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Abstract Previous Algorithms

i this project,. . deveioped an algorithm for noise reductiqn N o The LMS filter operates in the time domain and adjusts its
audio files using Fourier Transform techniques. The algorithm

involves a series of pre-processing steps including framing, filter coefficients iteratively to minimize the error between

windowing, and Fast Fourier Transform (FFT) to convert the audio  the filtered signal and the desired signal.
sighal into the frequency domain. Then, a threshold-based e The Kalman filter estimates a system's state using a model

approach is applied to suppress the noise components, followed  of jts dynamics and noisy observations. It works in the

Dy Inverse FFT to obtaln t.he denoisea audp signal. T.he time domain, making it useful for audio denoising, where
performance of the algorithm is evaluated using Signal-to-Noise . . - .
signal and noise characteristics can vary over time. The

Ratio (SNR) as the quantitative metric. | | . |
filter can handle nonlinear and time-varying systems

Methodology Results

The Spectral Gating and FFT algorithm are implemented in The performance of our algorithm was evaluated through
Python using several functions and classes. The main goal experiments on our own generated audio files and a publicly
of the algorithm is to reduce noise from an input signal by available dataset from the University of Edinburgh.

applying spectral gating techniques. The key steps and Quaqtltatlve evaluation was cgnducted using S|gna.l-to—N0|se
. . . . Ratio (SNR) as the chosen metric to assess the effectiveness of
processes involved in the algorithm are as follows:

) ] . our algorithm in reducing noise in audio files.
 Smoothing Filter Generation & &

o Reading and Padding Input Signal NOISE REDUCTION ALGOTIHM SNR VALUES
e Fast Fourier Transform (FFT) LMS Filter 2

* Filtering the Input Signal Kalman Filter 6
» [terating over Chunkse Noise Reduction Spectral Gatting 14
» Non-Stationary and Stationary Noise Reduction Improved Spectral Gatting 15.48
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e Qur Own Generated Audio Files

We created our own set of audio files for testing the algorithm.
These files were generated using a custom script that simulated
various environmental conditions, such as different levels of
background noise, reverberation, and interference. ~10000 -

e Clean and Noisy Parallel Speech dataset

We also used an online published dataset for evaluating the : . ——
performance of our algorithm. This dataset, provided by the fime (5
University of Edinburgh, consists of pairs of clean speech signals Reduced Audio

and their corresponding noisy versions. Conclusion
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