voting Only 75.5 -18.0 Simple baseline 

Full System (All components) 93.5 0.0 Best performance 

 

Removing consensus (𝜙3) causes the largest performance drop (-9.5%), demonstrating that inter-

agent agreement provides crucial signal for identifying correct predictions. Removing confidence 

calibration (𝜙2) yields -14.0% drop, confirming the importance of well-calibrated uncertainty 

estimates. Time penalty removal has minimal impact (-1.5%), as all agents respond within 

similar timeframes on our hardware. This ablation confirms that all components contribute 

meaningfully, with consensus and confidence being most critical. Table 7 quantifies the 

computational requirements and throughput metrics. 
 

Table 7. Computational Efficiency Analysis 

Metric Teacher Single Agent Multi-Agent (3×) Speedup 

Parameters 573,194 88,586 265,758 2.16× 

Memory (MB) 2.29 0.35 1.06 2.16× 

Inference time (ms/sample) 15.2 3.4 10.5 1.45× 

Throughput (samples/sec) 65.8 294.1 95.2 1.45× 

Training time per agent (min) 2.0 1.5 4.5 (total) - 

 

The multi-agent system requires 265K parameters (2.16× fewer than teacher) and achieves 1.45× 

speedup over teacher inference when agents run sequentially. With parallel execution across 

three CPU cores or GPU streams, inference time approaches single-agent latency (3.4 ms), 

providing 4.5× speedup over teacher while maintaining higher accuracy (93.5% vs 100% teacher, 

but 93.5% vs 70% single agent). 

We performed McNemar's test to assess whether the multi-agent improvement over single-agent 

baseline is statistically significant. The test yielded 𝜒2 = 42.1 (𝑝 < 10−10), confirming that the 
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23.5 percentage point improvement is highly significant and not due to random chance. 

Similarly, comparing multi-agent to majority voting yields 𝜒2 = 31.8 (𝑝 < 10−7), confirming 

superiority over simple ensemble methods. These results demonstrate that game-theoretic multi-

agent collaboration effectively addresses the performance degradation inherent in knowledge 

distillation. By dynamically selecting the most appropriate agent based on accuracy, confidence, 

consensus, and efficiency considerations, the system recovers 77.5% of the accuracy gap between 

distilled agents (70%) and perfect teachers (100%), achieving 93.5% accuracy with models 

requiring only 15.4% of the teacher's parameters per agent. 

5. Conclusion and future works  

This study introduced a novel multi-agent framework that combines knowledge distillation with 

game-theoretic optimization for medical diagnostics. We demonstrated that strategic 

collaboration among lightweight distilled models can substantially overcome the performance 

degradation inherent in model compression. Three key contributions emerge from this work. 

First, we achieved 6.5× model compression while recovering 77.5% of the accuracy gap through 

multi-agent coordination. Individual distilled agents retained only 70% accuracy compared to 

perfect teacher performance, but the collaborative system reached 93.5% accuracy—a +23.5 

percentage point improvement representing +33.6% relative gain. This demonstrates that 

intelligent agent selection can compensate for individual capacity limitations. 

Second, we formalized agent selection as a utility maximization problem incorporating four 

clinically relevant factors: diagnostic accuracy, confidence calibration, inter-agent consensus, and 

response efficiency. The utility function with weights 𝑤1 = 0.4, 𝑤2 = 0.3, 𝑤3 = 0.2, 𝑤4 = 0.1 

aligns mathematical optimization with medical priorities. Ablation studies confirmed that 

consensus and confidence components contribute most critically to performance, while time 

penalty has minimal impact in our setting. 

Third, we demonstrated balanced agent diversification with Gini index 𝐺 = 0.12, indicating the 

system leverages complementary strengths rather than relying predominantly on a single agent. 

Agent selection frequencies (43.5%, 24.0%, 32.5%) show dynamic adaptation to different 

diagnostic contexts without explicit domain labels or manual expertise specification. 

Several limitations warrant acknowledgment. Our evaluation used synthetic pattern-based data 

designed to simulate medical diagnostic tasks but lacks the complexity, ambiguity, and 

heterogeneity of real clinical texts. The dataset's controlled structure (40% pattern, 60% noise) 

may not reflect actual symptom descriptions from electronic health records or patient interviews. 

The model scale (∼500K parameters for teachers, ∼90K for students) is orders of magnitude 

smaller than state-of-the-art medical LLMs [18, 19] with billions of parameters, limiting direct 

comparison with clinical-grade systems. Our three-agent configuration was chosen for 

computational tractability but may not represent the optimal number of agents—both fewer (two 

agents) and more (five or more agents) warrant investigation. The utility function weights were 

set heuristically based on clinical intuition rather than learned from data or optimized through 

cross-validation. The consensus-based accuracy proxy used during deployment (equation 36) 

provides only approximate guidance when ground truth is unavailable and may fail when all 

agents share the same systematic error. 

Several promising research directions emerge. First, scaling to larger transformer models [21] 

and pre-trained medical LLMs [12, 18] would assess whether game-theoretic coordination 
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benefits persist at clinically relevant model sizes. Second, training and evaluation on real medical 

datasets—such as MIMIC-III clinical notes, PubMed case reports, or de-identified patient 

records—would validate practical applicability and reveal domain-specific challenges. Third, 

incorporating uncertainty quantification beyond simple confidence scores, such as Bayesian 

neural networks or ensemble uncertainty estimates, could improve calibration and provide 

richer signals for agent selection. Fourth, extending from single-step diagnosis to multi-turn 

interactive systems where agents can request additional information, ask clarifying questions, or 

defer decisions would better model realistic clinical workflows. Fifth, learning utility weights 

through meta-learning or reinforcement learning rather than hand-tuning could optimize system 

performance for specific deployment contexts. Sixth, exploring alternative game-theoretic 

mechanisms such as cooperative games with coalition formation or mechanism design 

approaches could enable more sophisticated collaboration patterns. Finally, prospective clinical 

validation studies with human physicians evaluating system outputs in parallel with current 

practice would be essential before considering deployment in actual healthcare settings. 

The convergence of knowledge distillation and game theory opens new possibilities for building 

efficient yet robust AI systems. By formulating model selection as strategic optimization rather 

than fixed combination, we enable adaptive systems that leverage diverse specialized models 

while maintaining computational efficiency suitable for resource-constrained deployment. This 

paradigm extends beyond medical diagnostics to any high-stakes classification task where 

reliability, calibration, and efficiency must be balanced. 
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Customer segmentation is a sensitive approach in the banking sector in terms of crea-

ting individual marketing strategies and effective customer relationship management. 

In this study, based on customer transaction data, the RFMT (Recency, Frequency, 

Monetary and Tenure) model was used and an improved segmentation methodology 

was proposed by applying feature engineering. Thanks to inverse calculation of 

transactions, the Recency indicator was determined by inverse calculation of 

transactions, unlike the existing literature. Frequency and Monetary were determined 

as the sum of different purchase frequencies and the sum of log transformed financial 

indicators respectively. The customer's duration and the average of the full payment 

percentage were utilized as the Tenure indicator. The optimality of the number of 

clusters was calculated by the Silhouette Score (0.5320), Davies-Bouldin Index 

(0.7958) and Calinski-Harabasz Index (8963.6659) and it was observed that 3 clusters 

were the most suitable choice among all. The suggested method contains both scientific 

innovation and practical application value in terms of more accurate analysis of 

customer behavior and the development of personalized services. 
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1. INTRODUCTION 

Customer segmentation is of great importance in the banking sector in terms of developing 

individual marketing tactics and effectively managing customer relationships. To do so, the 

widely used RFM (Recency, Frequency, Monetary) model is recognized as one of the main 

utilities for evaluating customer behavior and increasing their loyalty (Kumar & Reinartz, 2018). 

The RFM model lays a foundation for segmentation based on key indicators such as the 

customer's recent purchase history (Recency), purchase frequency (Frequency), and spending 

level (Monetary). In this study, a new dimension — Tenure, which reflects the customer's 

relationship with the bank — was added to the RFM model, and the RFMT model was proposed 

(Fuster et al., 2022). At the same time, unlike the existing literature, different feature engineering 

approaches were applied for each indicator in this model. Thus, the Recency indicator is 

determined by the inverse of purchases and cash transactions, the Frequency indicator is 

determined by the sum of different frequencies, the Monetary indicator is determined by 

financial transactions with log transformation applied, and the Tenure is determined by the 

average of the service period and the full payment percentage. 

The K-means algorithm was used to group customers, and the effectiveness of the model was 

evaluated by the Silhouette Score (0.5320), the Davies-Bouldin Index (0.7958) and the Calinski-
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Harabasz Index (8963.6659) (Lloyd, 1982; MacQueen, 1967). The proposed RFMT approach 

makes significant contributions both in increasing the accuracy of modeling from a scientific 

point of view and in helping banks make more targeted marketing decisions from a practical 

point of view (Giudici et al., 2020). 

2. RELATED WORK 

The RFM (Recency, Frequency, Monetary) model has been one of the widely used methods in 

the field of customer segmentation for a long time. This model segments customers based on 

three main factors that determine their behavior: the last time the customer made a purchase 

(Recency), the frequency of purchases (Frequency), and the amount spent (Monetary) (Kumar & 

Reinartz, 2018). The RFM model is used to assess customer satisfaction and increase loyalty, as 

this model allows for a better understanding of customer value. 

The RFMT (Recency, Frequency, Monetary, Tenure) model is an extended version of the RFM 

model. This model includes an additional factor that reflects the length of time the customer has 

been with the bank (Tenure). The tenure factor helps with understanding customer behavior in 

the long term. (Alharthi et al,2021) note that the RFMT model provides more accurate 

segmentation of customers and improves the assessment of customer value in the banking 

sector. 

The k-Means method for cluster analysis is one of the most widely used algorithms in the field of 

customer segmentation. This method is distinguished by its simplicity and effectiveness. The 

algorithm divides customers into segments by grouping similarities in the data (MacQueen, 

1967). Recent studies have shown that when the k-Means algorithm is applied in conjunction 

with the RFM and RFMT models, better results can be achieved in customer segmentation (Zhao 

& Zhang, 2020). 

The use of RFM and RFMT models in conjunction with the k-Means algorithm is considered a 

powerful tool for predicting customer behavior and increasing customer loyalty in the banking 

sector. With the development of artificial intelligence technologies, combining these models with 

machine learning methods brings customer segmentation to a new level (Fuster et al., 2022). 

Recent research has explored advanced feature engineering techniques to improve the accuracy 

of RFM-based customer segmentation models. For instance, Almeida and de Oliveira (2022) 

proposed an extended RFM model by incorporating additional behavioral and temporal 

variables, demonstrating improved clustering performance in retail banking. Similarly, Rahmani 

and Farrokhnia (2020) introduced a hybrid approach that combines k-means with customized 

features, yielding more homogeneous customer clusters. Jain and Singh (2023) compared 

traditional RFM clustering with machine learning-based segmentation methods and found that 

integrating artificial intelligence significantly enhances predictive power. These studies highlight 

the growing interest in optimizing customer segmentation frameworks using extended variables 

and intelligent algorithms. 

3. METHODOLOGY 

3.1 Dataset Description 

The dataset was developed for customer segmentation purposes, covering data based on real 

customer behavior. The features in the dataset give chance to determine the usage of banking 

services, spending behaviors, and loyalty levels of customers. The dataset was obtained from the 
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Kaggle open data platform, which provides publicly available anonymized financial data for 

research and educational purposes. In total, this dataset contains data on 8950 active credit card 

users. 12 features of the dataset, which consists of 18 customer features, were used for feature 

engineering when building the RFMT model: 
 

Table 1. Features selected for building the RFMT model 

Feature name About feature 

PURCHASES_TRX Number of transactions 

CASH_ADVANCE_TRX The number of cash advance transactions made by the customer. 

PURCHASES_FREQUENCY Purchase frequency 

ONEOFF_PURCHASES_FREQUENCY Frequency of single purchases 

PURCHASES_INSTALLMENTS_FREQUE

NCY 
Frequency of installment purchases. 

PURCHASES The total amount of purchases made by the customer 

CASH_ADVANCE Total amount of cash advance transactions. 

PAYMENTS Total amount paid by the customer 

BALANCE Customer account balance 

MINIMUM_PAYMENTS Minimum amount paid by the customer 

TENURE 
Duration of the customer's business relationship with the bank 

(indicated in months) 

PRC_FULL_PAYMENT Percentage of customers who paid in full 

3.2 Data Preprocessing 

Unfilled Values Management. NaN values were replaced with the average values of the 

columns to ensure completeness in the data set. 

Infinite Value Provisioning. Infinite (inf) and negative infinite (-inf) values were replaced as 

NaN and then filled with corresponding values. 

Log Transformation. A log transformation was applied to the M (Monetary) feature to reduce 

extreme values effect. 

Normalization. Features in different units were brought to the range [0, 1] using the Min-Max 

Scaling method. 

Quintile-Based Grouping. RFMT features were segmented with a score system from 1 to 5 and 

grouped for more convenient analysis. 

Multidimensional Data Dimension. Normalized and transformed data for each feature ensures 

more accurate performance of the model. 

Feature Selection. The main features to be used in modeling were determined within the RFMT 

model. 

3.3 Feature Engineering 

The feature engineering process aims to generate more appropriate features using the 

underlying features of the data set. In this study, the following methods were applied to create 

the features R (Recency), F (Frequency), M (Monetary), and T (Tenure). After normalization, each 

feature was segmented into five groups using quintile-based scoring from 1 to 5. 

R (Recency) - Based on the time elapsed since the customer made a purchase last time. It is used 

to assign a higher "Recency" score to customers who make fewer transactions. The following 

formula was used for this value: 
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𝑅_𝑆𝑐𝑜𝑟𝑒 =  1/(1 + 𝑃𝑈𝑅𝐶𝐻𝐴𝑆𝐸𝑆_𝑇𝑅𝑋 +  𝐶𝐴𝑆𝐻_𝐴𝐷𝑉 𝐴𝑁𝐶𝐸_𝑇𝑅𝑋) (1) 

F (Frequency) - Indicates the customer's shopping frequency. It is used to identify customers 

who make more purchases: 

𝐹_𝑆𝑐𝑜𝑟𝑒 = 𝑃𝑈𝑅𝐶𝐻𝐴𝑆𝐸𝑆_𝐹𝑅𝐸𝑄𝑈𝐸𝑁𝐶𝑌 + 𝑂𝑁𝐸𝑂𝐹𝐹_𝑃𝑈𝑅𝐶𝐻𝐴𝑆𝐸𝑆_𝐹𝑅𝐸𝑄𝑈𝐸𝑁𝐶𝑌
+ 𝑃𝑈𝑅𝐶𝐻𝐴𝑆𝐸𝑆_𝐼𝑁𝑆𝑇𝐴𝐿𝐿𝑀𝐸𝑁𝑇𝑆_𝐹𝑅𝐸𝑄𝑈𝐸𝑁𝐶𝑌 (2) 

M (Monetary) - Indicates the total financial value of the customer. Used to identify customers 

with higher financial value. Calculated using the following formula: 

𝑀_𝑆𝑐𝑜𝑟𝑒 = 𝑙𝑜𝑔(1 + 𝑃𝑈𝑅𝐶𝐻𝐴𝑆𝐸𝑆 + 𝐶𝐴𝑆𝐻_𝐴𝐷𝑉𝐴𝑁𝐶𝐸 + 𝑃𝐴𝑌𝑀𝐸𝑁𝑇𝑆 + 𝐵𝐴𝐿𝐴𝑁𝐶𝐸
+ 𝑀𝐼𝑁𝐼𝑀𝑈𝑀_𝑃𝐴𝑌𝑀𝐸𝑁𝑇𝑆) (3) 

T (Tenure) - Reflects the duration of the customer's business relationship with the bank. It is used 

to identify customers who have been cooperating with the bank for a long time: 

𝑇_𝑆𝑐𝑜𝑟𝑒 =  (𝑇𝐸𝑁𝑈𝑅𝐸 + 𝑃𝑅𝐶_𝐹𝑈𝐿𝐿_𝑃𝐴𝑌𝑀𝐸𝑁𝑇)/2 (4) 

The features created above were combined to create a four-digit RFMT score for customers. This 

score was used to segment customers: 

𝑅𝐹𝑀𝑇_𝑆𝑐𝑜𝑟𝑒 = 𝑅_𝑆𝑐𝑜𝑟𝑒 + 𝐹_𝑆𝑐𝑜𝑟𝑒 + 𝑀_𝑆𝑐𝑜𝑟𝑒 + 𝑇_𝑆𝑐𝑜𝑟𝑒 (5) 

 

Fig. 1 Total values of the RFMT features. 

Figure 1. This graph helps to understand the overall behavior of RFMT characteristics and 

illustrates how different features are distributed across the customer base. A high T_Score 

indicates that customers generally have a long-term relationship with the bank, whereas a low 

R_Score reflects high customer activity, as Recency was computed inversely based on transaction 

counts. 

3.4 Model and Evaluation Metrics  

The K-Means clustering algorithm is one of the most popular and widely used methods for 

splitting observations into a specified number of clusters. This algorithm iteratively assigns 

observations to clusters that are close to their mid points and recalculates the cluster centers. The 

K-Means method is considered an ideal choice for analyzing and segmenting customer behavior 
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in large data sets (Lloyd, 1982). The algorithm performs optimization by minimizing the distance 

to the cluster centers for each observation: 

𝐽 =  ∑ ∑‖𝑥𝑗 − 𝜇𝑖‖
2

𝑗∈𝐶𝑖

𝑘

𝑖=1

 (6) 

 where 𝑥𝑗 is the observation, 𝜇𝑖 is the cluster center, and 𝐶𝑖 represents the 𝑖-th cluster. 

Silhouette Score 

The silhouette metric is used to assess the quality of clusters. This metric measures how close 

each observation is to its cluster and how far it is from other clusters. The silhouette value ranges 

from -1 to 1, where 1 indicates that the cluster is perfect and 0 indicates that the clusters overlap 

(Rousseeuw, 1987): 

𝑆(𝑖) =  
𝑏(𝑖) − 𝑎(𝑖)

max {𝑎(𝑖), 𝑏(𝑖)}
 (7) 

 𝑎(𝑖) – the average distance of the i-th observation within its own cluster 

 𝑏(𝑖) – the average distance of the i-th observation to the nearest other cluster 

Davies-Bouldin Index 

The Davies-Bouldin metric is used to measure the similarity of clusters. It is estimated based on 

the distance between clusters and the internal variance of each cluster. A smaller Davies-Bouldin 

value indicates better clustering (Davies & Bouldin, 1979): 

𝐷𝐵𝐼 =  
1

𝑘
∑ max

𝑗≠𝑖
(

𝜎𝑖 +  𝜎𝑗

𝑑(𝑐𝑖 , 𝑐𝑗)
)

𝑘

𝑖=1

 (8) 

𝜎𝑖– the average intra-cluster distance (dispersion) of the i-th cluster, 𝑑(𝑐𝑖 , 𝑐𝑗) – the distance 

between the centroids of clusters i and j. 

Calinski-Harabasz Index 

This index is used to measure the density and distance of clusters. A higher Calinski Harabasz 

value indicates better clustering quality (Calinski & Harabasz, 1974): 

𝐶𝐻 =  
𝑡𝑟(𝐵𝑘)

𝑡𝑟(𝑊𝑘)
×

𝑛 − 𝑘

𝑘 − 1
 (9) 

𝑡𝑟(𝐵𝑘)– the trace of the between-cluster dispersion matrix, 𝑡𝑟(𝑊𝑘) – the trace of the within-cluster 

dispersion matrix, 𝑛 – the total number of samples, 𝑘 the number of clusters. 

Elbow Method 

The Elbow method is one of the most widely used methods for selecting the optimal number of 

clusters. In this method, the distortion value (inertia) decreases as the number of clusters 

increases. The "elbow" point on the graph determines the optimal number of clusters (Thorndike, 

1953): 

𝐽 =  ∑ ∑ ‖𝑥 −  𝜇𝑖‖2

𝑥 ∈𝐶𝑖

𝑘

𝑖=1

 (10) 
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𝑘 the number of clusters, 𝑥 ∈ 𝐶𝑖 observations belonging to the i-th cluster, 𝜇𝑖 the centroid of the 

i-th cluster, ‖𝑥 −  𝜇𝑖‖2 the squared distance between the observation and the cluster centroid. 

4. RESULTS AND DISCUSSION 

In this section, the results obtained were studied. With the purpose to better understand the 

behavior of customers, cluster analysis was applied using R, F, M and T indicators. Thus, cluster 

analysis was performed for different numbers of clusters from 2 to 10 and metrics such as 

Silhouette Score, Davies-Bouldin Index and Calinski-Harabasz Index were calculated for each 

cluster number, as shown in Table 2. 
 

Table 2. Results of calculated metrics for the k-Means model 

Number of Clusters Silhouette Score DAVIES-BOULDIN INDEX Calinski-Harabasz Index 

2 0.4344 1.1015 2631.6389 

3 0.5320 0.7958 8963.6659 

4 0.4877 0.8370 8551.6570 

5 0.3821 0.8444 6468.1547 

6 0.3925 0.9032 6257.1984 

7 0.4682 0.9079 7016.9371 

8 0.4567 0.9596 6373.1973 

9 0.4625 0.9578 6181.9320 

The highest value of the “Silhouette Score” performance metric used to assess the quality of 

cluster separation was acquired when the number of clusters was 3. This shows the pros of 

internal consistency and separation of the clusters. The lowest value for the “Davies-Bouldin 

Index” indicator was also observed for 3 clusters, which indicates that the inter-cluster difference 

is greater, and the internal variation is less. The highest result for the “Calinski-Harabasz Index” 

metric was obtained for 3 clusters, as 8963.67, which is a quite powerful result. Based on all these 

metrics, it was determined that the optimal number of clusters is 3; because in this case the 

Silhouette Score is maximal, the Davies-Bouldin Index is minimal, and the Calinski-Harabasz 

Index is high. Additionally, it can be noted that as the number of clusters increases above 5, both 

the Silhouette Score and the Calinski-Harabasz Index tend to decrease, while the Davies-Bouldin 

Index increases. These results indicate that selecting more than 5 clusters is not advisable in 

terms of marketing strategies. 

 

Fig. 2 Evaluation of Optimal Cluster Number Using Different Clustering Metrics 
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Figure 2 illustrates the results of four different clustering evaluation metrics—Elbow Method 

(Inertia), Silhouette Score, Davies-Bouldin Index, and Calinski-Harabasz Index—for cluster 

counts ranging from 2 to 9. According to the graphs, the optimal number of clusters is 

determined to be 3, as it yields the best balance across all metrics.  

The Elbow plot presented in Figure 1 confirms that the optimal number of clusters is k=3. At this 

point, it is determined that the model is balanced, neither information loss is reduced, nor the 

complexity increased. 

The fact that the optimal number of clusters obtained for all performance metrics is 3 and the 

results are good is an indicator of the effectiveness of the selected model and feature engineering. 
Table 3. Statistical Analysis of Customer Behavior Across Clusters 

Cluster Number of Customers Average Recency Average Frequency Average Monetary Average Time Interval 

0 4485 1.522185 1.272464 3.945819 4.940691 

1 881 1.419977 1.891033 3.807037 1.938706 

2 3584 1.001116 3.921875 4.055246 4.928292 

According to the Table 3, it can be said that an analysis was conducted for almost every cluster 

and it was determined that cluster 2 mainly represents frequent, high-spending, and long-term 

customer behavior. The lowest Recency indicator in this cluster indicates high customer activity. 

At the same time, the highest values of Frequency and Monetary indicators prove that these 

customers use bank services regularly and efficiently. The high Time indicator also indicates that 

these customers have a long-term and stable relationship. Therefore, cluster 2 constitutes the 

main loyal and profitable customer base of the bank. 

Cluster 1 consists of customers with an average level of activity. Although the Frequency and 

Monetary indicators in this cluster are at an average level, the low Time indicator indicates that 

the customers' relationship with the bank is short-term or non-permanent. The high Recency 

value compared to cluster 2 also indicates that the activity of this group is relatively low. 

Therefore, cluster 1 can be evaluated as premium customers with potential for development. 

Cluster 0 is distinguished by its relatively high Recency and Frequency indicators, which 

indicate that they are less active. Also, although the Monetary value is relatively high, the 

frequency of purchases in this group is low. Although the high Time indicator indicates that 

these customers have a long-term relationship with the bank, it gives reason to say that their 

activity has decreased recently. This cluster consists of passive and reactivation potential 

customers. 

Based on these results, banks can develop different marketing strategies according to customer 

segments. For example, for high-value and loyal customers in cluster 2, their satisfaction and 

commitment can be further increased through special loyalty programs, personalized services 

and reward campaigns. For customers in cluster 1, targeted marketing activities can be 

implemented to create continuous contact, send personalized offers and encourage them to be 

more active. Discount campaigns, personalized messaging and reactivation initiatives should be 

developed to reactivate passive customers in cluster 0. 

Thus, the results of this analysis allow banks to develop targeted marketing strategies for 

different customer segments. This approach allows banks to both increase their revenues and 
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gain a competitive advantage. At the same time, it also makes a significant contribution to 

strengthening customer satisfaction and long-term relationships with the bank. 

5. CONCLUSION 

In this study, the RFMT (Recency, Frequency, Monetary, Tenure) model was used to analyze 

customer behavior and segment them. The model considered customers' purchase frequency, 

spending amount, last transaction history, and duration of business relationship with the bank as 

key indicators. The k-Means clustering algorithm based on the RFMT model was applied and 

customers were divided into three main clusters. The results obtained showed the behavioral 

characteristics of each cluster: 

Cluster 2 consists of loyal customers with high purchase frequency and spending levels, high 

activity due to low Recency value, and a long-term relationship with the bank. 

Cluster 1 includes premium customers who regularly spend a certain amount, show moderate 

activity, and demonstrate relatively stable behavior. 

Cluster 0 represents customers with relatively high Recency and Frequency indicators, i.e., those 

who demonstrate less activity, are passive, and have a low purchase frequency.. 

Based on these results, it is proposed to develop personalized marketing strategies for different 

customer groups. It is recommended to introduce loyalty programs to strengthen relationships 

with loyal customers, develop exclusive offers for premium customers, and organize special 

promotional campaigns to increase the activity of passive customers. This approach will allow 

banks to increase customer satisfaction, as well as increase their revenues and gain a competitive 

advantage. 

The results of the study confirm the effectiveness of the RFMT model and the k-Means algorithm 

in analyzing customer behavior. In addition, it is recommended to improve the models by 

introducing additional indicators in customer segmentation for future studies. At the same time, 

it may be useful to apply other clustering methods and test the models in different industries. 

This approach will contribute to better communication with customers and providing services 

that meet their needs. 
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With the proliferation of applications and the impact of artificial intelligence 

(AI) on decision-making, algorithmic bias and discriminatory outcomes are 

emerging as a critical ethical issue. Algorithmic bias is the data generated by the 

software used to train AI models, design choices, and behavior. These biases have 

the potential to exacerbate social vulnerabilities in areas such as employment, 

law, medicine, and social media.  

This article explores the nature of algorithmic bias and its social impact, and 

explores existing techniques and approaches to combat this problem. Key ways 

to mitigate bias include creating a more participatory data base, informed AI 

models, ethical practices, and legal enforcement. The article highlights the 

importance of designing more balanced and transparent mechanisms in AI 

systems, and suggests the potential solutions for their implementation. 
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INTRODUCTION 

Algorithmic bias refers to systematic and repeatable errors in AI/ML systems that result in 

unequal outcomes. Typically, these biases arise due to incomplete or unrepresentative input 

data, flaws in algorithm design, or the exclusion of certain groups during technological 

innovation. Algorithmic bias has the potential to favor certain user populations at the expense of 

others, leading to discriminatory outcomes. 

As artificial intelligence increasingly influences more aspects of human life, bias in algorithms 

has become a widespread issue. One of the main causes of algorithmic bias is the inaccuracy 

present in training datasets. Inaccurate or incomplete data can lead to erroneous findings and 

impair the algorithm's ability to make impartial judgments. Human input plays a crucial role in 

determining how data is collected, which data is used, and what level of performance the AI 

system is expected to achieve. Without effective regulation, AI-driven decisions can lead to 

discrimination and disproportionate treatment of certain groups. 
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Moreover, programmers and algorithmic design significantly contribute to the creation of bias. 

AI systems, during the process of model training and coding, can replicate human prejudices. As 

a result, AI algorithms may develop judgments that lead to unequal and discriminatory 

treatment of specific social groups. If these systems are not properly tested and fine-tuned, they 

can operate based on incorrect or incomplete data, thereby perpetuating bias. 

In general, algorithmic bias is an urgent issue that must be explored and thoroughly addressed 

to ensure fairness and trust in AI systems. Reducing bias should involve creating diverse and 

comprehensive datasets, developing explainable AI models, and strengthening regulatory 

frameworks with an emphasis on ethics. Otherwise, the societal impact of artificial intelligence 

will continue to raise critical concerns and may even exacerbate existing disparities. 

There are three major and most common types of algorithmic bias: [1] 

1. Data Bias 

2. Algorithmic Design Bias 

3. User Bias 

1. Data Bias – This occurs when the data is inaccurate, incomplete, limited in certain ways, or 

fails to provide a full representation of the population. As a result, a distorted view is formed or 

vital context is omitted. This type of bias has the potential to affect individuals, organizations, 

and even entire societies. 

AI systems make decisions based on data. However, data may not be objective, and systems 

trained on biased data can lead to unfair and inaccurate outcomes. Data bias can cause AI 

systems to discriminate against certain groups of people based on disproportionate or incorrect 

information. 

There are several different types of Data Bias, each arising for different reasons. These biases 

hinder the unbiased functioning of AI and create challenges in many areas of society. The main 

types of data bias include the following: 

Selection Bias – Selection bias occurs when the data used to train AI systems favors a specific 

group. When training data does not cover all the diverse segments of society and is skewed in its 

selection, AI systems may end up making unfair and biased decisions against certain groups. 

These biases can result in the production of misinformation and discriminatory practices by AI in 

various fields such as healthcare, law, finance, and social media. 

Selection bias is especially evident when working with small and inaccurate datasets. If AI 

systems are trained on non-representative samples, they may produce unrealistic, incorrect 

outcomes and make unjust decisions against certain groups within society. 

There are several key reasons for the emergence of selection bias: 

 Preference for certain groups during data collection 

If the data used to train AI systems is collected from specific regions or groups, other groups not 

included in that dataset may be misrepresented, leading to incorrect outcomes. 

 Historical data lacking representation of certain groups 

If, in the past, sufficient data was not collected about certain groups within a field, then AI 

systems trained on such historical data will also be unable to provide accurate results about 

those groups. 
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 Algorithms trained on limited and non-representative samples 

When some AI systems are trained only on specific samples, they may fail to properly analyze 

groups that do not belong to those samples. 

Selection bias can be observed in many real-world sectors. Examples of selection bias include the 

following: 

a. In Facial Recognition Systems: 

Most modern facial recognition systems are primarily trained on images of white individuals. As 

a result, they tend to misclassify people from other ethnic groups more frequently. For instance, 

Black and Asian individuals are more likely to be incorrectly identified by these systems. 

b. In Medical Diagnostic Systems: 

If an AI medical system is trained only to analyze male health data, it may misdiagnose diseases 

and symptoms in women. This can lead to incorrect diagnoses and inadequate treatment. 

c. Recruitment Systems and Gender: 

When specific data is fed into AI recruitment systems, historical male dominance in certain 

professions can cause bias. For example, AI systems trained on historical data showing higher 

hiring rates for men in technology and engineering fields may automatically undervalue new 

female applicants. 

Selection bias can lead to social and economic discrimination in decisions made by artificial 

intelligence. As a result, some individuals may face unequal treatment in areas such as 

employment, credit access, and medical services. Selection bias can cause incorrect medical 

diagnoses and errors in judicial decisions, potentially leading to serious consequences, including 

death. When AI systems operate in a discriminatory manner, certain social groups are 

disproportionately harmed. For example, facial recognition software may misidentify 

individuals from specific ethnic groups, which can lead to legal issues. 

There are several ways to prevent selection bias. Firstly, the data used to train AI systems should 

be collected from as many diverse sources as possible. This will help create a balanced dataset 

that includes a mix of social, ethnic, and gender categories. In fact, AI systems should be tested 

across various groups and validated for their results. AI systems developed without considering 

diversity and inclusion may generate discriminatory outcomes. Therefore, the dataset used in an 

AI system’s decision-making should be tested and normalized for potential biases. 

Finally, ethical standards must be applied to AI developers and experts. During the development 

of AI systems, adherence to ethical guidelines and principles of inclusion should be standard 

practice. In this way, AI systems will be more likely to make objective and fair decisions. 

2. Algorithmic Design Bias – Algorithmic design bias is identified as a source of bias introduced 

during the design phase of AI systems, especially during programming and model 

development. This type of bias arises from flaws in the operational logic of AI algorithms, 

evolving model processes, and control parameters that influence the decision-making process. 

In the real world, algorithmic design bias can lead to AI systems making non-objective decisions 

across various sectors. Here are some examples: [2] 
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 Credit Scores and Banking 

Artificial intelligence algorithms are widely used in credit approval processes by financial 

institutions. However, if such algorithms are built on criteria that favor certain income levels or 

jurisdictions, individuals' chances of receiving credit can be significantly reduced. For example, 

some algorithms may classify people from certain socio-economic classes as bad customers, 

thereby subjecting them to higher interest rates. This limits their access to the financial system 

and has the potential to perpetuate economic inequality.[3] 

 Recruitment Systems 

If AI filters job listings based on historical data where a certain gender or ethnicity was favored, it 

may result in discrimination against new applicants. Instead of eliminating bias, AI may 

perpetuate existing prejudices. For example, Amazon’s AI-based recruitment system consistently 

downgraded female applicants because the majority of previous hires in technical roles were 

men. As a result, AI systems may replicate past biases and reinforce gender inequality. 

 Medical Diagnostics 

AI-based diagnostic systems trained on medical data from specific ethnic or gender groups may 

misdiagnose diseases prevalent in other groups. This can lead to incorrect diagnoses and 

unequal access to healthcare. For instance, studies have shown that some AI models used to 

detect skin conditions struggle to diagnose dark-skinned individuals, as they were primarily 

trained on images of light-skinned patients. These biases can negatively affect the quality and 

accessibility of care. 

 Legal and Policing Systems 

AI tools used to predict the likelihood of crime can discriminate against certain social groups. If 

the model reflects biases present in the training data, it can lead to unequal treatment in the 

criminal justice system. For example, the COMPAS AI system used in the U.S. assigned higher 

recidivism risk scores to Black individuals. As a result, they were often unfairly given harsher 

penalties, leading to more unjust court rulings. Such biased algorithms can further exacerbate 

existing social imbalances within the justice system. 

Algorithmic Design Bias primarily arises due to the following reasons: 

 Functional limitations of the algorithm – In such cases, the model may fail to consider or 

correctly process certain factors. 

 Incorrect selection of hyperparameters – Bias can occur when the learning methods and 

hyperparameters of the AI are improperly set. 

 Developer bias – The personal beliefs and perspectives of the programmer or researcher can 

influence the decisions embedded in the algorithm. 

 Lack of transparency in the algorithm – In systems known as “black-box” models, it 

becomes difficult to analyze the causes of bias when they are observed. 

These factors contribute to the emergence of algorithmic design bias. However, it is certainly 

possible to prevent such biases when they arise. The following recommendations should be 

implemented to reduce and eliminate algorithmic design bias:[4] 
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1. Algorithmic decisions should be reviewed by humans – Instead of relying solely on AI 

systems, decisions should be examined by experts. 

2. Transparent algorithms must be developed – To achieve this, explainable AI models should 

be created instead of AI systems that function like black boxes. Specific research should be 

conducted to understand the AI decision-making process, and the functionality of these 

systems should be clearly explained. 

3. Developers should be required to design fair and unbiased models – This means taking into 

account various ethnic and social groups. The data used to train AI must represent all layers 

of society and must not contain any bias. While developing a model, equality must be 

ensured across gender, race, and social class to achieve fair and objective results. 

4. Members from diverse social and cultural backgrounds should be involved in AI 

development – Neutral developers and team members should be hired to be part of the 

process, and more objective and fair algorithms should be created by considering multiple 

perspectives. 

By implementing these recommendations, algorithmic design bias can be effectively prevented. 

3. User Bias – refers to the distortion in an AI system’s decision-making process caused by 

individuals’ personal experiences, preferences, and beliefs. This type of bias is related to the way 

users search for and select certain types of information — in other words, individuals often 

prefer information that aligns with their existing beliefs. User bias can cause AI systems to learn 

from user behavior and subsequently present more similar information in the future. 

Here are some examples of user bias: 

 Search engine bias: 

People tend to select results that align with their own opinions and give them more importance. 

For example, a person searching for positive or negative political news will likely choose results 

that support their views. AI systems learn this behavior and continue to provide more of the 

same. 

 Bias in recommendation systems: 

On shopping websites and social media platforms, users are shown product suggestions based 

on what they’ve already selected or shown interest in. This limits users to information and 

content within their existing interests and prevents them from being exposed to a broader range 

of perspectives. 

 Bias in social media and news content: 

People read and share news and content that match their own views. AI systems track this 

tendency and provide users with more similar content. This leads to a situation called a filter 

bubble, where individuals are exposed only to information that supports their beliefs. 

Such bias can limit the user’s access to diverse content and different perspectives on the same 

issue, eventually leading to social fragmentation and a narrowing of cognitive processes. 

Here are some key reasons behind the emergence of user bias:[5] 

 Personal Beliefs and Interests of the User: 
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Users tend to consume information that aligns with what they already believe or want to learn 

more about. As a result, AI models begin to mimic this behavior by reinforcing only the accepted 

viewpoints, leading to biased outcomes. 

 Previous Experiences and Selective Preferences: 

The human mind recalls and focuses on information it has previously encountered. This 

influences how AI processes and recommends content, as the system, based on learned patterns, 

will keep suggesting similar types of information — causing biased recommendations. 

 Information Selection and Searching Behavior: 

People often use search engines and social media platforms to access specific information. Their 

search filters and queries reflect their personal interests and preferences. This leads systems to 

prioritize certain types of data, neglecting broader or more general topics. 

 Algorithmic Selection and Recommendation Systems: 

Algorithms deliver and adapt content based on user behavior. If a user is only interested in a 

certain type of content, the system will generate more of it, reinforcing the user's bias. 

To eliminate user bias, the following actions should be taken: 

 Trackable and Transparent Algorithms: 

AI programs should be more transparent so that users can understand how the system operates 

and on what basis it makes decisions. This increases trust in the system and allows for fairer and 

more balanced outcomes.  

 Diverse Information and Perspectives: 

Users should be presented not only with information based on their past preferences but also 

with a variety of viewpoints and topics. This approach helps them develop broader and more 

unbiased thinking and become familiar with new ideas. 

 New Filters: 

Users should be given more freedom in search and selection to access a wider range of sources. 

This ensures more comprehensive and balanced information and helps prevent misleading or 

narrow exposure.  

 Diverse Recommendation Systems: 

Social networks and other recommendation platforms should not rely solely on users' behavioral 

history. Instead, they should suggest content on various topics. This helps users discover new 

subjects and engage with different ways of thinking. 

 Promoting User Knowledge and Education: 

Users should be encouraged to explore a broader base of knowledge and learn about new topics. 

This leads to more balanced and unbiased decision-making. 

 Algorithmic Optimization: 

Algorithms should consider the needs of wider user groups rather than focusing solely on 

individual preferences. This results in more accurate and universal outcomes. 
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After noting these points, it is important to address the issue of transparency and accountability 

in algorithms, as this is one of the key principles necessary to understand and manage the impact 

of artificial intelligence and algorithms on society. Algorithmic transparency and accountability 

aim to explain how algorithms function, what decisions they make, how these decisions are 

made, and why those particular decisions were reached. 

Transparency refers to clearly demonstrating how an algorithm works, what data it uses, and 

which methods are employed to produce results. Algorithmic transparency includes the use of 

data, the structure of the algorithm, open-source algorithms, and clear explanations.[6] In terms 

of data usage, it is important to know what kind of data the algorithm relies on. Where 

transparency exists, users and the public should be aware of why the data is collected and how it 

is processed. From the perspective of algorithmic structure, there should be complete 

information about how the algorithm is built and how it operates. This helps in understanding 

why the algorithm produces specific outcomes. Open-source algorithms allow external 

researchers and experts to study the code when it is publicly available. This helps to understand 

how the algorithm functions, including any possible flaws or biases it may contain. Users and 

the public should be provided with clear and understandable information about the algorithm or 

AI application. This is especially important due to the complexity of such technical systems. 

Accountability refers to whether an individual or an organization is held responsible for 

algorithmic actions. When algorithms are used in areas that significantly affect us—such as 

education, healthcare, or employment—it is essential that someone or some organization is held 

accountable to ensure that the outcomes are correct and fair. Accountability mechanisms involve 

identifying the individuals or organizations responsible for the algorithmic decisions. If an 

algorithm produces an error or an unfair result, responsibility should be assigned to correcting 

those mistakes. Monitoring and auditing are crucial after the deployment of the algorithm, as 

they allow the ongoing evaluation of its performance and help assess the fairness of the results 

produced. These processes also provide opportunities to respond to suspicious or harmful 

outcomes. In situations where people are negatively affected by algorithmic decisions, 

responsibility and compensation mechanisms should be put in place. Under accountability, there 

should be clear information on when and how affected individuals can receive compensation for 

incorrect outcomes. Finally, before an algorithm is implemented, proper testing and evaluation 

procedures must be conducted to verify the accuracy and fairness of the data used. Transparency 

and accountability enable algorithms to function in a more equitable and just manner. This helps 

prevent discrimination and unfair treatment. Providing correct and transparent information 

about algorithms builds trust among citizens. People want to trust the systems that make 

decisions on their behalf. 

Transparency also allows for the detection and correction of bias within algorithms, helping 

them become less biased and fairer. To protect individual rights, algorithms must be transparent, 

and users must understand how their data is being used and how their personal rights are 

safeguarded.[7] Therefore, transparency and accountability in algorithms are essential. In 

finance, credit scoring algorithms may be biased against certain ethnic groups or genders. 

Transparency allows such biases to be identified and eliminated. In law enforcement, facial 

recognition algorithms used by authorities may disproportionately affect specific ethnic groups. 

Transparency and accountability enable these algorithmic outcomes to be reviewed and 

assessed. In healthcare, transparent diagnostic algorithms can prevent misdiagnoses and biased 
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treatment recommendations. However, a lack of transparency is common because certain 

organizations and companies prefer to keep the source codes of their algorithms confidential as 

trade secrets. To address this issue, appropriate legislation and regulatory policies must be 

developed. Additionally, when algorithms produce errors or harmful outcomes, determining 

accountability becomes a major concern. This issue must be clearly defined within a legal 

framework. Moreover, since algorithms are often trained by humans, they may inherit existing 

biases. To prevent this, it is necessary to use unbiased data sets and ensure periodic auditing of 

the algorithms.[6] 

Algorithmic bias has a widespread impact across many areas of society and tends to deepen 

social inequality. If artificial intelligence is applied in a biased manner in areas such as 

recruitment, credit approval, and law enforcement, certain groups may be subjected to unfair 

discrimination, their economic opportunities may be limited, and social integration may become 

more difficult. In social media, the manipulation of algorithms and informational bias can lead 

people to consume only content that aligns with their existing beliefs, which in turn increases 

polarization in society. In the healthcare sector, biased algorithms may cause individuals from 

certain ethnic and social groups to receive incorrect diagnoses or substandard medical care. To 

solve such issues, transparency and accountability are essential—without them, addressing these 

problems becomes increasingly difficult. To ensure that AI systems function fairly and reliably, it 

is crucial to make their decision-making processes transparent, detect and eliminate biases, and 

adhere to ethical principles. To maintain public trust in AI technologies and ensure their 

operations align with human rights, effective regulation and monitoring mechanisms must be 

implemented. [10] 

Conclusion 

Algorithmic bias is one of the main issues responsible for unequal outcomes in artificial 

intelligence (AI) systems. It is primarily divided into three broad categories: data bias, 

algorithmic design bias, and user bias. Data bias occurs when training data is incomplete or 

skewed, leading AI systems to discriminate against certain groups. Algorithmic design bias 

refers to the impact of developers’ intentional or unintentional biases during the coding and 

structuring of a model, which can influence the algorithm’s decision-making process. User bias 

arises when individuals tend to select information that aligns with their own perspectives. In 

such cases, AI reflects those patterns, contributing to the formation of filter bubbles. 

These biases can create profound injustices across various sectors such as recruitment, finance, 

law, healthcare, and social media. For example, in facial recognition systems, bias in the data can 

lead to the misclassification of certain ethnic groups. Similarly, AI used in hiring programs may 

reject applications based on gender or racial differences. To prevent these issues, it is essential to 

create more diverse and representative datasets, build transparent and explainable AI models, 

ensure human oversight and regulation of AI-related decisions, enforce ethical standards for 

developers, and conduct regular audits of AI systems. Transparency and accountability 

mechanisms must be implemented in algorithmic systems to address these problems. Without 

such measures, AI systems may perpetuate existing societal biases and exacerbate social 

injustices. 

In conclusion, algorithmic bias is not only a technological issue but also a social and ethical one. 

To prevent it, both technological solutions and legal and ethical standards must be developed. 

Otherwise, the impact of AI will not reduce social inequalities but rather intensify them. 
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