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ABSTRACT

Image segmentation provides quick and precise techniques
for the identification and isolation of objects within
images. This paper presents a comparative analysis of k-
means clustering versus a hybrid approach combining k-
means clustering with Canny edge detection for the task of
foreground object extraction. The study details the
operational methodologies of both approaches and
evaluates their effectiveness in accurately segmenting
single, distinct foreground objects from simple colored
images. Segmentation accuracy is quantitatively assessed
using the average symmetric surface distance (ASSD)
metric against ground truth masks. The central hypothesis
is that the integrated k-means + Canny method will
demonstrate superior performance in aligning segmented
boundaries with actual object edges compared to k-means
clustering alone.
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1. Introduction

The fundamental problem addressed in this research is how
to extract objects from images. Segmentation is a form of
digital image processing that is used in significant real-
world applications, such as medical imaging, surveillance,
self-driving vehicles, etc. [1]. Given the diversity of
segmentation techniques, it is important to compare their
effectiveness.

This research focuses on two well-established techniques:
k-means clustering, which groups items based on color
similarity, and Canny edge detection, which identifies
object boundaries based on gradient changes in pixel
intensity [2], [3]. While both are effective, their strengths
and weaknesses differ. This paper aims to provide a
detailed understanding of these methods and, more

significantly, to conduct a direct comparison between k-
means clustering used independently

and a hybrid method that integrates k-means clustering
with Canny edge detection. The specific application is the
extraction of a single foreground object. The primary
contribution will be the quantitative evaluation of these two
approaches using ASSD to determine which method
provides more accurate segmentation boundaries against
ground truth data.

2. Background

2.1 K-Means Clustering

K-means Clustering is an unsupervised algorithm that
organizes unlabeled data points (pixels, in this context) into
a predefined number of clusters (k) based on feature
similarity [1]. For this project, a spatially aware version of
k-means is used, derived from the methodology used in
SLIC Superpixels [2]. The k-means algorithm starts by first
initializing the clusters, which defines the initial state of the
process by selecting k starting points, or centroids [4]. A
centroid in this context has both a color component and a
spatial component. The initialization strategy is to
randomly select kpixels from the image and use their full
color and coordinate information as the initial centroids

[3].

This implementation utilizes a S5-dimensional feature
vector V = [r,g,b,x,y], where (x,y) represents pixel
coordinates normalized to the range [0, 255] to match the
scale of the color channels. This approach clusters pixels
based on a weighted combination of color similarity and
spatial proximity [2,5]. The distance D between a pixel i
and a cluster centroid k is calculated using a weighted
Euclidean distance formula, see equation 1.
D=(1-w)- ||Ci - Ckll +w- ||5i _Skll €Y)

Where ||C;- Cil] is the color distance, ||S;- Sk|| is the spatial
distance, and w is the spatial weight parameter. For this
experiment, the spatial weight was tuned to w = 0.35. This
specific weighting ensures that pixels must be both similar
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in color and physically adjacent to be grouped together,
preventing the clusters from scattering incoherently across
the image [2].

Next, the algorithm assigns each pixel to the cluster defined
by the nearest centroid. After assigning pixels, the
algorithm updates the centroids, which recalculates the
position of each cluster centroid to be the mean of all pixels
currently assigned to that cluster. This involves separately
averaging the color vectors and the spatial coordinates of
the member pixels to find the new centroid location [4, 5].
The new centroid is computed using equation 2 [4]:

1
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(2)
is the new centroid for cluster i at the

current iteration t. The term |Sl.(t)| represents the total
number of pixels assigned to cluster i, and the summation
represents the vector sum of all pixel data points x; (which
includes both color and spatial information) belonging to
that cluster [4, 5].

In this equation, ¢

The final step is to check for convergence, where the
assignment and update steps are repeated until the cluster
centroids no longer change significantly between
iterations, indicating that the algorithm has found a stable
clustering solution. This condition is met when the squared
Euclidean distance between the new centroid and the old
centroid from the previous iteration is less than a small

positive threshold value, €, for all clusters from 1 to k [4]:

||ci(t)—ci(t_1)| <evie{L,.., k)3

2.2 Canny Edge Detection

Canny edge detection is an algorithm designed to identify
edges in an image by processing it and dynamically
selecting a threshold based on local image properties. The
process begins by converting the image to grayscale to
simplify the image data to a single intensity channel.
Following this, the algorithm applies a Gaussian blur to
reduce noise and smooth the image, which helps prevent
false edge detection [3, 6]. This step involves convolving
the image with a Gaussian kernel G, which is a matrix of
weights. The convolution operation that produces the
blurred image B from an input image [ is defined in
equation 3 [3].

B(i,j) =2%__ 28 @i+ m,j+n) Gimn)
“4)
In this equation, B(i, j) is the resulting blurred pixel values
at coordinates (i,j), I is the input image, and G is the
Gaussian kernel. The indices m and n iterate over the
kernel’s dimensions. The Gaussian kernel G(m,n) is

defined by a standard deviation parameter, 0 as shown in
equation 4 [3,6].
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e 22 (5)

G(m,n) =

2ma?

Here, G(m,n) is the value of the kernel at coordinates

(m, n) relative to the kernel’s center, and the parameter g,
or standard deviation, controls the amount of blur [3].

The third step is to calculate the image gradient which finds
areas in the image with high intensity changes that
correspond to potential edges. This is often done using
Sobel operators (Sy, S,) to calculate the gradient magnitude
(edge strength) and gradient direction for each pixel. The
Sobel operators are shown in Figure 1 [3].

-1 0 1 -1 -2 -1
S:=1-2 0 2|,5,=1[0 0

-1 0 1 1 2 1

Figure 1: Sobel Operators [3]

These operators are convolved with the blurred image to
find the gradient components in the x and y directions, G«
and G,. From these components, the gradient magnitude M

and direction 8 are computed [3]:

M= [62+6

(6)

G
0 = tan™ (—y)
Gx

(7
In the formulas above, the resulting gradient magnitude, M,
represents the edge strength, while the gradient direction,

6, represents the orientation of the edge [3].

After gradients are calculated, non-maximum suppression
is performed to thin the thick edges that result from the
gradient calculation [3, 7]. The continuous gradient
directions are rounded to one of four main angles (0°, 45°,
90°, and 135°). For each pixel, its gradient magnitude is
compared with the magnitudes of its two neighbors along
the rounded gradient direction. If the pixel's magnitude is
not greater than both of its neighbors, it is suppressed (set
to zero); otherwise, it is kept. This process thins the ridges
of high gradient values down to sharp, single-pixel-wide
lines [3].

Next, the algorithm uses double thresholding to classify the
remaining pixels into "strong", "weak", and "non-relevant"
categories based on their gradient magnitudes. To address
the reliance on manually set thresholds, a fixed ratio
technique can be used to derive thresholds from image

properties [7].

Finally, the algorithm tracks edges using hysteresis. This
procedure finalizes the edge map by iterating through the
"weak" pixels. A weak pixel is promoted to a strong edge
pixel if and only if it is involved in the same connected
component as some strong edge pixel. This is typically



implemented by examining the 8-pixel neighborhood
around every strong pixel. If a neighbor is a weak pixel, it
is promoted to strong. This process continues recursively,
so that the newly promoted strong pixel can, in turn,
promote its own weak neighbors. This chain reaction
allows the algorithm to connect faint but real parts of an
edge to the definite parts, while discarding isolated weak
pixels that are likely noise [8].

2.3 K-Means + Canny Hybrid Approach

This study investigates a hybrid method where Canny edge
detection informs the k-means clustering process.
Integrating spatial constraints or edge information into
clustering is a recognized strategy for improving
segmentation results by enforcing regional continuity [5].
First, a binary edge mask is generated using the Canny
algorithm. This edge mask is used to constrain the k-means
training phase. Specifically, pixels identified as edges are
strictly excluded from the feature set used to calculate and
update cluster centroids.

The k-means initialization strategy is updated to randomly
select k centroids from the non-edge pixels. The k-means
algorithm then iterates to find stable centroids using only
the interior pixels of the objects. Once the centroids have
converged, a final assignment step is performed where all
pixels (including the previously excluded edge pixels) are
assigned to the nearest cluster centroid. This approach
biases the clustering to rely on the core colors of objects
while preventing the initialization or mean-calculation
from being influenced by the transitional colors found at
object boundaries.

2.4 Evaluation Metrics

For this project, the primary metric for comparing
segmentation accuracy is the average symmetric surface
distance (ASSD). This metric evaluates the quality of a
segmentation by comparing the boundaries of the predicted
mask and the ground truth mask [9]. The selection of an
appropriate evaluation metric is crucial, as many metrics
can be sensitive to specific error types (e.g., size, location,
or shape) but may not cover all types of errors [10]. ASSD,
see equations 7 and 8, is "symmetric" because it calculates
the average distance in both directions: from the
segmentation to the ground truth and from the ground truth
to the segmentation [9].

D minllx =yl + > minlly - x|
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ASSD(S,, Sp) =
(®)
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In this formula, S, and Sp represent the sets of all points on
the boundaries of the ground truth and the segmentation

result. The terms |S4| and |Ss| denote the total number of
points in each of those sets. The variables x and y represent
individual points within the boundary sets S4 and Sp. The
expression ||x-y|| calculates the FEuclidean distance
between two points. The “min” operator finds the shortest
distance from a single point on one boundary to all points
on the other boundary, and the summation symbol, }’, adds
all these shortest distances together. Lower ASSD values
indicate that the two boundaries are, on average, closer to
each other, signifying a more accurate segmentation [9].

3. Primary Objective

The primary research objective is to determine if the
combination of k-means and Canny edge detection is more
accurate at extracting objects than k-means alone. The
project operates under a time limitation of 120 hours over
14 weeks.

3.1 Hypotheses

The hypothesis of this study is that the k-means + Canny
hybrid algorithm will achieve significantly lower average
symmetric surface distance (ASSD) values, indicating
more accurate object boundary segmentation, compared to
the k-means clustering algorithm applied alone. The
corresponding null hypothesis is that there will be no
statistically significant difference in ASSD values between
the two algorithms when used for foreground object
extraction.

4. Experiment Design

A dataset of at least 100 simple colored images, each
containing a single, distinct foreground object, will be
created. To evaluate the algorithms, a custom dataset of
100 images was created, comprising 20 distinct base
objects placed against varying backgrounds. The dataset
was categorized into high and low contrast to stress-test the
segmentation. The high contrast images have objects with
distinct boundaries and sharp color differences from the
background. The low contrast images have objects against
backgrounds of similar color. A corresponding ground
truth binary mask was segmented with Canva’s
background remover for every image to serve as the
accuracy benchmark.

The experiment utilized a randomized block design. Both
algorithms (k-means and the hybrid method) were
executed on the full dataset. For each resulting
segmentation, the ASSD was calculated against the
corresponding ground truth mask. Since k-means
initialization is stochastic, the process was repeated 10
times per image to obtain a reliable average. This resulted
in a total of 2,000 experimental trials:

(100 images -2 algorithms - 10 runs) (9)



The operational parameters were fixed at k = 3 centroids,

0 = 0.8 for Gaussian blurring, and Canny thresholds of
0.01 (low) and 0.08 (high) to maximize sensitivity. A
paired t-test was used to statistically compare the ASSD
values obtained from the two segmentation approaches.

5. Solution Description

The dataset was created on a Windows desktop using
Canva. Algorithm implementation and experimentation
were developed on a Windows desktop in Python 3.11
using the PyCharm IDE. While the project utilizes the
OpenCV library for image I/O and NumPy for matrix
operations, the core segmentation algorithms were
implemented from scratch rather than using pre-built
library functions (e.g., cv2.Canny or sklearn.KMeans).

5.1 Algorithm Implementation

The Canny edge detector was coded as a manual 4-stage
pipeline. An optimization that was made was the
implementation of vectorized non-maximum suppression
[7]. Instead of using computationally expensive Python
loops to iterate through pixels one-by-one, the
implementation utilizes NumPy array shifting to compare
a pixel to its neighbors simultaneously across the entire
matrix. The k-means algorithm was implemented using
vectorized NumPy broadcasting to calculate the 5D
distance matrix for the entire image in a single operation

[11].
5.2 Automation and Metrics

A custom automation script was developed to iterate
through the dataset, utilizing regular expressions (regex) to
automatically pair input images with their corresponding
ground truth masks. Segmentation accuracy was assessed
using the average symmetric surface distance (ASSD)
metric. Unlike pixel accuracy, ASSD measures the average
Euclidean distance between the boundaries of the predicted
mask and the ground truth mask, providing a rigorous
assessment of shape accuracy [9, 10].

6. Results and Analysis

The quantitative results of the 2,000 experimental trials are
summarized in Table 1. The primary metric for accuracy
was the average ASSD, where a lower score indicates a
closer match to the ground truth.

Contrary to the alternative hypothesis, the spatially aware
k-means algorithm appeared to have a slightly better
(lower) average ASSD of 4.82, compared to the hybrid
method’s average of 5.08. To determine if this difference
was statistically meaningful, a paired t-test was conducted,
resulting in a t-statistic of 1.15 and a p-value of 0.25. Since
this p-value exceeds the standard alpha of 0.05, we fail to
reject the null hypothesis; there is no statistically

significant difference in accuracy between the two
methods.

Table 1: Quantitative Results Summary

Average K-Means ASSD 4.82
Average Hybrid ASSD 5.08
K-Means Standard

Deviation 6.55
Hybrid Standard

Deviation 6.74
Paired T-Test Statistic 1.15
P-Value 0.25

To complement the quantitative metrics, a qualitative
examination of specific test cases was conducted to
observe the behavioral characteristics of each algorithm.
Two images were selected to illustrate the algorithms'
performance in opposing scenarios: one featuring low
contrast, and one featuring high contrast along with
complex internal texture.

In the "Denim" test case (Figure 2), where the pixel
intensity difference between the object and background
was minimal, the Hybrid method achieved a lower ASSD
of 0.87, compared to 0.98 for k-means. The Canny edge
detector successfully identified the faint boundary where
color-based clustering struggled, guiding the algorithm to
a more accurate shape definition.

In the "Luffy" test case (Figure 3), the object was a black
poodle puppy wearing a harness with a white circle, along
with white tufts of fur on the chest. The Canny detector
interpreted the sharp gradients between the black fur and
the white elements as structural edges. Because the hybrid
algorithm treats edges as hard constraints, it prevented the
k-means clustering from merging the white chest and
harness areas with the rest of the body. This resulted in the
hybrid method performing slightly worse (ASSD 0.75)
than k-means alone (ASSD 0.71).

Finally, the randomly determined nature of k-means
initialization likely contributed to the inconsistency
observed across trials. Although this study mitigated
variance by averaging ten runs per image, the standard k-
means algorithm is prone to converging on local minima
depending on where centroids are randomly placed. In the
Hybrid approach, this instability is exacerbated because the
"search space" for initialization is constrained to non-edge
pixels. If the edge map isolates the object into small
fragments, a poor random initialization can trap a centroid
in a small, disconnected region, preventing the algorithm
from discovering the true object shape.
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Figure 2: Low contrast between object and background.
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Figure 3: High contrast between the object (with internal
texture) and background.

7. Conclusion

The objective of this research was to determine if
integrating Canny edge detection would significantly
improve the segmentation accuracy of k-means clustering.
The results indicate that the hybrid method did not produce
a statistically significant improvement (p = 0.25) over
the spatially aware k-means algorithm. Therefore, the
alternative hypothesis is rejected.

While both algorithms achieved comparable accuracy, the
spatially aware k-means algorithm is identified as the
optimal engineering solution for this task. It delivers
equivalent segmentation performance while being
approximately four times faster (0.08s vs 0.35s) and
computationally less complex than the hybrid approach.
The spatial weight parameter in the 5D feature vector
successfully maintained object cohesion on its own,

rendering the additional overhead of edge detection
unnecessary for this specific dataset.

The limitations of the hybrid method were largely due to
the use of fixed thresholds, which caused failures on
objects with strong internal gradients. Future work should
implement adaptive thresholding (such as Otsu's method
[12]) to dynamically tune edge sensitivity for each image.
Additionally, converting the dataset from RGB to the
CIELAB color space [13] would allow the clustering
algorithm to separate luminosity from chromaticity,
potentially improving performance in images with strong
shadows or highlights. Finally, the edge information could
be utilized to optimize k-means initialization by restricting
starting centroids to non-edge regions, ensuring the
algorithm begins with “guesses” located firmly within the
object's interior.
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ABSTRACT

Two-way finite automata with quantum and classical states
(2QCFA), introduced by Ambainis and Watrous, can be
viewed as two-way deterministic finite automata equipped
with a constant-size quantum register. Zheng, Qiu, and Li
later showed that the language {x#vy | =,y € {0,1}*,|z| =
ly|} is recognizable by 2QCFA. In this paper, we prove that
the language {w € {0,1}* | |w|o = |wly }, that is, the set
of all binary strings containing an equal number of 0Os and 1s,
can also be recognized by a 2QCFA. Further, we show that
this quantum algorithm only needs 4 qubits, with the time
complexity of O(n?).

1 Introduction

Quantum computing has produced striking breakthroughs,
yet the most celebrated algorithms, such as Shor’s and
Grover’s, rely on general quantum Turing machines. These
machines require a large number of quantum bits (qubits) and
long coherence times, which makes them difficult to realize
with current technology. This motivates the study of sim-
pler quantum computational models that still capture certain
quantum advantages while remaining closer to what is feasi-
ble today. One such direction is the study of quantum finite
automata (QFA), the quantum counterpart of classical finite
automata [1; 2; 3; 4].

Among QFA, one-way models (1QFA), introduced by Kon-
dacs and Watrous [5] and Moore and Crutchfield [6], repre-
sent the simplest case. However, their computational power
is severely limited, as they recognize only a proper subset of
the regular languages. Aharonov and colleagues introduced
one-way quantum automata with mixed states [7], but these
recognize exactly the class of regular languages and thus offer
no gain over classical automata. Two-way QFA (2QFA) [5]
overcome these barriers by recognizing all regular languages
and even some nonregular ones. Yet, their implementation
requires superpositions of head positions, demanding at least
O(log n) qubits to store the head location for inputs of length
n, which is technologically expensive.

To overcome these limitations, Ambainis and Watrous [8]

introduced two-way finite automata with quantum and clas-
sical states (2QCFA). A 2QCFA can be viewed as a two-
way deterministic finite automaton (DFA) augmented by a
constant-size quantum register. This hybrid design is sig-
nificantly more implementable, while still being more pow-
erful than classical finite automata. For example, Ambai-
nis and Watrous showed that palindromes can be recog-
nized by a 2QCFA using only a single qubit, and subsequent
work by Zheng, Qiu, and Li demonstrated that the language
{z#y | z,y € {0,1}*, |z| = |y|} is also recognizable by
a 2QCFA. Later extensions, such as two-way k-tape QCFA
(KTQCFA) [9], further enriched the model by allowing mul-
tiple input tapes.

In this paper, we study the computational power of 2QCFA
for recognizing the language { w € {0,1}* | |w|o = |w|1 },
that is, the set of all binary strings containing an equal num-
ber of Os and 1s. This language is fundamental in formal lan-
guage theory, as it represents a basic global counting prop-
erty: membership depends on comparing the total occur-
rences of two symbols across the entire input rather than on
local patterns. It is well known to be nonregular and there-
fore cannot be recognized by classical finite automata with
bounded memory. Such equal-count constraints naturally
arise in practical scenarios involving balanced resources, par-
ity checks, or conservation principles. By showing that this
language can be recognized by a 2QCFA with a constant-
size quantum register, we demonstrate that a hybrid quantum—
classical model can verify a nonregular global property with-
out increasing classical memory, thereby highlighting the ad-
vantage of quantum interference in processing aggregate in-
formation.

2 Definitions and Notations

In this section, we give the definitions of 2QCFA. Several
preliminary definitions and notations are also explained. The
reader is referred to [10] for all unexplained notations and
terminologies in language theory.

We use A to denote the empty string, and () to denote the
empty set. For a set (), we denote its power set by 29,



i.e., the set of all subsets of ). We use L_ to denote the
language{ w € {0,1}* | |w|p = |w]|; }. For a random event
E, Pr[E] denotes the probability that E occurs.

For an overview of quantum computing, the reader is referred
to [11; 12; 13].

Definition 1. A rwo-way finite automata with quantum and
classical states is defined by a 9-tuple
M= (Qa Sv E7 97 57 4o, S0, SaC07 Srej)a

where

¢ (@ is a finite set of quantum states;
¢ S'is a finite set of classical states;

* ¥ is a finite set of input symbols. The tape symbol set
isT' = X U {¢,$}, where ¢ ¢ X is called the left end-
marker and $ ¢ X is called the right end marker;

* go € @ is the initial quantum state;
e 5o € S is the initial classical state;

* Sacc € S and S,ej C S are the sets of accepting and
rejecting classical states, respectively;

* O is the quantum transition function:
© : (5/(SaccUSkej)) xI' — UH(Q)) U M(H(Q)),

where U (H(Q)) and M(H(Q)) denote the sets of uni-
tary operators and projective measurements, respec-
tively, on the Hilbert space H(Q) whose basis is iden-
tified with Q. Thus, for (s,7) € (S/(Sacc U Srej)) x T,
the value O(s, ) is either a unitary transformation or a
projective measurement;

e 0 is the classical transition function.
U(H(Q)), then

0 :(S/(Sacc U Srej)) xI' — 8 x {—1,0,1},

where D = {—1,0, 1}, representing movements of the
head on tape T to the left, stationary, and right, respec-
tively. We require that at most one of the D is non-
stationary, which means that a 2QCFA can move at most
one tape head and scan at most one new symbol at a time.
The mapping is interpreted as follows:

5(‘9’ ’Y) € (8/7 d) (ri)

means that if the automaton is in classical state s scan-
ning symbol v € T', then it may deterministically choose
to enter state s’, while the head on tape T moves accord-
ing to d.

If O(s,v) € M(H(Q)) and the set of possible measure-
ment outcomes is R = {ry,7a,...,7,}, then

0 :(5/(Sace USrej)) xI'x R — S x {—1,0,1},

Here,

If ©(s,y) €

(s, '7) (Ti) = (8/7 d)
means that if the automaton is in classical state s € S
scanning symbol v € T, and the projective measure-
ment yields outcome r; (with probability p; determined
by the postulates of quantum mechanics), then it may
deterministically choose to change to state s’, while the
head on the tape 1" moves according to d.

For a 2QCFA, a computation is assumed to halt if and only
if there exists at least one computation path in which an ac-
cepting or a rejecting state can be entered. Let L C ¥* and
0 < e < 1. A2QCFA M recognizes L with one-sided error
€ if

* for every w € L, Pr[M accepts w] = 1, and
* for every w ¢ L, Pr[M rejects w] > 1 —e.

3 A 2QCFA accepting L_

In this section, we prove that L_ can be recognized by a
2QCFA with one-sided error. Our proof is inspired by the
techniques in [8; 14], where several languages were shown
to be recognizable by 2QCNFA(2). The proof for a 2QCFA
accpeting L_ is similar.

Theorem 3.1. Let L = {w € {0,1}* | |w|o = |w|; }. For
any € > 0, there exists a 2QCFA D such that for any input
string w: if w € {0,1}*, then D accepts w with certainty;
ifw ¢ L_, then D accepts w with probability at most ¢ and
rejects w otherwise.

Proof. Let U, and U, be defined as follows:

cosa —sina 0 0 0010

— sina cosa 0 0 — 0001
Ua_( 0 0 cos « sina)7 Ub—<1000>’

0 0 —sina cos 0100

where a = /27 It is straightforward to verify that both U,
and Uy, are unitary. Moreover,

ka) —sin(ka) 0 0
ka) cos(ka) 0 0
0 cos(ka) sin(ka)) ’
0 —sin(ka) cos(ka)
and
(Ua)™Up(Ua)" =

—sin((n—m)a) cos((n—m)a)

0 0 cos((n—m)a) sin((n—m)a)
0 0
(Cos((n—m)a) —sin((n—m)a) >

sin((n—m)a) cos((n—m)a) 0 0

We construct a 2QCFA D with four quantum basis states
{lgo) s 1q1) s |g2) ;|gs) }, where |qo) is the initial state. The
unitary operators U, and Uy}, act as follows (here o = V2r):

Ualgo) = cosar |qo) +sine |q1),  Usplgo) = [g2)
Ua|q1) = —sina |qo) +cosa |q1),  Uslqr) = [g3),
Ualgz) = cosa |qz) —sina |g3),  Uplge) = |qo),
Ualgs) = sina |go) +cosa|gs),  Uslgs) = |q1)-

The behavior of the 2QCFA D is illustrated in Figure 1.

Lemma 3.1. For any input w in the form of L_, if |w|y =
|wl1, then after Step 5(b) of Figure 1, the quantum state of D
will reach |go) with certainty.



For any input w € {0, 1}*, repeat the following procedure ad
infinitum:

1. Let w be the input string on the tape 7'. Move the tape
head to the leftmost marker ¢.

2. Set the quantum state to |qo).
(a) Move the tape head of T" one square to the right.
3. While the currently scanned symbol of 7" is not $, do:

(a) If the currently scanned symbol of 7" is 0, perform
U, on the quantum state.
(b) Move the tape head of T one square to the right.

4. When the currently scanned symbol of T" is $, perform
Up, on the quantum state.

(a) Move the tape head of T" one square to the left.

5. While the currently scanned symbol of 7" is not ¢, do:
(a) If the currently scanned symbol of T is 1, perform

U, on the quantum state.

(b) Move the tape head of T one square to the left.

6. Measure the quantum state. If the quantum state is not
|g2), reject.

7. Repeat the following 2 times:
(a) Move the tape head of 7" to the first input symbol.
(b) Move the tape head of T" one square to the right.

(c) While the currently scanned symbol is not ¢ or $,
simulate a coin flip:

i. If the result is heads”, move to the right.
ii. If the result is “’tails”’, move to the left.

8. If both times the process ends at the right end-marker $,
simulate %k coin-flips:

(a) If all results are “heads”, accept.
Figure 1: A 2QCFA for L—

Lemma 3.2. For any input w € {0,1}*, let n = |w|, u =
|wlo, and v = |w|y. If u # v, then D rejects after Step 6 of
Figure 1 with probability at least
1
20u—v)2+1°

Proof. For any input w in the form of L_, since we only mea-
sure the quantum state of D after step 5(b) when the classical
state is s5. So, for each measurement, the quantum state must
reach the form

|(]> = (Ua)v Us (Ua)u ‘q0>
= cos(V2 (u — v)7) |g2) + sin(v/2 (u — v)7) |gs).

Hence, the probability of observing |gs3) after a single mea-
surement of Step 6 is

sin2(\@ (u—v)m).

We know that |[v — u| > 0. Let [ be the closest integer to
V2 (v — u). We aim to show that

1

.2

Sin (\/§ ('LL — ’U)ﬂ') > m

Here, we only prove the case when V2 (v —u) > [; the case
V2 (v —u) < [ is analogous. If v/2(v — u) > I, then 2(v —

u)? —1>1%sothat] < /2(v —u)? — 1.

Hence,

V20 —u) =1 > V2(v—u) — /2w —u)? -1
1
B \@(vfu)Jr 2w —u)2—1
~ 2V/2(v —u)’

Because [ is the closest integer to v/2 (v —u), we have 0 <
§ < i, where

b= V2(w—u)-L
Define f(t) = sin(mt) — 2t. On [0, 3],
f0)=0, f(3)=1-1=0,

so f is concave with zeros at the endpoints, hence f(t) > 0
on [0, 3]. Therefore,

f//(t) = g2 sin(ﬂ't) <0,

sin(rt) > 2t fort € [0, 3]

Taking ¢ = ¢ and using the bound § > obtained

o
2v/2(v — u)

above, we get

sin2(\/§(u —v)m) = sin2((\/§(v —u) — l)m) = sin®(76)

2 2 1

” (2\/5(11-1})) -~ 2(u— )2
1

~ 2w —v)2+1°

O

Lemma 3.3. The acceptance probability after step 5(b) is

1
2k(n + 1)2

where n is the input length.

Proof. Step 7 performs a random walk twice, starting from
position 1 and aiming to reach position n + 1 (the right-end
marker $). From probability theory, it is well known that the
probability of reaching position n+1 is nj_l . Step 8 performs
k independent coin flips, each yielding “head” with probabil-
ity 4. O

The remainder of the proof follows similarly to the argument
in [8], which demonstrates the existence of a 2QCFA that



accepts the set of all palindromes. By the lemmas above,
we conclude that for any input w, the reject probability af-
ter step 6 is

Pej=0 ifwelL_,

and otherwise L

2(u—v)2+1

The acceptance probability after step 8 is
1

2k(n+1)2"

Prej >

Pacc =

This sequence of steps is repeated indefinitely, causing D to
eventually reject with probability

Pr[D rejects w] = Z(l — Pace)’ (1= Pogj)’ Py~ (1)
>0
Prej

= . )
Pacc + Prej - PaccPrej

and accept with probability
Pr[D accepts w] = Z(l — Pace)’ (1 = Pogj)? ™ Pace (3)
Jj=0
_ Pacc - Paccprej
Pacc + Prej - PaccPrej '

“

These probabilities sum to 1, and the probability of accep-
tance is therefore 1 when w € L_. If w € L_, the
Pr[D rejects w] = 0 because if w is in the language the
P.ej = 0, causing the probability to become 0, and the ac-
ceptance probability P,.. = 1. Otherwise:

Letk =1+ [log, 1|, sothate > 1. So,
€

Pacc < 07—
~ 2(n+1)2
Hence,
Pr[D rejects w] Pre; )
r|D rejects w| =
! Pacc + Prej - PaccPrej
Prej

> - 6
Pacc + Prej ( )
>1—e. @)
]
If we assume that the input w = L_ where |w|g = |w|,

then step 3 and 5 take O(n) time exactly, and loops 7 and
8 take O(n?) time. The expected number of repeating the
algorithm is O(n?). Hence, the expected time complexity of
the algorithm is O(n*).

4 Conclusion

In this paper, we investigated the computational capabili-
ties of two—way finite automata with quantum and classical

states (2QCFA). We presented a concrete construction, using
4 qubits, demonstrating that the language

Lo ={we{0,1}" | |w|o = |w|;}

can be recognized by a 2QCFA with one-sided error. The
construction relies on carefully designed unitary transforma-
tions that encode the difference between the number of Os and
1s in the input into the quantum state, allowing the automa-
ton to distinguish members and non-members of the language
with arbitrarily small error probability. This construction op-
erates at a time complexity of O(n?).

This result illustrates the usefulness of hybrid quan-
tum—classical models of computation. Even with a very small
quantum component and finite classical control, a 2QCFA can
recognize nontrivial languages using probabilistic and quan-
tum interference techniques. Our proof also highlights how
simple unitary operations and repeated classical control flow
can be combined to amplify correctness probabilities.
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ABSTRACT

Robots are frequently used to tackle “find-and-
retrieve” problems like warehouse packing and
search-and-rescue operations. Employing
multiple robots on the same problem requires
coordination of both information and movement.
While the most optimal solutions rely on a
centralized camera view for coordination, this is
not always a realistic prerequisite depending on
budget and environment. We propose a grid-
based coordination system that relies on
distributed robot communication to search an
unexplored area, thereby minimizing human
intervention. Through Java simulations, we
demonstrate that our multi-robot approach
results in an average task completion time 18-
23% faster than can be achieved by a single
robot.

KEY WORDS
Robotic path-planning; multi-robot coordination;
distributed systems; heuristics.

1. Introduction

Robots are frequently employed in
search-and-rescue operations to aid human first
responders while minimizing the risk to human
life [1]. Some hardware designs, such as snakes,
allow the robots to navigate terrain that a human
could not. However, even when the terrain is
technically traversable on foot, it can be unstable
or contaminated, necessitating the use of robots
to preserve the safety of the human first
responders. The time of each human is valuable
as well, as the less time a human spends on
robot-assignable tasks, the more time they can
spend administering first aid or communicating
logistics with the rest of the rescue team.
Therefore, any robot that is tasked with
searching for victims should do so in a way that
minimizes the time the robot operator must
spend servicing the system.

Using robots for warehouse picking
provides a similar problem with fiscal
consequences instead of vital ones. Online
shopping is now an expected part of society that
carries with it the expectation of reliability and

reasonable speed. After items are distributed to
large warehouses across the country, individual
orders must be fulfilled through finding various
items across the warehouse. Items are located by
first dividing the warehouse floor into zones,
then assigning robots to particular zones (and
routing their paths) in a way that minimizes
travel distance and time. This picking process
comprises about half of all warehouse operations
[2], so if picking robots can be routed more
efficiently, then the company and its customers
will benefit from faster order fulfillment times.

Both of these applications depend on
solving the Traveling Salesman Problem (TSP)
using multiple agents. The TSP is known to be
NP-Hard given that the Hamiltonian path
problem is proven to be NP-Complete [3]. This
necessitates the development of one or more
heuristic methods to solve the TSP in various
environments. The TSP also depends on a
reliable method to find the shortest path in a
given set of nodes, for which A* search [4] is
commonly used.

When considering the assignment of
targets to robots, the system can either be
centralized or distributed. In a centralized
system, some primary entity can access all
information collected by all agents; this entity
then uses that information to build a complete
model of the current environment state.
Developing algorithms for this model often
results in a close-to-optimal solution. However,
for multi-robot coordination, this model is
sometimes unrealistic (consider a natural disaster
in a remote location with no cell service) and
contains a central point of failure; if the central
computer fails, then the agents dependent on its
direction are lost. Distributed systems are
designed to avoid these problems by supplying
each agent with an algorithm that learns locally.
If one agent fails, the others can keep operating
as usual; and agents can still learn from each
other using local communication.

In this work, we propose a distributed
coordination system for multiple robots to plan
their paths in a grid environment. Each robot
maintains its own map as it explores unknown
sections of the grid map, which it can



opportunistically share with nearby robots using
RFID technology [5]. In Section 3, we
thoroughly describe this system for both the
single- and multi-robot cases. We compare the
results of these cases in Section 4 using Java
simulations. This work was completed as part of
a semester-long independent study on multi-
robot systems.

2. Related Works

Search-and-rescue  scenarios usually
involve multiple robots searching for multiple
targets or victims. Smaller robots can be
modeled as swarms in particle swarm
optimization, though this relies on the targets
broadcasting some sort of signal (auditory,
visual, or thermal) to attract the bots’ attention
[6]. If the group is composed of robots with
differing capabilities (heterogeneity), then some
areas may be reachable by one bot but not the
other. Thus, developing a reachability map for
each bot can be useful, as in Pereira et al. [7],
where the goal is to explore/traverse the entire
map instead of looking for specific targets.

The process of warchouse picking also
consists of more than one subproblem. Some
work focuses on distributing tasks among a robot
fleet, abstracting away many details about how
each of those tasks is completed [8]. Others [2]
address the location and similarity of picking
orders in order to increase the efficiency of the
order-packing stations.

Some prior works focus on a centralized
system for planning multiple robot paths; the
bird’s-eye view often results in a more optimal
solution. Luna and Bekris [9] propose a graph-
based system that models potential robot
locations as graph nodes and focuses on
resolving potential collisions through swapping
the locations of robots. This solution performs as
well as A*-related techniques, though is more
suited to denser environments with a higher
chance of collisions between robots. Another
system optimizes the allocation of various
search-and-rescue targets among a fleet of bots,
reallocating tasks should one or more bots be
destroyed due to hazardous conditions [10].

Due to space and resource constraints, a
centralized bird’s-eye view is frequently
infeasible. Therefore, much work has been done
towards solving these problems in a distributed
fashion. Claes et al. [11] propose using Monte
Carlo Tree Search for assigning warehouse

picking tasks (that is, assigning goal locations)
dynamically to a fleet of robots, simulating the
continuous arrival of picking orders. In search-
and-rescue, the searchable area is usually
unknown or obscured; Chen et al. account for
this by first using a variant of Lloyd’s algorithm
to divide the area into cells, then directing each
bot to travel towards the frontier of each cell for
maximum coverage [12]. This work focuses on
tracking moving targets rather than establishing a
fastest route to a stationary target. Other work
[13] centers around distributed inter-robot
communication: neighboring robots within a
certain distance coordinate their planned routes
to avoid collisions while traveling between a
series of stations. However, the locations of
borders and obstacles are assumed to be known
ahead of time.

3. System Overview

Locations of robots and targets are mapped
on a grid layout. Each robot completes its task by
executing two guaranteed phases: exploration
and base returning. There are other possible
phases as well to aid in inter-robot
communication. To find neighbors more quickly,
a pinging system is introduced such that robots
can purposefully approach each other for near-
field exchange of map data.

3.1 Grid System

To model this problem in a simulation
setting, the real-world environment must first be
discretized. The explorable area (assumed to be
finite) is first broken down into a grid of tile
squares with X and Y coordinates [14]. The total
dimensions of the area can be assumed to be
known ahead of time, either through the
dimensions of the warehouse or the human-
defined boundaries of a disaster area. The size of
each tile is a little larger than the size of the robot
(that is, if the bot is about 2 feet in diameter, then
each tile is 3 feet on each side). The advantage of
choosing this dimension is that each tile can only
ever be occupied by one bot, and two bots can
pass next to each other without colliding. Each
tile is also either traversable or non-traversable.
Traversable tiles are an open path where a robot
can safely move about, and non-traversable tiles
represent obstacles.



3.2 Robotic States

In order for individual robots to succeed in
grid traversal target finding, and cooperation,
they must be able to alter their behavior for the
corresponding task. We model this through
different "states" the robot can exist in. Each
robot can exist in one of the following states at a
time: exploration, base returning, target
approaching, robot approaching, or waiting. The
robot approaching and waiting states are
involved solely in the communication between
different robots. The exploration and retrieval
logic is developed in the remaining states. Each
robot in the system also maintains an individual
copy of the grid system they are traversing. This
grid begins empty and is populated and
timestamped with each node the robot moves to.
This map mainly receives information during the
exploration state.

3.2.1 Exploration

Each robot uses a depth-first approach

to exploring unmapped areas [15]. Initially, the
placement of each robot’s target is unknown to
it, so there is no direct path to guide a robot’s
basic exploration. The exploration logic is based
on a visited list and a stack of adjacent nodes. An
adjacent node is popped off the stack and added
to the visited list, and the neighboring nodes of
the most recent one are added to the adjacent
stack. This has a time complexity of
approximately O(n), where n is the total number
of squares in the grid, since the general worst-
case scenario is for a robot to search the entire
grid to find its target. This is a loose
approximation, as due to the physical nature of
the robots, a robot must occasionally backtrack
through previously explored nodes to reach
unexplored nodes.

3.2.2 Base Returning

Each individual robot has a state dedicated
towards the traversal back to their starting
position after finding the target. This serves to
model search-and-rescue scenarios where the
machine must report back the position of an
item, or warehouse applications where they must
grab the target itself and bring it back. This logic
employs the A* algorithm, where a heuristic is
used to determine the shortest path between two
points. Each robot finds the shortest path they
can take using their personal map of known
nodes.

3.2.3 Target Approaching

During the course of the grid traversal,
robots are designed to merge map data with other
robots. Consequently, merging map data will
occasionally result in the revelation of a target’s
location that was previously unknown. When
this is the case, the robot will enter this target
approaching state, finding the shortest path to the
target using its updated personal map of the grid.
This logic also implements the A* algorithm as
the known position of the target supplies the
heuristic.

3.3 Single-Robot Traveling Algorithm

Each robot employs the A* algorithm in
order to find a quick route to its target when the
target’s location is known. This algorithm has
utility in our model as it is flexible (allowing for
different heuristic goals) and works well with
obstacles like the ones accounted for in our
model. Although A* typically requires larger
memory storage [16], this algorithm still proves
most optimal in scenarios where the explored
area is well-known, like in our model where map
data is shared among robots and this algorithm is
only used to traverse to known spots. The high
modularity of this system and the reduced time
required also make this algorithm more optimal
for grid-based multi-robot coordination. Our
system utilizes a Manhattan heuristic within the
A* search, which is appropriate given the 4
directional mobility of the robots in our system.

3.4 Multi-bot Communication

A central aspect to our model is our
distributed multi robot system of
communication. We use a pinging system that
allows robots to broadcast their location and
specific ID to other robots in a specific radius.
Once a viable robot is found, the broadcasting
robot will stop exploring, and the receiving robot
will maneuver the grid system to the broadcasted
location. Once the two robots are on adjacent
nodes, they can merge information. This
involves the population of personal grids and
the sharing of map information such as the
placement of found targets. If a robot has found
the target of another robot, it is stored in map
memory; when a merge happens with another
robot, this information is transferred.

This broadcasting logic for robots to
approach each other is necessary for information
to be transferred through RFID chips, which



utilize near-field communication. Although
certain RFID chips exist for communication at
slightly farther distances, most are only capable
of reading or writing from a few centimeters
away [5]. Thus, any two robots must be in very
close proximity to communicate. This proximity
is a requirement that does not naturally occur
often enough in larger environments, as we
discovered experimentally. To create these
contact events between robots, then, the robots’
behavior must be coordinated. The pinging
system in our model allows any individual robot
to orchestrate contact events naturally and
without the need for a centralized system to plan
them [17].

To measure the speed at which robots find
their targets, we model the passage of time as
discrete timesteps, with one tile of movement
taking exactly one timestep to execute. This
ensures accuracy when coordinating robots to
approach each other.

3.4.1 Requirements for Ping Event

Robots have specified ping intervals that
dictate how many movements are made before
they broadcast a ping to the surrounding nodes.
In Section 4, we found the length of these
intervals to be very influential in the speed of
goal completion. When a ping is sent, the
broadcasting robot detects any other robots in the
ping range. The closest one that has not
exchanged maps with the broadcasting robot
within several hundred timesteps, and has not yet
found its target, is set to an approaching robot
state. The broadcasting robot then stays on its
square until the approaching robot has made
contact with it.

3.4.2 Approaching and Waiting State

The waiting state is used exclusively by
broadcasting robots, and it simply means that
during a timestep, the robot does not move and
rather waits to be reached by the approaching
robot. This is necessary as both robots
approaching at the same time allows for infinite
loop scenarios, especially in regards to
simultaneous maneuvering around obstacles. The
approaching state is used by a robot when it has
been pinged by another robot and is currently
attempting to approach it. This logic uses the A*
algorithm with the same Manhattan heuristic,
although due to the unknown nature of the target,
the robot must be able to traverse through nodes
not already marked in their personal map. This is

different than target or home approaching logic
that only uses a subset of known nodes to travel.
This system creates an imagined A* path from
the robot to the target through unknown nodes; if
the robot comes across an obstacle or a
boundary, it recalculates the path with the new
knowledge and continues attempting to
approach. This uses the benefit of the heuristic
provided by the known location while also
accounting for the unknown nature of the
environment. Once it reaches the broadcasting
robot, the two bots merge information.

4. Evaluation

In this section, we evaluate the effectiveness
of distributed multi-robot coordination against
the single-robot case using simulations
developed in Java.

4.1 Simulation Setup

We evaluate the effectiveness of our
approach under various scenario settings (see
Table 1). We chose to evaluate three distinct
variables in order to see the use cases for which
our system is most optimal. These variables are:
the number of robots, the size of the grid, and the
length of ping intervals. Modest numbers have
been chosen for each to simulate a small-scale
operation (of either the search-and-rescue or
warehouse variety).

Variable Settings
Number of Bots 1,2,5
Grid Sizes 10-by-10, 20-by-20
Ping Interval Length | 10, 25, 50 timesteps

Table 1: Scenario Settings
4.1.1 Number of Robots

Varying the number of robots allows us to
analyze how our multi-robot communication
functionality works across different quantities.
Distributed systems excel in their modularity and
flexibility, especially with regards to the number
of and generic nature of robots involved. Testing
for varying numbers of robots ensures that this
model is utilizing the benefits provided by its
distributed nature.




4.1.2 Size of Grid

The size of the area being searched is a
crucial variable in determining the scalability of
this system. Issues such as lack of points of
contact and efficiency in exploration are made
more evident when running in large areas, such
as warehouses or search-and-rescue landscapes.

4.1.3 Ping Interval

The interval at which a robot sends out
broadcasts for contact has implications for the
ratio of timesteps spent in communication states,
such as "Waiting" or "Approaching Robot", as
opposed to an "Exploration" state where new
nodes are being discovered. This ratio is
fundamental to how quickly each robot
completes its goal, and therefore how fast the
system as a whole runs. These pings are also set
to broadcast to all robots that are within a certain
radius of the broadcasting robot. This radius is
set to be a quarter the size of the map
(experimentally determined to provide a
balanced tradeoff for communication and
exploration states).

4.2 Simulation Results

The simulation results are each the result of
ten separate simulation runs averaged together.
For each of the two grid sizes, targets were
randomized, but the boundaries were established
to be the same for all 10-by-10 grid simulations.
The same process was done for the 20-by-20
simulations.

Figure 1 displays an inverse relationship
between the quantity of bots and the average
amount of time steps needed for an individual
robot to complete a task. We observed a 19%
increase in speed by moving from one robot to
two robots. We noticed a much smaller increase
in speed by moving from 2 robots to 5, which
resulted in a 3% increase. This large increase
between 1 bot and 2 bots can be attributed to the
lack of cooperative functionality in single robotic
systems. A single robot has no neighbors to ping,
so regardless of the ping interval, it never shares
information with another robot. The introduction
of a basic cooperative functionality into this
system immediately speeds it up significantly.
We also observed a slight increase in speed when
the 25 timestep ping interval was used as
opposed to the 10 or 50 timestep intervals. This
implies that there exists a benefit of cooperation
for a moderate ping interval - not so infrequent

that time gains are minimal (50), but also not so
frequent that too much time is spent in an
exploring state (10).

Average Task Completion Time per Bot,
10-by-10 Grid Size
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Figure 1: Average time for each robot to find
its target and return to home base on a grid
with 10 tiles on each side (for the 1-, 2-, and 5-
bot cases).

For the 20-by-20 grid size (Figure 2), there
is a similar trend to the 10-by-10 case. An
increase in the number of bots increases the
speed of task completion, and we see the same
increase in speed for a medium-length ping
interval of 25. We also see a higher increase in
speed from the 2-bot simulations to the 5-bot
ones as compared to Figure 1. The 20-by-20
simulations display a 23% increase in speed
from 1 robot to 2. We also see an 18% increase
from 2 robots to 5. This is in contrast to the
previous 18% and 3% respectively. This data
implies that increases in the number of
cooperating robots is most effective in larger
grids that have more unexplored areas.
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20-by-20 Grid Size
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Figure 2: Average time for each robot to find
its target and return to home base on a grid
with 20 tiles on each side (for the 1-, 2-, and 5-
bot cases).



Figure 3 displays the difference between
average task completion times and final task
completion times. Average task completion is
calculated by taking the timestamps of when
each robot finished their task and averaging them
together to find the average time of task
completion. Final task completion is the time the
final robot finished its task, resulting in the
system as a whole being completed. The average
task completion times were used for Figure 1 and
Figure 2 due to the effect of outliers on final task
completion times (especially since the last robot
can lose the help of neighbors in locating its
target). In Figure 3, the difference between the
average time and final time is stark: the last robot
takes 50-100% more time to complete its task
compared to the average case. In distributed
systems where cooperation between robots is
dispersed, the rate of incoming information can
be randomly higher or lower for any given bot.
Measuring the system by its slowest component
doesn’t allow us to see the effectiveness of the
distributed system as a whole. The final task
completion times are also not directly correlated
with the number of bots; the final time for the 5-
bot case was slightly lower than the 2-bot case
(potentially due to more map exchanges with the
greater number of bots on the field).

Average vs. Final Task Completion Times
20-by-20 Grid, 25-timestep Ping Interval
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Figure 3: Comparison of average completion
time per bot to the last completion time of the
final bot to return to home base (on the 20-by-
20 grid with a ping interval of 25 timesteps).

5. Conclusion

In this work, we propose a distributed multi-
robot system to tackle search-and-retrieve
problems (including warehouse packing and
search-and-rescue) such that human intervention
is minimized. Robots explore an unknown, finite
area while periodically exchanging information
with their neighbors to find their targets.

Through  Java  simulations, distributed
cooperation is shown to speed up task
completion by 18-23% as compared to using a
single robot for the same task. Future work will
include experimenting with multiple robots
working towards the same goal and
implementing the system on physical robots. A
deeper study will also be conducted on the effect
of ping intervals on the speed of our system,
especially optimizing this interval under a
greater variety of grid layout scenarios.
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Abstract—The economic viability of SpaceX’s Starlink
broadband system when applied to developing countries is
evaluated through an assessment of infrastructure requirements,
long-term sustainability, and affordability. Starlink’s low-Earth-
orbit (LEO) satellite architecture can offer a potential alternative
to mobile broadband networks and traditional fiber
infrastructure, particularly in regions with geographic barriers
that severely restrict connectivity. However, rising power
demands, increasing hardware costs, recurring subscription costs,
and accessibility challenges raise questions about the affordability
of Starlink for low-income households. Cases of three countries,
viz. Nepal, Venezuela, and Burkina Faso were analyzed to offer
empirical insights into consumer affordability, adoption patterns,
and Starlink's operational performance across a variety of socio-
economic conditions.

I. INTRODUCTION

Modern broadband connectivity is now a foundational
requirement for digital inclusion and economic development.
However, access to affordable and reliable internet still remains
disproportionate  across underdeveloped regions. The
International Telecommunication Union (ITU) estimates that
the total number of people who remain offline worldwide
reached 2.6 billion [10]. ITU claims that the majority of this
offline population resides in low- and middle-income countries,
where household affordability is limited, and broadband
infrastructure is underdeveloped [10]. Structural barriers also
exist that impede the expansion of terrestrial and fiber networks.
Some of these barriers include high deployment costs, limited
national investment, and low population density in rural areas of
the region. The World Bank notes that numerous regions in
South Asia and Africa require fiber infrastructure that is likely
to be up to 10 times more expensive than Starlink options. The
return on investment is also significantly lower due to the
drastically reduced purchasing power of the average consumer
when compared to developed economies [22].

SpaceX’s Starlink broadband system provides a modern,
fundamentally different paradigm for connectivity. Instead of
relying on cellular infrastructure, ground-based fiber, or
microwave towers, Starlink utilizes a LEO satellite constellation
[17]. This helps to deliver low-latency broadband service and
high throughput. As of 2025, SpaceX has launched more than
10,000 satellites, with an estimated 8,800 still likely active in
orbit. This spans the V1.0, V1.5, and V2 Mini generations
included in the constellation [ 17]. Optical inter-satellite links are
incorporated into the constellation along with orbital shells and
array antennas. These features are designed to reduce latency
and provide global coverage relative to traditional geostationary
(GEO) systems. Public filings from SpaceX to the FCC indicate

that beam reuse and capacity will be further expanded to support
urban areas with a higher user density [19].

The appeal of LEO broadband in developing countries lies
in its ability to navigate geographical infrastructure challenges.
Countries such as South Sudan, Nigeria, Haiti, and Nepal face
major geographic obstacles, including mountainous terrain,
dense forests, and degradation caused by internal conflict. These
obstacles slow terrestrial network deployment and significantly
increase the total cost per user, thereby impacting affordability
for the average consumer. ITU’s Measuring Digital
Development report concludes that 50% of rural Africans live
beyond the scope of modern fiber infrastructure [10]. In turn,
this leaves a large part of the African population dependent on
congested 3G/4G networks or on costly fixed-wireless
providers. To address this issue, Starlink’s satellite-based model
makes broadband access in regions where traditional Internet
Service Providers (ISPs) cannot profitably operate theoretically
possible, provided it is adopted correctly [7, 16].

Despite Starlink’s technical promise, its economic viability
for developing countries remains uncertain. The service requires
monthly  subscription fees that often exceed local
telecommunications prices, expensive user terminals with one-
time fees, and stable electricity, which is often not available in
rural areas of developing countries. None of these conditions is
widely available in low-income regions. Early Starlink
deployments highlight this gap. Nigeria, the first African
country to approve Starlink, had a one-time hardware kit cost of
approximately $405 and a monthly subscription of $26 [20, 7].
For households living below or near the national average GNI
per capita, roughly $2,200 annually, this represents an
unreasonable share of disposable income. The Broadband
Commission’s affordability research recommends that entry-
level broadband should not cost more than 2% of monthly GNI
in low- and middle-income countries [3]. This threshold is
exceeded by Starlink in nearly all surveyed developing
countries.

Comparing Starlink to existing connectivity options further
complicates this economic position. In Southeast Asia, Africa,
and parts of Latin America, mobile broadband is widely
available, with an average monthly cost of $5 to $15 for basic
data plan bundles [18, 26]. Although mobile broadband’s
latency and speeds are typically inferior to Starlink's, terrestrial
alternatives remain cheaper in their regions. Fixed wireless
providers that operate using last-mile radio links and microwave
backhauls offer monthly rates in the $10-$20 range for these
regions. These prices are far below the cost threshold for average
consumers to adopt satellite broadband services. In contrast,
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fiber connectivity remains extremely limited to urban areas but
is subsidized by private operators, creating a competitive price
disadvantage for Starlink. The Global System for Mobile
Communications  Association (GSMA) conducted a
comparative analysis indicating that the most influential factor
in the adoption of broadband services is price sensitivity [26].
As a result, technical performance alone is not a strong enough
driver of mass adoption when significant affordability gaps exist
[1,3].

One of the central determinants of Starlink’s long-term
viability, especially in developing countries, involves the cost
structure. Starlink incurs substantial capital expenses annually
for launch operations, satellite manufacturing, regulatory
lobbying, licensing, and ground station installation. Public cost
models predict SpaceX’s total investment in Starlink exceeded
$11 Billion in launch expenditures and manufacturing alone [17,
19]. This does not factor in orbital repositioning, satellite
maintenance, fleet replacement, which is estimated every five to
seven years, or other underlying factors that will further increase
long-run operational costs. Starlink’s economic sustainability
largely depends on stable revenue generation, user adoption, and
overall utilization worldwide. Profitability in low-income
markets is uncertain, with most reports providing only rough
estimates, particularly in areas where disposable household
income limits the feasibility of Starlink’s pricing window. The
Organization for Economic Co-operation and Development
(OECD) found that satellite operators incur higher per-user
operating costs than terrestrial ISPs [18]. It is largely due to
constrained bandwidth capacity in certain regions and the need
to maintain expensive ground infrastructure [18].

Case studies can be evaluated to offer early insight into
Starlink’s feasibility. In Kenya, Starlink’s deployment included
institutional partnerships to support school connectivity,
primarily for Information and Communication Technologies for
Development (ICT4D) programs, using a shared-access model
to reduce the total cost per user [7], [25]. In Haiti and South
Sudan, where numerous regions face political instability and
declining infrastructure, Starlink adoption is primarily limited to
Non-Governmental Organizations (NGOs), businesses that
require Starlink for critical operations, and households living
above the economic norm. Nigeria is a perfect case study, with
higher-income urban households adopting Starlink, while rural
areas lag behind due to high costs and unreliable electricity.
These patterns show that Starlink adoption correlates with
current provider availability, income, and electricity reliability
rather than technology capabilities alone [7,16].

Looking ahead, Starlink announced regulatory clearance in
countries such as Venezuela, Nepal, and Burkina Faso, where
Starlink is currently unavailable. These regions are
characterized by challenging terrain, low GNI per capita, and
political instability [5, 12, 24]. Predictive models using GNI per
capita, population, and current satellite capacity assumptions
estimate that adoption in these case studies would require
additional constellation capacity. It is especially true in
Venezuela and Nepal due to high urban density and
mountainous terrain. Whether such constellation capacity
expansions are economically viable depends on revenue
projections, subscription levels, and long-term profit margins.

The economic viability of Starlink for developing countries
rests on the affordability of the population, the long-run cost of
infrastructure maintenance, current competition with fiber
networks and ISPs, and the feasibility of maintaining a steady
revenue stream in low-income regions. These challenges are
fundamental for evaluating Starlink’s projected role in global
broadband expansion.

The rest of the paper is organized as follows: Section II
discusses the adopted research methods and research objectives,
Section III identifies key metrics such as affordability target and
affordability ratio, and case studies of Burkina Faso, Nepal, and
Venezuela, Section IV analyzes the projected costs, revenues,
and financial performance of Starlink, Section V discusses long-
term cost of Starlink deployment, Section VI discusses how
Starlink differ from traditional internet infrastructure, Section
VII summarizes findings and we conclude the article by
conclusion in Section VIIL.

From hereinafter, all cost or price values in this article are
expressed in U.S. dollars.

LIST OF ACRONYMS
LEO Low-Earth Orbit
GEO Geostationary

ISP Internet Service Providers
GNI  Gross National Income

GSMA Global System for Mobile Communications
Association
OECD  Organization for Economic Co-operation and
Development
ICT4D Information and Communication
Technologies for Development
NGO Non-Governmental Organizations

ICT Information and Communications Technology

UNCTAD  United Nations Conference on Trade and
Development
OPEX Operational expenditure

ITU International Telecommunication Union

II. METHODOLOGY

The research component and analysis use a desk-based,
mixed-method approach that draws on current literature reviews
and reputable sources, economic comparisons, and quantitative
modeling to assess the viability of Starlink in developing
countries and its economic impact. The methodology provides
evidence-based insights into deployment feasibility,
affordability, and comparative performance against current
infrastructure. This avoids conducting household surveys or
fieldwork to make general assumptions without sacrificing
accuracy. Using publicly available technical documentation,
demographic and global income data, satellite constellation
statistics, and affordability standards, a baseline can be created
for affordability thresholds and adoption projections. Peer-
reviewed studies on Information and Communication
Technology (ICT) and broadband adoption were used as key
sources.



The overall analysis is guided by the following research
questions:

i What is the affordability and accessibility of Starlink for
typical consumers in developing countries?

ii. What are the projected costs and revenues of deploying
Starlink infrastructure in developing countries, and is it
profitable for SpaceX?

iil. What is the potential financial performance of Starlink
operations in developing countries?

iv. What is the cost of Starlink over the long run?

v.  How does Starlink compare to current infrastructure,

including ISPs and fiber options, considering future and
current trends?

The overall objective of the research aligns with these
questions, including the affordability conditions and
summarized connectivity within developing countries.
Technical, pricing, and operational characteristics are evaluated
in light of individual household affordability. Long-term costs
and potential revenue streams associated with deploying
Starlink in developing countries are compared with those of
existing wireless and terrestrial broadband infrastructure. This
assesses Starlink's performance, cost, and scalability.

Understanding  digital connectivity conditions and
affordability thresholds for developing countries included
reputable sources. Notable sources include the ITU’s report on
affordability metrics, mobile and fixed broadband baskets, and
global broadband deployment [10, 12, 13]. Cost structures and
data for regional broadband adoption were gathered from ITU,
the United Nations Conference on Trade and Development
(UNCTAD), the World Bank, and the Alliance for Affordable
Internet [1, 2, 22]. Academic studies were also analyzed for
examining rural ICT deployment challenges and satellite
solutions compared to broadband [6, 15, 25]. Mobile broadband
and fixed broadband baskets defined by the ITU were compared
with existing service costs against the target affordability
benchmark. This included the Broadband Commission for
Sustainable Development Target 2, which recommends that
broadband service costs should not exceed 2% of monthly GNI
per capita [3]. This provides the foundation for considering
whether Starlink could be a feasible option for rural and low-
income area households and institutions.

Alongside the affordability review, operational and technical
information related to Starlink was collected from multiple
sources. This included SpaceX’s technical specifications, launch
tracking data, and constellation status reports [17, 19]. Together,
these sources provide estimates for orbital altitudes, current
satellite numbers, user terminal specifications, per-country
pricing, and global coverage areas. Country-specific pricing data
were estimated using publicly available information to account
for taxes, currency fluctuations, and service plan tiers [5]. The
national GNI per capita and population data help to highlight the
affordability of Starlink relative to household income. This data
was obtained from the World Bank’s World Development
Indicators database. The database enabled the calculation of
Starlink’s estimated user cost relative to the average household
income [2, 24].

The quantitative analysis comprises two levels: a satellite
capacity allocation model and an affordability evaluation.
Affordability was assessed by comparing the one-time
equipment cost and the monthly subscription fee to the average
monthly household income.

A. Affordability Ratio

The Affordability ratio assesses whether the Starlink service
can realistically be maintained by the typical household in a
developing country. The metric represents the monthly income
required to cover the cost of the Starlink subscription. It is
calculated as:

Af fordability Ratio (%)
_ (Monthly Subscription Cost) » 100
h Monthly GNI Per Capita

Monthly Subscription Cost is the recurring Starlink fee, which
varies based on the service tier — high performance, business, or
residential. Monthly GNI per Capita is calculated by dividing
the country's GNI per capita by 12, representing a year. This
provides a monthly income reference point [2, 24].

Utilizing this ratio standardizes how affordability across
countries compares to a varying income level threshold. The
metric is multiplied by 100 to convert the result from a decimal
fraction to a percentage for easier interpretation. Multiple
scenarios were also factored into the subscription tier variation,
shared-access models in which cost was redistributed across
multiple institutions or users, and subsidy considerations to
offset equipment and monthly costs.

B. Estimating Satellite Capacity

Satellite capacity requirements were estimated using a
population-based allocation methodology. This accounts for the
expected adoption rates among potential users and the
concurrent network usage.

SatellitesRequired
_ National Population * Assumed Adoption Rate

B Est.Users Per Satellite

The National Population represents the total estimated
population of the country. Assumed Adoption Rate factors in a
fraction of the population that is expected to subscribe to the
Starlink service. For this capacity estimation, 10% of the
population was assumed to adopt Starlink. The Estimated Users
per Satellite represents the typical capacity of a single satellite
to support simultaneous users. This capacity derives from
Starlink’s technical specifications and operational analysis [17,
19].

The above equation establishes a baseline estimate for the
total number of satellites required to serve an anticipated number
of users. This formula does not consider simultaneous peak
demand. To adjust for peak concurrent usage, a concurrency
factor is applied.

AdjustedSatellites
= SatellitesRequired x ConcurrencyFactor

The Concurrency Factor represents the proportion of
Starlink subscribers likely to use the network simultaneously at



peak times. For this requirement estimation, 30% of subscribers
are considered to use the network simultaneously at peak times.
This factor is necessary to ensure the network maintains
performance while having sufficient user capacity during
periods of high demand.

C. Subscriber Statistics

Subscriber data for Starlink included the estimated number
of users by country and region. Data was obtained from a
publicly available dataset provided by Est Research & Advisory
via the Starlink Country Data Tracker [7]. The data tracker
aggregates monthly and quarterly estimated subscriber counts
globally. This is further broken down by region or country. This
information assisted in forming a baseline for demand analysis
and for adjusting the adoption rate in satellite capacity
modeling.

D. Assessing Viability of Starlink Deployment

The economic viability of Starlink deployment for SpaceX
was also assessed through a combination of launch
expenditures, satellite production costs, geographic coverage
requirements, and capacity-based demand modeling. This helps
identify the environmental and operational factors that
influence Starlink’s long-term financial sustainability in
developing countries that predominantly have low-income
markets. Cost input was obtained from publicly reported
estimates, launch statistics, and technical documentation from
SpaceX and aerospace sources [17, 19].

Satellite and launch costs were estimated due to the lack of
SpaceX's official publications, which limits the analysis.
Coverage modeling estimated the area-based satellite
requirements for developing countries. Coverage footprints
were approximated using the total country area, yielding a
theoretical Starlink deployment requirement [17, 19]. However,
this estimation is constrained by country geography, actual
capacity demand, orbital plane availability, and beam reuse.
Additionally, elevation, orbital geometry, and terrain provided
limitations to determining the true viability of Starlink
deployment. Terrain and elevation significantly impact the total
number of satellites required to deliver uninterrupted service to
a population. Beam reuse is also capacity-limited and must be
estimated based on the maximum number of users per beam.
The exact number of these limitations is known but depends on
channel reuse patterns, total available bandwidth, frequency
interference management, and congestion mitigation systems
[17, 19]. This is a major limitation since satellite demand is
proportional to economic activity and population, not just the
physical coverage area.

E. Comparative Infrastructure Analysis

A comparative infrastructure analysis was also conducted
alongside Starlink-specific modeling to benchmark the service
against other competitive options. This analysis included fixed
wireless access, mobile broadband, and fiber-optic networks.
Reports on cost-per-subscriber metrics, deployment costs, and
the long-term sustainability of terrestrial broadband in rural
environments were reviewed [11, 12, 26]. Comparative
analysis considered projected trends in LTE/5G adoption,

mobile network expansion, and regulatory frameworks. These
factors may influence Starlink’s adoption trajectory relative to
existing terrestrial networks.

F. Research Gaps and Limitations

Finally, key research limitations and gaps are considered.
Publicly available information on Starlink’s long-term
maintenance and operational costs is limited. Most information
regarding quantifications and specifications is estimated due to
the lack of official public information. Additionally, peer-
reviewed studies quantifying adoption patterns in urban vs.
rural households are scarce. The income and affordability
assessments rely solely on national averages, which may
underestimate challenges faced by low-income households
depending on their geographic location. Despite these
limitations, combining affordability modeling, literature
reviews, satellite allocation projections, and comparative
infrastructure benchmarking provides a replicable framework
for evaluating Starlink's economic viability in developing
countries.

III. AFFORDABILITY AND ACCESSIBILITY FOR THE TYPICAL
CONSUMER

Assessing the accessibility and affordability of Starlink for
consumers in developing countries requires integrating
broadband  affordability = benchmarks, = macroeconomic
indicators, and country-specific socioeconomic constraints to
shape average household purchasing power. Global reporting
reviews from the Broadband Commission, ITU, and the World
Bank show that developing countries continue to face digital
inequalities even when connectivity options are available [13,
10, 22]. Several factors suppress broadband adoption, including
income level, energy instability, infrastructure limitations, and
total device cost. The Broadband Commission’s affordability
benchmark is widely accepted, stating that entry-level
broadband services should cost < 2% of monthly GNI per
capita. This serves as the primary threshold for determining
affordability in low- and middle-income countries [3, 12].
Connectivity and hardware pricing derive from publicly
available global pricing aggregators and Starlink technical
specifications [19, 20]. The central question is whether the
average household in a developing country can afford the
monthly and startup costs for Starlink’s broadband subscription
at the estimated levels. Three case studies will be analyzed to
determine the affordability: Burkina Faso, Nepal, and
Venezuela.

Following Broadband Commission and ITU standards,
entry-level broadband services are considered affordable when:

Af fordabilityTarget(Monthly)

= 0.02 x Monthly GNI per Capita

Factor 0.02 represents the ITU/Broadband Commission’s
2% affordability ceiling [3, 12]. Monthly GNI per Capita is

Annual GNI Per Capita
12

given by

This outcome represents the absolute maximum a typical
consumer can pay per month for the Starlink service while
staying within an affordability range. This affordability target



serves as a benchmark ceiling: any broadband plan that exceeds
the calculated limit is considered unaffordable for the average
consumer in the given economy. This model is used because of
the differentials in purchasing power across low- and middle-
income markets. A percent-based measure makes a comparison
across the entire country meaningful. Exceeding the 2%
threshold indicates the Starlink service would most likely
displace necessary consumption involving transportation, food,
education, and healthcare. Quantifying the Starlink pricing uses
the Affordability Ratio (%) to express the average person’s
monthly income required to maintain the Starlink subscription.

Due to limitations in price-point estimation for Starlink plans
in countries without service, projected price points were based
on existing locations. Two tiers were utilized for the price point
estimation:

e Residential Plan (Baseline), Py, = $40 per month
e High-End Equivalent, Pyigs = 8380 per month

These ranges are consistent with the observed international
Starlink pricing structure for residential plans. Plans vary based
on regulatory costs, the service region, and the service tier [3],
[19].

A. Case Study: Burkina Faso

Burkina Faso is a prime example of an economically
constrained country in Sub-Saharan Africa. It ranks among the
world’s lowest-income countries, facing challenges in
broadband connectivity, reliable electricity services, and
digital inclusion in rural areas. National electrification stands
at approximately 22-25%, with rural electrification below 10%
[1, 24]. This severely limits the operational feasibility of
internet services for the average household. Mobile broadband
services remain underdeveloped due to high service costs,
limited 4G coverage, and a dependence on 3G networks [1],
[11]. Burkina Faso’s GNI per capita is estimated to be $880
per year [24]. Converting it to a monthly income value
provides a baseline for the Broadband Commission and ITU
affordability standards.

880
Monthly GNI Per Capita = 17 - 73.33

This averages to $73.33 per month, placing Burkina Faso
among the lowest-income countries in the world [24]. The ITU
affordability threshold then sets the monthly cost of an entry-
level broadband subscription [3, 12]. Affordability Target per
month is given by, AT,,,

AT,,
=0.02 x 7333 = 1.47

The broadband pricing of $1.47 per month exceeds the
affordability standard set by the Broadband Commission and
ITU. This reflects the country's economic constraints, in which
a household will prioritize education, food, and other expenses
over spending on technology. Affordability ratios (ARs) based
on Starlink’s price-point estimates can serve as benchmarks. The
affordability ratio indicates the percentage of monthly income
needed to purchase the Starlink service [20, 12].

40
= |—- = 0,
AR, (73.33)x 100 = 56.4%

80
AR80 = (m)X 100 = 109.2%

The Affordability Ratio shows that even the lowest possible
Starlink price point would require more than half of the average
household income in Burkina Faso. The higher-tier pricing
exceeds the average citizen's entire income [24, 1]. Furthermore,
the economic profile of Burkina Faso is heavily skewed, with
the bottom 40% of households earning below the national
average [24, 1]. This results in an even higher affordability ratio
than predicted.

B. Case Study: Nepal

Nepal has a higher income level than Burkina Faso despite
some economic constraints. The government has a clear focus
on ICT development, particularly when bridging the rural-
urban connectivity gap [14], [21]. Over 80% of the population
resides in extreme geographical regions, severely complicating
terrestrial broadband deployment [2], [21]. Electricity also
remains unreliable, with many urban households relying on
separate power sources or microgrids [2, 14]. Nepal’s GNI per
capita is estimated to be $1,382 per year [24].

Again, following the ITU and Broadband Commission, the
affordability threshold can be set [3, 12].

1382
Monthly GNI Per Capita = BV 115.17

The Affordability Target sets the broadband service at $2.30
per month based on an average monthly income of $115.17. This
monthly cost is the maximum affordable threshold in Nepal.

AT,
=0.02 x 115.17 = 2.30

Using Starlink’s estimated residential

affordability ratios can be calculated.

pricing, the

)x 100 = 34.7%

0
AR4o = (115.17

)x 100 = 69.4%

8
ARgo = (115.17

The Affordability Ratio indicates that the lowest Starlink
subscription plan would require over one-third of the average
monthly income for the average household in Nepal. Higher
subscription plans would consume nearly 70% of the monthly
income, exceeding the 2% affordability benchmark.

C. Case Study: Venezuela

Venezuela is a unique case study, featuring a mix of
structural, political, and economic challenges that influence
broadband service affordability. Venezuela has suffered from
currency instability, hyperinflation, and declining household
wages over the past decade, dramatically reducing overall
purchasing power [23, 5]. The electricity supply is considered
more reliable compared to previous case studies, but can be
intermittent in smaller towns and rural areas [8]. ICT
infrastructure disparities exist between urban and rural



environments, with most fixed-line broadband and fiber
connections concentrated in metropolitan areas [23], [26].
Venezuela’s GNI per capita is estimated to be $2,640 per year
[24].

Like previous case studies, the ITU and Broadband

Commission standards are used for the affordability threshold.

2640
Monthly GNI Per Capita = BV 220.00

The Affordability Target sets the broadband service at $4.40
per month based on the average monthly income of $220.0. This
represents the maximum service cost threshold in Venezuela.
Using Starlink’s estimated residential pricing, the affordability
target ratios can be calculated [20]. Again,

AT,
=0.02 x 220 = 4.40

AR —<40> 100 = 18.2%
10 = (555 x = 18.2%

80
AR80 = (m)x 100 = 36.4%

Once again, even the lowest Starlink residential plan would
consume over 18% of the average income in Venezuela. This
exceeds the 2% affordability benchmark by roughly 9 times.
Higher-tier subscription pricing would exceed 36% of the
monthly income, making Starlink unattainable for most
households [23], [26].

IV. PROJECTED COSTS, REVENUES, AND FINANCIAL
PERFORMANCE OF STARLINK

Deploying Starlink infrastructure in developing countries
requires substantial operational factors and capital costs. These
conditions weigh against potential revenue streams and must be
considered when assessing profitability. Launch and satellite
manufacturing costs contribute to most of the upfront
investment. Based on publicly available data estimates, Starlink
satellites vary in cost by generation. Launch costs assume an
average cost of $30 million per launch using Falcon 9 [17]. For
this estimation, 60 satellites can be carried on Falcon 9 for v1.0
and v1.5, while 72 satellites can be carried on the v2 Mini [17].
Launch costs and total manufacturing costs for the current
constellation are estimated in Table 1.

Varia | Manufacturi Launch Total Cost
nt ng Cost Cost
V1.0 $624,375,000 $1,456,875,000
$832,500,000

V15 $1,120,125,000 | $1,493,500,000 $2,613,625,000

V2 Mini $4,599,200,000 $2,395,233,000 $6,994,433,000
Total $6,343,700,0 | $4,721,233,00 | $11,064,933,0
00 0 00

Table 1: Combined manufacturing and launch costs for
total deployment expenditures.

A coverage perspective based on the current 8,800-satellite
estimate can be applied to the previous case studies. The current
constellation provides near-global coverage with each satellite

approximating a LEO footprint of 1.8 million km?[17], [19]. For
the case studies, combined area totals can be used to calculate
the additional satellites needed for coverage: Burkina Faso
(272,000 km?), Nepal (147,000 km?), and Venezuela (916,000
km?).

Taking the total area and dividing by the area of coverage
estimation per satellite suggests that only one additional
satellite would suffice to provide basic coverage [17]. Area-
based count of satellites is given by:

SatellitesNeeded =

TotalArea 1335000
Area per Satellite 1800000

0.74 ~1

However, satellite allocation needs to account for
population density and potential user demand rather than
relying solely on area coverage. Starlink Satellites can support
a finite number of users simultaneously per beam. V2 Minis
can handle 1,000-2,000 concurrent users per satellite [16], [17].
Since the older satellite variants are obsolete, the predicted
satellites will rely solely on the v2 Minis. 10% of the
population is assumed to be the adoption rate for early
deployment within the case studies. Estimating the total
population, the potential subscribers can be predicted:

e Burkina Faso: 22M x 10% = 2.2M users
e Nepal: 30M X 10% = 3M users
e Venezuela: 28M x 10% = 2.8M users
Using a midpoint of 1,500 users per satellite, the estimated
number of satellites needed to fully meet the demands of new
subscribers can be calculated.

Satellites Needed = NO.ofUsers/(No.
of Users per Satellite)

e Burkina Faso ~ 1,467
e Nepal ~2,000
e  Venezuela ~ 1,867
Adjusting for realistic concurrent usage considers 30% of
the total Starlink subscribers in these regions will be online
simultaneously.

e Burkina Faso ~ 440

e  Nepal ~ 600

e Venezuela ~ 560

As a result, approximately 1,600 additional satellites would

be required to serve these populations based on user
population-based demand assumptions. While limited, this
calculation accounts for geography and urban concentration,
essential for mountainous regions and urban centers, which
necessitate additional capacity for consistent bandwidth.

With an estimated satellite manufacturing cost of $800,000
and a launch cost of approximately $416,667 per v2 Mini
satellite, the total launch and manufacturing costs for 1,600
additional satellites can be calculated as $1600 x 800000 +
1600 x 416667 = ~1.95 Billion. This estimate relies solely
on launch and manufacturing costs, excluding maintenance,
operating expenses, insurance, and ground infrastructure. This



provides a rough baseline for the capital SpaceX needs to
invest in expanding Starlink’s coverage in these developing
countries.

A. Real-world Subscriber Base Estimations

Before calculating Starlink's profitability for deploying new
satellites to developing countries, current subscriber trends can
be analyzed to inform adoption rates. Fig. 2 highlights Starlink
subscriber estimates by region, with an estimated 2024 revenue
of over 3.2 billion [7].

Region  Jun-24 Sep-24 Dec-24 Mar-25 Jun-25 Sep-25
Africa na 161 222 256 376 515

Asia 122 284 488 795 1075 1282
Central America 84 97 M8 45 184 207
Europe 298 379 507 583 633 710
North America 1887 2118 2,410 2841 2693 3,088
Qceania 262 295 315 338 390 423
South America 359 443 535 813 754 879

Total () 3136 3778 4595 5383 6105 7084

Starlink Subscribers (000's) estimated by region

4,000
3,000
2,000
1000

0
Sep24 Doc24 Mar-25 dun-25 Sep-25

Fig.2 Starlink subscriber estimations based on region [7]

B. Theoretical Annual Revenue

From the affordability assessment, the maximum feasible
adoption rate for each country was modeled based on Starlink
pricing tiers and income levels. For the annual revenue
estimate, the residential pricing plan at $40 per month is used
as the baseline. Additionally, a concurrent adoption factor of
30% is applied, assuming the subscribers actively pay for the
service.

The potential number of actively paying subscribers in each
country is estimated as a function of population (P), adoption
rate (R), and concurrent adoption factor (CAF),

Subscribers = P x R x CAF

Assuming an initial early-adopter rate of 10% of the
population, with a 30% concurrency adjustment, the estimated
subscriber counts are 660,000 for Burkina Faso, 900,000 for
Nepal, and 840,000 for Venezuela. This represents a
conservative estimation of active, paying households that could
potentially subscribe without violating affordability thresholds.
Monthly revenue is calculated by multiplying the estimated
subscribers by the monthly subscription price, MSP.

Revenue = Subscribers x MSP

Using the $ 40-per-month baseline, the resulting monthly
revenues are approximately $26.4 million for Burkina Faso,
$36 million for Nepal, and $33.6 million for Venezuela. This
yields an estimated total monthly revenue of $96 million across
all three countries. Annual revenue calculations result in
approximately $1.152 billion for SpaceX.

V. LONG-RUN COST OF STARLINK DEPLOYMENT

A comprehensive evaluation of initial capital
expenditures, satellite lifecycle replacements, and recurring

operational costs is required to understand the long-run cost of
Starlink deployment. Using the deployment of 1,600 additional
v2 Mini satellites to serve Burkina Faso, Nepal, and Venezuela
as an example, the upfront manufacturing and launch costs
alone are substantial. Despite these figures providing a baseline
for capital expenditure, a full analysis that utilizes long-run cost
must incorporate maintenance, ongoing operations, and future
satellite replacement cycles [7], [16], [7].

Operational expenditure (OPEX) is a critical
component of a long-run financial model. This may include
network management, satellite control, customer service,
ground station operations, software updates, and more [7], [16].
Industry estimates place satellite network operating costs at 5-
15% of total capital expenditure annually [17], [19]. Applying
a conservative 10% OPEX factor to the $1.95 billion
deployment cost for the case study yields an estimated annual
operational cost of $195 million.

Satellite replacement and maintenance are equally
important for long-term cost projections. The v2 Mini satellites
have an operational lifespan of approximately five to seven
years, resulting in a large portion of the constellation being
replaced in the future [19], [16]. Assuming a six-year lifespan,
replacing the 1,600 satellites deployed at similar launch and
manufacturing costs would require an additional $1.95 billion,
doubling the initial capital investment over this timeframe.
Factoring in unanticipated events such as deorbiting, collision
avoidance, and orbital debris management adds complexity and
increases potential cost when calculating the cost of long-term
operations [16].

Long-term costs must also consider redundancy,
capacity scaling, and service reliability. Factors such as
increased broadband adoption, population growth, and higher
concurrency may require additional satellites or beam
reallocation to meet an influx in demand. Environmental
conditions may also pose significant challenges, especially in
areas with heavy rainfall or mountainous terrain. These
environments can reduce coverage and throughput, requiring
additional satellite coverage in these areas to maintain effective
service [2, 16].

It is important to note that these estimations rely on
several assumptions. The affordability model holds true, with
consistent monthly subscription pricing, the absence of
technical, environmental, and regulatory constraints, and fixed
manufacturing and launch costs. Infrastructure and operational
costs, along with satellite replacement cycles, will continue to
influence the long-run sustainability for Starlink.

VI. STARLINK VS. TRADITIONAL INFRASTRUCTURE

Starlink has several core advantages that make it more
practical for deployment in developing countries than
traditional infrastructure. Starlink can deliver broadband to
areas that terrestrial fixed wireless, cellular networks, and fiber-
optic cables simply can’t reach. Laying fixed-wired broadband
or fiber across remote, mountainous, and rural areas is
incredibly costly, not only for development but also for users.
This results in a poor return on investment and long deployment
times [15]. Starlink’s LEO satellite constellation can reach



underserved and remote regions without extensive physical
infrastructure and ground cables [15, 16]. This makes Starlink
a promising tool and acceptable option for dispersed-population
territories.

However, from a performance standpoint, terrestrial
fiber infrastructure is held at a higher standard. Fiber-optic
broadband can deliver symmetrical gigabit speeds with low
latency, resulting in extremely high reliability [18, 19, 23]. In
contrast, Starlink currently offers download speeds in the 50-
250 Mbps range, with some premium tiers advertising higher
rates. Upload speeds are also considerably lower than fiber,
with latency ranging from 20 to 50 ms, depending on
configuration, weather, and user load [11, 13, 19].

Long-term trends suggest a hybrid or complementary
model that fuses terrestrial infrastructure with Starlink [16].
Terrestrial fiber networks continue to expand, especially in
semi-urban areas where deployment costs are becoming more
affordable. This helps terrestrial fiber networks retain their
reliability, scalability, and superior performance over Starlink
as the chosen broadband service. Meanwhile, Starlink may
retain an advantage in hard-to-reach and remote regions where
fiber networks remain physically or economically unviable
[16].

Still, LEO systems face several recurring drawbacks
compared to traditional infrastructure. Variability and
instability in speeds and latency due to weather and network
load remain a core challenge. The high upfront cost of hardware
and service pushes most potential customers in developing
countries out of the market. Long-term sustainability issues also
raise questions when factoring in ground-station infrastructure
requirements, orbital debris, and the need for consistent
maintenance [16].

VII. RESULTS AND FINDINGS

Several factors that could suppress broadband
adoption were considered when assessing the affordability of
Starlink for consumers in developing countries, including
energy instability, low incomes, infrastructure limitations, and
total device cost. Using the Broadband Commission and UTI’s
affordability benchmark for entry-level broadband service,
several findings were made regarding the affordability of
broadband services in Burkina Faso, Nepal, and Venezuela [3],
[12].

Based on the affordability threshold, the average household
in Burkina Faso, Nepal, and Venezuela would be unable to
afford the upfront cost of Starlink and a monthly service
subscription. Even at the lowest Starlink pricing, the total cost
would exceed the total income of most citizens. This is
especially true given Burkina Faso’s skewed income
distribution, which poses further affordability challenges for
the bottom 40% of households [24, 1]. Nepal provides similar
numbers to the baseline Starlink plan, consuming over one-
third of the average household's monthly income. While
Venezuela had lower monthly income consumption under the
baseline plan at 18%, the region also faces unique political,
economic, and infrastructure challenges that may make the
adoption of Starlink unreliable [23], [26].

When a conservative 10% early adoption and 30%
concurrency rate were assumed among households that could
afford Starlink, the estimated subscriber counts were: 660,000
for Burkina Faso, 900,000 for Nepal, and 840,000 for
Venezuela. At $40 per month, monthly revenues reach
$26.4M, $326M, and $33.6M, respectively, totaling $96M a
month or $1.15B a year. This suggests that the potential cost
recovery from the estimated $1.95B investment in the
additional satellite deployment could be achieved within two
years, excluding all operational costs [7, 17].

Long-term costs still highlight various considerations such
as satellite replacement, scaling to meet population growth, and
operational expenses. These factors may double the initial
capital investment over a six-year cycle. Additionally, network
demand and environmental factors may necessitate additional
satellites to maintain service quality [16, 19].

DiSCUSSION AND CONCLUSION

Starlink has demonstrated the potential to significantly
expand broadband access when analyzed for developing
countries. This is especially true in regions where terrestrial
infrastructure is limited or unaffordable. Affordability remains a
key constraint, even at the lowest Starlink subscription tier.
Financial modeling suggests that, under conservative adoption
assumptions, annual revenue from case studies could approach
$1.15 billion. This could allow SpaceX to recover the initial cost
of launching additional satellites within two years. However,
long-term sustainability depends on satellite replacement cycles,
operational costs, and scaling to meet an increasing user
demand. This may substantially raise the total operational cost
over time.

Starlink offers advantages over traditional fiber and ISP
infrastructure, especially in geographically challenging or
remote areas. However, fiber does retain superiority in
reliability, speed, and latency in semi-urban and urban regions.
Altogether, Starlink presents a promising but logistically and
financially complex solution for bridging the digital divide in
developing countries. Its future success will depend on strategic
deployment, a carefully calibrated pricing model, and ongoing
investment in satellite operations and infrastructure to achieve
profitability while maintaining reliable service.
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ABSTRACT

Crohn’s disease is a chronic inflammatory bowel disease
caused by a complex combination of environmental and
genetic factors. This disease is difficult to treat, but high-risk
patients can adjust their lifestyles to avoid it before it
develops. Using genetic information to predict susceptibility
can help people make decisions to mitigate their risk. This
paper uses publicly available genetic data to compare the
abilities of four machine learning algorithms to predict
Crohn’s disease. We compare the results of K Nearest
Neighbors, Support Vector Machines, Random Forests, and
XGBoost. Additionally, we experiment with feature
reduction and categorical encoding to observe their impacts
on model efficiency and accuracy.

KEY WORDS
Crohn’s disease, single nucleotide polymorphisms, machine
learning

1. Introduction

Crohn’s disease is an abnormal immune reaction in the
digestive tract, commonly affecting the intestines but known
to affect anywhere from the mouth to the anus. An estimated
1 million people in the United States have Crohn’s disease,
which occurs at a higher rate than other nations for an
unknown reason. The exact cause of the disease is not
known, but research suggests that factors include people’s
environments, digestive microbiomes, and genetics. Crohn’s
disease is known to run in families, as having a parent or
sibling with the disease increases one’s chance of developing
the condition; this suggests that genotype data could be
useful for predicting susceptibility to the disease [1].

The vast majority of people’s DNA—99.9%—is common
to all humans, yet the remaining 0.1% is variable, 80% of
which is composed of single nucleotide polymorphisms
(SNPs), which can assist in predicting disease. They are each
a single base substitution of a nucleotide, representing
genetic differences between people. Though some diseases
are simply caused by a single SNP, more complicated ones
like Crohn’s disecase can be caused by an unknown
combination of SNPs, where each may only contribute a
small amount to the phenotype. Analyzing all SNP
combinations is infeasible, but machine learning algorithms
can help identify the SNPs which are associated with the
disease [2].

SNP SNP SNP
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Chromesome2  AACACGCCA . TTCGAGGTC.. AGTCGACCG
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Fig. 1. Identifying SNPs, recording haplotypes, and composing genotypes
(2].

We plan to use SNP data originally from Daly et al. [3].
Daly et al. examined a section of the human 5q31
chromosome, which is suspected to carry SNPs linked to
Crohn’s disease. The researchers studied 129 trios of
European descent, each a family with two parents and a
child, the child being positive for the disease and at least one
of the parents without it; this allowed the researchers to
compare and find SNPs [3],

[4].

Mao and Lee [2] explain how chromosomes are compared
to find disparitiecs—SNPs—and condense them into
haplotypes and genotypes. As seen in Fig. 1, four
chromosomes are compared (two per person), and SNPs are
identified where the nucleotides in a column do not all
match. The SNPs are retained in the haplotype data; other
columns are ignored. The four nucleotides of the haplotypes
are encoded as numbers 1-4 for our first dataset (Step 3).
Then they are encoded in binary, where Os and 1s are



assigned to the two nucleotides in each column. Each
person’s genotype is composed of two haplotypes, encoded
in ternary for our second dataset (Step 5). In this paper, we
test both the haplotype data and the simplified genotype
data.

2. Algorithm Background

2.1 K-Nearest Neighbors

K-Nearest Neighrobrs (KNN) is a unique machine
learning model since it is a lazy learner and does not require
“training” from the data in the same way as the other
following methods do. For a training dataset with m features,
the model projects each observation as a point in an m-
dimensional space [5]. Thus, the training portion of this
model simply stores data for later use. When a testing
observation must be classified, it is imagined in the same
space, and the K-nearest points are calculated, often using
Euclidean distance (though we also use Minkowski distance,
and many other distance metrics exist). K is a prespecified
value from the user that must be tuned. A too small value of
K only considers a few neighbors and can lead to overfitting,
and a large value may include too many neighbors that are
much farther from the observation, underfitting the model
[5]. When comparing these K points, voting classifies the
testing point as the same as the majority of its nearest
neighbors [6]. Fig. 2 provides a basic visualization of the
model.
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Fig. 2. Diagram of KNN [7].

2.2 Support Vector Machine

Support vector machines (SVMs) are designed to linearly
separate two classes of data (viz. sick and healthy groups in
this context) by imagining the observations as points in
space and constructing a hyperplane with the two classes on
opposite sides. Each observation k is represented by its
feature vector x; and class label y; = 1. The algorithm
attempts to find the hyperplane that separates the classes
with the largest margin between itself and the nearest points
of each class, which are called support vectors. The
hyperplane is represented by its perpendicular weight vector
w and offsetting bias b, graphed as wx + b = 0 (see Fig. 3).

A point’s distance from the plane can be found by the
decision function D(x) =w - x + b, which is positive for

Fig. 3. An example 2-D hyperplane with margins and support vectors [9].

points above the plane and negative for those below. As the
Euclidean norm of the weights, [wll, is inversely
proportional to the width of the margin, [[w]l is minimized,
subject to the constraint that the observations are correctly
classified and on/outside the margin [8].

2
w 2 subject to ykD(Xk) >1

By means of the Lagrangian, this optimization problem is
rewritten as a dual problem, where inner products—dot
products of observation vectors with each other—are
calculated instead of the product of each observation with
the weight vector, allowing greater flexibility with kernels.
Each observation has an associated Lagrange multiplier, Ax,
which is only nonzero for the support vectors, simplifying
computation. The objective is now optimized with respect to
the Lagrange multipliers (and the bias) instead of the
components of the weight vector [5, 8].

n n n
1
H)\lai)XZ)\k(l - ykb) = 5 ZZ)\k)‘lyk'yl(*rk . 'Tl)
k=1 k=1 1=1
subject to 4x>0

Because not all data is perfectly and linearly separable,
slack variables and kernels are introduced to make SVMs
more versatile. Slack variables permit some training
observations to be within the margins or even misclassified
when complete separation is impossible, encouraging the
algorithm to minimize the error instead of eliminating it
completely. Kernels allow data which are not linearly
separable to be interpreted as if they are transformed into
higher-dimensional spaces where a linear hyperplane can be
constructed to separate the classes. At a high computational
cost, such a transformation ¢(x) could be computed on every
observation and a weight vector could be found for the
higher-dimensional data, but to save costs, the kernel trick is



used instead. A kernel K(x;x;) is the algebraically reduced
form of the (inner) product of transformed observations,
which can be inserted back into the dual problem, yielding a
new decision function D(x) [5,8].

K(zg, 1) = ¢(xk) - p(21)

n 1 n
D Akl —ypb) — 3 > MYy K (zi, 71)
k=1 k=11=1

D(w) =Y MyiK (g, 1) +b
1=1

n

The new decision function considers a point’s (xx’s) relation
to the support vectors through a kernel instead of directly
comparing the point’s distance from the hyperplane.

2.3 Random Forest (RF)

The RF model, based on the idea of bagging or bootstrap
aggregating, produces a collection (or “forest”) of multiple
decision trees and uses the method of voting as a means of
classifying data. Bootstrapping involves taking a random
sample of the observations with replacement that is equal in
size to the dataset [5]. For each tree in the forest, a unique
bootstrap sample of the data is taken for training. In order to
increase the decorrelation between individual trees in the
forest, a random sample of the input features is also taken
prior to each split of the tree [5]. This subset is considerably
smaller than the total number of features and maintains a
constant size throughout the forest (this size is indicated by
a hyperparameter of the model). A Gini index is then
calculated to determine which of these features should be
used to provide an optimal split in the tree. This index is a
measure of the impurity of a node resulting from a split,
where an index of 0 indicates true purity (the node has
observations all belonging to the same class). The equation
for calculating the Gini index is listed below where ¢
represents the number of classes, ¢ is the given node, and p;(¢)
is the fraction of observations of class 7 at that node [5]:

e—1
Gini=1-— Z:pi(t)2
=0

The feature that produces the highest magnitude gain—the
difference between the impurity of a parent node and the
collective sum of the impurity of the children—is chosen as
the split feature [5]. Because the RF model does not include
pruning, this splitting process simply continues until each
terminal node is pure [10] (though hyperparameters such as
max —depth can be adjusted to cause a premature stop in tree
growth). After creating all trees, each test observation is
classified by each tree individually, and the model finally
classifies each observation as the label most frequently
predicted by the trees (i.e., the label with a plurality vote).

2.4 Extreme Gradient Boost

Similar to Random Forest, the XGBoost (or XGB) model
uses a series of decision trees to reach a classification
conclusion. However, this model is based on boosting rather
than bagging. With boosting, the trees are created
sequentially rather than independently, and each is trained
on the weighted errors of the preceding tree in order to gain
increasingly accurate classifications and reduce the overall
loss of the model [5]. For example, after the creation of the
first tree, the residuals (calculated by a loss function of the
predicted classifications and the actual classifications) are
calculated, and a second tree, trained on those residuals as a
corrective measure, is added to the first to produce more
accurate predictions. This process is then repeated for
several rounds, and a final classification can be made with
the last tree. When creating the individual trees, XGB does
not use Gini impurity like RF; rather, it takes advantage of
another greedy algorithm to find the best splitting feature.
This algorithm is detailed by Chen and Guestrin in the
original XGB paper [11]. Essentially, the algorithm searches
through the features for optimal splits by calculating the
gains of potential child nodes and finding the greatest
possible gain among them. The gain is a measurement of
how much the new tree predicts (or improves) the residuals
of the previous tree, based on the first two derivatives (i.e.,
the gradient) of the loss function, a function that evaluates
the residuals.

There are several aspects of this model that distinguish it
from other tree-based models, particularly in its dedication
to reduce complexity. Firstly, it includes two regularization
parameters, y and A, for the user to tune for penalizing
complexity in the decision trees [11]. Also, unlike RF,
XGBoost does use pruning in order to reduce overfitting and
further regularize the model. Additionally, XGB manages
the impacts of each tree in the model through a method
called shrinkage, where the learning rate hyperparameter
causes each consecutive tree to have a smaller impact than
its predecessor, decreasing the chances of overfitting and
encouraging the model to grow more trees [11].

3. Experiment and Results

3.1 Performance Metrics

As the basis for our performance analysis and comparison
of the different machine learning algorithms, we utilized the
confusion matrix tool from Scikit-Learn. A confusion matrix
divides the model’s predictions into four categories: true
positive, false positive, true negative, and false negative (TP,
FP, TN, and FN respectively). TP and TN refer to the
predictions that were correctly classified while FP indicates
the predictions that were incorrectly classified as positive,
and FN inversely refers to observations incorrectly classified
as negative [5].

From these counts, we are able to calculate accuracy,
sensitivity, and specificity as our main measures of model
performance, as seen in the equations below [5].
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Accuracy refers to the overall correctness of the model’s
predictions—-both positive and negative. Meanwhile,
sensitivity measures the percentage of positive cases that
were correctly classified, and specificity measures the
percentage of negative cases that were correctly classified
[5]. In the context of the dataset, sensitivity then represents
the model’s ability to correctly predict Crohn’s disease in a
sick person, and specificity is the model’s ability to correctly
predict the absence of the disease in a healthy person.

Finally, we visualized each model’s performance with a
receiver operating characteristic (ROC) curve, which plots
sensitivity along the y-axis and the false positive rate (1
minus specificity) along the x-axis for various classification
thresholds [5]. The models produce a probability score for
each point representing the confidence that it is in the
positive class, and instead of simply predicting an
observation to be in the more likely class (a probability
threshold of 0.5), the probability is compared to many
different threshold values between 0 and 1. Sensitivity and
false positive rates for the data are taken for each value of
the threshold, which serves as a parameter for the ROC
graph and is not plotted. A greater area under the curve
(AUCQ), approaching 1, indicates better model performance,
while an area closer to 0.5 indicates a poor classifier.

3.2 Base Experiment

We first examined the haplotype data and tested each of
the four algorithms in Python, using Scikit-Learn for KNN,
SVM, and RF, and the XGBoost package for XGB. Table I
shows our results from tuning the parameters of each for
their best accuracies. We recorded the accuracy, sensitivity,
specificity, area under the ROC curve, training time taken,
and total (training & prediction) time taken for each model.
We tried each algorithm with and without one-hot encoding
and recorded the better result. One-hot encoding replaces
each feature with a binary vector, where a 1 indicates the
presence of the category, and a 0 shows its absence [12]. For
example when a dataset that has four categories per feature
is encoded with one-hot, the number of features is
quadrupled, each with two categories. Removing any zero
columns helps reduce the sparsity.

For KNN, we used distance and found p = 2 (i.e,
Euclidean distance) and K = 28 to be optimal for this dataset.
We also found that using data without one-hot encoding
yielded better results than with it. KNN has low training
times and comparatively high prediction times as it is a lazy
learner.

For SVM, we tested linear, radial-basis function (RBF),
and polynomial kernels with the best overall result from
RBF with y = 0.17 and using one-hot encoding on the data.

To optimize RF performance, we experimented with
several different hyperparameter combinations. We found
that the most optimal combination for accuracy and
sensitivity required the change of only one hyperparameter,
leaving the rest as default. The “max _ features”
hyperparameter, which determines how many features the
model should consider per node split, takes the square root
of the total number of features by default, but we changed
the setting to a binary log to improve accuracy. Additionally,
we used one-hot encoding to transform the unordered
categorical variables and noted a slight improvement in
accuracy from doing so.

Table 1. Best Accuracies

‘ ‘ | ‘ ROC ‘ Train ‘ Total

Acc. Sens. | Spec AUC | Time | Time
KNN .835 .657 | 952 | 874 .005 | .013
SVM .866 .886 | 855 | 927 .054 | .067
RF 928 .886 | 952 | 947 133 | 1140
XGB 938 943 | 936 | .947 .068 | .070

Like with RF, we tuned the XGBoost hyperparameters to
find an optimal combination for accuracy and sensitivity.
The combination we selected includes a default learning rate
of 0.3, a maximum tree depth of 3, a gamma value of 0.1 for
regularization, a column subsampling rate per tree of 0.5,
and the minimum weight for the child nodes of 3. We kept
all other values as default and applied one-hot encoding.

3.3 Feature Reduction

With the primary goal of improving time efficiency, we
sought feature reduction methods for the algorithms. Rather
than continuing to train the models on all 206 SNPs provided
in the genetic data, we utilized a smaller subset of only the
most important features. The objective was to reduce
classification time without greatly sacrificing accuracy or
sensitivity. We incorporated this method into the tree-based
models of RF and XGB since both have built-in algorithms
for ranking feature importance. For RF, the more important
features are the ones that result in the better splits in the
model by reducing impurity. Meanwhile, for XGB, the
important features are those chosen more frequently for
splitting. In both cases, these are the features contribute more
impact towards the accuracy of model predictions. In the
context of the dataset, these features are the SNPs that are
more highly correlated with Crohn’s disease.

We also experimented with an alternative method of
feature ranking, permutation feature importance (PFI), to
observe if it had any unique impacts on accuracy or
efficiency. PF1 is also included in the Scikit-Learn library but
does not rely on impurity measures or better splits as the
previous feature ranking method did. Instead, PFI permutes
a feature’s values and observes its impact on the model’s



performance. If the model produces worse predictions with
the permuted feature, it is clear that the feature must have
been impactful toward the model’s original decision,
indicating that feature’s importance [13]. After determining
the mean importance for each feature, we were able to
remove any features that had 0 or negative weights. Thus,
we trained the models on a subset of only the most important
(or positive-weighed) features. A benefit of this method over
the previous is our ability to extend it to SVM in addition to
RF and XGB as it is not a tree-based method.

1) Random Forest: Prior to one-hot encoding, we recorded
the top 100 features calculated by the built-in ranking
method
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Fig. 5. Time comparison for RF subsets

and, decrementing by five features at a time, determined the
ideal number of SNPs on which to train the model. When
comparing the accuracy, sensitivity, and ROC values for the
feature subsets, subsets of size 75, 85, and 100 were found
to be the most optimal. The performance metrics of these
values are visualized in Fig. 4. As seen in the chart, even the
best subset sizes resulted in some sacrifice of ROC and
especially sensitivity. However, the subset of 100 features
was notably able to maintain an accuracy of 0.928. Focusing
on the aforementioned feature subsets, we then recorded the
training
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Fig. 6. Time comparison for RF with PFI
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Fig. 7. Accuracy and Sensitivity comparison for XGB subsets

and total run time for each. Fig. 5 compares the different
time efficiency improvements, showing about a 1-2
millisecond change. Although faster than using all 206
features, this minute time improvement may not justify the
accuracy and sensitivity sacrificed by using smaller feature
subsets.

Testing our other ranking method, we found that we were
able to maintain an accuracy of 0.928 when using PFI
(though distinctly after one-hot encoding rather than before,
as the previous method had done). Although sensitivity
decreased from 0.886 to 0.857, the ROC actually increased
from 0.947 to 0.964. However, as seen in Fig. 6, the time
efficiency still did not demonstrate a significant
improvement from the reduction of features.

2) XGBoost: We conducted a very similar experiment
for XGB, though the model’s built-in feature ranking was
slightly different from that of RF, so XGB identified a
different set of top features to train the model. As such, the
ideal subset sizes (35, 65, and 95) were also different. As
seen in Fig. 7, some performance was again necessarily
sacrificed with the removal of so many features. Fortunately,
subset size 95 was able to maintain the same accuracy and
sensitivity and experienced a decrease of only 0.003 in ROC.
Additionally, the feature reduction method’s efficiency was
even more promising for XGB than for RF, decreasing time



by nearly half, as seen in Fig. 8. Thus, the feature reduction
method proved to be more justifiable and efficient for XGB
than for RF.

Similarly, when examining XGB with the PFI method
after encoding, we were able to maintain constant accuracy
and sensitivity despite the decrease in features. Furthermore,
we observed a ROC drop of only 0.002. Also, the model’s
time was reduced by more than half as seen in Fig. 9. As a
result, the PFI method demonstrates superiority in
improving efficiency without sacrificing performance for
XGB.

3) Support Vector Machines: For SVM, we used the
builtin permutation importance tool from Scikit-Learn. The
results of the tool revealed that many of the features had zero
impact on the model, and some of them even had a negative
impact. By removing all features that were marked as having
zero or negative impact, leaving only 24 positive features,
the model’s accuracy improved, as seen in Fig. 10, although
sensitivity
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and ROC AUC suffered. We found that leaving a few more
features in, keeping the top 43, produced the optimal
accuracy and ROC, with a high sensitivity as well. This
suggests that the PFI tool was not completely accurate at
predicting which features had no effect, but it did help. We
also tried groups of 35 and 65 features; both tests performed
lower than the 43-feature group. Feature reduction also cut

the training and total times of the models roughly in half,
seen in Fig. 11.
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Fig. 10. Accuracy and Sensitivity comparison for SVM subsets

4) K-Nearest Neighbor: KNN is more rudimentary and
does not have a clear existing metric for feature importance.
Bhardwaj et al. [14] used Random Forests to find quantities
for each feature’s importances before using them as weights
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on the KNN model. They found marginal improvements in
accuracy for most of the datasets they tested. However,
because RF and KNN are fundamentally different, features
that are most important to RF might be different than those
that are important to KNN, so we considered identifying a
way to find feature importance with KNN itself.

To find feature importances, we first created a simple
metric to evaluate the training data with and without specific
features. For each observation, we found the Euclidean
distances between it and all other observations. Then, using
the K nearest neighbors (for various values of K) of each
observation, we classified the observation as if it was test
data. Comparing these predicted labels for all observations
to the actual labels yielded a sort of inner-accuracy score—
the ability of the data to classify itself. For example, at K =
40, this value is 0.790 for our training data. Typically, the
inner accuracy is slightly higher than the accuracy of the
model on the test data. Once we found this overall inner-
accuracy score, we removed each feature one at a time and



re-scored the data. If removing a feature caused the inner
accuracy to decrease, we reasoned that the feature was
important; if the opposite was true, the feature was likely
unimportant or harmful to accuracy.

We used these differences in inner-accuracy scores to find
an array of weights to apply to features when using KNN to
classify the test data. Each weight was calculated as the
following, where w;is the weight for feature j, A is the overall
inner accuracy, 4, is the inner accuracy calculated without
feature j, and s is a scale set by the user.

wj=1+s(4;—4)

Once we found the weights, we calculated the squared
distances between the test data and training data. To save
time, we omitted taking the square root because the distances
were only compared to each other and were not used in any
other calculations. x and x"each represent a single data point.

D(z,z') = ij(.’l:j — zf)?
J

The results were inconsistent, but many values of K showed
improvement. For example, the best result we found was at
K = 40. Without weights, our algorithm reached 75.3%
accuracy, but with weights and a scale of s = 160, the
accuracy was as much as 86.6%, a considerable
improvement. However, other values of K, like K = 50,
tended to decrease in accuracy with weighting. Some
improved with a negative scale value rather than a positive
one; this is often the case when the inner accuracy is lower
than the test data accuracy. A summary of some of our results
is shown in Table II. We will investigate this modified
algorithm more in the future.

Table II. KrazyNN Results

Inner Test ROC | Weight | Test
K| Acc. s | Acc. Sens. Spec. | AUC | Time | Time
20 790 0 742 .686 774| .856| 0.000| 0.016
20 790 90 783 .800 774| .854| 0.414| 0.015
40 790 0 753 571 .854| .861| 0.000{ 0.015
40 .790| 160 .866 7114 952| .902| 0.793| 0.017
40 .790| 200 .845 .657 951| .890| 0.773| 0.016
50 782 0 794 .542 .935| .879| 0.000{ 0.020
50 782 10 763 571 871 .872| 1.020| 0.010
50 782 -10 814 571 952 .894| 1.006| 0.013

Table II contains some of our results from the modified
KNN algorithm, dubbed KrazyNN. K and s are independent
variables, and where s = 0, weights were not calculated. The
inner accuracy score and the times are not dependent on s.
The weight time represents the seconds spent to calculate the
weights for the data at a specific K value, and it correlates
directly with the value of K. 40 was the best K value both
with and without weights, and s = 160 scaled the weights for
the best accuracy. K = 20 achieved an identical
inneraccuracy score to K = 40 but lower accuracies on the
test data. s = 90 proved to be the optimal scale for k£ = 20,

and it produced a better sensitivity than any of our other
KNN or KrazyNN tests.

Overall, the KrazyNN model has the potential to improve
KNN accuracies, but it has some disadvantages. Despite
only having two parameters—K and s—they are difficult to
tune for the maximum accuracy, and occasionally no
positive s value that benefits the accuracy can be found,
suggesting that the weights are flawed. The weight-finding
algorithm is also quite time-consuming, taking as much as a
second for higher K values, although this is much faster than
using PFT for other algorithms, which can take minutes on
the same data.

2.4 Genotype Encoding

So far, our testing has focused on the haplotype data, but
we also investigated the converted genotype data. As
illustrated by Fig. 1 in the introduction, the data we obtained
were interpreted and encoded from two lines of binary
haplotype data into a single line of ternary genotype data for
each observation. Matching Os from both haplotypes were
encoded as 0 in the genotype, a pair of 1s was encoded as 1,
and a pair of both was encoded as 2. Naturally, these are
regarded as nominal categories, and they suit the ternary
decision trees used by Mao and Lee [2]. However, because
the implementations of
RF and XGB that we chose use binary decision trees, and
because KNN relies on distance metrics, we considered
other ways to encode the data.

First, we tested the accuracy and ROC AUC for the
genotype data without transforming or encoding it at all.
Results are shown in Table III. The scores are much lower
than those from the haplotype data, but we still worked on
improving them slightly.

To improve the accuracies, we first tried interpreting the
categories ordinally by swapping all the 1s and 2s in the
genotype data. This means that the heterozygous (0-1 or 10)
pairs, now encoded as 1, are between the homozygous (0-0
& 1-1) pairs, now encoded as 0 and 2. Our rationale was that
the heterozygous pair was logically halfway between the
homozygous pairs. With this ordering, a decision tree might
more easily choose a split based on whether or not a specific
nucleotide was found in either haplotype (while only looking
at the genotype). KNN, relying on distance measures, would
consider two different homozygous pairs to be more
dissimilar than a homozygous and a heterozygous pair.

Testing each of the algorithms, we found that this is
correct for some cases: As seen in Table III, the results either
stayed the same or improved in accuracy with the change.
Using the same parameters as our initial testing, KNN
improved considerably for p = 2. KrazyNN delivered an
exceptional accuracy for k=19 and s = —30 on the swapped
data
(which had an inner accuracy of only .624). With those same
parameters, the original data earned an accuracy of 60.8%.
Other parameters (k= 31, s = 20) earned 68.0% accuracy on
the original data, which is included in the table as the best



example. SVM showed no improvement in accuracy with
the translated data until y was changed from 0.2 to 0.5, which
was the optimal value for the translated data. ROC AUC
decreased nonetheless. Similarly, we observed no change in
accuracy with RF (.618) using the same number of
estimators (125) as our initial testing. However, by
decreasing the number of estimators to 75, accuracy
improved for the swapped data, although ROC AUC
decreased. XGB remained unchanged using the same
parameters as before.

Table III. Genotype Encoding Results

Original | Swapped 1-hot | Original | Swapped | 1-hot

Algorithm | Accuracy | Accuracy | Accuracy | ROC ROC |[ROC
KNN p =2 .680 711 .639 .655 .670 | .573
KNNp =1.7 .691 701 .629 .639 621 | 583
KrazyNN .680 7122 N/A .659 .673 | N/A
SVM y=0.2 .639 .639 .649 .520 S14 | 522
SVM y =0.5 618 .649 .629 .504 509 | 489
RF n =125 618 618 .629 .549 522 | 534
RF n =75 .608 .629 .649 .576 537 | 544
XGB .608 .608 .588 489 489 | 529

Secondly, we sought to improve results by running the
same test with one-hot encoded data. This forces the three
categories to be treated nominally by the classifiers. Each
feature is split into three features, which are Boolean values
representing which categories an observation is in and not
in. This method benefited the accuracy of SVM slightly and
RF considerably while harming the accuracy of KNN and
XGB. No value of s could improve the KrazyNN accuracy
over s = 0, so it is left out of the table.

4. Conclusion

Through a series of experiments, including genotype
encoding and multiple methods of feature reduction, this
paper sought to determine the most accurate and efficient
model for classifying Crohn’s disease solely based on a
patient’s genetic data. After using both the haplotype and
genotype data, we can confidently conclude that the models
trained on the haplotype data yield more accurate
predictions. However, if using the genotype data instead for
its fewer features, we found that the swapped dataset
provides slight accuracy improvements, especially for the
KrazyNN model.

Focusing on the haplotype dataset, the most accurate
models are XGB, RF, and, when run on 43 features selected
by PFI, SVM. Though it is the least accurate, KNN is the
most timeefficient of all the models we tested and would be
useful in cases where speed is prioritized over accuracy. For
the best combination of efficiency and performance, we
found that XGB with its features reduced by PFI retains the
highest accuracy of all the models and is the fastest after
KNN. The second best model is SVM trained on 43 features
since it runs nearly as fast as XBG while being only around
2% less accurate. As stated previously, although the RF

model performs slightly better than the SVM model, its
efficiency did not improve much by reducing features.
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ABSTRACT

With the rise in Large Language Models (LLMs)
being used for recommender systems, there has
been an increased effort to examine their many
biases. Position bias is one of these many biases,
which is when a model can be sensitive to the
order in which the candidates to be recommended
are presented, which will affect the overall
ranking results. After creating an LLM
recommender system in the form of a fashion
stylist, we have examined the stylist to determine
to what extent it is affected by the position of the
candidates.
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1. Introduction

With the rise of large language models, they have
been used increasingly in recommender systems.
As these recommender systems have gained more
popularity, there has been an increased effort to
examine their many biases, one of which is
position bias. Bito, E., Ren, Y., and He, E. define
position bias as: Large Language Models'
(LLMs’) tendency to rely on the order of
candidates in the input rather than their actual
relevance to the prompt given [1], [2]. As position
bias has been increasingly studied, studies have
found that LLMs prioritize the candidates at the
top of the list [3].

With position bias being very prevalent within
LLM recommender  systems, we decided
to evaluate our Al fashion stylist for position bias.
The AI stylist isa LLM recommender system
utilizing LLMs zero shot capabilities. The LLMs
are given a system prompt to act as a highly
trained personal stylist. It is then asked to
recommend different outfits based on event-
based parameters such as the event itself, the
formality, the weather, and the city in which the
event is based. These outfits are made from an
imported closet which is made up of descriptions
of the different clothing items. These descriptions
are generated based on images of the clothing
items using the 27 billion parameter variant of the
multimodal LLM Gemma 3 [4] and include color,
season, style, fabric, cut, and occasion. The
models used for the AI stylist are easily

interchangeable for any Ollama LLM. Through
the Al stylist, we will examine the extent to which
Gemma 3 and gpt-oss [5] are affected by position
bias.

2. Related Works

Position Bias is a well explored problem in the
context of Large Language Models. Liu et al. [2]
demonstrated that models tend to have trouble
referencing information in the middle of their
context  windows, heavily = emphasizing
information that appears in the beginning or end
of their context windows. This idea of position
sensitivity was also explored by Wang et al. [6]
who demonstrated that the bias was strong enough
that LLM based evaluation systems could be
hacked via altering the order in which the
information appears.

Despite the fact that Position Bias is a real
problem when using LLMs for recommendations,
they have been widely used in the literature for
various recommender systems, and have been
demonstrated to work sufficiently well, even with
the inherent limitations. Some examples of this
can be seen in the Lin et al. [7] and Zhao et al. [8]
surveys that contextualize some of the
methodologies used to perform this task.
Specifically, wusing LLM’s as fashion
recommender is also a relatively well explored
problem, with work by Liu et al. [9] representing
one highlighted example, and Deldjoo et al. [10]
offering a broader survey.

3. Experiment

The goal of our experiment was to determine if
the Al Stylist's choice in recommending clothing
items was affected by the position of the clothing
items in the list. For this experiment, we used
Ollama's large language and vision [4] [5]from
OpenAl

First, we came up with a prompt for what kind of
event, weather, location, and formality the Al
Stylist would be styling outfits for. The situation
was: going out for coffee with friends, trying to
look stylish while still being mostly casual. The
location was Pittsburgh, PA, and the weather was
30 degrees Fahrenheit and windy. Then, we
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Figure 1: Gemma 3 Control Case
Results from Gemma 3 when object order was not shuffled.

generated 10 similar-sounding prompts, with the
Gemma 3 model containing the same key
information.

Then, based on that prompt, we compiled a closet
of 16 items, which were then converted from
images into Al-generated text descriptions using
the Gemma 3 model. The text descriptions of the
items, including cut, color, season, occasion, and
a unique item id. 14 of the 16 clothing items were
very suitable for the cold weather and formality
expected, while the other two were clothing items
that were suited for warmer weather. These two
items were denim shorts, which have the item id

"denim_short 001", and a tank top, "top-ribbed-
squareneck-goldtrim-001".

To start examining the position bias in Al Stylist,
we first had to adjust the system prompt, so that
the model would produce the chosen items in a
JSON file format instead of normal text. This
ensured that chosen items could be analyzed more
casily as data points. The Al Stylist picks 2 to 4
clothing items, enough to make a full outfit each
time it is prompted. For easy of analyzing we have
decided to separate these groups of clothing items
into induvial data points.

From there, we created the control case for testing
for position bias. First, the AI-Stylist would be fed
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Figure 2: Gemma 3 Shuffled Case

Results from Gemma 3 when the order in which objects appear in the closet are shuffled before each run.
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Figure 3: gpt-oss Control Case

Results on gpt-oss when the data was not shuftled.

the system prompt that describes how to be a
fashion stylist and how to format the output into a
JSON file. The Stylist is then fed the JSON file
containing a list of all the clothing items and their
descriptions, and one of the 10 different prompts.
The 10 different prompts ensure that the Stylist
picks clothing items based on the parameters of
event, location, weather, and formality, and not
based on the prompt being the same wording.
Then, the Stylist outputs the items chosen in the
JSON file format. , an order number is appended
to the clothing item based on the position it is in
the closet. Then the output is appended to a list
used to store all the chosen items. This series of
steps was then repeated 4000 times, and the list of
the chosen items are exported into a JSON file.

Next, we created the shuffled case, which purpose
was to show if the AI Stylist was affected by
position bias. The beginning of the shuffled case
starts similarly to the control case, with the system
prompt being sent to the Al-Stylist. Then, a copy
of the closet JSON file is made and is shuffled.
The shuffled closet is sent to the Stylist, along
with one of the 10 prompts. After receiving the
prompts and closet, the Stylist outputs the items
chosen in the JSON file format. Then, an order
number is appended to the clothing item based on
the position it is in the shuffled closet. After the
output is appended to a list used to store all the

gpt-oss: Position vs Total Number of Iltems Picked in Each Position
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Results from gpt-oss when the order in which objects appear in the closet are shuffled before each run.
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Figure 5: Gemma 3 Denim Shorts
This chart looks at the frequency at which Gemma 3, chose Denim shorts as part of the outfit, this is an inappropriate choice based on
the prompt, which indicates a cold day.

chosen items. This series of steps was then
repeated 4000 times, and the list of all the chosen
items is exported into a JSON file.

Using the methods described above, we tested
Ollama's large language models, Gemma 3 and
gpt-oss. After examining the data, we found that
both models had a significant position bias,
favoring candidates towards the front of the list.

4. Results

When using the Gemma 3 as the Al Stylist, the
model chose 9,910 items in the control case and
10,327 items in the shuffled case. In the control
case, the model did not alter any of the item ids or
hallucinate items that did not exist in the closet.
However, in the shuffled case, the model altered
item ids or hallucinated items 42 times. For the
shuffled case data, we have removed the items
with altered item ids or that were hallucinated
from all graphs and totals. This makes the new
item total for the shuffled case 10,282.

In the control case, as seen in figure 1, Gemma 3
only picked 7 of the 16 positions. The most often
picked positions were position 1,
“BRWN FLR PNT 001", position 4, “SWTR-
CBL-001", and position 2, “leather jacket 001”,
picking position 1 and position 4 3,600 times and
position 2 1,829 times. These top-picked positions
held items that were the first items of their class
that appear in the closet list.
“BRWN_FLR PNT 001 is the first pair of pants
in the closet list, and “leather jacket 001” is the
first jacket to appear in the closet list. The
interesting thing is that “SWTR-CBL-001" is the

first sweater to appear in the closet list, but not the
first top. The first top was in position 0 and was
"turtleneck-top-001". This could be the model
determining that a sweater would be better to wear
on a 30-degree day in Pittsburgh, PA, rather than
a more lightweight turtleneck top. These top-
picked positions already imply that there could be
a position bias in this model towards the front,
since the top-picked items are coming from the
front of the list.

In the shuffled case as seen in figure 2, the top-
picked position is 0, then 1, then 2, so on and so
forth, with position 15, the last position, being the
least-picked position, with only 56 picks. Position
0 was picked 1,698 times, position 1 was picked
1,475 times, and position 2 was picked 1,236
times. Positions 0, 1, 2, and 3 make up 53.8% of
the total number of items picked, 10,282. A fourth
of the positions represent 53.8% of the total
number of items picked, supporting the idea that
Gemma 3 has a position bias towards the front of
the list. Since the closet is shuffled every time the
model is called, it does not matter what item of
clothing is in these lower-number positions.

It will pick these positions towards the front of the
list so much so that the model will pick items that
are not very suited to the situation that it was
given. The 5 shows the rate at which denim shorts
are picked for a 30-degree day in Pittsburgh based
on the different positions the denim shorts were
in. It was picked 96 times, making the jean shorts
0.9% of the total items picked. When the jean
shorts were picked, 64.6% of the time they were
in positions 0, 1, 2, or 3. A fourth of the positions
make up 64.6% of the times that the jean shorts
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The frequency and position at which gpt-oss picked a turtleneck, which is a good choice within the constraints of our prompt.

were supporting that Gemma 3 has a position bias
towards the front of the list. Jean shorts are not an
item that is suited for 30-degree weather, and the
fact that when they were picked, they were in the
front fourth of positions 64.6% of the time shows
how the model Gemma 3 has a position bias
towards the front of the list.

When using the gpt-oss as the Al Stylist, we ran
the model 3000 times for the control case and
4000 times for the shuffled case because gpt-oss
took over 12 hours to run 4000 times. For the
control case, the model chose 9,070 items and
12,921 items in the shuffled case. The data
required some additional cleaning in both sets to
analyze, which required removing times when the
mode errored in producing a JSON output and
removing the key, outfit, when it appeared before
the items the model picked. In both cases, the
model altered some item ids or hallucinated some
items. In the control case, it did this 29 times, and
in the shuffled case, it altered item ids or
hallucinated items 42 times. For both cases of
data, we have removed the items with altered item
ids or that were hallucinated from all graphs and
totals. This makes the new item total for the
shuffled case 12,879, and the control case's new
item total 9,041.

In the control case as seen in figure 3, gpt-oss
picked all the positions at least once. The most
often picked positions were position O,
"turtleneck-top-001", position 2,
“leather jacket 0017, and  position 1,
“BRWN _FLR PNT 001”. It picked position 0
2,952 times, position 2 2,833 times, and position
12,201 times. These 3 positions make up 88.3%
of the positions picked in the control case. All

these top-picked positions hold items that are the
first items of their class that appear in the closet
list. These top-picked positions already imply that
there could be a position bias in the gpt-oss model
towards the front, since the top-picked items are
coming from the front of the list.

The gpt-oss shuffled case is very similar to the
Gemma 3 shuffled case. As shown in figure 4, a
noticeable difference is how sharp the initial
decrease is. Position 0 is picked 1,828 times, and
position 1 is picked 1,475 times, which is a
sharper decrease than the difference between
position 0 and position 1 in the Gemma 3 shuffled
case. It's also important to note that position 6 is
picked 856 times, and position 5 is picked 854
times in the gpt-oss shuffled case. Position 15 was
still the least picked position, with it being picked
337 times. This is significantly more than it was
picked in the Gemma 3 shuffled case. The gpt-oss
still has a position bias towards the front of the
list, with positions 0, 1, 2, and 3 making up 40.2%
of the total items picked, 12,879.

While gpt-oss still has a position bias towards the
front of the list, it is more consistent at picking an
original item, which, in the control case, it
preferred. As seen in figure 6, it picks "turtleneck-
top-001" more consistently through the different
positions than other items in the list. This model
is better at picking a more situationally
appropriate item even if they are later in the
sequence. The gpt-oss is a newer model than
Gemma 3, so its ability to pick an item more
consistently could be due to that fact.



5. Conclusion and Future Work

Our work demonstrates that models Gemma 3 and
gpt-oss have position bias towards candidates at
the front of the list, this is consistent with the
expected results from the literature, as the closet
is injected into the beginning of the model’s
context. For Gemma 3 positions 0, 1, 2, and 3
make up 53.8% of the total number of items
picked. The model also had an increased tendency
to pick an item not suited for the expected
weather, jean shorts, when they were in positions
0, 1, 2, or 3. The model gpt-oss still showed bias
towards the front of the list, with positions 0, 1, 2,
and 3 making up 40.2% of the total items picked.
After testing two models for position bias, we are
in the process of in testing more models or
updating the test to see if different situations and
closets change our results. We are also interested
in coming up with and testing methods to reduce
position bias within LLM recommender systems.
One potential approach is to shuffle the closets,
show it to the model multiple times, and then vote.
Similar approaches have shown success in the
work of Tang et al. [11].
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ABSTRACT

Signed Distance Functions (SDFs) are not as widely used
as polygonal meshes, and as such fewer special effect
techniques have been developed tailored to their use. In the
context of SDFs, motion blur seems to frequently be
implemented in general purpose ways that are largely
agnostic of the underlying geometric representation. These
techniques include post-processing screen space effects,
and the compositing of renders from multiple time steps
into a single image. This paper describes the early
development of techniques in which SDFs are produced
representing the volume occupied by an SDF over a given
timespan, similar to existing techniques [1] for polygonal
meshes. The approach described in this paper only enables
the application of motion blur to unshaded, monochromatic
circles and spheres and thereby has very limited present
application. This research may hopefully give beneficial
insight into future development of more general
techniques.

KEY WORDS
Signed Distance Function, Raymarching, Real-time
Rendering, Motion Blur

1. Introduction

As the field of rendering has advanced, numerous
techniques have been developed to achieve effects that
heighten realism and stylization.

Motion blur is one such effect that has been implemented
through many distinct techniques. For high fidelity results,
motion blur is generally achieved by rendering at many
discrete timesteps or stochastically sampling at different
times along a given range. While this approach can be used
in real-time rendering, the high associated performance
cost has encouraged the development of other techniques.
Post-processing approaches can be adapted to a wide range
of contexts but are prone to producing undesired artifacts.
Some approaches produce new geometry to be rendered in
the scene, such as by treating the positions of a polygon at
two timesteps as the bases of a prism [1]. In addition to
resolving some common sources of artifacts, having the
effect integrated into earlier stages of the rendering
pipeline may enable more creative manipulation of the
render.

1.1 Signed Distance Functions

Signed Distance Functions (SDFs) are representations of
objects that are discussed here as an alternative to
polygonal meshes. An SDF is a function which yields the
distance from an input point to the surface of the
represented object. If the input point is outside of the
represented object, the distance returned is positive. If the
input point lies within the represented object, the distance
returned is negative. See Figures 1 and 2 for an SDF
portraying a circle.

In 2D, rendering SDFs is relatively simple. The SDFs that
compose a scene can be evaluated at each pixel, and
negative distance values indicate that a pixel lies within the
corresponding SDF and can be colored accordingly. The
3D case is more complex and will be performed through
raymarching for this paper.

AN 7777
Figure 1: A 2D rendering of a circle from an SDF with
visual aids indicating the surface or boundary in white,
the interior with negative value in blue, and the exterior
with positive value in orange [2].

float sdCircle( vec2 p, float r )
{

return length(p) - r;

Figure 2: A corresponding SDF for the circle. The
vector p corresponds to the point in space where the



SDF is being sampled. Here the parameter r allows for
the radius of the circle to be specified. A parameter for
the position of the circle’s center is not present and in
this case the circle is positioned at the origin [2].

1.2 Raymarching

For the purposes of this paper, SDFs in 3D will be rendered
though a raymarching technique sometimes referred to as
Sphere Tracing. In this approach, rays are emitted from the
camera, and these rays step forward in an iterative process.
At each step, the ray advances by the minimum distance
evaluated from all the SDFs in the scene. By advancing in
this fashion, we are ensured that the ray does not step inside
or through an object.

As the ray approaches an object, the distance evaluated
from that object’s SDF shrinks and when this distance is
below some minimum threshold, we consider the ray to
have collided with the object.

For the limited scope of this paper, objects are rendered
with uniform color with no lighting or shading. As such,
for opaque objects, the color for a given pixel is set as the
color associated with the SDF.

For rendering objects that are blurred and therefore not
fully opaque, the ray marching process should be continued
beyond the initial collision to determine the color
underlying the object in the scene so that an accurate
resulting color may be calculated.

1.3 Purpose

Significant research has been done in motion blur with
polygonal meshes, but remarkably little research considers
motion blur in the context of scenes composed of SDFs.

This paper will discuss rudimentary approaches to
achieving motion blur through the construction of SDFs
representing each blurred object.

2. Technique Development

The sphere is arguably the simplest SDF. This is simply the
distance to the center of the sphere minus the radius. In
addition, without surface detail, the sphere lacks a notion
of orientation. We will initially develop techniques with
these simplifications, then discuss the generalizability of
the techniques.

If the object being moved is a sphere, reasoning about the
region swept by its motion over some timespan is relatively
simple. So long as the true SDF for the path traversed by
the sphere’s center is available, subtracting the radius
results in the SDF of the region swept by the sphere. The
region swept by a sphere moving linearly is thereby
represented with a line segment for which a performant
SDF exists as shown in Figures 3 and 4. A sphere

experiencing constant acceleration moves along a
parabolic arc. A section of a parabolic arc can be exactly
represented by a quadratic Bézier curve. A quadratic
Bézier curve is conventionally specified by its start and end
points, as well as a control point which determines how the
arc will curve in between. The position of the control point
can be calculated at a low expense, and reasonable SDFs
for Bézier curves are available making them a good choice
for representing this motion. See figures 5 and 6 for the
representations of these curves.

Figure 3: A 2D rendering of a line segment from an SDF

2].

sdSegment ( P,

pa = p-a, ba = b-a;

h = ( (pa,ba)/ (ba,ba),
( pa - ba*h );

Figure 4: A corresponding SDF for the line segment
with parameters for the endpoints [2].

Figure 5: A 2D rendering of a quadratic Bézier curve
from an SDF [2].



float sdBezier( in vec2 pos, in vec2 A, in vec2 B, in vec2 C )
{
vec2 a - A;
2.0*B + C;
2.0;

vec2 b
vec2 ¢

LI A | N T

vec2 d
float kk
float kx

*
~ pos;

1.0/dot(b,b) ;

kk * dot(a,b);

float ky kk * (2.0*dot(a,a)+dot(d,b)) / 3.0;
float kz kk * dot(d,a);

float res = 0.0;

float p = ky - kx*kx;

float p3 = p*p*p;

float g kx* (2.0%kx*kx-3.0*ky) + kz;

float h g*q + 4.0*p3;

if( h >= 0.0)

{

h = sqgrt(h);

vec2 x = (vec2(h,-h)-q)/2.0;

vec2 uv = sign(x) *pow(abs(x), vec2(1.0/3.0));
float t = clamp( uv.xtuv.y-kx, 0.0, 1.0 );
res = dot2(d + (c + b*t)*t);

float
float
float
float
vec3

sqrt(-p) ;
acos( q/(p*z*2.0) ) / 3.0;
cos(v) ;
sin(v)*1.732050808;
clamp (vec3 (m+m, -n-m,n-m) *z-kx,0.0,1.0) ;
res = min( dot2(d+(c+b*t.x)*t.x),
dot2 (d+ (c+b*t.y) *t.y) )
// the third root cannot be the closest
// res = min(res,dot2(d+(ctb*t.z)*t.z));

}

return sqgrt( res );

Figure 6: A corresponding SDF for the quadratic
Bézier curve with parameters for end points A and B,
as well as a control point C. The vector pos represents
the same sample point labeled p in previous figures [2].

One key reason to generate new geometry for motion blur
is that this often facilitates performant and accurate
blurring of very fast motion. SDFs are well suited to taking
advantage of this as primitives can be extended at little cost
and the union of SDFs is easily produced as the minimum
of those SDFs. Bézier curves and line segments can be
made arbitrarily long while incurring very little additional
performance cost. The trivial union allows for more
complex paths (e.g. those involving physics interactions
with other objects) to be reasonably represented.

2.1 Approximating Time Coverage

As a simplification, we consider the spheres to be
unshaded. Thus, we only need to determine the opacity
with which the blur should be rendered at each pixel. To
determine the opacity of a given point we calculate the time
coverage. We establish the term time coverage to refer to
the duration that the given point lands within the object for
the given time step. Though temporal information is not
present within the produced SDF itself, the time coverage
can in some cases be reasonably approximated using the
SDF.

Consider the case of a circle moving with a constant
velocity in a 2D space. For a given timespan the time

coverage of any point that is uncovered at the beginning
and end of the timespan is a function of that point’s
distance from the line segment between the center’s
starting and ending locations. In other words, in this case
the time coverage can be exactly represented for most
points in a scene as a function of the SDF evaluation and
the velocity of the represented circle. If total accuracy is
desired, an exact calculation with some additional
information can be performed within the regions defined
by the circle’s start and end positions.

Though this approximation is not accurate for non-linear
motion, it yields a reasonable looking result in most cases
at a very low-performance cost.

In 3D, attempting to approximate time coverage from the
SDF becomes more complicated. When raymarching, the
collision with the SDF occurs near the surface (within
some tolerance), where the SDF has a value of
approximately 0. Instead of using this SDF value, we may
base our approximation of time coverage on the thickness
of the region that the ray passes through. That is, we
continue marching until we reach the surface on the other
side and determine the length of the vector from the entry
point to the exit point. From there, marching continues so
that anything behind the blurred object can be rendered as
well.

2.2 Utility of Segmentation

As previously discussed, the easy union operation of SDFs
enables the construction of complex paths for our objects.
This means that motions that lack closed form equations
can still be depicted. Physics calculations performed in
discrete steps can be used to generate segments that can be
joined together.

Beyond this useful path generality, segmentation can
enable finer control of the appearance of our effects. Rather
than combining the SDFs into a single object, we can
determine which SDF segment to consider and render
accordingly. This enables us to change the degree of blur
for different segments according to parameters like
velocity or recency. This can even allow for properties of
the object to change over the time step such as size or color.

3. Implementation

We utilized the free and open-source Godot game engine
[3] for our implementation of this technique in 2D. The
project created in Godot consists of a 2D scene with a rect
covering the rendered area. This rect has an associated
.gdscript file and a .gdshader file. GDScript [4] is the
preferred language to be utilized for game logic in Godot,
with syntax similar to Python. The .gdshader file uses
Godot’s shading language which is highly similar to GLSL
ES 3.0 [5].



The compiled .gdscript file is executed on the CPU before
each frame and manages the circles we intend to render.
For convenience, each circle is an instance of a class, with
data members to represent the position, velocity, and
acceleration vectors. Each frame, physics calculations are
performed, updating these circles’ positions and velocities
with consideration of the time elapsed between frames. For
this implementation, the blur is performed between the
present position of the circle and an extrapolated position a
constant timestep into the future, independent of frame
rate. The choice of extrapolating into the future was made
for simplicity though this could be easily adjusted to
instead be a point in the past, extrapolated or otherwise.
Considering a constant timestep for the blur makes
individual frames more comparable to each other and
allows for easier viewing of the effect, particularly when
this timestep is very large. Once the start, end, and control
points are calculated for each circle, this information is
used to update the shader parameters (referred to as
“uniforms” in GLSL and Godot’s shading language) so that
the Bézier curves may be rendered. The initial velocity of
each circle is also provided as a shader parameter for use
in our time coverage approximation.

The .gdshader file consists of a fragment shader which is
executed at each pixel on the screen. As this
implementation considers the 2D case, each SDF only
needs to be evaluated once per pixel. The shader loops over
the indices of our circles and evaluates each Bézier curve
SDF from the corresponding entries in the arrays of start,
end, and control points. Any negative SDF values are used
along with the corresponding circle’s velocity to
approximate time coverage. This time coverage is then
used to interpolate the color of the pixel between the value
calculated up to this point (the background color, possibly
combined with the colors of some previous objects) and the
current circle’s color. Circles with higher indices are
therefore rendered on top of circles with lower indices. See
Figures 7 and 8 for images of the running project.

Figure 7: A screenshot of the running Godot project. A
high relative downward acceleration and long blur
timestep are used to exhibit the curves achieved with
the Bézier SDF.

Figure 8: A screenshot of the running Godot project. A
lower relative acceleration is used resulting in paths
with little discernible curve. The same Bézier SDFs are
being utilized.

4. Future Work

Efforts could be made to consider how this approach may
be adapted to other primitives beyond n-dimensional
spheres. A survey of implementations and approaches in
informal online communities such as shadertoy.com could
be conducted to consider how such techniques could be
incorporated into or generalized beyond this approach.
Some significant effort may be employed in analyzing code
samples as readability of SDF code samples is often low.
These shaders are often adapted directly from
mathematical derivations with few comments and
exceedingly short variable names. However, with
experience some knowledge of community conventions
can aid in this analysis.

5. Conclusion

While literature on motion blur of SDFs is very limited,
some demos and code samples do perform motion blur in
a fashion developed specifically for SDF based geometry,
though these are often not easily generalized beyond the
exact scene represented. Developing well-documented
techniques and working towards generality will allow for
greater flexibility and creativity in SDF rendering.

The technique described is very limited in only applying to
spheres and circles without shading or lighting, however
this is reasonably suited for rendering particle effects,
particularly when these particles are fast-moving or under
long exposure, where other techniques may produce
artifacts, oversimplify motion, or be less performant.
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ABSTRACT

Breast cancer affects approximately 1 in 8§ women
over the course of her lifetime, yet early detection
yields a S5-year survival rate of ~99%, making
accurate Al-assisted mammography screening a
critical area of research. A persistent challenge in
this domain is severe class imbalance — in typical
screening datasets, cancerous images represent as
little as 1-2% of all samples, causing naively
trained models to predict noncancerous outcomes
by default and achieve 0% sensitivity on cancer
cases despite high overall accuracy. This paper
investigates two complementary techniques to
address this imbalance: (1) a sigmoid-focal loss
function with class-weighted parameters (o =
0.075, y = 2.0) to emphasize learning from the
underrepresented cancerous class, and (2) a
dynamic sampling strategy that progressively
shifts the training distribution from a 50-50 class
split toward the true distribution across epochs.

KEY WORDS
Computer Vision, Deep Learning, Mammogram

1. Introduction

The American Cancer Society approximates that
about 1 in 8 women will be diagnosed with breast
cancer over the course of her lifetime, but if
detected early, the 5-year relative survival rate
stands around 99% [1]. Due to the effective
treatment options when cancer is detected early,
proactive, annual cancer screenings are
recommended for all women starting at age 40. It
has been demonstrated that artificial intelligence
(Al) can act as a powerful tool in breast cancer
detection [2] [3], promoting AI’s integration into
healthcare as a supplemental tool to relieve
overworked radiologists and reduce the number of
late-stage diagnoses. Although extensive research
illustrates the use of Al to effectively classify
mammograms with promising results, such
studies are often hampered by having to rely on
imbalanced datasets. Often, mammography
datasets have an overwhelming proportion of
noncancerous samples in comparison with
cancerous samples due to the vast number of
annual screenings. The lack of positive samples in

datasets causes models to become biased towards
noncancerous images, negatively affecting the
model’s overall performance. Therefore, this
research aims to improve the performance of
machine learning models training on biased
datasets for biomedical imaging classification
tasks.

If Al models are to be effective tools for early
detection, they must be able to accurately identify
both noncancerous and cancerous scans despite a
lack of available positive samples for reference in
training. Overworked radiologists swamped by a
plethora of scans needing to be reviewed will only
benefit from a reliable tool that outputs minimal
false positive and completely avoids false
negative diagnoses. Failing to detect cancer
allows the tumor or mass of abnormal cells to
grow and metastasize by the time of the patient’s
next screening, unnecessarily worsening her
prognosis. Similarly, incorrectly identifying a
scan as cancerous requires a patient to undergo
further testing and screening, which increases the
workload of doctors and radiologists and subjects
the patient to unnecessary anxiety and invasive
procedures. For that reason, this project desires to
improve a model’s performance in identifying
cancerous images when trained on minimal
positive samples by implementing dynamic
sampling, weighted loss functions, and other
techniques.

2. Related Works

Class imbalance in image classification, and all
machine learning, is a well-known and well-
explored problem. Buda et al. demonstrated that
this problem extends from traditional machine
learning into deep learning based image
classification problems [4]. Once the problem is
acknowledged, there are a couple of ways to
address it. The first would be to build a balanced
dataset which is easier said than done. Chawla et
al. propose an alternate solution that does not
require any additional data [5], namely under-
sampling the majority class, and over-sampling
the minority class. For that reason, we
implemented a similar approach to SMOTE in
this work. An alternative method would be to
weight the loss function to emphasize
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performance on the minority class which can be
accomplished through Focal Loss [6]. Using Deep
Learning for medical imaging, and for
mammography in particular, is also widely
adapted in the literature [3] [2].

Figure 1:Example of augmented Mammogram
Image

3. Methodology

This research was conducted using two datasets,
namely the Radiological Society of North
America’s (RSNA) 2023 Breast Cancer Detection
Contest dataset obtained from Kaggle [7] and The
Chinese Mammography Database (CMMD)
downloaded from the Cancer Imaging Archive
[8]. The RSNA dataset has over 43,000
mammogram scans, and we withheld around
11,000 images for testing. The training and testing
sets are highly imbalanced since noncancerous
images account for roughly 98% of each dataset.
Useful metadata such as the diagnosis (0 for
noncancerous and 1 for cancerous), left or right
breast, patient ID, etc., are listed in each set’s CSV
file. Contrary to the RSNA dataset, the CMMD
has over 3,700 images with cancerous images
accounting for roughly 70%. The CSV file has
metadata such as
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Figure 2: ROC Curve for Focal Loss

patient ID, subtype, classification (malignant or
benign), etc. Since the RSNA and CMMD
datasets employ different ways of labeling
cancerous and noncancerous images (“1” versus
“malignant”), a separate class was written to
standardize the labeling system according to the
RSNA method. We combined the RSNA and
CMMD datasets for training with only about 7.5%
of the total images being cancerous. Lastly, the
model was evaluated using only the RSNA testing
dataset.

The code for this process was written in Visual
Studio Code using the Python programming
language and the PyTorch machine learning
framework. Before training, images were
preprocessed using several augmentations. For
example, images were flipped horizontally (p =
0.3) and randomly rotated (degrees = 20). In
addition, the images were slightly cropped using
the random affine transform (translate = (0.05,
0)). Likewise, an elastic transform (a = 3.0 and
=0.5) and gaussian noise were also applied (mean
= 0.0 and o = 0.01). To add, every image was
resized to 512 by 512 and normalized according
to the mean and standard deviation of the
respective dataset. Figure 1 illustrates an example
image before and after augmentations.

We used a ResNet-50 [9] architecture with
weights pretrained on ImageNet to process the
images. For reference, transfer learning from a
ResNet pretrained on ImageNet is a widely
accepted practice in the literature [10]. The
architecture was modified to accept grayscale
input by adjusting the first convolutional layer for
single channel input and the fully connected layer
for binary classification. To continue, stochastic
gradient descent (SGD) (learning rate = 0.001 and
momentum = 0.9) was selected as the optimizer,
and the model processed images using a batch size
of 32.

Employing a sigmoid-focal loss function [6] to
address class imbalance was a main tactic of this
research. Due to the overwhelming proportion of
negative samples in the dataset, standard cross-
entropy loss functions fail to positively impact the
model’s ability to detect cancer. For that reason, a
sigmoid-focal loss function was implemented
since the a parameter allows for weights to be
applied to each class, placing greater emphasis on
the cancerous class despite the low number of
occurrences in the actual dataset. Furthermore, we
set o= 0.075 to match the proportion of cancerous



samples in the combined training dataset and kept
the default parameter y = 2.0.

Our dynamic sampling method focused on
repeatedly updating the training dataset during
training rather than using the imbalanced dataset
for each epoch. Furthermore, the approach
addresses imbalance by continually adjusting the
proportion of cancerous and noncancerous
samples within the training dataset by a
predetermined amount after each epoch,
subjecting the model to varying collections of
images. The method began by creating a 50-50
distribution of the training dataset and adjusted
the proportion of each class by 0.5% after each
epoch. The model was trained employing only the
focal loss function before using it with dynamic
sampling. In terms of training, it lasted at least a
hundred epochs. After reaching one hundred
epochs, we continued until there had been no
improvement in model loss within ten consecutive
epochs, ensuring efficient training while
preventing running the model with stagnant
progress.
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The model’s final prediction on the test images
was decided using a 0.5 threshold. For
probabilities greater than 0.5, the image was
diagnosed as cancerous. Otherwise, the image
was labeled as noncancerous. The model was
evaluated after each epoch by calculating the
overall accuracy and specific class accuracies on
the test images, as well as the area under the curve
(AUC) for that epoch’s receiver operating
characteristic curve (ROC) [11]. During the
training and testing process, best AUC, best AUC
epoch number, best loss, best loss epoch number,
current loss, current AUC, and current epoch
number were tracked and logged using the

Weights & Biases platform which provides
visualization tools for the performance and
metrics of Al models
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Sampling with Binary Cross Entropy Loss

4. Results

Naively training the model with a binary cross-
entropy loss function gives the best overall
accuracy: 97.86%. Unfortunately, digging into
this result further shows that while we get a 100%
overall accuracy on noncancerous images, the
accuracy on cancerous images is 0%. Despite the
apparent strong performance in terms of accuracy,
the model is simply learning that it should always
predict noncancerous for the highest performance
due to the wide class disparity in the dataset.
Because of this we focused on other metrics, such
as area under the ROC curve.

Implementing just the sigmoid-focal loss showed
promising results. The model was trained for a
total of 283 epochs, corresponding with when
there had been no loss improvement after 10
epochs. Multiple metrics such as loss, AUC, and
accuracy were evaluated. Despite fluctuations in
the AUC, the overall score showed a visible
increase over the 283 epochs, demonstrating a
clear progression in learning the features of
training images. The AUC scores from each ROC
curve ranged from 0.48277 to 0.66986 with the
lowest AUC at epoch 4 and the best at epoch 269.
See Figure 2 for the ROC curve of our best model
trained with focal loss. Additionally, the loss
ranged from 13.13832 to 6.31197, demonstrating
a steady decrease throughout the entire training
session. The best loss of 6.31197 for this training
session occurred at epoch 272. Figure 3 shows the
ROC curve for our best experiment using



dynamic sampling with a standard Binary Cross
Entropy loss. This experiment starts by under-
sampling the noncancerous samples in the dataset,
and periodically increasing the number of
noncancerous samples in the dataset until we
reach the true distribution. Our best result came
after 98 epochs and only had an AUC of 0.56 as
can be seen in Figure 3, but has an interesting
score distribution, which could be indicative of a
need to train the model for more epochs. The
difference in score distributions between dynamic
sampling with the Binary Cross Entropy loss and
the model trained with the Focal Loss, which can
be seen in Figures 4 and 5 respectively, is quite
notable.  Despite having worse overall
performance, the BCE loss produces much more
confident rejections, giving lower overall scores,
but rejecting all noncancerous samples. More
investigation is needed to better understand why
this only seems to occur for the BCE loss. This
may indicate that the model stopped too early, and
we should attempt to train it for a longer period of
time.
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5. Conclusion

In conclusion, this research focused on improving
the performance of machine learning models
trained on datasets that are biased towards the
noncancerous class. To address class imbalance,
this study implemented dynamic sampling,
weighted loss functions, and other techniques
with the goal of producing a model well-suited to
identifying cancerous samples instead of biasedly
predicting all samples as noncancerous each time.
The use of a sigmoid-focal loss function showed
considerable improvement in AUC and loss with
AUC increasing from 0.48277 to 0.66986 and loss
decreasing from 13.13832 to 6.31197. These

metrics indicate that the model acted to optimize
its internal parameters and extract features from
cancerous images to improve its predictions.
Although at present this model would not be an
effective tool within a radiology lab, it
demonstrates great potential for accurately
diagnosing patients with the help of further
research and training. Some limitations of this
experiment were using only two datasets for
training and a relatively small number of epochs.
Therefore, future research must focus on
additional training and integrating more datasets.
With that, even though a groundbreaking tool was
not developed from this research, it provided a
fundamental  educational  opportunity  to
understand key techniques for addressing
imbalanced datasets, as well as an easily
replicable study for students to understand the
basics of machine learning.

6. Future Work

There is still much work to be done on this
problem. Rodriguez-Ruiz et al. established that
the performance of human radiologists has an
AUC of approximately .841 [12]. We hope to
approach that number by better refining our
solutions to the class imbalance problem. Some
areas for future work are dynamically scaling the
alpha value when dynamically sampling the
dataset, generating high quality synthetic data,
and other techniques.
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ABSTRACT

In modern computer science education, students often
write programs using high-level languages without being
exposed to how those same programs execute at the
machine level. These languages abstract away machine
architecture to facilitate the development of program logic
while hiding the interaction with registers, memory, and
the program stack. As a result, machine behavior is often
treated as a “black box,” and students lack accurate
mental models of machine state during runtime.

RosettASM is an educational programming environment
developed by the authors that bridges the gap between
high-level code and machine architecture. This system
presents source code, the generated assembly, and
register, memory, and stack states concurrently via step-
through execution on a graphical interface. RosettASM
contains its own custom, simplified, instructional
programming language, the associated translation pipeline
for target code generation, and a pedagogical interface to
reinforce machine architecture concepts. This paper
presents the design and prototype implementation of
RosettASM.
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1. Introduction

Computer science education relies heavily on high-level
programming languages to introduce students to
programming concepts. A challenge with this approach is
that these languages abstract away the underlying
machine architecture, creating the appearance that they
operate independently of the hardware [1]. Consequently,
students lack exposure to machine behavior related to
their source code and therefore lack appropriate mental
models to accompany it.

Constructing accurate knowledge of machine-level
execution is integral to understanding structure and
control flow within high-level programs [2]. Concepts
such as recursion, stack frames, and program flow
become more explicit when viewed through the lens of
machine-level execution. For example, recursion is often
taught as repeatedly calling a function until a base case is

reached. However, instruction frequently emphasizes
control flow rather than the underlying runtime stack
behavior that enables these calls [3].

To address this gap, we developed RosettASM, an
interactive platform that allows students to work directly
with their own source code. The name “RosettASM” is
inspired by the Rosetta Stone, reflecting the system’s goal
of translating high-level programming constructs to
assembly-level machine execution. The suffix “ASM”
refers to assembly language. Its accessible didactic
environment uncovers the black box by allowing the user
to step through their assembly translation and observe
runtime state changes in registers, memory, and the
program stack. These components reside within the same
interface, allowing explicit mapping across abstraction
layers and reinforcing sequential reasoning and concrete
mental models of execution. The remainder of this paper
is organized as follows. Section 1.1 provides background
context of work related to this topic. Section 2 describes

the system design of RosettASM, including the
instructional  language, translation pipeline, and
visualization interface. Section 3 discusses the

advantages, limitations, practical applications, and future
work associated with the system.

1.1 Previous Work

Prior research on visual program execution has explored
the use of notional machines to help students understand
program behavior during execution [4]. Python Tutor, for
example, is a widely used web-based visualization system
designed to help students step through code and observe
program state [5]. While these tools make program
execution more visible to beginners, they typically
operate at the level of the source language and abstract
away the underlying architecture.
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Figure 1. Python Tutor visualization of variable state
after expression evaluation.

Alternatively, debuggers allow developers to step through
program execution, set breakpoints, and inspect program
state during runtime. While immensely useful, debuggers
such as GNU’s GDB [6] are tailored to professional
developers with prior knowledge of the underlying
architecture and familiarity with development tools. As a
result, they tend to have complex interfaces and large
feature sets that are not paired with instructional
guidance. While they are powerful, debuggers are
primarily designed for professional software development
rather than programming pedagogy.

RosettASM aims to consolidate program visualization
environments and professional debuggers by providing an
instructional sandbox environment. By connecting high-
level code, generated assembly, and machine state
visualization within a single interface, RosettASM
provides a learner-friendly setting conducive to reasoning
about program execution.

2. System Design

The RosettASM environment includes three main
components that support code translation and
visualization. The first is a custom instructional
programming language that allows students to create their
own source code. The second is a translation pipeline
responsible for converting the source program into
assembly code. The final component is an interactive
visualization interface that represents the resulting
assembly and machine state. The following subsections
describe each component in greater detail.

2.1 Language Design

The primary motivation for a custom programming
language is to reduce the cognitive load associated with
programming. Many programming languages, such as
Java or C-based systems, use similar syntax, making it
familiar to students. To avoid unnecessary complexity, it
does not utilize a full feature set or libraries. The
simplicity allows students to focus on the machine
execution represented in the interface rather than the code
itself.

The language currently supports the following constructs:
e  Variable declaration and assignment

Arithmetic expressions

Relational and equality comparisons

Conditional control flow (if/elif/else)

Iterative control flow (for, while)

Flow control (break, continue)

Commenting

Included is a small statically typed system that supports
integer, float, Boolean, and character values to enable
basic semantic checking while maintaining simplicity.
The syntax is similar to many widely used high-level
programming languages. It is semicolon-delimited and
block structured, reminiscent of Java. Functionality is
intentionally limited, as the language is designed for
instructional ~ purposes  rather  than  production
development. This allows assignments to focus on
program behavior rather than full-scale software projects.

2.2 Translation Pipeline

When a student runs their program in the text editor, the
source code is sent to the lexical analyzer. During lexical
analysis, the source code is converted into token objects
representing keywords, symbols, identifiers, literals,
operators, and punctuation. Whitespace and line
comments are ignored at this stage, while delimiters such
as semicolons, parentheses, and braces are preserved as
tokens for parsing.

Using these tokens, the parser evaluates the structure of
the program according to the language’s syntax rules. It
recursively verifies that the code follows these rules and
produces Node objects containing relevant metadata.
These nodes are nested according to their syntactic
relationships to construct an Abstract Syntax Tree (AST),
which represents the program’s structure and order of
evaluation. The AST is then passed to semantic analysis
for verification against the language’s semantic rules.

During semantic analysis, a symbol table is maintained to
track variable declarations and ensure variables are
instantiated before use. This stage also verifies type
correctness for assignments and expressions. In addition,
scope rules are introduced for code blocks, including
nested scopes within conditionals and loops. Once these
checks are completed, the verified AST is passed to the
Three Address Code (TAC) generator.

The TAC generator traverses the AST to produce an
intermediate  representation  resembling  assembly
instructions. These statements follow the three-address
format and use temporary variables to represent
intermediate values while remaining independent of
specific hardware registers. In contrast to typical
compilers, optimization is intentionally avoided so that
intermediate steps remain explicit, allowing students to



observe how higher-level expressions translate into lower-
level operations.

The TAC is then passed to the target code generator. At
this stage, variable lifetimes and next-use information are
analyzed to determine register allocation and stack usage.
Values that cannot be assigned to registers are temporarily
stored on the program stack. The resulting assembly
instructions are then displayed in the appropriate panel of
the user interface.

2.3 Visualization Interface

The RosettASM environment presents the results of the
translation pipeline through an interactive user interface
designed to expose machine behavior alongside the
source program.

o View Run Halp

Figure 2. RosettASM interface displaying example
program from Figure 1.

Students write code directly in an integrated editor and
can select individual lines to observe how they are
translated into assembly instructions. Selecting a line of
assembly reveals the associated machine state, allowing
students to observe how variables move between registers
and memory as execution progresses. The interface
displays multiple panels simultaneously to provide a
complete synchronous view of program execution. The
editor panel allows students to write and select source
code, while a terminal panel reports compilation and
runtime errors. A central panel displays the generated
assembly instructions, and additional panels visualize
register contents and the program stack.

Assembly Translation
1 mov [ebp-4], 2
mov [ebp-8], 3
mov [ebp-12], 4

=y

mov eax, [ebp-8]
imul eax, [ebp-12]
add eax, [ebp-4]
mov [ebp-16], eax

N WL b WN

Figure 3. Assembly instruction translation panel with
sample data.

The stack visualization shows variables relative to the
base pointer, allowing students to observe how values are
stored and updated during execution.

Stack Frame
Offset Identifier Value

EBP+4 Return Address
EBP+0@ Saved EBP

———————————— Y ============
EBP-4 a 2
EBP-8 b 3
EBP-12 C 4
EBP-16 X 14

Figure 4. Stack visualization panel with sample data.

As students step through the program, the interface
dynamically updates to reflect changes in machine state.
Variables that move into registers are highlighted, while
values written back to the stack are visually indicated.

EAX EBX ECX EDX

14 e e e
Identifier: x

ESI EDI EBP ESP

e e e e

EIP EFLAGS

e e

CPU Registers

Figure S. CPU register panel with sample data.

Register values are displayed in decimal form for
readability, and stack entries show the variable name,
stored value, and offset relative to the base pointer. These
visual cues help students track how program execution
modifies machine state through each step. This
simultaneous presentation of source code, assembly, and
machine state helps students build an intuitive
understanding of how high-level programs execute at the
hardware level.

3. Conclusion

RosettASM was developed as an educational environment
meant to expose the relationship between high-level code
and the machine architecture that executes it. By
combining a simplified instructional language, a
translation pipeline, and an interactive visualization
interface, this system allows students to observe the
transformation of their source code into machine state
changes during runtime. This approach supports
constructivist learning by making the normally hidden
processes of program execution visible to learners. The
following subsections discuss the advantages, limitations,
potential educational applications, and future work
associated with RosettASM.



3.1 Advantages

The primary advantage RosettASM offers is the bridging
of abstraction layers. Concepts like stack frames,
registers, data movement, and control flow are taught
using architecture visualizations. The separation of
computer science courses into those focused on high-level
programming and those focused on computer architecture
can create the false impression that these concepts are
independent. This system consolidates these principles
and presents computing constructs as a unified pipeline.
Typical development environments do not present source
code and execution state simultaneously for evaluating
machine behavior. While these environments hide the
interaction, RosettASM focuses on constructing the
mental models associated with removing abstraction.

Another advantage is that seeing machine state reinforces
constructivist learning concepts. This allows foundational
machine components to be learned first and high-level
constructs to be built with concrete understanding of these
components. Stepping through execution allows students
to directly see their own source code in action instead of
interacting with assembly in isolation. This helps capture
explicit machine state the moment each instruction runs.
As a result, learners can observe what operations occur
for each line of source code.

RosettASM provides an avenue to lower the barrier to
machine-level concepts. Allowing students to write high-
level syntax instead of assembly reduces the prerequisite
knowledge required to begin exploring program
execution. Assembly languages express computation in
terms of registers and instructions rather than variables
and human-adjacent linguistic systems. Without requiring
immediate familiarity with assembly language, students
can observe how common programming constructs
translate into machine-level behavior. This simplification
promotes independent exploration, as students can utilize
concepts they already understand from prior programming
experience.

Explicit visualization of execution is paramount to
constructing accurate knowledge. To accomplish this,
non-optimized translation from intermediate
representation to assembly keeps intermediate steps
explicit. Typically, these steps are merged for compilers
for efficiency, but RosettASM preserves them so students
can observe atomic operations. In showing register and
stack information simultaneously, data movement and
stack storage is explicit for student observation. This
helps learners understand how variables are stored in
memory, their usage, and stack changes during execution.

3.2 Limitations

The custom programming language has explicit
limitations in functionality. It does not currently support

advanced language constructs typically provided by high-
level counterparts used in development. For example,
user-defined functions are not supported, so recursion
cannot yet be exemplified. Object-oriented design and
data structures are also not supported at this time. At
minimum, user-defined functions would be implemented
before broader classroom deployment. The current
version represents the initial prototype and serves as a
framework for future expansion.

Secondly, the system supports a single architecture. The
current implementation focuses solely on x86 32-bit
assembly. This restriction contrasts the common usage of
x86-64 in modern systems. Additional modules for x86-
64, ARM, and RISC-V have been considered for further
capability extension.

The visualizations provided represent a simplified
machine model. Certain machine behaviors such as cache
interactions and heap memory are not currently
represented. Additionally, nuanced aspects of execution
are simplified, such as character variables utilizing four-
byte allocations to maintain consistent stack alignment.
The system is designed as an instructional tool rather than
a production environment.

Ultimately, RosettASM is intended to ease students into
low-level concepts, rather than replacing deeper study of
these topics. Advanced students may eventually outgrow
the environment as they move toward full systems
programming. There exists no replacement for learning
real assembly programming when deeper comprehension
of architecture is required. The system is intended to be
an introductory bridge to machine-level concepts rather
than a replacement.

3.3 Practical Applications

The RosettASM environment may support instruction in
several areas of computer science education. In computer
architecture or organization courses, students are often
introduced to registers, memory, and other low-level
components for the first time. Novice programmers
frequently struggle to understand the hidden runtime
behavior of programs and the machine state that underlies
program execution [7]. RosettASM provides a way to
expose students to assembly instructions and machine
state without requiring them to write assembly code
directly. This reduces the friction associated with learning
low-level concepts, while still allowing students to
observe how programs interact with underlying hardware.
Initial classroom deployment of RosettASM is planned at
a local university, with a potential trial run at a local high
school, to evaluate its effectiveness in introducing
machine architecture components to both university and
secondary-level students.

This system may also benefit introductory programming
courses once students are familiar with fundamental



concepts such as variables, conditionals, and loops. Since
the custom programming language uses familiar high-
level syntax, students can write programs without
extensive prior experience while still observing the
assembly translation process and machine-level
execution. This lower barrier to entry encourages
independent exploration of machine-level behavior
without requiring students to first learn the complexities
of assembly programming. Early exposure to these
relationships can help students construct mental models of
program execution before encountering more advanced
programming language concepts. RosettASM also allows
students to explore concepts that are often difficult to
internalize, including stack frames, data movement, and
control flow. By presenting the source code, generated
assembly, and machine state together, students can
observe how program execution affects registers and
memory at each step.

3.4 Future Work

RosettASM’s compiler was developed to promote
modular expansion. The next planned addition is support
for user-defined functions. The addition of functions
would enable the visualization of function calls and
recursion. This would allow students to observe
parameters pushed to the stack and the resulting changes
to program state. Recursion functionality would allow
students to observe how stack frames accumulate and
unwind during program execution.

The next logical expansion for architecture would be
development of an x86-64 module to align with modern
systems. Additional architectures such as ARM or RISC-
V may also be considered to broaden the system’s
applicability. Utilization of different target assembly code
reinforces understanding of foundational assembly
constructs.

Future visualization development includes representing
heap memory in addition to the program stack. Additional
alternative visualizations could include explicit function
stack frames and recursive execution behavior. These
additions would allow students to observe a wider range
of runtime behaviors beyond simple stack-based variable
storage.

Lastly, RosettASM may be expanded for use in additional
computer science courses. For example, extensions could
support instruction in operating systems by visualizing
concepts such as scheduling or synchronization. The
system could also expose portions of the compiler
pipeline itself to help students understand how source
code is transformed into lower-level representations.
Continued development of RosettASM aims to further
strengthen the connection between student and machine.
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ABSTRACT

This paper presents RhythmicAl; a Java based
Al system that is designed to independently
generate song lyrics and musical notation based
on user specified parameters which include
genre, mood, tempo, musical key, song duration,
and prompts. The system uses an N-gram
statistical model that is trained on a music
dataset from Kaggle. To evaluate the system’s
performance, comprehensive testing  was
conducted across component functionality,
integration  scenarios, edge cases, and
performance metrics, along with a user study
involving 30 participants who generated tracks
and provided feedback through a structured
google survey. RhythmicAl utilizes a web
interface that allows users to generate their own
unique music tracks, view any previously
generated content, and convert generated lyrics
into audio files using Suno AI’s free API. User
feedback validated the interface’s usability while
identifying areas of improvement in lyrical depth
and musical complexity. Thorough testing
validates the system’s functionality across all
components, integrations, and performances.
Though the project demonstrates the possibilities
of Al-generated musical composition, further
research reveals its limitations, including a lack
of deeper theme, and musical notations that
remain relatively simplistic compared to human
compositions.

KEY WORDS

Artificial Intelligence, Music Generation, N-
Gram Model, Tokenization, Natural Language
Processing (NLP)

Introduction

The RhythmicAl project was sparked from an
interest in furthering my brief knowledge of the
capabilities of artificial intelligence. The idea of
this project is centered around developing a
system that could autonomously generate song
lyrics, musical notation, and an audible version
of those lyrics or notation. These lyrics or
musical notations are based off a multitude of
parameters such as genre, mood, prompts, song

duration, tempo, and musical key. This goal was
a hefty task as it required bridging natural
language processing techniques with musical
composition principles, which presented both
technical challenges and creative opportunities.
This program offers four main options: generate
user-input-based  music, generate random
samples, create audio, and list tracks which are
explained in further detail in the following
paragraphs.

Related Work

Prior research in Al assisted music generation
has taken numerous different approaches from
rule based systems to deep learning models.
Recent advances in Al generated music have
shifted to neural network architectures such as
OpenAl’s MuseNet which uses a transformer
based model trained on data that generates muti
instrumental musical pieces across a wide variety
of genres [1]. Similarly, Google’s Magenta uses
neural networks for both melody generation and
style change in music [2].

Researchers have used the N-gram models,
neural networks, and large language models to
generated  musical  tracks. = RhythmicAl
distinguishes itself from the other approaches by
using a computational inexpensive approach
through an N-gram statistical model while still
ensuring to integrate a rhyme scheme and a
template based generation to produce structured
tracks for wide varieties of user inputs.

System Architecture / Implementation

Core Components

RhythmicAl employs a modular, Java-based
architecture consisting of several interconnected
components that handle data processing, model
training, content generation, and user interaction.
The system’s design allows for independent
development and testing of each module while
also maintaining a cohesive integration through a
developed interface.

The central component to the RhythmicAl is the
MusicTransformer class, which implements an
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N-gram statistical model rather than employing
the architecture from neural networks. Since the
N-gram model employs simple counting and
probability lookups instead of intricate
mathematical operations like matrix
multiplications it is computationally simpler than
neural networks. In contrast to neural networks,
which must learn millions of weighted
parameters through iterative optimization, it only
stores frequency counts of token sequences,
requiring substantially less memory and training
time. This eliminates the need for specialized
GPU resources or lengthy training times, making
the N-gram approach easier to implement and
execute on common hardware.

The system utilizes an N-gram approach where
N equals 5, meaning the model predicts the next
token based on the previous five tokens in a
sequence [3]. This choice balances efficiency
within the computer with a sufficient context for
generating reasonable short-term patterns. The
model keeps track of a vocabulary mapping that
transforms words into integer identifiers for
effective processing and storage, enabling the
system to compute with numbers rather than
strings. Furthermore, it creates probability
distributions that direct the model’s predictions
using weighted random sampling based on
observed transition frequencies by storing
frequency distributions that document how
frequently each token follows a specific 5 token
context in the training data.

Data preprocessing is handled by the
MusicPreprocessor class, which reads CSV files
containing track information from Kaggle
datasets [4]. The preprocessor performs several
critical functions including identifying relevant
track information within columns of various
CSV formats, cleaning text data by removing
unnecessary whitespace and special characters,
segmenting any long texts into appropriate
training sequence lengths, and tracking metadata
pertaining to the genre and mood distribution
within the dataset. The preprocessing pipeline
creates structured training sequences that flow
directly into the model training phase.

Tokenization is managed through two specific
classes. The LyricsTokenizer handles natural
text, implementing word-based tokenization with
special  handling for contractions, and
punctuation. It sustains a vocabulary that is
solely built from the training data, filtering out
words that appear a very few times to reduce

vocabulary size while also providing a proper
coverage of the dataset vocabulary. The
NotationTokenizer is built to properly handle
musical notation symbols including note names,
octaves, and duration markers. Both tokenization
classes implement special tokens used for
padding, unknown words, the sequence start, and
the sequence end, which allows for proper
handling of differing lengths between sequences.

Training Pipeline

The training process begins with construction of
the system vocabulary across all training texts.
The system builds a vocabulary collection from
both lyrics and notation, establishing a consistent
token to integer connection that is used
throughout the generation process. Once the
system  vocabulary is  established, the
preprocessor segments training texts into
sequences, ensuring each sequence falls within
minimum and maximum sequence constraints of
10 and 512 tokens.

To train its N-gram model, it analyzes all
training instances using a sliding window
approach to extract overlapping 6 token
segments. At each position in the sequence, it
uses the previous 5 tokens as context and the
current token as the target. For every unique 5
token context encountered, it maintains
frequency counts of all observed target tokens
that followed that context. This creates a
probability distribution mapping each context to
its possible next tokens. During training, it also
tracks overall token frequencies to identify the
most common tokens, which serve as fallback
options when generating text with unseen
contexts.

To enhance quality of lyrics, the system
incorporates a thyme dictionary which chooses
lyric endings that phonetically match earlier
lines. This lets the system maintain consistent
rhyme schemes while still sampling new word
sequences from the N-gram probabilities during
generation. This creates a produce that has a
more natural sounding verse structure with
consistent rhyme schemes instead of producing
inconsistent rhyming patterns which would occur
with just the use of the N-gram structure.

Generation Process

There are various steps involved in music
generation based on whether there is training of



the model and what kind of content it needs to
generate. For the generation of lyrics through a
trained model, it starts with tokenization for
forming the initial context from the input prompt
from the user. It then starts to predict the next
tokens based on an N-gram model and chooses
these tokens with weighted random sampling
based on its frequency. This method includes
some variation to the generated content with the
same input.

In situations where the context being processed
by the model has not been seen during training,
the mechanism resorts to smaller context
window sizes, gradually lowering the context
size from a 5-word window to a smaller 2-word
context. In situations where there isn’t an exact
match at all context sizes, the system chooses
between the most frequent words in the
vocabulary.

In cases where the model is untrained or the
training data is not enough, RhythmicAl resorts
to template-based generation. This means that
pre-defined song structures such as verses,
choruses, and bridges that get populated with
thematically relevant words come from the
user’s prompt. The template systems also use the
rhythm dictionary for the purpose of maintaining
rhythm schemes across sections to create
structured lyrics that, although less varied than
model generated content may still offer better
readability, and understanding.

The generation of musical notation follows a set
of similar style but in a much more limited
range. It produces a sequence of note duration
combinations using the melody contour pattern,
while occasionally changing it up. It makes sure
to account for music octaves that may become
too high or low.

Database and Persistence

RhythmicAl uses JPA and Hibernate options for
database management, using the H2 embedded
database system to store the generated songs.
The MusicDB entity class makes up the database
structure, making sure to store key information
such as the filename, genre, mood, song
duration, tempo, musical key, generation time,
and generation time in milliseconds. The
database also includes the complete generated
text, formula, and optional audio URL values
when generated songs are converted into audio
format by the integrating Suno Al.

Transactions enable management of the database
by the EntityManager, providing a safe system
for continuous usage of RhythmicAl, even while
functioning without persistence capabilities. This
allows users to create and display content despite
any database failures that may arise.

Web Interface and Server

Interaction with the user happens through a
dynamic website interface developed using
HTML, CSS, and JavaScript. The website
interface incorporates a layout with separated
regions of selection for various functionalities
such as the generation of music based on custom
parameters entered by the user, the generation of
random samples, the generation of audio files,
and a list of all previously generated tracks.

The MusicGeneratorWebServer class provides
an implementation of the HTTP server based on
Java’s HTTP Server API. The server provides
small section that displays whether the model
has been trained, the total number of system
vocabulary tokens, whether the model has been
preprocessed, whether the system server is
running, where the output is going, and the name
of the dataset that is being used for the model to
be trained on. And a section that displays all
possible options for genre, and moods for the
music generation. Each of the above services
uses proper error handling techniques based on
the corresponding HTTP statuses, as well as the
return of JSON formatted results to be processed
in JavaScript.

Communication between the frontend and
backend involves a request-response procedure.
When users make generation requests, the
frontend sends JSON data with all the
parameters asked for in the request and receives
notifications in the form of loading indications
until the responses are received. The server
executes all the requests in a simultaneous
manner and produces tracks on demand.

Suno AI Integration

Audio generation uses the Suno AI API based on
the SunoAlClient and SunoAudioService
classes. When users submit a request for audio
conversion of a track they have generated, the
API request is created based on the lyrics of the
track, its genre, mood, and other parameters. It
supports both lyrical and notational modes with



proper care while handling JSON escapes and
boolean flags to get the API request in the
correct form [5].

The audio generation flows in an asynchronous
process where the API returns a task handle,
after that the application polls this task handle in
intervals until the whole audio file is generated.
The SunoAudioService contains proper logic to
poll the task handle. Once the audio is
successfully generated, it fetches the URL of the
audio from the task handle response, updates the
records in the database with the URL, and
notifies the user interface to display the audio
file.

The correct processing of the formatting for the
lyrics has an important role in the process for
effective use of the Suno AI that is integrated.
The cleanLyricsForSuno function removes
markers such as verse and chorus but keeps the
generated lyrics together. This allows the API to
get the formatted text it needs; while ensuring it
still receives the same lyrics that were generated.

Testing and Validation

Testing Strategy

Comprehensive testing was done using the
ApplicationTests class. Several aspects of the
functionality of the system are covered. The
testing techniques used in the program include
unit testing of various parts of the program,
integration testing of various functionalities
within the program, testing of edge cases, as
week as performance testing.

Class component tests assert the basic
functionality of individual classes. Tokenization
tests demonstrate the ability to create nonempty
tokenization’s for both the LyricsTokenizer and
NotationTokenizer, including special tokens.
Validator tests verify the functionality of the
DataValidator by ensuring it correctly identifies
a song as valid or not, as well as its functionality
to clean the text by removing whitespace. Data
class functionality is verified by ensuring the
right values are calculated.

Integration tests are used to test the flows
involving more than one component at a time.
The preprocessor integration test will make sure
that the MusicPreprocessor can read CSV files
and correct data for the ProcessingResults. The

model integration tests will verify that
MusicTransformer can create lyrics and music
successfully and return nonempty results for
input strings. This ensures that each component
functionals well together, even in scenarios
where each component functions properly
individually.

Test Results and Analysis

It was also tested that the system operates
correctly on standard scenarios while being
robust on edge case scenarios. The component
tests results in successful testing for
tokenization, validation, and data structure
manipulation tests. The tokenizer operated
properly on blank inputs, long texts, and special
symbols. The validator worked correctly on null
inputs as well as on songs with less content than
others.

Integration testing showed that the preprocessing
pipeline takes in CSV data from multiple file
formats well, correctly identifying lyric columns
despite various header names. Over 1,000 songs
in test datasets processed, building vocabularies
of appropriate sizes and generating training
sequences within expected lengths. Model
integration tests confirm generation capabilities,
output quality depending on the quantity and
variability of the training data.

Edge cases also revealed some important
functionalities. The program handles invalid
genre and mood pairs correctly by rejecting them
and showing corresponding error messages. Null
inputs in validation results in a series of tokens
consisting of only special tokens. The absence of
a null validation input also prevents an exception
being raised.

Performance testing results in a time of less than
1 millisecond for every tokenize operation on
average, while the entire song generation process
takes roughly 200 to 500 milliseconds based on
the song length.

Limitations Identified Through Testing

Testing brought out the fact that the N-gram
technique has some limitations. The generated
songs tended to have a very basic theme. The
individual lines of each song may be
grammatically correct with a consistent them but
lacks a deeper thematic result. This shows that



the N-gram approach imposes its own
constraints.

The process of music notation results in
rhythmically correct sequences, though they lack
complexity in terms of harmony. The music
algorithm merges melodies together, even
though music theories such as changes in music
key have not been applied. The music
synthesizes sequences that resemble random
melodies, rather than a composed musical
expression.

Although the template generation produces more
organized text than the untrained statistical
model, it depends on certain patterns that may
repeat on several generations. The rhyme
dictionary, although it is helpful in rhyming
schemes, it doesn’t provide completely perfect
rhyming.

Critical Evaluation

Strength of this Approach

RhythmicAl provides an example of how natural
language processing methods can be used to
generate creative materials with manageable
computation complexity. The N-gram model is
more efficient when dealing with computation
complexity compared to other methods such as
neural networks. It requires less computation
time, and memory.

The combination various strategies revolving
around generation such as trained models,
template fallback generation, and rhyme-based
compositions allow for a more well-rounded
application that can generate outputs based on a
variety of conditions. It provides outputs that
have a rhyme-based structure for lyrics to the
users even in circumstances where there is no
training data.

The web interface works well to provide users of
all backgrounds regardless of their knowledge of
programming an easy to navigate application for
an Al music generator. The immediate outputs
and interactive user inputs allow the user to
understand how different inputs affect the
generated outputs. Integration with the Suno Al
expands on the applications ability beyond text
generation to producing audio, which allows for
a complete process of creativity for song
generation.

Limitations, Flaws, and Challenges

The first limitation that comes with the N-gram
approach is that it cannot maintain long
dependencies or an overall continued theme with
large sequences. The model tends to thrive in
capturing short, local language patterns, it often
lacks an understanding for a broader structure
such as  organization, and  emotional
development. The generated text can jump
between various subjects and repeat patterns.

Musical notation generation remains very
simplistic in comparison to human compositions.
The system doesn’t properly incorporate analysis
of harmonies, changes in chords, connections
between keys, or any rhythmic complexity.
Generated melodies, while they do hold to basic
music principles, they lack the any memorable
musical phrases that pop out. The notation
tokenizers vocabulary covers basic notation only;
it does not extend further for wvariety in
dynamics, tones, or emotions to help contribute
to the overall creativity of the generated music.

The quality and representation of the training
data play a vital role in the generative quality.
Since the system depends on the use of CSV
format from the Kaggle repository, the quality of
the data is not consistent. The datasets contain
invalid data, missing information, blank spaces,
or songs that are sung in languages that are not
English. The system does try to filter out these
inconsistencies from the data, but quality is
quality regardless of what occurs during
preprocessing. The system may not generate the
expected variations of genres that are less
common within the training data.

While functional, the use of the Suno AI
functionality comes with various dependencies
on another service that comes with a cost and
availability implications. The advantage is that
the Suno Al offers a free version that allows
users with google accounts to create a limited
number of audio files using the 50 tokens
provided to new users; however, the downside is
that these 50 tokens are quickly used up. There
are also implications with possible API
downtimes. The use of asynchronous polling that
comes with the process of turning generated
tracks into audio with the Suno AI application
results in slow response times, causing waits of
several minutes to generate audio. Other
techniques such as local audio generation may



avoid these dependencies but contain a much
more complex implementation for audio
generation.

Comparison to Alternative Approaches

More advanced models, such as GPT, which are
transformer models, perform much better with
text writing tasks, such as music composition,
theme, and song creativity. Models such as these
pay close attention to entire sequences of data,
which means there is an ability to model
dependencies between long range -elements,
something the N-gram models cannot do, but
these models require much more computing
power.

More specialized music generation models, such
as OpenAl’s MuseNet or Google’s Magenta, are
much more direct with music composition and
use various music constraints to generate actual
audio. These music generation models are much
more complex.

User Feedback and Criticism

To evaluate RhythmicAl from an end-user
perspective, a google survey was conducted with
30 participants who interacted with the web
interface and generated music tracks. The
system’s design and output quality have both
strengths and room for improvement, according
to the feedback. Users consistently praised the
interface’s simplicity and ease of use, with
multiple respondents noting it was “clean,
simple, and easy to understand” and “simple,
fun, and easy to use.” The “minimalistic” look
and “appealing colors” of the visual design
garnered lots of praise. However, several issues
with the quality of the generated content arose.
Lyrics frequently lacked depth and coherence,
according to users one respondent commented,
“it seems like one of those newer applications,
and the color is annoying, but the music beats
you pick are good.” Although some users
recommended enhancements like the ability to
choose instruments and adding more variety to
moods, the Suno Al audio generation feature was
well received. Participants expressed interest in
enhanced customization options, including the
ability to generate music in different languages,
create audio directly from the notation, and have
more control over the structural elements of the
composition. This feedback validates the
system’s usability while highlighting the need

for deeper musical and lyrical sophistication,
which aligns with the technical limitations
identified through internal testing.

Future Enhancements

Model Architecture Improvements

The introduction of more advanced models, such
as neural networks or transformers, would
provide a substantial improvement. These more
advanced models would have been able to focus
on larger contexts or would have allowed the
focus to be on relationships between song
components that are far apart.

Examples of fine tuning the model with genre
specific datasets could result in better styling for
certain genres of music. Instead of fine tuning
the model to learn every genre of music together
in one model, having different models for each
genre of music could ensure that each model
learns the expressions and themes of each genre

type.
Music Theory

Incorporating music theory constraints into the
generation of notation would improve musical
quality substantially.

Rhythm and handling of time signatures
currently are very simplistic. Future versions
could use quantization to properly align notes to
the corresponding positions and generate patterns
for specific genres.

Integrating music libraries could allow for more
sophisticated notation management, analysis, and
export to standardized formats. This allows
generated notation to be imported to professional
notation  software  for  further editing,
management, and critiquing to increase the
systems  practicality for musicians and
composers to use.

User Interface Enhancements

The graphical user interface would benefit from
the addition of indicators that show the current
stage of the generation process such as training,
or preprocessing. Graphical representations of
the processing of the generation, such as
representations of the tokens or music notations
would provide further clarity and engagement to
the overall Al music generation process. The



addition of an editing feature that allows users to
modify generated lyrics or musical notation
before finalizing a track would improve the
human and AI collaboration in the composition
process.

The incorporation of user accounts with the
ability to save generated tracks to designated
accounts would allow users to look at and
compare their previously generated tracks.
Sharing and being able to rate other accounts
generated tracks could also provide community
engagement with Al-assisted music generation.

Dataset Expansion and Management

The training datasets variability and quantity for
genres and moods could be improved
dramatically with a larger set of tracks. Data
could be managed to focus on quality over
quantity. The data could include lyrics with
manual intervention to ensure they contain the
correct metadata information. Adding other data
sources, such as Spotify or Apple music, would
provide a more diverse and expanded collection
of licensed lyrical data.

The inclusion of a multilingual feature would
make the system useful for non-English musical
content as well. The model would have to be
trained in each language such as Spanish,
French, German, Japanese, or any other desired
language. It would greatly improve the systems
usability, as it currently is only properly trained
on English. Bilingual language incorporation
would allow users to convert any generated
tracks into other languages. This would be a
useful tool that allows for greater creativity while
also providing users with an educational resource
to help expand their language skills.

The release dates of the songs within the dataset
would allow wusers to generate lyrics from
specific eras, like the 1960’s, 1980’s, early
2000’s, and so one, depending on their desired
time. This would improve the applications
applicability to the overall style of the generated
music.

Conclusions

RhythmicAl shows the possibility to apply
natural language processing (NLP) processing to
the task of creating music in a functional system.
Even though the N-gram approach is not as

advanced as the current deep learning models,
this approach is very practical when considering
the need to generate various outputs.

The system successfully integrates complex
system components such as data processing,
modeling, content creation, web interface, and
API integration all into one application. The
system has been extensively tested for
functionality amongst several aspects, such as
components, integration, as it works properly for
actual applications as well as various special
conditions.

In-depth  analysis points out numerous
limitations in the N-gram approach regarding
coherence, and analysis complexity. The
generated lyrics from the model have a local
coherence and consistent theme that lacks an
overall message, and the musical conversion is
very simplistic in comparison to human
compositions.

Despite its limitations, RhythmicAl provides a
functional demonstration of how natural
language processing techniques can be adapted
to creative content generation. This program
proves that the capabilities of the NLP process
can be reused in new and creative ways. It offers
insight into both the potential and challenges that
come with Al-assisted musical composition.

RhythmicAl makes it clear that significantly
creative output can result from simplistic
statistical models, while also highlighting the
large gap there is between statistical pattern
matching and creative comprehension.
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ABSTRACT

Many current services for music recommendation utilize
factors such as genre or recommend other songs that are lis-
tened to by users with similar listening patterns. In an era
where artificial intelligence is making its way into many
services, it seems sound to reason that utilizing sentiment
analysis to recommend songs based on lyric content would
be a potential advance. The usefulness of this approach
was tested by having users interact with two versions of a
program. One did not utilize its sentiment analysis model
for user recommendations, while the other used a finetuned
Longformer model and factored its output into recommen-
dations. After subjects used both versions of the program,
there was enough evidence to conclude that factoring senti-
ment analysis output into the recommendation feature im-
proved user satisfaction.
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1. Introduction

The integration of artificial intelligence into multiple dis-
ciplines and areas of everyday life has been developing at
a rapid rate. One such implementation of artificial intelli-
gence is known as sentiment analysis, which involves us-
ing natural language processing (NLP) tools to attempt to
identify the general emotional tones within texts. Previ-
ous works have attempted to compare and contrast vari-
ous methods of performing sentiment analysis [1]. One of
the discussed methods was the machine learning approach,
wherein an algorithm is trained on a dataset featuring in-
puts with known outputs. This approach was utilized in the
research being documented in this paper. According to pre-
vious work, sentiment analysis using machine learning of-
ten demonstrates the highest accuracy in classifying texts.
On the other hand, it often sacrifices versatility and only
boasts that accuracy in the same domain as the dataset in
which the classifier was trained on. Other research [2] has
yielded a proposed framework for music recommendations
that utilizes sentiment analysis titled SentiSpotMusic. This
framework aimed to solve the issue of modern music ser-

vices supplying users with predefined playlists rather than
adapting to the mood of the user.

This research aims to further previous work by build-
ing a functioning program that will use sentiment analysis
to refine music recommendations. Its effectiveness will be
judged through comparison to a previously built program
that offered a recommendation feature that did not factor
in sentiment analysis. This program will utilize sentiment
analysis models trained on Google’s GoEmotions dataset
[3], a manually annotated dataset of short pieces of text la-
beled with associated emotional states. These models will
identify emotional nuance within song lyrics, and apply
that information to provide users with song recommenda-
tions that are more refined than recommendation features
lacking sentiment awareness.

2. Methods

In order to test the effectiveness of sentiment analysis
in the domain of music, we performed an experiment that
involved having users interact with two versions of a senti-
ment analysis and music recommendation program.

2.1 Program Development

Two programs were developed in this research. Both dis-
played a recommendation from the same artist as the user-
given song and a different one, though the second version’s
recommendations are refined based on scores. Version 1
of the program was built prior to this semester of research
as a personal project. The sentiment analysis in version
1 was performed by a preexisting model created for senti-
ment analysis [4]. In version 1, though, this analysis was
only presented as output for the user and not utilized for
any recommendation. The model performing the analysis
is fed lyrics that are retrieved by the LyricsGenius Python
library [5]. The recommendation feature simply used the
LastFM API [6], a tool for retrieving data from the online
music service “Last.fm”, and returned the first recommen-
dations that service returned. Version 2 is a more in depth
take on the same functionality. It uses a larger scale Long-
former model [7], which was finetuned on the GoEmo-
tions dataset to become a sentiment classification model,
for sentiment analysis. For context, a Longformer model
is a type of model that aims to understand the relationships



between all parts of a large input, rather than simple se-
quential processing. The GoEmotions dataset contains 27
emotions and a neutral as opposed to the standard 1, 0, and
-1 values featured in traditional sentiment analysis. Multi-
ple languages are also supported within this version thanks
to the Googletrans Python library [8]. This version also
utilizes the LastFM API to fetch candidate recommenda-
tions, while also implementing the ReccoBeats API [9],
which is a service that provides users access to a large-
scale music database, to fetch audio features for the user-
given song. Although the candidate recommendations are
retrieved via the same external API, this time they are re-
fined via scoring. Scores are based on the cosine similar-
ity of audio features combined with an average sentiment
alignment value derived from the summation of the differ-
ence in confidence levels for each emotion shared by both
tracks. This method of scoring was chosen to balance both
audio features and the emotional tones detected in the lyri-
cal content. In the end, both versions displayed a recom-
mendation from the same artist as the user-given song and
a different one, with version 2’s recommendations being
refined based on scores.

2.2 Empirical Study

To test whether sentiment analysis was able to improve
user experience as utilized in version 2, an empirical study
was conducted. This experiment was carried out in two
phases. The first phase took place on Shippensburg Univer-
sity’s campus and saw students, staff, and faculty interact
with both programs and rate each facet of them on a scale
of 1 through 10 via a Google Form. These aspects were the
quality of the sentiment analysis, the song recommendation
from the same artist, and the song recommendation from a
different artist for each version. The second phase saw the
same experiment open up to those outside of the university
who were willing to participate as well.

A total of 42 participants took part in the experiment
across both phases. One subject’s data had to be neglected
due to a bug encountered during the experiment, meaning
there ended up being 41 total records that could be ana-
lyzed to produce results. To analyze the results, the data
was imported into Minitab, a statistical analysis software.
Paired t-tests were run on each of the surveyed facets of
version 1 and 2 to test for improvement from the latter to
the former. Afterwards, Cohen’s d, was calculated from
the paired t-test outputs in order to determine effect size.
Finally, frequency histograms and boxplots were created
to visualize differences in reported scores between the two
versions.

3. Results

Based on the information garnered from Table 1, it is
evident that there was a significant improvement all around
from version 1 to version 2.

Table 1: Paired t-test and effect size results

Facet vl Mean v2 Mean t P Cohen’s d
Sentiment Quality 5.61 7.10 -3.14  0.002 -0.49
Same-Artist Rec 7.81 8.61 -2.45  0.009 -0.38
Different-Artist Rec 6.98 8.05 -3.39  0.001 -0.53

Note. Negative values indicate that version 2 scored higher than
version 1 because differences were computed as (Version 1 — Ver-
sion 2).

Within the results featured in Table 1, a negative ef-
fect size (Cohen’s d;) is observed. The table also dis-
plays heightened means for version 2 compared to its ear-
lier counterpart, as well as justification for statistical sig-
nificance in the form of p-values.

O Version 1
o M version 2

1 1 1
Sentiment Analysis  Same Artist Recs Different Artist Recs

Figure 1: Box plots demonstrating the difference between scores
received by versions 1 and 2 on all facets.

The box plots shown in Figure 1 serve to visualize
the differences between version 1 and version 2’s perfor-
mances in each measured area. Overall, the general behav-
ior of version 2 performing better persists in this visualiza-
tion.
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Figure 2: Frequency histograms displaying how often each ver-
sion received each score for each facet.

Figure 2 conveys that in most cases version 2 received a
greater number of the highest scores. In sentiment analysis,
version 1 actually slightly outperformed version 2 when it
came to 8’s and the highest possible score of 10. When
considering scores of 9, though, version 2 drastically out-
numbers version 1.

All visualizations and metrics derived from the empirical
data point to version 2 outperforming version 1. The over-
all negative effect sizes, greater mean scores, and a mostly
greater frequency of higher scoring responses all convey
that version 2 was generally better received than version 1
was.

4. Future Work

Although the overall goal of the project was reached and
supported the idea that sentiment analysis can be used to
improve user experience with music recommendations, it
should be noted that there are clear areas of limitation. To
begin with, there are a number of cases within both pro-
grams that can lead to errors. Some of these cases include
timing out due to rate-limited APIs and certain languages
causing errors within the translator. There are also lim-

itations outside of program bugs. For example, the API
for fetching candidate recommendations always returns a
smaller pool of same-artist recommendations, meaning the
likelihood of returning the same song across both versions
is higher. Having a larger pool would give the versions a
better chance to display their different methods of recom-
mending tracks. There is also the inherent issue of transla-
tion removing some nuance or meaning that is only present
in the track’s native language. Future work could make
improvements in many of these areas of weakness. An
easy fix would be to simply increase the number of candi-
date same-artist recommendations in order to increase the
chances of a differing experience between versions 1 and
2. Additionally, a next step could be to train a sentiment
analysis model on multiple languages, rather than having
to rely on translation to English. This would obviously re-
quire a much larger dataset and would increase the time it
would take to finetune or train a model, but it is possible
and could improve user experience when inputting foreign
songs.

5. Conclusion

In spite of the limitations mentioned above, this study
still served as a strong proof of concept that an effective
enough sentiment analysis can be used to improve a user’s
experience with a music recommendation app. Many cur-
rent recommendation features within existing apps base
most of their recommendations on a mixture of songs in the
same genre and songs that are popular with other listeners
who listen to the same source song. To an extent, audio fea-
tures may be factored in, but that goes alongside genre as
songs in the same genre often have some similar character-
istics. To improve recommendations to their users, appli-
cations could utilize an effective sentiment analysis model
to also recommend songs based on lyrical content and song
meaning. This would be especially useful for the many
platforms that already attempt to create playlists for users
based on emotions or general feelings. Further advances in
this concept could refine the ability to create a fitting mood-
based playlist and recommend a better song for any given
emotion.
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Abstract

Offering compiler construction in undergraduate curricula is com-
monly debated topic. Compiler engineering is a niche area of work
in today’s industry. However, students taking a compiler construc-
tion course will learn valuable skills not typically associated with
compiler construction. It is important to use a course such as com-
piler construction as a way to provide students exposure to the
reality of programming. Using frameworks and tools to support the
development process not only eases the technical demand, but also
allows a better balance of theory and implementation.

Code generation is a significant challenge for students imple-
menting compilers in undergraduate compiler construction courses.

Traditional course projects often require students to target architecture-

specific assembly, which increases implementation complexity and
limits portability. Modern compiler infrastructures such as LLVM
instead provide a portable intermediate representation and a mature
optimization framework widely used in industry.

This paper explores the integration of LLVM into compiler con-
struction courses. We discuss traditional approaches to the code-
generation phase of compiler construction against LLVM-based
code generation. Identifying common challenges students face
when working with LLVM within a course setting.
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1 INTRODUCTION

Compiler Construction is an elective course which is not offered
often at our university. In its place, many students aim to take
electives more directly applicable to industry trends. While ABET
accredited computer science programs require courses like Com-
puter Architecture and Operating System [1], theoretical courses
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like Computation Models are not required. Under the same guide-
lines, this also means that many undergraduate students may lack
exposure to formal language theory such as regular expressions
and automata. Compiler construction courses offer a chance for
instructors to cover these topics and bridge them to industrial pro-
gramming practices.

Compiler frameworks, beyond providing an industrial tool that
powers many of our programming languages today, aid instructors
in achieving the balance of theory and implementation throughout
the course [3]. In stages of compiler development, instructors often
use tools like FLEX (Fast Lexical Analyzer) [3, 11], GNU Bison [3, 4],
and ANTLR [3] to automate the production of language recognizers
and parsers. However, these tools fall short in features surrounding
code generation.

In pursuit of making compiler construction more approachable
for core curriculum, instructors have waited for a code generation
tool to be developed [4]. In its place we have seen instructors opt
for a smaller input language [2] and intermediate representations
[3] to help simplify the process. Compiler courses that have previ-
ously had students produce an intermediate representation have
demonstrated equal if not increased success among students [2, 4].

In this work, I propose the use of LLVM in compiler construction
courses to give professors more time to convey the theoretical con-
cepts behind compiler design, building on existing efforts to make
compiler construction more approachable for the core curriculum
and highlighting how exposure to an industrial-grade framework
helps students develop as computer scientists.

2 BACKGROUND

As a student at Millersville University, I was able to study com-
piler construction individually with a professor. Through these
means, I was encouraged to conduct independent research on tools
and frameworks to integrate into my compiler. In the case of code
generation, my professor had provided the option of using LLVM in-
stead of the standard IA-32 assembly mandated for code generation
within the normal course.

For each section of the course, I followed a schedule that re-
flected the course’s normal progression, meeting equivalent dead-
lines for each lab and assignment. There were no independent
lectures, instead a weekly meeting time for me to ask any questions
surrounding provided lecture notes, research, and assignments.

Both as an (unintentional) challenge and a demonstration of
the infrequence of the course being offered, there were no other
students currently enrolled within the program that had taken
the compiler construction course. This provided me with limited
outside influence from other students on the shape and structure
of my compiler.
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/* printf
output (g
return @;

Figure 1: An example input program for student compilers
written in "C Minus"

3 CODE GENERATION

Undergraduate compiler construction courses typically guide stu-
dents through the first stages of developing a compiler, including
lexical analysis, parsing, semantic analysis, and code generation.
Labs for the course start off by enforcing knowledge of theoretical
concepts before requiring students to write their own compiler for
a small teaching language for the remainder of the semester. While
the first stages of compilation are supported through the use of
tools such as FLEX and Bison, code generation remains one of the
most challenging components for students.

In many traditional compiler projects, students would generate
architecture-specific assembly instructions. This approach strength-
ens concepts taught in computer architecture courses. However,
targeting assembly directly introduces unnecessary complexity as
students already experienced much of the challenges of register al-
location and assembly instructions through computer architecture
courses.

At our university, the compiler construction course follows this
approach. Students implement a compiler for Kenneth Louden’s "C
Minus" [10] An example of which can be seen in Figure 1. While
they are given the opportunity to implement the stages through any
means, they are required to use C++, and it is recommended that
students use the visitor design pattern with double dispatch in order
to traverse the abstract syntax tree (AST) conveniently. Once the
students reached the code generation stage, they were instructed
to produce IA-32 assembly as an output for the compiler, which
would then be linked using GNU’s binutils. While this approach
provides valuable knowledge into low-level code execution, stu-
dents often encounter challenges due to the complexity of having
to dynamically produce assembly.

Modern compiler infrastructures such as LLVM provide an alter-
native approach to code generation. Rather than directly producing
assembly, compilers are able to use LLVM’s intermediate represen-
tation (IR), a portable low-level language designed for multi-stage

Tristan Rush

optimization and code generation for multiple architectures [7].
This abstraction layer has the potential to simplify the backend im-
plementation of compiler construction while still exposing students
to important compiler concepts.

4 INTEGRATING LLVM

Despite the standard output of code generation for student’s com-
pilers being IA-32 assembly. I was given the option to use LLVM as
an alternative. For requirements of the code generation stage, my
compiler had to successfully executed a minimum of 3 programs
out of a specified list of example programs in 3 weeks time. During
which, I was able to learn the syntax around LLVM’s intermediate
representation, its IR Builder library, and its optimization passes.

In the process of developing my compiler, I had found myself
conducting more research than I might have needed when com-
pared to producing IA-32 due to the comparitively little amount of
documentation surround LLVM’s IR Builder library. Not only did
the prerequisite Computer Architecture class provide me with a
background in IA-32, but there are a number of resources available
as well [5, 6]. However, the doxygen documentation and tutorials
provided for LLVM [8, 9] still provided enough context to imple-
ment Louden’s "C Minus" without additional resources.

Static single assignment also proved to be a challenge when
implementing branching logic into my compiler. As a workaround,
I found myself implementing redundant load instructions within
certain nodes in order to prevent accessing registers/value pointers
outside of the current scope.

I found that I took advantage of many higher-level language
features when producing LLVM IR that would not be possible when
generating IA-32. An example of this would be using a hashmap to
map lexemes to their respective llvm value pointers. This eliminated
the need to keep track of what values are in registers, eliminating
much of the complexity of architecture-specific code generation.

Portability was also a big advantage of LLVM, as it was possible
to produce a program executable for any architecture supported by
LLVM through specifying the target triple, which could be deter-
mined through existing c++ functionality.

5 PRELIMINARY RESULTS AND EVALUATION

Figure 1 provides an example of an input program that student
compilers were required to support. There were a minimum of 3
example programs that did not required an input. However, I chose
programs with input and output as they demonstrated more func-
tionality of my compiler. Figure 2 shows a segment intermediate
representation generated by my compiler when provided the input
program shown in Figure 1. Figure 3 shows the result of running
the executable outputted by the compiler I developed. The function
will return the greatest common denominator of 2 user specified
numbers.

In the process of researching compiler construction, I had spent
about a week with my instructor going over the various techniques
compilers engineers take advantage of to optimize an input program.
Unfortunately, I was unable to implement any of these techniques,
or any of the optimization passes provided by LLVM into my com-
piler. Between the time spent researching LLVM to discover LLVM’s
IR Builder Library, and other time used facing burnout during the
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Figure 2: A segment of LLVM IR for the input program
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Figure 3: Running the executable provided after using clang
on the LLVM IR

parsing stage, I had wasted about 2 weeks. After the semester con-
cluded, I had spent two weeks introducing LLVM’s optimization
passes into my compiler, and was left with additional time.

6 CONCLUSION

The preliminary results demonstrate that using LLVM for code gen-
eration in a compiler construction class is a feasible practice. The
main challenges faced when using LLVM for code generation sur-
rounded documentation, with static single assignment proving to
be mainly an exercise in logical rationale. It is possible for compiler
construction courses to spend more time addressing optimization,
which is increasingly relevant as software engineering practices
promote more abstraction layers. Additional documentation for
LLVM’s IR Builder library may provide instructors with more time
to address theoretical aspects of compiler design. Further research
may prove an ideal balance of theoretical instruction and practical
implementation, which may support an argument that less docu-
mentation is a better reflection of large-industry repositories, and

Conference’17, July 2017, Washington, DC, USA

an aspect of programming the students may benefit from exposure
to.
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ABSTRACT

The development of artificial intelligence, especially
neural networks, to play video games is a common topic
amongst researchers and developers alike. One game that
has received very little attention in this regard though is the
falling block puzzle game Puyo Puyo. Despite it having
high potential for Al development, there’s relatively little
literature on Puyo Puyo Al. As such, little is known on
what factors might affect its performance. This paper
provides results of an experiment to determine how
learning rate and number of hidden nodes impact the
performance of a Puyo Puyo-playing neural network.

KEY WORDS
Puyo Puyo, Games, Artificial Intelligence, Neural
Networks, Hyperparameters

1. Introduction and Problem Description

Ever since the conception of Artificial Intelligence (Al for
short), developers and researchers alike have been making
efforts to coerce Al to play their favorite games. Whether
it's a strategic, turn-based board game like Chess or Go, or
something more action-based like arcade games and first-
person shooters, many projects have been dedicated
towards developing AI’s to perform well in their respective
games. Different approaches have been used in the
development of these Als, but one popular approach
amongst developers and researchers is the neural network.
Neural networks have been developed and tested to play a
wide variety of games, including some of the ones
mentioned previously. And one game that shows a lot of
potential for Al success using a neural network is Puyo
Puyo, a falling block puzzle game that bears resemblance
to games like Tetris and Dr. Mario.

This paper will explore how a neural network can be used
to play a puzzle game like Puyo Puyo and what factors of
the neural network would impact its ability.

2. Literature Background

This literature background will cover what neural networks
are and how they work, how the game of Puyo Puyo is
played and the previous attempts to build Als that play it,
and a case study of neural networks playing the similar
game of Tetris and how the techniques they used could
apply to a similar Puyo Puyo network.

2.1 Neural Networks

Neural networks are a type of Al that have grown
increasingly popular over the past decade or so. Neural
networks have been implemented in a very wide range of
applications, such as statistical prediction models, image
recognition, natural language processing, and playing
games [8].

Generally speaking, a neural network consists of three
components: an input layer, some number of hidden layers,
and an output layer. Each layer consists of some number
of nodes, and each node is designed to produce a value,
usually a decimal ranging from 0 to 1. There may also be
some number of bias nodes, nodes whose values remain
constant at each layer. There’s then weighted edges usually
connecting from every node at a given layer to every node
in the next layer. These weighted edges help compute the
values of the next layer iteratively, starting at the input
layer until it eventually reaches the output layer, where the
values of the output nodes determine what action to take
[8]. A diagram showcasing a simplified neural network
structure is shown in Figure 1.

The process by which values are carried and processed
from the input nodes to the output nodes is called forward
propagation. Forward propagation generally consists of
two steps: preactivation and activation. In preactivation,
the weighted values of all the edges going into a given node
are summed together. Then in activation, this weighted
sum is then passed through an activation function [7].
There are many possible activation functions a network
could use at this stage. Some of the most common
activation functions are the sigmoid function, which



normalizes the input value to be between 0 and 1, and the
rectified linear unit—ReLU for short—which is typically
defined as ReLU(x) = max(0, x), bringing the input up to 0
if it’s negative. ReLU is the most common activation
function used in neural networks nowadays, but many
other functions are still in common use [13].
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Figure 1: A simple neural network structure. Adapted
from [7].

Once the neural network is set up, it then needs to be
trained to determine the optimal configuration of the edge
weights. There are many algorithms that exist to train these
networks, and networks are often classified by how they’re
trained. Such classifications include feed-forward
networks, feedback networks, convolutional networks,
neuro-evolutionary networks, and many more [8]. In feed-
forward networks, edge weights are adjusted via a process
called backpropagation. In backpropagation, each edge
changes by an amount relative to the error between the
expected output and the actual output, see equation 1. For
a given weight w, learning rate a, error function E, and
output vector X, the change in weight Aw is defined as the
partial derivative of error with respective to the weight
multiplied by the learning rate [4].

Aw — a2 B(x) ()
ow
Equation 1 depends on the error function, the activation
function, and where in the network the edge is. For
example, in the instance of a weight w that connects from
the hidden layer to the output layer, using a sum of squares
error function E(X):

1
FE(X) = §(ta-rgeto — out,)? @
and a sigmoid activation function g(x):

1
R

would use equation 4. Where target output is targeto,
actual output is outo, and actual output before activation is
outn [4]:

3
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This derivative of error is then multiplied by the learning
rate, and then the weight changes by that amount. This

process is repeated for every edge in the network.
Backpropagation typically occurs after every produced
output during training, but may be applied at more irregular
intervals.

Neural networks are highly adjustable, in that there’s a
large number of factors to consider when structuring the
network. These factors that influence the network’s
structure and how it learns are called hyperparameters [11].
Hyperparameters that influence the structure include the
number of hidden layers, the number of nodes per hidden
layer, and how edge weights are initialized. A
hyperparameter that influences learning is the learning rate,
a real number greater than 0 that adjusts by how much the
network changes its edge weights [11]. Learning rate is
expressed as « in Equation 1.

Neural networks are a very versatile type of artificial
intelligence. They’re highly configurable and have lots of
existing tools to enable their creation. These reasons have
allowed neural networks to succeed in a wide range of
applications, which has led many researchers and
developers to use them for the purpose of playing games.

2.2 Puyo Puyo

Puyo Puyo is a falling block puzzle game developed by
SEGA, traditionally played as a two-player versus game.
The game is played by dropping pairs of colored puyos
onto a 6 by 13 grid. When four or more puyos of the same
color are matched together, they pop, clearing space and
allowing the puyos above to fall. Puyos popped this way
are converted to points for the player’s score, as well as
garbage puyos that are sent to the opponent’s board that
can only be cleared by popping a puyo near it. The goal of
the game is to make the opponent “top out” by filling up
their board—or more specifically, filling up their entire
third column, the top of which is usually denoted with an
X.

This is typically done by creating chain reactions of
popping puyos, known simply as chains, as higher chains
produce more garbage puyos for the opponent and a higher
score [10]. An example of a chain can be seen in Figure 2.
First a group of four blue puyos pop, then five greens, then
four more blues, then finally four reds. The game can also
be played with more than two players, in which the goal is
to be the last player standing, or with only one player, in
which the goal is to obtain as high of a score as possible.

Puyo Puyo is believed to be an appropriate game to train
an Al, and particularly a neural network, to play for a
number of reasons. First, the game rules are simple to
model, with a fixed number of possible moves per board
state and ways to identify “good” and “bad” moves for any
given board state [10]. These reasons have led to a small



number of efforts to create & test an Al that plays Puyo
Puyo [1,2,3,10].

Figure 2: Chaining Example [10]

One of the few scholarly published efforts to create an Al
that plays Puyo Puyo is that of Paul Hanson and David
Moffat, who implemented a Monte Carlo Search (MCS)
algorithm to play the game [10]. The Al was tested in trials
that lasted either until the Al topped out, or until 150 pieces
were placed, whichever came first. Then, the AI’s average
score at each interval of 10 pieces was computed, then
compared to other search implementations. The results
were somewhat mixed; the MCS performed similarly well
to implementations of Random Search and Breadth-First
Search, but performed significantly worse than an
Exhaustive Search that wasn’t time-limited. Different
depth limits of the MCS algorithm were also compared
against one another, to which the results found a depth of 4
consistently produced the best results [10].

Another noteworthy attempt at a Puyo Puyo Al, even
though it’s not published, is that of Dylan Leclair’s
evolutionary approach [3]. Leclair created networks of
various sizes and complexities, then trained each network

over the course of several hours at a time via
neuroevolution. His best results were achieved by a
network with two hidden layers at 150 nodes each, as well
as a modified fitness score that valued chains more highly,
which notably was able to form some basic color matching
and chaining strategies. Leclair noted towards the end of
his report that if he were to revisit the project, he would
change the way the output was formatted from raw button
outputs to piece locations, the output method that was used
in in Hanson and Moffat’s approach, and was likely made
better for it [3,10].

Further attempts at Puyo Puyo Als exist, but with lesser
documentation such that it’s difficult to work out exactly
what methods they’re using. For example, one
implementation developed by a group simply known as
“puyoai” was showcased to be capable of some complex
chaining strategies [2]. However, the documentation is
written entirely in Japanese, which has proven difficult to
understand. These efforts have even extended to SEGA, the
game’s developers; more recent Puyo Puyo games have
added a feature called Core Al, which is also capable of
some complex chaining strategies and is even able to keep
up with the best human players [1]. However, this Al is
closed source, and it’s not known exactly what methods
were used to develop it.

While the amount of literature regarding the development
of Puyo Puyo-playing Als is relatively small, the literature
that is out there showcased relative success on the matter,
as well as room for improvement. The game has proven to
be well suited for Al development, particularly using a
neural network.  Additionally, these attempts have
showcased Als that have been able to develop strategies to
play the game at a competent, if not a proficient level. In
addition to these approaches, it’s worth investigating
whether Al in similar games could provide additional
insight.

2.3 Tetris Case Study

Puyo Puyo belongs to a specific genre of game called
falling block puzzle games [5], a genre which contains a
number of games that have an equal or greater amount of
Al-related literature. Perhaps the single most popular
game in this genre, both in terms of research and in general,
is Tetris. Alongside being one of the most popular and
highest-selling games in the world, Tetris has a very large
amount of existing literature in regards to the development
of Al using neural networks. Given that Puyo Puyo and
Tetris are very similar games, it can be reasoned that some
of the methods used to build functional Tetris Als can also
be applied to Puyo Puyo. This section will cover two such
attempts at building a Tetris-playing Al.

The first of these is an attempt by Nicholas Lundgaard and
Brian McKee at a Tetris Al using a neural network and
reinforcement learning. Their approach implements a large
number of high-level states and actions, seemingly



designed to instill specific strategies in the network from
the start. The work also compares a number of different
heuristic agents—agents that differ in the fitness estimation
functions that determine what the network should be trying
to achieve—against one another; interestingly, the
“Maximize Lines” agent performed the worst, even worse
than a random agent, meanwhile the “Clear Board” agent
performed the best. They also compared how the network
performed in single player and competitive contexts, in
which they found the network performed poorly when
playing against a similar 7etris-playing Al made by Pierre
Dellacherie [9].

The other instance of interest is that of Matt Stevens and
Sabeek Pradhan, who built their Tetris-playing Al using a
convolutional neural network. Notably, they referenced the
efforts of Lundgaard and McKee as a preexisting example
of a functional Tetris neural network, but pointed out how
it makes use of “explicit featurization”—that is, it’s able to
interface with the game and get game variables directly.
Instead, Stevens and Pradhan were more interested in
building an agent that processed raw pixel data—by
effectively taking screenshots of the game and processing
those screenshots in a similar manner to how a human
player would. To do this, they made use of a convolutional
neural network, a special type of neural network that’s seen
significant usage in image processing. They also
implemented an epsilon-greedy policy, in which the agent
has a small probability to make a random move as opposed
to the optimal move to allow it to search more of the game
space [12]. Lundgaard and McKee’s Al made use of an
epsilon-greedy policy as well [9], but it’s more clearly
emphasized and explained in Stevens and Pradhan’s paper.
While they did have trouble getting the network to achieve
proficiency, they were able to at least train a network that
could play the game on a basic level, and found that the Al
performed best when there was minimal delay between
actions and rewards [12].

This is far from an exhaustive list of efforts to create a
Tetris-playing neural network, but they are notable
examples. They contain a lot of ideas that would be worth
implementing in a similar Puyo Puyo playing network,
such as the epsilon-greedy policy. They also contain some
ideas that don’t seem as appealing—as interesting as
Stevens and Pradhan’s convolution-based approach is, it’s
easier to just allow the network to be able to interface with
the game directly. But they’ve both shown moderate
success in constructing a competent 7etris-playing agent,
suggesting that the techniques they used could be adapted
to create a similarly performing Puyo Puyo-playing agent.

3. Primary Objective

The primary objective for this project: To determine the
impact of learning rate and number of hidden neurons on a
feed-forward neural network’s ability to play the falling
block puzzle game Puyo Puyo, subject to the following
governing proposition:

e The network plays a simplified version of the game
that is single player and in which pieces are placed at
the desired position at the top of the board.

4. Solution Description

To achieve this objective, a highly configurable feed-
forward neural network was created to play a simplified
version of Puyo Puyo. Specifics on how the game and
neural network were implemented are as follows.

4.1 Puyo Puyo Implementation

Leclair’s Puyoai program served as the basis for the
project, as the codebase was fully open-source, relatively
small, and had its own neural network easily separable
from the main game [3]. The game was then modified to
remove Leclair’s network and allow for the placement of
pieces at the top of the board at the player’s discretion, as
opposed to pressing buttons to move the current piece. This
was done by assigning each possible placement at the top
of the screen to a number from 0 to 21. There are 6 possible
positions that a piece can be placed vertically, and 5
possible positions it can be placed horizontally. Each of
these positions also has 2 rotations the piece can be in.
Combining these gives 2 * (6 + 5) = 22 possible
placements.

4.2 Neural Network Structure

Leclair’s Puyoai program was written in Python using the
PyGame engine, so a basic feed forward neural network
was constructed in the Python language. In order to allow
the network to train in real-time as it played the game, a
custom training loop was created.

The game board consists of a 6 by 13 grid, each of which
can contain one of four colored puyos—red, blue, green or
yellow—or be empty. The player can also see their current
piece, consisting of a pair of puyos, as well as their next
piece, also a pair of puyos. A single puyo was encoded as
a three-dimensional vector [A, B, C]. The A dimension
represented the color of the first puyo in the pair of puyos
to be played next. The B dimension represented the color
of the second puyo in that same pair if it was different from
the first puyo in the pair. The C dimension represented any
colors that did not match the colors for the A or B
dimensions. All three dimensions were set to 0 if the
location did not contain a puyo.

Instead of representing the full board, only the puyos
around which the next puyos would land given their drop
point were represented. Counting the two puyos being
dropped and the max possible puyos around them meant 13
total puyos had to be represented by the input layer for a
total of 39 input nodes. All 39 input nodes would get
utilized if the puyos landed horizontally and on different
rows in the center. The fewest input nodes would get used



if the puyos landed on the bottom row next to an edge. An
example, where the puyos fell vertically is shown in Figure
3. The red box represents the puyos possible landing spot
and the blue boxes the additional puyos to be represented
in the input layer of the neural network.

Figure 3

The network then consists of a single hidden layer of
variable size—the hidden layer sizes selected for study
were 10, 20, and 30. This was then followed by an output
layer of 1 node. This node would provide a score based on
where the dropped puyos would land, with 22 different
landing possibilities, see Section 4.1. During training each
starting location was given a weighted chance of being
chosen based on its score and the sum of all the other
scores. To ensure all options had a chance the lowest score
was set to 0.1 and all scores linearly adjusted relative to it.
A weighted random selection was then made. During
evaluation, whichever starting location's output had the
highest value was the selected move.

Along with the hidden layer size, the learning rate was also
manipulated to determine its impact on performance. The
chosen learning rate values were 0.005, 0.01, and 0.02. For
the activation function a modified ReLu function was used.
It had a slope of 1 from O to 1, but values less than 0 had a
slope of 0.01 and the same for values greater than 1. Initial
weights were set to random values between -0.5 to 0.5.

4.3 Move Evaluation

In order for the network to train, it needed some expected
output for it to compare against and train towards. Since
there didn’t exist a readily available Puyo Puyo neural
network training set, and to create one would likely take
considerably more time than was allotted, a live move
evaluation system was implemented instead. This move
evaluation system was based on five simple principles:

® Moves that increase all matched colors are very
good.

o Moves that score points are very good.

Moves that reduced the matched colors are bad.

e Moves that both increase matched colors and
decrease matched colors are ok.

o Moves with an empty board are ok.

Several different iterations of this system were attempted,
with these rules being what was used in the final version.

Moves that were labelled as very good were given a score
of one. Moves that were labelled as good were given a
score of 0.75. Moves that were bad were given a score of
0. Moves that were ok were given a score of 0.5 to 0.65.
After scoring the move the neural network would then
update its weights using backpropagation. Since we only
focused on one possible output at a time, we didn’t have to
worry about trying to figure what move the neural network
should have made. The random weighted select also
ensured many different moves would be tried out during
training. Both to help it find the good moves and find the
bad moves.

4.4 Training and Evaluation

Each network was given 2000 moves to train. During test
runs it was found that the neural network seemed to start
mastering the game by 2000 moves. Once the game was
"mastered" the neural network could play a single game
forever. During the training period, each network would
play games of Puyo Puyo, backpropagating after each
move based on the board state it saw and the results of the
move it played on it. Because a network could make several
bad moves in a row, the more bad moves it made the less
likely it would be to train off that move. Ifthe network gets
a game over before its training period runs out, it starts a
new game, playing continuously until its total moves run
out.

For evaluation, a network would start a new game and
make a total of 200 moves. If the game ended early due to
bad moves a new game was started until all 200 moves
were used. After 200 moves the game was stopped and the
score recorded.

5. Experiment

A total of 135 neural networks were trained for the
experiment—15 for each combination of hidden layer sizes
(10, 20, 30) and learning rates (0.005, 0.01, 0.02). The
starting game for each of the 15 networks in a trial were
seeded, meaning pairs of Puyos would arrive in the same
order for each instance of that game, to eliminate any
variance caused by random piece generation. However, if
a game was lost then the seed was increased by 1 for the
next game.

5.1 Analysis of Training

Before running the experiments, the following hypotheses
were proposed:

e Hy4.: The lower the learning rate the better the
network will do.



e Hp: The greater the number of hidden nodes the
better the network will do.

The lower learning rate was hypothesized as those neural
networks would be less likely to over adjust on one bad or
good move. The number of hidden nodes was
hypothesized because more hidden nodes should allow the
network to match a larger number of patterns more easily.

The randomness of what weights a neural network might
start out with can greatly impact performance. As such the
5 networks that were the greatest outliers were dropped
from each group. In some cases, networks completely
failed to learn, scoring 0 points during evaluation. In other
cases, networks randomly learned how to chain even
though that was not built into the training feedback. These
also got removed as they overperformed.

To evaluate these hypotheses, a Student’s t-test will be
used to compare the averages of each trial’s 10 remaining
networks. In Table 1 we can see the results organized to
see the effect learning rate has on network performance.

Hidden | Learning Average Standard
Layers | Rate Dev
0.005 16244 3849
10 0.01 17643 1977
0.02 15648 1638
0.005 19050 5270
20 0.01 17177 2373
0.02 14481 2161
0.005 18548 4755
30 0.01 15353 1356
0.02 16799 2110

Table 1: Effect of Learning Rate

Based on the results of the t-tests for the effect of learning
rate it was found that when there are 10 hidden nodes a
learning rate of 0.01 is better than 0.02. For 20 hidden
nodes a learning rate of 0.01 is better than 0.02 and a
learning rate of 0.02 is worse than 0.005. For 30 hidden
nodes a learning rate of 0.005 is better than a learning rate
of 0.01. Unfortunately, all other comparisons came out as
not statistically different. So, there is some support for the
Ha hypothesis, but more work is needed to what if any
effect learning has.

In Table 2 we can see the results organized to see the effect
the size of the hidden layer has on performance. Looking
at the effect of number of hidden nodes, the t-test found no
statistical differences. This result creates the new question
then of is 10 the minimum hidden nodes needed or would
going beyond 30 nodes improve performance?

Learning Hidden Average Standard
Rate Layers Dev
10 16244 3849
0.005 20 19050 5270
30 18548 4755
10 17643 1977
0.01 20 17177 2373
30 16799 2110
10 15468 1638
0.02 20 14481 2161
30 15353 1356

Table 2

For hypothesis Ha there is some support for it, but not
enough to declare it true. Additional experiments would be
needed to see under what conditions is Ha true and when is
it not true. Based on the results hypothesis Hg proved
untrue and better support the statement that the number of
hidden nodes will have no effect on the performance of the
neural network.

6. Suggestions for Further Research

Some possible areas of focus that go beyond just the basic
findings of this work:

e More sophisticated move evaluation. Is it possible to
help the neural network understand how to create
chain events for a higher score per move. One or two
of the networks that trained appeared to achieve this,
but purely by accident given their limited view of the
board.

e Neuroevolution. Neuroevolution—in particular the
Neuroevolution of Augmenting Topologies (NEAT)
algorithm—was considered in the early proposal
stages of this project, but was rejected under the
assumption that to train a network via neuroevolution
would take more computer-hours than were available.
Even so, Leclair’s Al showed the relative success of
neuroevolution when applied to Puyo Puyo as well as
room for improvement [3].

8. Conclusion

This was an attempt at the creation of a simple feed-
forward neural network that plays the falling block puzzle
game Puyo Puyo and an experiment to determine what
hyperparameters of the neural network would impact its
performance. The results showed that for learning rate it
can have an effect on the learning performance. We hope
that this project can serve as a starting point for further
research on the development and evaluation of neural
networks playing arcade-style puzzle games such as Puyo
Puyo.
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ABSTRACT

This paper explores the implementation details needed
when developing a compiler for a functional programming
language. To implement a functional compiler, a full
compiler application was written in C++ with next to no
use of third-party libraries. With this compiler, we can
inspect each stage of a functional program’s compilation
and can observe the techniques used to optimize the
generated code at varying levels of compilation.
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1. Introduction

Historically, the imperative paradigm that encompasses
many popular programming languages, like C++ or Java,
closely models the imperative architecture that these
languages usually target. Yet, the imperative paradigm is
only one way of expressing computation. There has been
another paradigm which encompasses languages such as
Lisp, Haskell, ML, OCaml, and more. That would be the
functional programming paradigm. The core idea of
functional programming is that, instead of juggling state
within a sequential, imperative programming language, the
programmer must simply tell the compiler what
computations it would like to perform declaratively by
composing functions. Placing such a restriction on the
programmer could potentially limit the ability for them to
make mistakes by forcing them to avoid state mutation and
thus avoid logical errors that arise when code has side
effects. The other important facet of functional
programming is the basis on which it is named — functions
are first class citizens of the language. What this entails is
that functions themselves can be passed and used as values
to express computation. This differs from most imperative
languages, which favor the concept of mutable state and
execution order as the basis of computation. Having
functions as values gives functional programming
languages the ability to implement useful features not seen
in imperative languages, such as partially applied
functions.

With a new programming paradigm comes the question,
how do we implement such a language? From a compiler
standpoint, imperative languages are fairly straightforward
to implement — sequential instructions translate quite
seamlessly to the average imperative machine. The

advantages that functional programming provides (e.g.
immutability, functions as values, expressivity, etc.) must
come at some implementation cost, or otherwise they
would be widely used in imperative languages already.
One such cost is that of memory management, as these
languages typically have a garbage collector for the amount
of allocations needed to execute even simple functional
programs [1]. Much research has been done into fast
implementations of functional compilers, notably [1, 3, 5].
Further research has been done, but these texts are the basis
for the implementation of functional compilers today, such
as Haskell.

The purpose of this research is not to revolutionize the
functional programming space. Rather, it is to serve as a
basis of understanding as to how functional programming
languages can be compiled into sequential code for most
modern machines. Importantly, certain tactics to optimize
the resulting programs will be identified, as to observe how
functional programming languages can still compete with
compiled imperative languages today.

2. Background

Before we can discuss the compiler implementation details,
we must first understand the execution model that
functional languages employ. From there, we can
understand how we can achieve the model of execution
with our compilation strategy. First, we must discuss the
basis of all functional programming languages: the lambda
calculus [1].

2.1. The Lambda Calculus

Since the inception of computing, the simplest and most
powerful computational model is that of the Turing
machine [2]. Turing machines are analogous to modern day
computers, effectively being finite state machines with the
ability to read an infinite tape and modify it according to a
transition model, which effectively programs the machine
[2]. While Turing machines serve as the basis for
imperative languages today, the functional programming
paradigm is built upon Church’s research into the lambda
calculus [1].

The lambda calculus is fundamental to functional
computing, as it is sufficiently expressive to allow the
transformation of high-level functional programs into the
lambda calculus [1]. Importantly, the lambda calculus is
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both simple, with only a limited few constructs to
implement, and expressive, in that lambda calculus can
represent any computable function, and any higher-level
functional programming language can be built upon a
working implementation of the lambda calculus [1].

(Ax . x+1) 2

Figure 1: Example lambda calculus code. The result of the
function application is 3.

Only a few features are supported by the base lambda
calculus: function applications, lambda expressions, and
atomics such as variables or built-in constants. Function
application, the method of computation in the lambda
calculus, is represented by juxtaposition of expressions.
Applying functions can be more powerful than allowed in
imperative languages; currying, which is the practice of
functions only accepting one argument, can be leveraged
to create interesting partially applied functions, such as a
function that adds a constant to the given argument [1].
This is possible because the lambda calculus allows one to
return functions as the result of applying a function. This
paves the way for the developer to compose functions in
meaningful and useful ways. Lambda expressions allow
syntax to define functions not at the global scope, but as a
value used in code. Efficient implementations of functional
compilers would provide essential functions, such as
addition or reading the head of a list, as built-in functions
[1]. Yet, one may define their own functions through the
use of lambda expressions, and indeed global-level
function definitions in a functional program are expressed
as lambdas during compilation. Last but not least, atomic
values such as variables or constants are manipulated and
passed around during function evaluation to produce a final
computed result.

2.2. Basic Graph Reduction

The entirety of a lambda calculus program can be regarded
as an expression which evaluates to some value, and
computing such a value can be done through reducing the
expression to a simpler value until it cannot be done
anymore. The act of reducing an expression until it cannot
be reduced anymore, in terms of functional programming,
is called graph reduction [1]. After compilation to a lambda
calculus form, the structure of the program can be observed
as being a graph [1]. Computing the graph into a final result
involves transforming parts of the graph into simplified
results; hence, we say we perform reductions on the graph.
Altogether, the execution of a functional program can be
viewed as follows: the tree is walked until an expression is
found that is reducible (i.e. a function object is applied to
another expression), the reduction is performed on that
node, and then the process is repeated until the tree cannot
be reduced anymore.

A naive implementation of this algorithm would be a literal
translation: the source code gets parsed into the lambda
calculus, and then the tree structure is walked upon. In a
particularly frequent case, the evaluator may encounter a
lambda node being applied to some expression. By
definition, a lambda body applied to an argument results in
a copy of the lambda body, with all instances of the formal
parameter of the function being replaced by the argument
[1]. The copying is necessary, as the lambda body serves
as a template that could be used many times within a
program. Whenever a copy is requested, the entire graph of
the internal expression must be walked, following all
indirections and jumping around in memory.

Performing computations this way could be particularly
expensive [1]. The bodies of lambda expressions could be
unboundedly large, requiring a walk across each node
every time a lambda is to be used (which could be quite
frequent for many standard functions). As such, the basic
forms of graph reduction are not a focus of this paper nor
the project. Instead, there are several tactics to improve the
performance of a functional program. One tactic in
particular is half of the focus of [1], being supercombinator
compilation; the book also discusses lazy evaluation,
which will be briefly mentioned. Other strategies of
optimization exist, and will be discussed briefly.

2.3. Efficient Graph Reduction

A fault of the graph reduction evaluator discussed is the
overhead of copying trees every time a lambda is applied
as a function. However, at compile time, Peyton Jones
notes that there is enough information about the lambdas
known at compile time such that we could describe a
lambda body with a set of instructions that would
reconstruct the body [1]. This completely eliminates the
need to walk over every lambda body for copying, as that
time is now spent at compilation time rather than runtime.

One issue with this is the presence of lambdas throughout
the initial stage of compilation. The compiled main
expression is littered with lambda definitions, some of
which contain variables not bound by the lambdas (namely
free wvariables). As Peyton Jones observes, lambdas
containing free variables, when transcribed into a sequence
of instructions, are not fit for compilation; they create a
unique body for every value that the free variable could be
assigned [1]. Thus, Peyton Jones proposes an important
step beforechand: lambda-lifting with supercombinators. A
supercombinator is simply a lambda definition without any
references to free variables.

We perform lambda lifting through a visitor that tackles
each unique form of AST node properly. To do so, the
algorithm goes as follows: we search until we find a
lambda with no other lambdas inside of it, then we
represent any free variables as extra parameters to the
function, extract the modified lambda and assign it some
unique global name, and then in place of the lambda will



sit the supercombinator applied to any free variables
referenced. This will repeat until all lambdas are retrieved
from the main expression and separated into some list of
supercombinator definitions.

With a list of supercombinator definitions, many
opportunities for efficient compilation become available.
First, the algorithm, though correct, may produce
supercombinator definitions that are redundant (e.g. a
supercombinator that accepts an argument, and simply
applies another supercombinator on that argument).
Luckily, given that we now have a list of all
supercombinators used within the resulting program, it is
trivial to iterate through them and eliminate redundant
definitions. Another strategy now available to us is dead-
code elimination. Since supercombinators are named, it is
easy to walk through all supercombinator bodies and the
main expression to determine which supercombinators are
actually used and which are not. Any supercombinators
that are not referenced can be safely omitted from the final
compiled program, reducing program size. More
importantly, however, is the fact that these
supercombinator definitions can be compiled into
instructions that reconstruct the body of the expression.
This gives the major advantage of avoiding dynamically
copying graphs at runtime, and it also allows one to avoid
dynamically searching for the formal parameters, which
would have been necessary in the naive implementation of
graph reduction. Overall, Peyton Jones concludes his book
with a virtual machine specialized for graph reduction [1].
The code for the machine, named G-Code by Peyton Jones,
houses both the main runtime logic as well as the compiled
supercombinator definitions in sequential form. We have
aimed to use this as the basis for our final compilation in
the implementation. Most tactics described here, including
lambda lifting and optimization, are also used in our
implementation.

2.4. Functional Optimizations

Functional programming languages have unique properties
that allow opportunities for optimizations. A fundamental
property of such languages is that of referential
transparency — that an assigned variable can be replaced
with its assigned value all throughout an expression
without changing the final computed value [3]. In other
words, assigned variables are effectively immutable, as the
reassigning of values would break the referential
transparency observed. This is in line with the values of
functional programming; functions are composed together
and pass along immutable data, instead of imperative
programming where sequences of instructions modify
some state. Compilers for functional programming
languages can leverage this property by taking liberties in
the behavior of the compiled code hidden from the user [3].

Memoization — the process of storing outputs of a function
per given input — is one such strategy that can be applied to
functional programming languages. If a given function is

computationally expensive or is frequently invoked on
recurring inputs, then memoization can be used as a tool to
avoid excessive reinvocations through caching results [4].
A common example function is the Fibonacci function,
which increasingly reuses previous calls to itself with
recurring inputs. At what level of execution to perform
memoization is not concrete; compiler implementers may
choose to do so at the function level, instruction level, or
even hardware level [4]. Memoization has been used in
languages that support functional programming, such as
Lisp and Haskell [4], but care must be taken to balance the
overhead of looking up past computations with the
potential speedup gained.

Parallelism is another technique that shows promise in the
field of functional computing. In imperative languages,
parallelism is usually not trivially achieved [5]. To achieve
it, one must manually spawn threads and allocate
processors to some computation. Parallel code also opens
up a can of worms in that mutations and accesses of a
variable cannot be reliably sequenced without specialized
use of atomics to avoid race conditions [5]. With functional
programming, all data is immutable, and functions can be
computed independently of each other. This can enable
compiler developers to leverage parallelism in functional
code, with varying levels of success [5]. Some research has
been done into performant automatic functional
parallelization, but the benefits and drawbacks are not yet
clear.

3. Implementation

To observe the techniques for -efficient functional
compilation and optimization, a new compiler was built for
this project. We will discuss the design for the source
language of the compiler, the implementation choices
taken when crafting the compiler, and the results of the
work.

3.1. Design

let foo: int [x: int, y: int] :=
let a: int := 1,
let b: int := 2,
(a*x) + (b *xy)

end

let main: int [] :=
foo 3 7
end

Figure 2: The basic source language for the compiler.

When building a compiler, one needs a source language to
parse and translate into some other useful code, which is
often assembly or some machine code. The source code for
this compiler is not of any existing functional language; it
was drafted from scratch to support function definitions,
variable bindings, and basic arithmetic. This decision was
made to emphasize the implementation being standalone



and to allow for an understanding of why certain language
choices are made. For example, the use of keywords, such
as “let” and “end”, were embraced to simplify parsing in
the implementation. For familiarity with popular languages
such as C++ and Java, the top-level binding with the name
“main” was designated as the entry point of the program.
All types are explicit for the sake of clarity and for the sake
of an easier type checking implementation. One particular
goal of this source language was to preserve juxtaposition
as a signal of function application, which is quite prevalent
in popular functional languages. Fortunately, parsing such
expressions did not prove to be too difficult.

3.2. Compiler Internals

The language of choice for the compiler implementation
was C++, as it is a ubiquitous systems programming
language that allows for concise yet descriptive
compilation code. We chose to use C++17 as the standard
of choice to allow for the usage of relatively modern C++
features for a more clean codebase. To fully observe all
steps of the compilation process, absolutely no large
compiler-development libraries were used. This meant that
every step of the compilation process had to be spelled out
and implemented sufficiently, which was not a trivial task.
General libraries that allow for better UX or DX, such as
libfmt and CLI11, were used to keep the compiler well
rounded. Specifically, CLI11 was used to allow the user to
specify command line arguments that help interrupt or spell
out different phases of compilation. The library “libfmt”
was used for robust formatted output for the program;
notably, this was necessary as the equivalent option for
formatted output in standard C++ was not available until
C++23.

Any implementation of a novel programming language is
met with the hurdles of lexical analysis and parsing.
Lexical analysis involves reading text from a string and
transforming it into a list of tokens corresponding to
language syntactical structures, such as an identifier or an
equals sign. Lexical analysis was implemented in the
compiler through a state-machine scanner as demonstrated
in [6]. Whilst not particularly noteworthy, the approach of
making a finite-state machine for lexical analysis did prove
to be a useful approach, and appeared to be more readable
than a large chain of if-else blocks. Parsing a language
involves reading a list of tokens and generating an
equivalent tree representation of the entire program, which
is usually referred to as an abstract syntax tree (AST). To
parse such a simple language, a recursive descent parser
was written to translate the sequence of tokens into a
hierarchical abstract syntax tree. While parsing
expressions, precedence climbing proved to be a useful
algorithm. Normally, to implement associativity and
precedence rules within expressions, one would have to
specify almost arbitrary recursive functions which model
grammar production rules that would allow for correct
parsing. However, precedence climbing involves keeping
track of the current expression precedence and cutting off

parsing a subexpression when the precedence has been
lowered. This results in correct parsing of binary
expressions with varying precedence while not having to
manage a large amount of recursive functions only for
expression parsing; parsing of an expression can be
achieved with a loop instead of many recursive functions.

After parsing the source language, we receive a syntax tree.
As itis in a tree structure, we can get away with using smart
pointers. Specifically, we can allocate each tree node
within a unique_ptr as each node will naturally own their
own children. This allows for effective memory
management without intervention by the developer. Before
proceeding further, we must perform semantic analysis to
determine if the code provided was described correctly. We
do this in two passes: one to build the symbol table, and the
other to check for program correctness, which mainly
entails type checking. The choice of a multi-pass compiler
was intentional, as this allows for avoiding forward
declarations. The symbol table pass throws away several
symbol tables as it is initially only left with the top-level
declarations, but this was acceptable for a small compiler
implementation. After building the symbol table, basic
type checking is performed on binary expressions and
function applications.

After parsing the source language into a syntax tree, the
compilation strategy typically entails numerous
transformations through one or many intermediate
representations [1]. First, we must translate the high level
source code into an extended form of the lambda calculus.
Then, we must perform transformations upon the lambda
calculus until we are ready for lower-level intermediate
representations. These transformations are upon trees
mainly, and thus the visitor pattern proves to be quite useful
in the final implementation. The visitor pattern
encompasses a unique object which implements a visitor
interface on top of the AST, and can recursively travel
within the tree to perform a computation. This technique
proved to be so useful that it is widely used within the
backend of the implementation. When employing visitors,
one must be careful when managing visitor state and
intermediate values. Care was taken in implementing a
“VisitValue” class that wraps a value computed within
recursive visitation with a validity boolean. The purpose of
this class was to keep track of values computed recursively,
as the visit interfaces typically returned void. Using asserts
with the custom class helped find bugs quickly and faster
when using the visitor pattern, which helped when it ended
up being quite prevalent across the codebase.

Using the visitor pattern above, we transform the AST into
the enriched lambda calculus (ELC) intermediate
representation. This representation extends the lambda
calculus with a “let-rec” construct, which is a recursive list
of bindings that are valid within a specified expression.
This is the target model for our program, as each global
definition can be represented as a binding within the let-
rec, and the expression to be evaluated within main can be



slotted in as the expression where the bindings are valid.
From here, we can perform transformations upon the
lambda calculus. An especially important one for Peyton
Jones’ guide is lambda lifting, where lambdas that are fit to
be supercombinators are lifted and extracted into a similar
let-rec construct [1]. This allows for making lambdas
compatible with the compilation strategy Peyton Jones
aims for, so that each function can be compiled into a
sequence of statements that builds the correct graph [1]. As
mentioned prior, several optimizations can be performed
here, such as eta-reduction and dead-code elimination [1].
The implementation performs eta-reduction as it will avoid
creating supercombinators that are simply aliases of one
another. Dead code elimination is not yet realized within
the implementation, but it would be relatively trivial to do
SO.

After we compile the program into a list of
supercombinators, we are ready to transform into our last
intermediate representation: G-Code. The G-Machine was
spelled out by Peyton Jones in [1], and it abstracts away the
manipulation of graphs to simplify the final stage of code
generation and to avoid jumping from the lambda calculus
straight to assembly-level code. The G-Machine is a stack
based machine that has many specialized instructions for
handling the execution of a graph on the top of the stack.
The translations of lambda calculus constructs to G-
Machine instructions were followed through, and built-in
functions, such as addition and subtraction, were specified
through G-Code.

After getting G-Code instructions, we must find some way
to translate these instructions into code that can run on
modern machines. While assembly would have been a
reasonable choice, the decision was settled on C, as it
allowed for enough abstraction to easily convey the
operational semantics of the G-Machine without being
bothered by lower-level details such as register
management. C is also a pretty handy choice as it gives
quite a fine grain of control over the behavior of the
resulting code, meaning our generated code will not
perform any unnecessary allocations that were not
explicitly specified. It is at this stage that implementation
fell short, as Peyton Jones’ G-Machine instructions
involved saving entire G-Code sequences to runtime
memory, which was not an intended feature of my C code
generation. Figuring out how to preserve this functionality
would result in a complete functional compiler pipeline,
implemented from frontend to backend with an executable
produced.

3.3. Results

The results of the compiler ended up in a nearly-full
implementation of a functional compiler as guided by
Peyton Jones in [1]. Every stage of the compilation process
was implemented concretely in C++. With no libraries to
assist in any compilation strategies past parsing,
implementing the compiler from top to bottom was not an

easy task. The compiler can accept a source file and,
through various flags, can output the result of each phase
of compilation from tokenization to G-Machine
instructions.

4. Conclusion

Overall, functional programming languages represent an
entirely different ideology with respect to computation.
Originating from Church’s lambda calculus, functional
languages provide an alternative method for specifying
computations in a declarative manner by composing
functions. Being able to express high-level code elegantly
and in a way that is expressly readable is a clear benefit to
functional languages.

This study aimed to spell out key techniques that can
optimize the execution of compiled functional programs.
We have observed strategies in which high-level functional
code can be executed on imperative machines. We note that
the naive graph reduction approach is hopeless, and
mention several different strategies for optimizing the
compiled code. We have built a compiler from scratch to
compile a self-designed subset of a functional
programming language, using techniques and principles
that have been studied and referenced.

One of the main challenges when completing this work was
the lack of good references for functional programming
language implementations. Peyton Jones’ work, while
massively helpful in understanding functional compilation,
is dated and focused on lazy compilation which was not a
requirement of the project. More resources in this area
would have been greatly helpful, and could have assisted
in exploring deeper optimizations. This research could be
expanded by implementing further optimization techniques
and analyzing how those affect more sophisticated
programs.
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ABSTRACT

Since the breakthrough release of ChatGPT in 2022, gener-
ative Al has undergone rapid investment and development,
spanning many domains of consumer technology and intro-
ducing new concerns about the nature of human-computer
interaction, particularly ways in which users ingest infor-
mation. Notably, generative AI’s potential for informa-
tion retrieval and processing has already driven its adoption
in education, particularly in the field of computer science,
along with a surge of research on its pedagogical use, im-
pacts, and challenges. With the pace at which this expan-
sive field of research is growing, survey and review papers
will provide a much-needed foundation for facilitating fur-
ther cohesive, grounded analysis. Focusing on undergradu-
ate computer science education, this study seeks to add new
facets to the existing corpus of such works. Positioning it-
self among contemporary surveys and literature reviews,
this paper engages in a survey of recent empirical studies
on the use of generative Al in the classroom. By identifying
patterns in methodological approaches, research questions,
and student experiences, this paper surfaces underlying dy-
namics in student-LLM interactions. The result provides
not only a new lens for understanding ongoing educational
trends, their practical implementations, and their outcomes,
but also actionable insights to support new empirical and
conceptual developments.

KEY WORDS
Al, Education, Introductory Programming, HCI, LLM

1. Introduction

In just the past few years, large language models (LLMs)
have rapidly become accessible tools for generating, mod-
ifying, and explaining code, and their use by students in
introductory programming courses is now widespread. In
response to the increasing call for the adoption of LLMs
in professional and learning environments, educators and
researchers have conducted studies on methods to effec-
tively integrate LLMs into programming and computer sci-
ence education, testing a range of approaches, including
utilizing these tools as tutors, code generators, collabora-
tive partners, and more. With this movement, a continually

growing body of empirical work has emerged that exam-
ines the potential benefits and challenges of LLM use in
early programming education. However, this pace of ex-
pansion carries with it fragmentation in study design, out-
come measures, and assumptions on the role of LLMs in
learning, making it difficult to draw coherent conclusions
on their impacts and use cases.

While the demand for experience with Al grows increas-
ingly common in post-graduate careers, the use of these
technologies is also reshaping how students form their
foundational knowledge of programming skills and con-
cepts. Thus, educators face a new challenge in their re-
sponsibility to students in the shape of generative Al, of
which the full extent of effects are still being studied. In an
effort to provide a grounding for future research directions
and pedagogical development, this survey paper examines
recent literature with the following guiding questions.

e RQI: What methods are being used to evaluate stu-
dents’ experiences with LLMs?

* RQ2: What trends in interactions and learning out-
comes emerge from novice programmers’ usage of
LLMs?

Our contribution in this paper is a comprehensive re-
view of empirical studies on the use of LLMs in intro-
ductory programming courses published between 2024 and
2025, encompassing the experiences of roughly 1539 stu-
dents. Within the body of literature, it identifies cross-study
trends and recurring challenges in addition to limitations of
current research and questions raised or left unanswered.
With consideration to the timeline of research and the level
of experience with LLMs that introductory students pos-
sess, this paper characterizes the disparities in preexisting
knowledge among novice programmers and attitudes they
hold toward generative Al, along with reported learning ex-
periences. Additionally, it highlights gaps and limitations
felt by both students and instructors. Together, these anal-
yses guide future work with direction for the scoping and
design of subsequent empirical studies and targeted litera-
ture reviews.



2. Related Works

Existing literature reviews have examined generative Al in
programming instruction at a high level, including a broad
range of experience and education levels, from elementary
students to experts. In 2025, a review surveying genera-
tive Al in computer science education from Reihanian et
al. acknowledges the importance of studying impacts on
introductory-level students [1]. Introductory courses repre-
sent a particularly sensitive context for such a change, since
students are developing foundations for mental models and
learning which tools and resources to turn to for help. In
the same year, a systematic literature review from Agbo et
al. states that a high concentration of published research
occurs at the introductory level and that most papers focus
on undergraduate students [2]. Similarly, Harrington et al.
(2025) show in a systematic literature mapping that under-
graduate education sees the highest output of research in
this domain, although data from this paper does not spec-
ify the concentration of research at the introductory level in
this context [3]. With respect to the rapid changes toward
generative Al, the pace at which research is published, and
the unknown long-term effects of its use in learning, an im-
perative arises to ensure proper grounding for new studies
and maintain a dialogue with contemporary work through
continued reviews.

As these reviews cover a large scale of papers, their anal-
yses naturally highlight valuable high-level trends and re-
search gaps in the broader field in relation to attributes like
setting, research focus, intervention type, and evaluation
methods. These studies and others, like a systematic re-
view from Chang et al. in 2024, inform the scoping of
this review with previously identified challenges and ad-
vantages in existing research, such as concerns around the
accuracy of information generated and how to best assess
outcomes, in addition to the potential for increased person-
alization for students and decreased workloads for instruc-
tors [4]. Operating with a smaller, focused corpus, this pa-
per complements prior large-scale reviews by synthesizing
how students’ interactions with LLMs and their affective
responses intersect within introductory programming con-
texts, surfacing commonalities and tensions lost in broader
mappings.

3. Methodology

This paper adopts a structured approach to examine recent
empirical studies on the use of LLMs in undergraduate in-
troductory programming education. The goal of the review
is not exhaustive coverage but rather scoping and synthesis
around how LLMs are currently being deployed and stud-
ied in this introductory learning context and how students
perceive and interact with them, identifying actionable in-
sights that can inform future empirical work and reviews.

3.1 Search Strategy and Scope

An initial potential corpus of work was identified through
a keyword-based search of the ACM Digital Library. The
search was limited to ACM publications in order to main-
tain a focused scope, consistency in publication standards,
and identify venues most commonly associated with com-
puting education research. To complement this search,
backward and forward snowballing were done on selected
papers to identify additional relevant studies cited by or cit-
ing the initial results. The search process was terminated
after ten iterations, at which point new papers no longer in-
troduced substantively different study contexts or method-
ological approaches.

3.2 Inclusion and Exclusion

Studies were included if they reported on actual de-
ployments of an LLLM in introductory programming con-
texts, involved direct interactions between learners and
generative-Al systems, and provided data and analyses re-
lated to student experience, learning outcomes, or instruc-
tional impact. Papers were excluded if they focused solely
on tool design without deployment, speculative discussion
without empirical evaluation, or contexts not classified by
their authors as introductory.

3.3 Data Extraction

The final set of studies included in this review is summa-
rized in Table 1, which outlines publication venues, partic-
ipant counts, assessment types, and study durations. For
each included study, a standardized data extraction pro-
cess was applied to capture key characteristics for com-
parison, including research focus, study context and de-
sign, participant number and level of experience, assess-
ment methods, reported outcomes, and challenges or limi-
tations in experience or overall design. This process sup-
ported cross-study comparisons and the identification of re-
curring themes across heterogeneous study designs. The
resulting trends were ascertained through the iterative com-
parison of these attributes. Attention was given to conver-
gent conclusions and common assessment patterns, as well
as points of divergence across studies and contexts. Ob-
servations included both supporting and complicating ev-
idence to avoid overgeneralization of experience and out-
comes.

4. Findings

Across the reviewed studies, several recurring themes
emerged regarding how LLMs functioned in introductory
programming contexts and how students experienced their
use. While study designs and instructional goals varied,
consistent patterns were observed in LLM performance and
reliability, students’ affective responses and perceptions,
and the strategies students employed when interacting with
LLM-based tools. Figure 1 provides a visual overview of



the findings, grouping them by study duration to highlight
how this dimension can affect outcomes. The following
subsections synthesize these trends across the surveyed lit-
erature.

4.1 LLM Performance as Tools in Introductory Pro-
gramming Contexts

Across the reviewed studies, LLMs demonstrated a mixed
and highly context-dependent level of performance when
deployed as tools in introductory programming settings.
While students frequently perceived LLMs as helpful for
generating code, explanations, or practice materials, em-
pirical evidence consistently highlighted limitations in re-
liability, correctness, and alignment with novice learners’
expectations. These limitations were particularly salient
given students’ limited ability to detect errors, omissions,
or misleading guidance in generated outputs [, 6, 7].

Several studies reported that LLMs were able to produce
syntactically correct and superficially plausible code, yet
struggled with deeper semantic correctness, edge cases, or
adherence to unstated instructional constraints. In studies
where students relied on LLMs to generate solutions to pro-
gramming tasks, incorrect or partially correct outputs were
common and often required additional student intervention
or instructor oversight to resolve. Non-deterministic be-
havior further complicated student use, as repeated prompts
could yield substantially different solutions, leading to con-
fusion and frustration among novice users who expected
consistent behavior from computational tools [5, 7].

These challenges were particularly evident in studies ex-
amining prompt-based code generation. Nguyen et al. [7]
found that beginning programmers frequently experienced
difficulty interpreting why generated code failed, often at-
tributing errors to misunderstanding by the model rather
than deficiencies in their own prompts or task descriptions.
Similarly, Prather et al. [S] and Rahe and Maalej [8] ob-
served that students struggled to provide sufficient context
or constraints in prompts, resulting in outputs that deviated
from assignment requirements or instructional intent. In
such cases, LLM performance limitations were closely in-
tertwined with students’ emerging mental models of pro-
gramming and problem specification.

Studies that embedded LLMs within more structured in-
structional systems reported somewhat improved perfor-
mance, though not without trade-offs. In CS50’s Al-
integrated environment, Liu et al. [9] reported that retrieval-
augmented generation and persistent conversational con-
text improved response quality relative to baseline mod-
els. However, students still encountered hallucinations,
outdated information, and responses that exceeded the
scope of course material, underscoring the need for care-
ful system-level constraints. Similarly, systems designed
to generate personalized programming exercises [10, 11]
were generally effective in producing functional tasks, yet
required expert validation to ensure alignment with learn-
ing objectives and to mitigate hidden constraints or unin-

tended difficulty.

Throughout the reviewed literature, instructor involve-
ment emerged as a critical factor in LLM performance and
is requisite to their deployment, drawing into question ex-
actly how much setup and maintenance is required by in-
structors. Tools that were explicitly framed as supplemen-
tary resources and paired with guidance about their lim-
itations were less likely to be perceived as authoritative
or error-free [12, 13]. In contrast, unrestricted access or
interactions with weak scaffolding increased the risk that
students would over-trust generated outputs, particularly
when they lacked the conceptual grounding to indepen-
dently verify results [8]. These findings suggest that LLM
performance in introductory programming contexts cannot
be evaluated solely in terms of output quality, but must be
understood in relation to instructional design, scaffolding,
and students’ evolving technical literacy.

Taken together, the literature indicates that while LLMs
are capable of solving traditional introductory-level cod-
ing tasks and can function as powerful supports for explo-
ration, practice, and rapid feedback, their performance re-
mains insufficiently reliable to serve as standalone instruc-
tional agents in introductory programming education. The
effectiveness of LLMs as learning tools appears to depend
less on raw model capability and more on how their lim-
itations are surfaced, constrained, and contextualized for
novice learners.

4.2 Student Interaction Strategies with LLMs

Across the reviewed studies, students adopted a range of
strategies when interacting with LLMs in introductory pro-
gramming contexts. These strategies varied in sophisti-
cation, intent, and alignment with course learning objec-
tives, and were often shaped by prior programming experi-
ence, task structure, and instructor guidance or constraints
[7,5, 14, 8].

A commonly observed pattern involved direct answer-
seeking, where students prompted LLMs to generate com-
plete solutions or code fragments with minimal contex-
tual framing. This strategy was more prevalent among
novice students and in assignments emphasizing correct-
ness over process. Several studies noted that while this
approach could accelerate task completion, it frequently re-
sulted in shallow engagement with underlying concepts and
limited opportunities for debugging or conceptual transfer
[7,5, 14].

In contrast, when studies employed LLMs as interac-
tive tutors or debugging aids, some students used iterative
prompts to request explanations, step-by-step reasoning,
or clarification of compiler errors. These interaction pat-
terns more closely resembled traditional help-seeking be-
haviors, such as consulting documentation or attending of-
fice hours. Studies reporting this strategy often associated
it with higher-quality learning outcomes or success rates,
particularly when students actively evaluated and modified
LLM-generated suggestions rather than adopting them ver-
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batim [12, 10, 9].

Another class of interaction strategies involved prompt
refinement and scaffolding, where students experimented
with varying levels of specificity, constraints, or examples
in their prompts to influence model output. While this be-
havior was less frequently documented among beginners
with no experience preceding an introductory level class,
it appeared more often in cohorts with prior programming
experience or progress in a course. Some studies suggest
that prompting itself became a metacognitive activity, lead-
ing students to articulate their understanding of a problem
more explicitly [5, 8, 13].

Conversely, a split emerged between students taking ac-
tive and passive roles with LLMs during exercises. While
some students continued down their own thought processes
with assistance from Al-generated responses, others more

heavily relied on suggestions at the end of the responses
when deciding what to do next. This pattern bears some re-
lationship with the behavior of copying complete solutions
from an LLM [7, 14, 8].

Several papers also identified verification and compari-
son strategies, in which students cross-checked LLM out-
puts against their own solutions, instructor-provided exam-
ples, or other external resources. These strategies were
more likely to emerge in courses that explicitly discussed
limitations and potential failure modes of LLMs. When
present, verification behaviors were associated with re-
duced dependence on Al-generated code and increased crit-
ical evaluation of correctness and style [10, 9, 13, 12].

Collectively, these observations suggest that student in-
teraction strategies with LLMs are not monolithic but in-
stead reflect a spectrum of behaviors influenced by expe-



rience level, instructional framing, and assessment design.
However, across the surveyed work, interaction strategies
were often inferred indirectly, through surveys or self-
reported results, highlighting a need for more fine-grained
observational and log-based analyses in future work.

4.3 Affective Impact and Student Perceptions

Students’ emotional and perceptual responses to LLMs
were a recurring theme across the reviewed studies, high-
lighting both opportunities and limitations in integrating
generative Al into introductory programming education.
Across contexts, student perceptions encompassed dimen-
sions of comfort, motivation, engagement, trust, and per-
ceived utility, with variation driven by the role of the
LLM, interface design, and individual experience levels
[12, 13,6, 14, 8].

One consistent finding was that LLMs generally lowered
barriers to asking questions and seeking assistance. In stud-
ies of Al-driven tutors such as Iris [12], 92% of students
reported feeling comfortable asking questions without fear
of judgment, and 62% indicated they felt safe asking ques-
tions they might avoid with a human tutor. Similar trends
were observed in studies examining ChatGPT and Copilot,
where students appreciated the low-stakes environment for
trial-and-error experimentation, especially when encoun-
tering difficulty or uncertainty [6, 14, 8].

Engagement and motivation were moderately impacted
by LLM use. For instance, the Iris study reported that 60%
of students found interactions engaging, though motivation
effects were more neutral, suggesting that while LLMs may
enhance the interactive experience, they do not uniformly
increase drive to complete exercises [12]. When directly
applied to personalization, however, a majority of students
indicated that they enjoyed the LLM-generated program-
ming problems and considered them valuable for learning
[11, 10]. In line with this, students often perceived LLMs
as a complementary resource rather than a replacement for
instructors, valuing accessibility and immediate feedback
while still relying on traditional human support for concep-
tual understanding or high-stakes assessments [9, 13].

Students’ perceptions of reliance and usefulness were
nuanced. In several studies, a minority of students indi-
cated that LLMs made exercises easier, with 43% of partic-
ipants in the Iris study agreeing that tasks would be more
challenging without AT assistance. Conversely, many stu-
dents retained confidence in completing assessments with-
out LLM support, suggesting that perceived reliance and
utility may be task-dependent. When Al-generated outputs
conflicted with students’ understanding or were perceived
as inconsistent, frustration or decreased trust emerged, em-
phasizing the importance of guided usage and explicit scaf-
folding [12, 6, 8, 15, 13].

A subset of studies highlighted concerns regarding over-
reliance, equitable access, and risk awareness. Students
occasionally depended on LLMs for solution generation
without sufficient conceptual reflection, particularly when

engagement was unrestricted [8, 7, 14]. Survey and obser-
vation data also suggested potential inequities in benefit, as
students with minimal prior experience or lower engage-
ment reported lower perceived value from LLM interac-
tions. In addition, students demonstrated varying aware-
ness of Al limitations, underscoring the need for pedagog-
ical guidance on verification and critical evaluation of out-
puts [13, 10, 9].

Overall, the affective impact of LLMs in introductory
programming education appears largely positive, especially
in fostering comfort, low-stakes help-seeking, and engage-
ment with exercises. However, benefits are tempered by
variability in student experience, risk of developing su-
perficial understandings and dependence, and the need
for instructor-mediated guidance. Future work could ex-
plore strategies to maximize engagement and motivation
while mitigating over-reliance and promoting metacogni-
tive awareness of Al limitations.

5. Discussion

The findings of this survey suggest that the integration of
LLMs into introductory programming education produces
a complex dynamic between tool performance, students’
interaction strategies with those tools, and their affective
responses from engaging with them. Consistently, LLMs
demonstrated variable reliability and correctness, which
shaped the ways in which students approached problem-
solving and engagement with exercises. Notably, incon-
sistencies in output quality in conjunction with diversity
among students’ prior experiences and mental models of
both programming and LLMs often resulted in students
adopting a spectrum of strategies, ranging from passive ac-
ceptance of Al-generated code to active iterative prompt-
ing, verification, and refinement.

These patterns have clear implications for instructional
design. First, LLMs are most effective when embedded
within structured learning environments that provide ex-
plicit scaffolding, guidance on prompt design, and discus-
sions of model limitations. Second, the spectrum of ob-
served interactions underscores the importance of metacog-
nitive support and analysis: encouraging students to reflect
on Al outputs, compare them with personal reasoning, and
validate with other resources can reduce over-reliance and
improve depth of understanding. Third, affective responses
indicate that Al can lower barriers to help-seeking and pro-
mote engagement, but these benefits are not uniformly dis-
tributed across all learners.

Extending previous literature, this survey uniquely high-
lights the presence of model performance, students’ be-
havior, and their resulting affect as key dimensions within
the context of LLMs in introductory computer science.
Whereas earlier reviews primarily examined adoption pat-
terns or high-level benefits of generative Al [2, 1, 3, 4], this
work explicitly links observed student strategies to both
tool limitations and emotional responses, providing a more
nuanced understanding of how LLMs function as educa-



tional resources. Overall, the evidence reinforces the po-
sition that LLMs hold significant potential as supplemen-
tary tools, but their effectiveness is contingent on careful
integration, instructor oversight, and support for critical en-
gagement.

6. Limitations and Future Work

The rapid development of LLMs and related technology
imposes several limitations. Due to the number of stud-
ies in this field that have reached publication, in-depth sur-
veys may not capture all relevant studies or recent devel-
opments in LLM technology. Additionally, some of the in-
cluded studies focused on short-term, limited interventions
and featured small cohorts, limiting the ability to generalize
findings across institutions or student populations. More-
over, most studies relied on surveys and self-reported data
rather than detailed log analysis or longitudinal tracking.
In combination with short durations and limited participant
pools, this reliance restricts insights into long-term learning
outcomes and strategy evolution. Finally, given the rapid
advancement of LLMs, findings may be specific to the ca-
pabilities of the models studied (ChatGPT/GPT-3.5-4) and
may not be fully applicable to future iterations.

Future research should address these gaps through lon-
gitudinal and multi-institutional studies that examine how
student strategies, performance, and affective responses
evolve over time. Controlled experiments comparing dif-
ferent interaction paradigms—such as Al tutors, code gen-
erators, or debugging assistants, can clarify which applica-
tions produce the most effective learning outcomes. Ad-
ditionally, interface and instructional designs that explic-
itly incorporate verification and critical engagement should
be explored to maximize learning while minimizing over-
reliance. Equity-focused investigations are also needed
to understand how prior programming and LLM experi-
ence, access, and engagement shape students’ benefits from
LLMs. Finally, continuous evaluation of newer models and
deployment contexts will ensure that insights remain rele-
vant as generative Al continues to evolve.

7. Conclusion

This survey provides a focused synthesis of empirical stud-
ies on the use of LLMs in introductory programming ed-
ucation, examining tool performance, student interaction
strategies, and affective responses. Throughout the sur-
veyed literature, LLMs were found to support experimen-
tation, rapid feedback, and low-stakes help-seeking, but ex-
hibited inconsistent reliability, leading students to develop
a spectrum of strategies from passive acceptance to active
iterative prompting and verification. Affective outcomes
were generally positive or neutral along the lines of comfort
and engagement, though trust and perceived utility varied
depending on context.

The unique contribution of this work lies in linking per-
formance, behavioral, and affective dimensions within the

introductory programming education environment, provid-
ing actionable insights for educators, instructional design-
ers, and HCI researchers. LLMs hold significant potential
as supplementary educational tools, but their effective in-
tegration requires thoughtful design, guidance on Al limi-
tations, and support for metacognitive reflection and devel-
opment. By clarifying challenges and opportunities, this
review lays a foundation for future empirical work that
can guide the responsible adoption of generative Al in pro-
gramming education.
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Programmers Use and Experience ChatGPT when
Solving Programming Exercises in an Introductory
Course.

Andreas Scholl, Daniel Schiffner, and Natalie Kiesler.
Analyzing Chat Protocols of Novice Programmers
Solving Introductory Programming Tasks with Chat-
GPT.



Paper Source Students Assessment Type Duration
Nguyen et al. (2024) — | ACM Conference on 120 Code generation Single session
How Novices and Human Factors in
LLMs (Mis)read Each Computing Systems
Other [7]

58 (Pilot)

Prather et al. (2024) —
Interactions with
Prompt Problems [5]

ACM Conference on
Human Factors in
Computing Systems

202 (Follow-up)

Code generation

Two lab sessions

Prather et al. (2024) — ACM Transactions on 19 Programming exercise | 30 minutes
Usability of GitHub Computer-Human
Copilot for Novices [6] | Interaction
Jacobs et al. (2025) — ACM Innovation and 26 Solving personalized Tutorial session
Unlimited Practice Technology in tasks
Opportunities [10] Computer Science

Education
Scholl et al. (2024) — IEEE ASEE Frontiers 298 Programming exercises | Two weeks
Novice Use of in Education
ChatGPT [15] Conference
Logacheva et al. ACM Conference on 68 Programming Embedded in First 3
(2024) - Evaluating International Exercises Chapters of Course
Personalized Computing Education
Programming Research
Exercises [11]
Bassner et al. (2024) - ACM Innovation and 121 Programming Embedded Throughout
Al-driven Virtual Tutor | Technology in Exercises Course
[12] Computer Science

Education
Liu et al. (2024) - ACM Technical 7% (()?)u(;lﬁe;r) Course with Al Embedded Throughout
Teaching CS50 with AI | Symposium on Assistance Course
[9] Computer Science

Education
Penney et al. (2025) - ACM Global 20 Two 5-Minute 20 Minutes (Including
Understanding Computing Education Assessments 10-Minute Tutoring
Students’ Help Seeking | Conference Session)
Preferences [13]
Rahe and Maalej ACM Software 37 Programming Exercise | Task Completion or >
(2025) - How Do Engineering 20 Minutes

Programming Students
Use Generative AlI? [8]

Table 1: Overview of empirical studies included in this survey
(2024-2025)
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ABSTRACT

Ethics and virtues in many subjects can be difficult to
exhaustively define. Freemasonry and Artificial
Intelligence (Al) are both built on relevant ethical
frameworks that aim to govern each of these subjects
accordingly. Both Freemasonry and Al have well-
documented standards, constitutions, rules, regulations,
and edicts that define these frameworks. An investigation
was therefore conducted into how these two seemingly
disparate subjects’ frameworks intersect, and how those
items within the framework of the timeless and ancient
Freemasonry craft can be identified in the advanced and
contemporary world of AIl. A thorough analysis and
comparison of the principles of both Freemasonry and Al
took place through samples of work. Results revealed that
there is a lot more of an intersection between Freemasonry
principles in modern-day life than just that of Al. Since
Freemasonry was not established during the Industrial Age,
let alone the Digital Revolution, the transition into modern
Al contexts require meticulous, hermeneutical care. These
findings suggest that their principles can be viewed as
interchangeable. This ethical continuity between the
‘ancient craft’ and modern Al systems further suggests that
Freemason principles are not historical artifacts, but rather
persistent virtues that remain applicable across this
evolving sociotechnical landscape of the past, present, and
future.

KEY WORDS
Freemasonry, Artificial Intelligence, Ethics, Values,
Principles, Intersection

1. Introduction

Artificial Intelligence systems are evolving rapidly and are
being integrated largely into as many aspects of modern
life as possible, including sectors such as healthcare,
transportation, finance, energy, insurance, manufacturing,
pharmaceuticals, and retail according to [1]. As this
evolution and autonomy continues, there are great concerns
surrounding the ethical use of AI systems. Important
questions have been raised about bias and data privacy in
Al systems [2] regarding how they should be designed,
deployed, and governed. These questions and concerns
uncover a larger challenge of ensuring that these Al

systems are operating in ways that align with the well-
being of society and its expectations, and arguably certain
human values.

Many frameworks have been proposed, developed,
modified, and implemented that aim to guide the
responsible development of Al systems. Some of these
frameworks incorporate the basic principles of fairness,
transparency, and trustworthiness, but these focuses are on
contemporary technological concerns without the
consideration of much older, more traditional ethical
questions. Including these questions may provide further
insight into the responsibilities associated with artificially
intelligent systems.

Freemasonry represents an organization with such
traditional questions that emphasize the potential missing
piece for these guiding frameworks. Through allegory and
symbolic instruction drawn from the skills of the operative
stonemasons, Freemasonry promotes moral principles
seeking to guide individuals toward ethically acceptable
behavior. Freemasonry is built upon three tenets: Brotherly
Love, Relief, and Truth. These emphasize equality,
honesty, discipline, and the pursuit of knowledge. These
principles are further supported by the tools in
Freemasonry, namely, the square, the compasses, the level,
and the plumb. These tools reinforce the lessons concerned
with balance, integrity, and fairness.

The purpose of this paper is to examine how these tenets,
principles, and ancient Landmarks provide a significant
and meaningful perspective for interpreting modern Al
system ethics. Through the examination of the parallels
between the tenets of Freemasonry and the concerns in Al
ethics, this paper proposes a conceptual link between
traditional philosophy and modern Al ethical frameworks.
The contribution of this paper is, first, to demonstrate that
many ethical challenges in Al do reflect the moral
questions that continue to be addressed by philosophers for
centuries, and second, to provide a structured comparison
of the principles of Freemasonry and Al ethics. The latter
contribution highlights how the symbolic teachings may
reinforce the efforts to improve upon the development of
Al systems responsibly.



2. Body of Paper

2.1 Artificial Intelligence

Artificial Intelligence, otherwise more commonly known
as Al has gained an overwhelming amount of momentum
since the dawn of deep learning in 2011 according to [2],
the presentation of generative adversarial networks
(GANSs) in 2014 mentioned in [3], and the introduction of
transformer architecture in 2017 from [4].

[2] and [5] define Al as systems that perform tasks humans
normally associate with human intelligence by thinking
and acting rationally. [2] believes that this rationality can
be combined with human behavior and divided into four
arrangements: thinking humanly, acting humanly, thinking
rationally, and acting rationally. “It is impossible to
anticipate all the ways in which a machine pursuing a fixed
objective might misbehave.” With this quote by [2], it is
clear that achieving all four combinations is a challenging
task, as each one will have specific goals and aims.

Al is a blanketing term for the many different subfields
associated with it, including, but not limited to, natural
language processing (NLP), robotics, computer vision, and
generative Al. With such a wide range of subfields
pertaining to Al it is no surprise that a wide range of tasks
can be performed with tools that incorporate Al. IBM
partitions Al use cases into four categories in [1] (see figure
1): customer-facing Al use cases, creative Al use cases,
industry Al use cases, and technical Al use cases.

Customer-facing Al use cases show the interactions
between customers/clients, and Al-integrated products
including customer service, customer experience, cross-
selling and up-selling, personal assistance, and
streamlining human resources tasks. Creative Al use cases
go beyond the text-Al crossover, and include recognition,
creation and generations of text, images, videos, sounds,
code, and other visual inputs through generative Al and
computer vision. Industry Al use cases show the different
sectors that Al has reached including automotive,
education, finance, healthcare, insurance, manufacturing,
pharmaceuticals, transportation, and retail. Finally,
technical AI use cases highlight the streamlining of
operations and the under-the-hood tasks aiming to boost
performance, automate tasks, strengthen security,
effectively equip internal departments, and predictive
analytics.

Figure 1: IBM AI use cases
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With all these sectors and all these companies adopting Al
tools for the aforementioned purposes, innovation and
evolution, with the use of these tools, has the potential to
shift into unethical and unlawful regions. Certain potential
dilemmas may call for experts who are not only well-
versed in ethical theories, but who are also capable of
applying them to the relevant fields, thereby establishing
each of these specific, professional fields as a now
interdisciplinary field.

2.2 Al Ethics

Society now calls for stronger standards from an ethical
perspective to guide the overt technological revolution
driven by Al technologies and tools according to [6]. The
challenges of developing, deploying, and maintaining Al
tools can be addressed by beginning this process
immediately with Al ethics in mind. Before deciding upon
what basis Al ethics should be established, it is important
to define ethics itself.

In [7], George Reynolds defines ethics as a group-defined
code of behavior for what is acceptable and unacceptable
to which an individual belongs. It is also associated with
moral philosophy, in other words, concerned with what
people should and should not do. Ethics extend beyond the
morals of a single person, since morals can be defined as
personal principles one uses to determine what is right and
what is wrong [7]. Standford University conducted a study
on Al called the One Hundred Year Study on Al (also
known as AI100). In their 2018 and 2019 reports, under
‘Sentiment” mentioned in [2], it was found the most
common issues were ethical issues, particularly algorithm
bias and data privacy. Thus, by deduction, the aim of Al
ethics should then be to improve data privacy, mitigate
algorithm bias, and ensure transparency throughout the
process.



In [8], bias is defined as the unfair favoring of, or
opposition to, a person or group over others, often resulting
in disadvantages to those unfavored people or groups. If
the aim is to mitigate bias, then it is to mitigate this unfair
favoring. In other words, the aim is to enhance
unbiasedness in Al. Unbiasedness is synonymous with
fairness, and according to [2], fairness can be partitioned
into six common domains: individual fairness, group
fairness, fairness through unawareness, equal outcome,
equal opportunity, and equal impact.

Individual fairness narrows the idea of fairness down to a
single unit, being that fairness applies to individuals. This
is the idea that, regardless of class, all individuals are
treated in an analogous way. Inflating the population size,
group fairness encompasses more than one class and how
they are each treated. Fairness through unawareness is an
implied fair treatment based on the removal of certain
identifiable attributes. Equal outcomes, as the name
suggests, looks to produce the same results regardless of
class. Equal opportunity looks at the balance of this idea of
fairness, potentially leading to unequal outcomes even
though bias is being ignored due to the way training data
may be processed. Finally, equal impact considers both the
benefits and the costs of true and false predictions,
respectively. This goes beyond equal opportunities since
the consideration of both results is a realistic
acknowledgment of many processes from the same training
data.

The fourth Amendment of the United States Constitution
protects American citizens when there is a “reasonable
expectation of privacy” according to [7]. Privacy in Al
systems is a major concern since Al systems use enormous
amounts of data in training and improving models. With
the versatility of Al systems, particularly that of user input
seen mostly in Al chatbots, users are not limited to the
ways in which information can be placed into these
systems. If the information that is entered into Al systems
is not handled responsibly, the potential for misusing the
information increases, and this could cause severe
consequences if the information is sensitive. This can be
confidential or private information, for example, trade
secrets of a company, or personally identifiable
information (PII) respectively.

Correspondingly, companies and Al systems gathering
information must handle all incoming information
responsibly. If this fails, the integrity of the information
could be compromised or leaked, exposing information,
including any sensitive information, to unauthorized
parties. This introduces a large element of trust into our
ethical concerns. Two ways to ensure Al systems are, in
fact, safe, fair, and private, is to go through a verification
and validation process [2]. To verify an item means to have
an Al system meeting specifications, while validation
means to ensure that the specifications meet the needs of
the users. Another aspect of trust is transparency.

It is far easier for users to place their trust in things when
said things are transparent, or extremely convenient. Al
systems have the potential to be both. The former is seen
through privacy policies, how certain systems assist users,
and how they work with a user to achieve their goals. The
latter can be seen when intellectual property is concerned
since many aspects pertaining to the success of these
revolutionary Al tools for a company may be kept hidden
from consumers. With both views present, Al system
developers must balance these items so that users are seen
wanting to use the system, while the company
simultaneously does not compromise the functionality of
the system that contributes to its success.

Ideally, each of the fairness domains, as well as privacy and
trust, would all be accounted for which would alleviate the
bias in an Al system, however, this is not possible,
particularly concerning equal opportunity fairness and
having a well-calibrated system [2]. A well-calibrated
system is one in which all individuals are given similar
results regardless of external classes. This then raises the
question on how systems can be built to include fairness.
The answer to this question would be to implement best
practice techniques while designing and implementing the
systems. Some best practices may include considering
fairness (and other essential Al ethical items) from the
beginning, as mentioned before, as well as, including a
wide range of testing methods of the system to
accommodate smaller minority groups, explicitly defining
the classes and groups that the system will accommodate,
and tracking the metrics of the system in general, and that
of the different groups in particular. Regardless of the
number of best practices implemented into these systems,
all training data in Al systems originate from some source,
and since all sources cannot and do not contain exclusively
objective data, no Al system is completely impartial and
unbiased.

2.3 Freemasonry

Freemasonry, or more simply, Masonry, is the oldest and
most popular fraternal organization in the world. This
fraternity of gentlemen is bound together by obligations
and their words of integrity [9]. Freemasonry beliefs can be
narrowed down to three tenets, namely, brotherly love,
relief, and truth. Brotherly love is the respect, camaraderie
and love for each other as well as all of mankind. Relief is
providing charity to others, especially those in need, as
well as the mutual aid and assistance for fellow
Freemasons, or Masons. Truth is the continuous search for
knowledge, often for the answers to many philosophical
and universal questions of morality, which can include
salvation of one’s soul that only one’s faith and
relationship with their belief in their Supreme Being can
provide. An extremely popular saying and basic idea of this
fraternity is to simply “make good men better.”



In addition to the three tenets of Freemasonry, the fraternity
also strives to improve on education, social responsibility,
political neutrality, and equality among all its members.

The education associated with Masonry focuses on a
system of morality, and brotherhood of its members under
the fatherhood of a Supreme Being. The teachings use
symbols and presentations through allegory and
interpretation. With these teachings, it falls upon each
member of the fraternity to become well-versed in the
knowledge presented to them as far as they see fit to learn
and understand. Unlike grade schools and university
programs, there is no definitive milestone every Freemason
must reach in order to be able to call themselves a
‘Freemason’ besides the basic knowledge needed for a new
member to advance through the three rituals, or degrees,
when they first become a Freemason. Simply put, these
three degrees each play an important role in the allegory of
a man becoming a Mason further skilled in his work, which
relate to that of the stonemason guilds, where a stonemason
took time to learn the skills of the craft and then advanced
to a new skill level.

Freemasonry charges its members to be true, loyal, and
law-abiding citizens in the country that they live in.
Members owe their allegiance to their country and are to
be obedient to the laws of the state that they may reside in
at any time. With that being said, Masonry also rejects any
suppression of basic human rights, any suppression of
human dignity and any suppression of free exercise of
religion, as well as rejecting dictatorship and tyranny [9].

Politics and religion are two topics that are forbidden to be
discussed in Masonic meetings. These topics are, and have
often been, the root of personal conflicts and disagreements
in a Masonic meeting place, or lodge. Any conflicts or
disagreements suffered between members defiles brotherly
love, which is one of the three tenets of the fraternity.

To ensure equality of its members, Masonry disregards all
monies and valuables that could be seen as superior wealth,
status, or outward appearance compared to others. For
centuries, Freemasons have come from many different
walks of life, through many career paths, and different
socioeconomic backgrounds, including, but not limited to,
kings, princes, factory workers, lawyers, gardeners,
doctors, and fast-food employees. A member’s
background, wealth and line of work is not what makes
them a Freemason, rather their individual judgement and
uprightness of character.

There are certain requirements that need to be met in order
for a person to become a Freemason [10]. A person must
be a man, seeking to join the fraternity of his own free will
and accord, be at least 18 years of age, highly vouched for
by at least two existing Freemasons, and have a belief in a
Supreme Being. This term “Supreme Being,” having been
mentioned already, has been phrased this way for a
significant purpose. Freemasonry does not limit

membership to a single religion, but it does require a
religion that does believe that there is a singular higher
power. This is where this requirement ends. After this
requirement, a man’s personal beliefs remain as the name
suggests: personal, and no religious precept is forced upon
anyone hereafter.

Masonry has concrete, written documentation dating back
to the establishment of the first Grand Lodge of England in
1717, and other records suggest that they date back even
further [9]. A Grand Lodge is the governing body of a
particular jurisdiction under whose authority all other
subordinate lodges in that jurisdiction preside. Many
countries around the world have a Grand Lodge governing
the jurisdiction of the entire country, but in the United
States, each state is governed by its own Grand Lodge.

The narratological origins of Freemasonry trace back to the
building of the Temple of King Solomon in Jerusalem
around 1000 B.C. The more accepted and historic origins
date back to the stonemason guilds that formed in Europe
during the Middle Ages [9]. The earliest English records
claim that a guild of Masons was organized in York,
England in 926 A.D. by Athelstan, the first King of Saxons
and Angles at Kingston-upon-Thames [11]. As this
fraternity was originally a craft guild, Freemasonry is often
referred to as the Craft. During the 18" century, Masonry
underwent a progressive change regarding admittance into
the fraternity. Before this time, the members were referred
to as operative Masons [12], since they truly did work with
the tools to erect structures. As the 18" century progressed,
more “gentlemen” members were being accepted into the
fraternity. Since they had no prior operative knowledge of
the Craft, but had been admitted to the fraternity, they
became known as speculative Masons, and they adopted
many of the working tools of the Craft, including the square
and the compasses, which remain the identifying symbol
of Freemasons today (see figure 2).

Figure 2: Basic Freemasonry Logo
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2.4 Freemasonry Ethics

Unlike the ethics associated with Al society is not actively
calling for stronger standards where Freemasonry ethics is
concerned. Instead, [12] says Freemasonry ethics have
existed from time immemorial and have been compared to
“natural law” in that they have never been legislated into
existence but rather discovered and then adopted. These
ethics also cannot be created nor annihilated. Almost all
Grand Lodges around the world aim to observe and follow
what are known as “Ancient Landmarks.” Unlike the
modern meaning, a Landmark in Freemasonry, defined by
[12], is said to be “a distinctive characteristic of the
fraternity established at a very early date in its history and,
in a measure, set the Order apart and separates it from all
other societies.” A sum of these characteristics constitutes
what is referred to as the “Body of Masonry.”

In addition to the three tenets of Freemasonry, Dr. Albert
G. Mackey, a 17" century doctor, an illustrious Masonic
authority, and an author best known for his books and
articles about Freemasonry, compiled a list of twenty-five
distinct characteristics which, in his opinion, constitute the
“Body of Masonry.” The characteristics he defined are as
follows:

[.The modes of recognition, for instance, the signs, grips
and words

II.The division of Symbolic Masonry into three degrees.

II1.The legend of the third degree.

IV.The government of the fraternity by a presiding
officer, called a Grand Master, clected from the body
of the Craft.

V.The prerogative of the Grand Master to preside over
every assembly of the Craft wheresoever and
whensoever held.

VIL.The prerogative of the Grand Master to grant
dispensations for conferring degrees at irregular times.

VIL.The prerogative of the Grand Master to grant
dispensations for opening and holding lodges.

VIIIL.The prerogative of the Grand Master to make Masons
at sight.

IX.The necessity for Masons to congregate in lodges.

X.The government of every lodge by a Master and two
Wardens.

XI.The necessity for every lodge, when congregated, to
be duly tiled.

XII.The right of every Mason to be represented in all
general meetings of the Craft and to instruct his
representative.

XIII.The right of every Mason to appeal from the decision
of his brethren in lodge convened to the Grand Lodge
or general assembly of Masons.

XIV.The right of every Mason to visit and sit in any regular
lodge.

XV.That no Mason, not known to some brother present as
such, can enter a lodge without undergoing an
examination.

XVI.That no lodge can interfere with the business or labors
of any other lodge.

XVILThat every Freemason is amenable to the laws and
regulations of the Masonic jurisdiction in which he
resides.

XVIIL.That every candidate for initiation must be a man,
freeborn, and of lawful age.

XIX.That every Mason must believe in the existence of
God, or the Supreme Architect of the Universe.

XX.That every Mason must believe in a resurrection to a
future life.

XXI.That a Book of the Law of God must form an
indispensable part of the furniture of every lodge.

XXII.That all men in the sight of God are equal and meet in
lodge on one common level.

XXIII.That Freemasonry is a secret society, in possession of
secrets that cannot be divulged.

XXIV.That Freemasonry consists of a speculative society
founded upon an operative art.

XXV.That these Landmarks can never be changed.

Upon analyzing the “Body of Masonry,” many of the
Landmarks of the fraternity originate from, and show
similarity to, the operative stonemason guilds.
Additionally, many of the Landmarks can be seen in many
places in everyday life today through interpretation and
symbolism. [9] defines a symbol as “an object or design or
other material object that stands in for something abstract
or even invisible.” Freemasonry, its tenets, Landmarks, and
teachings are abundant with symbolism, with some
symbols having more relevance to modern life in general,
and to Al in particular. Some of these relevant symbols in
[9] and [12] that seem disparate but are applicable to Al
today would be The Number Three, King Solomon’s
temple, Square and Compasses, The 47" Problem of Euclid
(the Pythagorean Theorem), the Level, and the Plumb.

The number three has been a significant number for
thousands of years both within and outside of
Freemasonry. Often, this number is associated with
completeness. In Freemasonry, which is also applicable to
life in general, the number ‘three’ symbolizes the ongoing
search for perfection. There are also three degrees, three
elected line officers in a lodge, and three principal tenets in
Freemasonry. Aristotle believed that the number three
symbolized the Supreme Being since the number three
contains the first two numbers (through addition), and it
implies a beginning, a middle, and an end. Other
interpretations include the three stages of life — youth,
adulthood, maturity, in some cultures it represents the
father, mother, and child, and in Christianity, it represents
the Father, the Son, and the Holy Spirit.

King Solomon’s Temple symbolizes the individual Mason
and the great journey he travels to build a suitable temple
(being his own body) worthy for God to inhabit. This is
similar to how the ancient operative Masons erected King
Solomon’s Temple, as such a place for God to inhabit took
time to plan, prepare and complete (see figure 3). This was



also the resting place of the Ark of the Covenant. The goal
of a builder is perfecting the workmanship, often overtime.
At the time of the Temple’s completion, many viewers
came from far places to gaze upon the magnificent
structure. When it was destroyed, the memory of the
Temple in all its awe and glory remained. Like the Temple,
as speculative Masons construct their personal temple over
time, Masons strive for perfection in building themselves
too. After a Mason has passed on, the memory of them lives
on through their loved ones, just as the memory of the
Temple lives on.

Figure 3: King Solomon's Temple Depiction

The Square and Compasses, which represent the Masonic
symbol to this day, accompanied by the letter ‘G,’ are two
working tools in operative Masonry. The square (see figure
4) is known for builders to square their work correctly, but
Masonic teachings reveal that it is used symbolically to
uphold the ideas of equality by governing all actions
correctly towards others. It is also the jewel worn by the
leader, or Worshipful Master, of a lodge. This elected
officer presides over the lodge, like a chairperson, or
president. They are elected to serve for a full year
beginning on December 27" each year at noon, otherwise
known as St. John the Evangelist’s Day. The compasses
(see figure 5), often used in its plural version in Masonry,
allows operative Masons to draw parallels and perfect
circles. Masonic teachings show that a man represents one
point and those within his life are the other point which is
drawn around him. The Freemason is to apply the tenets of
brotherly love, relief and truth to those with whom he
comes into contact throughout his life.

Figure 4: A Simple Square Tool in Masonry

Figure 5: Simple Compasses in Masonry

The 47" Problem of Euclid (see figure 6), or Pythagorean
Theorem, is a popular equation today in mathematics, and
the most useful equation in the building trade. It can be
used for navigation, astronomy, and determining if rooms
and foundations were square. It also allows the
construction of a perfect right-angled triangle. In other
words, it “squares your square when it loses its square.” In
Freemasonry, it teaches realignment to the virtues taught
within the fraternity and it is often associated with a Mason
who has served as the Worshipful Master of a lodge. Once
the Worshipful Master’s one-year term ends, this Mason is
then a Past Master. The term “Worshipful” has no relation
to being worshipped. It is an old English honorific that
means “respected.” These Past Masters aim to realign their
way within the lodge and amongst other members after
serving as the Worshipful Master and impart their
knowledge to other Masons.



Figure 6: Euclid's 47th Problem Diagram

The Level (see figure 7) is a tool used by operative
Masons similar to the plumb, but this tool measures
horizontals instead of perpendiculars. Speculative Masons
are taught that they are to meet all fellow Masons, and
others in life, on the same level, reenforcing the idea of
equality. The level is the jewel worn by one of the three
elected officers in the lodge. It is worn by the Senior
Warden. In the absence of the Worshipful Master, the
care of the lodge falls to this elected officer’s station.

Figure 7: The Level Tool in Masonry

The plumb (see figure 8) is a tool used by operative
Masons to test if a wall or surface is level, often by
measuring perpendiculars. Speculative Masons are taught
to use the plumb to symbolize an uprightness of behavior
when collaborating with others in life, as well as while
fulfilling their duty to God. The plumb is also a jewel
worn by one of the three elected officers in the lodge. It is
worn by the Junior Warden. In the absence of the
Worshipful Master and the Senior Warden, the care of the
lodge falls to this elected officer’s station. This symbol of
rectitude within the plumb is often associated with the
scales of justice since this also ensures balance.

Figure 8: The Plumb Tool in Masonry

As speculative Masonry continues to use these tools of the
operative Masons that came before them, the lessons and
teachings of said tools in Freemasonry remain as the firm
foundation for all Masons to revert to. Through a
hermeneutical approach of these tools and tenets,
combined with a translation of the ancient Landmarks of
Freemasonry, it is possible to see how these items charged
to Masons can be applied to Al systems today.

2.5 Mapping Masonic Virtues to Al Ethics

The disparity between Freemasonry and its associated
ethics and values, and Artificial Intelligence systems and
their own ethical frameworks is significant since the former
has writings tracing back to the early 18" century, while
the latter only surfaced less than 90 years ago [2].
Regardless of the timelines, each resemble and require
long-standing ethical traditions that emphasize justice,
responsibility, and truth. Not all characteristics defined in
the “Body of Masonry” are relevant to Al systems, or
technology at all, but for the few ancient Landmarks that
are relevant (take note of Landmarks II, IV, IX, X, XIV,
XXIV, and especially XI regarding security), the
connections of these Landmarks to items in Al systems
become clear and, to an extent, obvious when examined
with a clear understanding of the underlying principles.

Freemasonry uses its teachings and virtues to guide
Masons, both operative and speculative, towards the
correct conduct found within the Craft. These teachings
and virtues are not exclusively intended for Freemasons,
since any rational person may adopt a variation of the
teachings of Freemasonry and act in accordance with their
expectations of all mankind. These teachings and virtues
extend even further beyond non-Masons. When examined
in the context of more modern and technology-driven
systems, these same teachings and virtues provide a
valuable foundation for interpreting how the ethics, values
and guiding principles of Al systems should be structured.

The goal is to not suggest that Artificial Intelligence is a
direct byproduct of Freemasonry, but to instead



demonstrate that these timeless traditions and ancient
Landmarks of the fraternity are still relevant to
contemporary technological challenges, like defining Al
systems’ guiding principles. Using the tenets, ethics,
teachings and virtues of Masonry, it is possible to link these
to items within an Al framework and identify parallels
between them.

Brotherly love is the first tenet of Freemasonry. This
principle aligns closely to a central concern of Al ethics
seen in [2], being fairness and bias mitigation. In this new
context, ‘fairness’ can be understood as the technological
equivalent of Brotherly Love. Through the symbolism of
the working tool, the level, Masonic teachings encourage
the good treatment of others and that all individuals are on
the same moral level. Similarly, Al system developers can
ensure that the systems that they create operate with this
same level principle resulting in the equal treatment of its
users operating on moral grounds, while simultaneously
avoiding unintentional and unjust bias as much as possible.
Many techniques already exist that aim to promote this
equal treatment, including the presence of bias detection
subsystems, diverse metrics to accommodate fairness, as
well as diverse training data reflecting a larger population
size, thus mitigating bias and improving fairness.

Relief is the second tenet of Freemasonry. This principle
stresses the importance of one using their knowledge and
resources to improve the general well-being of society, if
this is within their power to do so, and it not being
financially, physically, mentally, etc. detrimental to
themselves. This idea of relief, or charity, is not limited to
charitable acts or donations. This extends beyond this to
include social responsibility and engagement within the
community. This should reflect exactly in Al ethics since
Al systems should promote the well-being of society as
well. There have been many ground-breaking discoveries
and uses for Al seen in [1]. These key discoveries and uses
were realized with the idea of human welfare in mind, and
for this to continue, this principle must remain at the
forefront of Al developers’ minds to better serve society,
rather than just that of maximizing profits. Developers
must also consider the impacts of these technologies on
communities and if they really are contributing positively
to them. Potential pitfalls arise when responsibility and
protection are neglected. If data and personally identifiable
information are not handled correctly, these tools become
harmful to society, thus a balance must be struck between
what Al tools offer and what they use throughout their
processes. This balance can be obtained from the teachings
using the plumb in Freemasonry, as this represents
uprightness and moral rectitude. These teachings speak
directly to Al system implementation by reminding
developers that innovation must still align with ethical
standards and prioritize the well-being of society.

Truth is the third tenet of Freemasonry. This principle,
naturally, upholds honesty, the pursuit of new and further
knowledge on one’s journey through life, and intellectual

integrity. Truth for a Freemason is not only a moral virtue,
but also the guide to how one seeks further understanding
and their personal development. A comparable ethical item
concerning Al systems would be the need for transparency
of the system for the user, and trust in the system by said
user, again, as far as it is not financially, physically,
mentally, etc. detrimental to the developers or company of
the Al systems. Evidently, this can be quite difficult if
certain computational processes, algorithms, and other
trade secrets essential to the success of a company are not
known. The lack of transparency, or lack of complete truth,
from a company can undermine users’ confidence in the
system and raise concerns about the aspect of
accountability for the system regarding input and data kept,
as well as results and potential biases that may appear. It is
for these reasons that Al ethics prioritizes transparency as
far as companies can provide to maximize user trust in their
systems.

Other notable mentions of trust can be seen in Al systems
through detailed documentation and well-explained
procedures of reaching results and decisions. Additionally,
validation and verification processes aid in the reassurance
of models operating as they should to users. Similar to the
way the knowledge a Freemason seeks can be validated
and verified by more experienced members of the
fraternity, so can the behaviors of Al systems, ultimately
contributing to increased system credibility. The
symbolism linked here can be found in the logo, or two
most recognizable symbols of Freemasonry, the square and
the compasses. Respectively, these working tools teach
alignment or the regulation of your behavior in all
situations, and acting with integrity, or being disciplined
and honest in what you say and do. From a technological
perspective, the symbolism teaches constraints within Al
systems so that they remain aligned with the well-being of
society and human values.

Beyond the three tenets of Freemasonry, other symbols
demonstrate equally important parallels required for the
success of Al system development. These additional
symbols are found in The Number Three, King Solomon’s
Temple, and Euclid’s 47" Problem.

As mentioned, the number three represents completeness.
The three tenets of Freemasonry are included in this with
each of its symbolic links to Al systems. The completeness
of an Al system operating flawlessly from start to finish
(gathering data to producing results) with all of the
appropriate and necessary guidelines for an ethically
profound system can also be linked to this symbol.

The development of these Al systems, including the design
and implementation of responsibility can be viewed as
impressive intellectual architecture, similar to that of the
construction of King Solomon’s Temple. The construction
of both structures requires precise planning, careful and
purposeful designs, strong reasonings and strong
foundations, ethically and physically.



Finally, it would be remiss to not mention some kind of
mathematical symbolism between Freemasonry and Al
systems. Symbolically, the 47" Problem of Euclid
represents the importance of Geometry in Freemasonry, in
life in general, and in Al systems in particular. This
Problem also emphasizes the importance of rational
understanding. The obvious link here is that Al systems
rely heavily on mathematical models and algorithms to
handle the large amounts of data, through analysis and
standardization, and to produce results and decisions based
on these logical and analytical instructions.

The teachings and symbolism studied in Freemasonry give
an unexpected, but valuable framework for understanding
ethical principles that are required in Al systems. The
timeless tenets align closely with contemporary issues
regarding fairness and bias, and transparency and trust in
these Al systems. Although the inception of these tenets
and ancient Landmarks kept tradition in mind and not
technology, they still remain remarkably relevant in the Al
digital age. It is important to note that developers and Al
researchers can gain important insight on the direction of
their technologies and associated ethical frameworks by
recognizing certain parallels between them and timeless
values.

3. Conclusion
The ethical issues associated with Artificial Intelligence

continue to grow and surface with the growth and arrival
of newer, more complex systems. This paper explores the

foundations of responsible Al ethics through an
unconventional, but valuable means of examining certain
parallels between Freemason tenets and contemporary Al
ethical concerns. The tenets of Freemasonry being
brotherly love, relief, and truth, and the ethical concerns of
Al being fairness and bias, transparency, and trust.

Advantages of this paper include a thorough demonstration
of how Al ethical concerns are not new but include a
plethora of moral questions that have continued to be asked
for centuries by Masons. The emphasis on equality and
social responsibility by Freemasons show the useful
structure that can be used to interpret current ethical issues,
such as bias, and irresponsible data usage. Symbolically,
the working tools used in Freemasonry, along with the
teachings and allegory, offer metaphorical representations
of discipline and honesty through alignment, fairness and
equality, and balance. All of these items are reflections in
many of the modern ethical principles highly
recommended in Al frameworks. Seeing our evolving Al
systems through the eyes of Freemasons reinforces the
importance of ethics and responsibility in technological
development.

Even with these advantages, some limitations must be
acknowledged. The comparison between a timeless
fraternity’s tenets and modern, innovative systems is
abstract, rather than being pragmatic. This does not,
therefore, provide immediate quantitative evidence that
Freemason teachings and virtues can be easily and
systematically implemented into Al system frameworks. In
addition to this, Freemasonry does not have a monopoly on
philosophical traditions emphasizing moral conduct, so the
study of their tenets is not exclusive nor exhaustive. Future

Table 1: the Comparison between the Principles of Freemasonry, the Ethical Equivalent, and the Role it plays in the AI System

Masonic Al Ethics Equivalent Al System
Tenet/Principle
Brotherly Love Equal, unbiased treatment of users o Including diverse metric sources
o Ensuring neutrality with decisions and responses
Relief e Promote the well-being of society | ¢ Handling data and personally identifiable information
¢ Consider impacts on society correctly.
o Ensuring innovation and design still align with the well-
being of society
Truth o Honesty e Systems are truthful about what it does with data
o Transparency e Ensuring model functionality are obvious as much as
o Trust possible
¢ Ensuring users trust the systems through validation and
verification methods.
The Number 3 A Complete and detailed framework | A complete system from start to finish (accepting input/data
for ethical and responsible use to producing results)
King Solomon’s High Importance placed on detailed Architecture and Structure of models and algorithms
Temple planning and design
Euclid’s 47 Rational understanding Mathematical models & algorithms used
Problem




work could expand these comparisons by introducing other
traditions, as well as developing a more formal framework
that can quantitatively translate these tenets and principles
into designs for ethical guidelines.

Nevertheless, the mapping in this paper suggests that there
are many potential applications for this translation already.
The derivatives of Freemason ethics can provide many
different perspectives for guiding Al framework
development, as well as responsible system design. By
recognizing these older, moral questions, new insights for
structuring ethical frameworks can support responsible
development of artificially intelligent systems.

Ultimately, as Artificial Intelligence continues to evolve,
one of the highest priorities is to ensure that these systems
operate in fair, unbiased ways that are transparent,
trustworthy, and beneficial to society. Linking and
integrating insights from timeless and ancient Landmarks
may bode well in strengthening the ethical foundations
upon which Al is, and will continue to be, built.
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ABSTRACT

With the rise in Large Language Models (LLMs)
being used for recommender systems, there has
been an increased effort to examine their many
biases. Position bias is one of these many biases,
which is when a model can be sensitive to the
order in which the candidates to be recommended
are presented, which will affect the overall
ranking results. After creating an LLM
recommender system in the form of a fashion
stylist, we have examined the stylist to determine
to what extent it is affected by the position of the
candidates.
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1. Introduction

With the rise of large language models, they have
been used increasingly in recommender systems.
As these recommender systems have gained more
popularity, there has been an increased effort to
examine their many biases, one of which is
position bias. Bito, E., Ren, Y., and He, E. define
position bias as: Large Language Models'
(LLMs’) tendency to rely on the order of
candidates in the input rather than their actual
relevance to the prompt given [1], [2]. As position
bias has been increasingly studied, studies have
found that LLMs prioritize the candidates at the
top of the list [3].

With position bias being very prevalent within
LLM recommender  systems, we decided
to evaluate our Al fashion stylist for position bias.
The AI stylist isa LLM recommender system
utilizing LLMs zero shot capabilities. The LLMs
are given a system prompt to act as a highly
trained personal stylist. It is then asked to
recommend different outfits based on event-
based parameters such as the event itself, the
formality, the weather, and the city in which the
event is based. These outfits are made from an
imported closet which is made up of descriptions
of the different clothing items. These descriptions
are generated based on images of the clothing
items using the 27 billion parameter variant of the
multimodal LLM Gemma 3 [4] and include color,
season, style, fabric, cut, and occasion. The
models used for the AI stylist are easily

interchangeable for any Ollama LLM. Through
the Al stylist, we will examine the extent to which
Gemma 3 and gpt-oss [5] are affected by position
bias.

2. Related Works

Position Bias is a well explored problem in the
context of Large Language Models. Liu et al. [2]
demonstrated that models tend to have trouble
referencing information in the middle of their
context  windows, heavily = emphasizing
information that appears in the beginning or end
of their context windows. This idea of position
sensitivity was also explored by Wang et al. [6]
who demonstrated that the bias was strong enough
that LLM based evaluation systems could be
hacked via altering the order in which the
information appears.

Despite the fact that Position Bias is a real
problem when using LLMs for recommendations,
they have been widely used in the literature for
various recommender systems, and have been
demonstrated to work sufficiently well, even with
the inherent limitations. Some examples of this
can be seen in the Lin et al. [7] and Zhao et al. [8]
surveys that contextualize some of the
methodologies used to perform this task.
Specifically, wusing LLM’s as fashion
recommender is also a relatively well explored
problem, with work by Liu et al. [9] representing
one highlighted example, and Deldjoo et al. [10]
offering a broader survey.

3. Experiment

The goal of our experiment was to determine if
the Al Stylist's choice in recommending clothing
items was affected by the position of the clothing
items in the list. For this experiment, we used
Ollama's large language and vision [4] [5]from
OpenAl

First, we came up with a prompt for what kind of
event, weather, location, and formality the Al
Stylist would be styling outfits for. The situation
was: going out for coffee with friends, trying to
look stylish while still being mostly casual. The
location was Pittsburgh, PA, and the weather was
30 degrees Fahrenheit and windy. Then, we
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Figure 1: Gemma 3 Control Case
Results from Gemma 3 when object order was not shuffled.

generated 10 similar-sounding prompts, with the
Gemma 3 model containing the same key
information.

Then, based on that prompt, we compiled a closet
of 16 items, which were then converted from
images into Al-generated text descriptions using
the Gemma 3 model. The text descriptions of the
items, including cut, color, season, occasion, and
a unique item id. 14 of the 16 clothing items were
very suitable for the cold weather and formality
expected, while the other two were clothing items
that were suited for warmer weather. These two
items were denim shorts, which have the item id

"denim_short 001", and a tank top, "top-ribbed-
squareneck-goldtrim-001".

To start examining the position bias in Al Stylist,
we first had to adjust the system prompt, so that
the model would produce the chosen items in a
JSON file format instead of normal text. This
ensured that chosen items could be analyzed more
casily as data points. The Al Stylist picks 2 to 4
clothing items, enough to make a full outfit each
time it is prompted. For easy of analyzing we have
decided to separate these groups of clothing items
into induvial data points.

From there, we created the control case for testing
for position bias. First, the AI-Stylist would be fed

Shuffled Case gemma3:27b: Position vs Total Number of Iltems Picked in Each Position
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Figure 2: Gemma 3 Shuffled Case

Results from Gemma 3 when the order in which objects appear in the closet are shuffled before each run.
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Figure 3: gpt-oss Control Case

Results on gpt-oss when the data was not shuftled.

the system prompt that describes how to be a
fashion stylist and how to format the output into a
JSON file. The Stylist is then fed the JSON file
containing a list of all the clothing items and their
descriptions, and one of the 10 different prompts.
The 10 different prompts ensure that the Stylist
picks clothing items based on the parameters of
event, location, weather, and formality, and not
based on the prompt being the same wording.
Then, the Stylist outputs the items chosen in the
JSON file format. , an order number is appended
to the clothing item based on the position it is in
the closet. Then the output is appended to a list
used to store all the chosen items. This series of
steps was then repeated 4000 times, and the list of
the chosen items are exported into a JSON file.

Next, we created the shuffled case, which purpose
was to show if the AI Stylist was affected by
position bias. The beginning of the shuffled case
starts similarly to the control case, with the system
prompt being sent to the Al-Stylist. Then, a copy
of the closet JSON file is made and is shuffled.
The shuffled closet is sent to the Stylist, along
with one of the 10 prompts. After receiving the
prompts and closet, the Stylist outputs the items
chosen in the JSON file format. Then, an order
number is appended to the clothing item based on
the position it is in the shuffled closet. After the
output is appended to a list used to store all the

gpt-oss: Position vs Total Number of Iltems Picked in Each Position
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Figure 4: gpt-oss Shuffled Case

Results from gpt-oss when the order in which objects appear in the closet are shuffled before each run.
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Figure 5: Gemma 3 Denim Shorts
This chart looks at the frequency at which Gemma 3, chose Denim shorts as part of the outfit, this is an inappropriate choice based on
the prompt, which indicates a cold day.

chosen items. This series of steps was then
repeated 4000 times, and the list of all the chosen
items is exported into a JSON file.

Using the methods described above, we tested
Ollama's large language models, Gemma 3 and
gpt-oss. After examining the data, we found that
both models had a significant position bias,
favoring candidates towards the front of the list.

4. Results

When using the Gemma 3 as the Al Stylist, the
model chose 9,910 items in the control case and
10,327 items in the shuffled case. In the control
case, the model did not alter any of the item ids or
hallucinate items that did not exist in the closet.
However, in the shuffled case, the model altered
item ids or hallucinated items 42 times. For the
shuffled case data, we have removed the items
with altered item ids or that were hallucinated
from all graphs and totals. This makes the new
item total for the shuffled case 10,282.

In the control case, as seen in figure 1, Gemma 3
only picked 7 of the 16 positions. The most often
picked positions were position 1,
“BRWN FLR PNT 001", position 4, “SWTR-
CBL-001", and position 2, “leather jacket 001”,
picking position 1 and position 4 3,600 times and
position 2 1,829 times. These top-picked positions
held items that were the first items of their class
that appear in the closet list.
“BRWN_FLR PNT 001 is the first pair of pants
in the closet list, and “leather jacket 001” is the
first jacket to appear in the closet list. The
interesting thing is that “SWTR-CBL-001" is the

first sweater to appear in the closet list, but not the
first top. The first top was in position 0 and was
"turtleneck-top-001". This could be the model
determining that a sweater would be better to wear
on a 30-degree day in Pittsburgh, PA, rather than
a more lightweight turtleneck top. These top-
picked positions already imply that there could be
a position bias in this model towards the front,
since the top-picked items are coming from the
front of the list.

In the shuffled case as seen in figure 2, the top-
picked position is 0, then 1, then 2, so on and so
forth, with position 15, the last position, being the
least-picked position, with only 56 picks. Position
0 was picked 1,698 times, position 1 was picked
1,475 times, and position 2 was picked 1,236
times. Positions 0, 1, 2, and 3 make up 53.8% of
the total number of items picked, 10,282. A fourth
of the positions represent 53.8% of the total
number of items picked, supporting the idea that
Gemma 3 has a position bias towards the front of
the list. Since the closet is shuffled every time the
model is called, it does not matter what item of
clothing is in these lower-number positions.

It will pick these positions towards the front of the
list so much so that the model will pick items that
are not very suited to the situation that it was
given. The 5 shows the rate at which denim shorts
are picked for a 30-degree day in Pittsburgh based
on the different positions the denim shorts were
in. It was picked 96 times, making the jean shorts
0.9% of the total items picked. When the jean
shorts were picked, 64.6% of the time they were
in positions 0, 1, 2, or 3. A fourth of the positions
make up 64.6% of the times that the jean shorts
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Figure 6: gpt-oss Turtleneck

The frequency and position at which gpt-oss picked a turtleneck, which is a good choice within the constraints of our prompt.

were supporting that Gemma 3 has a position bias
towards the front of the list. Jean shorts are not an
item that is suited for 30-degree weather, and the
fact that when they were picked, they were in the
front fourth of positions 64.6% of the time shows
how the model Gemma 3 has a position bias
towards the front of the list.

When using the gpt-oss as the Al Stylist, we ran
the model 3000 times for the control case and
4000 times for the shuffled case because gpt-oss
took over 12 hours to run 4000 times. For the
control case, the model chose 9,070 items and
12,921 items in the shuffled case. The data
required some additional cleaning in both sets to
analyze, which required removing times when the
mode errored in producing a JSON output and
removing the key, outfit, when it appeared before
the items the model picked. In both cases, the
model altered some item ids or hallucinated some
items. In the control case, it did this 29 times, and
in the shuffled case, it altered item ids or
hallucinated items 42 times. For both cases of
data, we have removed the items with altered item
ids or that were hallucinated from all graphs and
totals. This makes the new item total for the
shuffled case 12,879, and the control case's new
item total 9,041.

In the control case as seen in figure 3, gpt-oss
picked all the positions at least once. The most
often picked positions were position O,
"turtleneck-top-001", position 2,
“leather jacket 0017, and  position 1,
“BRWN _FLR PNT 001”. It picked position 0
2,952 times, position 2 2,833 times, and position
12,201 times. These 3 positions make up 88.3%
of the positions picked in the control case. All

these top-picked positions hold items that are the
first items of their class that appear in the closet
list. These top-picked positions already imply that
there could be a position bias in the gpt-oss model
towards the front, since the top-picked items are
coming from the front of the list.

The gpt-oss shuffled case is very similar to the
Gemma 3 shuffled case. As shown in figure 4, a
noticeable difference is how sharp the initial
decrease is. Position 0 is picked 1,828 times, and
position 1 is picked 1,475 times, which is a
sharper decrease than the difference between
position 0 and position 1 in the Gemma 3 shuffled
case. It's also important to note that position 6 is
picked 856 times, and position 5 is picked 854
times in the gpt-oss shuffled case. Position 15 was
still the least picked position, with it being picked
337 times. This is significantly more than it was
picked in the Gemma 3 shuffled case. The gpt-oss
still has a position bias towards the front of the
list, with positions 0, 1, 2, and 3 making up 40.2%
of the total items picked, 12,879.

While gpt-oss still has a position bias towards the
front of the list, it is more consistent at picking an
original item, which, in the control case, it
preferred. As seen in figure 6, it picks "turtleneck-
top-001" more consistently through the different
positions than other items in the list. This model
is better at picking a more situationally
appropriate item even if they are later in the
sequence. The gpt-oss is a newer model than
Gemma 3, so its ability to pick an item more
consistently could be due to that fact.



5. Conclusion and Future Work

Our work demonstrates that models Gemma 3 and
gpt-oss have position bias towards candidates at
the front of the list, this is consistent with the
expected results from the literature, as the closet
is injected into the beginning of the model’s
context. For Gemma 3 positions 0, 1, 2, and 3
make up 53.8% of the total number of items
picked. The model also had an increased tendency
to pick an item not suited for the expected
weather, jean shorts, when they were in positions
0, 1, 2, or 3. The model gpt-oss still showed bias
towards the front of the list, with positions 0, 1, 2,
and 3 making up 40.2% of the total items picked.
After testing two models for position bias, we are
in the process of in testing more models or
updating the test to see if different situations and
closets change our results. We are also interested
in coming up with and testing methods to reduce
position bias within LLM recommender systems.
One potential approach is to shuffle the closets,
show it to the model multiple times, and then vote.
Similar approaches have shown success in the
work of Tang et al. [11].
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ABSTRACT

The software engineering industry is rapidly changing, as
tools based on large language models allow professionals
to automatically generate text such as documentation,
application code, tests, and explanations. As educators
consider how computing curricula should respond to this
changed and continuously evolving environment, many
discussions are centered on anecdotal data.  Before
modifying our own curriculum, we wanted to gain a better
understanding of how our alumni and local developers are
utilizing these tools in their professional work. To this
end, we surveyed 75 software engineering professionals
about their adoption of generative Al tools, their patterns
of usage, levels of trust in Al-generated code, and
perspectives on shifts in educational priorities. Results
indicate near-universal usage of generative Al tools (96%)
with only measured trust in their output. These findings
provide an empirical snapshot of professional practices as
pertaining to generative Al and offer a foundation for more
evidence-informed discussions about potential changes to
computer science curricula.
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1. Introduction

Artificial Intelligence tools capable of generating code
based on large language models, such as chatbots or
embedded assistants in development environments, have
been rapidly adopted by professional software engineers.
This has been widely reported [1] [2] and is further
validated by the survey results presented in this paper.
The broad industry use of these tools, which can generate
code from scratch, refactor modules, write test code,
and explain existing code, necessitates the re-examination
of longstanding assumptions about computer science
education and the skills that computer science students
should be taught.

2. Survey Details

In order to better ground our own thinking in considering
changes to our curriculum, we decided to conduct a survey
of software engineering (SE) professionals! regarding the
use of generative Al tools in their jobs. Our purpose was to
better understand several overall questions:

* How extensively, and in what ways, are generative Al
tools used in industry?

* Do SE professionals feel that these tools are having an
overall positive or negative impact on their work?

* How much do professionals trust Al-generated code?

* Which foundational skills are perceived to remain
essential and which might have diminished
importance given the adoption of Al tools?

* How do SE professionals feel that computer science
programs should respond to the industry use of
generative Al coding tools?

2.1. Respondents

The survey was distributed through the authors’
professional networks, a departmental Discord server
including alumni participants, a departmental alumni
mailing list, a Slack channel associated with our local
technology community, and a mailing list for a local
technical conference. In total, 75 responses were
collected from SE professionals. The aim of the varied
distribution channels was to reach individuals with varying
experience levels and educational backgrounds, while
targeting professionals who are closely connected to the
organizations where our graduates work and who may be
impacted by our curriculum. Responses were gathered
between September 2025 and February 2026.

When filling out the survey, we allowed respondents to
select from multiple listed job roles or enter roles that were
not listed. We did this because many SE professionals wear
multiple hats in the development process. The majority of
respondents identified themselves as software engineers in

'We adopt this term rather than “engineers” or “developers” because
our participants include technical project managers and other related roles.



core development roles. Excluding job titles with only a
single response, the most commonly reported roles were:

» Software Engr (Full-Stack): 35 (47%)

» Software Engr (Backend): 17 (23%)

* DevOps Engr: 8 (11%)

» Engineering Mgr/Director: 7 (9%)

» Data Science/Machine Learning Engr: 4 (5%)
e Technical Project Mgr: 4 (5%)

Respondents represented a broad range of professional
experience as follows:

e < 2years: 6 (8%)

e 2-5 years: 19 (25%)
e 6-10 years: 18 (24%)
e 11-15 years: 9 (12%)
e > 15 years: 23 (31%)

The majority of respondents (75%) hold at least a
bachelor’s degree in computer science or a closely related
discipline. However, a number of respondents also hold
higher degrees (20%) or represent alternative pathways
(20%) such as bootcamps or self-study. The variety
of experience, background, and roles represented in our
respondent pool should help to provide a broad view of
generative Al usage and perceptions.

3. Survey Results

The following sections present the data gathered through
our survey. We first examine how SE professionals are
currently using generative Al tools in their work. We
then describe respondents’ perceptions of Al-generated
code and its impact on development workflows. Finally,
we report participants’ perspectives on the need for
foundational computer science skills and the potential
impact of generative Al tools on computer science
curricula.

3.1. Usage of generative AI Tools

The usage of generative Al tools is nearly ubiquitous
among the SE professionals surveyed. Of the 75
participants, 96% (72 respondents) report using these tools
in their work, while only 4% (3 respondents) report never
having used generative Al tools for work purposes. It
is also important to note that 71% of respondents report
frequent or constant use of generative Al tools. These
results indicate that the use of generative Al tools is
widespread, if not pervasive, in professional SE practices.
Note that there may be some self-selection bias in terms of
who chose to respond to the survey. Since it concerned
generative Al tools, SE professionals using these tools

may have been more likely to respond. This would be
consistent with wider industry results such as GitHub’s
2024 survey on Al in software Development reporting
97% usage [2] while Stack Overflow’s more general 2025
Developer Survey reported 84% of developers using Al
tools in their development process [1].

We also asked participants how they are using generative
Al tools while coding, including which modes of
interaction and for what purposes. In terms of mode of
use, we asked participants whether they use generative Al
tools primarily 1) for autocompletion or for chatting as they
code, 2) for having Al directly write or modify/refactor
code (agentic mode), or 3) as a balanced mixed of both
types. There was also a fourth option for those who do
not use any of these tools while coding. The largest group
of respondents, 43% (32 respondents), reported using
a balanced mix of agentic and non-agentic interactions.
This indicates a workflow in which SE professionals
alternate between asking generative Al systems for
suggestions, explanations, or debugging assistance and
having generative Al working as a collaborator in code
implementation. However, 25% of respondents reported
using these tools primarily in agentic mode where the
tool is acting as a semi-autonomous collaborator and 20%
reported primarily using these tools for autocompletion or
chat-based assistance. Finally, 9% of respondents reported
not using generative Al while coding. It should be noted
that this figure is higher than the previously reported 4%
of respondents not using these tools at all for work, which
implies that some respondents are using generative Al
in other areas of their work, but not for coding. These
responses, when combined, suggest that generative Al tool
integration into SE professionals’ workflow is not uniform
and that developers are finding their own rhythms and
preferences. For educational purposes, this makes the
teaching of these tools and potential workflows much more
complex.

We also asked respondents which generative Al tools they
use for professional purposes and for what tasks they use
them. The tool usage reflects both diversity and some
consolidation around a small number of widely used tools.
The most frequently used tools, where respondents could
choose multiple tools, were:

e ChatGPT: 40 (53%)

* GitHub Copilot: 31 (41%)

* Google Gemini/Bard: 20 (27%)
¢ Claude Code: 20 (27%)

e Cursor: 10 (13%)

This list of tools corroborates the answers to the previous
question in terms of the different modes of use, agentic and
non-agentic, since some are embedded in IDEs and some
are chatbot-based tools.
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Figure 1: Number of respondents who regularly use generative Al for various software development tasks (N=75).

In terms of the tasks for which SE professionals are
utilizing generative Al tools, the counts for the tasks we
included in our question are shown in Figure 1. These tasks
span much of the software lifecycle and vary from specific,
low-level tasks to higher-level design tasks. We confirmed
a hypothesis that we had formed while composing the
survey that generative Al tools are currently still being
leveraged more frequently for procedural, repetitive, and
support-oriented activities, while being used less frequently
for core conceptual design and higher-stakes engineering
judgments. We also allowed respondents to enter other
tasks for which they use generative Al in their work. We
received only a handful of additional uses, which gives us
some additional overall confidence in the breadth of the
original list. Our favorite free-form response was “Helping
me to have difficult conversations with various types of
coworkers” since it was a use-case that we we had not
anticipated but can appreciate.

3.2. Perceptions of Generative AI Tools

While adoption rates provide a measure of the integration
of generative Al tools into professional SE workflows, we
also sought to better understand how SE professionals view
the output from these tools. Therefore, we included in
the survey questions aimed at assessing perceived code
quality, trust in Al-generated code, overall experience
with generative Al tools, experience with coworkers
use of these tools, and perceived effects on overall
productivity. Open-ended prompts provided respondents
with opportunities to provide both positive and negative
examples and comments.

3.2.1. Code Quality

We will begin our discussion with the question of the
quality of code generated by Al tools (Figure 2, far-left),
since if the code is simply not reliable or usable, the
broader impacts of generative Al on the industry would
be negligible. Participants were asked to rate the overall
quality of code produced by these tools on a scale
from 1 to 5 with 1 representing “Poor quality, often
incorrect” and 5 indicating “Excellent quality, rarely needs
changes”. Responses clustered around the midpoint of
the scale with the most common response being a 3
(“Decent quality, often needs minor tweaks”) and there
were very few responses at either end of the scale. These
responses suggest that, in the perceptions of participants,
generative Al typically produces code that is useful but
imperfect. Some of the open-ended responses support this
characterization. For example:

* “Generative Al autocomplete is good at looking at
the first instance of a typing-intensive change and
guessing how a similar change might be shaped.
Typically it will be slightly wrong but still a useful
time saver.”

e “T asked AI to convert a library written in Groovy
into Python and it did it all correctly except for
one function and even made correct unit tests for all
functions except for one. I simply fixed those myself.
It saved about two hours of time.”

* “We were having trouble unintentionally closing
postgres cursors while streaming large database
results. Chatting with ChatGPT gave us some ideas
for how to resolve the issue (additional flags on
the JDBC statement), but the code generated was
incorrect, forcing us to revisit documentation and see
how things were really being used. So it helped lead
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Figure 2: Survey participants’ perceptions of the results and impact of generative Al tools on their work (N=75).

us to a solution even though the solution it provided
was incorrect.”

3.2.2. Overall Experience

These results and observations tend to note small glitches
within an overall helpful direction, so it makes sense that
when asked to rate the overall experience of using Al
tools while coding, participants responded slightly more
favorably than on the perceived quality of code (Figure 2,
second from left). While the data still clusters around the
middle of the scale, 80% rated the overall experience 3
(“Decent, helpful overall, but it is not always exactly what
I am looking for or asked for”), 4 (“Good, it is pretty easy
to get it to generate what I need, and I am more efficient”),
or 5 (“Excellent, easy to use, I can focus on larger issues
and am far more efficient”). We interpret these results as
indicating that even when generated code is flawed, the
overall interaction process is still valuable.

3.2.3. Trust

Trust ratings (Figure 2, center) show a slightly more
cautious pattern. Nearly half of the respondents report
“moderately” trusting generated code (a 3 on the scale),
with 42.6% reporting “slightly” or “not at all” trusting
the code. All three of these responses indicated that
checking/testing/validation was required. Only 8% of
participants reported being very confident in the generated
code and only performing a quick, high-level review of the
output. No respondents indicated that they “completely”
trust the generated code.

3.2.4. Coworkers

When participants were asked whether they have been
positively or negatively impacted by colleagues’ use of
generative Al for coding tasks, the results span the scale,
again clustering in the middle with 42.7% responding that
they do not think that they have really been impacted
(Figure 2, second from right). However, 23% feel that
they have been positively or somewhat positively impacted
and 33.3% feel that they have been negatively or somewhat
negatively impacted. In the open-ended follow-up for this
question, some of the uncertainty in the responses seems to
come from a lack of transparency in terms of who is and is
not using these tools. However, several who indicated that
they have not been impacted noted a workplace culture that
heavily emphasized accountability. One participant said,
“We all take responsibility for our code, Al or not, so you
can not blame Al here” and another said, “My workplace
has a culture of careful review; I have not been impacted
by Al-introduced bugs in colleagues’ code.” Much of
the impact of colleagues’ habits seems to come during
peer reviews of code. Some participants note being able
to produce higher-quality code reviews due to generative
Al tools, while others complain about the sheer amount
of code that has to be reviewed having been dramatically
increased by the use of these tools. Three responses in
particular stood out:

* “The amount of work I need to review from my peers
heavily using AI is much larger (they are writing
more, committing more code faster), but the answers
I get in response to questions about their code are
shallow. It is frustrating and the maintainability of the
code by humans is suffering.”



* “Irresponsible use of Al from junior developers has
introduced a lot of pain into our code review process.”

* “Some colleagues have embraced Al use to help
them become more productive. This means that they
generate more code and more solutions faster, but as a
senior developer who needs to approve pull requests,
check for cross-module incompatibilities, and oversee
designs across our codebase, it has created much more
work for me. I often see Al generated ‘solutions’
that could have been avoided with a little more
communication between peers.”

Taken together, these responses highlight a social
dimension to the adoption of generative Al tools in
software engineering. Even though these tools may be
perceived to improve the efficiency of individuals (see the
next section), the workload may be shifted elsewhere in the
process such as code review and integration or architectural
oversight.

3.2.5. Productivity

The final set of results to be discussed in this section
is perceived productivity changes (Figure 2, far right).
When asked “How has generative Al impacted your
overall productivity as a software engineer?”, the results
skewed positive. On a scale of 1 to 5 with 1 indicating
“Significantly decreased it” and 5 indicating “Significantly
increased it”, 65.3% of participants indicated that their
productivity has increased (ratings of 4 or 5). Only 4% feel
their productivity has decreased (rating of 2), with none
feeling that it has significantly decreased (rating of 1). This
pattern of perceived increases in productivity is notable
when considered together with the earlier results. Although
respondents generally only rated generated code output
as “decent” and expressed only cautious trust in it, most
still reported gains in productivity. Qualitative responses
help to contextualize this observation. = Respondents
frequently describe time gains in tasks such as debugging,
writing boilerplate code, and especially in understanding
unfamiliar code bases or libraries.

3.3. Perceptions of Computer Science Curricular
Impact

The positive productivity gains and overall experience
using generative Al tools combined with imperfect code
quality and conditional trust suggests to us that there
may be a shift in the skills and foundational knowledge
needed by new SE professionals. To this end, the survey
asked participants to reflect on how the increasing use
of generative Al tools in software engineering should
(or should not) impact CS education. Several questions
addressed whether the ability to effectively use Al tools is
itself a learned skill (particularly “prompt engineering”),

as well as respondents’ views on whether the skills being
taught in CS curricula should be different (or have different
emphasis). Additional questions asked for respondents’
views on the specific role of generative Al in CS curricula
and issues such as academic integrity.

3.3.1. Learning to Use Generative AI Tools

Participants were asked whether their ability to use
generative Al tools while coding was a skill that came
naturally or had to be deliberately developed. Responses
suggest a wide range of experiences (Figure 3) with a
nearly even split between perceptions of learning the skill
naturally vs actively learning or developing the skill.

When asked to rate the importance of prompt engineering
(defined as the ability to write effective prompts for
generative Al systems), responses indicate a moderate but
not overwhelming perceived importance, with responses
clustering around the middle of the scale from 1 to 5.

Taken together, these results suggest that while there
may be a learning process involved in designing effective
prompts and learning to use Al coding tools, it is not yet
clear to us that these pragmatic skills represent a primary
foundational skill competency.

3.3.2. Perceived Foundational Skill Impact

Participants were asked to reflect on which foundational
skills from their computer science education remain critical
for their current work. Figure 4 shows the skills listed
in the original question, although some labels have been
shortened for display. For example, “Computer Systems
Knowledge” included “(computer architecture, operating
systems)” and Low-level Programming included “(e.g.
memory management and pointers)”.

Several foundational skills were consistently identified
as still essential, including debugging and problem
solving, software design and architecture, communication
and teamwork, programming language proficiency, data
structures, and computer systems knowledge. It is notable
that no respondents listed communication and teamwork as
being less important in light of generative Al tool usage.

Some of the skills considered less important given
generative Al coding capabilities were manual
documentation and commenting, low-level debugging of
syntax errors, writing code from scratch, and algorithms.
However, even these skills were still selected as “still
critical” by many respondents. We believe that the tension
observed in these responses may correspond to a shift in
emphasis on some of these specific skills where Al can be
most useful but not a total replacement of these skills. This
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hypothesis is backed up by an abundance of qualitative
comments which leaves us with little doubt that current
professionals still deem a computer science education
containing the foundational skills to be key to successfully
using generative Al tools to increase productivity.

e “Al can help write the code, but you still need to
understand the algorithms and structures behind it.”

* “Itis difficult to fix the broken parts of generated code
if you do not understand what the code is doing.”

e “T think that learning the above topics is important
even with access to generative Al. It often needs
to be guided, which can require having a deep
understanding of topics to get Al unstuck, even if
a Computer Scientist is not writing everything from
scratch.”

¢ “The fundamentals remain important. You can ask an
Al to code for you, but you need to be able to reason
about what is computationally practical/achievable.
Practical skills involve understanding the engineering
behind the code.”

3.3.3. Perspectives on Generative AI Tools in CS
Curriculum

Participants were asked to share their perspective on
whether, when, and how generative Al tools should
be incorporated into the CS curriculum. While the
overwhelming majority (81.3%) supported the inclusion of
these tools in the curriculum, opinions on how it should
be done varied widely. The most common response,
with 37 participants (49.3%), was that Al tools should be
integrated into existing courses. However, 24 respondents
(32%) indicated that it should be a standalone course
or an optional elective/workshop. 10 participants (13%)
indicated that they were unsure how Al tools should be
included in the curriculum. Only 4 respondents (5%) felt
that the topic should not be formally taught. The qualitative
responses to the open-ended question of “In your opinion,
what changes should computer science programs make
to adapt to the prevalence of generative AI?” provide a
wealth of ideas and opinions. but no dominant themes
other than the fact that generative Al is here to stay and
students should be exposed to it due to its heavy presence in
industry. Several respondents highlighted the importance
of teaching the ethics of using generative Al and also the
value in thinking critically about when and how to use it.

4. Pedagogical Recommendations

Due to the fast-paced rollout and adoption of generative
Al tools for coding, computer science educators are
facing intense pressure to adapt curricula to this new
reality. Opinions on how best to respond vary widely.

Some argue that instruction should shift toward prompt
engineering strategies and early and effective Al tool use
(for example [3] [4] [5]) while others staunchly contend
that foundational competencies (such as writing code from
scratch, comprehensive knowledge of data structures, etc.)
remain as important as ever [6] [7] [8]. Within only a few
years, systematic literature reviews have already identified
dozens of studies investigating how generative Al tools
impact programming instruction, assessment practices,
and student learning outcomes [9] [10] [11] as educators
grapple with whether, when, and how to incorporate these
tools into their courses.

Rather than taking a stance on what we are still
struggling to understand, the results of our survey
suggest a middle ground, at least for the short term.
Across multiple questions, respondents emphasized the
continued importance of foundational knowledge while
also describing software engineering workflows where
generative Al tools assist with a wide variety of tasks.
A consistent theme emerging from the survey results is
that these tools appear to shift effort away from writing
code and toward debugging, evaluating, and validating
generated solutions. This potential shift has been noted by
other researchers as well [12]. While most of our survey
respondents reported productivity gains from generative Al
tools, in the answers to open-ended questions, it was often
noted that the ability to generate a lot of code very quickly
also caused an increased burden in terms of reviewing,
fixing, testing, and integrating code.

From an educational perspective, this shift and the areas
of increased work imply that students will benefit from
increased emphasis on skills related to analyzing and
evaluating code produced by others (whether peers or
Al). This could generally be viewed as an increased
emphasis on program comprehension, which has long
been an integral skill in computer science education [13].
Two instructional practices that directly develop these
evaluation-oriented skills are structured code review and
systematic testing practices. It is important to note that we
are advocating for increased emphasis on these skills while
still teaching the foundational skills, an approach supported
by our survey data.

4.1. Code Reviews

It is extremely common for professional software engineers
to require code reviews before any changes to products
are made permanent. In fact, many workflows require a
peer code review before code can even be merged onto a
development branch in a version control system [14] [15].
In a code review, one SE (often, but not always, a more
senior one) reads through and critiques changes proposed
by another SE. They might do so only by looking at the
changes themselves, or by both reading the changes and
interviewing the proposer about them. A code review can



detect code that is incorrect, inefficient, unmaintainable,
unnecessary, or in other ways deficient while it is still fresh
in peoples’ minds and ensures that at least two people are
familiar with each component of a project.

The same techniques can be used when a developer (even
a junior one) requests that an Al tool generate code
to solve some problem. Our survey results say that
developers typically find solutions proposed by Al tools
to be directionally correct but wrong in several important
details. They are forming these assessments through code
reviews.

Being able to read proposed code that you did not write and
attempt to understand what it is doing and make judgments
about whether it is achieving its goals is thus now a skill
that all SEs need and cannot learn through the process of
having their own code reviewed on the job. Participating
in a code review as the change proposer is also a skill, as
it requires being able to clearly explain the decisions you
have made and the alternatives that you considered. As
junior software engineers may be proposing solutions that
are partially or wholly generated by Al tools, they need to
know how to build this thorough understanding even about
code that they did not personally write. Thus, computer
science programs should be teaching students to effectively
participate in code reviews both as the reviewer and the
reviewee.

4.2. Testing

Thinking about and writing tests that verify that code works
correctly has long been a foundational skill for software
engineers [16] and Edwards advocated teaching testing as
a way to move students toward a more reflective mode of
problem solving [17]. Many developers work (or at least
strive to) in a “test-driven development” paradigm, which
centers tests as the most important part of a code base [18].
As such, most computer science programs already teach
their students how to effectively write and maintain tests.

Several of our respondents indicated that one of the tasks
they frequently assign to generative Al tools is writing
unit tests. This might suggest that testing will be a less
important skill for new SEs, but we believe that exactly the
opposite is true.

Tests are how we confirm that code works correctly, but
a fully passing suite of tests with perfect coverage of our
code can be dangerously comforting. If a generative Al
tool (or a human) misunderstands a problem, they will not
only write incorrect code but also tests that testify to the
correctness of the incorrect code. The tedium of converting
the idea of a test into code that can be automatically run
may be easily automatable, but deciding which cases are
interesting enough to test for (e.g. finding edge and corner
cases) and what the correct results are for those cases

requires deep understanding of the desired code and its
context.

Good, human-directed testing can provide confidence that
Al tools have generated code that matches human-created
specifications. It is thus more important than ever that
computer science students be taught how to create and
use tests, and for doing so to be modeled to them as an
essential, standard part of the development process.

5. Conclusion

Generative Al tools are rapidly being integrated into
professional software engineering workflows, raising
important questions about how computer science education
should respond. This paper presents the results of a
survey of software engineering professionals exploring
how generative Al tools are being used in industry,
perceptions of the quality and reliability of Al-generated
code, and how professionals believe CS curricula should
evolve.

This work makes three primary contributions. First,
it provides empirical insight into how SE professionals
are currently using generative Al tools and how those
tools are impacting workflows. Second, it documents
professionals’ perspectives on the continued importance
of foundational computing skills. Third, it leverages
these findings along with existing research to propose
pedagogical recommendations.

Our survey results indicate that generative Al tools
are widely used by SE professionals for a variety of
development tasks.  Respondents frequently reported
productivity gains from these tools while also expressing
only moderate levels of trust in Al-generated code.
Qualitative responses suggest that while generative Al can
accelerate code generation, it may also shift effort toward
activities such as reviewing, verifying, and integrating
generated solutions. Participants also emphasized
that foundational computer science knowledge remains
essential despite the growing use of Al tools. At the
same time, many respondents noted that the ability to
critically evaluate code is becoming increasingly important
in Al-assisted development. Together, these findings
suggest that computer science curricula should continue
to emphasize foundational computing knowledge while
adding emphasis to skills in evaluating, analyzing, and
verifying code, particularly through practices such as code
review and testing.

There are also several limitations inherent in this work.
The survey responses represent a convenience sample
drawn largely from professional networks and community
channels (though this was strategic for us because we
wanted to focus on stakeholders who might be impacted
by our curriculum). It is possible that the whole population



of software engineers is different in important ways from
those in our local area. It is also possible that there is
a nonresponse bias, as people who are using generative
Al are more likely to find an invitation to be surveyed
about it interesting than those who are not. Also, the
survey results reflect self-reported perceptions rather than
direct measurement of outcomes. Finally, the ecosystem
of generative Al tools is evolving rapidly, meaning that
developer practices and attitudes will certainly continue to
change as tools mature.

Despite these limitations, the results provide insight into
how professionals are currently integrating Al tools into
their workflows and how they perceive the implications
for computer science education. Preparing students for
this evolving landscape will require not only teaching them
how to write code, but also how to critically evaluate and
validate code, regardless of whether it was written by a peer
or generated by an Al system.
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ABSTRACT

Regional public universities are increasingly expected to
provide authentic experiential learning opportunities that
align with workforce needs while operating under con-
strained resources. This paper presents a practice-based
case study of a partnership model between an institu-
tion’s career development center and the Computer Science
department at a regional state university to provide stu-
dents with local and regional businesses exposure through
departmental-specific events and real-world projects for the
senior-level capstone course. Rather than relying solely
on informal faculty outreach, the model formalizes em-
ployer engagement through existing career services infras-
tructure, enabling systematic client identification, vetting,
and onboarding. This approach reduces faculty workload,
improves project feasibility, and increases employer pre-
paredness for student collaboration. Observations across
multiple course offerings and events suggest that the model
strengthens student professionalism, enhances employer
engagement, and reinforces the university’s role as a re-
gional talent pipeline. The paper details roles in the
model, outreach workflows, and implementation lessons,
and concludes with practical guidance for replication at
other teaching-focused and regional institutions.
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capstone, experiential learning, career development center

1. Introduction

Experiential learning has long been recognized as a high-
impact educational practice, particularly in disciplines
where professional readiness and applied skills are cen-
tral learning outcomes. Foundational work in experien-
tial learning theory emphasizes the importance of authen-
tic tasks, reflection, and iterative engagement with real-
world problems [1]. More recent studies have demon-
strated that applied and work-integrated learning experi-
ences contribute positively to student engagement, skill de-
velopment, and post-graduation employability [2]. One
well-known and successful example of integrated experi-
ential learning in the region is Drexel University’s co-op
program model [3], where students are aggressively placed

on multiple rotations at companies in the Philadelphia area.

There are very few institutions in the U.S. that could
replicate Drexel University’s setup, and implementing sus-
tainable experiential learning models remains a significant
challenge. At teaching-focused institutions, faculty of-
ten rely on informal industry contacts to secure external
projects. This results in fragile arrangements that are diffi-
cult to scale or sustain. When such partnerships falter, the
burden of recovery frequently falls on individual instruc-
tors, increasing workload and limiting long-term viability.
These challenges are particularly acute in capstone courses,
where project authenticity and external accountability are
central to the learning experience.

The career development centers at higher-education in-
stitutions represent a largely underutilized institutional re-
source in addressing these challenges. While traditionally
positioned as post-curricular support units, career offices
increasingly possess strong regional employer networks
and expertise in employer engagement, professional prepa-
ration, and workforce alignment. Prior work on university-
community partnerships suggests that institutionalizing ex-
ternal engagement through existing organizational struc-
tures improves sustainability and stakeholder alignment
[4, 5].

This paper presents a case study of a structured outreach
model that integrates our institution’s Career Development
Center into the design and execution of a computer science
senior capstone course at a PASSHE institution. By proac-
tively collaborating with career services rather than consid-
ering them as a downstream service provider for students,
the model establishes a repeatable pipeline connecting lo-
cal businesses, students, and faculty. The goals of this work
are to (1) describe the design and implementation of the
outreach pipeline, (2) examine its impact on student and
employer engagement, and (3) provide practical guidance
for replication at similar institutions. The remainder of the
paper is organized as follows. Section 2 provides the moti-
vation and institutional/departmental context. Section 3 de-
scribes how the new collaborative relationship is designed.
The modifications to the capstone course’s implementation
are discussed in Section 4. Section 5 examines preliminary
student and external client feedback. Section 6 discusses
lessons learned, and Section 7 concludes the paper and pro-
vides a general framework for community adoption.



2. Historical Context and Motivation

Our institution and others in PASSHE occupy a distinc-
tive position within the higher education landscape. As
regional public universities, they are tasked with provid-
ing accessible, high-quality education while maintaining
strong alignment with workforce development and regional
economic needs. We typically serve a high proportion of
first-generation and commuting students and operate un-
der resource constraints that limit the feasibility of labor-
intensive instructional models. Within this context, experi-
ential learning is both a strategic priority and an implemen-
tation challenge. Our senior capstone course plays a central
role in addressing this tension. As culminating academic
experiences, capstones are often expected to integrate dis-
ciplinary knowledge with professional competencies such
as communication, teamwork, and problem solving. Prior
research has identified such applied learning experiences as
high-impact practices, particularly when they involve au-
thentic tasks and external stakeholders [2]. However, as
we develop our capstones, the responsibility for sourcing
and sustaining external projects frequently falls on faculty
members assigned to the course. This reliance on infor-
mal networks introduces fragility into course design, mak-
ing experiential learning vulnerable to personnel changes,
shifting workloads, and inconsistent partner engagement.

At the same time, our institution maintains a Career De-
velopment Center (CDC), a centralized unit that supports
student career readiness through employer engagement,
internship coordination, and workforce-aligned program-
ming, with established relationships across regional em-
ployer networks. The CDC is already tasked with employer
outreach, student professional preparation, and workforce
alignment; however, its involvement in curricular design re-
mains limited. This separation reinforces a model in which
experiential learning is treated primarily as an instructor-
driven activity rather than an institutional function. Fur-
thermore, because typical CDCs serve all disciplines within
an institution, they are often unable to provide effective,
discipline-specific support for CS/IT students [6].

The motivation for this work emerged from the need to
reconcile these structural realities. Rather than expand-
ing faculty responsibilities or introducing parallel outreach
mechanisms, the partnership model described in this pa-
per leverages existing institutional capacity to support ex-
periential learning. By integrating career services into the
capstone structure and other domain-specific outreach ap-
proaches, the model helps the department and institution to
align educational practice with PASSHE’s workforce mis-
sion while addressing sustainability concerns inherent in
faculty-centric outreach approaches.

3. Collaboration Model Design

The collaborative model is designed around a clear division
of responsibility among the CS department and the CDC,
such that aggregated capabilities are lined up along existing

organizational structures and resources rather than relying
on individual faculty initiative.

3.1 Career Development Center

The Career Development Center (CDC) functions as the
primary liaison between the university and potential exter-
nal partners. As a regional institution and for Computer
Science specifically, our institution does not yet have the
same brand power as other higher ranking institutions in
the region. To this end, CDC provides the department with
the following services:

¢ Customized employer meetup: Labeled as Lunch-
and-Learn, CDC helps the department to invite tar-
geted employers to visit and give an informal talk to
students. The talk is a mixture of technical presen-
tation and potential internship/job openings. Criteria
for invitation includes number of current employees
who are CS alumni, historical institutional collabora-
tion, and regional distances. CDC provides lunches
and other logistical support for the event.

* QOutreach to potential clients: Through their exten-
sive network, CDC helps advertise the department’s
capstone course to other local and regional businesses.
Unlike the meetup participants, the targets of the out-
reach do not necessarily need to have an interest in
hiring our CS students. Rather, CDC helps the depart-
ment to also connect to those with a need for IT/CS
development but without an internal IT team or IT
awareness.

3.2 Faculty

Capstone faculty serve as academic designers and techni-
cal mentors. Their responsibilities include defining learn-
ing outcomes, aligning projects with curricular goals, and
supporting students in the technical execution of their
work. While faculty do not typically initiate employer
outreach, they get in touch with interested clients prior to
the semester starts to finalize the scope and scale of the
projects. Once the semester starts, the faculty’s partici-
pation in individual projects can differ depending on the
team’s capabilities, project’s requirements, and clients’ in-
terests. Over the semester, we have had cases where clients
with a strong internal IT team become more proactive in
working with or managing students directly. There are also
cases with non-profit organizations where students have
taken the lead and become more in-control of the project
outcomes.

3.3 Institutional Alignment

By locating employer engagement within an institutional
unit, the model aligns with scholarship emphasizing the
sustainability of community partnerships when they are



embedded within organizational structures rather than indi-
vidual relationships [5]. This approach also supports con-
tinuity across semesters and reduces dependency on spe-
cific faculty members. Although developed within a com-
puter science capstone, the model could potentially become
discipline-agnostic. Its core components are transferable to
other applied programs and institutions seeking to expand
experiential learning opportunities without increasing fac-
ulty workload.

4. Capstone Implementation

While Lunch-and-Learn remains students’ favorite, the
core product of our collaboration model is implemented
within a senior-level computer science capstone course
structured around client-based projects with external stake-
holders. The capstone is positioned as a culminating aca-
demic experience in which students are expected to inte-
grate technical knowledge with professional communica-
tion, project planning, and client interaction. Rather than
treating employer engagement as an external add-on, the
outreach pipeline was embedded directly into the course
timeline and expectations.

4.1 Before the Semester: Planning and Prep

Prior to the start of each semester, the Career Development
Center coordinated with faculty to identify potential local
business partners and assess their suitability for student col-
laboration. When this version of our capstone was first of-
fered in Fall 2024, this outreach and vetting activity was
done throughout Summer 2024, with CDC handling the
initial introduction and connection, while the faculty fol-
lowed with project vetting discussion. In the subsequent
semesters, both the outreach and vetting activities have
been carried out at the end of the semester, where CDC can
include previous semesters’ successful project showcases
in their outreach efforts. We will discuss clients’ satisfac-
tion in detail in Section 5. Generally, vetting activities have
lessened over time given the amount of returning clients
and more structured client intake process.

The vetting process emphasized project feasibility, clar-
ity of expectations, and willingness to engage consistently
throughout the semester. Only projects that could be rea-
sonably scoped for a student team with 10 to 12 weeks
were introduced into the course. This step proved critical in
preventing common capstone failure modes such as over-
scoped deliverables, ambiguous success criteria, or client
disengagement.

4.2 During the Semester: Action and Execution

Our capstone course is typically capped at 40 students.
Mirroring the capstone course at Cornell [7], where stu-
dents are grouped into teams and work on projects curated
by the instructor of record, the team size is set to be be-
tween six and eight students. This is to encourage larger

client projects and to provide optimal team interaction as
recommended in Scrum [8]. The students spend the first
week learning about their peers technical skills and his-
tory on collaborative projects. Afterward, they will form
their own team based on which projects they are interested
in. In the case multiple teams are interested in the same
project, a decision is made through a first-come-first-serve
process, where the first team with full members and an offi-
cial email statement to the faculty is selected. Students who
do not have a team will be assigned to one by the faculty.

Once all teams are matched to projects that were se-
lected, the faculty will make email instruction to the re-
spective clients. This is completed, at the latest, during
the second week of the semester. After the introduction,
teams will then take the initiative to reach out to the clients
to setup the kickoff meetings and subsequent communica-
tions. It is emphasized early in the course that students are
responsible for ongoing communication with clients, in-
cluding progress updates and clarification of requirements.
At the same time, faculty can be CCed and will serve as an
informal external advisor to the students, reinforcing ac-
countability without removing institutional support.

Throughout the semester, the instructional emphasis re-
mained on student ownership of both technical and pro-
fessional dimensions of the project. Faculty intervention
in client relations was intentionally limited, occurring pri-
marily when misalignment threatened learning outcomes
or project viability. This balance allowed students to ex-
perience authentic external accountability while preserving
a safety net consistent with experiential learning principles
[1]. Critical checkpoints including a half semester progress
report to the class (with the clients are invited to attend)
and the four individual progress reflections throughout the
semester.

4.3 After the Semester: Reflect and Succeed

The scope of the project is designed to fit within 10-
12 weeks of instructions. The last two weeks of the
semester are reserved for in-class presentations and for
teams to wrap up all deliverables and documentations to
their clients. Starting in Fall 2025, we have organized an
end-of-semester showcase outside of class, where existing
clients, prospective clients and other local/regional part-
ners, and institutional leadership are invited to see a for-
mal showcase events. In this event, the presentations are
more business-oriented and less technical, providing stu-
dents with an opportunity to showcase their work outside
of the class. As the semester finishes up, recorded presenta-
tions (approved to be released by the clients) and other rel-
evant documentations are posted on a public -facing web-
site. Using this information, CDC and the faculty can then
prepare for the next round of clients and projects.



5. Observations

Lunch-and-Learn’s quantitative measures of success in-
clude students’ attendance and number of company speak-
ers. As shown in Table 1, we have had increasing num-
ber of companies going to the individual Lunch-and-Learn
events. Some of these companies attend the university-
wide career fair, but some do not, especially those that are
pure IT-oriented.

Table 1: Number of companies and students attending each company
event per semester

Semester Students Company
Spring 2024 18 Deloitte
Spring 2024 9 Pariveda

Fall 2024 26 Deloitte

Fall 2024 20 Blackrock

Fall 2024 19 Pariveda
Spring 2025 15 Deloitte
Spring 2025 7 Blackrock

Fall 2025 13 iPipeline

Fall 2025 16 Blackrock

Fall 2025 14 SAP

Fall 2025 16 Lockhead Martin

For the senior capstone course, the quantitative mea-
sures of success include (1) the number of internal/external
projects available, (2) average client satisfactory score, and
(3) student feedback survey. Measures (1) and (2) and the
number of student enrolled in the course over the three con-
secutive semesters are shown in Table 2. Since the first
course offering, the course has been always been full and
override requests has been granted with the except of Fall
2025, where override was not possible due to the class-
room’s physical constraints. Early junior students are en-
couraged to drop the class and to retake at a later date so
that they are more technically prepared for the projects’ de-
mands. The full list of project showcases since the begin-
ning of the course can be found at [REDACTED].

5.1 Fall 2024: Pilot

The kickoff of the course consisted of three external client
projects. CDC had assisted with the initial outreach, but
many clients responded asking for a later follow-up, as
our proposed capstone model was new to them. One of
the clients was from a company developing research soft-
ware, and the other two were local non-profits. There were
two internal projects: one from the course faculty and an-
other from a faculty in a different department. The range in
clients and projects led to very interesting technical and so-
cial dynamics among the groups. Different clients exhibit
different internal culture, and students adapted to them in
different ways. Different projects also force the teams to
learn to use different technologies, which can range from
cloud computing and Al to web development, hosting, and
content management systems.

The Fall 2024 end-of-semester client feedback was gen-
erally strong, with high satisfaction on both project out-
comes and work quality (average 5.25/6), driven by three
clients reporting top-tier satisfaction, and one client re-
porting a markedly lower experience (3/6). Most clients
emphasized professional conduct and reliable communica-
tion, noting frequent check-ins, strong responsiveness, and
teams that operated independently while still incorporating
client input; one client explicitly described the experience
as entirely positive and another indicated they would read-
ily hire a student from the team. At the same time, the
outlier response surfaced a serious quality-assurance gap,
reporting that multiple delivered products were not vali-
dated for basic functionality and that the team struggled
to adapt as issues emerged. Taken together, the feedback
supports the model’s strengths in engagement and profes-
sionalism while reinforcing the need for tighter readiness
checks and explicit testing expectations to reduce the risk
of non-functional final deliverables.

Student feedback from the Fall 2024 offering reflects
strong perceived value in the authenticity of the capstone
experience, alongside predictable friction points in pac-
ing and structure. We requested an unofficial PASSHE
Student Feedback on Instructor (SFI) instrument for this
semester and received a 74% response rate. From the SFI,
overall teaching quality was rated very highly (approxi-
mately 5.45/6 based on the response distribution), with the
strongest ratings clustering around instructor-student inter-
action, encouragement of learning, meeting published ob-
jectives, and fairness in evaluation. Most individual SFI
items showing 90%+ responses in the top two categories.
Qualitatively, students repeatedly emphasized that working
with real clients and executing a single long-term project
felt “industry-focused,” practical, and notably free of “busy
work,” with many framing the course as a meaningful tran-
sition into professional expectations. In contrast, criti-
cal comments concentrated on course logistics rather than
the client-based premise: requests for clearer assignment
guidelines, a semester-level timeline to avoid clustered de-
liverables, and more advance notice for major presenta-
tions. Some students also preferred reduced lecture time in
favor of project work and client interaction. Several respon-
dents asked for a broader and more technical project pool
(and more variety beyond web-centric work), plus more ex-
plicit examples of milestones and stronger support on engi-
neering artifacts (e.g., diagrams and best practices).

5.2 Spring 2025: the Second Semester

The short break time between the fall and spring sessions
gives little turn around time. Preparations for the spring
semester, and potentially inviting fall clients to stay on
board, requires a commitment from clients before their fall
deliverable is received. For this semester, follow-ups with
clients who engaged in the previous semester resulted in
three external projects, all from for-profit businesses: one
was from a Fall-2024 follow up, one was a returning client,



Table 2: Enrollments, number of projects, and average external client satisfactory scores (1 is lowest and 6 is highest) over three semesters.

Semester Students External Projects Internal Projects Avg External Client Satisfactory
Fall 2024 27 3 2 5.25

Spring 2025 39 3 4 6
Fall 2025 35 6 (-2) 0(+2) 5.75

and one was a new client acquired through CDC outreach.
There were four internal projects, two of which were from
institutional student organizations, one from the capstone
faculty, and one self-selected project, where the students
picked their own topic.

The end-of-semester client feedback was uniformly pos-
itive, albeit from a small pool of respondents (3 clients). All
clients reported the highest possible satisfaction ratings for
both project outcomes and quality of work (average 6.0/6
on each item). Comments consistently praised the teams’
professionalism and reliability. Clients highlighted strong
responsiveness, dependable meeting cadence, and a “take-
ownership” attitude where students pushed work forward
without needing constant supervision. Adaptability also
came through as a theme: clients noted that teams adjusted
well to midstream changes and technical hurdles, and the
delivered products largely matched expectations (with one
client still in the process of fully evaluating the final build,
but already expressing confidence based on what was deliv-
ered). Concerns were minimal, and when mentioned, were
framed more as inherent constraints of time and project
challenge than as issues with student performance.

For student feedback, we collected informal anonymous
responses (a 40% response rate) in lieu of an official SFL
The pattern largely reinforces what students articulated
in Semester 1 with a strong endorsement of authentic-
ity, paired with pointed requests for a clearer structure.
Students most frequently emphasized that the course was
“unlike any other” in the curriculum because it forced
real client interaction, team-based delivery, and the shift
from “doing homework” to building a product with pro-
fessional stakes. At the same time, the dominant im-
provement requests centered on old-fashioned fundamen-
tals: clearer expectations for deliverables and presenta-
tions (rubrics/templates/examples), more predictable pac-
ing and early guidance, and a lecture format that feels less
disconnected from day-to-day project realities. Compared
with Semester 1’s open-ended comments, several issues ap-
pear to have softened in salience, most notably the earlier
anxiety around slow grading/grade visibility and the frus-
tration with cross-institution benchmarking. At the same
time, the enduring friction points remain remarkably con-
sistent across cohorts: students want more project options
up front (and more technical variety), and they want the
capstone’s freedom to come with just enough scaffolding
to keep teams from reverse-engineering requirements from
feedback. A new theme in the Spring 2025 feedback was
team accountability (including a detailed complaint about
a non-contributing member and requests for more frequent

peer reviews), suggesting that as the client-based model
stabilizes, students are increasingly focused on collabora-
tion mechanics and professional norms.

5.3 Fall 2025

The strong success of Fall 2024/Spring 2025 allowed for
a repackaging of the marketing pitch for CDC to deliver
to external clients. The semester started with a full five
external clients and one internal non-CS faculty client. The
popularity of course had become well known among the
student body, with both the roster and the wait list filled up
completely on the first day of Spring priority registration.
The instructor had to send out an email encouraging early
junior students to drop and wait to retake the course at a
later semester.

Fall 2025 end-of-semester client feedback remained very
strong (4 client responses), with both project outcomes
and quality of work averaging 5.75/6 (three clients at 6/6,
one at 5/6 on each item). Clients consistently highlighted
professionalism and reliability. They explicitly mentioned
that teams showed up prepared, maintained steady weekly
touch-points, responded promptly, and demonstrated clear
ownership across technical areas. One client also noted
solid adaptability when requirements evolved (including
accommodating new constraints on short notice). Concerns
were limited and practical rather than fundamental: a re-
quest for more testing, and more standard engineering hy-
giene around repository organization and build/packaging
(e.g., cleaner branching/merging, clearer build configura-
tion). However, we also encountered our first client chal-
lenges: two clients had to be dropped from the project list.
One client did not account for internal IT resistance, and
the student team ended up not getting access to any rele-
vant internal data or tools. Another client did not account
for the lackluster responses of the potential users. As a
result, this specific project could not rise to the originally
anticipated level. In both cases, the student teams learned
to courteously communicate the desire to withdraw from
the projects, and both teams came up with their own self-
motivated project ideas.

Fall 2025 feedback indicates that the capstone model has
matured in course execution. On the formal SFI (71.4%
response rate), students rated overall teaching quality ex-
ceptionally high (92% “Outstanding,” yielding an approx-
imate mean of 5.92/6), with similarly strong distributions
for interaction, fairness, preparedness, and usefulness of
feedback. Qualitative comments in Fall 2025 strongly re-
inforce the core value proposition seen in Fall 2024 and
Spring 2025 informal feedback: students repeatedly de-



scribe the course as the most useful and professionally rel-
evant experience in the program, highlighting autonomy,
authentic client accountability, and candid and constructive
critique. At the same time, the persistent friction points
have shifted from primarily instructor logistics toward cap-
stone system design issues that are harder to fully con-
trol, which are client volatility (two projects falling through
mid-semester) and uneven responsiveness due to clients’
internal work culture, perceived mismatch between lec-
ture topics and project-specific needs, and assessment me-
chanics that students experience as low-signal (especially
quizzes and unclear grade composition). These themes
closely track Spring 2025’s anonymous feedback calling
for clearer rubrics/templates, stronger guidance on client
communication/professionalism, more projects earlier, and
more frequent peer/accountability mechanisms.

5.4 Overall

Overall, the longitudinal quantitative and qualitative data
suggest positive impacts from the CDC-department collab-
orations. While results from Lunch-and-Learn are harder
to track, the external client pipelines made available to the
capstone course demonstrated clear improvement in execu-
tion and course operations (especially turnaround/feedback
and perceived organization). One additional anecdotal
piece of evidence from the capstone course is the post-
semester student-client interaction. In Fall 2024, one stu-
dent was hired full-time by one external client. A similar
scenario happened in Spring 2025. In Fall 2025, one client
offered two students on their team with fellowships to con-
tinue expanding the project beyond the scope of the class.
Course-specific complaints reflect the inherent trade-off of
authentic client-based capstones between maximum real-
ism and autonomy and reliable guardrails.

6. Lessons Learned and Replication Guide-
lines

Several lessons emerged from implementing this partner-
ship model that may inform adoption at other PASSHE
and teaching-focused institutions. First, successful repli-
cation depends less on the specific discipline and more on
the presence of an institutional unit capable of managing
employer relationships. Career Development Centers are
particularly well-suited for this role due to their existing
networks, professional expertise, and alignment with work-
force preparation goals.

Second, client vetting is essential.  Not all well-
intentioned employers are prepared to support student
projects, and early screening prevents downstream chal-
lenges that can undermine learning outcomes. Clear doc-
umentation of expectations, timelines, and communication
norms proved more effective than informal agreements.

Third, faculty roles must be carefully scoped. When
instructors function simultaneously as technical mentors,
project managers, and client liaisons, sustainability suffers.

Deliberately limiting faculty responsibility for employer
outreach allowed instructional effort to focus on mentoring
student learning rather than maintaining external relation-
ships.

Finally, institutions should recognize that client-based
capstones are not substitutes for internships but com-
plementary experiences. Capstone projects offer struc-
tured, faculty-guided engagement with external stakehold-
ers while lowering barriers for small and mid-sized em-
ployers. This distinction broadens access to experiential
learning opportunities and aligns with high-impact practice
frameworks that emphasize equity and participation [2].

7. Conclusion

This paper presented a practice-based case study of an in-
stitutional partnership model that integrates Career Devel-
opment Center and the Computer Science department at
a PASSHE institution. By facilitating department-specific
events and formalizing employer outreach and client prepa-
ration through existing campus infrastructure, the model
reduces faculty workload, improves project feasibility, and
strengthens connections between academic programs and
regional workforce needs. The findings suggest that insti-
tutionalizing external engagement supports sustainable ex-
periential learning in resource-constrained environments.
While the model was implemented within a computer sci-
ence department, its core principles are adaptable across
disciplines that emphasize applied learning and profes-
sional readiness. Future work may examine longitudinal
outcomes related to student placement, employer retention,
and cross-departmental adoption. A survey of potentially
related models at other similar schools could would also be
beneficial to the research community. Nevertheless, this
study demonstrates that meaningful experiential learning
can be achieved at regional public universities through in-
tentional collaboration, clear role definition, and alignment
with institutional mission.
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Driving Efficiency & Innovation: Strategic AI Implementation for
Professional Growth

Naresh Adhikari
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Artificial Intelligence (Al) is rapidly reshaping the modern workplace, redefining
how organizations operate and how professionals create value. Driving Efficiency
& Innovation: Strategic Al Implementation for Professional Growth explores how
purposeful integration of Al technologies can enhance operational efficiency,
accelerate innovation, and elevate individual career paths. Rather than viewing Al
as a standalone tool, this interaction emphasizes a strategic framework that aligns
Al adoption with organizational goals, governance standards, and measurable
return on investment (ROI). By advancing Al literacy, redesigning workflows, and
embedding responsible oversight, leaders and employees can transition from task-
based execution to higher-order decision-making and strategic contribution. The
expected result is a transformed workplace where human expertise and intelligent
systems collaborate to improve productivity, strengthen competitiveness, and
foster sustainable professional growth
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ABSTRACT

Video game mechanics range from incredibly simple to incredibly complex. One word game that is rather
simple, Wordscapes, is also incredibly addictive. In addition to the main gameplay of creating words from a
set of letters, there are also multiple minigames to play. One of these, Mt. Fortune, allows the player to pick
a random card from a set of cards. If that card is a reward, the player can take their rewards and go or move
on. However, there are also penalty cards that take away all of the player’s rewards unless they pay in-
game currency, making the game a balance of risk versus reward. As there are 4 cards per level and the
game always reveals one of them to be bad after the player chooses, the player is lead to believe that there’s
always a 25% chance of hitting a penalty card. However, after collecting data from over 200 runs of the
minigame, we purport to show that not only are the odds of hitting a penalty card not 25%, but that the odds
quietly shifted on the back end on July 25th, 2024, leading to the player hitting more mines and spending
more in-game currency.
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ABSTRACT

In many ways, video games have been a topic of hot debate in today’s culture. One of the most often
discussed topics is whether video games should be considered art. In this talk, we will instead be focusing
on video games as literature. Our aim with this talk is to show that games can hold their own in the world
of literature. To this end, we discuss in-depth some of the games which have the story-telling prowess to be
considered works of literature, as well as some of the elements video games use to tell stories that would be
impossible for more classic literature such as books or essays.
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ABSTRACT

In the world of massive digital storage silos, breaches expose millions of personal identities and documents.
In such centralized systems, individuals have little to no control over how their data is collected, stored, or
shared. Central authorities act as gatekeepers and single sources of truth, concentrating power and risk.
Decentralized Identity Systems provide a unique opportunity of user-owned digital identities through
digital technologies such as public key cryptography, hashes, digital signatures, blockchains, and zero
knowledge proofs. Such systems solve the risks of centralized identity systems through the distribution of
trust, the elimination of centralized data silos, and allow individuals to own and control their identity
credentials directly.

This presentation covers how decentralized identity systems are able to securely distribute trust, minimize
data centralization, and put control into individuals about their own credentials by covering how
fundamental concepts of public key cryptography, hashes, digital signatures, blockchains, and zero
knowledge proofs are able to work together to provide a secure decentralized system for managing
identification credentials. Useful analogies, combined with programming examples enable those from both
technical and non-technical backgrounds to gain useful insight into the operation of a decentralized identity
system. Finally, an existing standard is covered, demonstrating how these technologies are already being
applied in the real world.
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