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Piezoelectric Multi-Channel Bilayer Transducer for Sensing
and Filtering Ossicular Vibration

Muhammed Berat Yüksel, Ali Can Atik, and Haluk Külah*

This paper presents an acoustic transducer for fully implantable cochlear
implants (FICIs), which can be implanted on the hearing chain to detect and
filter the ambient sound in eight frequency bands between 250 and 6000 Hz.
The transducer dimensions are conventional surgery compatible. The
structure is formed with 3 × 3 × 0.36 mm active space for each layer and
5.2 mg total active mass excluding packaging. Characterization of the
transducer is carried on an artificial membrane whose vibration characteristic
is similar to the umbo vibration. On the artificial membrane, piezoelectric
transducer generates up to 320.3 mVpp under 100 dB sound pressure level
(SPL) excitation and covers the audible acoustic frequency. The measured
signal-to-noise-ratio (SNR) of the channels is up to 84.2 dB. Sound quality of
the transducer for fully implantable cochlear implant application is graded
with an objective qualification method (PESQ) for the first time in the
literature to the best of the knowledge, and scored 3.42/4.5.

1. Introduction

The world “celebrates” the one-millionth cochlear implant user,[1]

while the World Health Organization estimates one in every ten
people will have different levels of hearing loss by 2050.[2] This
analogy reveals the cruciality of the need for technological im-
provement in hearing prostheses. Cochlear implants (CIs) are
medical devices that can restore the hearing functionality of indi-
viduals with severe-to-profound sensorineural hearing loss. Con-
ventional CIs consist of implanted (cochlear electrode, receiver
coil) and external (the battery, microphone, sound processor, and
transmitting coil) that expose CI to external trauma, effects of
head movement, and gravity. Therefore, the outer part prevents
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the implant system from being used during
many physical activities, such as participat-
ing in water sports, showering, or sleeping.
In addition, damaged wires, cables, speech
processors, and transmit coils are a source
of problems and expenses for the patient
and manufacturer by causing excessive
downtime and auditory deprivation.[1,3,4]

CIs in the research phase can perform
relatively well in challenging speech tests
and enable high-quality music perception,
while commercial CI’s performance is 70–
80% correct sentence recognition in a quiet
environment.[1] In conventional CI, the nat-
ural hearing mechanism is bypassed from
the pinna to the cochlea; and natural signal
processing on the pinna, ear way, eardrum,
and ossicle movements is neglected. This
neglected chain amplifies specific frequen-
cies and controls the pressure on the oval

window. Bypassing these peak points of the complex biological
systems degrades the performance of the restored hearing. Inno-
vations in sensor systems could open up an opportunity to use
natural hearing mechanisms.

Cochlear implant technology is the leader in implantable
electronics. However, technological development of FICIs has
lagged, and other fields have started to catch up in recent years.
One of the main obstacles to FICIs is an implantable sound detec-
tor. Advancements in microelectromechanical systems (MEMS)
technology underpin the fabrication of small, high-performance
transducers to convert ambient vibration to electrical potentials
and enable the emerging concept of FICIs. Detecting the ambi-
ent sound via vibration of the hearing chain with ultra-low-power
interface electronics and implantable battery allows discarding
of outer components. In recent years, this idea has been pro-
posed by different companies and research groups. While some
companies have ongoing clinical trials[5] and Food and Drug Ad-
ministration A Investigational Device Exemption approvals[6] for
the whole system, in the literature, studies focus on individual
components of the FICI systems, such as implantable acoustic
sensors, low-power interface electronics, cochlear electrode de-
signs, and packaging of the systems. Briggs et al. provided a basis
for totally implantable systems by performing a clinical trial on
three adults.[7] They designed a totally implantable system with
an electret microphone, application-specific integrated circuits,
and a special package for subcutaneous operation.

The major bottleneck in developing the FICI system is detect-
ing ambient sound. State-of-the-art technology in the remaining
parts of the system has reached satisfactory performance. There
are ultra-low power stimulation interface circuits, multi-mode
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wireless power transfer circuits, and highly efficient power
management circuits. Performance loss in these subsystems
will only affect the system’s battery life. On the contrary, the
performance of sound detection will define the quality of sound
perception.

In order to construct implantable acoustic transducers, capac-
itive, and piezoelectric techniques have been researched in the
literature. Young et al. placed a MEMS capacitive accelerometer-
based transducer to the umbo. However, sensor output is consid-
erably low, and their readout circuit consumes too much power
(≈4.5 mW), which limits the implantable system’s battery usage
of the implantable system.[8] In sound detection, the piezoelectric
effect is the most appropriate solution for low-power systems due
to its high-voltage outputs and not requiring a separate electrical
source to initiate the signal transduction process. Further, piezo-
electric methods enable improving the output level by increas-
ing the stress level on the structure, thus increases the viability
of the piezoelectric approach for implanted applications. These
key parameters enable the biomedical implementation of MEMS
piezoelectric acoustic devices in different areas. The middle ear
and intracochlear[9] implantations using piezoelectric technology
have been investigated in this manner. Single channel piezoelec-
tric vibration sensor for cochlear implants has been designed
by Hake et al., and they concluded that single channel system
could not achieve minimum detectable signal levels.[10] Even if
the signal level is improved, a single channel system will require
an additional filtering system, which increases the power con-
sumption of the interface electronics. Udvardi et al. presented a
16-channel spiral-shaped AlN piezoelectric cantilever array sys-
tem for middle ear implantation. They only cover the hearing
band’s lower part (300–700 Hz) and generate only 9.6 mV un-
der 1 g excitation.[11] Gao et al. proposed a floating piezoelectric
microphone,[12] and Jia et al. tested a biocompatible encapsulated
version of the floating piezoelectric microphone on a fresh hu-
man cadaver.[13] Jang et al. designed a piezoelectric-based artifi-
cial basilar membrane that includes ten channels to filter ambi-
ent sound into frequency bands.[14] Then, Jang et al. designed the
artificial basilar membrane based on an AlN cantilever array with
an 8-channel distributed on the band between 2.92 and 12.6 kHz
and generated 4.06 mV at 7.04 kHz under 101.7 dB SPL.[15] The
frequency range of these structures did not cover daily sounds;
therefore, it is unsuitable for hearing applications. Zhao et al.
developed an AlN intracochlear transducer consisting of 4 can-
tilever beams array.[16] This offbeat method can generate up to
79.7 μV under 95 dB SPL in a guinea pig, where it requires ded-
icated sensing and amplification stages that can be problematic
for low-power applications. A very sensitive piezoelectric mobile
acoustic sensor for machine learning biometrics was reported
by Wang et al. This flexible acoustic sensor has seven channels
at biomimetic frequency ranges and was developed for mobile
applications. Compared to earlier studies, this sensor’s sensitiv-
ity (52 mV Pa−1) and signal-to-noise ratio (up to 92 dBV) are
superior.[17] The structure, however, covers a significantly larger
area than the middle ear’s accessible space.

Our group has proposed a challenging approach to the
self-powered fully implantable cochlear implant concept. This
concept, FLAMENCO: A Fully-Implantable MEMS-Based Au-
tonomous Cochlear Implant, includes a multi-channel acoustic
transducer,[18–20] a piezoelectric energy harvester,[21,22] an inter-

face circuit,[23] and a commercial cochlear electrode.[24,25] To com-
ply with the FICI standards, the entire system can be implanted
inside the middle ear cavity, collect the ambient sound by using
the natural hearing mechanism, and filter the signal into fre-
quency bands to stimulate the auditory nerves (Figure 1). In this
system, electrical stimulation of the fully implantable CI is de-
fined by the cantilevers via the piezoelectric effect. Piezoelectric
cantilevers should be able to activate low-power interface elec-
tronics and cover the acoustic band with enough channels in a
space as small as the middle ear.

This study presents a practical approach for implanting the
MEMS sensor into the middle ear, during a routine cochlear
electrode array surgery via posterior tympanotomy. This con-
ventional technique enables access to the middle ear and pro-
vides strategic anchoring points on the hearing chain for sen-
sor clamping. This approach not only streamlines the surgical
process but also offers the possibility to enhance cochlear im-
plantation functionality by incorporating a MEMS sensor. Thus,
in this study, the multi-channel bilayer structure and its fabri-
cation are optimized for FICI applications. Parameters of each
channel were specified for each frequency range by considering
their structural strength, voltage output, and filter characteristics.
The functionality of the transducer array was validated by sub-
jecting it to single-tone, speech, and emotional signals, on an
artificial tympanic membrane with human-like characteristics.
Objective audiological evaluations underscore the encouraging
results, affirming the feasibility of the middle ear implantable
multi-channel transducer for the first time.

2. Design and Experimental Section

2.1. Transducer Design

Designing a fully implantable system that was expected to con-
tinue operating inside the middle ear for life requires compre-
hensive analysis and reveals complex design parameters. Dimen-
sions, frequency range, mass, number of channels, minimum
detectable signal level, noise, power consumption, sensitivity,
and output signal level were the main design parameters for an
implantable transducer.

Sound detectors in the literature were aimed to be placed in
the middle ear, intracochlear, and or subcutaneously implanted
in the mastoid. Subcutaneous microphone performance was
affected by the degradation of pressure level through the skin
and internal body noise. The device’s durability and the cochlea’s
dimensions were the main obstacles in intracochlear applica-
tions. Therefore, the appropriate location for the sound detector
was the hearing chain to utilize vibration on the natural hear-
ing mechanism. However, surgical techniques and accessible
dimensions of the middle ear implicitly restrict the dimensions
and output performance of the device. The middle ear has a
limited volume, 1 cm3, and the average area on the eardrum was
9 × 10 mm2. All these possible areas and volumes could not be
utilized in order not to dispatch the hearing chain to maintain
natural hearing characteristics and to complete the surgery with
minimum invasion. In the conventional CI surgery procedure,
surgeons apply posterior tympanotomy,[26] and the mean dimen-
sion of the opening, measured in the literature, was ≈4.7 mm.[27]

Inadequate large exposures of the ear may reduce the barrier to
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Figure 1. Fully implantable cochlear implant concept illustration. a) Illustration of the system on ear anatomy. b) Bilayer transducer and interface
electronics. c) Ambient sound. d) Fabricated transducer. e Filtered signal. f) Interface electronics and subblocks. g) Generated stimulation pulses.

future infections. Therefore, the device must be minimized to
avoid further complications. Furthermore, connection aperture,
surgery tools, maneuver of the surgeon, range of motion, and
possible differences between persons’ anatomy were considered
while defining the transducer‘s maximum dimensions. In this
study, 3.5 mm was defined as the maximum dimension for the
structure, including frames, and packaging.

Individuals with normal hearing could perceive frequencies
from 20 Hz to 20 kHz within a 0 to 140 dB SPL. These ranges
were peak points of the evolution of the human race and cannot
be replicated with today‘s technology. However, the daily sound
spectrum can still be recovered. The human voice ranges from
250 Hz to 4 kHz.[28] The range between 4 and 6 kHz was also es-
sential for hearing in a noisy environment, while environmental
and internal body noises stay below the range.[29]

Natural hearing characteristic was affected by additional mass
or force loading. In vivo studies show that adding mass greater
than the umbo’s total mass and the long malleus process, 25 mg,
reduces the vibration amplitude by 3 dB.[30] Therefore, it was cru-
cial to keep the total mass low for sound detection quality and
consider all additional packaged structures.

The organ of Corti consists of ≈3500 frequency selective inner
hair cells to translate the vibrations into electrical signals. Con-
ventional CIs mimic the operation by using up to 22 channels
depending on the brand and sound processing strategy. The ef-
fect of the number of channels was investigated in the literature,
and studies revealed that sound perception of the CI users signif-
icantly improves up to 8-channel, then the correct perception rate
saturates while increasing the channel numbers.[31–33] Dimen-
sions, mass, sensitivity, and other parameters were affected by

the channel number. Therefore, defining the appropriate chan-
nel number was critical for the transducer.

Interface electronics process the output signal of the trans-
ducer to turn vibrations into biphasic stimulation waveforms.
Interface electronics for fully implantable systems were aimed
to consume ultra-low power and extend the battery lifetime. For
this purpose, they use low-power CMOS processes that restrict
the minimum input level of the circuit. Therefore, the output
signal level of the transducer must exceed this minimum level
to excite the circuit for neural stimulation. The interface elec-
tronic with the lowest power consumption requires a 100 μV min-
imum input level.[23] In this amplitude-modulated interface cir-
cuit (Figure 1f), the front-end unit reduces power dissipation by
integrating amplification and compression of the sensor output
through an ultra-low-power logarithmic amplifier. Subsequently,
the amplified signal underwent envelope detection and was di-
rected to a voltage-controlled current source, functioning as a
reference for the generation of stimulation current. This genera-
tor incorporates a 7-bit user-programmable DAC, facilitating the
configuration of stimulation levels for individual patient adapta-
tion. The nerves receive stimulation through adjusted biphasic
currents based on the continuous inter-leaved sampling (CIS)
stimulation strategy facilitated by a switch matrix. The entire
stimulation system has been configured to accommodate a mea-
sured input dynamic range of up to 60 dB and an average stimu-
lation current of up to 1 mA. The 8-channel stimulation interface
dissipates 472 μW power to achieve full functionality when stim-
ulated by a simulated speech signal.[23]

A fully implantable cochlear implant system couldn’t be
completely achieved using any of the structures presented in the
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literature. However, they prove the availability of piezoelectric
methods to sense vibration on the ossicular chain. In the develop-
ment process of the bilayer multi-channel sound detector, a thin
film single-channel sound detector system has been designed as
a proof-of-concept for thin film applications.[20] Then, an eight-
channel sound detector with thin film PLD-PZT piezoelectric
layers was designed. The dimensions of the sound detector were
suitable for middle ear implantation. Correlations between the
input and output waveforms of the speech test also demonstrated
that this approach could overcome the bottlenecks of the middle
ear implantable sound detectors.[18] The sound detector pre-
sented in this study comprises the previous studies‘ outcomes
and accommodates surgical operation methods. Available space
in the middle ear could not be entirely utilized due to tissues,
passing nerves, and long-term patient health. Dimensions of the
previous studies were not compatible with this approach and
could bring considerable surgical intricacies, including the risk
of trauma, and compromised structural integrity. Therefore, in
this study, the dimensions to conventional surgery technique
dimensions were restricted, which leads the investigation to a
bilayer structure.A multi-channel thin film PZT-based piezoelec-
tric transducer was designed and the outputs in the COMSOL
model were calculated. This transducer satisfies FICI application
specifications without the need for readout electronics.

Beam structures were capable of moving with high deflection,
which caused strain on the fixed size. Piezoelectric films in the
31-mode could utilize this strain to sense the vibration. However,
resonance frequencies of simple beam structures within avail-
able dimensions were greater than the aimed frequency range
and generated low output signals. Adding mass to the tip of the
beam provides dense structures by enabling the reduction of the
lengths of the beams and increases strain levels on piezoelectric
film. Therefore, they could be applied to detect sound from mid-
dle ear vibrations while resonating in the hearing band. These
resonance frequencies define the center frequencies of the fre-
quency bands. The number of frequency bands and their center
frequencies have been studied in the literature. Results prove that
8-channel systems were the most convenient for low-power appli-
cations, and frequencies were distributed linearly from 300 up to
1200 Hz and logarithmically above 1200 Hz in the daily sound
signals range.[34] Thin-film PLD-PZT (MESA+ Institute, Nether-
lands) has been chosen due to its higher piezoelectric properties
to obtain a wide dynamic range.

The finite element analysis program COMSOL Multiphysics
was used to model the structure to create the transducer under
the specified constraints (number of channels, size, frequency
range, mass, and output voltage). The meshing of the model af-
fects the computational time and accuracy of the results. Accu-
racy was enhanced with smaller meshes. However, this method
expands the computing time, particularly when the structure has
a thin layer. Since metal and insulating layers’ material charac-
teristics and thicknesses barely affect the output characteristics,
they were disregarded. Additionally, thin layers were unable to
mesh with free meshes that have only two elements. Due to the
lack of computation of the material’s stress level, this pattern has
lower accuracy. Therefore, the simulation model’s mesh size was
manually adjusted until it converged. During simulations, four
main assumptions were applied: 1) Air damping was excluded,
2) Metal and isolation layer was omitted, 3) ideal load was con-

nected, and 4) electrical damping due to the input characteristics
of the interface circuit wasn‘t calculated. Vibration characteristics
were observed under constant acceleration during simulations
to achieve the necessary output signal for neural stimulation via
low-power interface electronics. Results of in vitro tests on dis-
placement properties of the umbo were utilized as a guide for
acoustic performance calculations.[35]

The limited volume and area of the middle ear were resolved
with a bilayer beam array design. Bilayer concepts arise due to
two main facts. The limited dimension of the middle ear open-
ing during the surgery restricts the design, and low-frequency
channels, especially the first channel, barely fit into the available
length. The effort to reduce the lengths of the beams with speci-
fied frequencies for single-layer application by reducing the thick-
ness of the beam or using a narrower beam will let the system
shrink but sacrifice the endurance of the structure. Therefore,
channels couldn’t be distributed on a single layer with the design
restrictions. Stacking two layers forms a compact implantable
system without sacrificing performance. To minimize the size
of the sensor, channels were placed concerning their lengths.
The first layer, 3-channel, includes beams with 300, 1200, and
1600 Hz resonance frequency, while the second layer, 5-channel,
consists of 600, 900, 2200, 3200, and 4800 Hz channels, as shown
in Figure 1. The arrangement of channels and the layered struc-
ture were not the sole aspects considered in this concept. During
the system design, all channel parameters were configured indi-
vidually for each resonance frequency. In contrast to this prior re-
search, where all channels shared the same width, this variation
in channel dimensions led to substantial differences in structural
strength, noise levels, output performance, and filter characteris-
tics when compared to the findings presented in this study. More-
over, beam thickness was selected as 10 μm to arrange the output
and stress levels on beams. The final selection of the design pa-
rameters is represented in Table 1. This new generation design
has a mass of 5.3 mg that stays well below the loading limit of
the excess mass on the ossicles for the vibration and an active vol-
ume of 3 × 3 × 0.36 mm for each layer, excluding packaging and
frames. The simply packaged structure has a 3.5 × 3.5 × 1.52 mm
total size and 20.1 mg total mass. The simulation model was ex-
plained, and the simulation flow was shared in the Supplemen-
tary Information. Details and consistency of the simulation re-
sults have also been studied in ref. [18].

2.2. Fabrication

Figure 2 shows the fabrication process. Silicon on Insulator
wafers (p-type, 10 μm Si device layer, 1 μm buried oxide, and
350 μm handle layer, 100 mm diameter) were used as a substrate
to fabricate bilayer transducers. A 500 nm-thick SiO2 layer was
produced by thermal oxidation and used for lateral insulation be-
tween the electrodes via device layer. A Ti/Pt layer (20/100 nm)
was sputtered to form a bottom electrode. A 14 nm lanthanum
nickel oxide (LNO), seed/orientation layer, and 1μm-thin PLD-
PZT were deposited by MESA+ Institute, Netherlands. PLD-PZT,
and LNO layers were patterned by wet etching. While pattern-
ing 100 nm Pt layer, fast and improved aqua regia etching devel-
oped by the group was used.[36] Then, 20 nm Ti layer was pat-
terned by wet etching. A 1 μm Parylene-C layer was deposited
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Table 1. Design parameters and output performance of the 8-channel transducer.

Channel
number

Length
[μm]

Width
[μm]

Mass Length
[μm]

Piezo Length
[μm]

Freq. [Hz] Output Level
[mVpp]

Sens.
[mV Pa−1]

SNR [dB]

1 2900 1300 1400 700 326 141.6 70.8 66.8

2 2100 1300 1100 500 616 296.8 148.4 74.7

3 1800 1250 600 440 870 163.4 81.7 75.4

4 1500 1250 500 425 1148 115.7 57.8 79.4

5 1300 1250 450 325 1479 138.6 69.3 81.0

6 1100 900 400 275 2030 160.7 80.3 74.2

7 900 900 300 225 2929 320.3 160.2 84.2

8 800 800 250 175 4615 36.1 18.0 81.8

by evaporation (SCS- PDS 2010 System) as a vertical isolation
layer. Parylene-C layer was patterned with RIE process using CF4
and O2 gases for top electrode openings on PLD-PZT layer. A
Cr/Au (30/400 nm) top electrode layer was deposited by sput-
tering and patterned using Transene Etchants. The remaining
naked Parylene-C was removed by RIE process while using the
top electrode as a hard mask and completed the surface micro-
machining. Beams and mass structures were formed by device
and handle layers of the SOI wafer, and buried oxide was used as

a stop layer in DRIE processes. Thermal oxides and silicon lay-
ers were shaped by RIE and DRIE processes both on the front
and back sides. Alumina wafer was temporarily bonded for the
backside process by using Crystalbond 555 to the device side
of the wafer after spray photoresist coating to protect the can-
tilever surface. After shaping the structure, the buried oxide layer
was etched away by RIE, and temporary bonding was resolved in
DMSO at 80 °C. Finally, the devices were released from the wafer
by breaking thin bridges without dicing. Optical images of the

Figure 2. Fabrication process flow of the bilayer transducer. a) SOI wafer, b) Thermal oxidation and bottom electrode deposition, c) PLD-PZT deposition
and patterning, d) Bottom electrode patterning, e) Parylene-C deposition and patterning, f) Top electrode deposition and patterning, g) Thermal oxide
patterning by RIE, h) Beam formation by DRIE, i) Backside thermal oxide patterning by RIE, j) Backside structure formation by DRIE, k) Buried oxide
removal with RIE, and l) fabricated beam structure.
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fabricated layers are shown in Figures S6,S7 (Supporting Infor-
mation). Spacers and caps for packaging the bilayer transducer
were fabricated by using silicon wafers (p-type, 200 μm, 100 mm
diameter). A 500 nm oxide was deposited by PCVD and patterned
by RIE. Then, structures were shaped by DRIE. Finally, a 500 nm
oxide was deposited again for isolation.

2.3. Transducer Characterization

The electrical characteristics of the multi-channel thin-film piezo-
electric transducer were measured by a Precision LCR Meter
(Keysight E4980A). The resonance characteristics of the trans-
ducer were substantially consistent with the design. Microfabri-
cation defects and residual stresses in the structure cause slight
shifts in the resonance characteristic. Then, the sound detector
was characterized acoustically with a custom-made auditory canal
and eardrum as a test environment, as shown in Figure 3a. The
physical model of the human tympanic membrane was repro-
duced in previous studies of the group.[37] PDMS-based artifi-
cial membrane has a resonance characteristic ≈1 kHz, similar to
the tympanic membrane characteristic, and vibration amplitudes
were close to previous reports. The sound detector was placed on
the artificial membrane, which provides a medium for conver-
sion from acoustic pressure to mechanical vibration, and electri-
cal connections were carried on a flexible substrate. The artifi-
cial membrane was fixed in an acoustic coupler and excited with
an insert earphone (Etymotic Research, ER-2). An audio ampli-
fier (DENON PMA520) was used to boost the pure tone sine sig-
nal produced by the signal generator (Keysight 33522B). A sound
level meter (IEC 651 Type II) and a 2-cc acoustic coupler were
used to calibrate and arrange the excitation level. The generated
electrical signal was amplified by using an instrumentation am-
plifier (INA121P), powered by a battery to minimize electrical
noise. Data Acquisition Board (DAQ – NI cDAQ-9174) and Lab-
View software detected and recorded the amplified signal. The
vibration level of the membrane was monitored by using Laser
Doppler Vibrometer (LDV, Polytec, and NLV-2500).

Figure 4a shows the test setup of speech tests. Recorded sen-
tences were prepared by computer, amplified by an audio am-
plifier (PA210), and played by speaker (JBL Control One). Trans-
ducer was placed one meter away from the speaker, and sound
level was measured with a sound level meter (IEC 651 Type II)
next to the transducer. Output signal detection and recording
have proceeded with the same system as acoustic characteriza-
tion. Among the speech signals, transducer outputs in no signal
condition were recorded to observe the noise performances of
each channel. (Optical images of the test setups, characteristics
of the acoustic holder designed to prevent any coincidence of in-
coming sound and standing waves, and details of the setups are
shared in Supporting Information.)

3. Results

Output characteristics and performance of the transducer were
obtained in realistic test environments. Figure 3a shows the
acoustic test setup. In this setup, each parameter is controlled to
get a practical environment for the application. Transducer was

placed on an artificial membrane, and membrane vibration char-
acteristic was measured with LDV. Figure 3d shows the vibration
amplitudes of the membrane and measured umbo vibrations in
the literature,[35,37–40] and it shows that they are within the re-
ported limits of the human tympanic membrane vibrations. The
membrane was excited with insert earphones while sound level
was controlled continuously, and the transducer was tested in the
daily hearing range. Figure 3b shows the multi-channel output
performance in the hearing band under different excitation lev-
els. In order to show the coverage of the channel, Figure 3c re-
veals the transducer performance under 70 dB SPL excitation.
(Acoustic characteristics of the 8 channels are separately included
in Supplementary Information to show the overall frequency se-
lectivity of the transducer.)

The LDV results illustrate the average vibration amplitude of
the transducer coupled with an artificial tympanic membrane to
show the test system, and the obtained results fall within an ac-
ceptable range. However, it is crucial to acknowledge that the
vibration modes of the eardrum could impact channel perfor-
mance, particularly concerning the transducer’s placement, and
orientation. The vibration data presented in Figure 3d represents
the average of vibration amplitudes measured at eight points on
the transducer frame, with corresponding positions detailed in
Figure S16 (Supporting Information). Table S1 (Supporting In-
formation) tabulates measured values, and Figure S17 (Support-
ing Information) provides displacement values and mode shapes.

In order to qualify the performance of the transducer under
daily conditions, we tested the transducer with a speech signal,
“the fire is very hot / ðə ˈfaɪər ɪz ˈvɛri hɑt”. The average sound
level of the signal was arranged ≈70 dB SPL to replicate the daily
needs. The speech signal was selected from regular test sentences
and recorded in noise-free environment. Figure 4b,c show time
domain waveform and spectrogram of the test signal. Sensed sig-
nal waveforms for each channel and spectrogram of recreated
transducer output are shown in Figure 4d,e These test setups and
results were also used for objective quality measurements.

Processed speech signal was tested with objective quality mea-
sures, which use mathematical expressions to qualify the out-
puts. Objective speech quality measures are classified according
to the domain in which they operate, like time, spectral, and per-
ceptual domains. Time domain measurements such as SNR and
SNRseg (Segmental Signal-to-Noise Ratio) aim to reproduce the
waveform and can usually be applied in the analog waveform.
In the spectral domain, the comparison is more robust against
a temporal misalignment and phase shifts between the original
and encoded signals. Spectral-domain measures are similar to
speech codec design and depend on speech production patterns.
A spectral comparison metric is developed by including logarith-
mic scaling, such as Log-Likelihood Ratio, and Itakura-Saito Dis-
tance features of the human speech production process, such
as cepstral distance. Perceptual domain measurements such as
PESQ and POLQ are based on the physiology of human auditory
perception. They are the best for estimating the subjective qual-
ity of speech signals and transforming the signal into a perceptu-
ally modeled domain containing the human auditory. PESQ, the
best-known objective perceptual measurement method among
all measures for speech quality measurement, was accepted as
recommendation P.862 by ITU-T for the measurement of speech
quality.[41] In the PESQ calculation, the original and degraded sig-
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Figure 3. Acoustic characterization of transducer. a Schematic of the test setup. b Output waveforms of 8-channel system under 50 to 100 dB SPL
excitation in the hearing band. c 8-channel output characteristic of the transducer under 70 dB SPL excitation. d Vibration characteristic of the artificial
membrane and its comparison with the measured vibration amplitudes of the umbo under 80 dB excitation in the literature.
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Figure 4. Speech test of the transducer. a Schematic of the test setup. b Time domain input waveform. c Spectrogram of the input signal. d Time domain
output waveforms of each channel. e Spectrogram of the regenerated output signal.
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nals are equated to a standard listening level and filtered. The
signals are time-aligned to correct for time delays and then pro-
cessed via auditory transform to obtain the loudness spectrum.
The difference between loudness spectra, called disturbance, is
calculated and averaged over time and frequency to produce an
estimate of an overall quality rating score obtained on a five-point
Absolute Category Rating (ACR) scale.[42] For the first time in the
literature, outputs of an implantable transducer were character-
ized with the objective qualification method, PESQ. Transducer‘s
recreated output signals scored 3.42/4.5 in PESQ qualification
method, and it represents “fair” in ACR scale. Recordings are
available in the Supplementary Materials.

SNR measures the ratio of the strength of the signal of interest
to the background noise level. In the case of an acoustic trans-
ducer, the signal is the sound produced by the source of inter-
est, while the noise is the unwanted sounds present in the en-
vironment. To calculate SNR, transducer performance without
input sound waves corresponding to noise recordings is needed.
For this purpose, recordings were made for each channel with a
duration of 3 s and a sampling rate of 25 600. The recordings
were performed three times for each channel under no-signal
conditions. The power spectra analysis was carried out using the
FieldTrip[43] MATLAB toolbox. The recordings were divided into
six windows of equal length and processed to suppress line noise
and harmonics. An Infinite Impulse Response (IIR) two-sided
Discrete Fourier Transform (DFT) filter was applied to the record-
ings for this purpose. The power spectra were then calculated
for each corresponding channel bandwidth using the “mtmcon-
vol” method with a Hanning window. The Hanning window is a
type of weighted function that is applied to the data before the
Fourier transformation. This function is designed to minimize
spectral leakage caused by the discontinuity at the edges of the
data window.[44] This reduces artifacts caused by discrete win-
dows. A smoothing box with a frequency of 1 Hz was used to
obtain a smooth power spectrum estimate. For each frequency,
power spectra are averaged using three trials and eighteen win-
dows. Finally, to calculate the SNR, the transducer output at
1 Pa was utilized. The time-domain sound waveform was recon-
structed using a sampling rate of 25 600, and the same power
spectrum applications were applied as in the noise calculations.
As a result, SNR levels of the channels varied between 66.8 and
84.2 dB. Table 1 shows the design parameters and output perfor-
mances of each channel.

4. Discussion and Conclusion

An implantable transducer was developed by considering all the
limitations and requirements of a CI, and its performance was
validated. In the presented implantable system, ambient sound
is sensed by the cantilevers via the piezoelectric effect. Studies in
the literature test the transducer with single-tone constant accel-
eration or sound test without any measurements and comparison
of the vibration level with the hearing chain. Results presented
in this study cover all relevant frequency ranges on an artificial
tympanic membrane within the measured vibration levels on the
human cadaver. Standard hearing test sentences are also used to
excite the transducer. Then, outputs are evaluated with the objec-
tive qualification method, PESQ, and defined as the first merit
and a milestone for middle-ear implantable and acoustic trans-

ducers in the literature. For the first time in the literature, a mid-
dle ear implantable transducer was tested with objective qualifi-
cation methods to the best of our knowledge. The obtained score
of 3.42/4.5 was impressive for a multi-channel filtering system
under 70 dB speech signal excitation. Due to the nature of the me-
chanical filtering system, the quality factors of the channels are
high, which causes output voltage differences depending on the
frequencies. Therefore, regenerated speech signals have a slight
distortion and ringing near the resonance frequency. This cir-
cumstance can be seen in the differences between spectrograms
of the input (Figure 4c) and output (Figure 4e) signals. There are
the main performance differences in the objective qualification
method. However, during the stimulation of the auditory nerves,
channels don‘t work simultaneously. Measured signals at the res-
onance frequencies are observed due to the natural characteris-
tic of the high-Q filtering system. A small input can excite the
channels. During the tests, output signals are recorded continu-
ously. Contrarily, stimulation interfaces have stimulation strate-
gies and use outputs of the channels in time intervals. They have
specific orders, and waiting times provide a relaxation time for
channels and prevent the ringing from reaching the user. For ex-
ample, the most common strategy, CIS-Continuous Interleaved
Sampling, only processes one channel at a time. Therefore, the
observed ringing effect will not be continuously included while
stimulating the nerves, and the processed signal characteristic
will be more compatible with the conventional systems. Differ-
ences in the amplitudes of the channels are not an issue for the
application; the main point is the detection of the sound. Stim-
ulation systems include a patient-fitting feature to arrange each
channel‘s stimulation amplitude with respect to the user’s feed-
back and condition of nerves.

Test environment is another factor; tests were not conducted
in a noise-free environment, and line noise in the system re-
duced the actual performance, especially in the low-frequency
channels. These imperfections caused the difference in the SNR
test results at low-frequencies and deviation from the linearities
in high-frequencies.

Points on the artificial tympanic membrane are exposed to var-
ious vibration levels at different frequencies, which shows that
different modes are observed. Notably, the first three modes of
the human tympanic membrane are significant at 400, 808, and
1849 Hz,[45] and the addition of mass alters their prominent fre-
quencies. In this experimental setup, the transducer is glued to
the artificial tympanic membrane, causing slight variations in
output results due to the placement, and orientation of the trans-
ducer. However, in real applications, the intention is to connect
the transducer along a hearing chain from a single point using
a connection apparatus. It is important to emphasize that this
study strives to emulate a realistic testing environment by em-
ploying an artificial tympanic membrane. Mimicking the opera-
tional conditions and vibration levels of the ossicles, to the best of
our knowledge, has not been achieved in existing literature. The
average vibration level of the artificial tympanic membrane falls
within the range of values measured in previous studies, indicat-
ing that the test method is the most convenient approach after
cadaver experiments.

All references/grounds of the channels are connected to the
common ground, and there is no crosstalk over the ground line.
However, channels with high moment of inertia caused a slight
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Table 2. Acoustic test results of the transducer in the literature for similar
applications.

Study Channel
Number

Frequency
Range

Excitation Output
Level
[mV]

Dimensions
[mm3]

This Study 8 250–6000 Hz 100 dB 320.3 2 x (3 × 3 × 0.36)

[18] 8 250–5500 Hz 100 dB 50.7 5 × 5 × 0.62

[15] 8 2.9–12.6 kHz 101.7 dB 4.06 2.5 × 2.5 × 0.6

[14] 10 10v37 kHz 112.4 dB 3.55 ≈6.5 × 6.5 × 0.35

[11] 16 300–700 Hz 1 g (>100 dB) 9.6 32 × 32 × 0.55

[17] 7 830–3600 Hz 120.1 dB 430 3–10 × 20 × 0.01

[20] 1 1325 Hz 100 dB 40 5 × 5 × 0.5

effect on adjacent channels’ output when they were excited with
the resonance frequency at high sound pressure levels. This ef-
fect is also a result of gluing the transducer to the membrane.
Using the connection apparatus to the hearing chain will elimi-
nate this crosstalk.

Considering the surgical operation methods and optimizing
the design with FEM simulations, the bilayer sound detector pre-
sented in this study has been designed and fabricated. Perfor-
mances and dimensions of reported transducers in the literature
are shown in Table 2. This new generation transducer outper-
forms the previous detectors in terms of both sizes and output
levels. The total volume of the transducer, excluding the packag-
ing parts, was reduced by a factor of 60% while improving the
output levels by 15 dB with an impressive objective qualification
score and up to 84.2 dB signal-to-noise ratio. The distribution of
channels and the layered architecture do not exhaust the consid-
erations within this conceptual framework. In the system design,
meticulous adjustments were made to individual channel param-
eters corresponding to distinct resonance frequencies. Contrary
to previous investigations of our studies wherein uniform chan-
nel widths were maintained, the ensuing divergence in channel
dimensions has engendered marked differentials in structural ro-
bustness, acoustic noise profiles, output metrics, and filter char-
acteristics relative to the findings expounded in the present study.

The expected success of implantable sound detectors would
tremendously impact the patients’ convenience, stigma, and
lifestyle. The presented results prove that we are not far from
the actual target. These performances can be improved more
by studying vacuum packaging and forming application-specific
piezoelectric material. The presented study will be continued
in two different aspects. First, the feasibility of the transducer-
interface electronics system will be tested with in vitro and in
vivo methods. Results will show the dynamic range, power con-
sumption, and sensitivity of the stimulation system of FICI while
exciting RC load or cochlea. These data will underpin the feasi-
bility of FICI system with middle ear implantable multi-channel
acoustic transducer and ultra-low power interface electronics. In
the second path, the packaging of the transducer will be exam-
ined. Vacuum packaging of the transducer is expected to improve
the dynamic and frequency ranges of the transducer. The litera-
ture also lacks comprehensive studies on the placement and sur-
gical techniques of a middle ear implantable system. Design pa-
rameters and restrictions are inferred from conventional systems

and limited literature information. To optimize the system for
FICI applications, a collaborative study with surgeons is neces-
sary. Human cadaver studies need to be conducted to determine
suitable locations, dimensions, and effects of additional mass on
vibration characteristics, considering factors such as the connec-
tion aperture (as illustrated in Figure S7, Supporting Informa-
tion), surgery tools, surgeon maneuverability, range of motion,
and potential anatomical variations among individuals. Further-
more, application areas of the presented transducer are not lim-
ited to fully implantable cochlear implants; it can be used for low-
power sound detection systems: IoT, biometric detection, smart
sensors, and security systems.
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