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ORIGINAL ARTICLE                                         

A calibrated mobile application for automated estimation of audiometric 
thresholds and temporal resolution

Ghazaleh Ghaffaria, Fredrik €Ohbergb, Mimmi Wernerc, Per Hallberga,b and Amin Saremia 

aDepartment of Applied Physics and Electronics, Umeå University, Umeå, Sweden; bDepartment of Diagnostics and Intervention, 
Biomedical Engineering and Radiation Physics, Umeå University, Umeå, Sweden; cDepartment of Clinical Sciences, 
Otorhinolaryngology, Umeå University, Umeå, Sweden 

ABSTRACT 
Objectives: While there are several consumer mobile applications for hearing assessment, only 
a few have been clinically studied. Nevertheless, none of them accounts for underlying hard
ware differences. Moreover, there is currently no app available to assess the user’s capability of 
resolving temporal cues (i.e. temporal resolution), which is vital for speech perception and 
sound localisation. To address these limitations, we developed an Android app that adapts to 
the frequency response of Bluetooth-enabled headphones and conducts pure-tone audiometry 
and a temporal masking (TM) test.
Design and Study Sample: 24 normal-hearing and 24 hearing-impaired individuals (mean 
age ¼ 49.2 and 59.0 years, respectively) were recruited. Clinical audiometry was conducted 
according to ISO8253-:2010 at 250 to 8000 Hz. The app-based audiometry was conducted at the 
same frequencies. A TM paradigm was implemented and conducted at gap durations of 
5,10,20,40, and 80 ms.
Results: App-based audiometry results closely matched the clinical measurements. Linear mixed 
models revealed no significant differences between the two methods. The correlation between 
the two methods was significant (p<.001) and strong (r¼.90). Our TM method provided a quick 
estimate of auditory temporal resolution at 500, 2000, and 4000 Hz.
Conclusion: The app can accurately and quickly estimate the user’s clinical audiogram and tem
poral resolution.
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Introduction

Background

Hearing impairment is primarily detected and meas
ured by standard air conduction pure-tone audiometry 
(Arlinger 2007). During this test, hearing thresholds 
are estimated at audiometric frequencies (usually at 8 
octaves between 250 and 8000 Hz) and shown as a 
function of frequency in a graph called “audiogram.” 
Air conduction pure-tone audiometry is a well-defined 
and straightforward test to perform (Arlinger 2007). 
Nevertheless, it needs to be done by a licenced audiolo
gist in a soundproof room. This requirement imposes a 
substantial strain on the health system’s resources. As a 
result, the waiting time to visit an audiologist is 

currently over a year in many Swedish counties, and 
there is also a lack of licenced audiologists, according 
to the Swedish National Board of Health and Welfare 
(Socialstyrelsen 2023). This trend is observed world
wide in both developing and developed countries 
(James 2014; Wilson and Tucci 2021). Moreover, due 
to global ageing, it is estimated that the number of 
hearing-impaired individuals will increase to 2.4 billion 
people by 2050 (Wilson and Tucci 2021). This would 
lead to an even higher burden on the audiologists and 
other health-care providers.

In recent years, to address the increasingly high 
burden of hearing impairment, many practices have 
used smartphone-based hearing assessment applica
tions (apps) to enable people to evaluate their hearing 
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ability at home (Irace et al. 2021). Since at-home test
ing does not need trained audiologists and can be 
conducted without a soundproof room, it can reduce 
testing costs and benefit people in remote and eco
nomically underdeveloped areas (Sandstr€om et al. 
2020; Visagie, Swanepoel, and Eikelboom 2015).

According to recent review studies (Irace et al. 
2021; Yesantharao et al. 2022), there are currently 44 
consumer mobile applications available for at-home 
hearing assessment using either iOS or Android plat
forms. However, only a few (7 out of 44) hearing 
apps have been validated against clinical data, using 
specific equipment and in controlled environments 
(Irace et al. 2021; Yesantharao et al. 2022). Six of 
these apps (namely Audcal, Audiogram mobile, uHear, 
Hearing test Pro, Jacoti, and Mimi) utilise hearing 
threshold measurements and provide an audiogram as 
their output. Nevertheless, these apps have been 
designed based on specific headphone/earbud models 
and lack calibration against the hardware characteris
tics of other headphone models (Irace et al. 2021; 
Yesantharao et al. 2022). For instance, Jacoti, Mimi 
(Yesantharao et al. 2022) and uHear (Anuar et al. 
2018; Barczik and Serpanos 2018) have been designed 
in connection with Apple earbuds, whereas Hearing 
test Pro (Masalski, Grysi�nski, and KreRcicki 2018; 
Renda et al. 2016) requires Sennheiser HD 450BT 
headphones.

There are also a number of non-consumer apps 
intended for use by clinicians, such as HearX, which 
is a verified app that conducts audiometry and digit- 
in-noise tests (HearX group 2025). This app has also 
been specifically designed and calibrated for 
Sennheiser HD 280 Pro headphones. Due to the lack 
of a general calibration methodology, the produced 
audiograms may not be reliable when these apps are 
connected to different headphone models than those 
they have particularly been designed for.

Although audiograms could provide an important 
estimate of an individual’s hearing profile, they do 
not necessarily reveal spectral and temporal features 
of the auditory processing at suprathreshold sound 
levels (Johannesen et al. 2016; Stenfelt and R€onnberg 
2009). Several apps conduct certain tests besides of 
the standard audiometry (Irace et al. 2021). For 
instance, Mimi tests click recognition in noise, mean
while HearWHO, hearZA, and Hearing test EN con
duct digit-in-noise tests in a few specific languages. 
Nevertheless, to our knowledge, there is currently no 
app that assesses the user’s auditory temporal coding, 
i.e. an essential feature of the auditory system that has 
a crucial effect on speech perception (Johannesen 

et al. 2016), sound localisation, environmental aware
ness, and binaural hearing (Joris and Van der Heijden 
2019).

Clinical rationale
To directly assess different aspects of the human hear
ing system beyond the audiogram, several physio
logical tests have been developed, such as otoacoustic 
emission (OAE) and auditory brainstem response 
(ABR) tests. OAEs provide a direct insight into the 
outer hair cell (OHC) integrity and cochlear amplifier 
status (Kemp 1978; Saremi and Lyon 2018). The 
cochlear amplifier plays a crucial role in maintaining 
the optimal hearing thresholds, frequency selectivity, 
and intensity compression (Saremi and Stenfelt 2011) 
and is susceptible to pathologies caused by aging 
(Saremi and Stenfelt 2013) and acoustic overstimula
tion (Saremi and Stenfelt 2022). ABRs, on the other 
hand, can provide important information about the 
status of the neural pathways beyond the cochlear 
amplifier (Rance and Starr 2015; Schaette and 
McAlpine 2011). Both OAE and ABR tests rely on 
special electrodes and probes and, therefore, cannot 
be implemented in a consumer app.

On the other hand, several psychoacoustic tests are 
available to indirectly estimate different aspects of the 
auditory coding. Various spectral tests have been 
developed to estimate the frequency sensitivity of the 
user’s auditory system, e.g. the psychoacoustic tuning 
curve test by Sek et al. (2005). Loudness tests (e.g. 
Brand and Hohmann 2002) have been developed to 
assess how loudness is perceived by the user.

Both spectral and loudness tests indirectly assess 
the OHC status, which is also revealed by the audio
gram itself. However, it has been indicated that tem
poral tests could reveal information about 
synaptopathy (Plack, Barker, and Prendergast 2014) 
and neuropathy (Musiek et al. 2005) beyond OHCs. 
Besides, temporal tests could provide indications on 
how well the user resolves spatial and binaural cues 
in daily life (Joris and Van der Heijden 2019). 
Therefore, it appears reasonable to include a temporal 
test, such as temporal masking (TM), as a comple
ment to the standard audiometry in order to obtain 
further information from more central parts of the 
auditory system.

Meanwhile, we do not claim that audiometry and 
TM offer the optimal test battery; given the limita
tions of app-based audiology, we believe that these 
two tests together could provide important and broad 
information about the user’s auditory system. This 
choice is in line with the clinical findings by 
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Johannesen et al. (2016), which also highlight that 
audiometric thresholds and temporal processing are 
the two most important factors explaining the speech 
perception in noise when semantic sentences are 
used.

Pure-Tone audiometry
Three methods have been reported for performing air- 
conduction pure-tone audiometry: the method of lim
its, the method of adjustment, and the adaptive (self- 
adjustment) method (Jerger 2018). The method of lim
its, such as the modified Hughson-Westlake protocol 
defined by ISO 8253-1:2010, is currently used by most 
hearing clinics worldwide (Arlinger 2007). This method 
has been used in 74% of published studies on auto
mated audiometric tests in the last decade (Wasmann 
et al. 2022). The method of adjustment, also known as 
the Von Bekesy method, is based on playing the stimuli 
continuously. This makes Von Bekesy’s method sub
stantially quicker than the Hughson-Westlake method 
(Jerger 1960), even though it may require more cogni
tive attention from the user (Ventry 1971). To achieve 
time efficiency, we have implemented Von Bekesy’s 
method in our mobile app.

A so-called “self-adjustment” method based on the 
adaptive approach used in psychophysical research 
(Leek 2001) has recently been suggested and imple
mented in the Hearing Test Pro app (Masalski, 
Grysi�nski, and KreRcicki 2014, 2018). In this method, 
the listeners are guided to self-adjust the sound level 
to find their hearing threshold as the minimal audible 
tone. However, since this method is based on indirect 
psychoacoustic estimates, it is less accurate than the 
two clinically established methods, i.e. Hughson- 
Westlake and Von Bekesy (Masalski 2024).

Temporal masking
In order to perceive sounds properly in everyday cir
cumstances, the listener must be able to resolve sev
eral simultaneous acoustic cues that vary over time 
both in the target signal (e.g. speech, music) and in 
the interfering background noise (Fulton 2010; 
Johannesen et al. 2016; Shinn 2003). To understand 
the differential contributions of various features of 
auditory processing to speech perception, Johannesen 
et al. (2016) performed several behavioural experi
ments. They found that in conditions with dynamic 
background noise and speech interferers, such as in 
many real-world scenarios, temporal processing is the 
most important factor affecting speech recognition 
thresholds. Additionally, it has been shown that tem
poral processing is a decisive factor in sound 

localisation in space, environmental awareness, and 
binaural hearing (Joris and Van der Heijden 2019).

Temporal resolution, a fundamental attribute of 
temporal processing, refers to the ability of the audi
tory system to resolve rapid changes in the sound sig
nal over time (Fulton 2010; Johannesen et al. 2016; 
Musiek et al. 2005). Temporal resolution is typically 
assessed by gap-detection tests, which aim to quantify 
the shortest-duration gap between two sound signals 
that a person is able to detect (Filippini and Schochat 
2014; Musiek et al. 2005). Although gap-detection 
paradigms provide accurate estimates of temporal 
resolution, since they are substantially time-demand
ing and require a tremendous amount of attention, 
they are not always feasible in clinical setups (Fulton 
2010; Musiek et al. 2005; Shinn 2003).

A more efficient method for assessing temporal 
resolution is based on the TM concept. TM refers to 
the phenomenon wherein the threshold detection of a 
stimulus (target) is influenced by an interfering sound 
(masker or noise) presented shortly before or after it 
(Fulton 2010; Robinson and Pollack 1973; Shinn 
2003). In case the masker precedes the target, this 
phenomenon is called “forward temporal masking” 
(FTM). Otherwise, if the masker succeeds the target, 
the phenomenon is referred to as “backward temporal 
masking” (BTM). A third configuration, called 
“forward-backward temporal masking” (FB-TM), is 
formed when a masker is presented both before and 
after the target (Fulton 2010). In a TM paradigm, the 
detection thresholds for the target are measured as a 
function of the gap duration (Filippini and Schochat 
2014; Fulton 2010; Shinn 2003).

It is well established that temporal resolution is 
decreased in individuals with hearing impairment (man
ifested by elevated audiometric thresholds) (Fulton 2010; 
Shinn 2003). More interestingly, it has been shown that 
temporal resolution is also reduced in patients with 
documented neuropathy (i.e. lesions in the central ner
vous pathways) and synaptopathy (i.e. lesions in the 
auditory nerve terminals) (Musiek et al. 2005; Plack, 
Barker, and Prendergast 2014). These patients have nor
mal audiometric thresholds and, therefore, are categor
ised as “normal hearing” otherwise. Considering these 
evidences, TM appears to be a useful test to include in a 
mobile-based hearing assessment application besides of 
the standard pure-tone audiometry.

Objectives

Several mobile apps have been developed to conduct 
pure-tone audiometry at home, but only a few have 
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been clinically studied (Irace et al. 2021). 
Nevertheless, the current apps do not account for 
underlying differences in the hardware characteristics 
of the headphones used (Irace et al. 2021; 
Yesantharao et al. 2022). Furthermore, TM paradigms 
have proved to be useful in detecting synaptopathy 
and neuropathy (Musiek et al. 2005; Plack, Barker, 
and Prendergast 2014) beyond what standard audiom
etry can offer. To our knowledge, however, no mobile 
app is available to date to perform TM.

To address these limitations, the primary aim of 
our study is to introduce and clinically study the 
accuracy of a quick and reliable app-based audiometry 
test developed for at-home use in the future. The app 
is capable of adjusting its sound intensities to the spe
cific frequency response of the connected Bluetooth- 
enabled headphones using pre-stored calibration 
coefficients. The secondary aim of this study is to 
introduce a quick and reliable app-based TM para
digm to assess the user’s auditory temporal resolution. 
The app is designed to work on all smartphones with 
the new Android versions.

Materials and methods

Mobile application

Software development in android
The presented mobile app was developed for Android 
using Java programming language. Android is an 
open-source operating system (OS) and has primarily 
been designed for smartphones and tablets. As of 
2024, Android accounts for the highest usage of oper
ating systems worldwide (46% of the OS market glo
bally), followed by Windows and iOS with 26% and 
18% of the global market, respectively (GlobalStats 
2024). The presented app was developed using the 
Android Studio environment version 17.0.10, and it 
can run on all smartphones equipped with the 
Android OS version 12 (released in 2021) onward. 
This is confirmed by the manifest produced by 
Android Studio.

Figure 1(A) shows the first page of the app, 
wherein the user chooses the headphone model so 
that the corresponding calibration values are uploaded 
into the software. Figure 1(B) shows the second page 
of the app, wherein the user can choose to run any of 
the 4 monoaural tests (i.e. tone audiometry and TM 
tests for left and right ears). After choosing the test, a 
short description with instructions is shown on the 
screen. Figure 1(C) shows the instructions for the 
audiometry test. The user is also able to hear sound 
examples before proceeding to the corresponding 

teht. Figure 1(D) shows the audiometry test page 
where the user is instructed to press and hold the 
response button as long as the tone is audible. Similar 
instructions and sound examples have been developed 
for the TM tests. When a test is finished, the colour 
of the corresponding tab in Figure 1(B) turns green.

Calibration
To be able to perform audiometry and TM tests, the 
true sound levels that are being played inside the 
user’s ear canal should be known. Given that 
the hardware characteristics of the headphones can 
substantially vary among headphone models, the 
sound level produced by the software should adapt to 
the specific frequency response of the headphones 
that the user is wearing. This is a major point that is 
missing in most of the hearing assessment apps avail
able today (Irace et al. 2021; Yesantharao et al. 2022).

In the presented solution, before performing any of 
the tests, the software first checks if there is an 
ongoing active Bluetooth connection between the 
phone and any headphones. If not, the user is asked 
to turn the Bluetooth on and establish a Bluetooth 
connection. The user is then asked to choose the 
model of the connected headphones from a list of 
several common headphones, which account for about 
90% of the European headphones market in 2023. 
Currently, we have included 10 Bluetooth-enabled 
headphone models in the app (listed in Figure 2(A)) 
that represent the most common models used in 
Europe. However, the presented method is general, 
and calibration coefficients can be measured and 
stored in the app for other models using the same 
method explained here.

The audio signal transmission between the phone 
and headphones is fully digital and is done according 
to the Advanced Audio Distribution Profile (A2DP), 
which is the standard profile for audio communica
tion, available on modern Bluetooth modules, includ
ing all Android-compatible devices (Google 2024). 
This communication profile encodes the sound level 
transmitted over Bluetooth digitally, irrespective of 
variations in the analog circuitry design of different 
mobile phone models (such as in audio operational 
amplifiers and equivalent impedances). As a result, 
the main variable that can influence the final sound 
level delivered to the user’s ear canals is the underly
ing differences in the hardware components of vari
ous headphones (such as in their loudspeaker 
designs) that are characterised by the overall fre
quency response.
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To assess a headphone’s frequency response (amp
litude response), the phone’s volume was set to max
imum, and reference sinusoids (x½n�) were played at 
250, 500, 1000, 2000, 3000, 4000, 6000, and 8000 Hz. 
This causes the phone to send a digital sinusoid signal 
over Bluetooth with an amplitude of 0xFFFF in 
Hexadecimal. The output sound level generated by 

the headphones in response to x½n� at the given fre
quencies, denoted by Lmaxðf Þ; were measured right 
outside the ear canal using the KEMAR Head and 
Torso simulator (GRAS 2024). This setup was com
patible with ISO 389 series, which regulate the tech
nical standards applied to the calibration of 
audiometric equipment (GRAS 2024).

Figure 1. (A) The first page of the app where the user chooses the headphone model. (B) The second page of the app, where 
the user is able to choose the audiometry and temporal masking (TM) tests for left and right ears. (C) The instruction page for 
the audiometry. (D) An audiometry test running by the user on the right ear.

Figure 2. (A) The headphone’s frequency response reported by LmaxðfÞ at frequencies between 250 and 8000 Hz for ten common 
headphone models. The presented clinical study was conducted using the Sony WH-1000M3 model, highlighted by a solid black 
line. (B) An example showing how the audiometric threshold is estimated by averaging the sound levels associated with P1 to P5.
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Figure 2(A) shows the frequency response, pre
sented by Lmaxðf Þ as a function of frequency, for the 
ten most common headphone models in Europe 
(Statista 2023). For each model, the measurement was 
repeated 5 times on the left side and 5 times on the 
right side. The values depicted in the figure are aver
ages of these measurements.

Eq. (1) provides the calibration factor (a) that 
needs to be multiplied by x½n� to provide the output 
sinusoid at the desired target sound level (Loutðf ÞÞ
(Carlson et al. 2008). As an example, if the software is 
set to play a sinusoid at 65 dB SPL at 1000 Hz (i.e. 
Lout f ¼ 1000ð Þ ¼ 65) using the Sony WH1000-M3 
headphones, then the software multiplies x½n� by 
a ¼ 10ð6 5−95

20 Þ which is 0.0316.

a f , Loutð Þ ¼ 10
ðLout ðf Þ−Lmaxðf Þ

20ð Þ (1) 

To verify our calibration method, the Android soft
ware was accordingly set to play 1-second-long tones 
at target sound levels (LoutÞ of 20, 40, 60, and 80 dB 
SPL at 250, 500, 1000, 2000, 3000, 4000, 6000, and 
8000 Hz using each of the ten Headphone models. 
The generated sound levels were recorded outside the 
ear canal using the KEMAR system. No deviations 
larger than ±3 dB from the target sound level were 
observed at any of the tested frequencies across the 
10 headphone models. Given this consistency, we 
chose the Sony WH1000-M3 model for our clinical 
study since this model is one of the low-cost con
sumer models and is very widely used in Sweden and 
Europe (Statista 2023). The frequency response of this 
model is highlighted by a solid line in Figure 2(A).

Implementing the pure-tone audiometry
The stimulus consists of a 1-second-long sinusoid fol
lowed by 1 second of silence. The reference sinusoids 
(x½n�) were created in MATLAB at their maximum 
amplitude and at the given frequencies. The sample 
rate (FsÞ was chosen 48000 Hz and a 10 ms ramp was 
added to the beginning and end of the sinusoids to 
minimise the spectral splatter. The reference sinusoids 
were imported to Android Studio in pulse code 
modulation (PCM) format. The software always kept 
the volume of the phone on maximum during all 
tests.

A large circular button (Figure 1(D)) was created 
on the mobile screen, and the users were instructed 
to hold it down as long as they heard the tone and 
release it when the tone was not heard anymore. The 
button was designed to change its colour and vibrate 
when pressed down, giving both visual and haptic 
confirmation feedback to the user.

A sinusoid was initially generated at 1000 Hz and 
30 dB SPL according to Eq. (1) and was played using 
the “sound pool” method in Android. The intensity 
level of the sinusoid was increased in steps of 10 dB 
until the user pressed the button indicating that she 
heard the tone. The sound level was then reduced in 
steps of 6 dB until the user released the button. This 
point is marked by P1 in Figure 2(B). Thereafter, the 
procedure continued in steps of 63dB for a total of 
four more reversals. The hearing threshold was then 
calculated as the average of the sound levels associ
ated with P1 to P5 (Figure 2(B)). The described pro
cedure can be regarded as a modified Von Bekesy 
paradigm (Jerger 1960).

Implementing the temporal masking test in the app
Figure 3(A) shows the standard FTM paradigm where 
the masker is followed by the gap and the target 
(Shinn 2003; Filippini and Schochat 2014). 
Implementing FTM in a real-time testing environ
ment (such as Android) is problematic because, as 
explained in the following section, it requires playing 
two sets of stimuli and then interrupting the test to 
ask the user which one included the target. This pro
cess makes the test quite time-consuming. Therefore, 
in the presented app, we implemented a specific ver
sion of the FB-TM paradigm (shown in Figure 3(B)) 
where the masker-gap-target combination is played 
continuously without interruption. The user is asked 
to hold the button as long as the target is hearable. 
Since in our paradigm, the length of the gaps before 
and after the target is identical, we call it “symmetric 
temporal masking” (STM).

The masker was a 500-ms narrow-band noise at 
the fixed intensity level of 80 dB SPL with the same 
centre frequency as that of the target. The bandwidth 
of the masker was chosen to be 20% of its centre fre
quency. The target was a 50-ms sinusoid at the test 
frequency. The duration of the target stimuli was 
intentionally chosen to be short to avoid time-integra
tion cues (Fulton 2010). Both the masker and target 
included a 5-ms ramp to minimise spectral splatter.

The TM test was carried out at gap durations of 5, 
10, 20, 40, and 80 ms. The maximum gap duration 
was 80 ms, as the TM phenomenon is not observed 
when gaps are longer than 100 ms (Filippini and 
Schochat 2014). At each gap duration, the target tone 
was initially played at 50 dB SPL, and the hearing 
threshold for the target tone was measured using the 
same procedure previously described for estimating 
the audiometric thresholds. The TM test was carried 
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out at test frequencies of 500, 2000, and 4000 Hz, rep
resenting low, mid, and high auditory frequencies.

Implementing the temporal masking test in 
MATLAB
The masker and target signals used in the FTM test 
were the same as for the STM test described in the pre
vious section. However, in the MATLAB implementa
tion, two FTM stimuli were sequentially presented to 
the listener, one of which included the target, whereas 
the other conveyed the masker only. The participant 
was instructed to decide which presentation included 
the target in a two-alternative forced-choice procedure. 
Depending on correct/incorrect responses, the tone 
intensity level decreased/increased in the same manner 
as previously explained to estimate the hearing thresh
old for the target as a function of the gap duration.

The FTM paradigm was implemented in MATLAB 
v.2022A on an HP laptop. SONY WH-1000XM3 head
phones were connected by analog wires to the laptop 
via the standard 35-mm audio jack. The system was 
calibrated for this particular audio signal chain using 
the same procedure explained in the “calibration 
section.” The code applied the corresponding calibra
tion coefficients to ensure that the sound pressure 
levels produced by the headphones were correct.

Data collection and analysis

Test participants
Our statistical design was powered to detect small dif
ferences between app-based and equivalent clinical/ 
MATLAB-based methods. According to our sample 
size calculation using the nQuery platform, to be able 
to reject the null hypothesis (i.e. no significant differ
ence between the clinical results and the app-based 
results) with a probability of 80% if there was a sig
nificant effect, we needed at least 41 test results (sam
ples) per group (method). Taking possible excluded 
cases (10-20%) into account, due to technical failure 
or not fulfilling the inclusion criteria, 48 test samples 
(ears) were required per group.

Forty-eight (48) volunteers were recruited and div
ided into two groups: normal-hearing (10 males, 14 
females, mean age ¼ 49.2 years, SD ¼ 15.0) and peo
ple with hearing loss (14 males, 10 females, mean age 
¼ 59.0 years, SD ¼ 9.0) based on their clinical audio
gram. The choice of our sample size was according to 
the preliminary calculation to have statistical power 
above 80%. Data from normal-hearing individuals 
previously collected in a clinical setup at Link€oping 
University (Saremi 2014) and in an equivalent setup 
with our mobile app at Umeå University (S€oderberg 
2022) were used for this calculation.

Figure 3. (A) Forward temporal masking (FTM) paradigm implemented in MATLAB. (B) Symmetric temporal masking (STM) para
digm implemented in the app.
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The test participants were to be between 20 and 
70 years old. The participants were chosen so that the 
age difference between the two groups did not 
become greater than 10 years, on average. The normal 
hearing group did not have an increased hearing 
threshold greater than 20 dB at any audiometric fre
quency between 250 and 4000 Hz for any ear in their 
clinical audiograms.

Exclusion criteria were profound hearing loss 
(defined as a hearing threshold elevation of over 80 dB 
at any audiometric frequency), conductive or mixed 
hearing loss, persistent Tinnitus (requiring intervention), 
cognitive or memory impairment, neurological or psy
chiatric diseases, and severe visual impairment that pre
vents the usage of mobile applications. Furthermore, 
anyone with asymmetric hearing loss (defined as more 
than 20 dB interaural difference at any audiometric fre
quency) was excluded from this study.

The recruitment of volunteers was carried out with 
the help of staff at the University Hospital of Umeå. 
To conduct this clinical study, ethical approval (2023- 
06562-01) was obtained from the Swedish Ethical 
Review Authority.

Test procedure
The tests were conducted at the University Hospital 
of Umeå. Clinical air-conduction pure-tone audiom
etry was first manually conducted on both ears of the 
participant by an experienced licenced audiologist in 
a soundproof room using headphones. If the partici
pant was diagnosed with hearing impairment (i.e. at 
least one hearing threshold over 20 dB at any of the 
audiometric frequencies between 250 and 4000 Hz), 
bone-conduction audiometry was also performed on 
both ears by the same audiologist to rule out the pos
sibility of middle-ear hearing impairment. Both pure- 
tone audiometry and bone-conduction thresholds 
were conducted according to the ISO standard 8253- 
1. Air-bone gaps of 20 dB or more were considered 
indicative of conductive hearing impairment and led 
to exclusion from the study. The methods for pure- 
tone audiometry and speech audiometry are described 
in the Swedish Audiological Method book, SAME, 
(Almqvist 2004).

Except for the clinical pure-tone audiometry, which 
was always the first test and was performed in a 
soundproof room by a licenced audiologist, the tests 
were done in a quiet room (representing a regular 
office room) by the first author and in a randomised 
order to reduce bias in the study. All tests were per
formed monoaurally, and the order of the ears (left or 
right) within each testing was also randomised. The 

entire test session took about 2 hours per participant, 
including a 10-minute coffee break. All participants 
signed the consent forms before their test sessions 
began. The sound levels that the participants were 
exposed to were always below 90 dB SPL to avoid 
being harmful to the hearing system.

Error analysis
There are two common methods to assess and report 
the difference (error) between two measurements: 1) 
Mean absolute error (MAE), and 2) Root mean 
square error/difference (RMSD). Hodson (2022) 
showed that RMSD is an optimal metric for normal 
(Gaussian) errors, whereas MAE is more appropriate 
if the error has a non-Gaussian distribution. In this 
paper, we reported both MAE and RMSD values.

Statistical analysis
Linear mixed model (LMM) analysis and Pearson cor
relations (r) were used to compare the results from 
app-based and clinical audiometry, and to compare 
the app-based and MATLAB-based TM. In the LMM 
analyses, audiometry or TM values were entered as 
the outcome variable, the measurement method was 
included as a fixed effect, and participant ID was 
specified as a random intercept to account for the 
potential dependency between left and right ears 
within individuals. One-way ANOVA was used to 
study the normal-hearing group versus the hearing- 
impaired group, taking the effect of age and sex into 
account. Bland-Altman (BA) analysis (Bland and 
Altman 1999) was conducted to assess the agreement 
between the app-based and clinical audiometry results 
and identify any potential proportional biases. All 
statistical analyses were performed in IBM SPSS, with 
a two-sided significance level of 0.05.

Results

The majority (72.7%) of the participants (i.e. 32 out 
of 44) were able to independently understand the test 
instructions given in the app and perform the two 
tests on their own, without any supervision. The test 
instructions were orally clarified for those participants 
who had not independently understood them so that 
they could perform the tests correctly.

Audiometry

Figure 4 shows the app-based audiometry results with 
solid lines and clinical audiograms with dashed lines 
for both normal-hearing and hearing-impaired 
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groups. As illustrated by this figure, the results of 
app-based audiometry closely match the clinically 
measured audiograms. The mean absolute error 
(MAE) between the two methods was 5.1 dB for nor
mal-hearing participants and 7.3 dB for hearing- 
impaired participants, averaged across all frequencies. 
Supplementary Table 1 shows that no statistically sig
nificant difference exists between the two methods at 
any of the eight tested frequencies, with 0.1 being the 
smallest p-value. In contrast, highly significant 
(p<.001) and consistently strong correlations (r¼ 0.90 
on average) were found between the two methods 
across all frequencies.

Supplementary Table 2 reports mean real error 
(MRE), MAE, and RMSD values corresponding to the 
paired differences, i.e. the clinical results minus the 
app results, at each audiometric frequency for NH 
and HI groups. Wasmann et al. (2022) suggested that 
the RMSDs should be less than about 10 dB (and 
ideally less than 6 dB) for clinical use. According to 
Supplementary Table 2, this is the case for our NH 
group at all frequencies. However, RMSD and MAE 
values are higher for HI compared to the NH group 
and at higher frequencies (especially 8000 Hz). This is 

because the baseline hearing thresholds are consist
ently higher in the HI group and especially at higher 
frequencies.

Bland-Altman analysis
To assess the agreement between the clinical and app- 
based audiometric results and investigate the existence 
of proportional bias, BA analysis was conducted and 
is reported in the Appendix. Accordingly, no signifi
cant difference was found between the clinical and 
app-based results in the one-sample t-test. However, 
the BA linear regression analysis showed a significant 
proportional bias in the app-based audiometry 
towards reporting lower (better) hearing thresholds.

Sensitivity and specificity of the app-based 
audiometry
Sensitivity is the probability of a positive test, i.e. 
detecting a hearing impairment, given that the person 
is actually hearing impaired. Specificity is the prob
ability of a negative test, i.e. detecting a normal hear
ing, given that the person is actually normal hearing. 
Considering our definition of hearing impairment, i.e. 
having a hearing threshold above 20 dB HL at any 

Figure 4. The audiometry results (means and standard deviations) from the right (R) and left (L) ears. The app-based results and 
clinical audiograms are illustrated with solid and dashed lines, respectively, for both normal-hearing and hearing-impaired groups. 
App-based results from the right ears are depicted in red and from the left ears in blue.
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frequency between 250 and 4000 Hz in the clinically- 
measured audiogram, the app sensitivity was found to 
be 95.8% (23/24), and the app specificity was found 
to be 83.3% (20/24).

Temporal masking

The mean and standard deviations of TM thresholds 
for different gap durations at 500, 2000, and 4000 Hz 
are illustrated in Figure 5. App-based (i.e. STM) and 
MATLAB-based (i.e. FTM) results are shown by black 
circles and green stars, respectively. In the MATLAB- 
based method, the thresholds were not measured for 
the 40-ms gap duration, as the computer’s sound card 
was producing a click sound that could be heard by 
participants. The dashed lines are the estimated 2nd- 
order polynomial lines using the least-squares fitting 
algorithm and represent the slope of changes in the 
TM threshold as a function of gap duration. They 
were calculated using the “Polyfit” function in 
MATLAB. These figures show that the TM thresholds 
estimated by the MATLAB-based TM are generally 
somewhat lower than those estimated by the app- 
based TM.

As Figure 5 shows, the TM slope is steeper (more 
negative) in the normal-hearing group compared to 
the hearing-impaired group, at 2000 and 4000 Hz. A 
steeper TM slope means that it is easier for the lis
tener to detect the target when the gap duration is 
long (thus a lower threshold). However, when the gap 
duration is small, it becomes harder (thus a higher 
threshold) to detect the target. Conversely, a flat TM 
line indicates that the listener has not benefitted from 
the gap to detect the target. In other words, the lis
tener is unable to benefit from temporal cues.

The difference between the TM slopes for the nor
mal-hearing and the hearing-impaired groups was 
found statistically significant (p<.001), at 2000 and 
4000 Hz, using One-Way ANOVA in both app-based 
and MATLAB-based methods (see Supplementary 
Table 3). However, at 500 Hz, no significant difference 
in the TM slopes was found between the normal- 
hearing and the hearing-impaired groups. This lack of 
difference at 500 Hz could be explained by the clinical 
audiogram (Figure 4), which shows that the two 
groups have similar audiometric thresholds at 500 Hz, 
both below 20 dB on average (i.e. 2.81 (SD ¼ 5.54) 
dB for the normal hearing versus 13.96 (SD ¼ 17.20) 
dB for the hearing-impaired). In other words, since 

Figure 5. The mean and standard deviations of temporal masking (TM) thresholds for different gap durations at 500, 2000, and 
4000 Hz for both normal-hearing and hearing-impaired groups. The dashed lines are the estimated 2nd-order polynomial lines. 
Black and green colours represent the app-based and the MATLAB-based TM, respectively.
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hearing loss is negligible at 500 Hz, the hearing- 
impaired group has performed equally well in the TM 
test. Furthermore, the univariate analysis of variance 
revealed no significant effect of age and sex influenc
ing these results.

Comparing app-based and MATLAB-based TM 
using the LMM analysis revealed no significant differ
ence between the two methods at 4000 Hz. Significant 
differences were found at 500 and 2000 Hz between 
the results of the two methods (see Supplementary 
Table 4). Nevertheless, the two methods were signifi
cantly (p<.001) correlated at 2000 and 4000 Hz (see 
Supplementary Table 4).

Supplementary Table 5 reports the average testing 
time per ear for each type of test in minutes. The 
average time needed to perform each test is also dif
ferentiated in normal-hearing and hearing-impaired 
groups.

Discussion

A general calibration method for bluetooth- 
enabled headphones

The existing hearing-test apps are calibrated/validated 
for specific headphone models. Therefore, the true 
sound intensities delivered by these apps, when used 
in conjunction with other headphone models, are 
unknown. A so-called “biological” calibration 
approach has been used by applications such as 
Hearing Test Pro (Masalski, Grysi�nski, and KreRcicki 
2014). A “biological” calibration is referred to a type 
of calibration that is carried out with reference to a 
normal-hearing group whose hearing thresholds are 
assumed to be 0 dB HL (Masalski, Grysi�nski, and 
KreRcicki 2014, 2018). It has been shown, however, 
that this approach does not fully account for the 
hardware characteristics of the connected headphones 
and is not as accurate as a laboratory (explicit) cali
bration using headphones connected to a head and 
torso simulator (Masalski 2024).

To address this issue, we implemented a general 
explicit calibration method in our study, using a 
standard head and torso simulator. Given that A2DP 
encodes sound levels digitally for transmission over 
Bluetooth, regardless of analogue circuitry in each 
phone, the main variable that determines the final 
sound level delivered to the user’s ears is the head
phone’s frequency response. The presented calibration 
method was shown to be valid for the ten most com
mon headphones in Europe.

We included these 10 models because they are rela
tively low-cost and very common in Europe. 

However, headphone models used in different parts 
of the world could substantially vary, e.g. Apple head
phones are very popular in North America, whereas 
Huawei headphones are also very widely used in 
China (Statista 2023). Nevertheless, the frequency 
responses of these models can be measured and added 
to the app to facilitate these markets.

From another perspective, all these ten headphone 
models are closed-back and over-ear models. This 
physical layout keeps the earcups tightly over the ear, 
which mechanically blocks the ambient noise from 
diffusing into the ear canal. This is an important 
benefit given that the app is designed for conducting 
the tests in regular homes and quiet office rooms 
where some levels of ambient noise might still be pre
sent. Active noise cancellation (ANC) works on top 
of this to further reduce ambient noise, especially at 
lower frequencies.

In-ear headphone models and earbuds have 
become common in recent years (Statista 2023). 
These models do not benefit from mechanical (acous
tic) damping of noise to the same extent as the over- 
ear models do, but their ANC could still cancel a 
substantial amount of noise. In case noise-related 
issues and middle-ear mechanical variations could be 
neglected, frequency responses of in-ear models and 
earbuds can be measured using the general calibration 
method described in this article and added to 
the app.

The app provides an accurate estimate of the 
clinical audiometry

Our results showed that the app-based audiometry 
(done inside a quiet room) was consistent with the 
clinical audiometry for both normal-hearing and 
hearing-impaired groups. The mean absolute error 
between the two methods was around 5 and 7 dB for 
normal-hearing and hearing-impaired groups, respect
ively, with no statistically significant difference at any 
audiometric frequencies. In addition, significant and 
strong correlations between the two methods for both 
normal-hearing and hearing-impaired individuals 
across all frequencies indicate the accuracy of the pro
posed app-based audiometry method.

Our BA analysis confirmed that there is no statis
tically significant difference between the clinical and 
app-based audiometry results. However, the BA linear 
regression analysis showed that the app-based audi
ometry has a proportional bias towards reporting 
lower (better) hearing thresholds. This finding is in 
line with several other reports that indicate that Von 
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Bekesy’s method tends to report better thresholds 
than the Hughson-Westlake method, although the dif
ference between the two results is insignificant 
(Mahomed et al. 2013).

The sensitivity and specificity of the app-based 
audiometry were found to be 95.8% and 83.3%, 
respectively. Moreover, as Supplementary Table 5 
reports, the app-based audiometry is very quick, and 
it takes on average only 6.12 minutes to test an ear. 
Given that Wasmann et al. (2022) measured the mean 
test time to be on average between 5 and 10 minutes, 
our implementation could be regarded as one of the 
more time-efficient methods. The average testing time 
per ear was slightly higher in the hearing-impaired 
group in comparison with the normal-hearing group. 
Altogether, these findings suggest that the presented 
app provides an accurate and quick estimate of clin
ical pure-tone audiometry and could be used for self- 
screening purposes at home in the future.

STM can provide a quick estimate of temporal 
resolution

Our analysis showed that hearing-impaired partici
pants manifested significantly shallower TM slopes at 
both 2000 and 4000 Hz. Shallower TM slopes indicate 
that the participant cannot benefit from the gap to 
detect the target and is therefore rather insensitive to 
temporal changes in the stimuli (Musiek et al. 2005; 
Filippini and Schochat 2014; Shinn 2003). The TM 
slopes were not significantly different between the 
normal-hearing and hearing-impaired groups at 
500 Hz, but this is because, at 500 Hz, audiometric 
hearing loss was minimal in both groups (Figure 4) 
and thus is not reflected in TM.

While both app-based and MATLAB-based TM 
results yielded relatively similar TM slopes and sig
nificantly correlated with each other, they also 
depicted some differences. In the comparison between 
app-based and MATLAB-based TM, three factors 
need to be considered. First, the app-based method 
uses the STM, whereas the MATLAB-based method 
uses the FTM paradigm. Although both paradigms 
can be used for estimating temporal resolution, they 
are fundamentally different. As shown in Figure 3, in 
the STM paradigm, the target is symmetrically sur
rounded by the gap on both sides, whereas in the 
FTM, the target is only surrounded by the gap on 
one side. This difference could affect how the target is 
perceived and detected by the listener. The effect of 
the gap location (relative to the target) on the mask
ing thresholds has been extensively compared between 

FTM and BTM (Fulton 2010; Shinn 2003), and versus 
STM paradigms (Robinson and Pollack 1973). The 
TM thresholds obtained from STM are generally 
higher than those from FTM and BTM (Fulton 2010; 
Robinson and Pollack 1973), which is consistent with 
our findings (depicted in Figure 5). It has been theor
ised that the existence of a temporal integrating 
period, i.e. a time window that the auditory system 
supposedly uses to process the target, is the reason 
for this distinction (Robinson and Pollack 1973).

Second, the MATLAB code was running on a lap
top with a commercial sound card that had not been 
specifically designed for playing abrupt temporal 
changes in audio signals. Consequently, these abrupt 
changes produce spectral splatters that provide add
itional cues for the user to detect the onset of the sig
nals. As a result, these additional cues could explain 
lower TM thresholds in MATLAB-based compared to 
the app-based TM (Figure 5). Third, the MATLAB- 
based FTM paradigm used a forced-choice configur
ation (wherein the user had to choose the sound 
sample that included the tone), whereas the app-based 
STM paradigm used the modified Von Bekesy 
reversals.

Despite these underlying differences, both methods 
revealed similar and highly correlated trends in TM 
thresholds as a function of gap durations. In addition, 
both methods could significantly separate normal- 
hearing and hearing-impaired groups at 2000 and 
4000 Hz. The app-based method (STM) was almost 
twice quicker than the MATLAB-based (FTM) 
method (Mean ¼ 9.47, SD ¼ 2.84 versus Mean ¼
17.67, SD ¼ 2.77 minutes) as reported by 
Supplementary Table 5. This is because STM is built 
upon a continuous streaming of the stimuli, whereas, 
according to the FTM method (and by extension 
BTM), the procedure needs to be interrupted in each 
iteration so that the user chooses the answer between 
the two presented stimuli. Therefore, STM appears to 
be a more feasible method to estimate TM in clinical 
setups wherein the available time for testing each par
ticipant is limited.

Limitations and future works

User experience and At-home testing
The presented app was tested in a regular office room 
at the clinic, which acoustically resembled home, and 
the majority (72.7%) of the participants (i.e. 32 out of 
44) were able to understand the instructions and per
form the two tests on their own without any supervi
sion. To increase the clarity of the instructions, 
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Mohammed (2025) added an animated video to the 
app, visualising the instructions. He recruited 15 indi
viduals (10 males versus 5 females, mean age ¼ 45.1, 
and SD ¼ 11.8 years) who were asked to download 
the app and conduct the tests at home. The following 
day, they were asked how they understood the tests, 
and their results were checked. Mohammed (2025) 
found that 13 out of 15 (86.6%) were able to under
stand the instructions and perform the tests correctly 
at home. Even so, a comprehensive user-experience 
(UX) study is still needed to thoroughly investigate 
how users experience the information provided by the 
app (instructions, videos, prompts) and how well they 
conduct the tests at home under true home 
conditions.

Accuracy analysis versus reliability analysis
The presented study provides a detailed accuracy ana
lysis of the app-based audiometry relative to the clin
ical audiometry. However, this study did not include 
a reliability (test-retest) analysis. Test–retest analysis 
confirms the ability of a test to generate similar 
results when taken twice by the same participants 
under the same conditions. Mahomed et al. (2013) 
reviewed 29 reports of automated audiometry systems, 
among which 11 reports included test-retest analysis. 
They found no significant difference between the 
accuracy (i.e. average difference between automated 
audiometry results vs. clinical manual audiometry) 
and the test-retest differences for the automated audi
ometry and those for the clinical manual audiometry. 
In other words, their analysis indicated that test-retest 
variability is statistically similar to the accuracy vari
ability (Mahomed et al. 2013). Nevertheless, to fully 
ensure reliability, it might be helpful to perform a 
test-retest analysis for the presented app in the future.

Implementing speech-in-noise tests in the app
The presented app focuses on measuring the audio
metric thresholds and temporal masking thresholds to 
assess hearing loss and auditory temporal resolution, 
both of which play a crucial role in speech perception 
(Johannesen et al. 2016). However, there are already 
several apps (e.g. HearWHO, hearZA, and Hearing 
test EN) that perform digit-in-noise tests to roughly 
estimate the user’s speech perception in noisy envi
ronments. The user hears a digit embedded in noise 
and is asked to select the correct number out of those 
shown on the screen. A major limitation is that this 
test only focuses on numbers. A more realistic and 
broader speech-in-noise test should include full words 
or sentences embedded in speech-like noise in the 

background. Such a test is called the hearing-in-noise 
test (HINT) and was introduced by Nilsson, Soli, and 
Sullivan (1994). HINT is a valuable test to be imple
mented in a hearing assessment mobile app in the 
future because it can directly estimate the user’s 
speech perception using the automatic speech recog
nition (ASR) technology (Pragt et al. 2022; Fatehifar 
et al. 2025).

Effects of temporal resolution deficits on speech 
perception
In a future study, we are planning to analyse how TM 
and audiometric thresholds could together predict 
one’s speech perception in noise. More specifically, it 
is interesting to investigate the effect of temporal 
resolution on speech understanding in those particu
lar participants who were categorised as normal hear
ing (based on their audiometric results) but 
manifested temporal resolution deficits in the TM 
tests. In a future study, we present algorithms that are 
particularly designed to enhance temporal cues in 
speech signals to compensate for temporal resolution 
deficits. We will show how applying such an algo
rithm on speech signals could help individuals with 
suboptimal TM slopes improve their speech percep
tion in the presence of background noise.

Conclusion

This paper presented an Android-based mobile appli
cation that has been designed to estimate the user’s 
audiometric thresholds and auditory temporal reso
lution. A general calibration method was imple
mented in the app that enabled it to adjust its output 
sound levels to the underlying frequency response of 
the connected Bluetooth-enabled headphones. In this 
paper, we showed that our method is independent of 
analog circuitries in different smartphone models and 
is valid for all smartphones with Android 12 (released 
in 2021) onward. The paper reported calibration 
results for the 10 most common Bluetooth-enabled 
headphones in the European market that had been 
incorporated in the app and can be chosen by the 
user. However, the presented method is fully general, 
and additional Bluetooth-enabled headphones and 
earbud models can be measured and incorporated 
into this app in the future. A linear mixed model ana
lysis showed no significant difference between the 
audiometric thresholds reported by the app and those 
clinically measured by an audiologist. Furthermore, 
given the short completion times, our results show 
that the presented app can provide an accurate and 
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quick estimate of the audiometric thresholds for self- 
screening purposes at home.

Two TM paradigms were tested to assess the user’s 
temporal resolution. Unlike the FTM paradigm, 
implemented in MATLAB, we implemented a con
tinuous and symmetric paradigm (STM) in the app. 
Despite some underlying differences between these 
two methods, both showed reasonable results and 
could distinguish TM deficits between normal-hearing 
and hearing-impaired subjects at 2000 and 4000 Hz. 
The continuous STM method, however, was drastic
ally less time-consuming and thus appears to be a 
more feasible choice for the assessment of temporal 
resolution in clinical settings.
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