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In the era of digital media, the ability to accurately identify music from audio input has gained significant importance in areas such
as entertainment, copyright enforcement, and media content management. This project presents a robust and efficient system for song
recognition based on audio fingerprinting techniques. By capturing real-time audio through a microphone and converting it into a unique digital
signature using SHAL hashing, the system enables accurate and fast identification of songs from a reference database. The implementation
leverages open-source tools and Python libraries to ensure scalability, portability, and cost-effectiveness. The methodology involves real-time
audio capture using PyAudio, preprocessing and normalization with PyDub, and feature extraction for fingerprint generation. These
fingerprints are then matched against a SQLite database containing known song signatures. The system is designed to handle short audio clips
and operate reliably even in the presence of background noise or distortions. This enhances its usability in real-world environments, making it
a practical tool for mobile apps, music streaming platforms, and media monitoring services.

Audio Fingerprinting; Song Recognition; SHA1 Hashing; Real-Time Audio Processing; PyAudio; SQLite.

With the exponential rise in the consumption and sharing of digital audio content, the need for automated systems capable
of recognizing and identifying songs from short audio clips has become increasingly important. From music streaming services
like Spotify and YouTube to social media platforms and copyright protection agencies, song recognition technology plays a vital
role in indexing, filtering, and securing audio content. One of the most widely adopted approaches to song recognition is audio
fingerprinting, which creates a unique identifier or "fingerprint" from an audio signal and uses it for fast and accurate matching
against a reference database.

Traditional methods of song identification often relied on metadata such as file names, tags, or manual input, which are
prone to inconsistencies and inaccuracies. In contrast, audio fingerprinting allows for content-based recognition, independent of
the source or format of the audio. This makes it especially useful in real-time applications, such as mobile apps that identify songs
being played in the environment or forensic tools used to detect unauthorized content distribution.

The core principle behind audio fingerprinting involves capturing audio input, extracting relevant acoustic features,
converting those features into a compact digital representation (hash), and matching it against a pre-indexed database. This project
leverages SHAL hashing as a mechanism to convert extracted features into secure, fast-comparing audio fingerprints. The use of
open-source libraries like PyAudio, NumPy, SciPy, and PyDub in Python facilitates efficient processing and portability across
platforms.

Another significant motivation behind this work is to build a lightweight, yet reliable, audio recognition system that
functions effectively in noisy and unpredictable environments. The system is capable of detecting songs with high accuracy even
when short audio samples are captured through a microphone. This highlights its robustness and real-world applicability, especially
in dynamic environments like cafes, concerts, or public transportation.

Overall, this project contributes to the growing field of audio-based information retrieval by offering a practical and
well-engineered solution for song recognition. The simplicity of the implementation, combined with its speed and precision, makes
it suitable for further development and integration into commercial and research-grade audio analysis systems.

This project implements a systematic approach to developing a deep learning-based underwater object detection system
that is robust, scalable, and capable of real-time inference. The methodology spans across data acquisition, preprocessing, model
selection, training, application integration, and performance evaluation.

Study Design:
The study follows an experimental design where a deep learning model is trained on a curated underwater image dataset.

Published By: Fifth Dimension Research Publication https://fdrpjournals.org/ 34|Page


http://www.ijsreat.com/
https://creativecommons.org/licenses/by-nc-nd/4.0/
https://creativecommons.org/licenses/by-nc-nd/4.0/

Song Recognition Based on Audio Finger printing

The model is then deployed using a Python-based interface to validate its ability to detect and classify underwater objects in real-
time.

Data Collection and Preprocessing:

A set of underwater images containing various marine objects (e.qg., fish, coral, debris, divers) was collected from publicly
available underwater datasets and synthetic sources. The images were manually annotated using labeling tools such as Labellmg
or Roboflow to produce bounding boxes around target objects. These annotations were saved in formats compatible with the
YOLO training architecture (e.g., YOLO .txt format with normalized coordinates).

Preprocessing included resizing images to the required input resolution (e.g., 640%640 pixels), applying color enhancement
techniques to reduce underwater color distortion, and normalizing pixel intensity values to improve convergence during training.
Data augmentation strategies such as random rotation, horizontal flipping, brightness adjustment, and Gaussian noise addition
were employed to simulate diverse underwater conditions and improve model generalization.

Model Selection:

YOLOV5, a state-of-the-art object detection model known for its balance between speed and accuracy, was selected for
this project. YOLOVS’s capability to perform object detection in a single forward pass makes it highly efficient for real-time
inference tasks. The model was initialized with pre-trained weights and fine-tuned on the underwater dataset using transfer
learning.

Model Training:

Training was conducted using the PyTorch deep learning framework. The training dataset was split into training and
validation sets in an 80:20 ratio. The model was trained for 100—200 epochs with a batch size of 16, using the Adam optimizer and
a learning rate scheduler. The training objective minimized the combined loss of object classification, localization (bounding box
regression), and objectness confidence score. Model checkpoints were saved periodically, and the best-performing model was
selected based on validation mAP scores. The final model weights were saved as bestunderwaterobjectdetection.pt.

Application Development:

A custom Python application (app.py) was developed to serve as the front-end inference interface. This application loads
the trained model and accepts image inputs either through command-line interface (CLI), drag-and-drop GUI, or web interface
using Streamlit or Flask. The app processes input images, runs inference using the trained model, and overlays bounding boxes
with object labels and confidence scores. The real-time nature of YOLOV5 enables the system to process multiple frames per
second, making it suitable for video-based inputs.

Performance Evaluation:
The model was evaluated using industry-standard performance metrics:
e Precision: Measures the percentage of correctly identified positive detections.
e Recall: Assesses the model’s ability to identify all relevant objects.
e MAP (mean Average Precision): Combines both precision and recall across various Intersection over Union (loU) thresholds
to quantify overall detection accuracy.
The evaluation was performed on the validation set, and visual results were cross-verified for practical usability. Confusion
matrices, precision-recall curves, and inference time were also analyzed for deeper insight into model behavior.

Hardware and Software Configuration:

Hardware:

Processor: Intel i5/i7 or AMD equivalent multi-core CPU

RAM: Minimum 16 GB

GPU: NVIDIA GPU with CUDA support (e.g., GTX 1660 or higher)
Storage: SSD with at least 50 GB free space for datasets and model weights

Software:
Python 3.8+
PyTorch 1.12+
OpenCV
Streamlit/Flask for Ul
Jupyter Notebook for experimentation
NumPy, Pandas, Matplotlib, and Pillow for data handling and visualization
This structured methodology ensured the development of a robust, efficient, and reproducible underwater object detection
system.

The proposed audio fingerprinting system was evaluated based on its ability to correctly identify a song from a short real-
time audio clip, typically 5 to 10 seconds in length. Experiments were conducted using a test dataset comprising 15 unique songs
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stored in the reference fingerprint database. Each test case involved capturing audio through the system microphone and analyzing
whether the correct match was retrieved from the database.

The results were assessed using standard performance metrics, including accuracy, precision, recall, and processing
time. Table 1 summarizes the overall performance metrics across all test cases.

Table 1: Overall Performance Metrics of the Song Recognition System

Metric Value

Accuracy 96.7

Precision 95.2

Recall 94.8

F1-Score 95.0

Avg. Recognition Time (sec) 1.35

The system demonstrated a high recognition rate with minimal latency, successfully identifying 14 out of 15 songs under
varying acoustic conditions. Recognition time remained consistently under 2 seconds, including audio capture, preprocessing,
fingerprinting, and database matching.

qIzeYE/fcn'mance Metrics of Song Recognition System

100r 95.2% 94.8% 95.0%

80|
60

40

Percentage (%)

20

Accuracy Precision Recall F1-Score
Fig: 1 Bar chart showing Accuracy, Precision, Recall, and F1-Score

A bar chart (Figure 1) illustrates the performance metrics, while Figure 2 shows a confusion matrix capturing the system’s
accuracy across different song classes.

Figure 2: Confusion Matrix of Song Recognition Sysiicgm
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Figure 2: Confusion Matrix of Song Recognition System
In addition to quantitative performance, the system was stress-tested with real-world background noise (café ambient
sound, keyboard typing, distant conversation). It successfully matched the correct song in most cases, provided that the dominant
melody was audible. False negatives were primarily caused by overlapping vocals or extremely low-volume captures.
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The audio fingerprints generated were compact, averaging <300 KB per song, enabling fast retrieval even from large
databases. Table 2 highlights a sample of matching results during runtime.

Table 2: Sample Test Results — Audio Fingerprint Matching

Test Clip Recognized Song Match Confidence (%) Time Taken(sec)
Clip_1 Song_A.mp3 97.8 1.24
Clip_2 Song_B.mp3 95.1 1.38
Clip_3 Song_C.mp3 98.3 1.32
Clip_4 Song_D.mp3 94.7 1.41
Clip_5 Song_E.mp3 90.5 151

These results confirm that the fingerprinting approach employed is both efficient and reliable, making it suitable for real-
time song recognition applications.

The results obtained from the proposed audio fingerprinting-based song recognition system demonstrate that the
methodology is both practical and effective for real-time music identification. The high levels of accuracy (96.7%), precision
(95.2%0), and recall (94.8%) suggest that the fingerprinting technique employed is robust against noise, partial inputs, and real-
world audio variations. This aligns with the objectives of deploying a scalable system capable of reliably identifying songs from
short audio clips under dynamic acoustic environments.

The system’s use of SHAI hashing over frequency-time peak pairs enables rapid and consistent matching of audio
fingerprints while maintaining compact storage. Fingerprints generated for each song are efficient in size (<300 KB), which proves
beneficial for deployment in low-resource environments such as mobile applications or edge devices. The matching algorithm,
based on peak-pair temporal alignment, successfully handles moderate distortions and noise, and the results indicate minimal false
positives in song recognition.

Moreover, the speed of recognition (averaging 1.35 seconds) indicates real-time applicability, which is crucial for user-
facing systems like mobile apps, smart speakers, or DJ-matching tools. The bar chart (Figure 1) illustrates the high performance
metrics achieved, while the confusion matrix (Figure 2) indicates reliable class-wise accuracy with minimal confusion between
different song classes. Occasional misclassifications, as noted in songs with overlapping harmonic content or similar rhythm
structures, suggest a potential area for refinement using more advanced time-frequency analysis techniques or the integration of
deep learning-based embeddings in future versions.

The primary challenge encountered was environmental noise, particularly in uncontrolled testing environments such as
cafeterias or public areas. Although preprocessing and normalization helped reduce noise impact, significant background
interference sometimes diminished frequency peak clarity, affecting fingerprint quality. In future iterations, applying noise-
resilient techniques such as spectral subtraction, adaptive thresholding, or leveraging machine learning-based denoising
autoencoders could further enhance performance.

An additional insight was the importance of fingerprint density. Denser fingerprinting (more hash points per second)
increased recognition reliability but came at the cost of higher storage and processing load. A balance must be struck between
speed, memory, and accuracy, depending on the deployment context.

In summary, the system effectively demonstrates how a well-structured, open-source pipeline using PyAudio, PyDub,
SHAL hashing, and SQL.ite can deliver accurate, scalable, and fast music recognition results. With minor extensions, the same
pipeline could also be adapted for audio classification tasks such as genre detection, speaker identification, or podcast indexing.

The presented study successfully demonstrates the development and deployment of a lightweight, accurate, and real-time
song recognition system based on audio fingerprinting. Utilizing open-source tools and efficient signal processing techniques, the
system captures live audio input, extracts time-frequency peaks using spectrogram analysis, generates SHA1-based fingerprints,
and performs fast lookups against a reference database for song identification.

The system achieved high performance metrics, including a 96.7% accuracy and an average recognition time of 1.35
seconds. These results confirm the robustness and practicality of the approach, especially when operating under real-world
conditions that may include background noise or audio distortions. The architecture’s modularity allows for easy updates to the
database, scalability for larger music libraries, and adaptability to other domains such as podcast recognition or advertisement
tracking.

Key advantages of the system include:
e High-speed recognition suitable for real-time applications
e Compact fingerprint storage with minimal overhead
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e Tolerance to noise and minor signal distortions
e Full implementation using Python, promoting cross-platform compatibility

Despite its strengths, the system has some limitations. The recognition accuracy slightly drops for audio samples with high
background interference or those lacking prominent frequency peaks. Future work could explore the integration of deep learning
models, such as CNNs or audio embeddings (e.g., MFCC + LSTM), to enhance recognition in low-quality input scenarios.
Expanding the database size and supporting multilingual song libraries would further improve utility across diverse user bases.

In conclusion, the project provides a functional prototype of a real-time song recognition engine using audio fingerprinting,
bridging academic signal processing methods with modern software engineering practices. Its success paves the way for broader
adoption in mobile applications, digital rights management (DRM) tools, music discovery platforms, and smart home devices.
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