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Abstract— The aim of the project is to develop a sine wave 

generator and a measuring system suitable for testing 

speakers made in an acoustic factory. The compactness of the 

device is characterized by the fact that it can be easily 

calibrated in a few steps and used in the production area or in 

laboratories with the right instrument frame. The device is 

based on an RPI 4B single-card computer running self-

developed software that makes working with the system 

enjoyable and easy with a graphical interface. This article 

presents the necessity and structure of the system itself, a 

description of its functions, a measurement system analysis 

(MSA), and finally the results of a distortion measurement. 

I. INTRODUCTION  

As a result of the development of the automotive 
industry and the growing market demands in the field of 
speaker manufacturing, it has become necessary to use a 
tool that can be used to test every single built-in speaker. 
Most signal generators on the market today can perform a 
number of functions, all of which are paid for by the 
customer. The purchased device should know a sine wave 
generator and a function that implements the impedance 
measurement of the speaker. The problem is that simpler 
signal generators alone are unable to deliver the power 
needed to test a speaker and at the same time determine the 
impedance curve of the speaker. It would be an easy solution 
to get, more tools to do the testing, but it would be a huge 
investment, as the company currently needs about 15 such 
test systems. So on the current market, there is no “turnkey” 
tool that would meet the criteria we have set up. thus, a self-
developed tool is required to perform the tests. The in-house 
system had to be designed in such a way that it could later 

be universally [1] developed to perform new tasks, be easily 
reproduced / serviced, and be low-budget with ease of use. 

II. STRUCTURE OF THE SYSTEM 

The measuring system “Figure 1”, “Figure 2” is based 
on a Raspberry PI 4 B + microcomputer [2], [3]. Because PI 
alone is not capable of processing analog signals, an ADC 
+ DAC manufactured by Hifiberry [4] was necessarily used. 
The ADC / DAC is capable of producing and processing a 
maximum signal level of 2.1Vrms, which in some cases is 
not sufficient to meet the specifications specified in the 
speaker specification test stimulus. Thus, the signal from the 
DAC must be amplified by an amplifier to which the JBL 
CSA 2120 [5] class-D amplifier [6] has been dedicated. To 
determine the speaker impedance curve, it must be 
measured at a shunt resistor connected in series with the 
speaker for maximum load on the ADC. For use in industry, 
the components of the measuring system are housed in a 
plastic instrument frame with the appropriate connection 
points. The user can interact with the software running on 
the PI using a touch screen [7]. 

III. PROGRAMMING CHALLENGES 

The software is written in python 3 [8], [9] and, in 
addition to the kivy [10], [11] module, provides a clean and 
easy-to-use interface for the user. The program was written 
following object-oriented paradigms and can be divided into 
four main functions: sinusoidal signal generator function, 
where 20-20kHz sinusoidal signal generation can be 
implemented; sweep function, impedance measurement 
function, and calibration. The program communicates with 
the HifiBerry card via the pyaudio [12] module. 

 

Fig. 1 Measurement system block diagram 
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A. Signal generator function  

In the sine signal generator function, the user has the 
option to adjust the signal level and frequency of the sine 
signal displayed at the output of the measuring system, 
either by moving virtual sliders or by entering a precise 
value through a pop-up window. A button can be used to 
start or stop signal generation. In addition, it is possible for 
the user to adjust the frequency using an external 
potentiometer [13], or rather perform a manual sweep. You 
can switch to manual sweeping with a switch on the display. 
As the testing of the speakers falls in the lower frequency 
range, the characteristic describing the movement of the 
potentiometer increases exponentially. An algorithm that 
describes the process of signal generation occupies an array 
of hexadecimal values representing the sine signal on which 
the DAC is iterated to display the sine signal at the output. 
This array contains the components of the sine signals in a 
way where each wave begins and ends at phase 0. 

 

 

Fig. 2 Measurement system 

B. Sweep signal generator function 

The speakers are tested at the end of production. One test 
method is when the operator listens to each speaker one by 
one, looking for possible sound defects. This test is not 
performed at a single frequency but by a logarithmic sweep 
[14] (1) 

 � 2πf�t� df�t�t

0
  (1) 

The function f (t) is explained for the software as follows 
(2) 

 f�t�= cos �2π∙
t1

log�f1 ∙ f0
 -1� ∙f0∙ �f1

f0

(t∙t1
-1)

-1� +φ� ∙A  (2) 

where t – times at which to evaluate the waveform; f0 – 
frequency at time t=0; t1 – time at which `f1` is specified; f1 
– frequency of the waveform at time `t1` 

 The sweep function is suitable for this. Here the user 
can set the start and end frequency of the sweep stimulus, 
the signal level and how many seconds a stimulus lasts. 

For testing, it is advisable to use a backward sweep 
signal and allow this until the user interrupts or changes any 
of the stimulus parameters. Since the array containing the 
points representing the stimulus lasts for a certain time, ie it 
consists of a given element, care must be taken to ensure that 
the generated stimulus ends at phase 0 and that the next 
signal is in sync with it. If this problem is not eliminated, the 
following waveform occurs at the intersection of the rising 
and falling sweep signal “Figure 3". 

 

Fig. 3 Encounter of unsynchronized sweep signals 

Looking at the spectrum of this waveform in “Figure 4”, 
it can be seen that a number of harmonics appear, which are 
audible on the speaker as a “Tick” sound. Because point 
these sound errors are searched for by the operator, so this 
phenomenon can mislead the user. 

 

Fig. 4 Spectrum of the encounter of unsynchronized sweep 
signals 

In the figure, the orange curve represents the spectrum 
of the encounter of non-synchronous sweep signals. The 
green curve is the synchronized signals. 

C. Speaker impedance measurement function  

One of the significant characteristics of speakers is the 
impedance response. The developed measuring system, 
unlike other measuring systems, measures impedance in a 
non-complex way. Or rather, it measures the resistance of 
the speaker measurable at a given frequency “Figure 5.". 
The measurement stimulus is a stepped sine signal whose 
discrete measurement points are determined by the ISO 
stepped sine frequencies. Due to the Hifiberry ADC's 2.1V 
maximum input load, a 100mΩ shunt resistor is required. To 
achieve more accurate measurements and to meet 
automotive standards, a 4-terminal resistor was connected. 

The user sets the parameters of the measurement 
stimulus (signal level, frequency range) and then starts the 
measurement process. At the beginning of the measurement 
cycle, the DAC generates the first discrete frequency signal 
that reaches the speaker through the amplifier. And the ADC 
will measure the voltage at the shunt [15], [16], [17] resistor 
True-RMS [18] with some delay. The measured value is 
saved and then measured at the next frequency. If the 
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program has scanned the user-set frequency range, the 
program converts the saved RMS values to resistance 
values. It displays the highest value, Zmax and the 
corresponding frequency (resonant frequency) to the user 
[19], [20]. The first minimum value following the highest 
value will be the minimum resistance of the speaker, which 
will also be shown on the display. 

 

Fig. 5 Speaker resistance curve 

It is important to note that the sine signal for a given 
frequency of the stimulus will be generated by the DAC 
from a predetermined number of conversion values. The 
number of these conversion values in the lower frequency 
range is determined so that at least 5 complete periods of the 
sine signal are displayed on the speaker. Above the 100Hz 
cut-off frequency, all sine signals are generated for 50ms. 
The generated signal will also appear on the shunt resistor, 
which will be sampled by the ADC at 96 kHz, from which 
the voltage at the resistor for that frequency will later 
determine the True-RMS value. Before that, however, the 
sampled signal sequence may contain transient signals at the 
beginning of the measurement „Figure 6.” or incomplete 
whole periods due to fixed signal generation. Transients 
occurring at the beginning of the signal sequence shall be 
cut out of the sampled signal or the sampled signal sequence 
shall be reduced to such that they contain only complete 
periods “Figure 7". 

 

 

Fig. 6 Sampled signal 

 

Fig. 7 Filtered signal 

IV. CALIBRATION 

In order for the device to be used in production or in 
laboratories, the device must be calibrated. Moreover the 
measurement system has to be amplifier-independent. To 
help with this, a calibration menu has been created where a 
wizard guides the user through the calibration. Login is 
required for calibration so that only the right people can 
change the calibration of the device. The first step is to 
calibrate the DAC. The calibration signal level and 
frequency must be set before calibration. During calibration, 
the device performs a sine wave generator function. The 
frequency of the generated signal will be the specified 
calibration frequency, but the amplitude of the signal must 
be calculated by the following formula (3) 

 A = 
Upref

Umax
∙ DACres  (3) 

Where A – the conversion value of the amplitude of the sine 
signal; Upref – calibration signal level; Umax – maximum p-
p voltage of the DAC; DACres – bit resolution of the DAC. 

The user starts the signal generation, measures the 
voltage at the output of the DAC with a calibrated 
multimeter, and enters the measured value into the software. 
In this case, the quotient of the measured value and the 
calculated value will be the calibration factor of the system 
output. Further, it is necessary to correct the array 
representing the signal sequence arriving at the DAC 
converter with this calibration factor. 

The next step is to calibrate the amplifier. The user also 
uses the signal generator function of the system. The already 
calibrated sine signal must be applied to the input of the 
amplifier. Being a class-D amplifier, the terminal voltage at 
the output of the amplifier must be measured and the 
measured value has to be entered into the software by the 
user. The program calculates the gain value of the amplifier 
from the measured value and the calibration signal level. 

Calibration of the amplifier is followed by calibration of 
the 4-wire resistor, where the user measures the resistance 
with a four-wire resistance meter and enters the measured 
value into the software. 

The calibration process is completed by the ADC 
calibration. Here, the user re-generates a signal using the 
signal generator, only now measuring the voltage across the 
shunt resistor. Enters the measured value into the software 

A
D

C
 o

ut
pu

t 

Index of sample  

SACI 2021 • IEEE 15th International Symposium on Applied Computational Intelligence and Informatics • May 19-21 • Timişoara, Romania

000177

Authorized licensed use limited to: University of Obuda. Downloaded on January 07,2022 at 07:30:24 UTC from IEEE Xplore.  Restrictions apply. 



and clicks the “Finish Calibration” button. The system then 
uses the ADC to measure the voltage across the shunt 
resistor. From the value measured by the ADC and the value 
specified by the user, the program calculates the calibration 
factor of the ADC according to the following formula (4) 

 ADCcf =
Upref ∙ DACcf ∙ AMPGain ∙ Rs ∙ (Rs+ Rl)

-1

Um
  (4) 

Where Rs – value of serial resistor; Rl – value of load 
resistor; Um – value of measure voltage. 

At the end of the calibration, the system saves the 
calibration values in a .txt file and the details of the 
calibrator and the time of the calibration for traceability. 

Users have the opportunity to test the current calibration 
in a separate menu item. Here, three types of tests can be 
performed. There is a generator function that allows you to 
adjust the signal level and frequency displayed directly on 
the DAC output. (In the normal generator function, the 
voltage at the output of the amplifier can be adjusted.) The 
adequacy of the DAC calibration can be determined by 
measuring the generated signal with an external, certified 
multimeter. There is an ADC calibration check function 
where it is possible to connect an external certified function 
generator to the ADC input. During the test, the measuring 
system displays the RMS value of the voltage measured by 
the ADC. Alternatively, there is a combined test function 
where the system simultaneously operates as a generator 
function and also measures the voltage at the input to the 
ADC input. 

V. MEASUREMENT SYSTEM ANALYSIS (MSA) 

Like any measurement system that is used directly in 
production or in laboratories, the current automotive 
standard requires the analysis of all measurement systems. 
In the present case, two types of MSA [21] are made on the 
already calibrated measuring system. 

A. Type1  

The first test is to examine the repeatability of the 
measurement system (Type 1 Gage Study) [22]. During the 
test, the impedance characteristics of a sample speaker were 
measured on a higher level measuring system (high- 
resolution anechoic room), which serves as a reference for 
the MSA. In the study, this speaker was measured 50 
consecutive times on an RPI-based basis on a measuring 
system. The results of the MSA can be read from the 
following table. 

TABLE I.  MSA TYPE1 

MSA Type1 results Zmina Zmaxb fsc 

Reference 4,81 53,68 61,45 

Tolerance (Tol) 1,4 40 30 

Mean 5,0090 57,4736 63,0476 

Bias 0,1990 3,7936 1,5976 

Cg 2,59 1,58 3,24 

Cgk -1,09 0,08 1,51 

%Var Repeatability 7,74% 12,62% 6,17% 

%Var Repeatability and bias -18,34 % 244,52% 13,20% 
a.
 minimum impedance of reference speaker 

b.
 maximum impedance of reference speaker 

c.
 resonance-frequency of reference speaker 

 

Fig. 8 MSA Type1 

Analyzing the table “Table 1”shows that the system has 
a good repeatability with respect to Zmin and fs (resonant 
frequency). Furthermore, it can be seen that for Zmin, the 
measured values are above the upper limit. From this, it can 
be concluded that the system has a permanent fault resulting 
from the cabling within the system. Further investigations 
are needed to prove this and to compensate for the 
permanent error later on. This permanent error also causes a 
negative value for cgk. Analyzing the Zmax value, it can be 
seen that Cg is greater than 1.33 is therefore reasonably 
acceptable. The value of% Var Repeatability and bias is 
very high due to several factors (bias value is only 0.2Ω). 
First and foremost, there is also a permanent fault in the 
system, which can result from the internal physical cabling 
of the system. The second factor is that when the 
measurements were made, the speaker was measured in 
hand and not in a fixed clamp. The third factor from the 
graph for Zmax can be read from “Figure 8”. It can be seen 
that the measured values follow an increasing trend, which 
more or less results in an increase in the spring slackness of 
the speaker pillar. The value of fs stagnates when looking at 
the chart. The first couple measurement, the system 
measured a resonant frequency of 65Hz, hereinafter referred 
to as 63Hz. This is due to the fact that the parameters related 
to the oscillation system of the measured loudspeaker 
(mainly the spring slackness of the pill) change during the 
measurements, and the system measures with a resolution of 
approximately 2Hz around the resonant frequency. In the 
case where the resonant frequency is known, the device can 
determine more accurate values by measuring at a higher 
resolution in a given range. Overall, the Type1 analysis 
performed on the measurement system is encouraging, and 
after further testing, the system can be further developed. In 
particular, by compensating for the permanent error of the 
measuring system, by increasing the number of measuring 
points in the resonant frequency environment, and by 
making a speaker clamp and working instructions to 
perform the measurements, the Type1 results can be 
substantially improved. 
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B. Type3 

The second analysis required the measurement of 15 
sample speakers with the same part number. Each speaker 
was measured once during one series of measurements and 
three series of measurements were made. The results of the 
measurements are reported in the tables below. 

TABLE II.  MSA TYPE3 - TOTAL GAGE R&R 

Total Gage R&R Zmin fs 

Tolerance (Tol) 1,4 30 

% Study Var (%SV) 41,96 6,41 

% Tolerance (SV/Toler) 15,15 11,35 

Number of Distinct Categories 3 21 

TABLE III.  MSA TYPE3 - TOTAL VARIATION 

Total variation Zmin fs 

% Study Var (%SV) 100,00 100,00 

% Tolerance (SV/Toler) 36,09 177,06 

 

Fig. 9 MSA Type3 - Zmin  

By analyzing the Zmin values, “Figure 9” it can be seen 
that the value of Total Gage R&R [23] “% Study Var (% 
SV)” is “Table 2.” 41.96%, which means that the standard 
deviation of the products is quite low for the 15 samples, so 
the standard deviation of the system is slightly comparable 
to with specimens. Respectively, the system can distinguish 
3 different categories. 

 

Fig. 10 MSA Type3 - fs  

Analyzing the values of fs “Figure 10”, it can be seen 
that the value of Total variation% “Tolerance (SV / Toler)” 
is “Table 3 ”is quite high (177.06%), which is due to the fact 
that the speakers that form the samples of the analysis, 
although belonging to the same article number, are from 
different production batches. The difference between the 
two production batches is the difference between the spring 
tolerances of the pillar which is responsible for centering the 
swing system. The value of Total Gage R&R “% Tolerance 
(SV / Toler)” (11.35%) is “Table 2” is acceptable and the 
system can distinguish 21 different groups. 

VI. THD MEASUREMENTS 

After examining the MSA of the system, another 
important question is how faithfully the generated signal 
appears on the output. This is especially important in cases 
where an operator is looking for sound defects by listening 
to the speaker. The distortion of the RPI-based system was 
analyzed using another measurement system 
(SoundCheck_v17). In the first step, the distortion [24] of 
the DAC is “Figure 11”. The result of which is shown in the 
figure below. 

 

Fig. 11 DAC THD 1V_1kHz 

In the following figure, the spectrum of the sine signal 
at the output of the amplifier is “Figure 12” can be seen, 
where the dominance of the odd number of harmonics can 
be better perceived. This dominance is due to the 
terminating member of the class-D amplifier [25], [26], [27] 
(4 Ohm resistor). It can be seen that the distortion of the 
output of the measuring system is close to 1% during the 
measurement. This is in contrast to the value described in 
the amplifier specification. It is possible that the signal at the 
output of the amplifier will interfere with the spectrum 
analysis system. In the future, this analysis would be done 
using a tool to facilitate the measurement of class-D 
amplifiers supplemented with appropriate filter circuits 
[28]. 
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Fig. 12 Amplifier THD 1V_1kHz 

VII. SUMMARY  

The aim of the project was to design and build a compact 
target device. The design meets the things specified in the 
functional specification, the completed system partly meets 
and partly needs to be improved. The sine signal generator 
of the device works properly. The sweep function fully 
covers the functions of the current generators used in 
production. Impedance measurement is currently under 
development. The system can be easily calibrated for 
various amplifiers in a user-friendly way, and then the 
completed calibration can be tested and validated. During 
the development of the measuring system, the permanent 
error of the system must be determined and the measured 
value has to be compensated, the user must be given the 
opportunity to adjust the measurement resolution, a clamp 
suitable for fixing the speakers in place for the duration of 
the measurement procedure. Once these have been 
established, another MSA test should be performed on the 
system and, if the analysis provides adequate output, the 
device can be used in both production and laboratory tests. 
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