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hearing loss. Clinically available methods for ABR tests require averaging for a large number of sweeps 

(~1000-2000) in order to obtain a meaningful ABR signal, which is time consuming.  This study 

proposes a faster new method for ABR filtering based on wavelet-Kalman filter that is able to produce a 
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The proposed method was able to filter and produce a readable ABR signal using 400 sweeps; other 

ABR signal criteria were also presented to validate the performance of the proposed method. 
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Abstract 

 

Auditory brainstem response (ABR) evaluation has been one of the most reliable 

methods for evaluating hearing loss. Clinically available methods for ABR tests require 

averaging for a large number of sweeps (~1000-2000) in order to obtain a meaningful 

ABR signal, which is time consuming.  This study proposes a faster new method for ABR 

filtering based on wavelet-Kalman filter that is able to produce a meaningful ABR signal 

with less than 500 sweeps. The method is validated against ABR data acquired from 7 

normal hearing subjects with different stimulus intensity levels, the lowest being 30 dB 

NHL. The proposed method was able to filter and produce a readable ABR signal using 

400 sweeps; other ABR signal criteria were also presented to validate the performance 

of the proposed method. 
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Introduction 

 

1.1 Background 

Different techniques are used to evaluate people’s hearing sensitivity, these techniques 

use methods based on auditory brainstem response (ABR), transient evoked 

otoacoustic emissions (TEOAE), and distortion product otoacoustic emissions (DPOAE) 

(1, 2). ABR signal is part of the auditory evoked potential (AEP) that occurs in the brain 

as a result of an auditory stimulus that excites the brain neurons to trigger the potential. 

The ABR test is a neurological test that is clinically used to evaluate hearing sensitivity 

of tested subjects (3, 4). The analysis of ABR is by far one of the most reliable methods 

in diagnosing the hearing loss in newborn babies (1, 2). 

The clinical method used for ABR signal analysis is the averaging of the resulted sweeps. 

Sweeps are the number of stimulus repetitions that excite evoked potentials (EP) from 

the brain. Due to the low signal-to-noise ratio (SNR) of ABR, large number of sweeps is 

required to be averaged in order to achieve a meaningful readable ABR signal; typically, 

in the range of 1000 to 2000 sweeps or more (3, 4). The main issue with available 

clinical ABR tests is the time consumed due to the large number of sweeps required to 

be obtained, then averaged (1, 2). 
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1.2 Purpose of the Study 

The study’s main focus is to implement a new method of filtering the ABR, so that less 

number of sweeps is required; therefore, less time is consumed for the ABR test. The 

study implements a Wavelet-Kalman filter of the ABR signal, which is able to produce a 

meaningful readable ABR signal using 500 sweeps or less.  
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Literature Review 

 

2.1 Electroencephalography (EEG) 

The EEG signal is a recording of the electrical activity of the brain that is often referred 

to as a rhythm. The recording is performed by placing different electrodes on the scalp; 

this is because the measurement of a single neuron activity is not applicable due to the 

signal attenuation caused by the brain tissue layers. The placing of many electrodes on 

the scalp can measure the currents produced from the electrical field that is generated 

by the joint of millions of neurons (5). 

The EEG signal analysis investigates the patterns shown on EEG graph in both time and 

frequency domains. These changes can be further demonstrated and studied by 

different signal processing techniques that help in extracting underlying information of 

the EEG; therefore, providing further explanations and diagnosis (5). 

The signals recorded from the scalp vary between individuals according to their age, 

mental state and activity. The signal amplitude ranges from few microvolts to 100 μV 

with a frequency ranging from 0.5 to 30-40 Hz. EEG rhythms are typically classified into 

five different rhythms and some of them may be shown for several minutes while others 

only for few seconds (5). 
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The EEG is recorded using the international 10-20 system, which is the common 

standard used for electrodes placement. The system uses 21 electrodes attached to the 

surface of the scalp at defined locations. 10 and 20 are the percentages of relative 

distances between the electrodes. Figure 2.1 shows the placement of electrodes on the 

scalp with their anatomical references. Nasion is the top of the nose and inion is the 

back of the skull. The letters A, C, F, O, P and T denote auricle, central, frontal, occipital, 

parietal and temporal respectively. Odd-numbers electrodes are on the left side, even 

number electrodes on the right side, and zero (z) is along the midline (5). 

 

Figure 2. 1: The international 10-20 system for EEG recording1. 

2.1.1 Evoked Potential (EP) 

EPs are event-related activities that occur as electrical responses from the brain to 

different sensory stimulations of nervous tissues. They are recorded in the same 

manner as EEG but with less number of electrodes; depending on the recording type of 

EP. They provide information on sensory pathways and abnormalities. The recorded 

data is presented as transient waves and investigated based on their morphology, which 

depends on the type and strength of the stimulus and positioning of electrodes on the 

scalp (5). 

The most common EPs are auditory evoked potentials (AEP), visual evoked potentials 

(VEP), and somatosensory evoked potential (SEP). EPs have amplitudes that range 

between 0.1 to 10 μV; therefore, signal processing techniques, including amplification 

and averaging are commonly used to extract these EPs (5). 

                                                        

1 Taken from (5) 
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2.1.2 Auditory Evoked Potential (AEP) 

The AEPs are generated in the brain as responses to external sound stimulations. They 

reflect the electrical activity of the auditory system that is generated as a result of the 

propagation of neural information from the acoustic nerve in the ear to the cortex. 

Figure 2.2 shows a typical waveform of the auditory evoked potentials. These potentials 

are divided into three intervals, based on their latency: 1- brainstem response 

constituting the first part, 2- middle cortical response, and 3- late cortical response. AEP 

is recorded by placing electrodes behind the right or left ear, forehead, and at the vertex 

(5). The placement follows the 10-20 system described in section 2.1.  

 

Figure 2. 2: Auditory evoked potential typical waveform2.  

2.2 Auditory Brainstem Response (ABR) 

The ABR is the component of the AEP that occurs in the first 10-15 ms of the whole AEP 

following the stimulus onset. The ABR is also known as brainstem auditory evoked 

potential (BAEP), brainstem auditory evoked response (BAER), and brainstem evoked 

response (BSER). ABR has become a standard in evaluating hearing loss since its 

discovery by Jewett, D.L. in 1971. Many hospitals are now performing what is known as 

ABR test which is used to evaluate hearing loss of patients or newborn babies (3, 4). 

2.2.1 ABR Waveform 

The ABR waveform consists of seven positive-to-negative waves mostly labelled in 

Roman numerals from I until VII. Wave I occurs in ~1.5 to 2 ms following the stimulus 

onset while the following waves occur with a latency of ~1 to 2 ms between each of 

them. Figure 2.3, taken from (4), shows a typical two ABR waveforms recorded with an 

auditory click stimulus of 80 dB. The amplitudes of the ABR waves are usually less than 

                                                        

2 Available from: http://www.neuroreille.com/promenade/english/audiometry/ex_ptw/explo_ptw.htm 
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1 μV, but that depends on the gain used when obtaining the signal. The negative waves 

of ABR are results of stimulus artifact, which occurs because of the stimulus high 

intensity, since the headphone used to deliver the stimulus radiates electrical energy 

that might be picked by the recording electrodes (4). 

 

Figure 2. 3: Two ABR waveforms obtained from a normal hearing adult3.  

All seven waves of ABR may not be present in ABR morphology, especially wave II, VI, 

and VII. The morphology of IV and V waves may appear as different peaks as shown in 

figure 2.3, they can be merged into a single peak, or they can be combined together in 

IV-V complex where IV is shown as a small tip in the following wave. However, all these 

variations are considered normal (4).  

Wave V detection is the golden rule to determine whether the subject is suffering a 

hearing loss. In clinical terms, the audiometric threshold is 20 dB NHL (Decibel normal 

hearing level) which is the minimum intensity used to obtain a clear wave V (4). 

Whereas in studies performed outside clinical use of the ABR, intensity may vary 

between 40–120 dB NHL, even though some studies (1, 2) have suggested an intensity 

of 30 dB is also applicable to generate a readable ABR. With high stimulus, i.e. 70 dB 

NHL, wave V is detected after 5 to 6 ms following the stimulus onset, whereas with 

lower intensities, i.e. 40 dB NHL, wave V would be detected between 7 to 8 ms. Although 

wave V is detected by audiologists, two criteria are essential for the detection of wave V; 

latency and the steep following wave V (4). Figure 2.4 shows the latency shifts of wave V 

peak occurring as a result of stimulus intensity variations. 

 

                                                        

3 Taken from (4) 
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Figure 2. 4: Latency shifts of wave V as a result of lower stimulus intensity levels4.  

2.2.2 ABR Stimulus 

The auditory stimulus might be clicks, chirps or brief tone bursts known as tone pips. 

According to (4), click is the ideal stimulus to excite the ABR. However, Elberling C. et al. 

(6) argue that chirp stimulus is better than click stimulus due to its ability to 

compensate for the cochlear traveling wave delay. The cochlear wave delay is 

happening as a result of the different frequency components of the stimulus. The basilar 

membrane of the cochlea is stimulated as a result of the travelling wave, which depends 

on the frequency components of the stimulus given to the ear (7). Figure 2.5 shows the 

anatomy of the cochlea along with its frequency distribution.  

 

Figure 2. 5: Cochlea anatomy with its frequency distributions, along with the basilar membrane 

movement due to different frequency components5.  

                                                        

4 Available from: http://www.sciencedirect.com/science/article/pii/S0074775010390070 

5 Taken from (7) 
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Figure 2.5 illustrate that higher frequencies will stimulate the basilar membrane faster 

than lower frequencies, therefore; activating a response from the brainstem before low 

frequency components of the stimulus activate any neural response from the brainstem, 

this delay in neural activation is known as cochlear traveling wave delay (6). 

Figure 2.6 shows the difference between click and chirp stimulus in terms of frequency 

components of each stimulus. The click stimulus has all its frequency components 

introduced to the basilar membrane at once, whereas the chirp stimulus introduces the 

low frequency component first, followed by higher frequency components (6). This 

means, that the basilar membrane stimulation with chirp stimulus can compensate the 

cochlear wave delay by introducing the low frequency components first followed by the 

higher ones; therefore, activating the neural response from the brainstem at the same 

time. This however, requires a perfect design of the chirp stimulus whereas the 

ordinary chirp stimulus cannot time the neural activation to happen at the same 

moment (4, 8). 

 

Figure 2. 6: Click stimulus frequency components vs. chirp stimulus frequency components6.  

The ABR waveform morphology produced using ordinary chirp stimulus has the issues 

of having early waves components not clearly seen and wave V appears broader than 

normal. This is due to the low frequency components of the stimulus, which leads to 

unsynchronized neural activation in the apical, low frequency region of the cochlea. A 

bandpass filter of 30-3000 Hz is commonly used instead of the typical 100-3000 Hz to 

enhance wave V amplitude (4). Another solution proposed (8) is to design the chirp 

stimulus in a way that can synchronize the neural activation in accordance with 

frequencies of the cochlea. 

                                                        

6 Modified from (6) 
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The stimulus rate used clinically is 17-20 ms; however, lower rate is recommended for a 

clear definition of all the waves. The main principle behind choosing a “good” stimulus 

rate is a tradeoff between response clarity and test efficiency. Slower rate would 

produce a clear waveform; however, it will take longer time for averaging the acquired 

signal. Higher rate would be time efficient in averaging the acquired signal but will 

produce low amplitude ABR waves (4).  

2.2.3 Recording Techniques 

Since ABR is part of the AEP response as mentioned in section 2.1.2, the recording setup 

is the same. The ABR is excited by short duration stimulus sounds delivered through 

headphones or insert earphones. Four or three electrodes are used to record the ABR 

depending whether the signal is recorded for both ears or one of them. In case of three 

electrodes, only one electrode will be placed at the mastoid of either ear, whereas in 

case of four electrodes, two electrodes will be placed at both mastoids. The two 

electrodes are positioned at (A1 and A2) at the mastoids according to the 10-20 

systems, these electrodes are inverting electrodes (-). Another electrode is the ground 

electrode placed at the forehead at position (Fpz) and the non-inverting electrode (+) is 

placed at the vertex at position (Cz) (4). Figure 2.7 shows the positions of three 

electrodes on the scalp according to the 10-20 system. 

 

Figure 2. 7: Electrodes positions for ABR acquisition with three electrodes positioned at (Fpz, Cz and A1)7.  

The electrical activity is collected from the electrodes and further processed. A time 

window of 20 to 25 ms after the stimulus onset is preferable even though ABR signal 

appears in the first 12 ms, this is because of stimulus intensity variations that might be 

used when acquiring ABR signal. High intensity stimuli produce a clear ABR within 10 

ms window but lower intensity stimuli would take longer time (4). 

                                                        

7 Available from: http://www.sciencedirect.com/science/article/pii/S0165027008004470 
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In order to be able to visualize the ABR, the electrical activity that has been recorded 

must be processed. The reason is that ABR peaks are very small, less than 1 µV, and they 

are buried in the background of the interference (noise) which includes EEG activity, 

eye movement, electromyography (EMG), and 50 Hz power line radiation. The 

processing of ABR data includes amplification, filtering and signal averaging (4). 

According to [4], 100,000 amplifier gain is typically used to increase the magnitude of 

the electrical activity recorded by the electrodes.  

ABR waves occur with ~1 to 2 msec latencies, so when a wave is repeated every 1 ms, 

its frequency is 1000 Hz, whereas 2 ms latency means the frequency component is 500 

Hz. Therefore, ABR has frequency components of 500 and 1000 Hz. Choosing a 

bandpass filter with values above and below these frequency levels can partially filter 

the background noise, a 100 to 3000 Hz bandpass filter setting is clinically 

recommended (4). 

The common method for obtaining ABR is signal averaging, which is possible because 

ABR signal is time–locked to stimulus onset, while the noise interference occurs 

randomly. That means, ABR signal occurs at the same points of time following the 

stimulus onset regardless of the noise that has irregular pattern. Averaging is done by 

introducing a large number of stimuli in repetitive manner, termed as “sweeps”, then 

responses are averaged together to obtain a final ABR waveform. Therefore, the random 

noise cancels out while the evoked response is maintained because it is the same in 

every sweep (4).  

The number of sweeps is proportional to the square of SNR i.e., the higher the number 

of sweeps, the better SNR of ABR is achieved, so a clearer ABR waveform is obtained. 

According to (4), 1000 to 2000 sweeps are typically used for ABR; however, more 

sweeps, up to 6000 might be used if amplitudes are small or if the background noise is 

high.  

2.2.4 Clinical Applications 

ABR can be used clinically to evaluate hearing sensitivity and in otoneaurological 

assessment, which is the detection of brain tumors along the auditory and brainstem 

nerves (4). In this work we are interested in the study of ABR as a tool for evaluating 

hearing sensitivity; therefore, the other uses of ABR signal are only mentioned and not 

studied. The ABR is used to estimate hearing sensitivity of individuals, whose hearing 

sensitivity is not easy to evaluate using conventional methods; such individuals include 

infants, developmentally delayed children and autistic individuals (4). 

The click stimulus is widely used to estimate the hearing sensitivity threshold because 

of its ability to synchronize neurons; therefore, producing a clear readable ABR 
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waveform (4). However, more researches point out that chirp is better stimulus since it 

can synchronize the neurons more efficiently than clicks (6). As explained in section 

2.2.1, the full accompaniment of all waves is not always applicable due to low intensities 

of stimuli; however, wave V is always present because it can be excited with intensities 

between 25 to 40 dB NHL of click stimulus. The change that happened to wave V with 

low intensities can be noticed by the increase in latency. If wave V can be obtained at 20 

dB NHL intensity, then there is no point testing for lower intensities. Thus, based on the 

properties of wave V, the intensity level of the stimulus that can detect wave V, can 

provide information about hearing loss level of the tested subjects (4).  

2.3 Wavelet Transform 

Wavelet transform is used to deconstruct a signal into its frequencies, and then detail 

how each frequency change over time. The usage of wavelet transform appeared as a 

solution for the problem of Fourier transform, where the signal frequencies cannot be 

studied over time. Moreover, it is also used as a solution for the problem of short-time 

Fourier transform (STFT) where the resolution in frequency is limited by the window 

length. Wavelet transform provide accessibility to time, amplitude and frequency 

information (9, 10). 

2.3.1 Wavelet Transform for AEP 

Given the properties of wavelet transform, it is vastly used to investigate AEP. The multi 

resolution analysis (MRA) of AEP is performed by deconstructing the signal into 

individual scales; thus, creating different versions of the original signal which represent 

different frequency bands of the original signal. Then, these different frequency bands 

can be analyzed individually without interference from other frequency bands of the 

same signal. According to (10), different studies have indicated the usefulness of 

wavelet transform and MRA of AEP in improving the ABR waveform morphology and 

detection. Furthermore, they can improve the inter-wave latency accuracy between 

waves I-V of ABR. 

Based on different studies mentioned by Bradley and Wilson (10), discrete wavelet 

transform (DWT) is by far the most used algorithm for MRA of the AEP. Advantages of 

DWT are its computational efficiency and bi-orthogonality. The main disadvantage of 

DWT is its shift invariance. In DWT, the signal is decomposed into two parts 

representing the high and low frequency parts of the signal. The high frequencies of the 

signal are analyzed through a series of high pass filters; whereas, the low frequencies 

are analyzed through a series of low pass filters. 
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Terzija N. et al. (8) present a basic mathematical explanation of DWT;      is assumed to 

be the original signal which has a frequency band between 0 to   rad/s.      is then 

passed through half-band high pass filter      and low pass filter       After filtering 

and with respect to Nyquist’s rule, half of the samples can be eliminated because the 

resulted signal has a bandwidth of     instead of  . The signal is then sub-sampled by 2, 

by dismissing every second sample. This represents a one level decomposition that can 

be calculated by the following equations: 

                          (eq. 2.1) 

                         (eq. 2.2) 

Where Yhigh [ ] and Ylow [ ] represent the output of high pass filter and low pass filter 

respectively, the process can then be repeated on Ylow for further decomposition levels 

(11). 

When performing MRA of the AEP using wavelet, two criteria should be considered for 

choosing the mother wavelet i.e. wavelet prototype function, the first is the symmetry 

(linear phase) and second, is the smoothness (regularity). Phase of AEP must be 

preserved because the main interest is on the morphology and latency of peaks. 

Therefore, a mother wavelet of linear phase is used when analyzing the AEP, which is a 

bi-orthogonal mother wavelet. This is because the location and amplitude of peaks 

depend on the frequency component phase in the signal. With regard to smoothness, 

the general rule is that smoothness of mother wavelet is proportional to the support 

length, i.e. greater support length would yield a smoother wavelet (10). 

2.4 Kalman Filter 

Kalman filter is an estimator of the linear-quadric problem, which can estimate the state 

of a linear dynamic system corrupted by white noise. It is used to estimate the current 

state of a system in time in order to update it with correction in the next state. The 

Kalman estimator tends to be more precise than others since it uses the measurement 

data recursively instead of a single one; therefore, updating information about the state 

of the system with each measurement, in order to produce an optimal estimation of the 

underlying system (12). 

2.4.1 The Discrete Kalman Filter (DKF) 

DKF tries to estimate the state   (an N-component vector) of a discrete-time controlled 

process, which is governed by the linear difference equation:  

                     (eq. 2.3) 
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Where the   matrix relates the state of the system at time step   to the state at time 

step    ,   matrix relates the control input   to the state  , and    is the process 

noise defined by its covariance matrix   (13). 

With a measurement   given by:   

                (eq. 2.4) 

Where   matrix relates the state   to the measurement   and    is the measurement 

noise defined by its covariance matrix   (13). 

The DKF can be explained as a feedback control system, where the filter estimates the 

process state at a certain time point, then obtain a noisy feedback from the 

measurement. The mathematical equations of Kalman can be viewed as a two-step 

process; prediction and update.  The prediction step produces estimates of the current 

state and error covariance, in order to obtain earlier estimates for the next step in time. 

The update step is the feedback, where the measurement uses the earlier estimates to 

produce improved new estimates in order to be used in the prediction step again, and 

so on (12, 13). Welch and Bishop (13) refer to these two steps as time update (predict) 

and measurement update (correct). Figure 2.8 shows a simple representation of the 

Kalman filter feedback system. 

 

Figure 2. 8: The recursive DKF cycle representing the two steps prediction (time update) and update 

(measurement update)8.  

Kalman equations 2.5 and 2.6 are used to predict the estimates, whereas equations 2.7, 

2.8 and 2.9 are used to update the measurements 

     
                (eq. 2.5) 

    
        

         (eq. 2.6) 

                                                        

8 Taken from (13) 
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Where    is the estimated state and   is the error of estimation, whereas     and   have 

been explained in equation 2.3 and   is the error due to process (13). 

     
   

      
   

     
     (eq. 2.7) 

       
            

      (eq. 2.8) 

             
      (eq. 2.9) 

Where   is the Kalman gain,   is the error from the measurement,   and   have been 

explained in equation 2.4 and   is an identity matrix (13). 

The time update equations predict the estimates of the state      
  and covariance     

  

from time step   to time step    . The measurement update equations start by 

computing the Kalman gain   , then measure the process to obtain   . After that, the 

estimate     is produced by using the measurement according to equation 2.8. Last but 

not least, the error of estimation    is obtained. The process is repeated for every time 

and measurement update, using the output estimates to predict and update the new 

input estimates. This recursive nature of Kalman filter is what distinguishes it as a 

powerful and optimal tool to estimate the process of any linear dynamical system (13). 

Figure 2.9 is taken from Welch and Bishop (13). It explains the process of DKF based on 

figure 2.8 shown above, but with further details including Kalman equations. 

 

Figure 2. 9: Complete diagram of Kalman filter equations in both; time and measurement update steps9.  

                                                        

9 Taken from (13) 
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2.4.2 Discrete Kalman Filter (DKF) for AEP 

The discrete Kalman filter is used for linear dynamical systems, whereas the extended 

Kalman filter has been modified to fit for non-linear dynamical systems. Nevertheless, 

studies (14, 15) have used DKF with modified conditions to filter evoked related 

potentials (ERP) and EP, respectively. Study (14) used a simplified model for Kalman 

equations; on the other hand, study (15) used a complicated model for Kalman filter. 

Nevertheless, both studies indicate that Kalman filter can be used to filter and estimate 

the AEP. The idea is to estimate the error in each EP based on the signal variance, and 

then continuously update this estimate using other EPs.  
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3 

Method 

 

3.1 Data Acquisition 

A universal biosignal acquisition system from Gugar Technologies (gTec) ® has been 

used to record the EEG signal. Figure 3.1 shows the hardware setup of the acquisition 

system. The system consists of (A) gTec® USB biosignal amplifier (USBamp) and data 

acquisition machine, (B) programmable attenuator head- phone buffer (g-PAH), (C) 

multimode trigger conditioner box (g-TRIGbox), (D) headphone, (E) laptop, (F) another 

laptop, and (G) electrodes. The gTec® USBamp is used to amplify the ABR signal; 

whereas, the g-PAH is used to attenuate the stimulus produced by the laptop. The 

system is arranged particularly for the acquisition and recording of the ABR signal (16). 

The system is connected to Matlab® software as a signal processing tool. Figure 3.2 

shows the Matlab® software titled “ABR-Acquisition” which is provided from CDB unit 

in UTM for ABR signal acquisition. 

Four electrodes were used to acquire the ABR signal; two non-inverting electrodes at 

the mastoid of each ear at positions A1 and A2, another inverting electrode (reference) 

at the vertex at position Cz, and the ground electrode at the forehead at position Fpz. 

The positions of the inverting and non-inverting electrodes are not the same as the 

clinically recommended positions. They have been switched in this recording setting; 

however, this will only affect the polarity of the acquired signal. In order to solve that, 

the acquired signal can be inverted before doing any processing.  
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Chirp stimulus is used with duration of 20 ms and stimulus rate of 20 chirps per second. 

Since ABR appears within 10 ms following the stimulus onset, i.e. after 20 ms (stimulus 

duration), the ABR signal of this study will appear between 20 to 30 ms of the time 

window used which is 40 ms. The chirp that is used is an ordinary chirp, not an 

optimized one; therefore, it is expected that earlier ABR waves would not be seen 

clearly and wave V would appear broader than normal as explained in section 2.2.2. 

Figure 3.3 shows the waveform of the chirp stimulus that has been used in this study. It 

is clear from the figure that the chirp duration is 20 ms and it occurs at a rate of 20 

chirps per second. The green lines indicates the beginning and the end of each chirp 

stimulus, these lines can be used to manipulate the duration of the chirp stimulus. 

 

Figure 3. 1: Recording system hardware setup10.  

Figure 3.1 shows the ABR acquisition process. It starts by audio chirp stimulus given 

from one laptop to avoid interruption of the chirp signal with the other laptop used to 

record and process the ABR signal. High frequency headphone shown in figure 3.4 is 

used by subjects to listen to the stimuli. The g-PAH is used to attenuate the stimulus 

intensity. Trigger box is used for framing and windowing the produced signal, based on 

number of stimulus given and the pre-set time frame. The recorded signal is then 

transferred to the USBamp to amplify the signal before it gets recorded by the laptop. 

                                                        

10 Modified from (16) 
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Figure 3. 2: ABR acquisition software using Matlab®11.  

Figure 3.2 shows the Matlab® software “ABR-Acquisition” that is used in connection 

with the hardware system for ABR acquisition. The bandpass filter is set between 100 to 

1500 Hz instead of the clinically recommended when using chirps (30-3000 Hz) to pre-

filter the acquired signal. An artifact threshold of 20 μV is used to reject artifacts that 

are mostly caused by EMG and eyes movements. The ABR signal is sampled at 19.2 KHz 

with 24 bit resolution. The stimulus intensity levels used are 30 to 60 dB NHL with 10 

dB increment. The signal is recorded using ~2000 sweeps for each intensity level and 

then saved using Matlab® software “ABR-Acquisition”.  

                                                        

11 Courtesy of CDB unit in UTM 
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Figure 3. 3: Chirp stimulus waveform used in data acquisition. 

 

Figure 3. 4: High frequency headphone used by subjects to listen to stimuli12.  

Even though both electrodes were connected to both mastoids to acquire the ABR 

signal, the chirp stimulus was only run through one ear, the right ear. Nevertheless, the 

data was recorded for both ears. This study uses the signal recorded from the right ear 

                                                        

12 Available from: http://sonici.com.au/category/diagnostic-equipment/transducers/headphones-

transducers/ 
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(the stimulated one) for the analysis and filtering of ABR; however, results from the left 

ear will also be shown to evaluate the reliability of the method. The ABR from the 

unstimulated ear is supposed to  have a very small shift in latency compared to the ABR 

from the stimulated ear. That is because the auditory nerve will be excited regardless of 

which ear the stimulus is applied. The latency shift is happening due to the time delay of 

the stimulus crossing over the head from one ear to the other.  

3.2 Data Used 

The data used for evaluation of the method of this study is provided from CDB unit in 

UTM. The data has been recorded in a quiet room in CDB unit. The subjects were asked 

to close their eyes without any eye movement, have a regular breathing pattern and try 

to be in a state of deep relaxation. This is to avoid noise coming from EMG, eye 

movements and increase activity of the brain (EEG noise). 

The number of sweeps is approximately 2000 in each data used; however, the number 

of sweeps that is used in the filtering of ABR in this study is 400 sweeps; nevertheless, 

results will be shown for more sweeps in order to validate the results of the study. 

3.3 Coding 

Matlab® R2011a is used for signal processing of the data acquired. Before starting any 

processing, the data acquired must be inverted; otherwise, wave V polarity will be 

pointing downward. That is because of the switching between inverting and non-

inverting electrodes positions that has been explained in section 3.1.  

Figure 3.5 shows the procedure of ABR acquisition along with the filtering processes. 

The algorithm starts at DWT decomposition where the sweeps are decomposed to level 

3. Then, the low frequency components coefficients cA3 (shown in figure 3.6) of each 

sweep are filtered by Kalman filter, sweep by sweep until all the sweeps are filtered. In 

the last step, the filtered sweeps by Kalman are reconstructed using DWT 

reconstruction  
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Figure 3. 5: Procedure of ABR signal acquisition and filtering. 

3.3.1 Kalman Filter 

A simple Kalman filter algorithm proposed in (14) is used to code for the Kalman filter. 

The original Kalman equations that have been explained in section 2.4.1 have been 

reduced by assuming that background noise (EEG) is Gaussian uncorrelated noise. 

Another assumption is that the changes happening from one trial to the next trial 

(sweep to sweep) are not taken into account (14). The Kalman filter has been reduced 

to: 

Time update equations: 

     
             (eq. 3.1) 

    
        

         (eq. 3.2) 

Where   is considered as an identity matrix to further simplify the model. 

Measurements update equations: 

     
   

      
   

     
     (eq. 3.3) 

       
            

          (eq. 3.4) 

             
      (eq. 3.5) 

Where      ,           ,     diagonal matrix and    is the acquired ABR data.  

Recording ABR signal sweeps 

Artifact removal 

Bandpass filter 

Segmentation 

DWT decomposition 

Kalman filter 

DWT reconstruction 

Filtered ABR signal 
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3.3.2 Wavelet Transform 

Wavelet transform is used to decrease the number of samples that are used when 

applying Kalman filter. The ABR signal is decomposed into high frequency details and 

low frequency approximations. DWT bi-orthogonal 5.5 level 3 decomposition is used in 

this study in order to decrease the time as much as possible. After 3 levels of 

decomposition, the approximation 3 coefficients are taken as    components. The 

approximation is taken instead of the detail because ABR waves occur with ~1 to 2 ms 

inter-latency, which means they have frequencies of (500-1000Hz). Thus, the low 

frequency components of the signal are the ones we are interested in, which are the 

approximations not the details. After applying the Kalman filter using the 

approximation coefficients, the signal is reconstructed again from the approximation 

that has been filtered by Kalman, and from the other details by zeroing them.  

Figure 3.6 shows the decomposition of wavelet transform of level 3. X is the signal, cA1, 

cA2 and cA3 are the approximation coefficients (low frequency components), cD1, cD2 

and cD3 are the detail coefficients (high frequency components), C is all coefficients and 

L is twice the length of the signal.  

 

Figure 3. 6: Level 3 wavelet transform decomposition13. 

 

                                                        

13 Available from: http://www.mathworks.com/help/wavelet/ref/wavedec.html 
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4 

Results & Discussion 

 

The results are divided into six sections; in which, wave V is always indicated. All 

sections use 400 sweeps ABR signal, stimulus intensity of 30 dB NHL, wavelet-Kalman 

filter with level-3 wavelet decomposition and 1 subject data from the stimulated ear, 

unless mentioned otherwise in the description of the section. The computation time is 

obtained using profile viewer in Matlab®. 

 Section 1 presents the results of ABR signal filtering  using Kalman filter only, 

and using wavelet-Kalman together. The ABR morphology and computation time 

are compared for both results. This is to evaluate the usage of wavelet-Kalman 

filter. 

 Section 2 presents the result of ABR signal filtering  with decomposition levels 

of 1, 2, 3, 4 and 5 to compare the computation time and morphology of the ABR 

with different wavelet decomposition levels. The main point is to evaluate the 

usage of different decomposition levels.  

 Section 3 presents the result of 2 subjects using different stimulus intensity 

levels (60-30 dB NHL) with 10 dB NHL decrement step. The point is to evaluate 

the reliability of the method in detecting wave V with low and high stimulus and 

check the wave V latency when low intensity stimulus is used.  

 Section 4 presents the results of 2 subjects using the data from stimulated and 

un-stimulated ears to compare the morphology and latency of wave V. This is to 

evaluate the method reliability in detecting very small changes with wave V. 
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 Section 5 presents the results of 2 subjects using different number of sweeps, 

i.e. 400, 1000, 1500, 2000 sweeps. That is to evaluate the morphology of ABR 

using more sweeps. 

 Section 6 presents the results of 7 subjects. That is to evaluate the method 

reliability using different data sets.  

Wave V detection relied on two principles; 1- The latency which is between 5 to 8 ms 

following the stimulus onset, depending on the stimulus intensity. 2- The steep 

happening after wave V. The point of Wave V is mentioned in all figures, this point is 

detected manually based on ABR literature.  

The mean of the filtered ABR sweeps is the result shown in all sections in order to 

concentrate on wave V detection. The reason is that ABR amplitudes are very small - 

less than 0.1 μV in this study, and it is literally buried in noise, so if the ABR signal is 

plotted accompanied with noise and other filtered sweeps without enlargement, the 

results are not clear. However, figure 4.1 shows the results of subject 1 accompanied 

with original sweeps’ noise and filtered sweeps for the purpose of presenting the results 

as a whole without modifications. 

It is essential to know that ABR signal happens within ~10 ms after the stimulus onset. 

The stimulation period of the stimulus used is 20 ms; which means, ABR signal would 

occur after 20 ms of the time axis shown in the presented results. The stimulus intensity 

that is used in all results sections except section 3 is 30 dB NHL, which signify a latency 

of ~2 to 3 ms compared to high level stimulus intensity. The indicated point in all 

results represent wave V of the ABR signal. 30 dB NHL is used to show the method 

strength in detecting ABR signal morphology even with low stimulus intensity. 

(a) 
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(b) 

(c) 
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(d) 

Figure 4. 1: The original sweeps are plotted in green, the wavelet-Kalman filtered sweeps are plotted in 

red, and the mean of all filtered sweeps is plotted in black with indication of wave V. (a), (b), (c) and (d) 

are the original plot, x1 enlargement, x2 enlargement, and x3 enlargement, respectively. 

Wave V is shown at point 27.81 ms in time axis with 0.02459 μV amplitude. The 

morphology of the signal from 20 ms until 30 ms shows an ABR waveform with 

expected issues arising from the use of an ordinary chirp stimulus as explained in 

section 2.2.2, where early waves of ABR are not clearly seen and wave V is broader than 

normal. This pattern is observed in all ABR data acquired.  
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4.1 Section 1 

Subject 1 data is tested in this section with Kalman filter algorithm and wavelet-Kalman 

filter algorithm.  

(a) 

(b) 

Figure 4. 2: The mean of filtered sweeps using Kalman (a) and wavelet-Kalman (b). 

Filtering  type Computation time 

Kalman 24 sec 

Wavelet-Kalman 12 sec 

Table 4. 1: Computation time for Kalman and Wavelet-Kalman. 



 

28    

Figure 4.2 (a) shows Kalman filtering , whereas (b) shows wavelet-Kalman filtering . 

From visual inspection, it is observed that wavelet-Kalman produces a slightly smoother 

morphology and partially suppresses noise. Wavelet-Kalman produces the signal in half 

the computation time of the Kalman filter as shown in table 4.1, this is due to the less 

number of samples that are used for Kalman filter in wavelet-Kalman algorithm. On the 

other hand, Kalman filtered signal has higher amplitude, almost 2.5 times the amplitude 

of the wavelet-Kalman signal. This is because of the low frequency components that are 

used as the input measurements in wavelet-Kalman, whereas in Kalman, all frequency 

components are used.  

Wave V is detected in Kalman filter with 0.1 ms earlier compared to wavelet-Kalman. 

This could be a result of the DWT reconstruction algorithm. At the end of figure 4.2 (b), 

there is a peak that happened at approximately 39 ms. This peak is happening as a 

result of the reconstruction of the signal after modifying of the wavelet coefficients in 

Kalman filter. This type of reconstruction is not usual in DWT and there is no function in 

Matlab® to reconstruct the signal from modified coefficients using DWT, whereas there 

are functions in Matlab® used for reconstructing the signal of modified coefficients 

using continuous wavelet transform (CWT); therefore, flaws such as wave V latency and 

the late peak of wavelet-Kalman algorithm are expected. 

From this section, it is observed that the advantage of using wavelet with Kalman for 

filtering  of this type of signal is time efficiency and slightly smoother morphology.  
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4.2 Section 2 

Subject 1 data is tested in this section with wavelet-Kalman filter algorithm while 

changing the wavelet decomposition levels from 1 to 5. 

(a) 

(b) 
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(c) 

(d) 
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(e) 

Figure 4. 3: The mean of filtered sweeps with wavelet decomposition levels 1-5. (a), (b), (c), (d) and (e) 

correspond to wavelet decomposition levels 1, 2, 3, 4 and 5, respectively. 

Wavelet decomposition 

level 
Computation time 

Wave V time 

point 
Wave V amplitude 

1 19 sec 27.55 ms 0.0419 μV 

2 15 sec 27.71 ms 0.03066 μV 

3 12 sec 27.81 ms 0.02459 μV 

4 11 sec 27.97 ms 0.0205 μV 

5 11 sec 28.54 ms 0.01896 μV 

Table 4. 2: Computation time and wave V time points and amplitudes with different levels of wavelet 

decomposition. 

Figure 4.3 shows the ABR signal resulted from the algorithm using different wavelet 

decomposition levels (1-5). Wave V is detected and can be clearly distinguished with 

decomposition levels 1, 2 and 3. When it comes to level 4, the morphology of the ABR is 

not so clear, whereas in level 5, the morphology of ABR cannot be distinguished. A 

recognized pattern of wave V is the latency it has when lower decomposition levels are 

used. A latency of ~0.2 to ~0.5 ms is observed with each lower level of decomposition 

as shown in table 4.2. Another pattern is the lower amplitude of wave V with each lower 

level of decomposition.  

Level 1 wavelet decomposes the signal into two parts; one with high frequency, the 

other with low frequency. As explained in section 3.3.2, the resulted signal is produced 

using the low frequency components. The number of low frequency components in level 

1 is higher than those in level 2, and those in level 2 are higher than level 3. This means 

that less frequency components are used in Kalman filtering  with each lower level of 



 

32    

decomposition; therefore, the amplitude of the ABR signal decreases as a result of less 

frequency components used with every decomposition level.  

The computation time for the algorithm with different decomposition levels is shown in 

table 4.2, where level 1 has the longest time and highest wave V amplitude among all 

levels. That is expected because the number of samples is higher than other levels, 

which mean more frequency components are used. It is observable that with lower 

decomposition levels, wave V amplitude decreases and less computation time is 

required. This is valid until level 4, where the algorithm afterwards takes a constant 

time to produce the results regardless of the less samples used, but wave V amplitude 

still decreases. 

Based on these results, wavelet decomposition level 3 was chosen, since it has a faster 

computation time and it has the capacity to retain the ABR signal morphology.  
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4.3 Section 3 

This section presents the results of subjects 2 and 3 with different intensity stimulus 

(60-30 dB NHL) with 10 dB NHL decrement level. This section tests the algorithm 

reliability against the expected latency of wave V that occurs as a result of decreasing 

the stimulus intensity.  

Subject 2 

(a) 

(b) 
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(c) 

(d) 

Figure 4. 4: The mean of filtered sweeps with different stimulus intensity levels for subject 2. (a), (b), (c) 

and (d) correspond to stimulus intensity of 60, 50, 40 and 30 dB NHL, respectively. 

Stimulus Intensity level Wave V time point 

60 dB NHL 25.05 ms 

50 dB NHL 25.52 ms 

40 dB NHL 27.29 ms 

30 dB NHL 28.28 ms 

Table 4. 3: Stimulus intensity levels with their wave V time points for subject 2.  
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Subject 3 

(a) 

(b) 
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(c) 

(d) 

Figure 4. 5: The mean of filtered sweeps with different stimulus intensity levels for subject 3. (a), (b), (c) 

and (d) correspond to stimulus intensity of 60, 50, 40 and 30 dB NHL, respectively. 

Stimulus Intensity level Wave V time point 

60 25.94 ms 

50 26.67 ms 

40 27.86 ms 

30 28.33 ms 

Table 4. 4: Stimulus intensity levels with their wave V time points for subject 3. 
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Both figures 4.4 and 4.5 and tables 4.3 and 4.4 show results of the filtered ABR signal of 

2 subjects using intensity levels of (60-30) dB NHL with 10 dB NHL decrement. As 

expected, there is a latency shift of (~0.5-1) ms of wave V with each 10 dB NHL 

decrement. The results show the reliability of the method, even with small number of 

sweeps as 400 in detecting small changes in the morphology, where these changes are 

expected to happen based on ABR literatures presented in section 2.2.1.  

The appearance of the high amplitude peak after wave V shown in figure 4.5 (a) is 

happening due to the high stimulus intensity. This pattern is observed in other results 

produced with 60 dB NHL. It could be a stimulus artefact because the headphone with 

high intensity stimulus radiates electrical energy that could be picked up by the 

recording electrodes. 
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4.4 Section 4 

Data acquired from both ears of subjects 2 and 3 are used in this section. The stimulated 

right ear is the one receiving the stimulus through headphone. The un-stimulated left 

ear is the one that is not receiving any stimulus from headphone; yet, an electrode has 

been attached to acquire the data. It is expected that the un-stimulated ear would have a 

latency shift compared to the stimulated one.  

Subject 2 

(a) 

(b) 

Figure 4. 6: The mean of filtered sweeps from the stimulated right ear (a) and the un-stimulated left ear 

(b) for subject 2. 
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Subject 3 

(a) 

(b) 

Figure 4. 7: The mean of filtered sweeps from the stimulated right ear (a) and the un-stimulated left ear 

(b) for subject 3. 

 Stimulated ear (right) wave V 

time point 

Un-stimulated ear (left) wave V 

time point 

Subject 2 27.71 ms 28.28 ms 

Subject 3 28.33 ms 29.43 ms 

Table 4. 5: Wave V time points for subjects 2 and 3 for both stimulated and un-stimulated ears. 
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Both figures 4.6 and 4.7 and table 4.5 show the results of subjects 2 and 3, respectively. 

The expected latency happening as a result of the left ear not being stimulated is shown 

in (b) part of both figures. A latency of (~0.5-1) ms appears in wave V. The reason for 

this latency is the time delay resulted from the stimulus crossing over the head from the 

stimulated ear to the un-stimulated ear as explained in section 3.1.   
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4.5 Section 5 

The algorithm in this section is tested with increased number of sweeps to check the 

changes that might occur to the ABR morphology. Data of subjects 2 and 3 are used in 

this section. 

Subject 2 

(a) 

(b) 



 

42    

(c) 

(d) 

Figure 4. 8: The mean of filtered sweeps with different number of sweeps for subject 2. (a), (b), (c) and (d) 

correspond to 400, 1000, 1500, 2000 sweeps, respectively.  

 



 

43 

Subject 3 

(a) 

(b) 
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(c) 

(d) 

Figure 4. 9: The mean of filtered sweeps with different number of sweeps for subject 3. (a), (b), (c) and (d) 

correspond to 400, 1000, 1500, 2000 sweeps, respectively. 

Sweeps number Computation Time 

400 12 sec 

1000 21 sec 

1500 30 sec 

2000 38 sec 

Table 4. 6: Computation time with different number of sweeps for both subjects. 

Figure 4.8 and 4.9 show the results of 2 subjects with increasing number of sweeps. The 

filtering of more sweeps does not improve the morphology, wave V detection time point 
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or amplitude. ABR literatures (3, 4) suggest that once the ABR morphology has been 

acquired, ABR test should stop. In the same sense, since the algorithm is able to produce 

a good ABR morphology with 400 sweeps, further filtering of more sweeps is needless.  

Table 4.6 shows the computation time of the different sweeps used in this section. 

Longer computation time is required with higher number of sweeps. The main scope of 

this study is to produce a readable ABR signal with fewer sweeps in order to decrease 

the time taken of the ABR test. Table 4.6 results show that every 500 sweeps requires 8 

to 9 seconds of filtering using this method.  
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4.6 Section 6 

The results in this section show the filtered ABR signal for 7 different subjects with 

normal hearing to evaluate the method reliability against different data sets. 

(a) 

(b) 
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(c) 

(d) 
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(e) 

(f) 
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(g) 

Figure 4. 10: The mean of filtered sweeps from 7 subjects. (a), (b), (c), (d), (e), (f), and (g) correspond to 

subjects (1-7), respectively.  

Subject Wave V time point Wave V amplitude 

1 27.81 ms 0.02459 μV 

2 27.71 ms 0.02013 μV 

3 28.33 ms 0.02803 μV 

4 26.93 ms 0.02554 μV 

5 27.08 ms 0.04291 μV 

6 27.14 ms 0.02442 μV 

7 26.56 ms 0.03711 μV 

Table 4. 7: Wave V time points and amplitudes for 7 subjects. 

The results of 7 subjects shown in figure 4.10 are used to evaluate the method of using 

wavelet-Kalman filtering  based on data taken from different subjects with normal 

hearing. The produced ABR morphology is similar from one subject to another with 

variations concerning the following peaks of wave V. Wave V retained its morphology 

except in subject 3 where wave V is broader than others.  

Table 4.7 shows wave V point in time axis along with its amplitude. The difference in 

time between the earliest wave V detection and the latest wave V detection is 1.77 ms. 

The difference between the highest and lowest wave V amplitudes is 0.02278. These 

variations are acceptable, given the variation of noise from one subject to another. Eye 

movements, musculoskeletal movements, and brain activity are sources of noise that 

cannot be controlled during acquisition, and they vary from one subject to another. 
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5 

Conclusion 

 

The study’s main purpose is to implement a wavelet-Kalman filter for ABR signal. The 

ABR signal was studied extensively from medical literatures; some concepts of anatomy 

and physiology are presented in order to fully understand the ABR signal 

characteristics. ABR data has been acquired from normal hearing subjects; the method 

of obtaining these data is explained with details related to this study acquisition. 

Wavelet transform is introduced along with reasons for choosing bi-orthogonal DWT to 

study this type of signal. Kalman filter is explained and previous studies using Kalman 

method for biosignal data are mentioned. The modifications applied to the data before 

analysis are presented along with modifications to both wavelet and Kalman. Wavelet 

and Kalman coding is presented and the algorithm method is explained. 

The study’s objective was to introduce a wavelet-Kalman filter in order a produce a 

readable ABR signal by using less number of sweeps. The presented result has shown 

that the objective has been accomplished. Furthermore, the results present other 

criteria to evaluate the method reliability and to test the results in accordance with ABR 

signal characteristics. The results also show the advantage of using Wavelet-Kalman 

filter over the usage of Kalman filter only.  
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6 

Future Work 

 

The algorithm could be used for ABR signal processing in clinical ABR tests. Vivosonic 

Inc., which is a Canadian company focused on introducing clinical solutions, has 

introduced a device called Integrity V500 that uses Kalman algorithm for evaluation of 

AEP. Their algorithm can produce clear ABR signal using few number of sweeps, and in 

harsh conditions like eating and walking with increased amounts of noise; their results 

are astonishing. The Kalman algorithm of this study could be further developed and 

tested against different data sets with increased amounts of noise. Furthermore, this 

study could be used as a basis to produce a commercial device for ABR test. In order to 

do that, the following should be taken into consideration: 

 Design an optimal chirp stimulus based on the going research. Health science 

department in Linköping University is working on designing an optimal chirp 

stimulus. 

  The algorithm should be further refined to produce ABR signal with higher 

amplitudes. 

 More noise sources should be included like eating or reading, and the algorithm 

should be developed to reduce these kinds of noise. 
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