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Abstract 

 
Digital multi-band audio equalizers are widely used to control and improve the quality of audio signals by 

adjusting different frequency bands. In recent years, many researchers have implemented digital audio 

equalizers using hardware description languages such as Verilog, mainly targeting FPGA-based systems. 

This review paper presents an overview and comparison of various design approaches used for 

implementing digital multi-band audio equalizers using Verilog HDL. The paper reviews different 

equalizer design choices reported in existing literature, including filter types, number of frequency bands, 

arithmetic representations, and implementation styles. Special attention is given to simulation-based 

Verilog designs, as they are commonly used in academic and early-stage research for functional 

verification and performance evaluation. By comparing these approaches, the review highlights the 

advantages, limitations, and design trade-offs involved in Verilog-based digital audio equalizer 

implementations. Finally, the paper identifies key challenges and future research directions for developing 

efficient and reliable digital multi-band audio equalizers suitable for real-time audio applications. 

Hardware Description Language (HDL), targeting Field-Programmable Gate Array (FPGA) platforms. 

The work addresses the increasing demand for high-performance, real-time audio signal processing 

systems. Traditional analog equalizers are characterized by limitations such as low precision, phase 

nonlinearity, and susceptibility to distortion. The proposed system leverages digital signal processing 

(DSP) techniques to overcome these issues, offering superior performance and reproducibility. The core 

of the equalizer is a bank of Infinite Impulse Response (IIR) biquad filters, which are selected for their 

computational efficiency. A significant contribution of this research is the optimization of the filter's core 

arithmetic unit by integrating a high-speed Wallace Tree multiplier architecture. This approach is intended 

to minimize computational latency and improve overall system throughput. The system architecture, 

design methodology, and Verilog implementation details are presented. The performance of the design is 

analyzed based on key metrics, including frequency response, Signal-to-Noise Ratio (SNR), hardware 

resource utilization, and timing performance. The simulation results demonstrate the design's ability to 

provide precise control over audio frequency bands while maintaining high signal integrity and 

computational speed, validating its suitability for real-time DSP applications. 
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1. Introduction 

Audio signal processing plays an important role in modern communication and entertainment systems 

such as music players, mobile devices, broadcasting equipment, and hearing aids. One of the most 
commonly used audio processing blocks is the audio equalizer, which allows the adjustment of different 

frequency components of an audio signal to improve sound quality or match user preferences. Among 
various types, digital multi-band audio equalizers are widely preferred due to their flexibility, stability, and 

ease of control compared to analog equalizers. 

 

With the advancement of digital technology, many audio processing systems have shifted from 

softwarebased solutions to hardware-oriented designs in order to achieve real-time performance. Hardware 
Description Languages (HDLs), such as Verilog, have become popular for implementing digital audio 

equalizers, especially for FPGA-based platforms. Verilog-based designs offer advantages such as parallel 

processing capability, reconfigurability, and efficient utilization of hardware resources. As a result, a large 
number of research works have focused on implementing digital multi-band audio equalizers using Verilog 

HDL and validating their performance through simulation and synthesis tools. 

 

Existing research shows that there are multiple ways to design a digital multi-band audio equalizer, and 
each design approach involves certain trade-offs. These trade-offs include the choice of filter type, the 

number of frequency bands, arithmetic representation, and overall system complexity. Many academic 
works, particularly at the early research stage, rely on simulation-based validation to analyze frequency 

response, timing behavior, and functional correctness before moving toward full hardware 
implementation. Understanding these design choices is important for selecting an appropriate equalizer 

architecture for a given application. 

 

The objective of this review paper is to study and compare different design methodologies used for 

implementing digital multi-band audio equalizers using Verilog HDL. Instead of presenting a new design, 
this paper reviews existing literature to highlight commonly used architectures, implementation strategies, 

and validation approaches. The review aims to provide a clear understanding of the advantages and 

limitations of various design choices and to identify open challenges and future research directions in the 
field of Verilog-based digital audio equalizer design. 

 

2. Literature Review 

 
Digital multi-band audio equalizers have been widely studied in the field of digital signal processing due 

to their importance in audio enhancement applications. Early research work mainly focused on 

softwarebased implementations using platforms such as MATLAB and Simulink, where the emphasis was 

on filter design and frequency response analysis. These approaches provided high flexibility and accuracy 

but were not suitable for real-time processing due to higher computational delay. 

 

With the increasing demand for real-time audio processing, researchers began exploring hardwareoriented 

implementations of digital audio equalizers. FPGA-based systems gained popularity because they offer 

parallel processing capability, reconfigurability, and faster execution compared to software-only solutions. 

Several studies reported the implementation of digital audio equalizers using Hardware Description 

Languages such as Verilog and VHDL, targeting FPGA platforms for improved performance. Many works 

in the literature classify digital audio equalizers based on the type of filters used. FIR-based equalizers are 

commonly used due to their inherent stability and linear phase characteristics. However, FIR filters often 

require a large number of coefficients, which increases hardware resource usage and computational 

complexity. To overcome this limitation, several researchers have proposed IIR-based equalizer designs, 

which achieve similar frequency response characteristics with lower filter order and reduced hardware 

requirements. These designs are often preferred for FPGA-based implementations where resource 

efficiency is an important concern. 

Another important aspect discussed in the literature is the arithmetic representation used in digital 
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equalizer designs. Fixed-point arithmetic is widely adopted in Verilog-based implementations due to its 

lower hardware cost and faster processing speed. Although fixed-point designs may introduce quantization 

errors, many studies have shown that acceptable audio quality can still be achieved with proper wordlength 

selection. Floating-point implementations, while offering higher precision, are less commonly used in 

FPGA-based equalizers due to increased complexity and power consumption.Several researchers have 

also focused on optimizing internal computation units such as multipliers and adders to improve system 

performance. Different multiplier architectures, including array multipliers, Booth multipliers, and tree- 

based multipliers, have been explored to reduce computation delay and improve throughput. These 

optimization techniques are often validated using simulation and synthesis results, making simulation- 

based evaluation a common practice in academic research. 

 

Overall, the literature indicates that most digital multi-band audio equalizer designs follow a 

simulationbased verification approach during the initial development stage. While some works extend 

toward hardware validation using FPGA boards, many studies rely on simulation and synthesis analysis to 

evaluate functionality, timing, and resource utilization. This review highlights the need for a clear 

understanding of design trade-offs and validation strategies when developing Verilog-based digital 

multiband audio equalizers. 

 

3. Comparative Analysis of Digital Multi-Band Audio Equalizer Design Approaches 

 
Digital multi-band audio equalizer designs reported in the literature differ mainly in terms of filter 

selection, arithmetic representation, number of frequency bands, and validation approach. Each design 

choice affects system complexity, performance, and suitability for real-time applications. This section 

compares commonly used design approaches to highlight their advantages and limitations. 

3.1 FIR-Based and IIR-Based Equalizers 

One of the primary design choices in digital audio equalizers is the selection of filter type. FIR-based 

equalizers are widely used due to their inherent stability and linear phase response, which helps preserve 

the shape of audio signals. However, FIR filters often require a high number of coefficients to achieve 

sharp frequency separation, resulting in increased hardware complexity and resource usage in FPGAbased 

implementations. 

In contrast, IIR-based equalizers can achieve similar frequency response characteristics using lower filter 

order, which reduces computational complexity and hardware requirements. Due to this advantage, IIR 

equalizers are commonly preferred in Verilog-based designs where efficient resource utilization is 

important. However, IIR filters require careful design to ensure stability and may introduce phase 

distortion if not properly implemented. 

 

3.2 Fixed-Point and Floating-Point Arithmetic 

Arithmetic representation plays a crucial role in determining the performance and hardware cost of digital 

equalizers. Fixed-point arithmetic is commonly adopted in Verilog-based designs because it requires fewer 

hardware resources and offers faster processing speed. Many simulation-based studies have shown that 

acceptable audio quality can be achieved using fixed-point arithmetic with appropriate word-length 

selection. 

Floating-point arithmetic provides higher precision and improved dynamic range but significantly 

increases hardware complexity and power consumption. As a result, floating-point implementations are 

less common in FPGA-based digital audio equalizers, especially in simulation-oriented academic designs. 

The choice between fixed-point and floating-point arithmetic depends on the required balance between 

accuracy and hardware efficiency. 
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3.3 Effect of Number of Frequency Bands 

The number of frequency bands used in a digital multi-band equalizer directly affects its flexibility and 

resolution. Equalizers with a small number of bands offer simpler implementation and lower hardware 

cost but provide limited control over the audio spectrum. Increasing the number of bands improves 

frequency selectivity and allows finer control, but also increases computational complexity and resource 

utilization. 

Literature indicates that medium-band equalizers provide a good balance between performance and 

complexity, making them suitable for FPGA-based and simulation-based implementations. Designers 

must carefully select the number of bands based on application requirements and available hardware 

resources. 

 

3.4 Simulation-Based and Hardware-Based Validation 

Most academic research on digital multi-band audio equalizers relies on simulation-based validation to 

verify functionality and analyze performance. Simulation-based approaches allow easy testing, faster 

development, and early identification of design issues without requiring physical hardware. Synthesis 

reports are often used to estimate timing and resource utilization. 

Hardware-based validation, on the other hand, involves implementing the design on an actual FPGA board 

and testing with real audio signals. While this provides more realistic performance evaluation, it requires 

additional hardware components and setup. Due to these constraints, many studies limit their validation to 

simulation and synthesis, particularly at the initial research stage. 

Comparison 

Criteria 

 

Approach A 

 

Approach B 

 

Impact on Design 

 

Filter Type 

FIR (Finite Impulse 

Response) 

IIR (Infinite Impulse 

Response) 

IIR is more resource-efficient for FPGAs but requires 

stability checks. 

 

Arithmetic Type 

 

Fixed-Point 

 

Floating-Point 

Fixed-point is preferred in Verilog for lower latency 

and less hardware area. 

 

Stability 

 

Always Stable 

 

Conditionally Stable 

IIR designs require feedback path analysis to 

prevent oscillation. 

 

Phase Response 

 

Linear (No distortion) 

 

Non-Linear 

FIR is better for high-fidelity audio; IIR is better for 

low-power hardware. 

 

Resource Usage 

High (More 

multipliers/adders) 

Low (Fewer 

coefficients) 

FIR filters increase FPGA LUT and Register 

consumption significantly. 

Validation 

Method 

 

Simulation-Based 

 

Hardware-Based 

Simulation is faster for academic verification; 

Hardware is for real-time testing. 

 

Complexity 

Simple logic, high 

resource 

Complex logic, low 

resource 

Choice depends on available FPGA slices and 

timing constraints. 

Table 1: Comparative Analysis of Digital Multi-Band Audio 

4. Challenges and Research Gaps 

4.1 Computational Latency: In multi-band equalizers, the audio signal must pass through multiple filter 

stages. This can create a delay (latency). Finding the balance between filter accuracy and processing speed 

http://www.jetir.org/


© 2025 JETIR December 2025, Volume 12, Issue 12                                          www.jetir.org (ISSN-2349-5162) 

JETIR2512518 Journal of Emerging Technologies and Innovative Research (JETIR) www.jetir.org f156 
 

is a major challenge for developers. 

4.2 Hardware Resource Constraints: Implementing many frequency bands requires a large number of 

multipliers and adders. In many FPGA-oriented designs, minimizing the area (LUT usage) while 

maintaining high-speed performance is a critical trade-off. 

4.3 Finite Word-Length Effects: Using fixed-point arithmetic in Verilog can lead to quantization noise 

and coefficient errors. Research is still ongoing to find the optimal bit-width that provides high-fidelity 

audio without over-complicating the hardware. 

4.4 Gap Between Simulation and Hardware: Many academic works, including this review's context, 

focus heavily on simulation-based validation. The transition from a simulated Verilog testbench to a 

realtime hardware implementation with ADC/DAC converters remains a significant step that requires 

further exploration. 

5. Conclusion 

 

This review paper has provided a comprehensive analysis of the design methodologies and architectural 

trade-offs involved in the development of digital multi-band audio equalizers using Verilog HDL. By 

examining various research works, it is evident that the choice of filter architecture—specifically the 

preference for IIR structures over FIR—plays a decisive role in balancing hardware resource utilization 

and computational performance. The study further highlights that fixed-point arithmetic remains the 

standard for FPGA-based implementations due to its ability to provide high-speed processing with 

minimal power consumption, despite the inherent challenges of quantization noise. 

 

The comparative analysis also underscores a significant trend in academic research where simulationbased 

validation serves as a critical first step for functional verification and timing analysis. While these 

simulations provide high confidence in the design's logic, the identified research gaps suggest that future 

developments must focus on bridging the transition from virtual testbenches to real-time hardware 

environments. Ultimately, the integration of optimized multiplier architectures and efficient filter 

realizations continues to be the primary path forward for creating high-performance, low-latency audio 

processing systems in the digital domain. 

 

6. Future Scope 

 
The future of Verilog-based audio equalizers lies in the exploration of Adaptive Equalization, where the 

system can automatically adjust its frequency response based on real-time ambient noise analysis. 

Additionally, with the rise of Edge AI, there is a significant opportunity to integrate lightweight machine 

learning algorithms into FPGA designs to optimize coefficient calculation. Finally, moving beyond 

simulation to implement these designs on System-on-Chip (SoC) platforms with integrated high-fidelity 

ADC/DAC units will be essential for the next generation of professional audio equipment. 

References 
1. Hong Guo., Dan Dan Han., Hong Guo Zhang., “Design and Implementation of High- Precision Digital 

Audio Equalizer Based on FPGA”, Trans Tech Publication Ltd, September 2013, 427-429.1187 

2. A.V. Muthyalamma., Dr.G. Srinivasa Rao., T.A.S. N Devi., Sk Munaz., Y. Vasundhara., “Design and 

Implementation of FIR Filters Using Verilog”, International Advanced Research Journal in Science, 

Engineering and Technology, 10.17148/IARJSET.2025.12497 

3. Samiullah saddique., Khawar Khan., Asad Hameed., “Design and Implementation of a 5-band Graphic 

Equalizer”, Magnetism, January 2024, http://dx.doi.org/10.13140/RG.2.2.24940.54404. 

4. MD Khairuddin Othman., T H Lim., “Run time analysis of an Audio graphic Equalizer for portable 

http://www.jetir.org/
http://dx.doi.org/10.13140/RG.2.2.24940.54404


© 2025 JETIR December 2025, Volume 12, Issue 12                                          www.jetir.org (ISSN-2349-5162) 

JETIR2512518 Journal of Emerging Technologies and Innovative Research (JETIR) www.jetir.org f157 
 

industrial directional Sound System in industrial usage”, IEEE, September 2019, 

https://doi.org/10.1109/ICIEA.2019.8833760. 

5. Dr. Paresh M Dholakia., Dr. Alpesh S Adeshara., “REALTIME IMPLEMENTATION OF DSP 

BASED AUDIO EQUALIZER”. Journal of Emerging Technologies and Innovative Research, May 

2018, 2349-5162. 

http://www.jetir.org/

