
Review Article

Journal of Advanced Research in Embedded System (ISSN: 2395-3802)
Copyright (c) 2023: Author(s). Published by Advanced Research Publications

Journal of Advanced Research in Embedded System
Volume 10, Issue 2 - 2023, Pg. No. 1-5

Peer Reviewed Journal

I N F O A B S T R A C T

E-mail Id: 
reddi@gmail.com
Orcid Id:  
https://orcid.org/0002-0004-4984-9601
How to cite this article: 
Reddi V. Embedded Signal Processing for Audio 
and Speech Recognition Applications. J Adv Res 
Embed Sys 2023; 10(2): 1-5.

Date of Submission: 2023-11-12
Date of Acceptance: 2023-12-12

Embedded Signal Processing for Audio and 
Speech Recognition Applications
Vinita Reddi
Research Scholar Andhra University, College of Engineering.

The amalgamation of embedded signal processing within audio and 
speech recognition systems has catalyzed a paradigm shift in human-
machine interaction. This article navigates the intricate landscape of 
this transformative technology, delving into the fusion of sophisticated 
signal processing algorithms within embedded systems. It examines how 
these techniques empower devices to decode, analyze, and respond 
to the intricacies of human speech and sound. The abstract begins 
by elucidating the fundamental principles behind audio recognition 
within embedded systems, outlining the foundational role of signal 
processing in decoding acoustic patterns. It progresses to explore 
the complexities of speech recognition, traversing beyond sound 
interpretation to navigate the subtleties of language and semantics. 
Furthermore, this article underscores the transformative impact of 
embedded signal processing across diverse industries and applications. 
It sheds light on the birth of voice-activated assistants, advancements in 
automated speech-to-text translation, and the augmented accessibility 
embedded signal processing has unlocked across various technologies. 
Through an in-depth exploration of challenges, advancements, and 
real-world implementations, this article unravels the pivotal role of 
embedded signal processing in shaping the evolution of audio and 
speech recognition technologies. It illuminates the transformative 
potential of this domain, offering insights into the future trajectory 
and possibilities in this dynamic technological landscape.
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Introduction
Embedded signal processing has emerged as a cornerstone 
in the realm of audio and speech recognition, revolutionizing 
the way we interact with technology. This sophisticated 
discipline focuses on the analysis, manipulation, and 
interpretation of audio signals, enabling machines to 
comprehend, decipher, and respond to human speech. 

The integration of signal processing algorithms within 
compact, resource-constrained embedded systems has 
paved the way for a myriad of applications, ranging from 
voice-controlled devices to sophisticated speech-to-text 
translation systems.1,3

Audio recognition, a fundamental component of embedded 
signal processing, entails deciphering various facets of 
sound – from discerning basic audio patterns to identifying 
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nuanced speech nuances. Parallelly, speech recognition, 
an intricate subset, navigates the complexities of language 
and semantics, transforming spoken words into actionable 
data. At the heart of these advancements lie innovative 
signal processing techniques such as feature extraction, 
spectral analysis, and pattern recognition – fundamental 
tools that empower machines to discern distinct audio 
attributes and linguistic nuances.

The fusion of signal processing prowess with embedded 
systems has fostered a paradigm shift across multiple 
domains. This amalgamation has birthed an array of 
practical applications, from enhancing accessibility in 
everyday devices to fueling the development of intelligent 
assistants capable of understanding natural language 
commands. Moreover, this technology holds profound 
implications for diverse sectors, spanning healthcare, 
automotive, telecommunications, and beyond, ushering 
in an era of smarter, more responsive devices tailored to 
meet human needs.

In the expansive realm of technology, the convergence of 
embedded signal processing and audio-speech recognition 
has birthed a revolution, altering the very fabric of human-
machine interaction. This fusion of disciplines, woven 
intricately into embedded systems, empowers devices to 
decode, interpret, and respond to the intricate symphony 
of human speech and sound. Embedded signal processing, 
a powerhouse of algorithms and methodologies, plays 
a pivotal role in enabling machines to decipher audio 
nuances, from basic acoustic patterns to the complexities 
of spoken language.4,7

At its core, audio recognition through embedded signal 
processing involves decoding the fundamental elements 
of sound waves. The capacity to discern intricate sound 
patterns and translate them into meaningful data forms the 
bedrock of understanding human audio input. Concurrently, 
speech recognition extends beyond deciphering sound; it 
navigates the labyrinth of language, capturing the essence 
of spoken words and transforming them into actionable 
data points. This amalgamation of signal processing prowess 
within embedded systems paves the way for devices and 
systems capable of understanding and responding to human 
auditory cues.

The marriage of signal processing intricacy with embedded 
systems has revolutionized an array of industries, redefined 
the capabilities of everyday devices and ushered in a new 
wave of innovation. This union has given birth to voice-
activated assistants, enhanced accessibility in diverse 
technologies, and unlocked frontiers in automated speech-
to-text translation. Furthermore, these advancements 
hold immense promise across sectors such as healthcare, 

automotive, telecommunications, and more, reshaping the 
landscape of human-technology interaction.

Methodology
Feature Extraction Methods

Explore techniques like

MFCC (Mel-Frequency Cepstral Coefficients)

Pre-Emphasis
•	 Initial Processing: Before computing MFCCs, a pre-

emphasis filter is applied to the audio signal to amplify 
high-frequency components and improve the signal-
to-noise ratio.

Framing

•	 Segmentation: The pre-emphasized signal is divided 
into frames of a specific duration (e.g., 20-30 
milliseconds) with an overlap to capture temporal 
information.

•	 Windowing: Window Function Application: Each frame 
is multiplied by a window function (e.g., Hamming, 
Hanning) to reduce spectral leakage at the frame 
boundaries.

Fast Fourier Transform (FFT)

•	 Frequency Domain Conversion: The framed signal 
undergoes FFT to convert it from the time domain 
to the frequency domain, generating a magnitude 
spectrum.

Mel Filterbank

•	 Filterbank Application: A series of overlapping 
triangular filters, distributed according to the Mel scale, 
are applied to the magnitude spectrum. These filters 
are designed to mimic human auditory perception 
of sound.

Logarithmic Compression

•	 Logarithmic Transformation: The logarithm of the 
filterbank energies is computed to compress the 
dynamic range, mimicking human hearing’s logarithmic 
perception.

Discrete Cosine Transform (DCT)

•	 Dimensionality Reduction: The resulting log filter bank 
energies undergo DCT, transforming them into a set 
of cepstral coefficients. Typically, a subset of these 
coefficients (e.g., 12-13) is retained as MFCCs.

MFCCs capture essential characteristics of the audio signal’s 
spectral envelope, highlighting the distribution of energy 
in different frequency bands over time. They provide a 
compact representation of the spectral features, discarding 
redundant and less perceptually relevant information.
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Time-Frequency Representations
Short-Time Fourier Transform (STFT) in Embedded 
Systems

•	 Adaptation for Real-Time Processing: STFT’s windowed 
analysis adapted for resource-constrained embedded 
systems, balancing trade-offs between time and 
frequency resolution.

•	 Application in Speech Processing: Used for segmenting 
speech signals into short time frames, providing insight 
into changing spectral components.

Continuous Wavelet Transform (CWT) for 
Embedded Signal Analysis

•	 Flexibility in Adaptation: CWT’s adaptability to varying 
signal characteristics employed in embedded systems, 
enabling localized time-frequency analysis.

•	 Utilization in Speech Recognition: Applications in 
analyzing non-stationary characteristics of speech 
signals, aiding in feature extraction.

Wavelet Packet Transform and its Relevance in 
Embedded Environments

•	 Multi-Resolution Analysis: Leveraging Wavelet Packet 
Transform’s ability to decompose signals into frequency 
bands, beneficial in embedded systems’ constrained 
processing environments.

•	 Efficiency in Speech Analysis: Effective representation 
of speech signals at different resolutions, aiding in 
robust feature extraction.

Spectrogram Visualization Techniques in Embedded 
Applications

•	 Compact Visualization: Adaptation of spectrograms’ 
time-frequency visualization for embedded platforms, 
aiding in identifying spectral changes in speech signals.

•	 Real-Time Speech Analysis: Employed in real-time 
speech analysis applications within embedded systems 
for feature extraction and recognition tasks.

Gabor Transform’s Role in Embedded Signal 
Processing

•	 Localized Analysis in Constrained Environments: 
Exploring Gabor Transform’s localized analysis benefits 
within the limitations of embedded systems for efficient 
speech signal analysis.

•	 Trade-off Considerations: Balancing the resolution 
trade-offs to suit embedded systems’ processing 
capabilities for effective time-frequency representation.

These time-frequency representations tailored for 
embedded systems facilitate efficient signal analysis and 
feature extraction critical for accurate speech recognition.

Table 1 offer comparisons between different time-
frequency representation techniques and hardware 
components commonly used in embedded systems for 
audio and speech recognition. They provide insights into 
their features, applicability, advantages, and limitations, 
aiding in understanding their suitability for specific tasks 
or constraints within the domain

Table 1.Comparison of Time-Frequency Representation Techniques

Representation 
Technique Features Applicability Advantages Limitations

Short-Time Fourier 
Transform

Time and frequency 
resolution, 

windowing technique

Speech analysis, 
audio processing

Good frequency 
accuracy, widely used

Fixed time-frequency 
trade-off

Continuous Wavelet 
Transform

Variable resolution, 
adaptability

Non-stationary 
signals analysis

Localization in time-
frequency domain

Computationally 
intensive

Wavelet Packet 
Transform

Multi-resolution 
analysis

Signal 
decomposition

Detailed frequency 
band representation Increased complexity

Spectrogram Time-frequency 
visualization

Real-time speech 
analysis

Efficient visualization 
of frequency changes

Limited resolution 
flexibility

Gabor Transform Localized analysis Speech signal 
analysis

Balances time-
frequency resolution

High computational 
demands
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Table 2.Hardware Comparison for Embedded Signal Processing

Hardware 
Component Description Application Advantages Limitations

Microcontrollers Small-scale embedded 
processors

Real-time 
processing

Low cost, low power 
consumption

Limited processing 
capability

Digital Signal 
Processors

Specialized for signal 
processing tasks

Audio and 
speech analysis

High processing power, 
optimized for DSP

Higher power 
consumption

FPGA Reconfigurable 
hardware

Hardware 
acceleration

High-speed processing, 
customization

Complex 
programming, higher 

cost

ASIC Custom-designed for 
specific applications

Speech 
recognition

High performance, low 
power consumption

High initial 
development cost

The table 2 offers a comprehensive comparison of various 
hardware components commonly utilized in embedded 
systems tailored for signal processing in audio and speech 
recognition applications.8,10

Conclusion 

Embedded signal processing has emerged as the linchpin in 
the evolution of audio and speech recognition technologies, 
reshaping the landscape of human-machine interaction. 
In our exploration of this dynamic domain, we have 
navigated through the intricate tapestry of signal processing 
techniques intricately woven into embedded systems, 
unraveling their pivotal role in deciphering the complexities 
of human speech and sound.

Throughout our journey, we delved into the foundational 
aspects of audio and speech recognition, unveiling the 
significance of embedded signal processing in decoding 
acoustic patterns and linguistic nuances. From the inception 
of pre-emphasis to the extraction of Mel-Frequency Cepstral 
Coefficients (MFCCs), we have witnessed the transformative 
power of signal processing algorithms meticulously tailored 
for embedded environments.

Our exploration extended beyond theoretical frameworks, 
embracing the tangible realm of hardware architectures 
optimized for real-time signal processing. From 
microcontrollers to Digital Signal Processors (DSPs) and 
beyond, we discovered the orchestration of hardware-
software co-design strategies, crafting systems poised to 
revolutionize speech recognition in resource-constrained 
environments.

Time-frequency representations emerged as a crucial 
cornerstone in our discourse, unveiling the dynamic 
interplay between time and frequency domains, offering 

a window into the evolving spectral characteristics of audio 
signals. From the Short-Time Fourier Transform (STFT) to 
the intricacies of Continuous Wavelet Transforms (CWTs), 
these representations illuminated the temporal evolution 
of frequency content vital in deciphering speech nuances.

As we conclude this exploration, the transformative 
potential of embedded signal processing in audio and 
speech recognition stands evident. The convergence of 
sophisticated algorithms, optimized hardware, and dynamic 
time-frequency analyses within embedded systems has 
redefined the contours of technology, fostering a new era 
of responsive, intelligent devices capable of understanding 
and interpreting human auditory cues.

While we celebrate the milestones achieved, the journey 
continues towards uncharted horizons. Challenges persist, 
beckoning further innovation—enhanced adaptability 
in diverse environments, finer granularity in feature 
extraction, and the quest for even more resource-efficient 
architectures.

Embedded signal processing for audio and speech 
recognition has not merely unlocked technological frontiers; 
it has ushered in a world where machines listen, understand, 
and respond—an eloquent testament to the transformative 
power of human ingenuity harnessed within the intricate 
realms of embedded systems.
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