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Abstract—The electrically evoked auditory steady state 

response (eASSR) is a potential objective measurement for 

cochlear implant (CI) fitting. Similar to other 

electroencephalography (EEG) measurements with CI users, 

artifacts caused by the pulsatile electric stimulation are phase 

locked to the stimulus and cannot be further reduced via an 

increasing number of repetitions. This is particularly 

problematic for high-pulse-rate eASSR, where the artifact 

temporally overlaps with a large part of the desired brain 

response. Here, an off-line CI artifact reduction technique, 

referred to as moving strobe averaging (MSA), is proposed and 

evaluated using highly-controlled EEG measurement data which 

deliberately do not contain a brain response: 1) simulated 

idealized data and 2) two dummy EEG recordings collected with 

either an electric resistor circuit to mimic scalp impedances (CI-

in-a-box) or a saline solution filled tank (CI-in-a-tank) setup. 

The MSA algorithm supports identification of the artifact in the 

time domain and only requires that the artifact duration 

remains shorter than the inter-stimulus interval. In addition to 

being computationally efficient, MSA allows for removal of the 

stimulation artifact with minimal distortion of the desired neural 

response. Potential limitations of artifact rejection caused by the 

recording equipment itself are identified. 

I. INTRODUCTION 

A cochlear implant (CI) is an electrical device that helps to 

restore hearing to the profoundly deaf. The main principle of 

a CI is to directly stimulate the auditory nerve via electrodes 

surgically inserted into the inner ear [1]. With the increasing 

number of CI users, the usage of objective techniques to 

estimate perception thresholds and to facilitate clinical fitting 

of CI recipients are invaluable, especially for clinical 

populations who are not able to respond behaviorally to 

stimuli in the environment (e.g., infants). The auditory steady 

state response (ASSR) is one of such non-invasive objective 

techniques using scalp electroencephalography (EEG) 

recordings. It provides clinicians with important information 

about the auditory system and its function in various studies 

[2, 3]. Compared to the widely used acoustic ASSR, one 

outstanding issue of electrically-evoked ASSR (eASSR) with 

CI electrical stimulation is its inherent contamination with 

pulsatile artifacts from the stimulation itself. It is challenging 

to disentangle the electrically evoked potential from the CI 

artifacts because of the overlap of the eASSR and the CI 

stimulation artifact in the time and frequency domain [4-8]. 

One commonly used method for removing CI stimulation 

artifacts is linear interpolation or line-out. Despite different 

successful applications [5, 9-11], significant distortion to the 

recorded signal could occur in some cases when the 

interpolation parameters are not carefully controlled, or the 

artifact and evoked potential show significant temporal 

overlap, especially when the analysis and decision is 

performed in the frequency domain. With high pulse rates, 

such as used in this eASSR study, widely used methods like 

linear interpolation for removing CI stimulation artifacts are 

more problematic than in low pulse rate cases as used in 

previous studies [10, 11]. 

Fig. 1 shows one example of a high-pulse-rate (HPR) EEG 

recording from a CI subject in a parallel study1  processed 

without and with the general linear interpolation method as 

used in [10, 11]. The stimulation rate (𝑓𝑝𝑝𝑠) is 1100 pulse per 

second (pps). Fig. 1a shows one segment of the preprocessed 

signal 𝒚 (blue line). Briefly, the preprocessing includes 

epoching, baseline correction, bandpass filtering, and 

averaging (please refer to [10, 11] for more details about the 

preprocessing). Note that the EEG recording is dominated by 

the sharp, high-amplitude spikes, the CI stimulation artifacts, 

with the desired eASSR mainly preserved in the gaps. These 

CI stimulation artifacts vary between subjects and depend on 

several factors, such as the EEG recording system setup, the 

position and impedance of the recording electrodes. The 

signal after linear interpolation of the CI stimulation artifact is 

shown in red. Fig. 1b and c show the single-sided amplitude 

spectrum below 500 Hz without and with linear interpolation, 

respectively. 

It is conceivable that the start and end points of 

interpolation are critical for obtaining a faithful estimation of 

the desired eASSR, particularly for the HPR stimulation, with 

short inter-pulse intervals (IPIs): The linear interpolation on 

the one hand reduces the CI stimulation artifacts; on the other 

hand, it can also introduce interpolation artifacts. This method 

might not completely cancel out the artifacts, but it is 

acceptable for low pulse rate EEG recordings that are 

analyzed in the time domain based on the morphology of 

waveforms, such as electrically evoked auditory brainstem 

responses (e.g., [10, 11]). However, without precise control, 

——— 
1This study was approved by the Ethics Committee of the University of 
Oldenburg. 
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abrupt changes at the start and end points of the interpolation 

might introduce additional unwanted frequency components, 

including a component at the amplitude modulation (AM) 

frequency (𝑓𝑚) where the desired neural response is estimated. 

For the current extreme example, with such a high pulse rate, 

the recording might be completely contaminated by artifacts, 

and there were no artifact-free segments. Fig. 1b without 

linear interpolation shows a lower amplitude at the target AM 

component 𝑓𝑚 = 38 Hz than in Fig. 1c after linear 

interpolation. Such a case is problematic given that eASSR 

analysis and decision about auditory function are based on the 

amplitude of that 𝑓𝑚 component. 
 

 
 

Fig. 1 EEG recordings without and with applying the general line-out method 

as used in [10, 11]. 𝑓𝑝𝑝𝑠 = 1100 pps and 𝑓𝑚 = 38Hz. (a) The blue and the red 

signals are the preprocessed signal without and with linear interpolation 

within the period of the CI stimulation artifact. (b) and (c) show the single-

sided amplitude spectra below 500 Hz without and with linear interpolation, 
respectively. 

 

One typical approach to separate a residual artifact at 𝑓𝑚 

from the desired neural response is the delay inherent to the 

neural response: Recording at several AM frequencies allows 

separation of artifact and neural response if it is assumed that 

the artifact component shows no delay and is phase-locked to 

the stimulation (e.g., [12]). In general, to achieve the best 

possible artifact rejection at 𝑓𝑚, the amplitude and phase of 

the residual artifact have to be known. To explore these two 

aspects, an off-line technique, named moving strobe 

averaging (MSA), is proposed for characterizing the 

amplitude and phase of the CI stimulation artifacts and for 

reducing the CI stimulation artifacts. With this method, the 

amplitude and phase of the CI artifact can be studied in 

isolation. The goal of this study is to assess the proposed 

method with simulated HPR eASSR recordings that do not 

contain any neural responses and to explore possible 

limitations of the stimulation and recording equipment that 

might cause or worsen the artifacts. Three types of simulated 

EEG signals were used: digitally generated high sampling rate 

sinusoidal amplitude modulated pulse trains, and EEG 

recordings with an implant-in-a-box (IIB) or implant-in-a-

tank (IIT). The paper is organized as follows: Section II 

describes the proposed MSA algorithm and the experimental 

setup. Section III describes the validation of the MSA 

algorithm with different recordings. The results with and 

without MSA processing were compared. Finally, Section IV 

presents the summary and future plans. Potential limitations 

of artifact rejection caused by the recording equipment itself 

are identified. 

II. METHOD 

Since the AM frequency component at 𝑓𝑚  is crucial for 

interpretation of eASSR data, we address i) in which case the 

CI stimulus itself contains an unwanted frequency component 

at 𝑓𝑚 ; ii) whether temporal smearing in the EEG recording 

system caused by low-pass filtering affects artifact reduction, 

and iii) whether the artifact reduction algorithm itself can 

introduce or affect the frequency component at 𝑓𝑚. For this, 

theoretical (ideal) signals were generated to simulate our CI 

eASSR recording and analysis paradigm. The proposed MSA 

algorithm was first validated with these ideal signals. In order 

to further validate the MSA algorithm with recorded signals 

and to additionally characterize the CI artifacts, HPR eASSR 

recordings of a simulated CI dummy user were recorded via 

our EEG system in two highly-controlled lab setups: with 

either a MED-EL cochlear implant-in-a-box (IIB) or cochlear 

implant-in-a-tank (IIT). 

A.Moving strobe averaging algorithm 

The concept of the proposed MSA algorithm is to 

completely exclude those samples in the original recording 

𝒚 that dominated by the CI stimulation artifact (where 

otherwise line-out and interpolation are applied) from the 

analysis and to only use the remaining (presumably clean) 

samples to reconstruct an artifact-reduced signal. The ‘strobe’ 

process in MSA means that we extract a time series of a 

single sample per pulse interval, separated from the next one 

by the duration of the IPI, thus reflecting a stimulus-driven 

down-sampling process. By moving the starting strobe (or 

sample) time point along the pulse interval, we generate a 

series of down-sampled recordings which contain the artifact 

to a different degree. The whole algorithm can be broken 

down into three steps: 

1) Moving strobe generation: This reflects a moving down-

sampling processing with a decimated sampling rate equal to 

the pulse rate. It results in a number of strobed signals 
[𝒛1, 𝒛2, … , 𝒛𝑀],  and each signal 𝒛𝑖  (𝑖 = 1: 𝑀)  consists of a 

time series with one sample from each IPI. The number of 

strobed signals depends on the samples or moving steps 𝑀 

within one IPI, 𝑀 = 𝑓𝑠 𝑓𝑝𝑝𝑠⁄ , where 𝑓𝑠 is the sampling rate in 

Hz, and 𝑓𝑝𝑝𝑠  is the pulse rate in pps. In some cases it is 

necessary to resample 𝒚 to ensure the IPI (and thus 𝑀) is an 

integer number of samples. This decimation process assumes 

that the desired neural signal contains frequencies (like 𝑓𝑚) 

well below the resulting Nyquist frequency 𝑓𝑝𝑝𝑠/2. 

2) CI stimulation artifact detection and reduction: To 

detect and reduce the CI stimulation artifacts, the strobed 

signal 𝒛𝑖   is first transformed into the frequency domain 𝒁𝑖  

using a fast Fourier transform (FFT). The single-sided 

amplitude spectrum 𝐀𝐦𝐩𝐢  and the phase spectrum 𝐏𝐡𝐚𝐢  are 

obtained using Eq. (1) and (2) respectively, where 𝑁 is the 

length of 𝒁𝑖  in samples. The re(𝒁𝑖) and img(𝒁𝑖) are the real 

and imaginary parts of the complex spectrum 𝒁𝑖  

𝐀𝐦𝐩𝐢 = 2 × √(re(𝒁𝑖))2 + (img(𝒁𝑖))2/𝑁                 (1) 

𝐏𝐡𝐚𝐢 =
img(𝒁𝑖)

re(𝒁𝑖)⁄ ×180/π                            (2) 
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3) Residual strobe averaging: The strobed signals are 

grouped as CI stimulation artifact dominated signal or 

residual signal. Based on the assumption that those strobed 

signals containing CI stimulation artifact samples have much 

larger (hundreds or thousands times) amplitudes than the 

neural response or EEG noise, detection and removal of the 

CI stimulation artifact can be achieved by comparing the 

amplitude at 𝑓𝑚, 𝐀𝐦𝐩i(𝑓𝑚), to a threshold 𝑇ℎ. Typically, this 

threshold should be smaller than CI stimulation artifact but 

larger than the expected neural response as reported in the 

literature. If the amplitude 𝐀𝐦𝐩i(𝑓𝑚)  of a given strobed 

signal 𝒛𝑖  is larger than 𝑇ℎ, it is assumed to be CI stimulation 

artifact dominated, and 𝒛𝑖   is excluded from reconstruction. 

The remaining strobed signals are averaged for noise 

reduction to reconstruct the residual signal �̂�. The averaging 

comprises lowpass filtering in decimation process. It should 

be noted that the residual signal could still contain artifacts, 

particularly when the artifact duration is larger than the IPI 

and no artifact-free segment exists. However, this is a general 

problem for HPR artifacts reduction techniques. 

B.Idealized simulated recordings 

1) Stimuli: Sinusoidally amplitude-modulated (SAM) 
biphasic pulse trains were generated digitally with a sampling 
rate of 200 kHz according to Eq. (3) to simulate idealized 
biphasic CI stimuli used in our eASSR paradigm.  

𝑠(𝑡) = 𝐻 + 0.5 ∗ (𝐶 − 𝐻) ∗ 𝑝(𝑡) ∗ [1 − 𝑐𝑜𝑠(2𝜋 ∗ 𝑓𝑚 ∗ 𝑡)] ∗ 𝐷    (3) 

𝐷 is the percentage of dynamic range and 𝑓𝑚 is the AM 
frequency. In this example, 𝑓𝑚 = 38 Hz, 𝑓𝑝𝑝𝑠 = 810, 𝐻 = 147 

µA,  𝐶 = 729 µA. The parameters 𝐶 and 𝐻 are the maximum 
comfortable level and hearing threshold level, respectively. In 
practice, these are fitting parameters for the individual CI 
users. Here, 𝐶  and 𝐻  were selected to mimic a typical CI 
subject from a parallel study. 𝑝(𝑡) is a biphasic pulse train 
(anodic pulse first), with a phase duration of 40-µs and rate 
𝑓𝑝𝑝𝑠. Both symmetrical and asymmetrical SAM pulse trains 

were generated by controlling the amplitudes of anodic and 
cathodic pulses in 𝑝(𝑡). In an asymmetrical SAM stimulus, a 
ratio of 0.9 between the anodic and cathodic pulse amplitude 
was used. The asymmetrical example was added to 
demonstrate the effect of asymmetrical (charge unbalanced) 
biphasic pulses on the artifact at 𝑓𝑚. However, it should be 
emphasized that a non-defective CI is designed to deliver 
charge balanced biphasic pulses. 

2) Equipment: In order to simulate our EEG recording 
system and to explore the effect of temporal smearing of the 
artifact by the analog low-pass (anti-aliasing) filter, the signal 
in Eq. (3) was first filtered with a third-order 8-kHz 
Butterworth low-pass filter and then down-sampled to the 
EEG recording sampling rate of 20 kHz. 

C.Controlled lab recordings 

1) Stimuli: The stimuli were charge-balanced biphasic 
SAM pulses trains (anodic pulse first) as described in Eq. (3), 
with 40-µs phase duration, and 2.1-µs interphase gap 
presented repeatedly via monopolar stimulation mode at 810 
pps to electrode 1. 

2) Equipment: HPR eASSRs were recorded with our EEG 
system using two dummy setups: 1) a self-build resistor 
circuit connected to the MED-EL implant-in-a-box (IIB); or 
2) a MED-EL implant-in-a-tank filled with saline solution 
(ITT). Following this procedure, CI recordings with both CI 
stimulation and recording system related artifacts could be 
generated in a highly controlled way. The stimulation and 
EEG setup is shown in Fig. 2, which is part of our self-
developed CI psychoacoustic and EEG experiments platform 
[10, 11, 13, 14]. The electrical stimuli were controlled from a 
stimulation PC running MATLAB via a research interface 
(the RIB II device, University of Innsbruck, Austria) that 
communicated directly with implant via a National 
Instruments I/O card, optical isolation interface box. 

RIB II

Headbox
EEG amplifier

EEG 
Recording 
ComputerTrigger

Computer 
with NI I/O 

Card

Electrically and acoustically shielded room Recording and observation room

Rec
Ref

400 kΩ400 kΩ

6.8 kΩ

IIB

Ground

(A)

RIB II

Headbox EEG amplifier

EEG 
Recording 
Computer

Trigger

Computer 
with NI I/O 

Card

Electrically and acoustically shielded room Recording and observation room

Rec

Ref
Ground

(B)

 
Fig. 2 (A) The setup for the EEG stimulation and EEG recording with self-
build circuit and cochlear implant-in-a-box (IIB) experiment. (B) The setup 
for the EEG stimulation and EEG recording with a cochlear implant-in-the-
tank (IIT) experiment.  

Fig. 2A shows experimental setup using the the IIB-circuit. 
A triangle circuit with three equal resistors (6.8 kΩ) was 
introduced to mimic the impedance of the EEG scalp 
electrodes of real subjects. The two 400-kΩ resistors 
connected to the CI electrode and ground of the IIB were used 
to protect the EEG amplifier from over loading. The three 
nodes of the equal-resistance triangle circuit were connected 
to three EEG recording electrodes (reference, ground and 
recording) as shown in Fig. 2A. For the IIT experiment, the 
stimulation and EEG setup is similar to Fig. 2A and is shown 
in Fig. 2B. Here, a MED-EL Synchrony implant was placed 
together with three EEG recording electrodes (reference, 
ground and recording) in a head-sized container filled with 
0.2% saline solution. The EEG recording electrode was 
placed to the contralateral side of the CI inside the same tank. 
For both setups, EEG data were differentially recorded from 
3-channel Ag/AgCl electrodes (Fig. 2). The scalp electrodes 
were connected to the three monopolar input connectors of a 
SynAmps RT amplifier system (Neuroscan). The IIB-circuit 
or IIT setup was placed in an electrically shielded sound-
attenuating booth. The artifact rejection was turned off, the 
sweeps were filtered by an analog antialiasing-low-pass filter 
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with a corner frequency of 8 kHz, digitized with 20 kHz 
sampling rate via a 24 bit A/D convertor, and stored to hard 
disk. The recording software was CURRY 7 (Neuroscan). 
Ten sweeps were repeated for each condition. Each recording 
sweep consisted of 18 blocks, each block lasting 1 s. 

III. RESULTS 

A.Idealized simulated HPR AM recordings 

Fig. 3 shows the asymmetrical (column 1, orange), 
symmetrical (column 2, blue) SAM biphasic pulse trains, and 
the symmetrical pulse train after low-pass filtering (column 3, 
red) and following down-sampling (column 4, black). The 
bottom panel of Fig. 3 shows the single-sided amplitude 
spectrum obtained according to Eq. (1), below 900 Hz. As 
expected from theory, there is no frequency component at 𝑓𝑚 
for all symmetrical stimuli (charge balanced pulses), but for 
the asymmetrical stimulus. Although CI stimulation is 
intended to be charge-balanced (symmetrical), this case 
demonstrates the (de-modulating) effect of an asymmetric 
non-linearity at any stage of the processing. It should be noted 
that the frequency component at 𝑓𝑚 in the artifact is critical 
for the eASSR measurement because of the spectro-temporal 
overlap of the desired neural response and the artifact. 

The magnified small inserts in Fig. 3 highlight that the 
low-pass filtering (column 3, red) introduced some noticeable 
tail oscillations (filter ringing) and a widening of the recorded 
pulses (simulated CI stimulation artifacts) near the baseline 
amplitude (0 in this example). In addition, the down-sampling 
(column 4, green) introduced additional oscillations and 
widening. Consequently, these operations temporally smeared 
the stimulation artifacts and reduced the artifact-free samples 
within each IPI, which can affect artifact rejection, especially 
for HPR CI artifact reduction algorithms. However these 
(linear) operations cannot introduce a frequency component at 
𝑓𝑚. 

 

Fig. 3  The asymmetrical (column1, orange), and the symmetrical (biphasic; 

column 2, blue) SAM signals used for the EEG stimulation. The SAM 

symmetrical biphasic pulse trains after low-pass filtering (column 3, red) and 
down-sampling (column 4, black). 

 

Fig. 4 shows an example of applying the MSA algorithm 
to the simulated EEG signal (column 4, Fig. 3, after low-pass 
filtering and downsampling). Fig. 4a shows one modulation 
cycle of the signal. The small insert is a magnification of the 
area within the dotted red rectangular box. The asterisk, solid 
and open circles are three example strobed signals within time 

range of [0 26] ms at the following (moving) strobe steps, 𝑖, 
within the IPI: 𝑖 = 1 (red open circles at the positive peak), 
𝑖 = 7  (black solid circles), 𝑖 = 9  (green asterisks at the 
negative peak). Fig. 4b shows the resulting strobed time 
signals for all strobe steps from 𝑖 = 1  to 𝑖 = 25;  the 
corresponding steps are marked with the corresponding 
number. Fig. 4c shows a waterfall plot of all strobed time 
signals. Fig. 4d is the single-sided amplitude spectrum (blue) 
and the corresponding phase spectrum (green) at frequency 
𝑓𝑚 for different strobes. 

 

Fig. 4 Example of applying the MSA algorithm on the ideal symmetrical 

signal. fpps =810, 𝑓𝑚 = 38, fs = 20 kHz. (a) Simulated EEG signal in one AM 
cycle. (b) Strobed time signal with strobe steps of 1-25.  (c) Waterfall plot of 

the strobed time signal, with strobe steps of 1-25. (d) The single-sided 
amplitude spectrum (blue) and the corresponding phase (green) of component 

𝑓𝑚 for each strobe (1-25). 
 

The phases at frequency 𝑓𝑚  of all the strobes, shown in 
Fig. 4d (green), are either ±180° or 0°, corresponding to the 
polarity of the artifact in the strobe (negative peaks 
correspond to 0° phase of the envelope at 𝑓𝑚). The maximum 
amplitudes occur within steps 5-12, which are the strobes 
dominated by the CI biphasic stimulation artifact. The strobes 
outside of this range can be treated as residual signals that 
might be suited to estimate the neural (brain) response in a 
real recording. In order to show how to remove the strobes 
dominated by the CI stimulation artifacts and how to 
reconstruct the residual signal from the remaining strobes, the 
strobes between steps 19-25 were used in the construction. 
The same strobes were used for a comparison with the IIB 
and IIT setups. 

Fig. 5a and f (green) shows the reconstructed signal from 
the average of the strobed signals of  [𝒛19, 𝒛20, … , 𝒛25]. The 
amplitude (note the 1000 times smaller scale in the y-axis) at 
𝑓𝑚=38 Hz is 0.53 nV, which is hundreds of times smaller than 
a typical eASSR response (about 0.05-0.6 µV, e.g., [15]). 
This demonstrates that MSA is suited to successfully identify 
and reject the stimulation artifact under ideal conditions. 

B.Controlled lab recordings  

Fig. 5 shows the amplitude of the recorded data after 
preprocessing for IIB-circuit (column 2, orange) and IIT 
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(column 4, blue) in the time (b, d) and frequency (g, i) 
domains, respectively. In contrast to the previous ideal case, 
both recordings show a response at the modulation frequency 
(𝑓𝑚=38 Hz). This implies there might be non-linearities or 
asymmetric features in the system. Note that the IIB signal is 
more than 10 times larger than the IIT signal. Column 3 and 5 
of Fig. 5 show the corresponding MSA processed signals. 

 

Fig. 5 The amplitude of the recording data after preprocessing (b, g, IIB-
circuit; d, i, IIT) and after MSA (a, f, ideal symmetric signal; c, h, IIB-circuit; 
e, j, IIT) in the time (a - e) and frequency (f - j) domains. 

In order to identify and remove CI stimulation dominated 
strobes, for demonstration purposes, here solely the strobe 
amplitudes without considering the phase information shown 
in Fig. 6A and B (panel d, blue) were used. The rejection 
threshold 𝑇ℎ  was set to 1 µ𝑉 , which means all the strobes 
with amplitudes larger than 1 µ𝑉  were assumed to be 
dominated by CI stimulation artifacts. In real applications, the 
selection or the estimation of the strobe rejection threshold is 
important for identifying the strobes dominated by the CI 
stimulation artifacts. More advanced methods, such as 
machine learning (e.g., deep neural networks) could be useful 
for estimating the 𝑇ℎ  in the future. The artifact-reduced 
signals shown in Fig. 5 (c, h, IIB-circuit; e, j, IIT) were 
reconstructed only with the strobes between step 19 and step 
25. The residual spectrum amplitude of the IIB-circuit 
recording (Fig. 5c, h) at 𝑓𝑚 (38 Hz) is 1000 times larger than 
that in the ideal signal (Fig. 5a, f) and nearly 6 times larger 
than the IIT recording (Fig. 5e, j). The difference between the 
residual amplitude of IIB-circuit and IIT recordings are 
mainly caused by the differences of effective impedance 
between these two experimental setups and the amplitude 
difference of the preprocessed signals (1897 and 155 µV peak, 
respectively). Taking these amplitude differences into account 
and assuming linearity, the residual in the IIB signal is 
actually smaller than in ITT: 0.57/1897 × 155 µ𝑉 =
 0.05 µ𝑉. This suggests that non-linearities are larger in the 
tank than in the resistor circuit. 

Fig. 6 shows how these MSA processed signals were 
obtained for the IIB-circuit (A) and IIT recordings (B): 
𝑓𝑝𝑝𝑠=810, 𝑓𝑚 = 38 Hz, 𝑓𝑠 = 20 kHz. During moving strobes 

generation, in this example, the 7th and 9th strobes were the 
samples at the positive peak and the negative peak of the 
artifact, respectively. Comparing the single-sided amplitude 
spectrum in Fig. 4d and Fig. 6d, the patterns of the amplitude 
spectrum are very similar among these three recording types 
except for the absolute values. The artifact peaks are all 

within steps 5 to 12. One important difference to the ideal 
case in Fig. 4d is that the phases of the strobes between [19 
25] are neither exactly zero nor ±180° in Fig. 6A and B (panel 
d). Such distortions affecting the residual artifact phase at 𝑓𝑚 
might be relevant if phase is used to separate neural response 
and artifact (e.g., [12]). 

 

 
Fig. 6 MSA algorithm applied to IIB-circuit (A) and IIT recordings (B). (a) 

Preprocessed EEG signal in one AM cycle. The small insert magnifies the 

dotted red rectangular box. The asterisk, solid, and open circles are three 

example strobes within the time range of [0 26] ms at the following steps: 1st 

(open circles at the positive peak),  7th (solid circles), 9th (asterisks at the 

negative peak). (b) Strobed time signal with strobe steps of 1-25. (c) 
Waterfall plot of the strobed time signal, with strobe steps of 1-25. (d) The 

single-sided amplitude spectrum (blue) and the corresponding phase (green) 

of component 𝑓𝑚 for each strobe (1-25). 
 

The residual signal of the ideal simulated symmetrical 
signal after MSA has near zero amplitude at 𝑓𝑚 , and the 
residual strobes had either zero or ±180° phase. However, 
both dummy recordings (IIB and IIT) show more eASSR-like 
residual signals: less than 1 µ𝑉 (~hundreds of 𝑛𝑉) amplitude 
at the modulation frequency and not exactly zero or ±180° 
phase. Theoretically, the phase information could be used in 
assisting the artifact detection, however, the non-zero (or non 
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± 180°) phase present in both IIB-circuit and IIT recordings 
implies that caution has to be taken. 

Taken together, it is observed that: 1) MSA dramatically 
reduces the CI stimulation artifacts in the time domain. 2) All 
signals, without and with MSA algorithm show a frequency 
component at 𝑓𝑚 . 3) The frequency component at 𝑓𝑚  was 
smaller than 1 µV (except for the IIB-circuit) even without 
artifact reduction. 4) The proposed MSA algorithm reduces 
the residual artifact at 𝑓𝑚. It needs to be emphasized, that the 
data used here for demonstration are dummy recordings 
which do not contain any neural response at 𝑓𝑚. Nevertheless, 
unlike in the ideal case, a small component at 𝑓𝑚 occurs in the 
recordings. The current results thus suggest that caution 
should be taken in interpreting eASSR results containing a 
small 𝑓𝑚  component, particularly given that in the real 
recordings phase distortions of residual component at 𝑓𝑚 
might occur. Thus in practice, additional measures to reduce 
the residual artifact like alternating polarity stimulation (e.g., 
[10, 11]) are advisable. 

One further advantage of the proposed MSA algorithm is 
the easily assessable identification and characterization of the 
artifact in the strobed waterfall plot and the amplitude/phase 
plot. For the application of MSA algorithm, additional tests 
such as, e.g., subthreshold (below the perceptual level 
threshold) recording and loudness growth functions, might be 
helpful in real CI users. 

IV. SUMMARY AND CONCLUSIONS 

A simple CI artifact reduction method named MSA has 
been proposed and tested with different setups: high pulse 
rate eASSR simulation and dummy recordings from a 
cochlear implant-in-a-box circuit and a cochlear implant-in-a-
tank setup. Overall, the study shows:  

1) The proposed MSA algorithm can remove the CI 
stimulation artifact with minimal distortion of the residual 
signal by skipping the strobes clearly dominated by 
stimulation artifact. This technique only requires that the 
artifact strobes are identifiable in the suggested graphical 
depiction of the analysis and the artifact duration is shorter 
than both the inter-stimulus interval and the time course of the 
desired neural response. This limitation also holds for other 
techniques. 

2) The residual artifact visible in dummy recordings 
suggests that attention should be paid when interpreting the 
eASSR component at the AM frequency. Such artifact might 
be contained in eASSR recordings of CI subjects. Information 
can be gathered from dummy recordings of the suggested IIB 
or IIT setup together with sub-threshold eASSR recordings 
from each CI user. Based on these additional recordings, the 
residual artifact after MSA processing can be judged 
negligible or not. 
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