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Abstract
Real-time audio processing has become increasingly critical in applications ranging
from mobile devices and hearing aids to live music processing and digital voice
assistants. Embedded systems play a pivotal role in achieving low-latency, high-
efficiency audio signal processing, particularly in resource-constrained environments.
This paper presents a comprehensive review of embedded systems utilized for real-time
audio processing, examining their architecture, processing techniques, hardware-
software co-design, optimization methods, and application domains. Recent trends,
including Al-assisted audio enhancement, low-power designs, and FPGA-based
implementations, are also discussed. Challenges and future directions for embedded
audio systems are highlighted, emphasizing the balance between computational

performance and real-time constraints.
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1. Introduction

Audio processing refers to the manipulation of sound signals to achieve specific objectives,
such as noise reduction, audio enhancement, speech recognition, or music synthesis. With the
rapid proliferation of mobile and wearable devices, real-time audio processing has emerged as
a core requirement for embedded systems. These systems must process audio streams with

minimal latency while operating under stringent power and resource constraints.
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Embedded systems designed for audio applications often rely on Digital Signal Processors
(DSPs), microcontrollers, and Field-Programmable Gate Arrays (FPGAs) to handle
computationally intensive tasks efficiently. This review examines the fundamental principles,
system architectures, processing techniques, and optimization strategies for embedded systems

in real-time audio applications.

2. Overview of Embedded Systems for Audio Processing

Embedded systems for audio processing are specialized computing systems designed to
capture, manipulate, and reproduce sound signals in real time. Unlike general-purpose
computers, these systems must meet strict constraints in latency, power consumption,
memory usage, and processing efficiency, making their design highly application-specific.
They integrate both hardware and software components to enable functionalities such as noise
reduction, speech enhancement, audio effects, and sound recognition in devices ranging from
hearing aids to professional music processors.

A typical embedded audio processing system consists of several interconnected modules, each
optimized for its role in capturing, processing, and outputting audio signals. These include
microcontrollers, digital signal processors (DSPs), field-programmable gate arrays (FPGAs),

memory units, and input/output interfaces.

2.1 Microcontrollers (MCUs)

Microcontrollers are compact integrated circuits with a processor core, memory, and
programmable input/output peripherals. In embedded audio systems, MCUs are particularly
suitable for moderate audio tasks where low power consumption is essential, such as in
battery-operated devices like smart speakers, wearables, or mobile audio players.

e Rolein Audio Processing: MCUs manage audio data acquisition, preliminary filtering,
and simple audio effects. They are capable of handling tasks like equalization, volume
control, and basic noise suppression.

o Advantages: Low cost, energy efficiency, compact size, and ease of programming.

o Limitations: Limited processing power restricts the complexity of algorithms and
multi-channel processing.

Example: ARM Cortex-M4 and Cortex-M7 series are widely used for embedded audio tasks
due to their integrated DSP instructions and hardware accelerators for signal processing

operations.
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2.2 Digital Signal Processors (DSPs)

Digital Signal Processors are specialized microprocessors optimized for high-speed numerical
computations, particularly those involved in digital audio signal processing. Unlike general-
purpose MCUs, DSPs can efficiently execute repetitive operations such as multiply-
accumulate (MAC), filtering, and Fast Fourier Transforms (FFT).

e Role in Audio Processing: DSPs are used for real-time noise reduction, echo
cancellation, reverb generation, beamforming, and advanced audio effects. They are
essential in applications where multi-channel or high-fidelity audio must be
processed with minimal latency.

e Advantages: Optimized for real-time processing, high throughput, deterministic
execution, and support for floating-point and fixed-point arithmetic.

o Limitations: Higher cost and power consumption compared to MCUSs, often requiring
additional development tools and expertise.

Example: Texas Instruments’ TMS320C6000 series and Analog Devices” SHARC DSPs are
popular choices for embedded audio systems, providing integrated audio codecs and hardware

accelerators for filtering and FFT.

2.3 Field-Programmable Gate Arrays (FPGAs)

FPGAs are configurable semiconductor devices that allow designers to implement custom
hardware logic tailored to specific audio processing tasks. They provide parallel processing
capabilities, enabling multiple audio channels or effects to be processed simultaneously with
very low latency.

e Role in Audio Processing: FPGAs are used in live audio systems, professional audio
mixing consoles, digital synthesizers, and audio beamforming applications, where
ultra-low latency and high throughput are critical.

o Advantages: Highly parallel processing, reconfigurable hardware, extremely low
latency, and deterministic timing.

o Limitations: Complex programming, higher development cost, and larger power
consumption compared to MCUs for simple tasks.

Example: FPGA-based audio processors are common in live concert audio mixers to apply

multiple audio effects across dozens of channels simultaneously.
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2.4 Memory Units
Memory is a critical component in embedded audio systems, as audio signals must often be
buffered and manipulated in real time. Two main types of memory are used:
e RAM (Random Access Memory): Buffers incoming audio frames to allow continuous
streaming and temporary storage for processing operations.
o Flash/ROM: Stores filter coefficients, algorithm parameters, or AI model weights in
devices implementing neural network-based audio enhancement.
Efficient memory management is essential to avoid audio glitches and maintain real-time

performance, especially in multi-channel or high-sampling-rate applications.

2.5 Input/Output Interfaces
Embedded audio systems require interfaces to acquire audio input, transmit processed signals,
and communicate with other devices:
e Audio Codecs: Convert analog audio signals to digital form (ADC) and digital audio
back to analog (DAC).
o Wireless Interfaces: Bluetooth, Wi-Fi, or Zigbee allow audio streaming and remote
control in modern devices.
e Peripheral Connections: 12S (Integrated Inter-IC Sound) or SPI interfaces enable
communication between processors and audio modules.
The choice and optimization of I/O interfaces directly affect system latency and audio fidelity,

making them crucial in real-time applications.
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Figure 1 illustrates a typical embedded system architecture for real-time audio processing.

2.1 Characteristics of Real-Time Audio Systems

Real-time audio processing systems are embedded systems designed to acquire, process, and
output audio signals with minimal delay while maintaining high fidelity. These systems must
meet strict performance and reliability criteria due to the perceptual sensitivity of human
hearing and the operational constraints of embedded platforms. Several key characteristics

define the effectiveness of real-time audio systems:

2.1.1 Low Latency
Definition: Latency refers to the time delay between the input of an audio signal and its
corresponding output after processing. In real-time audio systems, latency must be extremely
low—typically within a few milliseconds—to ensure that the processed sound is perceived as
instantaneous by the listener.
Importance: High latency can cause noticeable delays, resulting in echoes or a disjointed
audio experience. This is particularly critical in applications such as:

o Hearing aids: Even a 5-10 ms delay can cause a disorienting experience for users.

e Live music performance: Musicians rely on near-instantaneous feedback; delays

greater than 10 ms can disrupt timing.
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e Voice communication systems: Teleconferencing requires sub-20 ms latency to avoid

conversational overlap.
Implementation Considerations:

e Optimized Algorithms: Efficient FIR/IIR filtering and FFT implementations reduce
computation time.

o Hardware Acceleration: DSPs and FPGAs can process audio frames faster than
general-purpose MCUs.

o Buffer Management: Double buffering and DMA (Direct Memory Access) reduce

CPU idle time and minimize delays.

2.1.2 Deterministic Behavior
Definition: Deterministic behavior refers to the system’s ability to execute tasks within a
predictable timeframe, consistently meeting real-time deadlines.
Importance: In real-time audio processing, unpredictability can result in glitches, audio
dropouts, or artifacts. Deterministic execution ensures that processing pipelines complete on
time, even under varying system loads.
Examples of Non-Deterministic Behavior:
o Interrupts from other peripherals delaying audio processing.
e Cache misses or memory contention in multi-core processors.
e OS scheduling delays in non-real-time operating systems.
Implementation Considerations:
e Real-Time Operating Systems (RTOS): Prioritize audio tasks and provide
deterministic scheduling.
o Static Memory Allocation: Avoid dynamic memory allocation during processing to
prevent unpredictable delays.
o Fixed-Point Arithmetic: Ensures predictable execution times compared to floating-

point operations, especially on resource-constrained MCU .

2.1.3 Resource Efficiency
Definition: Resource efficiency is the ability of the embedded system to maximize
performance while minimizing the use of computational, memory, and energy resources.

Importance: Embedded platforms are typically limited in:
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e Memory: Buffers and audio frames must fit within RAM constraints.

e CPU Power: The processor must execute audio algorithms without overloading.

o Battery Life: Low power consumption is critical for portable devices like hearing aids
or wireless earbuds.

Strategies for Resource Efficiency:

e Algorithm Optimization: Reduce the complexity of audio algorithms, e.g., using
polyphase filters or pruning Al models.

e Low-Power Hardware: Use MCUs with integrated DSP instructions or energy-
efficient cores.

e Duty Cycling: Turn off or idle unused modules during processing gaps to save power.

2.1.4 Scalability
Definition: Scalability is the system’s ability to adapt to varying workloads, including different
sampling rates, audio channel counts, or additional processing tasks.
Importance: Audio systems often need to handle:
e Multiple Channels: Stereo, 5.1 surround sound, or microphone arrays.
e Variable Sampling Rates: 8§ kHz for speech, 44.1 kHz for music, or 96 kHz for
professional audio.
o Additional Features: Adding noise suppression, Al-based enhancements, or effects
without redesigning the system.
Implementation Considerations:
e Modular Architecture: Separate hardware and software modules allow easy addition
of channels or processing stages.
e Dynamic Resource Allocation: RTOS and intelligent scheduling can assign
processing power based on demand.
o Hardware Acceleration: FPGAs and DSPs can be scaled to handle multiple channels

in parallel.

3. Audio Signal Processing Techniques in Embedded Systems

Real-time audio processing in embedded systems relies on techniques from classical digital
signal processing (DSP) as well as modern Al-assisted methods. The choice of technique
depends on the target application, latency requirements, available hardware resources, and

desired audio quality. While classical DSP methods provide deterministic performance with
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low computational overhead, Al-assisted approaches enable advanced features such as

adaptive noise suppression and sound classification with improved accuracy.

3.1 Classical DSP Techniques

Classical DSP techniques form the foundation of most embedded audio systems. They

manipulate digital audio signals in either the time domain or frequency domain to achieve

desired effects such as filtering, echo cancellation, or audio equalization.

3.1.1 Filtering

Filtering is a fundamental technique used to enhance or suppress specific frequency

components in an audio signal. Two main types of filters are widely used in embedded audio

systems:

1. Finite Impulse Response (FIR) Filters:

@)

o

FIR filters have a finite duration impulse response and are inherently stable.
They are widely used in audio equalization, high-pass or low-pass filtering, and
noise suppression.

FIR filters can be implemented efficiently using convolution of input audio
frames with filter coefficients.

Example in embedded systems: A hearing aid may use FIR filters to attenuate

background noise while amplifying speech frequencies.

2. Infinite Impulse Response (IIR) Filters:

@)

o

IIR filters have feedback and an infinite-duration impulse response.

They achieve sharper frequency responses with fewer coefficients compared to
FIR filters, making them computationally efficient for embedded platforms.
IIR filters are commonly used in tone control, audio enhancement, and low-

latency filtering tasks.

Implementation Considerations:

o Fixed-point arithmetic is often preferred for MCUs to reduce computation time.

e DSPs can leverage hardware MAC (Multiply-Accumulate) units for high-speed

filtering.
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3.1.2 Fourier Transform (FFT)
The Fast Fourier Transform (FFT) converts a discrete-time audio signal from the time domain
to the frequency domain, enabling spectral analysis, pitch detection, and equalization.
Applications:
e Spectral noise reduction
e Audio feature extraction for Al models
e Real-time pitch correction in music processors
Embedded Implementation:
e FFT algorithms are optimized for power-of-two frame sizes (radix-2 FFT) to reduce
computational complexity.
e DSPs and FPGAs provide hardware-accelerated FFT cores for low-latency, multi-
channel audio processing.
Example: An FPGA-based music synthesizer may perform FFT on multiple audio channels

simultaneously to implement real-time spectral effects.

3.1.3 Convolution
Convolution is used to apply filters in the time domain or simulate acoustic environments in
real time.
Applications:
o Reverb effects and spatial audio processing
e Room acoustics simulation in virtual environments
e Audio equalization
Implementation Considerations:
e Time-domain convolution is computationally intensive for long filters.
e Frequency-domain convolution (using FFT) is often preferred in embedded systems for
efficiency.
o FPGA and DSP platforms are ideal for implementing parallel convolution for multi-

channel audio streams.

3.1.4 Adaptive Filtering
Adaptive filters dynamically adjust their coefficients to minimize a defined error signal. They
are essential for applications where the audio environment changes over time.

Common Algorithms:
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e Least Mean Squares (LMS): Simple and efficient; commonly used in echo
cancellation and noise suppression.
e Recursive Least Squares (RLS): Offers faster convergence than LMS but is
computationally more demanding.
Applications:
e Echo cancellation in telecommunication systems
e Noise reduction in hearing aids or mobile devices
e Beamforming in microphone arrays
Implementation Considerations:
e LMS is widely used in resource-constrained MCUs due to its low computational load.

e DSPs and FPGAs enable high-speed implementation of RLS for multi-channel audio.

3.2 Al-Assisted Audio Processing

With the rise of edge AI and embedded machine learning, Al-based audio processing
techniques have become increasingly common. These methods often complement classical
DSP techniques, providing enhanced performance for tasks that are difficult to achieve using

deterministic filters alone.

3.2.1 Speech Enhancement
Neural networks can reduce noise and reverberation while preserving speech intelligibility.
Techniques include:

e Denoising Autoencoders (DAE): Learn to map noisy audio frames to clean speech.

e Recurrent Neural Networks (RNNs): Capture temporal dependencies in speech for

dynamic noise suppression.

Embedded Implementation:

o Lightweight models are quantized and pruned to run efficiently on MCUs or DSPs.

e FPGAs can accelerate inference for low-latency real-time audio applications.
Example: Smart speakers employ Al-based speech enhancement to improve voice recognition

in noisy environments.

3.2.2 Voice Activity Detection (VAD)

VAD identifies periods of speech in an audio stream. Accurate detection is critical for:
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e Reducing processing power in devices by only activating processing during speech
segments
o Triggering voice-controlled devices or assistants
Embedded Implementation:
o Simple energy-based VAD algorithms are suitable for MCUSs.
e Convolutional Neural Networks (CNNs) or lightweight RNNs can improve detection

accuracy in noisy environments.

3.2.3 Sound Classification
Embedded systems can classify audio events in real time, enabling features such as:
e Environmental sound recognition in smart homes
o Event detection for surveillance or health monitoring
e Music genre recognition and instrument identification
Techniques:
e CNNs are used for spectral feature analysis.
e RNNs or LSTMs capture temporal patterns in audio sequences.
Implementation Considerations:
e Models are optimized using pruning, quantization, or knowledge distillation to fit in
constrained memory.
e DSPs and FPGAs are preferred for low-latency inference when multiple audio streams
are processed simultaneously.

Table 1 summarizes common techniques used in embedded audio processing.

Embedded Platform
Technique Purpose
Suitability
FIR/IIR Filters Noise reduction, equalization MCU, DSP
FFT Spectral analysis, pitch detection |[DSP, FPGA
Adaptive Filtering||Echo cancellation, dynamic noise
. DSP, FPGA
(LMS/RLS) suppression
Convolution/Reverb Audio effects, spatial audio DSP, FPGA
Speech enhancement,|MCU (lightweight), FPGA,
Neural Networks ) )
classification Edge Al
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4. Hardware Platforms for Real-Time Audio Processing

The choice of hardware significantly affects system performance and latency.

4.1 Microcontrollers (MCUs)
MCUs with integrated DSP instructions, such as ARM Cortex-M4/M7 series, are widely used
in portable audio devices. They balance energy efficiency and moderate computational
capacity, suitable for mono or stereo audio streams.

4.2 Digital Signal Processors (DSPs)
Dedicated DSP chips, like Texas Instruments C6000 series, offer optimized multiply-
accumulate units (MAC) and hardware accelerators for FFT, filtering, and audio codecs. DSPs
are ideal for real-time multi-channel processing.

4.3 Field-Programmable Gate Arrays (FPGAs)
FPGAs are favored in low-latency and high-throughput applications like live audio effects,
beamforming, and professional music equipment. Their parallel architecture enables
simultaneous computation of multiple audio channels.

4.4 Hybrid Architectures
Combining MCUs, DSPs, and FPGAs in a co-designed system can exploit the strengths of each

component while minimizing power consumption.

5. Software and Algorithm Optimization
Embedded audio processing requires careful software design to meet real-time constraints.
5.1 Fixed-Point Arithmetic
Using fixed-point instead of floating-point operations reduces computational load and memory
usage while maintaining acceptable audio quality.
5.2 Buffering and DMA
Double buffering and Direct Memory Access (DMA) minimize latency and CPU overhead
during audio streaming.
5.3 Algorithmic Optimization

o FFT Optimization: Use radix-2 or split-radix FFT to reduce computation.

o Filter Optimization: Implement polyphase structures and coefficient quantization.

e Al Model Compression: Quantization and pruning reduce memory footprint of neural

networks.
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Figure 2 shows the software pipeline for embedded real-time audio processing.

6. Applications of Real-Time Audio Processing Embedded Systems

Embedded audio systems are deployed in diverse real-world applications:

6.1 Hearing Aids and Assistive Devices
Noise suppression, directional microphones, and feedback cancellation improve hearing
clarity.

6.2 Mobile and Wearable Devices
Voice assistants, call enhancement, and music playback require low-latency audio processing.
6.3 Live Music and Audio Effects
Guitar effects, synthesizers, and audio mixing consoles use FPGA-based systems for multi-
channel real-time processing.

6.4 Telecommunication Systems
Embedded echo cancellation, noise reduction, and audio compression improve call quality over
constrained networks.

6.5 Automotive Audio Systems
Embedded audio DSPs manage in-car speaker equalization, active noise cancellation, and

spatial sound enhancement.

7. Emerging Trends
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7.1 Edge Al for Audio
Lightweight neural networks are increasingly deployed on MCUs or edge devices for real-time
speech and sound classification.

7.2 Low-Power Designs
Advanced power management and energy-efficient MCUs allow continuous audio processing
in battery-operated devices.

7.3 FPGA and ASIC Integration
Custom FPGA and ASIC solutions are designed for ultra-low latency, multi-channel audio
processing in professional applications.

7.4 Cloud-Connected Audio Systems
Hybrid processing where low-latency tasks run locally while computationally heavy tasks

offload to the cloud.

8. Challenges

e Latency Constraints: Maintaining sub-millisecond latency is critical in live
applications.

e Resource Limitations: Memory, processing power, and energy constraints limit
algorithm complexity.

e Noise and Environmental Variability: Embedded systems must adapt to diverse
acoustic environments.

o Integration Complexity: Combining hardware accelerators and Al models requires

careful co-design.

9. Future Directions

e Neuro-inspired Audio Processing: Leveraging spiking neural networks for ultra-low-
power audio recognition.

e 5G and IoT Integration: Seamless connectivity for distributed audio processing and
augmented reality applications.

e Adaptive Embedded Systems: Self-tuning algorithms that optimize processing based
on environmental feedback.

e Quantum DSP Exploration: Investigating quantum-based audio processing for high-

throughput tasks (early research stage).
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10. Conclusion

Embedded systems are essential for real-time audio processing applications. Selecting the

appropriate hardware and optimizing algorithms are crucial for achieving low-latency, high-

quality audio output in resource-constrained environments. With the integration of Al, FPGA

acceleration, and power-efficient designs, embedded audio systems continue to expand into

wearable devices, hearing aids, automotive systems, and live music processing. Future research

will likely focus on hybrid architectures, adaptive systems, and low-power edge Al solutions

to meet the growing demand for intelligent, real-time audio processing.
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