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Abstract - Sonar Acoustic feedback remains a critical limitation in sound reinforcement and communication systems, 

particularly in environments where microphones and loudspeakers operate close proximity. Traditional suppression 

methods such as notch filtering, phase shifting, and frequency shifting provide partial relief but often introduce latency, 

tonal coloration, and reduced audio quality. Recent work has increasingly explored adaptive approaches and hardware 

acceleration to address these limitations. In parallel, Field-Programmable Gate Arrays (FPGAs) have emerged as 

attractive platforms for real-time audio processing due to their parallelism, deterministic timing, and flexibility. This 

paper presents a comprehensive review of algorithms and implementation strategies for acoustic feedback suppression 

with emphasis on FPGA-based realization. Traditional and adaptive algorithms, including LMS-based feedback 

cancellation and transform-domain methods, are examined in terms of performance trade-offs, hardware cost, and 

suitability for real-time deployment. The review also analyzes practical challenges such as clock synchronization, 

resource utilization, precision management, and system scalability. A synthesis of the literature reveals key research 

gaps, including the scarcity of complete FPGA implementations, limited consideration of multi-microphone systems, 

minimal real-time testing, and lack of comparative benchmarking across algorithms on common hardware platforms. 

To address these gaps, the paper proposes a review-driven design perspective focusing on adaptive FPGA architectures, 

resource-optimized LMS variants, multi-path modeling, and systematic real-world validation. The findings 

demonstrate that FPGAs hold significant potential as enabling platforms for next-generation, low-latency acoustic 

feedback suppression systems capable of moving from laboratory prototypes to practical deployment. 

Index Terms - Acoustic feedback suppression, FPGA, adaptive filtering, LMS, real-time DSP, audio systems 

1. INTRODUCTION                                                                     

Acoustic feedback - often heard as a high-pitched “howling” or whistling tone occurs when sound from a 

loudspeaker is re-captured by a microphone and re-amplified in a closed loop. As the feedback loop 

repeatedly reinforces certain frequencies, the system becomes unstable, resulting in distortion, discomfort, 

and potential equipment damage. The problem is especially pronounced in live sound reinforcement, hearing 

aids, conference rooms, lecture halls, and public-address systems, where microphones and loudspeakers 

operate in proximity. Beyond the audible annoyance, feedback fundamentally limits the maximum usable 

gain of an audio system and reduces speech intelligibility, making its suppression a critical requirement in 
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practical sound applications.[1] 

Over several decades, researchers and engineers have developed a wide range of feedback-mitigation 

techniques. Traditional approaches such as notch filtering, phase shifting, and frequency shifting attempt to 

attenuate or decorrelate problematic frequencies. More advanced solutions incorporate adaptive filtering and 

model-based estimation to predict and cancel feedback paths dynamically. While these strategies can be 

effective, they often introduce trade-offs including signal coloration, loss of natural sound quality, stability 

issues, or increased latency. These challenges become more severe in environments with multiple 

microphones, time-varying acoustics, and changing system configurations—scenarios that are increasingly 

common in modern audio systems.[2], [3] 

Conventional digital signal processors (DSPs) and microcontrollers are frequently used to implement 

feedback-suppression algorithms. However, their inherently sequential processing architecture can make it 

difficult to satisfy simultaneous requirements for low latency, high throughput, and real-time adaptability. As 

audio systems evolve toward higher sampling rates, multichannel layouts, and more sophisticated control 

logic, computational demands continue to rise, creating the need for hardware platforms that can execute 

complex algorithms without compromising responsiveness.[4], [5] 

Field-Programmable Gate Arrays (FPGAs) have therefore gained increasing attention as an attractive 

alternative for audio processing tasks. FPGAs provide a reconfigurable hardware platform capable of true 

parallel processing, deterministic timing behavior, and tight integration between control and signal-

processing blocks. Instead of executing operations sequentially, FPGAs allow designers to construct 

dedicated data paths that process multiple audio streams simultaneously, significantly reducing processing 

latency. Their flexibility also enables customization of arithmetic precision, resource allocation, and pipeline 

depth to suit specific algorithms and system constraints. These characteristics make FPGAs particularly well 

suited for real-time acoustic feedback suppression, especially in systems where multiple inputs, low power 

consumption, and scalability are required.[6] 

Despite these advantages, the application of FPGA technology to acoustic feedback suppression remains 

relatively underexplored compared with software-based implementations.[7] Much of the existing literature 

focuses either on algorithmic development or on hardware prototyping, but rarely on how specific feedback-

suppression methods translate effectively into FPGA architectures. There is limited consolidated discussion 

on design trade-offs, resource utilization, latency considerations, and comparative performance across 

algorithms when implemented on hardware.[8] 

For these reasons, a comprehensive review is both timely and necessary. This paper examines existing 

approaches to acoustic feedback suppression with particular emphasis on their realization in FPGA-based 

systems. The review highlights fundamental techniques, implementation challenges, and performance 

characteristics while identifying research gaps and emerging opportunities. By synthesizing findings across 

disciplines, including audio engineering, adaptive signal processing, and reconfigurable computing this work 

aims to provide guidance for future developments in efficient, scalable, and low-latency feedback-

suppression solutions. development. 

2. BACKGROUND 

2.1. Acoustic Feedback Mechanism 

Acoustic feedback occurs when part of the sound produced by a loudspeaker is picked up again by a nearby 
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microphone, re-amplified, and reintroduced into the system.[9] This creates a closed feedback loop in which 

the signal repeatedly circulates through the amplification path. When the loop gain at certain frequencies 

exceeds unity and the phase conditions align, those frequencies become self-sustaining, resulting in the 

familiar high-pitched howling or whistling tone. Beyond degrading audio quality, persistent feedback can 

damage speakers, reduce speech intelligibility, and limit how much gain a system can safely apply. Managing 

feedback is therefore essential for stable operation in public-address systems, hearing aids, conference setups, 

and live sound reinforcement.  

2.2. Basic Noise-Cancellation Concepts 

Noise cancellation techniques aim to reduce unwanted signals while preserving the desired audio content. In 

conventional systems, filtering methods such as notch filters or band-pass filters remove energy at 

problematic frequencies. However, static filters cannot adapt to environments where noise characteristics 

change over time. More advanced approaches use reference-based cancellation: a reference signal that is 

correlated with the unwanted noise is processed to generate an “anti-noise” signal, which is then subtracted 

from the contaminated audio. The effectiveness of this strategy depends heavily on how accurately the system 

models the noise path and how quickly it can react to variations.[10] 

2.3. Adaptive Filtering 

Adaptive filters extend traditional filtering by continuously adjusting their coefficients in real time to 

minimize the error between the desired signal and the output. Instead of relying on fixed parameters, they 

learn the statistical relationship between the reference noise and the recorded signal as the system operates. 

Algorithms such as the Least Mean Squares (LMS) and its variants update the filter weights iteratively, 

allowing the filter to track changes in the acoustic environment, microphone placement, and system gain. 

This makes adaptive filtering particularly suitable for acoustic feedback suppression, where conditions are 

highly dynamic and static filters often underperform.[11] 

3. REVIEW OF EXISTING FEEDBACK SUPPRESSION ALGORITHMS 

Feedback suppression strategies can generally be grouped into traditional signal-processing techniques and 

adaptive algorithms. Traditional approaches focus on attenuating or altering the frequencies most prone to 

feedback, while adaptive approaches model the feedback path and cancel it dynamically. This section reviews 

the main methods used in practice, emphasizing their advantages and limitations.[12] 

3.1. Traditional Methods 

3.1.1. NOTCH FILTERS 

Notch filters are among the earliest and most widely implemented solutions. They insert narrow attenuation 

bands at frequencies where feedback emerges, thereby suppressing oscillation while preserving most of the 

spectrum. Their main benefits include simplicity, robustness, and low computational cost; they operate 

effectively in systems where feedback consistently occurs near predictable resonances.[13], [14] 

However, notch filters inevitably remove portions of the desired signal as well. Multiple notches can 

introduce audible coloration, producing a thin or hollow sound. A further limitation is that conventional 

notches are typically static, meaning that frequency drifts caused by environmental changes may no longer 

be addressed. Automatic notch systems exist but can react slowly and occasionally mistake musical 

harmonics for feedback tones.[15] 
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3.1.2. PHASE SHIFTING 

Phase-shifting techniques introduce small phase adjustments to disrupt the constructive loop conditions 

responsible for feedback. Because they do not depend on precise frequency detection, they are attractive in 

terms of simplicity and implementation effort.[16] 

Yet phase shifting does not remove feedback energy; it only redistributes it. Listeners may perceive chorus-

like artifacts, and at higher gains the system can still slip into oscillation. Consequently, phase shifting is 

often viewed as a supportive, rather than primary, feedback-control mechanism.[17] 

3.1.3. FREQUENCY SHIFTING 

Frequency shifting slightly offsets the signal spectrum, breaking correlation between microphone and 

loudspeaker signals. This method can yield noticeable increases in stable gain in speech-oriented systems 

and works well across diverse rooms.[18], [19] 

The cost is perceptual quality. Speech can sound metallic, and musical material suffers strongly. As with 

phase shifting, extreme gain ultimately overwhelms the effect, limiting its role in high-fidelity audio 

applications. 

3.2. Adaptive Algorithms 

Unlike traditional suppression methods, adaptive algorithms continuously estimate the feedback path and 

attempt to cancel it before oscillation develops. This makes them more suitable for environments with 

changing acoustics. 

3.2.1. LEAST MEAN SQUARES (LMS) ALGORITHM 

The Least Mean Squares (LMS) algorithm adjusts the coefficients of an FIR filter to minimize the difference 

between the microphone signal and its predicted value. Its strengths include low computational demand, 

stable behavior, and suitability for real-time hardware. LMS adapts gradually to slow changes such as 

microphone movement or audience presence.[20] 

Its primary limitation is sensitivity to the learning rate and reduced effectiveness in highly tonal conditions, 

where convergence may stall. 

3.2.2. NORMALIZED LMS (NLMS) 

NLMS compensates for LMS limitations by scaling the update step with input power. It converges more 

rapidly and consistently, especially when signal amplitudes fluctuate. Nevertheless, it introduces slightly 

higher computation and can still struggle in strongly tonal environments.[21], [22] 

3.2.3. ADAPTIVE FEEDBACK CANCELLATION (AFC) 

AFC systems explicitly estimate the loudspeaker-to-microphone transfer path and generate an opposing 

signal to suppress feedback. They generally preserve audio quality better than traditional filters and can 

permit higher usable gain. However, they are vulnerable to bias if parts of the desired signal leak into the 

adaptive model, and they require greater algorithmic and hardware sophistication.[23], [24] 
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3.2.4. OTHER VARIANTS AND HYBRID APPROACHES 

More advanced methods including Recursive Least Squares (RLS) and hybrid models combining adaptive 

filters with selective notches offer faster adaptation and added robustness. Their drawback is complexity, 

higher resource consumption, and more challenging parameter tuning.[25], [26] 

3.3. Summary Perspective 

Overall, development trends show a shift from static suppression toward adaptive, model-driven approaches. 

Traditional techniques remain useful in fixed or low-cost deployments but struggle in dynamically changing 

environments. Adaptive algorithms provide superior transparency and flexibility, although they introduce 

challenges in convergence control and computational load. These factors help explain the growing interest in 

FPGA-based implementations explored later in this review, where parallelism and deterministic timing can 

support the demands of advanced feedback-suppression strategies. 

4. FPGA-BASED IMPLEMENTATIONS 

Field-Programmable Gate Arrays (FPGAs) have emerged as a compelling hardware platform for real-time 

audio processing and feedback suppression. Unlike conventional processors, FPGAs allow designers to 

implement dedicated digital signal-processing pipelines directly in hardware. This provides parallel 

execution, deterministic timing, and extremely low latency, all of which are essential when feedback must be 

controlled before it becomes audible. Two major FPGA-based approaches dominate literature: transform-

domain methods, particularly wavelet-packet analysis, and adaptive filtering architectures such as LMS-

based cancellers. 

4.1. Wavelet-Packet Transform Approaches 

Wavelet-packet FPGA implementations decompose the input signal into multiple frequency sub-bands using 

a tree of digital filters. Feedback-dominant bands are identified by monitoring their energy levels, 

reconstructed, and selectively removed from the original signal. Because the transform operates in narrow 

frequency regions, only problematic components are suppressed, preserving most of the audio spectrum.[27], 

[28] 

 

The strength of this approach lies in its spectral selectivity and ability to reduce coloration compared with 

static notch filters. At the same time, the design demands significant computational resources: decomposition, 

reconstruction, and threshold-decision logic require multiple multipliers, buffers, and control structures. 

Although pipelining mitigates latency, overall complexity and tuning effort remain higher than in simpler 

feedback-suppression systems. As a result, wavelet-based FPGA designs are best suited to applications 

prioritizing sound fidelity and controlled suppression. 

4.2. LMS-Based Adaptive Filter Implementations 

A more widely adopted strategy on FPGA platforms uses adaptive filtering, particularly the Least Mean 

Squares (LMS) algorithm. Here, an FIR filter models the acoustic feedback path, updating its coefficients 

every sample to minimize the error between the microphone signal and an estimated feedback replica. The 

FPGA’s DSP slices efficiently implement the multiply-accumulate operations needed for coefficient updates 

and filtering.[29], [30] 

LMS-based systems offer a strong balance of simplicity, robustness, and real-time performance. They adapt 
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naturally to changes such as microphone movement, audience presence, or varying amplification levels. Filter 

size and precision can be scaled to match available FPGA resources, and latency can be reduced to only a 

few clock cycles. Normalized variants (NLMS) further improve convergence when signal amplitudes 

vary.[31], [32] 

However, performance is sensitive to learning-rate tuning, and convergence slows in highly tonal signals. 

Moreover, the algorithm assumes largely linear behavior, whereas real loudspeaker–room systems often 

contain nonlinear effects that reduce cancellation accuracy. Even so, LMS architecture remains among the 

most practical for FPGA-based feedback suppression due to their predictable resource usage and stable 

operation. 

4.3. Advantages of FPGA Architectures 

Across implementations, several advantages are consistent: 

• Ultra-low latency: pipelined hardware eliminates instruction overhead. 

• True parallelism: multiple channels and filters operate simultaneously. 

• Deterministic timing: no operating-system jitter or scheduling delays. 

• Configurable precision: designers optimize resource usage and accuracy. 

These properties make FPGAs particularly appealing for live-sound, multi-microphone, and embedded audio 

applications where responsiveness is critical.[33] 

4.4. Implementation Challenges 

Despite these benefits, practical challenges persist. FPGA-based audio systems require careful clock 

generation and synchronization with codecs; errors can introduce jitter or desynchronization. More advanced 

algorithms can consume significant logic, memory, and DSP resources, especially in multi-channel systems. 

Development complexity is also higher than for software implementations, and debugging adaptive behavior 

on hardware often requires specialized tools and careful simulation. 

4.5. Summary 

Overall, FPGA implementations reflect a shift from static filtering toward adaptive and selective suppression 

strategies capable of operating in true real time. Wavelet-packet approaches offer fine frequency control at 

the cost of complexity, while LMS-based designs provide a practical compromise between performance and 

implementation effort. The literature shows that, when designed carefully, FPGAs can meaningfully extend 

gain margins and reduce audible feedback without sacrificing sound quality positioning them as a key 

enabling technology for next-generation feedback-suppression systems. 

5. RESEARCH GAP AND PROPOSED SOLUTION 

Although a range of acoustic feedback suppression techniques has been explored in the literature, several 

important gaps remain particularly when considering real-time FPGA implementation. Most prior work 

focuses on algorithm development using simulations or DSP-based platforms, while comparatively few 

studies deploy complete feedback-suppression systems on FPGAs. As a result, the practical implications of 

hardware constraints, such as fixed-point precision, resource utilization, and timing closure, are not well 

documented. 

Another significant limitation is that existing approaches typically assume a single-microphone 
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configuration, even though modern public-address and live-sound environments commonly rely on multiple 

microphones operating simultaneously. Multi-path feedback interactions are therefore overlooked, limiting 

the scalability of current designs. 

Moreover, many reported implementations lack extensive real-time experimental evaluation. Performance is 

often demonstrated using prerecorded datasets or controlled laboratory conditions. Such setups fail to capture 

dynamic acoustic changes, codec synchronization issues, and latency effects that appear during real 

deployment. Finally, there is limited comparative analysis across algorithms implemented on the same FPGA 

platform. This makes it difficult to determine which method best balances suppression effectiveness with 

hardware cost and latency. 

To address these gaps, this paper proposes a review-driven design perspective focused on FPGA-based 

feedback suppression architectures. The proposed direction emphasizes: 

(1) implementing adaptive algorithms directly on FPGA hardware, 

(2) extending designs to support multi-microphone feedback paths, 

(3) optimizing LMS-type architectures for low-resource devices, and 

(4) validating performance through comprehensive real-time testing frameworks. 

By synthesizing existing research and aligning it with practical hardware considerations, this review 

highlights pathways toward scalable, low-latency, and implementation-aware feedback suppression systems 

that can move from laboratory prototypes to reliable field deployments. 

6. CONCLUSION 

This review examined current strategies for acoustic feedback suppression with particular emphasis on their 

translation to FPGA-based implementations. Traditional suppression techniques—while simple and widely 

used struggle to maintain audio quality and stability in dynamic environments. Adaptive approaches provide 

improved transparency and responsiveness, but their computational demands and design complexity have 

limited widespread hardware deployment. FPGAs offer a compelling solution by enabling true parallel 

processing, deterministic latency, and configurable precision. The literature shows that algorithms such as 

LMS-based adaptive cancellation and wavelet-packet techniques can be mapped effectively onto FPGA 

architectures, providing meaningful increases in usable gain with reduced coloration. At the same time, 

important challenges persist, including resource constraints, synchronization issues with audio codecs, 

algorithm tuning, and limited availability of standardized testing frameworks. The review identified several 

gaps that must be addressed before FPGA-based feedback suppression becomes commonplace: the scarcity 

of full system implementations, a lack of support for multi-microphone scenarios, minimal real-time 

evaluation, and limited cross-algorithm comparisons on consistent hardware platforms. Addressing these 

gaps will require tighter integration of algorithm design and hardware architecture, along with systematic 

benchmarking in realistic acoustic environments. Overall, the evidence suggests that FPGAs are not merely 

an implementation option but a key enabler for scalable, low-latency feedback suppression. By combining 

adaptive algorithms, hardware-aware optimization, and rigorous validation, future systems can deliver 

reliable performance suitable for live sound, communication, and embedded audio applications. 
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