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Abstract

Transfer function method impedance tube measurement is a well-known approach used for determining acoustical properties
of mostly porous materials. This paper presents a prototype of impedance tube together with the software solution published
under open-source license. The prototype is developed specifically for experimental design of Helmholtz resonators. For room
acoustic purposes, these are difficult to sufficiently characterize by other methods because of their highly frequency dependent
complex-valued pressure reflection factor resulting in large phase shifts happening upon reflection. The main benefits of the
presented method are the movable rigid termination operated by a stepper motor and the use of open-source libraries as well

as widely available hardware for the whole measurement.
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1 Introduction

In room acoustics, we usually encounter three types of
absorption measurements: reverberation room, free field and
impedance tube measurements. The latter, also commonly
known as Kundt tube method is widely spread because of
small sample size, well-defined normal incidence boundary
conditions and speed. This allows for numerical simulation
validation [1-7] as well as for prototyping and optimization.

The original Kundt tube was invented by August Kundt
in 1866 [8]. The older method directly measuring the stand-
ing wave ratio (SWR) is being replaced with the transfer
function-based methods working with fixed microphone
positions. Two main variants were established—single-
microphone method [9-11] and two-microphone method
[12-15]. An overview of these and other acoustic impedance
measurement methods is given by Hiremath et al. [16]. All
three above mentioned methods are described in various
standards, ISO 10534—1 [17] and ISO 10534-2 [18] in the
European context.

There are several reasons why the standing wave method is
nowadays used mostly for the verification of results obtained
by other methods. The main ones are probably the longer
measurement duration and the rougher frequency resolution
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of the measurement. Thanks to some theory and digital signal
processing, transfer function method overcomes these draw-
backs and is more versatile in its usability.

The main problem of the standardized two-microphone
method is the relatively narrow frequency bandwidth of
the measurements. The partial solution to this problem was
presented by Schneider et al. [19] who added multiple micro-
phones to one cross sectional plane of the tube. In general,
multiple tube diameters are still needed to measure extended
range of frequencies [20].

Slightly different branch of research connected to this
topic was focusing on measurement signals suitable for
acoustic measurements. From today’s perspective, the deter-
ministic signals seem to work the best. Maximum length
sequences (MLS) [21] and swept sines [22] are probably the
most used examples.

This paper presents a prototype impedance tube built to
measure Helmholtz resonators in the region of approximately
63—500 Hz. Attention is paid mainly to two innovative
aspects of this prototype. First, hardware and software solu-
tion of the tube is described as well as the movable rear wall
controlled by a stepper motor. Second, the capabilities of this
device are discussed and a solution for harmonic distortion
filtering is described.
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Fig.1 A scheme of the presented impedance tube prototype

2 Methods
2.1 Hardware Solution

Figure 1 shows the schematic 3D section view on the tube.
It is divided into three main parts: Source part, micro-
phone part and specimen part. The microphone and specimen
parts have a square inner cross section of 100 x 100 mm,
the source part is almost cubic with the cross section of
172 x 172 mm. The cavity depth in the specimen part
is variable from O up to 200 mm, the spacing of the
microphone part is 101.5—298.5—300 mm (specimen to
microphone—distance of the microphones—approximate
microphone to source distance). All the three parts are made
from 18mm thick birch plywood. The connections within
one part are mostly glued. Parts are connected by M5 bolts
and special nuts driven into the plywood. Screwed connec-
tions are sealed with 1mm thick EPDM stripes (except for
the one used for placing a specimen). FDM 3D printing
has been used to make custom shaped parts out of PLA
and PETG plastics. Laser cutting has been used for mak-
ing EPDM sealings (Imm and 6mm thick) and specimens
(both PES fiber boards and plywood). The specimen can be
placed in the tube in two ways: Either fitted in the speci-
men part or placed in between the flanges connecting the
microphone part and source part. The latter way is used for
measuring Helmholtz resonator formed by perforated board
and cavity. It is the measurement of perforated plate-based
Helmbholtz resonators, which motivated some geometrical
choices, which would be otherwise considered not advan-
tageous. First, the square cross section is beneficial when
considering larger-scale final products of repeating perfo-
ration patterns. Second, the larger lateral dimensions allow
for a larger variability of neck geometry and spacing. This
becomes important when tuning resonators towards lower
frequencies or lower absorption.

Source part contains a PES fiber board infill, a loud-
speaker and a Speakon connector. The speaker is a low to
medium frequency range 6.5" loudspeaker with the working
frequency range of 40 to 4500 Hz, resonance frequency 56.2
Hz, nominal impedance 8 €2, and nominal power handling up
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Fig.2 Microphone slot scheme consisting of 3D printed asymmetri-
cal stop piece and slot, EPDM sealing, plywood wall of the tube and
microphone

to 60 W RMS. The loudspeaker is elastically mounted over
3D printed PETG flange and laser-cut 6mm thick EPDM
spacer.

Microphone part contains slots for microphone insertion.
The slot is shown in Fig. 2. 3D printed PLA insertions are
put inside the drilled hole and separated from the tube with 1
mm EPDM sealing to avoid transmission of tube vibrations
to the microphone. Microphone rotation around the vertical
axis is constrained by the asymmetrical stop piece.

Specimen part is formed by the tube itself, the termination
block with the attached threaded rod, gearbox and the stepper
motor. The termination block is glued from 4 layers of 18
mm plywood. The airtightness is secured by two slightly
compressed rings of 6mm EPDM, laser cut to fit two slots
milled around the block. On one side, the M 10 threaded rod
is attached to the block, without the possibility of rotation.
The rod then goes through the gearbox containing M10 nut
attached to one of the gears 0.4 Nm NEMA 17 style motor
is used for the termination movements.

Electronics of the measuring set are stored in a 3U 19”
rack. The rack contains Raspberry Pi SBC, audio interface
Focusrite Scarlett 18120 3rd Gen, Power amplifier t.amp S-
75 MKII and additional storage space for the microphones
Behringer ECM8000, the stepper driver DRV8825 and the
temperature and humidity sensor HTU21D.

3 Software Solution

The measurement is handled by a custom open-source Python
library [23] called imptube [24] and Jupyter notebook scripts
[25]. The problem can be split into three parts: individual
sub-measurements, audio processing and moving the rigid
termination. The custom module contains three main objects:
Measurement, Tube and Sample.

Measurement object contains information about the mea-
surement from the perspective of signal, routing and fre-
quency bandwidth.

Tube object contains information about the tube geometry.

Sample object represents the sample and measurement
boundary conditions.
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Fig.3 HTU21D sensor and DRV8825 driver connection scheme

3.1 Sub-measurement

Function called measure is used for measurements as well as
for calibration. It was implemented with use of sounddevice
[26] module enabling for simultaneous playback and record-
ing. The SciPy [27] library is used for logarithmic sweep
generation and pre-processing.

3.2 Audio processing

Uses also the SciPy library. Initially, the time-domain mea-
sured signal from both microphones is converted using Fast
Fourier transform (FFT). The whole processing is then done
in the frequency domain. The main output is a transfer func-
tion calculated as a ratio between the data captured on both
microphones:

p2(f)
p1(f)

where Hi,(f) is a transfer function between position 1 and
2 on the tube and p1(f), p2(f)[—] are spectra of the signals
measured with microphone 1 and 2 (counted from the loud-
speaker end). The results are corrected by a calibration factor
measured in advance of specimen measurement. It aims on
compensation of the amplitude and phase mismatch between
the microphones [18].

Hip(f) = ey

3.3 Movable rigid termination

Utilizes the GPIO header of the Raspberry Pi SBC and the
DRV8825 stepper driver. A connection scheme is shown in
Fig. 3. A custom module was written to operate the stepper
motor using RPi.GPIO [28] and NumPy [29] libraries.

4 Results and Discussion

As described in previous sections, a prototype impedance
tube was made. A photograph is shown in Fig. 4. The band-
width of the measurement is rather limited and is caused
by the spacing of the two microphones. The ISO standard
recommends the spacing to not be lower than 5% of the
lowest wavelength of interest, which in this case sets the
limit to approximately 57 Hz, assuming the speed of sound
co = 343m/s. The higher limit then equals to f, = 0,
45c9/s = 515Hz. To stay on the safe side, the approx-
imate range is narrowed down to 63-500 Hz. Note that
the bandwidth could be further extended by adding a third
microphone between the original two to get to the limit
motivated by avoiding lateral resonances given by f, = 0,
5co/d = 1715H z, where d[m] is the largest cross sectional
side of the tube.

This section is going to describe the typical normal inci-
dence absorption coefficient «;,[ — ] result when measuring
mainly Helmholtz resonators (HR). A special attention is
paid to the deviations occurring in the measured courses.

A typical output of the measurement can be seen in Fig. 5.
The figure shows HR measurements of cavity depth vary-
ing between 60 and 180 mm, spaced by 40 mm each. The
most evident and not expected feature of the resulting courses
is the amount of oscillations. The deviations are harmonic
and vary in amplitude over the measured spectrum. To visu-
ally demonstrate the harmonic nature of the deviations, the
measurement sweep length was chosen shorter than in other
presented measurements.

5 Deviation Source From Signal Perspective

As visible on Fig. 5, the deviations are harmonic.

Figure 6 shows the spectrogram of a measurement record-
ing. The side sweeps above the fundamental tone represents
the harmonic distortion occurring in the tube. The time
difference between the first upper harmonic tone and the
fundamental tone ¢*[s] stays constant across the measure-
ment and is equal to the sweep rate of the measurement
sweep, which expresses the time span of one octave evo-
lution. It also appears in the impulse response (IR) as the
time span between the main impulse and the first backward
shifted impulse expressing the first upper harmonic. It can
be related to the frequency span of one deviation revolution
A f[Hz] visible in Fig. 5 by

o L
=57 6

The same equation is valid also for the other upper har-
monics. As pointed out by Miiller and Massarani [30], using
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Fig.4 A photo of the impedance
tube prototype
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Fig.5 Logarithmic sweep measurement spectrogram for a resonator. Resonator geometry is the same as in Fig. 6 only the cavity depth is 200 mm.
The main (loudest, darkest) sweep is accompanied by its upper harmonics showing the harmonic distortion of the measurement. Sweep parameters:
sampling rate f; = 48 kHz, number of samples N = 1,048,576, duration T = 21,8 s, frequency range of 10 to 1000 Hz, sweep rate 0,30 oct./s, no

averaging, peak normalized
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Fig. 6 Unfiltered Helmholtz resonator absorption measurement. Perfo-
rated medium density fiberboard (MDF) with neck radius » = 12,5 mm,
neck spacing D = 100 mm, plate thickness = 9 mm. The cavity depth
varies. Sweep parameters: sampling rate f; = 48 kHz, number of sam-
ples N = 65,536, duration T = 1,37 s, frequency range of 10 to 1000
Hz, sweep rate of 4,87 oct./s, no averaging

random excitation signals like MLS or white noise does not
come with this behavior and harmonic distortion is spread
across the whole IR duration in the form of a raised noise

@ Springer

floor. This can be lowered by longer averaging times, but not
avoided. In the case of sweeps, harmonic distortion can be
precisely measured or completely filtered from the measure-
ment, as follows.

6 Deviation Filtration

A filtering solution was developed to filter harmonic distor-
tion out of the measured audio. For that purpose, procedures
described in [30] were adapted.

6.1 Preprocessing

First, the original measured time sequences p,(s) (n for
microphone number) as well as the reference (source input)
sweep pref(s) are extended with zeros of the same length N
as the original signal. This is done to get longer time span
between the fundamental impulse response and the back-
wards shifted harmonic distortion peaks. After that, source
sweep is shifted to the left by samples corresponding to the
half-octave span in the logarithmic sweep. This keeps the
whole main pulse of the later calculated IR at the beginning
of the time sequence and makes windowing slightly more
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intelligible. To filter out all the harmonic distortion, it is ben-
eficial to work with longer sweeps with slower sweep rates.
This leads to a good separation between the main impulse
and the first upper harmonic related one, avoiding accidental
overflowing of the distortion related impulse to the beginning
of the IR.

6.2 Filtering

Time sequences p;(s) and pref, shifted () are then transformed
to the frequency domain using FFT. The transfer function
Hiet n(f) between the reference spectrum pret, shified(f) and
the measured spectrum p, ( f) is obtained as

Pu(f)

Heetn(f) = —————,
e f Pref, shifted(f )

3

This transfer function is then filtered using a filter com-
posed of Hann half windows positioned at the lowest and
highest one-third octave of the reference sweep bandwidth,
ones for the frequency bins in between the half windows
and zeros outside of the bandwidth. The sweep frequency
range needs to be, respectively, larger than the impedance
tube working frequency range to keep the relevant part of the
signal and the frequencies outside of it gradually diminish to
Zero.

In the next step, the inverse Fourier transform is applied
to the transfer function. The second half of the resulting
impulse response Hrer, »(s) contains the harmonic distortion
side-peaks; and therefore, it is replaced by zeros. This filtered
impulse response Hief, n, filtered(s) 18 then transformed again
using FFT and the resulting transfer function Hief, ., filtered
(f) multiplied with the reference sweep:

Dn, filtered(f) = Hyet,n(f) * Dref, shifted (f) 4)

after this procedure, a spectrum representing the measured
sweep without harmonic distortion py, fijrereq(f) is obtained
and can be used for further calculations. The comparison
between absorption coefficient calculated without and with
the filtration is shown in Fig. 7.

7 Solution Verification on A Porous Sample
Measurement

For further assessment of the solution, porous sample mea-
surement results are compared between different setups.
Porous sample consisted of three layers of 5 cm thick PES
fiber board with flow resistivity c = 4.01 kPa - s - m™~2.
Figure 8 shows the compared measurements. The first one
is performed in the impedance tube prototype with use of
the imptube software solution, the second in the impedance
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Fig. 7 Total harmonic distortion (THD) filtration effect example com-
pared to measurement without filtering. The sample is the same as in
Fig. 5, cavity depth is 140 mm. Sweep parameters: sampling rate f; = 48
kHz, number of samples N = 262 144, duration 7 = 5,46 s, frequency
range of 10 to 1000 Hz, sweep rate 1,22 oct./s, no averaging

Qan [_]

= |mpedance tube v0.1, imptube
=== |mpedance tube Leuven, imptube
Impedance tube Leuven, SRS780 Analyzer
0.0 1 T T T T T T
6380100125 160 200 250 315 400 500

f[Hz]

Fig.8 A comparison between absorption measurements taken in dif-
ferent setup alterations. The sample consists of 3 layers of 5 cm thick
polyester fiber board (¢ = 4,01 kPa - s - m~2). No distortion filtering
is applied. Sweep parameters: sampling rate f; = 48 kHz, number of
samples N = 262,144, duration T = 5,46 s, frequency range of 10 to
1000 Hz, sweep rate 0,30 oct./s, averaged over 4 sweep runs

tube from the acoustic laboratory at KU Leuven with use of
the same software and sound card, but using Briiel&Kjer
microphone preamplifiers and microphones. The third one
is then measured with the complete laboratory setup con-
taining SRS780 Analyzer. The only bigger difference in the
courses can be found around 160Hz third octave band. This
dip was seen in all measurements performed for the com-
parison and it was changing based on specimen placement.
It is also probably partially related to limited rigidity of the
termination wall, since some of its influence systematically
appears also in other measurements performed.

@ Springer
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8 Conclusions

An impedance tube prototype for measuring Helmholtz res-
onators has been developed. The prototype consists of novel
hardware and software solution with the following main fea-
tures: (a) Termination wall is operated by a stepper motor, (b)
the software solution is published under open-source license
as Python library called imptube [24], (c) consumer grade
hardware is used for the measurements and (d) the harmonic
distortion s filtered out completely from the captured signals,
removing the cause of unwanted harmonic deviations in the
output data. This filtration is also possibly compensating for
lower quality hardware, while avoiding data corruption. The
prototype was compared to another laboratory setup, which
has shown that the differences in results are minor and mainly
caused by the hardware solution of the tube and the quality
of the microphones and loudspeaker used. In this context,
the rigid termination quality and the overall rigidity are con-
firmed to be a key component of the impedance tube method.
Future iterations of the setup should consider termination
wall material, which would provide a higher impedance mis-
match, such as steel. The software and acquisition parts are
almost interchangeable. Even though the existing setup in
the acoustic laboratory at KU Leuven performs without any
doubts, there are at least two possible reasons for using imp-
tube-based solution instead:

1. It is possible to easily make a parametrized measure-
ment routine, which is generally less prone to errors than
manually adjusted measurements. (e.g., different levels
of loudspeaker excitation, cavity depths, source signals,
or other depending on the specific experiment design)

2. No need for other hardware than either relatively cheap
or already available in most acoustics-oriented facilities,
schools.

When using high quality hardware, the harmonic distor-
tion related to the sample under test can be of interest. The
presented solution also enables without many constraints for
an experimental approach where specific impedance tube is
built for a sample geometry constrained by other factors, such
as production or modularity.
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