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The landscape of modern audio engineering is a complex synthesis of analog precision, digital signal processing 

(DSP), and advanced mathematical modeling. At the heart of this evolution is the work of pioneers like Professor 

Malcolm Hawksford, whose contributions, often chronicled in series such as The Essex Echo, have bridged the

gap between subjective acoustic perception and rigorous objective analysis. This article provides an in-depth

exploration of the core technical frameworks that define high-fidelity audio today, ranging from the identification of

nonlinearities in audio systems to the sophisticated management of sound exposure in public environments.

The Legacy of The Essex Echo and Hawksford’s Methodology

To understand current audio system design, one must first appreciate the methodology established by Professor 

Malcolm Hawksford. His work has consistently emphasized the importance of linear and nonlinear system 

identification. The "Essex Echo" series represents a foundational archive of technical papers that delve into the

nuances of audio amplifier systems, focusing on the preservation of signal integrity through innovative circuitry.

Hawksford's approach often involves challenging the status quo of Global Negative Feedback (GNFB). While

GNFB is a standard tool for reducing distortion and stabilizing gain, Hawksford explored its limitations, particularly

concerning transient intermodulation distortion and phase shifts at high frequencies. His research paved the way

for advanced error-correction topologies that seek to rectify errors within the amplification stage before they are

propagated through the feedback loop.

Nonlinear Audio System Identification Through Volterra Space

A significant portion of modern audio research is dedicated to understanding how systems behave when they 

deviate from linearity. Standard linear models often fail to capture the harmonic and intermodulation distortions that 

occur in real-world transducers and amplifiers. Volterra Seriesmodeling provides a robust mathematical

framework for identifying these nonlinearities.

Mathematical Foundations of Volterra Kernels

A nonlinear system can be represented by a Volterra series, which is essentially a Taylor series with memory. The 

output y(t) is related to the input x(t) through a series of multidimensional convolution integrals:

•  First-order kernel (h1): Represents the linear impulse response of the system.

•  Second-order kernel (h2): Captures the quadratic nonlinearities, such as second-harmonic distortion.

•  Higher-order kernels (hn): Account for more complex interactions and higher-order harmonics.

The identification of these kernels in Volterra Spaceallows engineers to predict how an audio system will react to

various input levels and frequencies. This is particularly crucial in high-fidelity power amplifiers where the transition

from linear operation to clipping is a critical performance metric.

Challenges in System Identification

As noted in recent technical studies, nonlinear audio system identification generally relies on three key hypotheses 

regarding the input signal: Gaussianity, Whiteness, and Stationarity. When these conditions are met, the



estimation of Volterra kernels becomes mathematically tractable. However, real-world audio signals are rarely white

or stationary, necessitating the use of specialized periodic sequences or adaptive filtering algorithms to achieve

accurate results.

The Evolution of Amplifier Topologies: Reducing Crossover Distortion

Crossover distortion remains one of the primary hurdles in Class B and Class AB power amplifiers. It occurs when 

the signal transitions between the NPN and PNP output devices, leading to a momentary non-conduction period. 

To combat this, several concepts have been proposed, most notably the Kolinummi Conceptand Hawksford's

error-correction circuits.

The Kolinummi/Hawksford/LKA Circuit Analysis

The Kolinummi concept introduces a hybrid approach that utilizes both negative and positive feedbackloops.

Unlike traditional designs that rely solely on negative feedback to suppress distortion, this architecture aims to

cancel distortion by creating an internal correction signal. By balancing the gains of the positive and negative loops,

the circuit can theoretically achieve a zero-distortion state at the output terminals.

Comparison of Feedback and Error Correction Techniques



Technique Mechanism Advantages Disadvantages

Global Negative Feedback Feedback from output to 
input

Simple, reduces THD, 
lowers output impedance

Potential for instability, 
phase shift issues

Hawksford Error Correction Local correction of the 
output stage

Very low distortion, 
improves linearity at the 
source

Requires precise 
component matching

Kolinummi Concept Dual feedback (Positive/
Negative)

Significant reduction in 
crossover distortion

Highly sensitive to loop 
gain variations

Feedforward Correction Subtractive error 
cancellation

No stability issues, corrects 
wideband errors

Complex implementation, 
low power efficiency

Spatial Audio and Head-Related Transfer Functions (HRTFs)

In the realm of immersive audio, the measurement of Head-Related Transfer Functions (HRTFs) is paramount.

HRTFs describe how a sound wave is filtered by the human anatomy (pinna, head, and torso) before it reaches the

eardrum. These functions are the cornerstone of 3D audio rendering and subjective sound system evaluation.

Measurement Based on Periodic Sequences

Traditional HRTF measurement used simple impulse responses, which were often susceptible to noise. Modern 

techniques utilize Periodic Sequences(such as Maximum Length Sequences or Swept Sines). These sequences

offer a superior Signal-to-Noise Ratio (SNR) by spreading the signal energy over time and allowing for synchronous

averaging. In automotive environments or immersive theaters, these measurements help in creating a human-

centric soundstage where sound localization is precise.

Acoustic Propagation and Sound Exposure Management

While the internal electronics of an audio system are vital, the interaction of sound with the environment and its 

impact on the listener cannot be ignored. This involves understanding Outdoor Sound Propagationand the

absorption of sound by the atmosphere.

Calculating Atmospheric Absorption

The absorption of sound by the air is frequency-dependent. High frequencies are attenuated much faster than low

frequencies over distance. This calculation is essential for large-scale sound reinforcement systems. Factors

influencing absorption include:

•  Temperature: Influences the speed of sound and molecular relaxation.

•  Relative Humidity: A critical variable in determining the absorption coefficient at high frequencies.

•  Atmospheric Pressure: Impacts the density of the medium.

Managing Sound Exposure and Legal Compliance

Managing sound exposure is both a technical and a legal necessity. For large events, compliance with stated limits 

(e.g., 99 dB LAeq, 30 min and 135 dBC peak) is mandatory to prevent noise-induced hearing loss. Implementing 

these limits requires precise audio signal processingat the input stage, often using multi-band limiters that adjust

the spectrum of the input audio according to frequency and duration, ensuring the loudest point in the audience

remains within safe thresholds.



Technical Workflow for Audio System Evaluation

Evaluating a technical audio system requires a structured procedural approach to ensure data integrity. The

following workflow is derived from industry best practices for nonlinear system identification and performance

testing:

1.  Initial Characterization: Perform a standard THD+N (Total Harmonic Distortion plus Noise) test across the 

frequency spectrum (20Hz - 20kHz).

2.  Signal Injection: Use Gaussian white noise or specialized periodic sequences to stimulate the system for 

Volterra space analysis.

3.  Kernel Estimation: Apply cross-correlation techniques to extract the first, second, and third-order kernels.

4.  Crossover Analysis: Use low-level signals to specifically target the zero-crossing point in Class AB stages to 

measure switching residuals.

5.  Spatial Mapping: In immersive setups, conduct HRTF measurements at 5-degree increments to build a 

comprehensive spatial map.

6.  Safety Calibration: Calibrate the LAeq monitoring system to ensure compliance with local noise ordinances.

Case Study: Reducing Nonlinearity in Automotive Audio

Automotive environments present unique challenges for audio systems: constrained spaces, reflective surfaces, 

and variable background noise. A recent study on Nonlinear Audio Systems Identificationapplied to car cabins

revealed that standard linear equalization is insufficient for high-output levels. By identifying the second-order

Volterra kernels of the door-mounted woofers, engineers were able to implement a digital pre-distortion filter. This

filter effectively "pre-distorted" the signal in the opposite direction of the transducer's nonlinearity, resulting in a

12dB reduction in harmonic distortion at peak volumes.

Troubleshooting Common Audio System Failure Modes

In high-power technical audio deployments, several common issues can degrade performance. Understanding

these failure modes is critical for maintaining system longevity.

•  Thermal Compression: As voice coils heat up, their resistance increases, leading to a loss of sensitivity and 

dynamic range. Solution: Implement active thermal monitoring and cooling-compensated DSP.

•  Positive Feedback Instability: In circuits like the Kolinummi concept, if the positive feedback loop gain exceeds 

unity, the system will oscillate. Solution: Precision-matched resistors and high-stability capacitors.

•  Ground Loops in Multi-Channel Systems: Can introduce hum and noise that interfere with HRTF 

measurements. Solution: Use differential signaling and proper star-grounding techniques.

The integration of advanced mathematical models and innovative circuit topologies represents the current frontier

of audio engineering. From the pioneering error-correction theories of Malcolm Hawksford to the complex

identification of nonlinearities in Volterra space, the goal remains the same: the pursuit of perfect fidelity. By

understanding the interaction between electronics, spatial acoustics, and human perception, engineers can design

systems that are not only high-performing but also safe and immersive. As digital processing power continues to

grow, the ability to model and correct for real-world nonlinearities in real-time will become the standard, further

closing the gap between the original acoustic event and its reproduction.
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