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1 ABSTRACT

Design, build and use of a transfer function method
impedance tube for the measurement of sound absorption

This project aims to design and build an impedance tube utilising the transfer function method to
measure medium to high frequency sound absorption of materials. The tube will have a 100Hz-
3000Hz working frequency range, aluminium construction with rigid backing and an adjustable air
gap. The tube will be funded for by Southampton Solent University and will use microphones
(preamps and capsules) provided by them. Upon completion of the project the tube may be used by
Southampton Solent University for sound absorption testing, as its operational frequency range is
slightly higher than that of the university’s impedance tube (90-1800Hz) that currently uses the
standing wave method (BS EN ISO 10534-1:2001).

The tube will be built in accordance with BS EN ISO 10534-2:2001 Acoustics — Determination of
sound absorption coefficient and impedance in impedance tubes. Part 2: Transfer-function method. A
data acquisition system running National Instruments LabVIEW 2014 will be used for the
calculation of complex transfer function, from which the calculation of reflection coefficient and
subsequent absorption coefficient can be completed using Matlab.

The impedance tube will be built with the view to modification in the future that allows the testing
of sound absorption of materials at different temperatures, through use of an air chamber with
connectivity to a heat source.

Key
1 Microphone A
2 Microphone B

3 Test specimen

Figure 2 — Microphone positions and distances

A fixed two-microphone impedance tube design (BS EN I1SO 10534-2:2001)
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2 AIMS AND OBJECTIVES

— Successfully design and build an impedance tube suitable for laboratory testing of normal
incidence absorption coefficients on small material samples.

— Identify the areas in which the tube could be improved, either to achieve a more accurate
test result or to improve upon the efficiency of the measurement procedure.

3 LITERATURE REVIEW

The measurement of acoustic absorption of a material is used in the calculation of reverberation
time for rooms and spaces. Below the uses for reverberation time, acoustic absorption, material
testing, and different types of acoustic absorber are defined.

3.1 Reverberation Time

Reverberation time, RT60, is defined as the time taken for sound to decay by 60dB, a decay to 1
millionth of its original energy level. This can either be measured or calculated, depending on the
purpose. The RT60 of a space gives an indication of its suitability for purpose as RT60 times of
different lengths will have a marked effect on how an audience perceives music or speech, how
comfortable a speaker or musician is performing in that space, or how much sound from a piece of
machinery is likely to be amplified by the materials surrounding it. Reverberation time varies with
frequency due to the dimensions of the space and materials will have different absorptive properties
depending on their structure, shape, and density, as well as other properties.

The measurement of reverberation time is useful in existing structures as the RT60 can then be
modified by the replacement, removal or addition of materials to make it more suitable for its task.
Hard surfaces are likely to be reflective to sound and a room with a majority of them will have a
high reverberation time. The addition of highly absorptive materials can then be an effective method
of reducing reverberation time.

Reverberation time, s
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Figure 1 Typical reverberation times for various spaces (Briiel & Kjer)
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As an example, in a space where speech intelligibility is important a very low reverberation time
may make it difficult for an audience to hear at a distance from the source, as the majority of sound
reaching the listener will be direct. Conversely a high reverberation time may create a “muddy”
effect, where-by the listener is unable to distinguish between direct and reflected sound, creating a
lot of excess and unwanted noise. The ability to estimate and calculate reverberation time through
the use of measured absorption coefficients makes the testing of materials very useful.

A simple calculation of reverberation time is the Sabine equation. This uses the volume of the space
in question, the absorption coefficients for each of the difference surfaces, and knowledge of the
surface area that each of those materials takes up. This equation must be repeated for each
frequency under investigation for which the absorption coefficients are known, which can finally be
plotted to reveal the reverberation time (RT60) across the audible frequency spectrum.

More complicated modern equations are now used which make a more accurate representation of the
likely reverberation times in a space. These are most easily calculated through use of acoustic
modelling software, which sometimes come packaged with a database of absorption coefficients for
common materials. Common software packages used for this purpose are EASE, CATT, Cadna and
Odeon, although there are many packages available.

3.2 Absorption coefficients

The absorption coefficient is a number between 0 and 1, defining the amount of sound energy
absorbed or transmitted by the material under test. 1 indicates perfect absorption while 0 indicates
perfect reflection.

There are many uses for absorption coefficients when noise levels are an important factor. When the
absorption coefficients for all the surfaces in a space are known they can be used to give an estimate
of the reverberation time in that environment before it is built, therefore giving the designer an idea
of what the space will be suitable for. When the surfaces in a space are specifically chosen based on
their sound absorbing properties it is possible to control the amount of reverberation in the space,
making it suitable for different tasks. This can apply to new buildings, modifications to existing
buildings, and enclosures built to control noise from machinery or other noise sources.

The different methods of measuring absorption coefficients produce results for use in different
scenarios, with impedance tubes providing normal incidence results, while reverberation chambers
can be used to measure absorption coefficients at random incidence. Measurements at different
angles of incidence can produce different results based on the structure of the material, and can be
used for different types of reverberation time calculation, depending on the likely positioning and
use of the material.

Table 1 Typical absorption coefficients in octave bands (Peters, et al. 2011, p.108)

Typical absorption coefficients in octave bands
Material 125Hz 250Hz 500Hz 1000Hz 2000Hz 4000Hz
Concrete, unpainted 0.01 0.01 0.02 0.02 0.02 0.05
Brickwork 0.02 0.03 0.03 0.04 0.05 0.07
Carpet, cord 0.05 0.05 0.10 0.20 0.45 0.65
75mm Mineral Wool 0.34 0.95 1.00 0.82 0.87 0.86
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3.3 Methods of absorption coefficient measurement

Much research has already been carried out into the methods for measuring the sound absorption
coefficient of a material, there are multiple methods set out in British Standards for the
measurement of sound absorption at different angles of incidence, in a laboratory or in-situ. For
normal incidence measurements there are 2 laboratory methods available;

BS EN ISO 10534-1 — Acoustics. Determination of sound absorption coefficient and
impedance in impedance tubes — Part 1: Method using standing wave ratio method.

BS EN ISO 10534-2 — Acoustics. Determination of sound absorption coefficient and
impedance in impedance tubes — Part 2: Transfer-function method.

These two methods utilise an “impedance tube” for measurements of sound absorption. BS EN ISO
10534-1 is an earlier standard with a simpler (and more time consuming) test method than BS EN
ISO 10534-2, whereby a standing wave is produced by a loudspeaker within the tube at a particular
sinusoidal frequency and a moveable microphone is used to locate the nodes and anti-nodes present,
measuring their respective amplitudes. The ratio between these two measurements can then be used
to calculate the sound absorption of a material. This method can be time consuming as sine tones
must be used and the microphone must be manually moved along the inside of the tube. The
method can also be considered inaccurate as it relies on the microphone operator to correctly
identify the exact minima and maxima amplitude in the tube.

BS EN ISO 10534-2 is a faster test method which in theory should provide a more accurate and
repeatable result. Using this technique the microphone(s) are placed in fixed positions along the
tube, allowing the use of random, pseudo-random, or chirp tones rather than sine waves, speeding
up the test process. The calculation of sound absorption from the transfer function between the
microphones is more complex than the standing wave ratio, which limited the use of the method
before the widespread use of more powerful computer systems.

3.3.1 Standing Wave Ratio Method

Using this method a loudspeaker at one end of a tube is used to produce plane, sinusoidal sound
waves while the test sample is placed at the other end in front of a rigid backing. A microphone is
then moved along the tube to locate the pressure minima and maxima which are recorded for each
frequency of interest. Tests are normally carried out in octave or 1/3 octave frequency bands as
measurements of greater precision would become extremely time consuming. The working frequency
range of the tube is determined by length and internal diameter.

Figure 2 Briel & Kjeer standing wave apparatus type 4002 (Brlel & Kjer, 1979)
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The superposition of the incident and reflected sound waves produces a standing wave pattern in the

tube than can be measured by the moveable microphone.
The standing wave ratio is given as:

Pmax

S =

P, min
The reflection factor can then be calculated from this ratio:

_5-1
)

The absorption coefficient for each frequency is then given by:

a=1-—r?2

3.3.2 Transfer Function Method

The transfer function method is a much more advanced calculation of reflection factor and

absorption coefficient from the use of an impedance tube, a sound source (loudspeaker) is used to

produce random or pseudo-random noise which is measured by two (or more) stationary

microphones. The sound pressures recorded from both microphone positions can be used to
determine a complex transfer function which is then used for the determination of reflection factor

and absorption coefficient.

Once the complex transfer function has been calculated the reflection factor can be determined using

the quantities shown below:

— 2jKoxq
r = e
Hgp — Hy

Hy, — Transfer function
H; — Transfer function of incident wave

- e—jk(xl—x?)
Hg — Transfer function of reflected wave

— ejk(xl—x2)
Ko = Wave Number

K, = w 2nf

Co Co

X1 = Distance between sample and farthest microphone position
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When using two microphones for calculation of transfer function a procedure must be carried out to
account for phase mismatch of the microphones. There are two methods of correction, repeated
measurement with microphones interchanged, or a predetermined calibration factor. The standard
suggests that for a limited number of specimens to be tested the interchange of microphones is more
applicable, while for a large number of test samples it is advantageous to leave the microphones in
place and use a predetermined calibration factor.

Kunio et al. [2009] have conducted research into the differences in test results between a 2
microphone transfer function method (found in BS 10534-2) and a more experimental 4 microphone
transfer matrix method. Their results indicate that both methods provide very similar results, but
due to a greater variation in test sample positioning the 4 microphone method is likely to be less
reproducible than the 2 microphone method.

3.3.3 Other Methods

For measurements of sound absorption not at normal incidence a reverberation chamber may be
used for random incidence measurements. In a reverberation chamber a diffuse field can be created
using highly reflective surfaces and diffusors so that the introduction of a material to the space will
reduce the diffuse sound pressure level. The reduction in sound pressure level can be used to
calculate the absorption coefficient of the material added to the room. The British Standard for
reverberation room measurements is;

BS EN ISO 354:2003 — Acoustics. Measurement of sound absorption in a reverberation room.

In-situ measurements of sound absorption are possible with the use of “impedance guns” or other
free field standing wave ratio methods. These are suitable for testing when the material or object
cannot be moved from its location, such as testing sound absorption of car seats.

For testing sound absorption of road surfaces in-situ the international standard ISO 13472-1:2002
Acoustics — Measurement of sound absorption properties of road surfaces in situ - Part 1: Extended
surface method may be used.

3.4 Types of acoustic absorption materials

Although all materials will provide a varying level of sound absorption based on their properties it
can sometimes be advantageous to use products specifically designed to provide high levels of sound
absorption. These products can be applied to surfaces or areas in a room or space to reduce
reverberation when it is considered too high.

There are 3 different methods of sound absorption that can be used to reduce reverberant sound
level;

- Porous absorbers
- Panel absorbers
- Helmholtz cavity resonators
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These types of absorber use different methods for the absorption of sound and so reduce levels of
reverberation at different areas of the audible frequency spectrum. They can be used in conjunction
with each other to create broadband absorption or they can be specifically targeted at areas of the
frequency spectrum where reverberation is particularly high.

As the diagram below shows, cavity resonators (Helmholtz) are tuned to a specific frequency and so
are used for the reduction of reverberation when a particular resonance is a problem in a space. A
panel absorber is also tuned to a particular frequency however due to the combination of resonant
space and porous absorber used they can act over a more broadband range than a cavity resonator.
(Peters, p.108).

Finally, porous absorbers can be used on a broadband scale however their effectiveness quickly
increases with frequency, requiring a large depth to act effectively on low frequency reverberation.
Small samples of porous absorbers can be tested in an impedance tube at normal incidence, while
measurements of random incidence absorption require a reverberation chamber.

Absorption
N

Porous

> Frequency

Figure 3 Frequency ranges of operation for different absorber types (Peters, et al. 2011, p.108)

3.4.1 Porous Absorbers

In a porous absorber such as a foam, friction between vibrating air particles (sound) and the
materials structure transform from sound energy to heat. The amount of absorption achievable from
a porous absorber is dependent on its porosity and flow resistance, along with the thickness of the
material. Placing an air cavity behind a porous absorber and increasing its thickness can be used to
improve the low frequency performance, which is testable in an impedance tube with an adjustable
air gap between the sample and rigid backing.
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4 DESIGN

Design of the impedance tube began with selecting the appropriate working frequency range of
operation, which in this case is an extension of Southampton Solent University’s current standing
wave ratio impedance tube (Briiel & Kjaer standing wave apparatus type 4002) which has an upper
working frequency of 1800Hz. In order to test materials at a higher frequency the diameter of the
tube is the controlling factor for a transfer function method impedance tube. Using the transfer
function method will also dramatically reduce the time taken to test a sample.

The main tube section is constructed of a piece of round aluminium tubing of internal diameter
63.5mm, 6.35mm wall with an outside diameter of 76.2mm and a length of 500mm. At the sample
end the tube has a secondary section of pipe 200mm in length that is connected to the main section
with a coupler. The smaller 200mm section can be sealed with a solid cylindrical piece of aluminium,
100mm in length (outside diameter 63.5mm) which can be moved along the 200mm length to create
an air gap between the sample and rigid backing if required.

The source end of the pipe terminates flush with a loudspeaker which is mounted within a wooden
enclosure, creating a seal around the outside of the pipe. An amplifier is located outside of the
enclosure to power and provide input to the small loudspeaker.

Two microphone holes are located on top of the pipe, a set distance apart and from each end of the
pipe. These allow microphones to be placed flush with the inside of the tube, sealed from the
outside. The microphones and loudspeaker are connected to a National Instruments LabVIEW
system for signal generation and subsequent data acquisition.

700 0mm Tatal length

e ee - -

 100mm Rigid Backing

Figure 4 Design render of impedance tube and loudspeaker enclosure
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Figure 5 Completed impedance tube and loudspeaker enclosure

Figure 6 Full measurement system

Figure 7 Loudspeaker enclosure and mounted amplifier (normally filled with absorptive foam)

11
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Figure 8 Sample holder, filled with 20mm foam sample Figure 9 Example sample, 20mm foam

4.1 Hardware

The measurement hardware used for this tube has been determined by its availability from
Southampton Solent University. The permanently mounted loudspeaker was chosen based on low
cost and size, while the other pieces of hardware are interchangeable depending on availability.

The data acquisition hardware required two input channels and preferably one output, although the
output channel would not be necessary with the use of other sources. The National Instruments
USB-4431 fit this requirement as it provided a sample rate and bit depth suitable for high quality
measurement, while remaining small, portable, and being powered via USB. A laptop (Figure 6) is
connected to the data acquisition hardware and used for measurement and further calculations using
National Instruments LabVIEW and Matlab software.

The microphones were chosen based on their availability and 1/2inch size, with two of the same type
required for transfer function measurements. These could be replaced or interchanged in the future
with any two microphones/preamplifiers sets of the same type and size. The particular microphones
chosen require 200V polarisation voltage which meant the use of a signal conditioning unit of at
least two channels. The microphones are connected to the signal conditioning unit via LEMO cable,
which is subsequently connected to the data acquisition unit via BNC cable. The use of different
microphones that do not require polarisation voltage would further increase the portability of the
system as the signal conditioning unit would not be required.

12
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Table 2 Selected hardware and specifications

Data acquisition National Instruments USB-4431 | 4 analog input channels; 10 V; 102.4 kS/s
simultaneous sampling rate

1 analog output channel; £3.5 V; 96 kS/s
update rate

24-bit resolution

100dB Dynamic Range

Signal Briiel & Kjeer 4 Channel
Conditioning Microphone Power Supply Type
2829
Microphones Brijel & Kjeer 4190-L-001 + (Serial Numbers: 2808998 & 2809002)

Briiel & Kjeaer 2669 Preamplifier | 1/2 inch capsule

Sensitivity = 50.2 mV/Pa (2808998), 51.1
mV /Pa (2809002)

Frequency response = 6.3Hz-20kHz
Dynamic range: 14.6 — 146 dB
Polarization: 200 V

Loudspeaker SoundLab 100mm Round Frequency Response = 50-8000Hz
Speaker 10W RMS Impedance = 8Q2
Sensitivity = 82dB

4.2  Working frequency range

The impedance tube is designed to operate between 200Hz and 3kHz which lead to the diameter of
the tube being chosen to meet this criteria. A standard pipe size that fits this criteria was found to
be 63.5mm, so this is used in the calculation of the working frequency range shown below.

H<f<h (1)
f, Lower working frequency of impedance tube (Hz)
f Operating frequency (Hz)
f, Upper working frequency of impedance tube (Hz)

4.3 Upper working frequency

The upper working frequency is directly determined by the internal diameter of the tube, and so this
was the first parameter to be taken into consideration.

fuxd<058xc (2)
0.58 x ¢ 2
fu = d ( )

13
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f, Upper working frequency of impedance tube (Hz)
c Speed of sound (m/s)
d Diameter of impedance tube (m)
_ 0.58x343 (2)
fu="00635
f. = 3132.9Hz (2)

4.4 Spacing between microphones

A larger spacing between microphones enhances the accuracy of measurement but lowers the upper
working frequency. The microphone spacing (s) should meet the following criteria:

fuxS<045xc (3)
¢ = 045 xc (3)
fu

Minimum spacing between microphones (m)
Speed of sound (m/s)

f, Upper working frequency of impedance tube (Hz)
_ 0.45x343 (3)
~ 31329
S =49.27mm (3)

A minimum distance of 49.27mm should be used between microphones.

To cover a wider frequency range the tube will utilise 2 different microphone spacing’s. The
spacing’s are 150mm and 50mm.

045xc (3)
u = S
S Spacing between microphones (m)
Speed of sound (m/s)
f, Upper working frequency of impedance tube (Hz)
_ 0.45x 343 (3)
v 015
fu =1029Hz (3)

14
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_ 0.45x343
fu= 0.05
f. = 3087Hz

(3)

(3)

A microphone spacing of 150mm has been chosen to decrease the lower working frequency as low as

possible, which raises the upper working frequency due to the large spacing. A smaller spacing of

50mm raises the upper working frequency from 1029Hz to 3087Hz.

4.5

Lower Working Frequency

The lower working frequency is said to be dependent on the accuracy of the analysis system in use,

however it should be ensured that the spacing between microphones exceeds 5% of the wavelength of

the lowest frequency to be measured.

(o
=-=x0.05
fi=s

Lower working frequency of impedance tube (Hz)
Minimum spacing between microphones (m)
Speed of sound (m/s)

343

fl me 005

f1=114Hz

343

fl =mx 0.05

fl = 343Hz

When using a spacing between microphones of 0.15m the lowest frequency that can be accurately
tested is 114Hz. This corresponds to the spacing being exactly equal to 5% of the wavelength of

114Hz. The smaller spacing of 0.05m for testing at higher frequencies raises the lower working

frequency to 343Hz.

Table 3 Working frequency ranges

Microphone Spacing Lower Working Frequency Upper Working Frequency
(m) (Hz) (Hz)
0.15 114 1029
0.05 350 3087

15
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4.6  Microphone distance to source and sample

BS EN ISO 10534-2:2001 states in section 4.3 Length of the impedance tube that non-plane waves
will propagate in the tube until a distance of around 3 tube diameters from the loudspeaker. The
closest microphone should be placed at least this distance away, shown below.

Dsource = 1D X 3 (5)
Dyuwee Distance from closest microphone to loudspeaker source (mm)
ID Internal Diameter of tube (mm)
Dsoyrce = 63.5 X 3 (5)
Dsource = 190.5mm (5)

Section 4.3 also notes that the test sample will produce proximity distortions to the acoustic field
and so the closest microphone to it should be placed at least 2 diameters away in the worst case
scenario (strongly asymmetrical sample type).

Dsample =IDx2 (6)

Dymple Distance from closest microphone to sample (mm)
ID Internal Diameter of tube (mm)

Dyampte = 63.5 X 2 (6)

Dsample = 127mm (6)

16
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5 SIGNAL PROCESSING

The signal processing for the impedance tube consists of output via a loudspeaker, and input via 2
microphones. National Instruments LabVIEW 2014 is used in the calculation of transfer function
while MatLab is used for calculation of reflection coefficient and subsequent absorption coefficient
for the 2 incoming microphone signals. The output signal via loudspeaker can be produced by

LabVIEW or by an external signal generation source.

ez

i Devt/ait

TR messege - womings 7]
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y

[AI Microphone ] [AI Microphone ] Sample Crock e

50

[Analog 1D Wim _|
NChan Nsamp

Coherance
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real (Y/X)
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fresponseft———ar 0 =y
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|

Figure 11 Example LabVIEW front panel showing acquisition

Figure 10 Example of National Instruments LabVIEW code for data acquisition
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|
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| soo0 |
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| 800000 |
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5.1 Transfer Function

For the calculation of complex transfer function the sound pressures for both microphones must be
read simultaneously and have the same number of samples FFT analysed. A transfer function can

then be calculated within National Instruments LabVIEW 2014 software, which produces the real

and imaginary parts of the transfer function separately.

P2 )
Hyp = —
12 P1

P1= Microphone closest to source

P2= Microphone furthest from source

5.2 Correction for microphone mismatch by switching channels for every test measurement

For the limited number of test samples that are likely to be tested with this impedance tube it is not
necessary to use a predetermined calibration factor for correcting microphone mismatch. Instead the
microphones will be interchanged for each test and a secondary transfer function calculated. The
final transfer function can be calculated from the two measurements, shown below:

1
Hp,'\2
Hiy = (—=

H,,” = First microphone configuration transfer function

H,,” = Switched configuration transfer function

18
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5.3 Calculation of Reflection Factor

In order to calculate reflection factor and finally the acoustic absorption coefficient the transfer
functions produced using National Instruments LabVIEW 2014 need to be exported for calculation
in MatLab. This complex equation is shown below:

Hp —Hy;

H,, — Transfer function
H; = Transfer function of incident wave

— e—Jk(xl—xZ)
Hr = Transfer function of reflected wave

— ejk(xl-x2)
Ko = Wave Number

Ky = “ oor 2nf

Co Co

X1 = Distance between sample and farthest microphone position (0.405m no sample)

Xi-X, = Microphone separation distance (0.15m)

5.4 Calculation of Sound Absorption Coefficient

From the reflection factor the absorption coefficient is easily calculated from the equation below in
MatLab:

a=1-—12 (10)

o = Sound Absorption Coefficient

r = Reflection Coefficient

19
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5.5 Matlab Code

The code used in the calculation of reflection factor and absorption coefficient is shown below. When
changing from low frequency testing to high frequency testing, the constants for microphone spacing
(s) and the distance between the sample and furthest microphone position (x1) are changed from
s=0.15 and x1=0.385 to s=0.05 and x1=0.235. The distance x1 is dependent on the thickness of
sample and air gap that are used, which in this case are 20mm sample thickness with no air gap.

% Define constants:

freq = [|; % frequency vector (Hz)

c = 343; % speed of sound in air at 23 Celsius (m/s)

s = 0.15; % microphone spacing (m)

k = (2*pi*freq)/c; % wavenumber in air (m~-1)

x1 = 0.385; % distance between the sample and the farther microphone

load testl.txt

freq=testl (:,1);
k = (2*pi*freq)/c;
reall=testl (:,2);
imagl=testl (:,3);

H12=complex(reall, imagl);

% Reflection coefficient
R = ( HC - exp(-j.*k.*s) )./(exp(j. *k.*s) - HC).*exp(2.*j.*k.*x1);
% HC is Transfer function measured between two mics

% Absorption coefficient
alpha =1 - abs(R)."2;

% Plots

figure(1)

plot(freq,alpha,'b','LineWidth' 2)

axis([0 3000 0 1])

title('Absorption Coefficient','FontSize',12)
xlabel('Frequency (Hz)"), ylabel('Absorption Coefficient')
grid on

20
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6 TEST PROCEDURE

1. The sample should be cut to the shape and internal diameter of the tube, ensuring that it
does not bulge at the edges or in the centre, while also ensuring there are no gaps.

2. The sample should be placed against the rigid backing in the test sample holder, or with an
air gap if required.

3. The sample holder can then be attached to the main tube section by means of a pipe
coupler. The two sections must be pushed firmly together to avoid any gaps.

4. The two measurement microphones (Briiel & Kjser 4190) must be placed into their
appropriate holes (depending on the frequency range under test) so that they are flush with
the inside surface of the tube.

5. The 3" opening in the tube should be sealed so that it is air tight.

6. The microphones can then connected to a Briiel & Kjeer signal conditioning unit which
provides the 200V polarisation voltage that they require. The outputs of the signal
conditioning unit are connected to a National Instruments USB data acquisition unit and
laptop PC running National Instruments LabVIEW 2014.

7. The amplifier can be switched on and pink noise applied to the loudspeaker from an external
source, ensuring that it is at least 10dB above the background noise.

8. A measurement of sound pressures and subsequent calculation of complex transfer function
can be carried out by National Instruments LabVIEW 2014.

9. The position of the microphones should now be switched and a secondary measurement
carried out to account for phase mismatch between them.

10. The transfer function data can be exported from LabVIEW to be used in the determination
of reflection factor and absorption coefficient by MatLab code.

7 RESULTS

The impedance tube has been used to measure the acoustic absorption coefficient of a number of
samples of various thicknesses. The image below shows a number of tested foam samples, with
results (Figure 12) for each of the foam samples plus a sample of thin carpet tile and bare rigid
backing. Plots have been generated through use of the code found in section 5.5 in MatLab. With
measurements carried out using 2 microphone configurations the impedance tube is capable of
absorption coefficient testing from 114Hz to 3087Hz, with a crossover point between 350Hz and
1029Hz.

Figure 12 (Left to right) dense sample 20mm, open cell foam 20mm, open cell foam 40mm

21
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Absorption Coefficient
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Figure 13 Absorption coefficient result for bare rigid backing
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Figure 14 Absorption coefficient result for thin carpet tile
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Figure 15 Absorption coefficient result for 20mm thick porous foam (centre image above)
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Figure 16 Absorption coefficient result for 20mm thick dense foam (left image above)
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Figure 17 Absorption coefficient result for 40mm thick porous foam (right image above)

Results are consistent with expectations as absorption coefficient is increasing with thickness and

density of material, with the lowest result coming from the bare rigid backing (Figure 13) which is
shown to be almost perfectly reflective. The most absorptive result (Figure 17) is provided by the
thickest material under test, which yields a very high amount of absorption above 1kHz. The

addition of an air gap behind the material can help to increase low frequency absorption which is

not seen to be particularly high in any of these samples.
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8 Further Improvement

A tube of smaller diameter could be used for higher frequency measurements with some modification
to the box design to create a tight seal around the outside of the tube. Assuming the use of the
same materials (aluminium tubing) this would be a relatively inexpensive modification that would
increase the working frequency range of the tube.

Verification of measurement results could be obtained by comparison of the same sample between
this tube and another. The Briiel & Kjeer impedance tube (Type 4002 utilising the standing wave
ratio method) already owned by the university may be used to compare results for 1/3 octave bands,
or another impedance tube using the transfer function method may be used to compare result
curves.

9 Critical Assessment

The main limitations of the test method are as follows:

Only normal incidence measurements are possible with an impedance tube. This limits the tubes
ability to provide results conclusive with the sound absorption in a real life scenario, as sound is
likely to interact with materials at many different angles of incidence which may provide different
levels of absorption. A reverberation room measurement of sound absorption is therefore a more
accurate measure, but is difficult to carry out as a large purposefully designed room and powerful
sound reproduction equipment is required, compared to the small size and relative cost of an
impedance tube.

The frequency range of measurement is limited by the size of the tube. It is necessary to use
multiple tube sizes to measure sound absorption over the entire audible frequency range. With the
diameter of the tube limiting the upper working frequency and the length (and distance between
microphones) limiting the lower working frequency.

Compared to the standing wave ratio method the transfer function method requires greater
processing power to calculate the absorption coefficient from a measured complex transfer function.
This requires software packages and computer hardware which would not be necessary for the more
simplified method.
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There are also a number of limitations to this specific project itself:

- In order to produce an impedance tube built to the same level of quality as would be
found in a commercial product, specialist machinery and parts would be required that
were not available for use during this project. Working with aluminium posed the largest
problem as the production of a high quality sample holder and joins between sections is
not possible without access to welding tools and specialist equipment.

- The completed impedance tube cannot be used for measurement without the use of a
computer system and software. The processing required to complete a transfer function
between two microphone signals and then to further process them to produce a reflection
coefficient requires knowledge and experience of programming, or software with pre-
defined code that the user does not need to be familiar with.

10 CONCLUSIONS

An impedance tube for the measurement of acoustic absorption, built to the specifications of
BS10534-2 has been designed and successfully constructed. The tube is capable of testing a small
section of material at normal incidence for low to medium frequency range measurements, with or
without an air gap between the sample and rigid backing.

Absorption coefficient results from the tube are consistent with expectations, however further
verification is needed to prove the validity of results.

In comparison to the use of a standing wave ratio tube (BS10534-1) the transfer function method is
considerably faster for the testing of a material sample, producing a result curve rather than discrete
sinusoidal frequency results as with the standing wave ratio method.
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