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Abstract: By lowering the amount of space that is required for the storing and transmission of
photographs and motion pictures, image compression improves the efficiency of these processes.
In order to achieve its major objectives, image compression aims to reduce the size of the file
while simultaneously preserving the integrity of the data. The purpose of this research is to mimic
two different picture compression algorithms. Discrete wavelet transforms constitute the
foundation of both of these systems, with the first method employing the discrete cosine transform
(DCT). The results of the simulation are exhibited after a variety of quality standards have been
applied to a large number of images. This research helps professionals and academics choose the
most effective method for a particular application by enhancing our understanding of the trade-
offs that exist between DCT-based audio compression algorithms and DWT-based algorithms.
Subjective assessments provide valuable information that may be put to use to improve the overall
user experience for compression settings and to optimize compression settings.
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I. INTRODUCTION

Cutting down on the size of audio files without losing quality is impossible without using audio
compression methods. Because they don't have a lot of storage or bandwidth,
telecommunications, streaming services, and digital audio players depend on algorithms a lot.
The Discrete Wavelet Transform (DWT) and the Discrete Cosine Transform (DCT) are well-
known ways to compress music.

We are comparing these two methods to learn more about the pros and cons of DCT and DWT-
based audio compression. It is important to know the similarities and differences between the two
approaches in order to choose the best algorithm for a given job. Each has its own pros and cons.
A lot of popular file types, like MP3 and AAC, use audio compression techniques like the
Discrete Cosine Transform (DCT) [1]. To get efficient compression, you need to change a signal
from the time domain to the frequency domain by quantizing it and getting rid of its lower-
frequency parts. Discrete Cosine Transform (DCT) algorithms may look easy, but they can
achieve very high compression ratios.

Wavelet methods are used by the Discrete Wavelet Transform (DWT) to separate the audio input
into its time-frequency parts. The Discrete Wavelet Transform (DWT) splits the data into fixed-
size blocks, while the Discrete Cosine Transform (DCT) uses different resolutions. This makes it
easier to find parts of signals in both the time and frequency domains. The Discrete Wavelet
Transform (DWT) can be used in situations where it's important to keep signal data.

This research will look at how well Discrete Cosine Transform (DCT) and Discrete Wavelet
Transform (DWT) audio compression methods work, how hard they are to compute, and how
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good the sound quality is. It is important to think about standard compatibility, noise protection,
and parameter adaptability. What this research tries to do is show academics and professionals
the pros and cons of DCT and DWT-based audio compression algorithms so they can pick the
best compression method for their needs.

II. RELATED WORK

Audio compression is an essential method that is utilized to lower the file size of digital audio
recordings while maintaining any quality enhancements that may have been applied. For the
purpose of compressing audio, two approaches that are frequently utilized are the Discrete Cosine
Transform (DCT) and the Discrete Wavelet Transform (DWT). Following the completion of a
literature review, we proceed to examine and discriminate between these two approaches of audio
compression [2].

1. R. Rehman and colleagues carried out a research that compared the capabilities of DCT and
DWT in terms of audio compression techniques. Both approaches were evaluated in terms of
their computing complexity, signal-to-noise ratio (SNR), and compression ratio through the
analysis process. According to the findings of their research, compression algorithms that make
use of discrete wavelet transforms (DWTs) produce greater compression ratios and perceptual
quality in comparison to approaches that make use of discrete cosine transforms (DCTs),
particularly when those techniques are used to lower data rates [3]. The computational complexity
of algorithms that used DCT was lowered, which demonstrated that these algorithms were more
suitable for real-time implementation.

Within the scope of their research conducted in 2018, S. Kumar and colleagues examined the
effectiveness of several audio compression techniques by employing DCT and DWT in
connection to voice, music, and ambient disturbances [4]. An investigation was carried out to
investigate the ways in which various wavelet families and levels of decomposition influence the
compressed sound quality and the effectiveness of the compression process. In terms of
maintaining audio fidelity and compression ratios, it was discovered that algorithms based on
DWT had superior performance compared to techniques based on DCT. The accuracy of this was
particularly high for systems that made use of intermediate decomposition levels and the
Daubechies wavelet family.
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Fig.1 Denotes block diagram of compression.

Based on objective metrics such as PSNR and MSE, as well as subjective aural sensations, A.
Jain and S. Sharma conducted a comprehensive comparison of DCT and DWT-based audio
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compression approaches in the year 2020. They evaluated these techniques based on their
respective strengths and weaknesses. an examination of a number of compression algorithms was
carried out at a variety of bitrates and audio formats, including wavelet-based techniques, JPEG
formats, and MP3 formats [5]. DCT-based algorithms, according to their research, are prone to
spectrum leakage and block defects at low bitrates. On the other hand, DWT-based algorithms
are able to preserve transient signals and fine features, which ultimately results in an improvement
in perceived levels of quality.

Within the realm of audio compression, Patel et al. conducted research on the energy compression
characteristics of the Discrete Cosine Transform (DCT) and the Discrete Wavelet Transform
(DWT). The researchers investigated the ways in which these transformations influenced the
quality of reconstruction as well as the compression efficiency of energy distribution in frequency
domain representations. According to the findings of their research, the Discrete Wavelet
Transform (DWT) is capable of compressing a greater amount of energy than the Discrete Cosine
Transform (DCT), particularly for non-stationary audio sources that exhibit rapid modifications
in frequency.

According to the findings of the literature review, DWT-based algorithms perform better than
DCT-based strategies when it comes to their ability to compress signals that have non-stationary
or transient characteristics. The choice of algorithm is determined by the constraints imposed by
the bit rate, the level of computing complexity, and the desired equilibrium between the efficiency
of compression and the quality of the audio.

III. RESEARCH METHODOLOGY

An analysis of the differences and similarities between the discrete wavelet transform and the
discrete cosine transform techniques for audio compression

1. Determine the precise objectives of the research, which should include a comparison of the
DCT-based and DWT-based audio compression algorithms with regard to the compression ratio,
signal integrity, and computational complexity [6].

2. It is advised that research be done on approaches that make use of the Discrete Cosine
Transform (DCT) and the Discrete Wavelet Transform (DWT) in order to compress audio quickly
and effectively. Conduct a thorough analysis of past research to identify its most important
findings, methodologies, and constraints. To assist a comprehensive research, it is recommended
that you choose a wide range of audio recordings that encompass a diverse range of musical
styles, durations, and levels of complexity.

Determine an algorithm for compression that employs the Discrete Cosine Transform (DCT) and
the Discrete Wavelet Transform (DWT) techniques. Choose algorithms that have not only been
thoroughly documented but are also widely utilized in the particular field. In order to create a
controlled environment for the research, the research setup entails the utilization of appropriate
software and hardware [7]. The chosen compression algorithms should be implemented by
utilizing appropriate programming languages or libraries that are already in existence. Verify that
the audio data maintains a consistent format, sample rate, and bit depth. This is the sixth step in
the data preprocessing process. In order to facilitate comparative analysis, the audio recordings
should be divided into segments of a predetermined length.
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Fig.2 Denotes flowchart for Basic Audio Compression Techniques.
Performance measures: In order to evaluate the effectiveness of compression algorithms, it is
necessary to specify quantitative measurements such as mean square error, compression ratio,
signal-to-noise ratio (SNR), peak signal-to-noise ratio (PSNR), and computational complexity
[8]. The research approach involves applying certain compression techniques to audio data that
has been preprocessed. Always make sure to take notice of the quality standards and compression
ratios that are accomplished by each method.
Comparing the DCT compression algorithm with the DWT compression algorithm: Make use of
statistical analysis in order to evaluate the benefits that each of them offers. The letter A
Determine the significance of the changes that have been noticed by employing relevant statistical
methods such as the t-test or the analysis of variance [9]. Analysis Interpretation: Based on the
interpretation of the analysis, evaluate the benefits and drawbacks of each compression strategy.
There is no text provided. A. Please let me know about any unexpected discoveries, along with
the possible origins of those discoveries.
As a conclusion, some observations and recommendations: Draw attention to the most important
findings from the research and evaluate the efficiency of the various approaches for compressing
audio by utilizing the Discrete Cosine Transform (DCT) and the Discrete Wavelet Transform
(DWT). On the basis of the findings of the research, make suggestions regarding the methodology
for selecting and enhancing audio compression algorithms. Include a detailed list of all relevant
sources and materials that were used to strengthen the validity and reliability of the research [10].
This is the recommendation for the reference section.

IV.  RESULTS AND DISCUSSION

Following the application of the discrete cosine transform, the frequency domain is represented
by a collection of coefficients. The energy of the original data can be reduced to a tiny collection
of low-frequency discrete cosine transform components by the use of the discrete cosine
transform. Examining the correlations that exist within the data is one approach that can be taken
to this end. The Discrete Cosine Transform (D.C.T.) of a one-dimensional sequence of N items
is represented by the equation (1).

N-1
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c(u) = a(u) Y. fO)cosCmQx + l)u) /(1)2N

x=0

Foru between 0 and N-1. The number 2 stands for the inverse transformation, which is also called
the IDCT.

Likely for x=0, 1, 2 ...N— 1. In both equations (1) and (2) a
(u) is defined as

a(p)=VI/N for u=0

and

o (p) = V2/N for u£0

It is possible to observe a waveform that is referred to as a wavelet as the average energy value
approaches zero. A wavelet is a type of element that is typically a window of variable length and
features a waveform as its primary component. Wavelet transforms are created from wavelets
that have durations that are relatively short.

The equations (3) and (4) [5] together constitute the formal definition of the wavelet. When
referring to the function j(t), it is commonly known as the "mother wavelet."

Jo [f@®)Indt<w  (3)
Fori@ide=0 @
Develop a discrete wavelet transform

In 1982, Jean Morlet created the wavelet transform for studying seismic waves. Equation (5) by
Morlet defines waves as a set of functions that stem from a single "mother wavelet" y(t). The
expression is represented by equation (5) where a and b are real values and an is not equal to zero.

ta,b (t)=1N|a|tt—bla)(5)

The scaling number 'a' measures how much data is compressed. The value 'b' for translation also
controls where the wavelet is in time (5). The DWT breaks the signal up into several n-level parts
that work in various frequency ranges. The scaling and wavelet coefficients are what each step
gives you as a result. Equation 6 tells us the scaling coefficient, and Equation 7 tells us the wavelet
coefficient.

xj+1(n) =Y h(2n—1i) xj(n) (6)
i=1
2n
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yitlm) =2 g@n—1) xjm)(7)
i=1

The duration and frequency of waveforms can be investigated by turning a signal into a stack of
wavelets and then interpreting the results. For the purpose of analyzing signals that are marked
by temporal change in frequency, the wavelet transform is a mathematical instrument that should
be employed. The Wavelet transform is the name given to the procedure that is used to generate
representations of time and frequency. To put it another way, wavelet transformations make it
possible to represent the signal in terms of both its time and frequency components independently.
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Fig.3 Denotes Flow Graph with Mean Compression Ratio

MATLAB is utilized for modelling various audio signal samples. Equation (1) is utilized in
determining the Discrete Cosine Transform (DCT). The transformative elements are removed to
advance the process. Various encoding methods such as run length and mu law encoding, together
with transform and adaptive thresholding techniques, are employed to minimize data. The energy
input is assessed relative to "b." It is compared to the values of all transformation factors when it
exceeds zero. Compression stops when the newly estimated signal energy falls below the
threshold value "b." If the new threshold number exceeds "b," the previous technique is repeated.
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Fig.4 Denotes Signal to noise ratio.

Table.1 Mean Compression ratios.

Trans-forms | C.R withTrans- forms CR C.R withMu-law MeanSNR
withRLE

DCT 9.3964 50.1756 49.6876 29.2830

CPT 21.6362 50.1390 50.2116 43.4047

DWT 25.2370 50.3939 49.7063 39.2970

WPT 27.8593 50.3771 49.6423 42.5627

For encoding or transformation-based compression methods, mean values are found. The mean
SNR values are always found, no matter what audio sources are used or what processing methods
are used. Sign-to-Noise Ratio (SNR) and compression averages are shown in Table 1. There is
information on retained signal energy and normalized root mean squared error in the table of
performance metrics.

V. CONCLUSIONS AND FUTURE DIRECTIONS

DCT and AVT, two common music compression methods, were compared. Many audio
compression studies have used DWT and DCT, two popular signal processing approaches. DCT
and DWT are good audio compression methods. The audio data and programming needs may
affect their efficacy. DWT-based compression methods outperform DCT-based ones at greater
compression ratios. DWT collects time and frequency data well. DWT methods are tougher to
code than DCT methods. They function well when speed is critical or there are few computers.
DWT's resolution may be scaled up or down, giving you greater compression and quality control.
Scalability aids compression flexibility. Experts should keep developing hybrid approaches that
combine DCT and DWT's greatest features for progress. The speed of DCT and the greater time-
frequency localization of DWT can be used by hybrid algorithms in frequency bands. Deep
learning, like neural networks, can compress audio. This could be researched further. Deep
learning models have excelled in signal processing, improving audio compression. Perceptual
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models in compression algorithms can make compressed music seem more natural.
Psychoacoustic concepts can help determine the appropriate compression values while
considering perceptual significance. Current research in real-time audio applications including
streaming and telecommunications focuses on low-latency compression. Better compression
algorithms may minimise latency while maintaining quality and efficiency, enabling new
interactive audio app uses. Compression performance can be improved with adaptive
compression. Based on audio stream parameters, the algorithms adjust compression settings in
real time. Compression is faster and better for various audio data types when adaptive algorithms
adapt to audio material. By researching these areas, scholars can better comprehend audio
compression and adapt to telecommunications and multimedia streaming needs.
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