& NATO __ NATO SPS MYP G6006
B | SPS

Workshop: Advanced Characterization of Acoustic
Materials and Fire Performance

Measurement of the Sound Absoprtion
Coefficient under Anechoic Conditions

Presented by: Prof. Dejan Ciri¢, University of Ni§, Faculty of Electronic
Engineering
Date: April 06, 2026



Results of Two Research Projects

This presentation includes the results acheived in two research projects
realized together with Knauf Insulation

"Innovative approach of measuring "Advancing sound absorption
the absorption coefficient of sound measurement m?t_hOdf In
insulation materials" anechoic conditions
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Presenter Notes
Presentation Notes
This presentation is based on results obtained within two research projects carried out in collaboration with Knauf Insulation.
The first project focused on developing an innovative approach for measuring the sound absorption coefficient of insulation materials.
The second project extended this work toward advancing measurement methods under anechoic conditions, which is the main focus of this presentation.



1.1 Objectives and Structure of the Presentation

* This presentation focuses on the measurement of the sound absorption
coefficient with a particular emphasis on anechoic (free-field) conditions.

 The main objectives are:
» to provide an overview of existing measurement methods,

» to explain the principles behind free-field and anechoic measurements,

» to highlight potentials and key challenges,

Challenges & Limitations Our System Preview

» to prepare the ground for presenting our
own measurement system.

Measurement Methods

eiId Principles
Presentation Structure
Fundamentals Measurement Anechoic Experimental
of Absorption Methods Techniques Results
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Presenter Notes
Presentation Notes
Here I would like to outline the objectives and structure of the presentation.
The main focus is on understanding how the sound absorption coefficient can be measured, with particular emphasis on anechoic or free-field conditions.
We will first briefly review the fundamentals, then go through the main measurement methods and environments, and finally focus on anechoic techniques, which are the central topic of this lecture.
This first part provides the general framework, while in the second part I will present our own measurement system and practical experience.



1.2 Motivation for Measuring Sound Absoprtion

* Sound absorption - one of the key properties to characterize acoustic materials

Sound absorption coefficient quantifies how efficiently a material dissipates
acoustic energy when exposed to incident sound waves.

Accurate measurement of this coefficient is essential for:
» predicting acoustic performance in real environments,

» validating material models, and

Reverberant Room Diffuse Sound Field Experimental Setup

» supporting the design of noise reduction solutions. YL

V) - v:':_ —
* Measurement not straightforward — obtained ))))/q: 5 @b‘ E’
Value depends Stro ngly On: Free Field Directior:alSoundField
» acoustic environment (reverberant vs free field), E SI. EW
> sound field characteristics (diffuse vs directional), S i
. Different Methods, Different Results
> eXperlmental Setu p. —— Understanding the Challenges

—> Different measurement methods can yield significantly different values!
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I would first like to briefly introduce why the measurement of the sound absorption coefficient is important.
Sound absorption is one of the key parameters used to describe how materials interact with acoustic waves. However, what is often overlooked is that the absorption coefficient is not a simple intrinsic property. Its value depends strongly on how it is measured—particularly on the acoustic environment and the assumptions about the sound field.
Because of that, different measurement methods can yield quite different results for the same material. This is exactly why understanding the measurement principles is crucial, especially when we move toward more advanced techniques such as anechoic measurements.


% 2.1 Types of Absorption Coefficients

* Normal incidence absorption coefficient
» Defined for plane waves perpendicular to the surface

» Measured in impedance tubes or controlled free-field setups

* Angle-dependent absorption coefficient
» Defined for arbitrary angles of incidence

> Relevant in anechoic measurements

 Diffuse field (random incidence) absorption coefficient
» Represents an average over all angles

> Measured in reverberation rooms

 Different definitions not directly interchangeable:
» Impedance tube results may differ significantly from reverberation room results

» especially for materials with strong angular dependence.
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There are several types of absorption coefficients, depending on the sound field conditions.
The simplest case is normal incidence, where the sound wave hits the surface perpendicularly. This is typically measured in impedance tubes.
In more general cases, we consider angle-dependent absorption, where the coefficient varies with the angle of incidence.
Finally, in reverberation rooms, we obtain the diffuse field absorption coefficient, which is effectively an average over many angles.
These definitions are not equivalent, and this is one of the key reasons why different measurement methods produce different results.



2.2 Definition and Physical Meaning of Absorption Coefficient

Incident Sound Wave Absorption Coefficient

a=1-|R|

* Absorption coefficient (a)— fraction of
incident acoustic energy absorbed by a
material rather than reflected: a=1-|R|?

Reflected Wave

R = Reflection Coefficient
Absorbed Energy

Porous Material
Heat & Friction

* |n practice, absorption process involves:
» viscous and thermal losses in porous materials, %wmus&rhermmms

AR Internal Friction MW&WE Interference

w Frequency : : g Angle of Incidence
» wave interference within the material structure.

. . . Incident Wave Reflected Wave
* In most methods, absorption coefficient \

» internal friction, and

Measurement
% Conditions

is not measured directly, but derived —— z-7,
from: \ h A\ A 712, (o
. . > ‘ :

» reflection coefficient (R), or

o E Velocity 1

» surface acoustic impedance (Z). ~ v IR| s
Surface Impedance Reflection Coefficient

This indirect approach introduces additional sources of uncertainty, especially when assumptions about

the sound field (e.g., plane waves) are not fully satisfied.
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The sound absorption coefficient represents the fraction of incident acoustic energy that is absorbed by a material rather than reflected.
In practice, this absorption occurs through different mechanisms, such as viscous and thermal losses in porous materials, internal friction, and wave interference within the material structure.
It is important to note that the absorption coefficient is typically not measured directly. Instead, it is derived from the reflection coefficient or from the surface acoustic impedance, which describes the relationship between pressure and particle velocity at the surface.
This indirect approach introduces additional uncertainty, since it relies on assumptions about the sound field, such as plane or spherical wave propagation. If these assumptions are not fully satisfied, errors can appear in the estimated absorption coefficient.


3.1 Classification of Measurement Methods

* Measurement approaches for sound absorption coefficient can be broadly classified into:

Diffuse-field Controlled-field  Free-field Model-based and
methods methods (reflection-based) inverse methods

Vvt

FITIFIFL

Free-field
(reflection-based)
methods

Delany-Bazley
Johnson—-Champo-
oux-Allard

impedance tube
Controlled
chamber

Reverberation
reom

* Each category based on a different physical principle and leads to different types of
absorption coefficients.

* The choice of method depends on:
» desired accuracy, » sample size, and

» available equipment, » intended application.
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Measurement methods can be broadly classified into four categories.
First, diffuse-field methods, such as reverberation rooms.�Second, controlled-field methods, like impedance tubes.�Third, free-field or reflection-based methods.�And finally, model-based or inverse methods.
Each of these approaches is based on a different physical principle and provides different types of information.
Understanding this classification helps us place anechoic methods in the broader context.


e Reverberation room method—standardized (ISO 354), based on measuring decay rate
of sound energy in a highly reverberant environment. g '

* The procedure involves:
» placing a material sample in the room,
» measuring reverberation time with and without the sample, and

» deriving the absorption coefficient from the difference.

* Provides random incidence absorption coefficient, widely used in building acoustics.

Rectular o= Asamefe
room with Large flat S
d':”::f'*‘ materialsample !
reflectings &5 . >
wals = Tarisgmg . tor I With sample
ithout sample
Sound source pphone P

(loudspeaker)

Rkl | £id £ |

| O —
I . - ¢ S with
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The reverberation room method is one of the oldest and most widely used techniques for measuring the sound absorption coefficient, and it is standardized in documents such as ISO 354.
The basic idea is relatively simple. We place a sample of the material inside a highly reverberant room, where the sound field is assumed to be diffuse. That means sound waves arrive at the material from all possible directions with equal probability.
We then measure the reverberation time, which is the time it takes for the sound level to decay after the source is turned off. By comparing the reverberation time with and without the sample, we can estimate how much additional absorption the material introduces.
This method provides the diffuse field absorption coefficient, which is particularly relevant for applications such as building acoustics, where sound fields are often complex and multi-directional.



B
Eg 3.2.2 Advantages and Limitations of Reverberation Room

v

Advantages
e Standardized and widely * Requires large sample sizes
accepted (ISO 354, ASTM C423) (several square meters)
e Represents realistic diffuse e Sensitive to room characteristics
field conditions and diffusion quality
e Provides random incidence e Limited ability to characterize
absorption coefficient directional or local properties

e May exhibit non-physical trends,
especially for small and highly
absorbing samples

suitable for building acoustics

The method is the reference for random incidence absorption but has

practical constraints in laboratory and research applications.
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The reverberation room method has several important advantages.
First, it is standardized and widely accepted, which makes it very useful for certification and comparison between materials. It also represents realistic acoustic conditions, especially in large spaces where sound fields are approximately diffuse.
However, there are also significant limitations. One of the main issues is the requirement for large sample sizes—typically several square meters—which is not always practical.
In addition, the accuracy depends strongly on how well a diffuse field is achieved inside the room. In reality, perfect diffusion is difficult to obtain, and this can introduce measurement errors.
Another important limitation is that this method does not provide detailed information about the material, such as angle-dependent behavior or local impedance characteristics.



)
P 3.3.1 Controlled Field Methods: Impedance Tube

L il

* Impedance tube method uses plane wave sound field generated inside cylindrical tube.

* Two microphones are used to measure the transfer function, from which:
» reflection coefficient,

» impedance, and

» absorption coefficient are derived.

* This method provides normal incidence absorption coefficients with high repeatability.

Normal Incidence Absorption Coefficient

* Procedure: i

» Generate plane waves inside tube 5 Migrophone Michphone S
> Measure sound pressure with 2 K( L -l 1 §

microphones Loudspeaker] | ---—p¥--=-—=-memme e ¥ > B %
» Calculate transfer function U/-k 2 s
» Derive R, ¢ and/or Z. < p-‘ i

Test Sample: Rigid backing


Presenter Notes
Presentation Notes
The impedance tube method is a controlled laboratory technique that allows precise measurement of the normal incidence absorption coefficient.
In this method, a sound wave is generated inside a rigid tube, and the geometry ensures that only plane waves propagate along the axis of the tube. This creates a well-defined and highly controlled acoustic field.
Two microphones are placed along the tube, and by measuring the pressure at these two positions, we can calculate the transfer function. From this, we can determine the reflection coefficient at the sample surface, and subsequently the absorption coefficient.
Because of the controlled conditions, this method is highly accurate and repeatable, making it very useful for material characterization and research purposes.



o0
P

3.3.2 Advantages and Limitations of Impedance Tube

<

Advantages Limitations

e High accuracy and |
repeatability e Limited to normal incidence only

W
L il

e Small sample size required Not repl:esent‘atwe of real
acoustic environments

e Well-established standards _
(1SO 10534-2, ASTM E1050) e Frequency range constrained by
tube dimensions

The impedance tube is excellent for precise material characerization and development, but
results must be interpreted carefully when applying to real-world diffuse-field conditions.
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The impedance tube method offers several advantages.
It requires only small samples, which makes it convenient for testing new materials. It also provides highly repeatable results, thanks to the controlled acoustic environment and well-defined wave propagation.
However, the main limitation is that it only measures absorption at normal incidence. In real-world applications, sound waves typically arrive from multiple directions, so this measurement may not fully represent actual behavior.
Additionally, the usable frequency range is limited by the tube dimensions. At low frequencies, the tube would need to be very large, while at high frequencies, higher-order modes may appear and complicate the analysis.



3.4.1 Free-Field Measurement Principle

* Free-field methods aim to measure absorption by analyzing interaction between

incident and reflected waves at the material surface: FOWER
_ AMPLIFIER
* One of the most widely used DESK TOP
approaches—two-microphone LOUDSPEAKER CALCULATOR
transfer function method: k ()
» sound source generates incident wave, of
> microphones measure the resulting ot SPECTRUM
pressure field, ncidaent w R y “F:T:IAL"I"ZEH
I —
» transfer function is calculated, reflected v A 1—[‘_—37J
r —
> reflection coefficient is estimated, and TEST {1 M:;_Lf
i SPECIMEN
» impedance and absoprtion are derived. StenaBanple

Test Surface [ A% e 5 y

e )
* Direct extension of impedance tube method to free-field conditions.

e Suitable for anechoic environments, where unwanted reflections are minimized.
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Free-field methods aim to overcome limitations of reverberation rooms and impedance tubes by performing measurements in environments with minimal reflections, ideally in an anechoic chamber.
In these conditions, the sound field can be approximated as a combination of the incident and reflected waves. By measuring the pressure near the surface and knowing the incident wave, the reflection coefficient can be estimated.
These methods offer greater flexibility and allow analysis of angle-dependent behavior.
A key technique is the two-microphone method, where pressure is measured at two positions and the transfer function is used to separate incident and reflected components, enabling calculation of the absorption coefficient.


3.5.1 Subtraction and Time-Domain Methods

* Alternative approaches use impulse response measurements to separate:

» incident wave, Pl
Wall
» reflected wave. being
Source tested Direct
* This is achieved through: ( Refloction  Unwanted
- ' - ' ' reflection
» time windowing (gating),
_ _ Unwanted
» subtraction of free-field response. reflection
* These methods allow: R R Time
» flexible geometries, 100 o :
» in-situ measurements, sol
but require careful signal processing. e
S
S 40 —s— 1mpedance tube
20 - —+- -reflection method (1)
—-—+—..reflection method (2)
0 l[IIlO lOIDO SOIOO
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Time-domain methods provide an alternative way to analyze the interaction between sound waves and materials.
Instead of working purely in the frequency domain, we measure the impulse response of the system. This can be done using excitation signals such as maximum length sequences or swept sine signals.
The advantage of this approach is that it allows us to observe how the sound field evolves over time. In particular, we can identify the direct sound arriving from the source and the reflected sound coming from the material.
By separating these components in time, we can isolate the effect of the material and estimate its absorption properties.


3.6.1 Advanced Methods: PU Probes and Arrays

* Advanced techniques include:
» PU probes (Microflown) measuring pressure and particle velocity directly

» microphone arrays enabling spatial sampling of the sound field.

* These approaches:
» reduce reliance on simplified assumptions,

» more complex and sensitive to calibration errors.
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More advanced measurement techniques have been developed to improve accuracy and overcome some of the limitations of classical methods.
One example is the use of PU probes, which measure both sound pressure and particle velocity. This allows direct estimation of acoustic impedance without relying heavily on assumptions about the sound field.
Another approach involves microphone arrays, where multiple sensors are used to sample the sound field at different positions. This provides more detailed spatial information and allows more sophisticated analysis.
However, these methods are more complex to implement and require careful calibration. They are also more sensitive to noise and environmental disturbances.


)

B 3.7.1 Model Based and Inverse Methods
Ll
* Instead of separating waves explicitly, * These methods depend strongly on:
some methods rely on: » accuracy of the model, and
> theoretical models of the sound field, » quality of measurements.

» numerical optimization.

e Measured data is fitted to a model to
estimate:
» reflection coefficient, Output

> impedance. E# |

Reflection Coefficient (R)

ik @/

Measured Data Impedance (2)
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Model-based or inverse methods take a different approach.
Instead of explicitly separating incident and reflected waves, we assume a mathematical model of the sound field and fit this model to the measured data.
For example, we may assume a combination of incident and reflected waves with certain parameters, and then use optimization techniques to find the values that best match the measurements.
This approach can be very powerful, especially in complex situations where analytical solutions are not available.
However, the accuracy depends strongly on how well the model represents the real physical situation. If the assumptions are not valid, the results can be misleading.


4. Key Challenges and Comparative Overview of Methods

Key challenges across methods Comparative overview of methods

* Several challenges remain: e Each method—a trade-off between:
» Low-frequency limitations » Accuracy vs practicality
» Finite sample size effects » Sample size vs frequency range
» Sensitivity to geometry » Control vs realism of sound field
> Dependence on sound field assumptions * No single method universally optimal:
» Environmental noise » reverberation room—standardized method

» impedance tube for material characterization,

> free-field methods for detailed/flexible
analysis.

* These challenges exists also in free-
field and anechoic measurements.

Large Wavelengths Edge Diffraction Limited Sample Size Low Signal-to-Noise Ratio

| .I ll = Noise

M/Signal

>
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Across all methods, several key challenges remain. The most critical is accurate measurement at low frequencies, where large wavelengths require large setups.
Results are also affected by finite sample size, leading to edge diffraction, and by geometric sensitivity, including source and microphone positioning.
Overall, no single method is universally optimal. Reverberation rooms are standardized but limited in detail, impedance tubes are accurate but restricted to normal incidence, while free-field methods offer more flexibility but are more sensitive to setup conditions.
This leads us to the next part, focusing on measurements under anechoic conditions.


5.1.1 Role of Anechoic Measurements

* Anechoic measurements aim to characterize the intrinsic acoustic interaction
between incident sound waves and material surfaces.

* Unlike reverberation room (energy-based), these measurements wave-based.
* Analysis of incident and reflected wave components

* This enables determination of:
» reflection coefficient, R(f, )

» surface impedance, Z(f)

Incident Reverberation Room
> angle-dependent absorption. \r Sound Wave (energy-based, multiple reflections)
Reflected Wave —>
These methods provide physically Anechoic (single reflection) —
interpretable parameters, essential b J
. . . \ M
for modeling and simulation. Wave-based 3,
U u vV vV ¥ Isolates single
reflection event

|
Test Material Surface
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Anechoic or free-field measurements are designed to isolate the direct interaction between a sound wave and a material surface, without interference from surrounding reflections.
Unlike reverberation room methods, which are based on energy balance, these approaches are fundamentally wave-based, meaning they rely on the analysis of incident and reflected wave components.
This allows us to estimate physically meaningful quantities such as the reflection coefficient and surface impedance, which are directly linked to the material properties.
As emphasized in several studies, including the two-microphone and array-based approaches in your references (e.g., 57 and 4), this type of measurement is essential when detailed modeling or angle-dependent behavior is required.


B

== 5.1.2 Physical Principle of Measurement

e Total acoustic field near the surface
described as:
P= pinc T pref

Incident wave generated and controlled
by the source.

Spherical
Loudspeaker

Reflected wave carries information
about the material properties.

Incident wave Reflected wave
(controlled by source) (carries material
information)

Measurement problem consists of
separating these two contributions.

Absorption coefficient obtained from:

a=1-|R
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The key idea behind free-field measurements is that the total sound field near a material can be expressed as the sum of two components: the incident wave, generated by the source, and the reflected wave, produced by the material.
The challenge in practice is not generating these waves, but rather separating them from measurements, since microphones capture their superposition.
Once the reflection coefficient is estimated, the absorption coefficient can be directly computed using the relation (alpha = 1 - |R|^2).


5.1.3 Ideal Free-Field Assumptions and Deviation

Ideal free-field assumptions

* Theoretical models rely on several
simplifying assumptions:
» Incident wave defined (plane/ spherical)

» Material infinite, eliminating edge effects

» Only two wave components exist: incident and
reflected

» Environment perfectly anechoic (no parasitic
reflections)

* Under these assumptions, analytical
relationships between pressure,
velocity, and impedance can be derived.
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Deviation from ideal conditions

* |In practice, these assumptions only
approximately satisfied:

» Test samples are always finite, introducing
edge diffraction

» Sound sources exhibit non-ideal radiation
patterns

» Microphones disturb the sound field locally

» Anechoic chambers still exhibit residual
reflections at low frequencies

* As aresult, measured data deviates
from ideal theoretical predictions.


Presenter Notes
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Ideal Free-Field Assumptions
The theoretical framework of anechoic measurements is based on several simplifying assumptions.
First, we assume that the incident wave is well defined—typically either a plane wave or a spherical wave with known characteristics. Second, we assume that the material sample is infinite in extent, so that edge effects can be neglected.
We also assume that the reflected wave can be clearly distinguished from the incident wave, and that no other reflections exist in the environment.
Under these conditions, the total sound field can be described as a simple superposition of incident and reflected waves, which makes the analysis relatively straightforward.
Deviation from Ideal Conditions
In practice, none of the ideal assumptions are perfectly satisfied.
The sample is always finite, which leads to edge diffraction effects, and the sound source typically produces a wavefront that is neither perfectly planar nor perfectly spherical.
Additionally, microphones themselves introduce small disturbances in the sound field, and even high-quality anechoic chambers exhibit residual reflections, especially at low frequencies.
Experimental studies clearly show that these deviations can significantly affect the measured reflection coefficient, particularly when the setup is not carefully controlled.


5.1.4 Error Mechanisms and Challenges

Sample Size

Fundamental Error Mechanisms Low-Frequency Challenges

Several physical phenomena contribute to measurement uncertainty: Low-frequency measurements are particularly problematic: I .

e Edge diffraction: scattering at sample ' . ® Wavelengths become comparable
boundaries modifies the reflected field M% to or larger than sample dimensions

Small Sample Large Sample
Measurement Geometry

e Wavefront curvature: incident wave . ~ } ¢ , F_
: e Weak reflected signal compared to ' ¢
is rarely perfectly planar A . i, o N
3 HEInade e A =

e Multiple reflections: floor, fixtures, and supports — o Ditfosction doniviates ovas sosculor i
introduce interference - i e "11 i ? f ,'{.r'

® Signal-to-noise ratio is reduced M

! Noise

Model Dependence

¢ Finite sample effects: invalidate
infinite-surface assumption

7 These effects introduce bias in the estimated (7 Many methods exhibit significant errors or instability

reflection coefficient and impedance. below ~300~500 Hz.
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Fundamental Error Mechanisms
Several physical mechanisms contribute to measurement uncertainty.
One of the most important is edge diffraction, where sound waves scatter at the boundaries of the sample, producing additional components that are not accounted for in simple models.
Another source of error is wavefront curvature, especially when the source is placed close to the material, violating the plane wave assumption.
In addition, unwanted reflections from surrounding objects and supports can introduce interference patterns.
Low-Frequency Challenges
Low-frequency measurements are particularly challenging in free-field conditions.
At low frequencies, wavelengths become very large, often comparable to or larger than the sample dimensions, which enhances diffraction effects and reduces the validity of standard assumptions.
At the same time, the reflected signal becomes relatively weak, leading to a reduced signal-to-noise ratio.
Experimental comparisons show that many methods exhibit significant deviations or instability below a few hundred hertz, making this frequency range a critical limitation.


5.1.5 Overview of Free-Field Methods

N

everal methodological approaches used:
» Transfer-function methods (two-microphone techniques) m———)

» Time-domain methods (impulse response and gating)
» Angular|(oblique incidence) measurements

» Advanced methods (array processing, wave decomposition,
inverse modeling)

Differ@nt strategies for separating incident and refle

. loudspeaker
Incident sound

6, -component .-~
l,-='75°‘.
Vs

R,

I w.

I
(/e

A o
| backing

- A rigid wall
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Several different methodological approaches have been developed to address the problem of separating incident and reflected waves.
The most common are transfer-function methods, such as the two-microphone technique, and time-domain methods, which rely on impulse responses and time gating.
Other approaches include angle-dependent measurements, as well as more advanced techniques such as wave field decomposition and inverse modeling.
Each of these methods offers different trade-offs between accuracy, complexity, and experimental requirements.


* This method widely used due to its simplicity and robustness:

» Two microphones placed at known distances from the material
» Acoustic pressure measured at both positions

» Transfer function computed as: p
_ M
21(60)

P
* Reflection coefficient and impedance derived from H,,.

Interpretation of transfer function

* Transfer function contains contributions from both waves:
» Incident wave: known propagation behavior

» Reflected wave: unknown component to be estimated

* Challenge—decoupling these contributions mathematically
e Errors arise if the assumed propagation model is incorrect

* Accuracy depends on validity of underlying wave model

;i /' '
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Two-Microphone Method
The two-microphone method is one of the most widely used techniques due to its relatively simple implementation. Two microphones are placed at known distances from the material, and the acoustic pressure is measured at both locations.
From these measurements, a transfer function is computed, which contains information about both the incident and reflected waves. This method provides a practical way to estimate surface impedance and reflection coefficients in free-field conditions.
Interpretation of the Transfer Function
The transfer function measured between two microphones contains contributions from both the incident and reflected waves.
The incident wave follows a predictable propagation model, while the reflected wave depends on the material properties and must be estimated.
The key challenge is therefore to separate these contributions mathematically, which requires assumptions about the sound field. Inaccuracies in these assumptions can lead to significant errors, especially when the sound field deviates from the assumed model.
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Plane Wave Assumption

e A common simplification assumes the incident
wave is a plane wave.

e Simplifies analysis with straightforward relationships
between pressure, particle velocity, and impedance.

e Only valid when the source is sufficiently far
so the wavefront is locally planar.

However:

In many practical setups, especially in in-situ
measurements, the source is too close, introducing
systematic errors.

Mic

Spherical Wave Formulation

More advanced models consider spherical wave
propagation.

The source is treated as a point source, and
wavefront curvature and amplitude decay
with distance are considered.

Provides more accurate modeling of the sound field,
especially at low frequencies and in near-field conditions.

Studies demonstrate:

e Spherical models significantly improve accuracy
compared to plane-wave-based approaches.

st Surfac 8
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Plane Wave Assumption
A common simplification in many methods is to assume that the incident wave is a plane wave. This assumption greatly simplifies the analysis, as it leads to straightforward relationships between pressure, particle velocity, and impedance.
However, this is only valid when the source is sufficiently far from the material, so that the wavefront can be considered locally planar. In many practical setups, especially in in-situ measurements, this condition is not met, which introduces systematic errors
Spherical Wave Formulation
To address the limitations of the plane wave assumption, more advanced models consider spherical wave propagation. In this case, the source is treated as a point source, and the wavefront curvature and amplitude decay with distance are explicitly taken into account.
This leads to more accurate modeling of the sound field, particularly at low frequencies and in near-field conditions. Studies demonstrate that spherical models can significantly improve accuracy compared to plane-wave-based approaches.


5.2.3 lterative Inversion Methods

Iterative Inversion Methods

e ]
e i i
e ———

* To improve estimation

H(f accuracy:
1. Assume sound 2. Compute predicted > A model of sound field assumed
field model transfer function > Predicted transfer  function
computed
|teraﬁve . » Measured and predicted values
Process (4 compared
i o » Model parameters (e.g.,
4. Update model Optimization & Y 3. Compare with impedance) iteratively updated
parameters Loop ¢ 7  measured data
(e.g. impedance 2) * = convergence toward a
|measured — predicted] N\ consistent solution.

fere- \
B v/ Convergenceto
AJ\ consistent solution /
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To further improve accuracy, iterative methods can be used.
In these approaches, a model of the sound field is assumed, and the predicted measurements are compared with the actual measurements.
The model parameters, such as impedance, are then iteratively adjusted until a good match is obtained.
This approach is commonly used in more advanced techniques.


5.2.4 Senstivity to Measurement Geometry

 Measurement results depend
critically on geometry:
» Microphone spacing affects phase | R

aCcuracy p

microphone

> Distance to material influences

wavefront assumptions -
Source position/

> Source position affects angular (ncidence ange) A -
distribution " '
Probe
* Even small positioning errors microphone

can lead to:
» phase mismatches

» large errors in impedance estimation

test material
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One of the most critical aspects of free-field measurements is their sensitivity to geometry.
Parameters such as microphone spacing, distance from the material, and source position all have a strong influence on the results.
Even small positioning errors can lead to phase mismatches, which in turn produce large errors in the estimated impedance.
This sensitivity is clearly demonstrated in experimental studies.


5.2.5 Time Domain Methods — Time Gating and Subtraction }

Time domain methods Time gating and subtraction technique
* Time-domain approaches use IRs: * Key idea—isolate reflections in time:
» Excitation signals: MLS or swept sine » Direct sound arrives first
» System response captured in time domain » Reflected sound arrives later
* Provides full temporal evolution of the * Apply time window to isolate reflection

acoustic field e Alternative—subtraction method

* Allows separation of different wave (reference measurement vs material
components based on arrival time measurement)
® ® © * Limitations:

S S » Sensitive to measurement geometry

» Requires consistent reference and sample

{3) ;
" i II measurements
1
, !

(1) incident impuise ' » Sensitive to noise and alignment
(2) reflection direct sound
{3) parasitic reflactions

o
S

e
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Time-Domain Methods
Time-domain methods provide an alternative approach based on impulse response measurements using MLS or swept sine waves.
This allows different wave components to be separated based on their arrival times, which is a key advantage of this approach.
Time Gating and Subtraction
The main idea in time-domain methods is to isolate the reflected wave using time gating. Since the direct sound arrives first and the reflected sound arrives later, it is possible to apply a time window to isolate the reflection.
Alternatively, subtraction methods can be used, where a reference measurement is subtracted from the measurement with the material.
While conceptually simple, these methods are sensitive to the measurement geometry, particularly to consistency between the reference measurement and the measurement with the test material. They also remain sensitive to noise and alignment errors, requiring careful experimental setup.



5.2.6 Obligue Incidence and Advanced Methods

Oblique Incidence Measurements Advanced Methods

o Free-field setups allow angle-dependent analysis: e More sophisticated approaches include:

e Source position is varied e Multi-microphone arrays = spatial sampling of field

e Measurements performed at multiple angles e Wave field decomposition = separation into plane waves
e Synthetic diffuse fields = simulate reverberant conditions

=) Enables: Y

A e Model-based inverse methods = parameter estimation
e determination of R(6, f) P

e characterization of directional absorption behavior =) These methods provide richer information

but increase complexity.

Multi-microphone arrays

i Te"st-fsufface
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Oblique Incidence Measurements
Free-field setups allow measurements at different angles of incidence, which is not possible in standard impedance tube measurements. By varying the position of the source, the material can be characterized under different incidence angles.
This enables the determination of angle-dependent reflection coefficients, which are important for realistic acoustic modeling.
Advanced Methods
More advanced methods aim to overcome the limitations of simpler approaches.
These include multi-microphone arrays, wave field decomposition techniques such as the Tamura method, and model-based inverse approaches.
These methods allow a more complete reconstruction of the sound field, but they also increase the complexity of both the measurement and the data processing.


6.1 Overview of Anechoic Measurement System

 Measurement system designed for free- <+ Key components:

field (anechoic) conditions » Semicircular measurement frame (R = 1.5 m)
° Objective: » Omnidirectional sound source (ball loudspeaker)
» Determine sound absorption coefficient o6, f) » Multi-microphone acquisition system
» Analyze angular and frequency dependence > Data acquisition & signal processing chain
* Two prototype versions: * Measurement philosophy:
» System | — baseline experimental platform » Wave-based characterization
» System Il — improved, optimized configuration > Separation of incident and reflected fields

B

s
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This slide introduces the overall concept of our measurement system designed for operation in anechoic, or free-field, conditions. The main objective is to determine the sound absorption coefficient as a function of both frequency and angle of incidence, which provides a much richer characterization compared to standard methods.
We developed two versions of the system. The first one serves as an initial prototype, while the second represents an improved version addressing identified limitations.
The system itself consists of a semicircular frame that defines the measurement geometry, an approximately omnidirectional sound source, a microphone array for capturing the acoustic field, and a complete acquisition and processing chain.
Importantly, the methodology is wave-based, meaning that we aim to separate incident and reflected sound components, rather than relying on purely energy-based approaches like in reverberation chambers.



* Semicircular metallic frame:
» Radius: 1.5 m, diameter: 3 m

» Modular structure (lamellas + bolts)
» Positioned above anechoic chamber floor
* Microphones (Behringer ECM8000):
» 3 omnidirectional measurement microphones
» Vertical linear array (normal to surface)

» Adjustable: spacing between microphones

» Adjustable: distance to material surface
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Here we look in more detail at the first prototype of the measurement system. The core element is a semicircular metallic frame with a radius of 1.5 meters, constructed from modular elements, which allows relatively easy assembly and transport. These modular elements are rectangular lamelas of approximate size of 2 times 4 cm.
The microphone system consists of three omnidirectional microphones arranged vertically. This configuration allows precise control of the spacing and position relative to the material surface, while maintaining alignment normal to the surface.



* Sound source:
» Ball loudspeaker - Galo A’Diva (quasi-omnidirectional radiation)

» Adjustable: source—sample distance

» Adjustable: incidence angle (-15°, 0°, 15°, 30°, 45°)
* Measurement chain:

» Audio interface (multi-track) (Zoom F4)

» PC + acquisition software

» Python-based post-processing

Measurement Audio Interface Sound Source Acquisition Software Post-Processing
Microphones
of - bl Ed =kl o
3x Behringer ECM8000 Zoom F4 Gallo A'Diva Pro Tools on PC Python Scripting
(Multi-Track) Speaker
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The sound source is a ball loudspeaker, chosen for its approximately omnidirectional radiation. Its position can be adjusted both in terms of distance and angle, allowing us to investigate different incidence conditions.
Finally, the measurement chain includes an audio interface, acquisition software, and Python-based signal processing, enabling full control over both acquisition and post-processing.
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* Controlled experimental parameters:
» Source position (distance & angle)

» Microphone configuration (spacing, height)
» Sample geometry (size & shape)

» Measurement repeatability
* |nvestigated effects:
> Finite-size effects (diffraction)
» Angular dependence of absorption
» Near-field vs far-field behavior

* Tested materials:
» Mineral wool (various dimensions)

* Measurement strategy:
» One parameter varied at a time

» Others kept constant - parametric analysis
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One of the key strengths of this setup is the ability to systematically vary important measurement parameters. These include the source position, angle of incidence, microphone spacing, and the size of the test sample.
This flexibility allows us to investigate several important physical effects, such as diffraction due to finite sample size, angular dependence of absorption, and differences between near-field and far-field conditions.
We tested mineral wool samples of different sizes, ranging from relatively small samples (40 cm times 40 cm) to large panels (of about 5-6 m2), in order to understand how sample dimensions influence the measured absorption.
The experimental strategy is to vary one parameter at a time while keeping all others fixed. This enables a clear interpretation of how each parameter affects the results.



6.2.4 Limitations of Measurement System |

* Mechanical instability:
» Base resting on elastic metal mesh

» Geometry changes during handling

e Structural limitations:
» Rod bending under load

» Local deformation due to tightening screws
» Single-point rod mounting (low rigidity)

* Vibrational issues:
» Source-induced vibrations (especially low freq.)

» Transmission through rigid structure

» External disturbances (walking on mesh)

* Alignment errors:
> Deviation from central axis

» Imperfect semicircular geometry S
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Despite its flexibility, the first prototype exhibited several important limitations, mainly related to mechanical and structural aspects.
First, the system is placed on a metal mesh floor, which introduces instability. Even small movements can alter the geometry of the setup.
Second, the supporting rods for microphones and the sound source are prone to bending and deformation, especially due to their single-point mounting and the applied mechanical loads.
Third, vibrations are a significant issue. The sound source itself can excite vibrations, particularly at low frequencies, and these can propagate through the structure.
Additionally, alignment errors arise due to imperfections in the frame construction, leading to deviations from the intended geometry.
All these factors contribute to instability and measurement uncertainty.



6.2.5 Impact of Limitations on Measurements

* Geometric inconsistencies:
» Changes in distance and angle of incidence

» Reduced reproducibility between
measurements
e Signal contamination:
» Structural vibrations - parasitic

components
» Reduced signal-to-noise ratio (SNR)
* Frequency-dependent errors:
» Resonance of structure - artificial peaks
» Increased errors at low frequencies
* Measurement uncertainty:
» Sensitivity to setup reconfiguration

» Difficult comparison between datasets
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Ideal Measurement

@ Stable Setup

@ Clean Signal

A

Distorted Measurement

® Changing Distance & Angle
® Vibrations & Noise

@ Resonance Peaks

21y

. = ® Setup Variability
G W

Estimated a(0,f) A Estimated a(0,f)

Reduced Reliability of Estimated a(9,f)

Overall consequence: Reduced reliability of estimated a(3, f)
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These mechanical and structural issues have a direct impact on the measurement results.
First, any change in geometry—such as shifts in distance or angle—leads to inconsistencies between measurements, reducing repeatability.
Second, vibrations introduce unwanted components into the recorded signals, effectively acting as parasitic noise and reducing the signal-to-noise ratio.
Third, structural resonances can introduce artificial peaks in the frequency response, particularly problematic at low frequencies where the system is already more sensitive.
Overall, these effects increase measurement uncertainty and can significantly distort the estimated absorption coefficient, especially when comparing different configurations.



 Mechanical stabilization:
» Rigid structure for geometric locking

» Additional supports for arc and rodes

» Platforms (no direct contact with mesh)
 Structural improvements:

» Use of rigid tubular pipes

» Increased diameter = higher stiffness

» Multi-point mounting for stability

» Better alignment of central axis
* Vibration mitigation:

» Shock mounts: source — support

» Damping elements: joints between
lamellas

» Damping elements: base supports
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To address these issues, a second version of the system was proposed with several key improvements.
First, the mechanical stability is enhanced by introducing a rigid platform or tensioning elements, removing dependence on the mesh floor.
Second, the supporting rods are replaced with more rigid tubular structures, and multi-point mounting is introduced to improve stability.
Third, vibration mitigation is addressed through the use of shock mounts and damping elements at critical points in the structure, including joints and supports.
Additionally, manufacturing precision is improved to ensure proper alignment of the system.
As a result, the system achieves significantly better repeatability, reduced noise and parasitic artifacts, and ultimately more accurate estimation of the absorption coefficient.


B

== 6.4.1 Measurement Method — General and TF Procedure

General procedure Transfer function (TF) procedure

* Excitation signal:  Two-microphone method
» Exponential swept sine (ESS)

e Complex transfer function:

f e E _ pa(8w)
» Duration: 5-10 seconds > H,,(6,0)= P,(6,0)/P,(6,0) Hy (8 o) = m

* Measurement: * Physical interpretation encodes wave

> Impulse responses at two positions: propagation between microphones

~ mlG), h{62) * Reflection coefficient estimation:

* Frequency-domain transformation: > Plane wave (TF1)
» H,(6,0), H,(6,0—P,(6,0), P,(6,0) > Spherical wave (TF2-TF4)
H(6, ) = FFT(h(6,t)) * Absorption coefficient a(6,w) =1 —[r (8, w)]?
P,(6, ) = H,(6, o) = |H,(6, w)|e/79(#:(80) * Advantages:

(oo » Uses both amplitude and phase
P,(68 ) = H,(6 ) = ; _jm'ﬂ(Hz Gm))
2(6,) 2(6,2) = |Hy (6, o)le » Suitable for detailed wave analysis
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This slide outlines the general procedure. The system is excited using a swept sine signal, and measurements are taken at two microphone positions to obtain impulse responses.
These signals are transformed into the frequency domain using FFT, providing amplitude and phase information needed for further analysis.
In the transfer function method, the ratio of the two microphone signals is used to compute the transfer function. From this, the reflection coefficient is estimated using an appropriate wave model, and the absorption coefficient is then calculated.
The key advantage of this method is that it uses both amplitude and phase information for accurate analysis.



6.4.2 TF Methods — Four Approaches

* TF1: é

P H21(8,w:)e_szlmse o e—;kzzcosﬂ
» Plane wave approximation r(f,w) =

o —Jkzac0s8 _ Hzl('?; m)e—jkzlcasﬂ TF].

» Simplest model, limited accuracy

| L .
— \_ a(0,w) =1—[r(6,w)] Y,
. ) . / e —Jkracost _ . g JkricosB \
» Spherical wave formulation ' —H,(8,w)=
N 2 1
> Includes source—receiver geometry r(6,w) = | o—jkriycosd o jkriycos TF2
. . H,,(6, w) o — -
e TF3 (iterative method): 1 2

a(8,w) =1—[r(6,w)]’

» Estimates surface impedance , ,
e —Jkr2 e—Jkr

» Nobile & Hayek solution

» Improves accuracy for real fields o T —H,,(6, w) )
r(f,w) = — —
* TF4 (iterative method): H,,(0,w) e _ e/ TF3
» Based on Ingard’s exact solution 1 "2 TF4
1+7r(0,w)
» High-precision modeling Zs(0,w) =

1
» Suitable for oblique incidence \ [(1 -7, a))) (1 B j'krscosE))]/
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Several variants of the transfer function method have been developed to improve accuracy.
The simplest approach assumes plane wave propagation, but this is often insufficient in real measurement conditions.
More advanced approaches consider spherical wave propagation, which better represents the actual sound field.
The most sophisticated methods, TF3 and TF4, use iterative procedures. TF3 relies on the Nobile and Hayek solution, while TF4 is based on Ingard’s exact solution.
These methods iteratively estimate the surface impedance and refine the solution until convergence is achieved.
While these approaches offer higher accuracy, they also introduce challenges such as convergence issues and increased sensitivity to measurement noise and geometric uncertainties.


6.4.3 TF Methods —

Iterative Approaches (TF3 and TF4)

Iterative procedure
(Z{6. w) = Z (0. w)).
>N=N+1.

Calculate p, and p, by Nobile & Hayek or
Ingard’s solution ( argument f=1/2,,)

. 2,(6, ¢
Modify Z,, H,,(6 o) = P2(6 )
" p1(6 )
e Ik12
— —Hy(0,0)——
r(6,w) = 2 s\

e—Jkrry E—jkﬂz
HZ_’L(Q {U) T

e Tk

Ziy(B,w) =

e Challenges:
» Convergence of iterative methods

37/55 » Sensitivity to measurement results

TF3: Nobile

& Hayek

Measnred waloe of N{w)
{tws mlerophene + spectrem analyzer

Iﬂlculatlﬂm af Be [Eq. m}:[

Elﬂzuuthm af Ze (Eg. l{l:!]':I|I

Zpgind = 24

gy ()2 ()= (g (WD) |

f

Calewlation of Wiw) with Zpo(N) as input
In Moblle and Hayek a:rlu't[m {Eq. (1)}

|¢!a1.¢ulul-nn aof Rg {Eq. {11.‘.'}i

[esrcatation of 2w cea. (1201]

W F Iy ih} =

YES

L
Lo la tﬁn cqr[anted valoe

in

i2)

i3)

i4)

i5)
i6)

i8)

TF4: Ingard’s exact
solution

The normal acoustic impedance .'f."“':" (i=0) at R in Fig. |
is estimated by the following equation substituting RP
given by Egs. {1)-43):

poil + R,

== — (8)
(1 =R (1= 1ijkr)

Since f is obtained from the measured values, it is
used as the reference value in this algorithm. f is the
iterative index.

.l'."“"" is set as the initial value of the desired normal spe-
cific acoustic impedance Z, of the absorbing material
surface, viz., Jf...:z.'f.",,':'_

Z, is substituted for Eq. (4), and the sound pressures and
the particle velocities at R; and R, are calculated
through Egs. (5) and (&).

In order to estimate R, Zy(R;)=p(R:)/u(R) in PU-
method is substituted for Eg. (1), Hlw)=p(R,)/p{R,) in
PP-method is substituted for Eg. (2), or H(w)
=1 (R3)/ ug{Ry) in UU-method is substituted for Eqg. (3).
x" is Laln:'u]amd by Eq. (E) suh\muung .i-:‘_.

]l |\ Judgerj that whether .-" is equal to f' or mot. If
f"' /' eo to (7). Otherwise, go to (8).

) f is l:'l:‘-n'l'_‘f.h.'d by the following equation:

'.‘f.'::'.‘f.'-'_'.{:l_'.{.r.::l:- (9)

Retumning to (3}, and the updated £, is substituted for
Eq. (4) again. The above procedure is repeated untl
Zi s equal to 217,

The plane-wave reflection coefficient and the absorption
coefficient of the absorbing material are estimated from
£, determined by this algorithm.
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This slide presents the iterative procedures used in the TF3 and TF4 implementations of the transfer function method.
Both approaches follow the same algorithmic structure, with the key difference being the underlying acoustic model used to compute the sound pressures and particle velocities, Nobile and Hayek in TF3, and Ingard’s exact solution in TF4.
The procedure starts with an initial estimate of the surface impedance, derived from the measured transfer function. This serves as the reference value for the iteration.
This impedance is introduced into the chosen acoustic model to compute the pressures at the two microphone positions. Using them, an updated reflection coefficient is obtained, which in turn leads to a new estimate of the surface impedance.
The algorithm then checks for convergence by comparing successive impedance estimates. If the relative difference is above a predefined threshold, the impedance is corrected and the process is repeated. This iterative loop continues until convergence is achieved.
Overall, this iterative approach allows consistent estimation of material properties under different modeling assumptions, while maintaining the same computational framework.


6.4.3 Subtraction Method Principle

* Based on single microphone measurement
L -l n. .L g = X

Aaa“ -] .c‘
T T e

* TWO measurements required:
» Reference signal (no material)

» Test signal (with material)
* Signal composition:
» Test: incident + reflected

» Reference: incident only

Reflection extraction: p,(t) = p,,(t) — pref ()

* Key idea:
» lIsolate reflected component in time domain — Spesker
1| P(w) ’ Al ' :
{f((ﬂ) —_ 1 —_ [ T “ Microphone ' : .
K |Prer(@) . g{ (1) incident impulse
- Test material direct sound

dm

//~ {2) reflection
cancellation
{3) parasitic reflections
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The subtraction method takes a different approach and uses only a single microphone.
It relies on two measurements: one without the test material, which serves as a reference, and one with the material present.
The key idea is that the reference signal contains only the incident sound, while the test signal contains both incident and reflected components.
By subtracting the reference from the test signal, we can isolate the reflected component in the time domain.
This method provides a direct way to extract the reflection from the measured signal, but it requires very precise matching between the two measurements.


6.4.4 Subtraction Method — Processing Steps

* Time alignment: o o
» Sample and sub-sample shifting Time alignment Windowing
' e Nr=I\ e N\
* Amplitude normalization: prase —H—
> Match peaks of reference and test signals frequﬁﬁi’ﬁiE}ﬁi‘?,fgﬁ?si‘iﬂﬁimn Isolate fEf'E“T signal in time

* Subtraction:
>» Remove incident component e Amplitude normalization BFrequency-dormam conversion

ndow byt B o
¢ WlﬂdOWlng: Pref(B) Pref(w)

> lsolate reflected signal in time MRt mfefncea"d i P R
. . !
* Frequency-domain conversion: & | 6 ) _ |
> FFT N (P,(a)), P,ef(a))) A Subtraction p;:u(t;;sorptlon calculation
* Absorption calculation: G ey
» Based on reflected-to-reference ratio jF Sy l
e Extensions: Remove Incident component o R BnSTans
» Multi-angle measurements —/\f—r s
» Spatial averaging Multi—::;:nmg:asurernent?a:;l:t::lm:\:r:aging
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In practice, the subtraction method involves several important processing steps.
First, the reference and test signals must be carefully aligned in time. This is done using sub-sample shifting based on phase adjustments in the frequency domain.
Next, the amplitudes of the signals are normalized to ensure consistency.
After alignment and normalization, the reference signal is subtracted from the test signal, leaving primarily the reflected component.
This signal is then windowed in time to isolate the reflection, and transformed into the frequency domain using the FFT.
Finally, the absorption coefficient is calculated based on the ratio between the reflected and reference signals.
Extensions of this method include measurements at multiple angles and averaging over different positions.


6.5 Comparison of Methods & Practical Considerations

Method comparison Practical considerations
* Transfer function method: e Common challenges:
»  Physically rigorous (wave-based) » Low-frequency limitations
»  Uses phase information » Finite sample size effects
» X Sensitive to geometry and positioning » Diffraction and edge effects
* Subtraction method: * Practical recommendations:
»  Conceptually simple » Combine multiple methods
»  Direct reflection extraction » Perform parametric studies
» X Requires precise synchronization » Validate with reference methods (e.g.

impedance tube)
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In this final slide, we compare the two main methods and highlight practical considerations.
The transfer function method is physically rigorous and uses phase information, making it highly suitable for detailed analysis. However, it is sensitive to geometry and requires precise positioning.
The subtraction method is conceptually simpler and directly extracts the reflected signal, but it depends heavily on accurate synchronization and stability between measurements.
Both methods face common challenges, particularly at low frequencies and when dealing with finite sample sizes and diffraction effects.
In practice, the best approach is often to combine multiple methods and validate results against reference techniques, such as impedance tube or reverberation chamber.


7.1 Overview of Evaluated Methods

* TF methods:

- TF methods Objectives
» TF1 - plane wave approximation
Evaluate accuracy
» TF2 —spherical wave approximation J\r TF1 - plane wave and robustness
appraximation Identify limitations under
» TF3 —iterative (Nobile—Hayek) , anechoic conditions
.J\,_ TF2 - spherical wave
» TF4 — iterative (Ingard’s exact solution) appraximation !
_ T B Focus of Analysis
* Su btra ction methOd (Nobile-Hayek) Influence of geometry
T . . .. (distances,
» Time-domain separation of incident/reflected sound N-TE4 - iterative Ingerd | cositionig] Eé
° Objectives: exact solution)
» Evaluate accuracy and robustness Frequency-dependent
ifv limitati - " behavior
» ldentify limitations under anechoic conditions Sibtrachon metod
* Focus of analysis: Eii b e T
» Influence of geometry (distances, positionin convergence
© v P 8) (TF3/TF4) o
» Frequency-dependent behavior
> Iterative convergence (TF3/TF4) , _reflected |~ Microphone @
separation configuration k_r_)

» Microphone configuration effects effects
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In this part of the presentation, I will summarize the main results obtained from the measurement of the sound absorption coefficient under anechoic conditions using five different approaches.
We considered four transfer function-based methods: TF1 (based on the plane wave approximation), TF2 (introduces a spherical wave formulation), and two iterative approaches: TF3 (based on the Nobile–Hayek method), and TF4 (based on Ingard’s exact solution). Alongside these, we also evaluated the subtraction method.
The goal of this analysis was not only to compare the methods, but also to understand their robustness and sensitivity. In particular, we focused on how different parameters—such as microphone positioning, geometric uncertainties, and iterative convergence—affect the calculated absorption coefficient.


* Source distance: 0 -
» Slight increase in o for 160 Hz — 1 kHz with larger distance 0. -
» At higher frequencies = curves converge ) 5 -
» Local deviation observed at ~1.6 kHz (55 cm case) - 0.4 1 - %;}:E
* Microphone distance: 02 e
» High variability below ~400 Hz 0:0 = T

I I
DO E DD D DN i N A N A
N it SN N IO N

» Very small distances - overestimated «a v ” °
» Stable behavior from 400 Hz to 5 kHz

* Key interpretation:
» Differences mainly caused by geometry variations
» Low frequencies:
» Affected by interference and limited SNR

» Higher frequencies:

» Reduced sensitivity to geometric variations 00 FE T T T
PP PP P \"*‘\,I.lj-}*‘\ﬁ*‘ i ,ﬁ: G A A

Frequency [Hz]
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Let us start with the subtraction method and examine how geometric parameters influence the results.
The first figure shows the effect of changing the distance between the sound source and the sample. We can observe that at low and mid frequencies, especially between 160 Hz and 1 kHz, increasing the source distance leads to a slight increase in the absorption coefficient. This is likely due to improved wavefront conditions and reduced near-field effects.
However, at higher frequencies, the curves converge, indicating that the method becomes less sensitive to this parameter.
The second figure shows the influence of microphone distance. Here, the low-frequency region is clearly problematic. Very small microphone distances result in unrealistically high absorption values, likely due to interference effects and limited spatial resolution.
In contrast, between roughly 400 Hz and 5 kHz, the results are much more stable, suggesting that the method performs reliably in this range.


7.2.2 Subtraction Method: Angle, Size & Validation

e Effects of angle of incidence: 1.{Angle of incidence .0 ] Sample size

- L -
K4 :') !'1.7 =

e :."‘_._ N :{r.s

» Minor influence below ~1.25 kHz o - 038 T ‘
. o . . - 1.00m = 0.40m
> Moderate variability in mid freq. £ 051 0.6 — - 1.00m * 0.50m | |
< = 1.00m * 1.00m
> Good agreement above 4 kHz 047 0.4 - —eet 2.00mx 1.25m
. 0.2 - 02 - === 2.00m = 2.40m
 Effects of sample size: | | ~ 302
. 00 I".I 1 1 I 1 1 I I 1 I I | I I I ) I I 00 1 -I 1 1 1 I 1 I 1 I I I 1 1 II 1 I‘ | I
» Strong influence at low fregq. 9.0 0 B DD D D% 6 N o A b e D D 5 DD D D A N A A A N a6
\b nb-. n? -\,:\ 5&-_ ;ﬁi\-. h"! q:.'Q‘ N \r}. \b ¥ ,..]f'}’b-\o') L) b") S \'Q \b AF el q,:\ '39 c.}} go"'J r_'bQ At \f}, \‘0 W q:?’b\‘} W e b") ) \Ql
» Smaller samples = larger a fluctuations Frequency [Hz] Frequency [Hz]
» Above ~3 kHz - results converge Lo 4
* Comparison with reference methods: 038 -
» Good agreement with impedfance tube — = 06 4
and .'CAL mOdeI 5 = Subiraction averaged
0.4 5 - . == |mpedance tube
» Reverberation room = larger variability > ==+ JCAL Model
0.2 1= J Subtraction
e Conclusion: subtraction method is: » *Reverberation room
» Reliable above ~300 Hz O SR P S ¥ FF S S

P . F -+ [Hz
» Sensitive to setup at low frequencies requency [Hz]
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In this slide, we look at additional parameters affecting the subtraction method.
First, regarding the angle of incidence, the results show relatively small differences at low frequencies. However, in the mid-frequency range, we observe fluctuations and variations depending on the angle, while at higher frequencies the curves again become consistent.
Next, the influence of sample size is significant at low frequencies. Smaller samples tend to show higher absorption, which is likely related to edge diffraction and finite-size effects. As frequency increases, the influence of sample size diminishes and the curves converge.
Finally, when comparing the subtraction method with reference methods, we observe good agreement above approximately 315 Hz with impedance tube measurements and numerical simulations. However, the reverberation room results show larger variability, especially at low and high frequencies.
Overall, this confirms that the subtraction method is reliable, particularly in the mid- and high-frequency range.


7.3.1 TF Methods: Sensitivity to Microphone Position

* Analysis approach:

_ mic A
» Same measured signals used @ I_
» Only microphone distances varied in post-processing r
» - Simulates realistic positioning errors in experiments Same measured
. . _ signal used
* Underlying physical mechanism: mic B
> aderived from TF between two microphones 'r.:-:-:—:-f':'_::'l— gir:tizgﬁd 0
» TF depends on phase difference between microphones
> Phase difference directly related to microphone spacing Only microphone
e distances varied
* Impact of positioning errors: in post-processing
» Small distance error - phase error - a error
* Observed behavior: o a
» Low frequencies: Low sensitivity (large wavelength) AN £ [l
: . . : . | Accurate
» High frequencies: Strong sensitivity = instability Uil geometry is
* Implication: Low sensitivity Strong sensitivity critical for

C . . i ili reliable TF results
> Accurate geometry is critical for reliable TF results (large wavelength) - instability el
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In this study, the key idea was to keep the measured impulse response fixed and vary only the assumed microphone distances during post-processing. This allows us to simulate realistic positioning errors.
The fundamental reason for sensitivity lies in the phase difference between the two microphone signals. This phase difference depends directly on the spacing between microphones.
At low frequencies, the wavelength is large, so small positioning errors result in only minor phase changes. However, at higher frequencies, even small spatial errors produce significant phase deviations.
These phase errors directly affect the transfer function and therefore the calculated absorption coefficient, leading to increasing instability at higher frequencies.


Distance

7.3.2 TF1 and TF2: Effects of Changing Upper Microphone

e Configuration:

» Microphone 2 distance varied in range 0.03-0.04 m

» Microphone 3 fixed at 0.015 m

* Results:
» Low frequencies:

> Minimal variation in o = robust behavior

» Mid and high frequencies:

» Increasing divergence between
sensitivity to geometric uncertainty

e Comparison of TF1 and TF2:

curves

» TF2 shows slightly improved stability, esp. at mid freq.
» TF1 exhibits more pronounced oscillations

* Interpretation:

» Phase error increases linearly with frequency

» Small changes in distance = significant phase deviations

> Interference between incident-reflected waves sensitive
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In this slide, we analyze the effect of changing the position of the second microphone.
We varied the distance of microphone 2 within a small range while keeping microphone 3 fixed. The results are shown for both TF1 and TF2 methods.
At low frequencies, the absorption coefficient remains relatively unchanged across different configurations. This confirms that the method is robust in this region.
However, as frequency increases, the curves begin to diverge. This effect is more pronounced in TF1, while TF2 shows slightly improved stability.
This behavior is consistent with the theoretical expectation: phase sensitivity increases with frequency, and therefore small geometric uncertainties have a larger impact.


7.3.3 TF1 and TF2: Effects of Changing Lower Microphone
Distance

e Configuration:
» Microphone 3 distance varied in range 0.01-0.02 m

» Microphone 2 fixed at 0.035 m

= (0L m

* Results: n =
> Similar trends as for microphone 2 variation = strong ] | | -
influence observed at mid and high fregs. i — i
* Frequency-dependent sensitivity: i A O O == A I I 111
» TF1: Significant deviations above ~1 kHz " e ?ﬂFﬂrcque:liy[Hz] R e
» TF2:Deviations begin already above ~700 Hz Effects of changing x3 [m] (TF2 method)
* Key insight: 1
» The closest microphone to sample distance also critical 08 1
» Located in region of strong wave interference E 05
» Most sensitive to positioning errors ) 04 1
* Implications: 021

» Accurate positioning of near-surface microphone essential o
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Here, we examine the effect of changing the position of the microphone closest to the sample.
Again, the general trend is similar, especially for TF2, and the impact is a bit less pronounced for TF1. The results show that variations become significant above approximately 1 kHz for TF1 and around 700 Hz for TF2.
This indicates that the closest microphone plays also a critical role in the accuracy of the measurement. Since it is located in the region where the interference between incident and reflected waves is strongest, any positional error directly affects the phase relationship.
This highlights the importance of precise positioning, especially for microphones located close to the sample surface.


e Configuration:
» Source distance (r,) varied in range 0.40-0.50 m

» Geometry (mic positions) fixed

e Results:

» Low frequencies (< ~400 Hz):
» Variability and instability
» Sensitivity to source positioning
» Mid and high frequencies:
» Very small variation between curves

Z0°, TF2

» Absorption coefficient remains smooth and consistent

(~0.8-0.9)
» Indicates robust behavior of the method
» Nearly identical positions of notches for all (r,)

* Interpretation:

» Low-frequency behavior small geometric
significantly affect phase estimation
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This slide shows the effect of changing the source distance rs in the TF2 method, with all other geometry fixed.
At low frequencies, we observe strong variability and instability. The results are highly sensitive to source position, since small geometric changes introduce significant phase errors.
At mid and high frequencies, the curves almost overlap. The absorption coefficient remains smooth and consistent, indicating robust behavior.
Notably, the positions of the notches are nearly identical for all rs, suggesting they are mainly driven by interference and geometry, not source distance.
Overall, the influence of rs is significant at low frequencies and negligible at higher frequencies.
A similar low-frequency sensitivity is also observed in the subtraction method, due to path-length uncertainty.


* Initial problem:
» lterative process can become unstable after ~3 iterations

: e
J M i~ f
‘ / i

> Leads to physically unrealistic results 5: i M“ ",W
Root cause:  Zin = Zin — (Zs — Zin) H
Hm |\

» Instability in impedance update equation
1+7T

Solution: Znew = = O(1—1/Zg) Z0°, Relaxatlon factor =0.5
» Introduction of a revised update formulation “ Ly
W #'T-in i
)I {»\'/’ II‘V‘ I‘."‘I‘
i

Z0°, Relaxation factor = 0.2
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» Ensures stable and meaningful iteration results |

Relaxation factor introduced: . ‘
> Values tested: 1 (no relaxation), 0.5, 0.2 i |

» Acts as a damping mechanism in iteration

Results:
» Without relaxation: oscillations and divergence

» With relaxation: smoother and more stable curves, and
improved convergence behavior
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We now move to the iterative TF3 method based on the Nobile–Hayek approach.
Initially, the iteration exhibited instability and failed to converge after only a few steps. This was traced back to the impedance update formula used in the iteration.
By replacing the original update equation with a revised formulation, we were able to obtain stable and physically meaningful results.
In addition, a relaxation factor was introduced to control the update process. Without relaxation, the results show strong oscillations and instability.
With relaxation, particularly for values of 0.5 and 0.2, the curves become smoother and more consistent.
This demonstrates that proper formulation and stabilization of the iteration process are essential for reliable results.


Analysis performed for:
» Incidence angles 0° and 30°

Effect of relaxation factor:

» 0.2 - smooth and stable curves, the smallest
variability, the fastest convergence

» 0.5 - acceptable compromise, medium curve
variability, medium convegence

» 1 - equivalent to no relaxation factor, the greatest
curve variability, the slowest convergence

* Conclusion - iterative TF3 method requires:
» Controlled relaxation
» Careful numerical implementation
» Limited number of iterations (seven)

e Key insight:

» Proper numerical stabilization is essential for
iterative TF methods
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In this and previous slide, we further analyze the influence of the relaxation factor and the angle of incidence.
The results show that a relaxation factor of 0.2 produces the most stable curves, while 0.5 provides a reasonable compromise between stability and convergence speed.
The analysis also indicates that the optimal number of iterations is around seven. Beyond this point, further iterations do not significantly improve the results.
Overall, this confirms that the iterative method can be successfully applied, but only with careful tuning of numerical parameters.


7.3.7 TF4: Validation of Iterative Approach

* Observed issues: - Z0°, Relaxation factor = 1
> Slow convergence and instability without correction

Applied improvements:
» Revised impedance update equation

> Introduction of relaxation factor

Results:
> Relaxation factor 0.2 = stable and consistent results

» Optimal number of iterations again ~7

Comparison with TF3:
» Very similar behavior observed

» Convergence issues are method-independent

> Related to general iterative structure

Conclusion - iterative TF methods:
» Provide improved modeling capability

> Require careful numerical stabilization i hﬂﬁf I
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The TF4 method, based on Ingard’s formulation, shows very similar behavior to TF3.
Again, the original iteration suffers from instability and slow convergence. By applying the same improvements—a revised update equation and a relaxation factor—we obtain stable results.
The best performance is achieved with a relaxation factor of around 0.2 and approximately seven iterations.
The consistency between TF3 and TF4 confirms that these observations are not method-specific, but rather reflect general properties of iterative impedance reconstruction.
This strengthens confidence in the approach, while also highlighting the importance of numerical stability.


7.4.1 Multiple Microphone Pairs: Frequency Dependent

Selection
* Measurement setup: * Motivation:
» 3 microphones positioned at different distances » No single configuration is optimal
» Mic 1 (furthest), Mic 2 (middle), Mic 3 (closest) » Suggests frequency-dependent selection of

microphone pairs

Available microphone pairs:

» Mic 1-Mic 2 (large spacing), Mic 1-Mic 3 (very
large spacing), Mic 2—Mlic 3 (small spacing)

mall ing: - ; Mic1 |

» High stability and robustness

» Poor low-frequency behavior

Large spacing:
» Better low-frequency sensitivity

» Increased instability at higher frequencies

Microphone spacing directly controls:
» Phase resolution

» Sensitivity to noise and geometry
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In this part, we analyze the use of multiple microphone pairs.
We have three microphones, which allow three possible pair combinations. Each pair has a different spacing, and therefore different sensitivity characteristics.
Smaller spacing provides better stability and robustness, especially at higher frequencies. However, it suffers from poor low frequency behavior, where phase differences become very small.
On the other hand, larger spacing improves low-frequency sensitivity, but introduces instability at higher frequencies.
This creates a clear trade-off, suggesting that no single microphone pair is optimal across the entire frequency range.


7.4.2 Microphone Pair Effects in TF1: Oblique Incidence

TF1 method, different mic. combinations, 15 degrees

e Large-spacing pairs (Mic 1-Mic 2, Mic 1-Mic 3):

» Oscillations in absorption curves
» Instability increases with incidence angle

» Better performance at low fregs.

* Small-spacing pair (Mic 2—Mic 3):

» Most stable and consistent results at mid and high freqs

» Worse behavior at low fregs.

* Influence of incidence angle:
» Increasing angle - more complex propagation paths

» Amplifies phase errors and instability

* Underlying cause:
» TF1 assumes plane wave propagation

» This assumption becomes less valid:

» For oblique incidence
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Here we focus on TF1 under oblique incidence.
The results clearly show that microphone pairs with larger spacing, especially those involving the furthest microphone, produce highly oscillatory and unstable absorption curves mainly at mid and high frequencies, but also better performance at low frequencies.
In contrast, the closest microphone pair consistently provides the most stable results at mid and high frequencies, but, on the other hand, worse behavior at low frequencies.
The seen instability increases with the angle of incidence, due to more complex propagation paths and stronger sensitivity to phase errors.
The underlying cause is that TF1 assumes plane wave propagation, but this assumption becomes less valid under oblique incidence conditions, leading to increased inaccuracies in the results.


Incidence

7.4.3 Microphone Pair Effects in TF2: Normal and Oblique

* Normal incidence results:
» TF2 provides smoother and more stable curves than TF1
» Larger spacing: improves low-frequency behavior

* Oblique incidence results:

» Large spacing: increased variability and oscillations, better
captures wave interference at low frequencies

» Small spacing: the most robust configuration for mid and
high frequencies

* Interpretation:
» Spherical wave model improves:
» Physical representation
» Low-frequency accuracy

» However, sensitivity to geometry remains

TF2 method, different mic. combinations, 0 degrees
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Mic. combinations
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TF2 method, different mic. combinations, 15 degrees
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Optimal approach: Combine microphone pairs depending on frequency:.a) use larger spacing for
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low frequencies, b) use smaller spacing for high frequencies
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For normal incidence, TF2 again provides smoother and more stable curves than TF1. Increasing the microphone spacing in TF2 improves the low-frequency behavior, where longer wavelengths require larger spatial separation for accurate estimation.
For oblique incidence, the behavior becomes more complex. Larger spacing leads to increased variability and oscillations, but it also better captures wave interference effects at low frequencies. On the other hand, smaller spacing proves to be the most robust option at mid and high frequencies, where stability becomes more important.
This is consistent with the interpretation: the spherical wave model improves the physical representation and enhances low-frequency accuracy, but the method still remains sensitive to geometric parameters, especially under oblique incidence.
The key takeaway is that an adaptive approach is optimal: use larger spacing for low frequencies and smaller spacing for mid and high frequencies to balance accuracy and robustness.


8.1 Conclusions on Absoprtion Coefficient Measurements —
Non-Anechoic Methods

* Reverberation room method (ISO 354):

» Diffuse-field absorption coefficient

» Suitable for realistic, multi-directional sound
fields

» Requires large samples

* Impedance tube method (ISO 10534-2):

» Normal incidence absorption coefficient
» High accuracy and repeatability

» Limited range and
conditions

frequency incidence

* Advanced / alternative methods:

» PU probes: direct impedance estimation
» Microphone arrays: spatial sound field analysis

» Time-domain methods: impulse response

separation
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 General characteristics:
» Standardized and widely validated

» Different methods—different absorption definitions

» Results depend on measurement conditions and
assumptions

Advanced /
Alternative
Methods
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Impedance Tube Method
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Before concluding, it is important to briefly summarize the other commonly used measurement methods, which are not based on anechoic conditions.
The reverberation room method provides the diffuse-field absorption coefficient and is widely used in standards. It represents realistic acoustic environments, but requires large samples and offers limited detail about the material behavior.
The impedance tube method provides highly accurate and repeatable results under controlled conditions, but only for normal incidence, and within a limited frequency range.
In addition, there are several advanced approaches, such as PU probes, microphone arrays, and time-domain techniques, which offer more detailed information but are more complex to implement.
The key point is that all these methods are well established and validated, but they measure different types of absorption coefficients, depending on the sound field assumptions.
This highlights an important conclusion: the measured absorption coefficient is not a unique material property, but depends strongly on the measurement method and conditions.
This is exactly why alternative approaches, such as anechoic measurements, are being explored—to provide additional insight and flexibility beyond standard techniques.


8.2 Conclusions on Absorption Coefficient Measurements
under Anechoic Conditions

e Subtraction method:

» Reliable and consistent above ~300 Hz
» Sensitive to geometric uncertainties at low freqs

* Transfer function methods:
» Strong dependence on:
» Microphone positioning
» Phase accuracy

* |terative methods (TF3 & TF4):

» Improved modeling, but numerically sensitive
» Require numerical stabilization

* Microphone configuration:
» No universally optimal setup

» Performance depends on: i) frequency, ii)

incidence angle

» Best approach: hybrid/frequency-dependent mic

selection
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* General conclusion:

» Accuracy of absorption coefficient measurement
depends on:

» Measurement geometry
» Frequency range
» Signal processing method

» Careful design of both experiment
processing is essential

and

» Strong potential of anechoic measurement

approaches

» Further investigation needed for validation and
comparison with standard methods

THANK YOU FOR YOUR
ATTENTION
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To conclude, several important observations can be made.
The subtraction method provides reliable results, particularly above 300 Hz, but is sensitive to geometric uncertainties at low frequencies.
Transfer function methods are highly sensitive to microphone positioning and phase errors, especially at higher frequencies.
Iterative methods such as TF3 and TF4 offer improved modeling capabilities, but require careful numerical stabilization, including the use of relaxation factors.
Finally, microphone configuration plays a crucial role. No single setup is optimal, and the best approach is to use frequency-dependent or hybrid strategies.
Overall, the accuracy of absorption coefficient measurements under anechoic conditions strongly depends on both the experimental setup and the signal processing approach.
In addition, these types of measurements show significant potential and should be further explored in future work.
A more detailed investigation is needed to better understand their characteristics, limitations, and overall performance, as well as to enable a systematic comparison with established measurement methods.
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