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ABSTRACT

Early detection of hearing difficulties in infants is pivotal to their growth and
development in later stages of life. Cortical Auditory Evoked Potentials (CAEP)
testing is used to determine the hearing thresholds of non-responsive patients
such as infants. In this research thesis a method to wirelessly transmit various
segments of the CAEP test system is devised and a prototype is developed that
will utilise off line processing. The thesis will analyse the effect of the wireless
system on the accuracy of the test due to electromagnetic interference cansed
by the transmission of the signals. The thesis will draw upon comparisons to
current leading systems to aid in the analysis of results. The thesis results show
the CAEP test can be successfully conducted using a wireless system utilizing
off line processing to present the results. The results also show there is a pres-
ence of electromagnetic interference in the recordings however due to the current
processing the interference will only be present in the processed response if two
conditions are met, firstly if the transmission frequency is less than 30Hz and
secondly if the transmission is time locked to the stimulus presentation. Further

research is recommended in the areas of user ability and reliability in the system.
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Chapter 1

Introduction

1.1 Introduction

The discipline of engineering has allowed for the improvement in the quality of life to
people world wide, giving many disadvantaged the ability to live normally within the
community and operate as a successful member of society. In Australia between 0.09%
and 0.12% of children are born with moderate or greater hearing loss in both ears each
year [13], which if undetected and untreated early will impact their speech and language
development, communication and learning [1]. As such it is vital that these cases are
detected at the voung infant stages of a childs development however using conventional
methods of hearing testing the results can be unclear simply through observing their be-
haviour to stimulus sounds due to their young age.

The Cortical Auditory Evoked Potentials (CAEP) test allows audiologists to overcome
this hurdle, the test presents a repeated auditory stimulus signal to the patients ear result-
ing in automatic responses within the patients auditory cortex, a set number of electrodes
attached fo the scalp of the patient record this response using the method of an elec-
troencephalogram (EEG) [18]. The signals are enhanced and analysed to determine the
hearing threshold of the patient. Once the hearing threshold is calculated the appropriate
course of action can be taken whether it is to advise the implementation of a hearing aid
or to adjust a currently used hearing aid.

As technological advancements are made the ability to make systems of this nature more
user friendly is increased through decreasing physical size and incorporating wireless func-
tionality. The purpose of this thesis is to determine whether the advancements of tech-
nology have progressed enough to achieve a wireless CAEP test system.

1.2 Motivations

In todays fast moving world young kids are beginning their education at younger and
vounger ages, from understanding that the CAEP test is able to help voung infants get
the best start to life as early as possible it is obvious as to why this test needs to be further
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developed to allow it to become more accessible and safer to more people worldwide. The
three key advantages to a more user friendly and wireless system are firstly the patient
is isolated from any high power equipment in compliance with the IEC 60601 technical
standards, secondly to reduce power line interference and thirdly to aid the testing of
difficult to test patients. By undertaking this research project it is exciting to think it
may allow people to live more fulfilling and productive lives.

1.3 Synopsis

The project is to be completed with the industry partner National Acoustics Laboratories
(NAL), a research division of Australian Hearing. NAL is the world leader in hearing as-
sessment, hearing loss prevention and hearing rehabilifation, their current hearing assess-
ment technology HEARLab is a wired system capable of performing a variety of hearing
tests including the CAEP test. With help from the team at NAL this project will aim to
prove the concept of creating a wireless CAEP testing system capable of delivering equal
results to that demonstrated by the HEARLab system.

The proof of concept will be undertaken by two ENGG411 students completing their re-
search theses, Thomas Meggitt the author of this thesis and Zhihao Cui with his thesis
"Physiological Signal Acquisition System for Wireless Communication”. The theses al-
though separate will aim to achieve a combined end goal by investigating and undertaking
individual components of the project. Each thesis will be individual however the thesis
project will be made of 30% combined work with the remaining 70% to be individual, the
project has been split the way it has to ensure the research area is thoroughly examined.
Both theses will attempt to determine whether the CAEP test can be successfully con-
ducted with the design and implementation of a wireless system to transmit a stimulus
signal from a PC to the patient and to transmit the recorded signals from the patient to
a PC. The success of the system is based upon whether it is capable of functioning to the
requirements of the test and whether the use of this system will affect the test results. The
combined 30% will be made of the PC software and the test systems firmware to transmit
and receive the signal, once this is achieved the thesis goals will differ such that Zhihao
Cui will investigate the digital signal processing and display of the recording results in
real time. The goal for this section of his thesis is to prove the real time functionality
of previous wired systems can be maintained with the adaptation to a wireless system.
In contrast this thesis will investigate the digital signal processing and display of result
using off line methods that occur after the recording has been performed. The goal of
this section of the thesis is to prove the concept in a simple, fast and effective method
to allow for further investigation into Electromagnetic Interference. This investigation
will attempt to observe the effect of wireless transmission in the form of electromagnetic
radiation caused by the system on the results and thus investigate the concept of wireless
transmission for this festing use in more depth.

Other contributors to the development of the prototype include development Engineer
Barry Clinch and Software Engineer Humphrey Qin in the components of hardware and
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software respectively. All parts of the development of the prototype relating to this thesis
including those undertaken by others have been detailed within this thesis to demonstrate

a thorough understanding of each component.
Figure 1.1 aids to outline the distinction between both theses and how they work concur-

rently to achieve a common end goal.

Harch are
MNAL

Softwaare Firmware
Thomas Meggitt &
Zhihao Cui

g, ug

Offline Digital Signal
Processing
Real Time Digital signal Thomas Meggtt

Processing .I,

Zhihao Cui Electromagnetic

Interference Invastigation
Thomas Meggtt

\/

proof of Concept
Analysis

Figure 1.1: Various CAEP responses differing by age [3]

1.4 Thesis Goals

This section will outline the project goals that have been developed to determine the
success of the research thesis. The goals have been split into two main categories, that
off the prototype development and the electromagnetic interference investigation.

Prototype Development Goals

1. To successtully use a microcontroller to transmit physiological signals without dis-
turbances from hardware

2. To successfully use a microcontroller to receive and present a stimulus signal to a
patient
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3. To identify a Wi-Fi protocol capable of transmitting signals for a reliable CAEP
test

4. To develop digital signal processing to successfully display the result of the test
offline

Electromagnetic Interference Goals

1. To identify if or if not electromagnetic interference is present within the recordings
of a CAEP test using a wireless system.

2. To determine that the source of the interference is the test system and determine
any characteristics of the interference

3. To determine if the interference is present in the final result of a CAEP test and to
determine which/what processing is/could be performed to remove the interference
from the final result.

1.5 Thesis Overview

This section will give a brief overview of the layout of the thesis and the content within
each chapter of the thesis.

Chapter 2: Literature review
This section of the thesis will outline and analyse other relevant research material, through
the researched performed this section will outline the technical requirements of the CAEP
test in terms of the various electrical signals that are evoked, recorded, enhanced and
displayved in order to adapt the wired CAEP test into a wireless version. [t is essential
to understand why the test is performed how it is so the system can successfully perform
the requirements of the test.

Chapter 3: Prototype development
In this Chapter all aspects of the design and development of the prototype system will be
outline in terms of all components within the system and who were the main contributors
to each component.

Chapter 4: Experimental Procedure
Chapter 4 provides a detailed explanation of the test performed to determine the success or
failure of the prototype system developed. This chapter also details the testing performed
to detect the presence of electromagnetic interference.

Chapter 5: Results and Discussions
The processed responses of each experiment will be given in this section, the chapter will
give a description of what can be seen within each of the results. After the results of each
section the discussion of them will be conducted this will tie together the results of each
section to provide a clear overview of what is achieved.

Chapter 6: Conclusions and Summaries
This section draws conclusion from the results and discussion present previously. It also
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allows a summary of the project to critically analyse the thesis and include the results
found by Zhihao Cui.

Chapter 7: Future Work
This section will outline future work that may be conducted in this area to further the
research performed.

Chapter 8: Abbreviations
All abbreviations used within the thesis will be stated here for reference.

1.6 Project Plan

1.6.1 Scope

The scope of the project is derived from the goals stated in Section 1.4. As a team the
project stages will include the development of a wireless system prototype to operate in
real time and off line, once complete both versions of the system will be tested. For
my contributions to the project there are three main stages firstly software and firmware
design and implementation in conjunction with Zhihao for the development of the pro-
totype, secondly off line digital signal processing and thirdly electromagnetic interference
investigation.

1.6.2 Timing Budget

To ensure the quality of work throughout the entire project a timing schedule was created
so each task was allowed adequate and fair time. The Gant chart shown in Figure 1.2
was followed closely for most tasks however testing of the system and Electromagnetic
Interference (EI) proved to be more time consuming than expected due to debugging the
system. The project was still finished on time.

1.6.3 Financial Budget

The estimated cost of the project is equal to $83.99, fortunately the software was obtained
for free from Texas Instruments or with a student license dramatically reducing the cost to
just components required. Additionally the equipment obtained is used by both Zhihao
and myself so the cost to each thesis is $41.99, this cost however was covered by the
industry partner NAL thus the student budget of $400 was unused.
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Activity Breakdown
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Background Research
UDP PC Client Software ]
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CC3200 Firmware -.
Digital Signal Processing
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Thesis Paper Write up
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Presentation
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SimpleLink CC3200 Launchpad
SimpleLink CC3200 AudioBoost
Code Composer Studio -
Eclipse
MATLab
Time Locked Averaging
Figure 1.2: Thesis Gant Chart
Resource Description Supplier Costs (%) |
Code Composer Studio Integrated Development Environment | Texas Instruments 0
Eclipse Integrated Development Environment | Eclipse [Online| 0
MATLab Software Environment MathWorks 0
Router LAN Server DickSmith 20.00
CC3200 Module Launchpad Microcontroller Texas Instruments 34.99
CC3200 Aundio BoosterPack Amplifier and CODEC Texas Instruments 29.00
EEG Test Equipment EEG test analogue signals NAL 0
Pre amplification Board Amplifying IC NAL 0
Total - - 83.99

Table 1.1: Financial Budget.




Chapter 2

Background and Related Work

2.1 Cortical Auditory Evoked Potentials Testing

2.1.1 Background Theory

The Cortical Auditory Evoked Potentials test or CAEP test is used to observe the brains
involuntary response to an auditorily evoked stimulus allowing audiologists to reliably
estimate the hearing threshold of patients unable to provide behavioural feedback. An
auditory stimuli is presented to the patients ear creating a neural response within the
cochlear which travels through the anditory brainstem to the auditory cortex [20].

Due to the weakness of the target signal within the brains ongoing activities, enhancements
are required to the observed potential to determine if a response has been triggered, these
enhancements include filtering, amplification and averaging, and will be covered later on.
Once enhanced the morphology of the response will give a P1-N1-P2 complex, shown
in Figure 2.1 [3], that is highly variable depending on the age of the patient. An adult
response will give a clear P1 at 50-70ms after the stimulus is evoked, N1 at 100-120ms
and P2 at 170-190ms whereas an infant response is characterized by a large P1 followed
with a broad N1 between 200-250ms.

The CAEP test is preferred over other similar tests such as the Auditory Steady State
Response (ASSR) and Auditory Brainstem Response (ABR) firstly as the stimuli can be
generated to be associated with speech recognition and detection and secondly as it allows
for an assessment on the entire anditory network up to the cortex [18].

2.1.2 Stimuli

There are various types of stimuli tones used to evoke the potentials within the auditory
cortex, [8] uses stimuli aimed at imitating common speech sounds: /m/, /g/ and [t/ with
a duration of 30, 21 and 30 ms respectively centred around three frequencies of 250Hz,
1250HZ and 3250Hz and sampled at a rate of 44.1kHz. Due to an averaging processes
required to be detailed in Section 2.1.4 the stimulus is to be repeated multiple times to

i
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Figure 2.1: Varions CAEP responses differing by age [3]

a patient, in some cases up to 900 repetitions in one assessment sitting. In these cases
the stimulus sound is changed each time it is evoked to present a different tone from the
previous, this is to keep the cortex engaged in the assessment. Each stimulus tone usually
consists of a simple Sine waveform starting with a gradual increase in amplitude or a
ramp’.

Figure 2.2 [20] shows the latency and amplitude of early, middle and late latency responses
caused by three different auditorily evoked potentials tests, CAEP is considered a late
latency response as the response to be measured is triggered in or near the auditory cortex
requiring a lengthy period of 50ms-500ms to be completely observed after the onset of
the stimulus [20]. During testing the inter stimulus time is required to be higher than
the latency period to allow for the response to be observed uninterrupted, for CAEP
testing [8] use a inter stimulus time of between one and two seconds and can be repeated
up 120 times per test sequence depending on the guality of the measurements taken [2].

The test program will regulate the sound level of the stimulus being presented to the
patient. The sound level in decibels will start at a selected point and gradually decrease
by set amounts when an evoked potential has been identified by the program indicating
the patient is capable of hearing the stimulus at its current level [2].
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Figure 2.2: Auditory EPs plotted using logarithmic axiss [20].

2.1.3 Response Recording

The response to the stimulus is processed and hence measured in or near the auditory
cortex through the method of an Electroencephalogram or EEG. The EEG uses a mini-
mum of three electrodes, one on the forehead as the ground, one on the top of the scalp as
the active and one on the mastoid (behind the ears) as the reference. This is considered
single channel measuring as only the response to one aunditory cortex it observed [2]. The
EEG works by observing the voltage potentials at the active and reference electrodes and
determining the potential difference between these two points. Prior to CAEP festing
impedance testing is required to asses the impedance between the electrode and the sub-
cutaneous tissue. The test is conducted by applying a small current across the electrodes,
a result of less than 10k is recommended [20].

2.1.4 Response Processing

To prepare the acquired signals for analysis several phases of amplification and filtering
are required. This is done both by hardware immediately after the analogue signal is
captured by the electrodes, and by software after the signals have been digitalised [4].

As shown in Figure 2.2 [20] anditory evoked potential responses are in the magnitude
of a few nanovolts to microvolts dependant on the latency of the response, with CAEP
responses typically between 1-5uV [20]. Firstly the signals must be amplified to a factor of
between 1000 and 1.000,000 in order to be evaluated by digital processing. Secondly the
signals are filtered to attenuate obscuring electrical activity within the signals, [20] states
most activity within late latency responses occur within 5Hz and thus filtering should ex-
clude signals on either side of this, parameters of 0.15Hz and 15Hz are suggested. Thirdly
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an analogue to digital conversion is performed to allow analysis by the computer, con-
sideration is given to the rate of the conversion to ensure the frequencies present are
reproduced in the recorded response and also the amplitude resolution expressed in bits.
Paper [7] proposes a method to observe the hearing threshold of adults through CAEP
testing. An amplification factor of 1210 is used once the signal is captured by the elec-
trodes. This amplification is created by three amplifiers, two of 1:10 and one of 1:9 prior
to being high-pass filtered at 0.16Hz with an analogue first order filter. A digital signal
is acquired from the analogue at a 16kHz sample rate and 16 bit Pulse-Code Modulation
(PCM) to then be down sampled to 1kHz which is low pass filtered online at 30Hz with
an order of 128 and a zero time delay. The signal enhancement performed in this thesis
correlate closely with that suggested in [20] with only a slight difference in the low pass
filter size.

Due to the stimulus being evoked on a one to two second time cycle the continuous re-
sponse signal will contain 500ms of desired response and upto 1500ms of undesired noise.
Therefore to allow for further processing and to be efficient segments of the signal are
cut into epochs containing the section of 200ms prior to stimulus onset and 600ms post
stimmlus onset [7).

Each epoch is subjected to baseline correction and artefact rejection. Baseline correction
adjusts the reference point of each response epoch based on its value at 100ms prior to
stimulus onset. Artefact rejection omits response epochs that record values of over 150uV
at any point during the epoch suggesting an excessive noise event occurred during this
time, possibly caused by eye movement [7].

2.1.5 Noise Reduction

Each epoch gathered contains both the desired CAEP response in the magnitude of 1-5
uV and random undesired noise from background activity within the brain to the mag-
nitude of 10-30uV [3]. In order to successfully observe the CAEP responses an averaging
process is used to decrease random signals whilst un-altering constant signals. Due to the
differing range in background noise in patients a fixed number of epochs to be averaged
cannot be given to gnarantee an acceptable quality or signal to noise ratio, SNR [10].

[3] States that the rate at which noise diminishes through averaging is not linear but
equal to 1/SQRT(N) where N is equal to the number of epochs averaged. [10] suggests
this presumes three conditions: the CAEP response is deterministic, the background noise
is stationary and the CAEP and background noise are independent of one another. [10]
found that the success of this method is only the mean trend and that continued averaging
can result in deterioration of the response signal without obvious changes in noise. This is
especially apparent with background noise containing low frequency components. Figure
2.3 [3] demonstrates the relationship between noise and the number of epochs averaged [3].

A study on CAEP testing on 22 infants is presented in [6] and demonstrates the
effectiveness of this method in reducing noise. The paper shows the mean RMS amplitude
of the noise in the waveform, initially 27.6 £ 2.6 uV, drops by the square root of the
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Figure 2.3: Relationship of noise against number of epochs averaged [3].

number of epochs recorded. With 200 epochs the amplitude of the noise is equal to 1.95
+ 0.18uV. Similarly the paper [7] depicts the mean RMS noise amplitude from 1,227
recordings to be 12.1uV as shown in Figure 2.4 [7]. Using the averaging method above
for 120 epochs the noise amplitude was reduced to 1.93uV allowing CAEP responses of
2uV or larger to be observed.

To apply the averaging technique to the response a portion of each epoch is sampled into
9 bins. The start point of the sampled bins and width of the bins are subject to the age of
the patient and thus the shape of the response waveform, [7] uses 9 bins from 51 to 347ms
with a width of 33ms. The averaging technique is then applied to each respective bin of
all collected epochs. This method has the added advantage of allowing for the objective
response detection through the use of Hotellings T2 test [12].

2.1.6 Current Leading Assesment Device

An example of a current CAEP testing system is the HEARLab developed by National
Acoustics Laboratories (NAL), the system is commercially available and is distributed to
many countries around the world. The HEARLab has been developed such to work as a
general assessment utility potentially allowing for a range of assessments to be perform
with the device depending on the software modules. The initial software module allowed
for the assessment of two varieties of testing to be performed such as Aided Cortical
Assessment (ACA), such as CAEP testing, and Cortical Threshold Estimation (CTE).
https:/ /hearlab.nal.gov.an/ The HEARLab system is comprised of two units, the electrode
processor and stimulus controller. The electrode processor has a gain signal gain factor of
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Figure 2.4: Histogram of EEG noise RMS amplitudes of 1,227 available recordings [7].

10 and allows for the physical connection of up to five electrodes each having a separate
gain factor of 121. The stimulus controller as suggested controls the stimulus displayed
to the patient. The system appears to be very simple allowing for an intuitive use for
audiologist, the ability to modify the existing system with software module updates is a
great feature, however it has a large physical size and requires a wired connection to a PC.
https://hearlab.nal.gov.au/ The most recent and advanced software module to be used in
conjunction with the HEARLab system is CATE, or Cortical Automatic Threshold Esti-
mation, as the name suggests this module allows the system to automatically estimate the
cortical threshold of the patient in testing without any input from an audiologist besides
applying the electrodes correctly and pressing the start button. The CATE software can
be used for multiple response test including CAEP and ABR.. The software uses Hotellings
T2 statistical analysis to determine the presence of a CAEP response during a real time
recording allowing the system to commencing festing for the next threshold by lowering
the stimulus level [2].

2.2 Transmission

2.2.1 Transmission Protocols

A transport protocol is required to provide the ability to interact from a source to a
destination without a wired connection. Transmission Control Protocol (TCP) and User
Datagram Protocol (UDP) are two such transport protocols that are widely used for mul-
timedia transfer. [22] compares the performance characteristics of three main transport
protocols TCP, UDP and TCP Friendly Rate Control (TFRC) through multimedia trans-
fer to identify their limitations. Separate simulations are conducted for each protocol in
a static wireless network consisting of two source nodes, five bottleneck nodes and two
destination nodes. Both TCP protocols have a packet sized fixed at 1000 bytes with the
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UDP packet size fixed at 210 bytes. The paper finds UDP is capable of sending data at a
constant rate regardless of the congestion within the network, however UDP suffers from
a high number of packets dropped. TCP reacts to a high congestion by lowering the data
transfer rate in comparison to UDP but manages to drop far fewer packets [22]. From
the results it can be concluded that UDP is useful when a constant data rate is more
important over a low packet drop rate, this will be the case for CAEP testing.

2.2.2 Client/Server Relationship

The client server relationship is used fo deseribe the transfer and display of information
from a source to a display application used by the user. The client starts a connection
with the server over a local area network (LAN) or wide area network (WAN) and re-
quests a service or resource from the server, once the server fore-fills the clients request
by transferring the desired information the connection is terminated [23].

In the Java programming language the client server relationship is established through the
use of sockets, one end point of a two way communication channel between two system on
a network. The client will attempt to rendezvous with the server at the servers specified
IP address and port number, upon a successful connection the server will create a new
port to continue the communication so it can continue listening for further connection
requests [28].

The information sent using the UDP protocol is sent as a package of data called a data-
oram, a self-contained, independent message which follows the characteristies of the UDP
protocol in that its delivery is not always guaranfeed. To implement this in Java firstly
a socket is created in the client to create a place to send the datagrams from, secondly
datagrams a created from the desired information stream and thirdly the datagrams are
sent to the socket and thus sent to the selected server. The following code sends packets
of information of the file one-liners.txt from the client port 4445 to the server IP address
"127.0.0.1” and port number 9999 [29].

socket = new DatagramSocket (4445);

try {
in = new BufferedReader(new FileReader("one-liners.txt"));
packet = new DatagramPacket(buf, buf.length, 127.0.0.1, 9999);
socket .send(packet) ;
}
catch (FileNotFoundException e){
System.err.println("Couldn’t open quote file. Serving time instead.");
}
}

The server side is very similar to the client, it will open a socket and write received data
into a datagram packet which can then be used to write to a media stream or array for
further use [29].




14 Chapter 2. Background and Related Work

socket = new DatagramSocket (9999);
try {
packet = new DatagramPacket(buf, buf.length);
socket.receive(packet);
String received = new String(packet.getData(), 0, packet.getLength());
System.out.println("Quote of the Moment: " + received);
}
catch (FileNotFoundException e){
System.err.println("Couldn’t open quote file.");
5

2.2.3 Audio Playback

Reading a file from a source location onto a program requires several steps and interfaces
within Java. The audioIlnputStream class allows the program to obtain an external audio
file and specify the audio format and length of that file. The file can then be easily
accessed by other Java classes once contained within the stream.

The interface of dataline can be used to implement media functionality such as audio
within a program by drawing information from the audiolnputStream. The dataLine
interface includes methods such as start, stop, drain and flush to control the data within
the line. There are two types of data lines, the targetDataline to allow a program to
read data from a dataline and a sourceDataLine which allow a program to write to a
dataLine [30]. The sourceDataLine can be used to contain a file of data which can be
packaged and sent as a datagram, the code below demonstrates an audio file being read
onto an inputStream which is read onto the sourceDataLine [5].

File audioFile = new File(audioFilePath);

AudioInputStream audioStream = AudioSystem.getAudioInputStream(audioFile);
AudioFormat format = audioStream.getFormat();

DataLine.Info info = new Dataline.Info(SourceDataline.class, format);
SourceDataline audioline = (SourceDataline) AudioSystem.getLine(info);

The ensure the continuity of playback or display of data as it is received through a
socket and sent to its required method a buffer can be used, the buffer allows data to be
stored to a temporary memory before it is read back out again only when enough data has
been accumulated to ensure continnous playback [26]. The buffer can be applied to the
client and server sides to ensure data is sent, received and used at an optimal rate [27].

2.3 Electromagnetic Interference

When performing an auditorv evoked potentials test many potentials can be recorded
by the electrodes that have not been generated by the auditory nervous system, these
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potentials are called artefacts [20]. Artefacts are classified as physiological when they
are generated within the subject or physical when they are generated in the surrounding
environment and also whether they are stimuli related or not.

Performing the CAEP test on Cochlear Implant (CI) patients has been proven to be
problematic due to the electrical artefacts on the scalp created during auditory stimu-
lation interfering with the CAEP identification [11]. Figure 2.5 [11] demonstrates the
CAEP test on two children, one normal hearing and one fitted with a CI. An expected
response is demonstrated for the normal hearing child with a P1 at 100ms post stimmlus
onset and long N2 at 230ms post onset. However as is seen for the child fitted with a
CI a large magnitude pedestal obscures the response from marginally after the onset to
marginally after the offset. [24] observed that the CAEP tests of 12% of CI fitted children
were obscured in the first 100ms after onset, suggesting the obscurity is caused by the
creation of the stimulus within the CI. It was determined this obseurity occwrred for Cls
from all manufactures.

Two methods of minimising this artefact obscurity within the CAEP response are analysed
in [11]. The methods include Independent Component Analysis (ICA) as a pre-processing
filter and using an optimised differential reference. The study tests 5 children with a mean
age of 10.5 who have all been fitted with a CI. The ICA is applied to the contaminated
EEG file to identify multiple components that can be attributed to the implanted de-
vices, these identified unwanted signals are removed from the file and the EEG can be
reprocessed according fo the CAEP test. This method was successful in minimising the
effect of the artefact with at least two components found in all five cases that could be
attributed to the stimulus artefact. The paper suggested for this to be a viable method
a large number of recording electrodes would be required, which is unrealistic, therefore
rendering this an inviable method. The second minimisation method makes use of a ref-
erence electrode to allow the active electrode to be differentially recorded relative to this
reference. This method does manage to minimise the artefact impact however similar to
the first method the impact is minimal.

The effect of Wi-Fi signals on brain operation is demonstrated in [19] paying close
attention to P300 event related potentials component. An EEG was twice performed
on 30 participants within which one of the two tests was performed in the presence
an electromagnetic field created by a Wi-Fi access point operating with a frequency of
2.4GHz. The EEG used 30 electrodes placed on the scalp to observe an occurring potential
related to a stimulus event, each signal was subject to enhancement similar to the CAEP
testing reviewed earlier. The access point was located 1.5m from the participant resulting
in a field strength of 0.49 V/m at the participants head. The study found the amplitudes
of the recorded responses were affected by the presence or absence of the Wi-IFi signals
however it found that the response was different for male and female participants. The
mean amplitudes for males was found to be suppressed from 7 uV to 2 uV when the EMF
was presented, where as for females the mean response was enhanced from 4 uV to § uV
when the EMF was presented. The paper provides no explanation for these findings.
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Figure 2.5: (A) Normal CAEP response from normal hearing patient (B) CAEP
response from Cochlear Implant patient [11].




Chapter 3

Prototype Development

In this Chapter the development of the prototype system will be detailed, it will consist of
the development of each major component of the system and outline how each individual
section will form a whole.

To understand the importance of the prototype we must revisit the goals of this thesis
project:

e To successfully use a microcontroller to transmit physiological signals without dis-
turbances from hardware

e To successfully use a microcontroller to receive and present a stimulus signal to a
patient

e To develop digital signal processing to successfully display the result of the test
offline

To achieve these goals one must obtain data that can successfully prove the operation
of such a system in the desired way, hence the development of a prototype is required.
As mentioned previously in section 1 the development of the prototype will be con-
ducted within a team, the majority of the work will be divided between myself and
fellow ENGG411 student Zhihao Cui, to meet the requirement of 70% individual work it
was decided fo complete several aspects of the prototype development together to make
up the combined 30% as these common components were required in both thesis projects.
In addition to Zhihao the development team will consist of several engineers from NAL
including Development Engineer Barry Clinch and Software Engineer Humphrey Qin.
This chapter will detail the development of all components of the prototyvpe essential to
this thesis project, which will include the work performed by others with each section
outlining the major confributors.

17
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Figure 3.1: Block Diagram of Prototype.

The prototype is to be developed in three distinct stages consisting of the software
and firmware for the PC and CC3200 respectively, the hardware and the digital signal
processing (DSP). A black box diagram can be seen in Figure 3.1 of the prototype setup,
the figure shows each major component of the system including their minimum inputs
and outputs to make the system operational. Research in Section 2.1.3 [2] suggested the
minimum number of electrodes for an EEG to record from are three such that one will be
used to ground the system and two will be used to make a differential recording, therefore
the EEG recording requires a minimum of one channel. We also found due to time locked
averaging a second channel is required to contain the stimulus [3], thus the system will be
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based around the transmission of fwo signal channels, the EEG channel and the Stimulus
channel shown in red and green respectively in Figure 3.1.

The hardware will consist of 4 inputs that being three electrodes to be recorded from
the patients scalp and one stimulus channel from the firmware of the CC3200. The
hardware will then consist of three outputs two of which are made up of the recorded
channels, these will be made up of one recorded EEG signal plus the stimulus channel
routed through the hardware to act as the trigger for the time locked averaging. The
third output for the hardware is the anditory stimulus out to trigger the response within
the patients ear, this will be through a speaker.

The software and firmware for the system will be split again into three sections consisting
of the software client, software server and firmware client /server. The software client will
allow the transmission of two audio signals from the PC to the firmware of the CC3200,
the input of the client will be a WAV file containing the stimulus file to be fransmitted.
The software server will work oppositely to the client and receive two audio signals from
the CC3200 firmware with an output of two audio signals in the form of a single WAV
file. The CC3200 firmware will be the connection between the PC software and the
hardware with three inputs and three outputs. After receiving the digital andio stimulus
signal from the software client the firmware will output a single analogue stimulus signal
to the hardware to be used as required. The firmware will then receive two analogue
signals for recording from the hardware and transmit both of them to the software server.
The communication between the firmware and software will take place on a Local Area
Network, LAN, established by a router.

The Digital signal processing will use only two inputs to provide one output, the two
inputs shall consist of the two signals saved as the single WAV file by the software server.
The two signals being the EEG channel and the time locked stimulus channel shall be
used to perform the DSP. Once completed the DSP will output a single processed epoch
of the recorded channel with a length of 700ms long

3.1 Software/Firmware

The development of the software and firmware will consist of three stages including the PC
client, PC server and the firmware within the hardware. This section is to be completed
by both Zhihao and myself to account for the 30% combined work within the project.
Both PC programmes will be written in Java language on the Integrated Development
Environment Eclipse [9], Java was chosen as it was the langnage Zhiahao and myself have
the most familiarity with. The firmware will be written in C in the IDE Code Composer
Studio (CCS) [16]. This is the language used by most of the example applications created
by Texas Instruments.
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3.1.1 PC Client

The primary objective of the PC software is to act as a client and server to allow for
transmission and receiving of signals. After analysis of the transport protocols it was
found that for this application the UDP would provide the most adequate system due
to its characteristic of transporting data at a constant data rate with its limitation of
occasional data loss being considered acceptable. An example client and server code
using UDP for Java was sourced from [14], the code was capable of transmitting from a
microphone of a PC running the client application to the speakers of a PC running the
server application.

The client application needed to be changed in several ways to allow the desired
functionality, firstly the client needed fo transmit a saved WAV file, secondly the playback
of this file needed to be seamless and thirdly the user needed control to stop and start
the transmission as required.

Opening WAV file

An inputstream was used to open the WAV file in the program and allow the data to be
written to useable arrays such as buffers, along with this a source data line was opened
to also contain the WAV data.

String strFilename = "Lorde.wav";

soundFile = new File(strFilename);

InputStream = AudioSystem.getAudioInputStream(soundFile);

adFormat = InputStream.getFormat();

Dataline.Info datalinelnfo = new Dataline.Info(SourceDataline.class, adFormat);
sourceline = (SourceDataline) AudioSystem.getLine(dataLineInfo);

The sourceDatal.ine was not essential in this application as datagram packets to be
sent would be taken from the inputStream through a buffer however it was found that the
packets were being created and sent without speed regulation such that a sound file of 4
minutes could be sent in less than 7 seconds. As the stimulus file was to be played to the
patient and recorded back through the system for processing a real time feed was essential,
to solve this issue information from the buffer was written to the sourceDataline to allow
the Java class to slow the creation of packets to the correct tempo as it attempted to
play back the audio through the PC speakers however muting is used to stop the actual
playback. Initially thread.sleep() was used to slow the program but this created multiple
pauses and was considered less than satisfactory for an EEG recording.

UDP Transmission Socket

Once the data was written to the inputstream a while loop was used to continuously write
small chunks of data to a buffer array of size 1024*16 bits, each chunk was converted to a
packet containing the [P address and port number of the reciprocal server and send to the
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UDP client socket to be sent. The while loop was controlled by a simple GUI containing
two buttons to start the transmission and stop the transmission.

while (!stopaudioCapture) {
int cnt = InputStream.read(tempBuffer, 0, tempBuffer.length);

if (ent > 0) {

sourceline.write(tempBuffer, 0, cnt);

DatagramPacket sendPacket = new DatagramPacket (tempBuffer,
tempBuffer.length, IPAddress, 5050);
clientSocket.send(sendPacket) ;

byteOutputStream.write(tempBuffer, 0, cnt);
1

Once run in Eclipse the client program provides the user a simple GUI to start and stop
the stimulus transmission.

3.1.2 PC Server

The server is used by the PC to receive and play the audio data transmitted by the
CC3200. The server consists of fwo main components to make up the multiple functions
of the program, firstly a function is used to receive UDP packets via a socket from the
CC3200 client and allow those packets to be read elsewhere, secondly a class is used to
quene the packets received by the socket and thread them to a buffer to be played as
required. NAL Software Engineer Humphrey Qin was a large contributor in the develop-
ment of the server program, Humphrey aided the development with the implementation
of the queuing buffer which is to be detailed below.

UDP Receive Socket

To receive the data the server program uses a while loop to receive datagram packets and
operates continuously with no conditions to pause or stop. Each datagram packet is of
size 40960 bytes, normally the size of the packet being received is critical to the continuous
playback of the andio data as to small a packet and the player will run dry resulting in
multiple stops and too large a packet and the player will be flooded resulting in jumbled
playback, however in this instance each packet received is sent to a queue function outside
of the UDP socket to be stored and playved back when instructed by other functions.

Queue and Play

A Class is used to store the quened datagram packets and playback the andio coneurrently
with the operation of the UDP socket function. The Class opens a sourcedataline which
as mentioned earlier is used to allow the playback of audio data through the PC speakers.
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A buffer class is then used to write the data from the queue to the sourcedataline, the
buffer regulates the rate at which data is transferred from the queune to the sourcedataline
by only allowing the transfer when there is space on the sourcedataline and when there is
information within the quene. This buffer regulation allows for a constant flow with zero
data lost.

Operation

Once the server is complete the program can be run inside eclipse, if there is a signal being
transmitted to the PCs IP address and to the port designated by the server program the
program will begin to receive the data and play it through the PCs audio system. To
save the received data as a WAV file a separate recording program called Audacity was
used, the program allows the user to record and observe any andio being played throngh
a PCs audio system. The use of this method to save the received data was utilised to
ensure reliability of each recording taken, it was often found that recordings failed due to
hardware reasons and as such it was decided to simplify the software to remove as much
potential for error as possible.

3.1.3 Firmware

The primary objective of the microcontroller firmware is to act as a client and server to
allow for signals to be received and transmitted from and to the PC. The microcontroller
must also convert the digital signals to analogue to allow plavback of the received signals
and convert analogue to digital to allow the transmission of the recorded CAEP signals.
Texas Instruments have supplied many sample applications one of which allows for the
Bi-directional audio streaming and playback when used in conjunction with the Module
LaunchPad and Audio BoosterPack package. The application transmits audio sourced
from the built in microphone or the Line IN input from one CC3200 package using the
UDP, a second CC3200 package is used to receive and playback the data via the Line-
Out [15]. The application is especially useful in this application as it transmits two audio
channels in both directions and manages the operation of the CODEC to convert D to A
and visa versa.

Wi-Fi Application Modifications

Several source and header files of the Wi-Fi Andio App were changed to allow the con-
nection to the PC client. The Common header was changed to incorporate the new wifi
settings and the port in Network header was changed so the app could be found by the
client on the PC. The port and IP address to search for the PC server was set to a stan-
dard value, this meant each time the system was to be used the IP address of the PC
being used would need to be changed to match that set.

Small modifications were made to the functionality of the application, firstly the multi-
cast technique allowing the firmware to fransmit to multiple destinations was disabled to




3.2 Pre amplification hardware and interface 23

allow only the unicast technique, this was performed simply in the network and micro-
phone source files. Secondly it was found the stimulus was not presented with enough
power thus the CODEC functionality was modified to increase the output power for this
channel, this modification was performed in the audio codee source file.

Once the Wi-Fi Audio Application was modified a software tool was used to flash the
program onto the CC3200 device. Flashing allows the user to write a program to a
microcontroller such that the program cannot be removed or modified when power is dis-
connected from the device. The software tool used was the CCSUniFlash [17], a program
designed specifically for use with Texas Instrument devices such as the CC3200.

3.2 Pre amplification hardware and interface

The pre amplification hardware and interface was comprised of five main components,
amplifving electrodes, amplification board, CC3200 interface PCB, the CC3200 micro-
controller and mounting structure. The amplifying electrodes and amplification board
were adopted from the existing NAL testing svstem HEARLab, these components were
interfaced to the CC3200 through the use of a specifically designed PCB with the entire
hardware svstem supported by a mounting structure. The mounting structure was con-
structed using bolts to hold the frame fogether with a Perspex cover for protection. A
diagram for the hardware system is given in Figure 3.2.

Headphonk Jadks

Battary Pack

Figure 3.2: Diagram of Hardware.
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3.2.1 Micro-controller Selection

The microcontroller to be used for the wireless receiving and transmission of test signals is
the SimpleLink CC3200 Module Launchpad and Audio BoosterPack developed by Texas
Instruments. The CC3200 was chosen for a number of reasons, firstly it is one of the
only microcontrollers to use the Wi-Fi protocol for wireless transmission at the chip
level. Secondly there are many extra packages to be added to the base unit to allow for
extra capabilities, in this case the Audio BoosterPack is added to allow for a class D
power amplifier, audio codec for D to A and A to D conversion of two channels and two
headphone jacks to serve as inputs and outputs. Thirdly there is a large range of example
material supplied for free by Texas Instruments to aid in the development of projects.
Using the CC3200 microcontroller for the wireless functionality of the system a wireless
local area network is required to achieve communication between the microcontroller and
PC. For this system a wireless router was purchased to provide the network, the router
will provide a wireless server from which the microcontroller and PC can interact with
each other as required. The microcontrollers used are shown in Figure 3.3 to demonstrate
how they connect physically.

Figure 3.3: CC3200 Module Launchpad and Audio BoosterPack.

3.2.2 Electrodes and Pre-Amplification

The pre amplification hardware and interface unit operates in two modes, impedance
testing and acquisition, which is selected using the high and low toggle on the interface
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PCB. low for impedance testing and high for acquisition. The impedance testing mode
allows the user to monitor the level of impedance caused by the electrode to skin and skin
to electrode contact between an operating pair of electrodes. A known voltage is delivered
to the Ground electrode which is observed using the active and reference electrodes, this
observed voltage is used to calculate the impedance within each channel and thus the skin
contact impedance.

Amplifing Electrodes

The electrodes used within the system are considered amplifying as they give amplification
to the signal in the head of the electrode, this design is unique to the NAL HEARLab
system as most electrodes merely receive the signal with no amplification. The active
electrode consists of two 1:10 amplifiers giving a total amplification factor of 121. During
acquisition mode the reference channel is sent back to the active electrode to create a
differential amplification between the two channels. During impedance testing mode the
active electrode uses an attenuator to reduce the signal so to not saturate the analogue
to digital codec with the testing voltage after it has been amplified. A circuit diagram for
the Active electrode can be seen in Appendix C.2

Pre-Amplification Board

The pre-amplification board receives and relays signals from both the electrodes and the
interface PCB. Its primary acts are to amplify the active signal further by a factor of
10 and direct the signals based on the mode the system is operating in. An impedance
testing line connects two main switches, a switch allows or blocks the stimulus signal to
be fed back in the ground electrode and work as the impedance mode. A second switch
allows or blocks the reference channel to feed back into the active electrode and operate
in acquisition mode. The circuit Diagram for the pre-amplification board can be seen in
Appendix C.3

3.2.3 Interface PCB

The interface PCB was designed and constructed by Barry Clinch and allows communica-
tion between the amplification board, the CC3200 and the headphone output lines. The
PCB connects headphone jack J3, headphone jack J4 and pin 10 on the CC3200 Audio-
Boost to the recording signal lines, the stimulus signal line and the mode selection line
respectively. The stimulus signal line uses an amplifier with a gain of 1 to act as a buffer
to ensure the same voltage is held under high load. The PCB interface also connects the
amplification board to the CC3200s power supply, a regulator created by a series of paral-
lel capacitors is used to reduce the noise of the power supply. The speakers outputs of the
AudioBoost, right and left, are connected to two accessible headphone jacks for display
to the patient. The complete system is shown in Figure 3.4 and the circuit diagram for
the Interface PCB can be seen in Appendix C.4.
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Figure 3.4: Completed hardware system.

3.2.4 Hardware Testing

Once the hardware was complete simple tests were performed on the system to confirm its
operation, these tests include transmitting a simple stimuli to the hardware and recording
the output in acquisition mode. For this test the electrodes were connected to a testing
pad which supplied 20 ohms of resistance to the signals to imitate connection to a patient.
Through the tests a series of issues were found which were required to be rectified to allow
for an accurate functionality of the system, these issues were identified and solved by a
team inclnding NAL Engineers Barry Clinch and Teck Loi and also Zhihao Cui and myself.
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Crosstalk

The initial recording of the system with the resistor pad showed a large sine wave pulse
in the EEG recording channel each time the stimulus pulse is triggered, the sine wave
pulse has the same frequency and is time locked with the stimulus pulse so it is believed
this is cross talk between the two recorded lines. Figure 3.6 displays a processed epoch
in which the cross talk can be dramatically seen from 0s to 0.05s, this shows that since it
is a regular time locked occurrence it cannot be removed by the digital signal processing.
Thus several hardware solutions were implemented on the system in an attempt to remove
the issue.

Firstly the two recording lines running from the amplification board through the interface
PCB to the CC3200 were replaced by insulated wires, it was proposed that a voltage was
being induced through the parallel running wires on the interface PCB when a large signal
such as the stimuli pulse was fransmitted. This was shown to have minimal impact on
the cross talk issue.

Secondly it was proposed the single battery pack which drove the entire system through
the CC3200 was driving the stimulus through the system in to the amplification board
and foreing cross talk between the two lines. A second battery pack was added to power
the amplification hoard and the electrodes separately from the CC3200 and the interface
PCB. Again this was shown to have little to no impact on the cross talk effect.

Finally a series of test were performed with which the output from the CC3200 to display
the stimuli to a patient was modified in several ways. Initially the system used a non-
amplified speaker connected to an amplified output of the CC3200, it was discovered that
by detaching the speaker from the cables connected to the output the cross talk was
significantly reduced as shown in Figure 3.7.

Furthermore by removing the cable connected to the output the cross talk was eliminated
completely. Consulting the CC3200 schematic it was discovered a class D amplifier was
used to amplify the signal, it is believed the switching stage of the Class-D amplifier was
causing capacitive coupling and allowing the stimulus to enter the recorded signal. To
ensure complete functionality of the system an amplified speaker was connected to the
non-amplified headphone output of the CC3200 which did not use a Class-D amplifier so
a stimuli could be presented to the patient without the cross falk. This system produced
zero cross talk when used with the resistor pad as an artificial patient.
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50 Hz Hum

With the cross talk issues solved it was now possible to complete a recording on a person
and potentially see an expected result. A test was performed on myself using the test
setup to be outlined in section 4.2.1. The results of the recording show a large sinewave
with a frequency of 50Hz through the EEG recorded channel as shown in Figure 3.8, the
sine wave has an amplitude of 6 times that of anticipated minimal noise.

Modifying the test setup shows this hum is removed by either using a resistor pad instead
of a human patient or by removing the amplified speaker connected to mains power,
demonstrating this hum was caused by the mains power seeping back through the system
into the recording channel from the amplified speaker, this was only visible when a human
patient was used with the skin to electrode contact provided far higher resistance than
the resistor pad allowing the feedback for the electrodes to carry the signal. To address
the issue the svstem was changed such that the stimulus would be delivered via a battery
powered amplified speaker, this remove the 50Hz AC signal from the mains by using a
constant DC from the battery.
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Low Frequency Blocking

Re-testing the system on a human patient after the removal of the 50Hz hum and using
the MATLab DSP analysis on the recorded results it was found that no CAEP response
could be observed whereas other characteristics of the signal such as noise and artifacts
could be observed clearly. It was deduced the low frequency range waves of the CAEP
response, 1Hz to 10Hz, were being filtered by two DC blocking capacitors at the input line
of the CC3200. Shorting these out allowed the response to be recorded unfiltered however
allowed a DC voltage to bias the recorded results, this bias was reduced by inserting one
10k resistor to each record line.

3.3 Off Line Digital Signal Processing

As described by the research in Section 2.1.4 the CAEP responses occurring around 50ms
after stimulus onset will be buried in noise with a frequency of around the 5Hz mark.
The aim of the digital signal processing is to highlight this response amongst all other
ongoing responses of the brain such that it can ultimately be identified with certainty
by an audiologist. The strategy to achieve this identifiable signal will include two tech-
niques to reduce the noise it is buried in, firstly filtering to remove unwanted frequencies
and secondly averaging to remove random unwanted noise by a factor of 1/SQRT(N)
where N is the number samples averaged. Each technique will require multiple stages
to prepare the signals and allow the techniques to be performed successfully, the follow-
ing section outlines the stages used to achieve the end result, to aid in the description
of stages sample raw data obtained from NAL for the purpose of development will be used.

As stated in Section 1.3 the DSP to be undertaken in this thesis is to be offline and
will be performed using MATLAB R2016b. The code shall be created such that a WAV
file containing both the observed EEG recording and the time locked stimulus recording
in their entirety will be processed and displaved as per the digital signal processing (DSP)
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requirements.

Using the characteristics of the desired response a series of requirements for the DSP
can be produced to provide the best chance of observing it, the following are the DSP
requirements as ontlined by the National Acoustics Laboratories (NAL). These require-
ments have been adopted from the current NAL testing systemm HEARLab running the
module CATE (Cortical Automatic Threshold Estimation) as detailed in Section 2.1.6.

” Action Value ||
Time mark response signals | Stimulus onset identifiable on response channel
High pass filter (.16Hz
Down sample 1000 samples /sec
Low pass filter 30Hz
Epoch extraction -200ms to + 500ms
Baseline remaoval use -200ms to Oms
Artefact rejection filter -T0uV
Epoch averaging Time locked to epochs

Table 3.1: DSP Requirements.

3.3.1 VFiltering
Downsampling

Both channels are to be recorded and saved as a WAV file with a sampling rate of 44.1kHz
meaning a 4 minute recording would contain 10.58 million samples for each of the two
channels. Thus down sampling was performed first to reduce the size of the data to
be processed by further actions. Research suggests that down sampling to 1kHz is the
minimum acceptable size before aliasing can occur and distort the response, however
throngh trial and error it was found that this sample rate was still too low thus was set
to 10kHz. In MATLAB the down sampling is performed using a re sampling function.

Filtering

The filtering was completed prior to epoch cutting as the MATLAB filtering is best suited
for longer strings of data in comparison to multiple short strings. A Butterworth bandpass
filter was created to filter between 0.16Hz and 30Hz so the desired response would be left
undisturbed whilst the majority would be removed. The Butterworth filter was chosen
due to its characteristics of being maximally flat with minimal ripples in the passband [25],
the filter was given an order of 1 which gave the best result contrary to the researches
order of 128.

The seript below shows the transfer functions a and b would be returned for the 1st order
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bandpass digital Butterworth filter with the cut off frequencies of high pass and low pass.
Once the filter transfer functions are created the data can be zero-phase digital filiered
using filtfilt. Figure 3.9 demonstrates the frequency domains of the recorded signal both
before and after the filter was applied, it can be seen the filter is highly effect in removing
the unwanted signals outside of the desired frequency range.

[b,a] = butter(i, [highPass, lowPass], ’bandpass’);
EEG_Signal = filtfilt(b, a, raw_EEG_Signal);

.40 Unfiltered Frequency Domain 3 107 Filtered Frequency Domain

25

25

-3 -2 -1 o 1 2 3 -3 -2 -1 0 1 2 3
=104 <104

Figure 3.9: Comparison between Unfiltered and Filtered Signal.

3.3.2 Time Locked Averaging
Onset Detection

Onset detection is used to detect the start of each epoch within the data, it is performed
by analysing the stimulus channel and observing the locations of each stimulus pulse
within that data. The simplest form of onset detection is to analyse each sample of the
stimulus channel and identify when the samples achieve over a certain value indicating a
stimulus pulse, this simple method is reliant on the recording of the stimulus channel to
be quiet with no large artefacts that could imifate a stimulus pulse. Figure 3.10 shows
the onset of a stimulus pulse with the red cirele indicating the first sample that is above
the detection level thus indicating the presence of a stimulus. To achieve this method in
MATLAB each sample of the stimulus channel was observed using a while statement as
shown in the code below, an if statement was then used to detect any sample with a value
greater than specified indicating the presence of a stimulus. When a stimulus is found
on the stimulus channel an epoch is created from the EEG channel consisting of 200ms
before the stimulus onset to 700ms after the stimulus onset.
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vhile signal_sift + 1 < test_size - epoch_end
i = signal_sift;
artifact_flag = 0;
if Stimulus(i) > epochDetectionLevel
epoch_sift = 1;
epoch_cut=EEG_Signal (i-(epoch_start):i+(epoch_end));
else
signal_sift = signal_sift + 1;
end
end

Figure 3.10: Stimulus Onset Detection Method.

Baseline Correction

Once created each epoch is subject to baseline correction to remove the majority of DC
voltage within an epoch. The DC voltage can vary with each epoch so it is essential to
apply unique baseline correction to each epoch, thus this was done immediately after the
epoch was cut. Baseline correction averages the first 200ms worth of samples from each
epoch to refurn the average offset from zero which is then removed from each sample of
the entire epoch thus setting a new average of zero. Figure 3.11 displays a raw epoch
before and after it has been subjected to baseline removal.
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Figure 3.11: Comparison of no Baseline Removal against with Baseline Removal.

Artefact Rejection

Artefacts can be caused by many internal and external disturbances to the system or
patient, as an example an artefacts can be caused by the patient blinking as shown in
Figure 3.12 in which a large single wave pulse can be seen. Due to their magnitude these
artefacts can saturate the processing and cause false data readings thus it is required to
eliminate epochs that contain artefacts over a desired value as outlined by the require-
ments. This is performed similar to the onset detection on the stimulus channel, a while
loop is used to sift through each sample of the EEG epoch with an if statement detecting
any samples over the desired value. If an artefacts is found within an epoch, a flag is
triggered and the sifting is stopped. A second if statement is used to check the artefacts
flag and determine whether to save the epoch to the epoch array or discard the epoch.

while epoch_sift < epoch_length
ii = epoch_sift;
if baselineCorrect_epoch(ii) > artifactDetectionLevel
epoch_sift = epoch_length + 1;
artifact_flag = 1;
artifact_count = artifact_count + 1;
else
epoch_sift = epoch_sift + 1;
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end
end
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Figure 3.12: Artefact caused by Eye Blink.

Time Locked Averaging

Time locked averaging is used to reduce the background noise of the EEG signal and to
highlight the CAEP response. The technique works on the principal that random noise
within the signal is reduced towards zero by a factor of 1/SQRT(N) and thus requires the
desired response to be located at the same point within each epoch.

Figure 3.13 demonstrates the effectiveness of the technique by comparing three randomly
selected epochs shown as blue, vellow and red against the average of 932 epochs shown
in purple, it is interesting to note the P1-N1-P2 morphology of the CAEP response can
be made out within averaged response.

The process was achieved through MATLAB by averaging each sample with the same
relative samples in other accepted epochs stored within the array, since each epoch was
cut with respect to the same point on the stimulus pulse the resultant average would be
time locked. Simple MATLAB arithmetic was used fo output a single epoch containing
the average.

epochs_sum = sum(epoch_array,?2);
epochs_average = epochs_sum./ epoch_count;
epoch_size = size(epochs_average,1);
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Figure 3.13: Comparison of individual epochs against averaged epoch.

3.3.3 Stimulus Creation

The stimulus created was a 0.5s pure tone with a frequency of 1000Hz to be repeated
every 1.5s with silence in-between. The single (.5s tone was created using an online tone
generator [21] with a sine waveform, the generator produced a single WAV file with the
tone demonstrated in Figure 3.14. The research conducted in Section 2.1.2 suggests a
stimulus pulse that starts with a gradual increase in waveform amplitude akin to a ramp
provides an auditory stimulus capable of evoking a stronger response, however due to the
simplicity of the onset detection a pulse with a constant initial amplitude was proven more
reliable. MATLab code was created to include the tone and 1.45s of zeros, this stimulus
is then added onto its self 220 times to create the entire stimulus using a for loop. The
code outputs a file in WAV format with the desired stimulus sequence.

stim = [stim;zeros(1.45+FS,1)];
Nb_Stim = 220;
Stim_Seq = [1;
for i =1:Nb_Stim

Stim_Seq = [Stim_Seq;stim];
end
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Figure 3.14: One Single 0.3s Stimulus.
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Chapter 4

Experimental Procedure

In this chapter testing will be carried out on the prototype system, the testing will be in
two parts, firstly to analyse the functionality and accuracy of the system and secondly
to observe electromagnetic interference caused by the electromagnetic radiation of the
CC3200. The testing will first involve a simulation of the MATLab coding which will
include a comparison to a script developed by NAL for commercial use. Once the accuracy
of the MATLab coding is confirmed several recordings will be conducted on both a human
patient and artificial patient to determine the effectiveness of the system and conduct the
investigation into Electromagnetic Interference.

4.1 Off Line Digital Signal Processing Testing

To observe a CAEP response andiologists will use a T00ms long epoch line graph that
contains the processed data, if the stimulus is successfully heard by the patient the graph
should display the P1-N1-P2 complex as shown in the research in section 2.1.1. The goal
of the MATLab digital signal processing is to process the raw data and display this 700ms
graph accurately to highlight the desired response. To test the developed MATLab code
a camparison will be performed using a script developed by NALs electrophysiologist
Fabrice Bardy for use in the commercially available system HEARLab as the standard.
The same piece of EEG data in the form of a WAV file captured by NAL for CAEP testing
purposes will be presented to each script for analysis to ensure continuity. Each script
shall return a 700ms long processed graph to display its interpretation of the recorded
response; the outputs will be compared fo demonstrate the accuracy of the code written
for prototype.

39
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4.2 Complete System Testing

4.2.1 Experimental Setups

Once the MATLab processing has been proven, testing of the entire system can be un-
dertaken this will involve delivering a stimulus stream to a patient and recording their
response from the electrodes and delivering this response to the PC to be processed. Thus
to test the prototype system as a whole it is essenfial to have a measurable CAEP re-
sponse that can be observed and recorded, this can be created with a human patient or
by generating a response with an artificial patient. The testing setups for each case are
outlined below.

Artificial Patient

An artificial response will be created using a function generator to generate a sine wave
signal to imitate a brains response to an evoked stimuli, the signal generated can be varied
in multiple ways including frequency, amplitude, number of cycles and start time.

The stimulus was used to create a pulse in a trigger generator to trigger the function
generator to output the desired signal. The Stinmlus will be drawn out of the amplified
speaker and inserted into an Audio isolation transformer to step-up the voltage of the
signal and allow for a definite trigger within the trigger box. Similarly an audio isolation
transformer was used from the output of the function generator to the electrodes so to
step-down the voltage of the signal and not saturate the CODEC once the signal has
passed through amplification in the prototype systems hardware.

A setup diagram is shown in Figure 4.1 with the flow of the signals shown, the actual setup
is shown in Figure 4.2. It can be noticed from Figure 4.1 a signal splitter is used after
the andio isolation transformer, this device ensures the active and reference electrodes do
not measure the same signal such that when the differential amplifier is used the function
generated remains. The setting for the function generator are shown in Table 4.1.

Characteristic Value
Amplitude mVp-p 0.65
Frequency Hz 10
Pahse Shift a0°
Number of Cycles 1
Triggered on Falling Edge

Table 4.1: Function Generator Settings for artificial CAEP.




4.2 Complete System Testing

41

Prototype Hardware

Signal Splitter

Battery

Amplifier

Isolation
Transformer

Active Electrode
Ground Electrode
Reference Electrode
Stimulus Signal
Function signal
Trigger Signal

Isolation

Transformer

Trigger Box

Function Generator

Figure 4.1: Block Diagram of Test System.

Figure 4.2: Test system set to distance of Ocm.

Human Patient

Testing of a human patient will involve three electrodes placed onto the head, the site
of each electrode requires cleaning and gentle scrubbing to remove any dry or dead skin
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before an adhesive pad is attached to ensure minimal skin-electrode resistance. The three
electrodes will be placed such that the active is on the mastoid, the reference is on the
scalp and the ground is on the forehead. The Stimulus will be delivered to the patient by
the amplified speaker to be located no more than 40cm from the patients head. Figure
4.3 shows the setup with myself as the human patient.

Figure 4.3: Prototype system with human patient setup.

4.2.2 Experimental Procedure

In order to design the fest it is required to revisit the goal of the project, which is to
determine whether the CAEP test can be successfully conducted with the implementation
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of a wireless system. This goal requires that the implementation of a wireless system will
not affect the outcome of a CAEP test such that the output of the wireless system should
be equal to that of a wired system. Thus the tests will be based upon proving this principle
by comparing what is already known to what is actually achieved.

Artificial Patient Test

The first test will use the artificial patient setup allowing us to compare the signal known
to be generated by the function generator to that displayed by the prototype system. The
test will comprise of three recordings each consisting of 100 epochs, the function generator
will generate a signal similar to that of the CAEP response with an amplitude of 0.65mV
p-p. frequency of 10Hz and one sine wave cycle.

The test will produce three T00ms long epoch graphs displaying the processed result of
each recording, the morphology of these recording will be compared and if successful will
draw out a waveform similar to that produced by the function generator. The test will
be deemed successful if a comparable sine wave of equal frequency, number of cycles and
constant amplitude can be observed at 100ms post stimulus onset.

Human Patient Test

The second prototype system test will vary significantly from the first however still work
with the principle of comparing to what is already known. The second test is devised
to analyse the operation with a human patient, the purpose of the test is to observe
and identify any issues with the system in a real life situation that may not occur with
a simulated patient. The test involves performing three recordings on myself using the
prototype system, the same testing conditions will then be replicated and three recordings
will be completed using a commercially available wired system similar to HEARLab. In
this instance the wired system will act as the standard to compare and evaluate the
results of the prototype system against. Each of the six recordings will consist of a
stimulus stream of 220 epochs.

4.3 Interference Testing

Interference testing will be carried out to conduct the second major analysis of this the-
sis, the interference testing will make use of the unique characteristics of electromagnetic
fields and Wi-Fi transmission. The research in Section 2.3 showed that electromagnetic
radiation will operate with a few discernible characteristics such as field strength will
decrease with an increase in distance from the source and the power of the field strength
will increase and decrease with each packet of data at regular time intervals, using these
characteristics one test has been developed to potentially highlight the presence of elec-
tromagnetic interference within a CAEP recording,.
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4.3.1 Electromagnetic Interference Test 1

The test will attempt to observe electromagnetic interference using the characteristic of
decreasing field strength with an increasing distance from the source. To achieve this the
distance between the CC3200, the source of electromagnetic radiation, and the recording
electrodes will be varied to analyse the effect of the electromagnetic field created by the
CC3200 on the response of the patient and recorded by the electrodes. Two recordings will
be completed with the CC3200 located at Ocm and 60cm from the observing electrodes.
The test will be repeated twice, initially with the artificial patient and thereafter with a
human patient.

Artificial Patient

To observe the results snippets of the EEG channel will be observed for interference
artefacts, MATLab script will be written to analyse the snippets to aid in determining
the presence of interference. Firstly the artificial patient will be used as this is expected
to provide a larger interference with a more noticeable artefact due to the low noise of
the EEG recording. With this recording a detection method will be used to detect the
onset of an artefact over a certain value indicating the potential presence of interference,
once detected epochs will be cut from the recording at the same moment of onset for each
artefact detected allow us to perform time locked averaging and determine similarities
in the artefacts observed. Information such as the power induced and frequency of the
artefacts will be gathered from this initial test.

Human Patient

Once the artificial human has demonstrated the presences of artefacts the EEG recording
channel from a human patient will be used in an attempt to observe the same result. As
the noise levels when testing a hnman patient are far greater than an artificial patient we
will be unable to successtully detect artefacts within the recorded signal, to overcome this
we will rely on the results of the previous test, specifically the frequency of each artefact,
to determine the time marking for time locked averaging. To aid in the understanding of
this concept Figure 4.4 has been included which displays the raw EEG recording channels
of the artificial patient on top and human patient underneath, the artefact peak is clearly
discernible within the top recording and not so in the recording beneath it. The principal
of this strategy is to highlight repetitions within the recorded signal whilst reducing
random noise through averaging. This test will demonstrate the presence of an artefact
within the EEG recording of a human patient.

The processing for both parts of the first test will included down sampling, baseline
correction and time locked averaging, filtering and artefact detection will not be used as
they may remove the sought signals.
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Figure 4.4: Comparison of Raw Recorded Signal from Artificial Patient (top) and Hu-
man Patient (bottom).

4.3.2 Electromagnetic Interference Test 2

A second test is to be completed by comparing the effect of a CAEP recording with
and without the presence of electromagnetic interference. A commercially available wired
testing unit will be used to produce the stimuli and record the response of a human patient.
The CC3200 is to be used as a source of electromagnetic interference, the prototype system
is to be set up to receive and transmit so to recreate the electromagnetic radiation as seen
in the previous experiment.

Four recordings are to be completed, two with the interference and two without any source
of interference. The results will be processed as per normal CAEP digital signal processing
requirements including filtering and artefact detection, the aim of this experiment is to
identify the presence of an interference artefact within a completely processed response.




46

Chapter 4. Experimental Procedure




Chapter 5

Results and Discussions

In this chapter the of the tests will be presented and analysed. the disccussion has been
encorporated into the results as some results are best viewed with an understanding of
the previous results

5.1 Off Line Digital Signal Processing Testing Re-
sults

The test to compare the MATLab script developed for the prototype with that developed
by NAL for the HEARLab system was successfully undertaken, the raw data of two
recordings provided by NAL was used to output a single processed epoch for each recording
for both seripts. The two ontputs from each script were then averaged to provide Figure
5.1 which shows the epoch outputs, for comparison purposes the outputs of both seripts
can be seen in the figure. The graphs show the first 200ms prior to stimulus onset followed
by 500ms post stimulus onset, the recordings were made up of 932 epochs. The point
of interest within the comparison is within the response time from 0 to 0.3s, two large
diversion points can be seen in the comparison at the first trough and second peak in the
response with the prototype seript 0.5 uV below the NAL script for both.

5.2 Off Line Digital Signal Processing Testing Diss-
cussion

The research suggests the expected response after the stimulus onset will consist of a
small peak at 0.05s followed by a large trough at 0.1s finishing with a large peak at 0.25s,
with the epoch consisting of random noise both before and after the response. Using this
morphology of the expected response it can be seen that for both scripts a response is
clearly visible in Figure 5.1. More importantly it can be seen that the morphology of the
seript developed for the wireless prototype closely follows the morphology of the NAL
developed script during the time period of the expect response.

47
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Figure 5.1: Comparison of MATLab results using the same data .

It should be noted that large deviations do occur in the wave form before and after the
response and it is believed this is as a result of the differing in filter mechanisms used.
This test is to be viewed as a success as it demonstrates the processing script developed
for the prototype is capable of highlight a response with CAEP characteristics within a
raw recording, this is essential as it allows us fo rule out the processing as a potential
issue within the prototype system when developing further.

5.3 Complete System Testing Results

5.3.1 Artificial Patient Test

Figure 5.2 shows the processed responses of two recordings using the artificial patient
setup, a strong correlation between the two recordings at the time of the expect response
can be seen with both recordings showing a frough and peak of equal amplitude, start
time and frequency with the function generator with each recording consisting of 90-100
accepted epochs. There is less than 0.1 uV deviation between the two recordings for the
time of the response.

5.3.2 Human Patient Test

Figure 5.3 shows the processed response of three recordings performed on a human patient
using a 0.3s stimulus with each recording made up of 90-100 epochs. Each recording was
performed under the same conditions on the same patient with two minutes break between
recordings and no modifications made to the experimental setup. All three recordings show
a large trongh at 0.1s with a deviation befween trough peaks of 0.6uV. No other obvious
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features of a response are portrayed in this graph.

Figure 5.4 demonstrates the same test performed with a wired system on the same patient
for comparison purposes. The recordings show a definite peak at 0.05s and a trough at
0.1s with no other obvious similarities throughout the responses.
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Figure 5.2: Wireless Recordings performed with Artificial Patient on Prototype System.
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Figure 5.3: Wireless Recordings performed with Human Patient on Prototype System.
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Figure 5.4: Wired Recordings performed with Human Patient on Commercial System.

5.4 Complete System Testing Disscussion

5.4.1 Artificial Patient

For this test the generator was set to create a function at 0.05s after the stimulus onset,
the function would consist of a single sine wave pulse with an amplitude of 0.65mV p-p,
frequency of 10Hz and phase shifted by 900, the result of which would be a single large
trough followed by a large peak. The result demonstrates the function produced is clearly
visible within the recording as shown in Figure 5.2. This result show us that a response
with the frequency of 10Hz, equal to that of a CAEP response, can be successfully observed
by the prototype system, this is important as it proves the wireless system will not impede
the transmission of the response due to its low frequency. Unfortunately this test cannot
conclusively prove the success of the system as the artificial patient setup provides far less
noise than that of a human patient.

5.4.2 Human Patient

The recordings of Figure 5.3 show a significantly larger variation in all areas of the epoch
in comparison to the previous two figures, despite this each recording can be seen to
complete a trough at 0.1 seconds after the stimulus onset which is characteristic of the
CAEP response. This single trough is enough to prove the presence of a response as
it shares the same characteristics of frequency and start point in each recording. The
characteristic of the amplitude of the troughs is not as important as it is well documented
that responses will decrease in amplitude as exposure to the same stimulus is continued.
It is believed the brain tires from repeated exposure to the same stimulus and the evoked




5.5 Interference Testing 51

response to the stimulus is reduced.

The morphology of the recordings do not show the two peaks expected of a CAEP response
at 0.05s and 0.25s, small raises in the wave can be seen at these time locations however
these are no more outstanding than the surrounding random noise and thus cannot be
definitely attributed to a response. As the tests on the MATLab processing and complete
system with an artificial human were highly successful in displaying the response in full
it can be believed that the issue arises when observing the response of a human.

Figure 4 shows two recordings each of 150 epochs conducted on the same patient as done
in Figure 5.3, the system used fo conduct these recordings was a commercially available
wired system similar to HEARLab used by audiologist at NAL. As the results of patients
can vary depending on their age the results of the wired system given in Figure 5.4 can be
used as a standard for the patient, the morphology of this response shows a strong trough
at 0.1 seconds after stimulus onset similar to that found in Figure 5.3 by the wireless
prototype. Figure 5.4 additional displays a large initial peak of the response at 0.05s post
stimulus onset that is not seen in the prototypes processed epoch. Thus using Figure
5.4s morphology as a standard it can be seen that the prototype is able to highlight the
presence of a CAEP response however for this patient the initial peak of the response
cannot be observed.

5.5 Interference Testing

5.5.1 Electromagnetic Interference Test 1 Results
Artificial Patient

The results of Interference Test 1 on the artificial patient are shown below in Figures
5-8. All Figures shown in the time domain in this section are shown using Full Scale
for amplitude, the full scale of the system is equal to 0.5V. Figures 5.5 and 5.7 show the
processed response of 90 epochs with the source of wireless transmission located at Ocm
and 60cm respectively from the source of the electromagnetic radiation created by the
wireless transmission. In both Figures two distinet pulses can be seen with a separation
between peaks of 0.2ms. By comparing both figures it can be seen the amplitude of the
peak in Figure 5.5 is slightly large than that in Figure 5.7 with a difference of 2.5 mFS
(1.25mv). Further analysis of the results shows the mean separation of each artefact is
704 samples, this results in a time delay of 16ms between each artefact.

Figures 6 and 8 show the frequency domain of the raw data used to display the outputs of
Figures 5.5 and 5.7 respectively. A large peak can be seen at 61 Hz for both spectrum’s,
by comparing these peaks at G1Hz between Figures 5.0 and 5.8 it can be seen that the
system at Jem, Figure 5.6, has slightly high power at -62.5 dB compared to -63dB.
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Figure 5.5: Processed artefacts on Artifical Patient EEG redcording channel at Ocm
distance.
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Figure 5.6: Spectral analysis of processed artefacts on Artifical Patient EEG redcording
channel at Ocm distance.




53

5.5 Interference Testing

15 2 1073 Interference on Artificial Patient at 60cm
T T T T T T T T

-
=
T

Amplitude (FS)
o
T

2

.Lﬂ_lrJ j oy ; ; et
O B e
3 [ 1 1 I L 1 | 1
0 05 1 15 2 25 3 35 4 45 5
Time(s) x 1073

Figure 5.7: Processed artefacts on Artifical Patient EEG redcording channel at 60cm
distance,
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Figure 5.8: Spectral analysis of processed artefacts on Artifical Patient EEG redcording
channel at G0cm distance.

Human Patient

Figures 5.9 and 5.10 display the results of Inferference Test 1 on the human patient,
similar to the artificial patient test the location of the electrodes from the source of
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the electromagnetic interference is the variable with Figure 5.9 displaying the results for
a distance Oem and Figure 5.10 Glem. Both results consist 80 epochs each that were
subject to similar processing methods used on the artificial patient with the exception of
the epoch cutting method. Figure 5.9 displays two distinct peaks with a separation of
0.8ms, whilst Figure 5.10 displays the morphology similar to a mound however the mound
is quite definite. Figure 5.9 reaches an amplitude of 4 mFS (0.002mV) at its peak and
Figure 5.10 is 2 mFS (0.001mV) at its peak.
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Figure 5.9: Processed artefacts on Human Patient EEG redcording channel at Ocm
distance.
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Figure 5.10: Processed artefacts on Human Patient EEG redcording channel at 60cm
distance.
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5.5.2 Electromagnetic Interference Test 1 Disscussion
Artificial Patient

This test attempted to observe the interference created by the wireless transmission on the
artificial patient test setup shown in Section 4.2.1. As outlined in Section 4.2.2 the test
used time locked averaging to observe any repeated interference within the EEG recorded
signal. Similar to the process used to observe the CAEP response an epoch of 5ms was
cut from the recorded signal each time an artefact was detected, these epochs were then
used to output a single processed epoch. The test attempted to confirm the regularity of
the artefacts within the recorded signal and confirm their relation to the use of wireless
transmission.

Due to the time locked processing of the outputs shown in Figures 5.5 and 5.7 it can
be deduced that the peaks present in both Figures are a repeating occurrence which re-
peat at very regular intervals of 16ms. Converting the period of 16ms between pulses to
a frequency we achieve a value of roughly 60Hz, indicating these pulses are creating the
large peaks in the frequency spectrums for both distance instances.

By comparing the combined results of both distance instance against each other, that
of Ocm and 60cm from the source of electromagnetic interference, it was observed that
when the electrodes were closer to the source of radiation on average a pulse with higher
amplitude and more power was induced in the signal. This indicates the pulses induced
and observed within the results have a carrelation to the distance of the source of the elec-
tromagnetic radiation, and are thus more than likely created by the wireless transmission

of the CC3200.

Human Patient

The results from the artificial patient test demonstrate that electromagnetic radiation is
induced in the recording signal when using the artificial patient setup. The results from
this test were used to define the parameters for the human patient interference test. This
used the same prinecipal of time locked averaging in an attempt to observe a repeated
artefact caused by the electromagnetic interference, however the cutting of each epoch
was not dictated by the presence of an artefact but was cut at regular time intervals
of 16ms. The aim of this was to potentially observe any artefact without being able to
quantitatively identify the artefact in the raw signal.

Similar to the results gathered from the artificial patient, Figures 5.9 and 5.10 show that
an artefact is present within the EEG recorded signal when a recording is performed on a
human. Since the figures display a time locked processed output it is established that the
artefact is repeated at regular intervals and further more since the time locking period
is derived from the artefacts found using the artificial human it can be concluded that
they are caused by the same source. Comparing the Figures 5.9 and 5.10 we see that
the morphology of two peaks is markedly more distinet in Figure 5.9 than in 5.10, it is
possible that an error occurred in the transmission causing one of the signal pulses to be
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delayed by a split second resulting in a disrupted average. Nonetheless the amplitudes
of the peaks in both results have a sizeable difference indicating that the distance of
the electromagnetic radiation source from the patient affects the amplitude of the signal
induced in the EEG recording.

It is believed the artefact observed in the test is recorded by the electrodes and not induced
into the system later on by the hardware. This assumption is established firstly from the
characteristic of a decreasing amplitude in the artefact with an increase in the distance of
the electrodes from the test setup and secondly from the difference in amplitude between
the results of the artificial patient and human patient. By comparing the results taken
at Oem from the source of electromagnetic radiation for both the artificial patient and
human patient we see a sizeable difference in the resultant artefact induced. It is believed
the artificial patient induces the signal through inductors used in the transformer to step
down the signal from the function generator to the electrodes, whilst it is believed the
skin of the human patient induces the artefact signal.

5.5.3 Electromagnetic Interference Test 2 Results

Figure 5.11 shows the processed recordings with and without electromagnetic interference,
the results show small peak at 0.05s and a large trough at 0.1s for all recordings. There is
little deviation between the recordings for all parts of the result, it can be seen the trough
at ().1s has the largest deviation between all recordings.
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Figure 5.11: Comparison of with and without Interference in processed response.
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5.5.4 Electromagnetic Interference Test 2 Disscussion

Interference Test 2 was used to compare the difference of a processed response with and
without the presence of electromagnetic radiation. During the test four recordings were
completed on a commercially available wired testing system similar to HEARLab to ob-
serve the CAEP response. For two of the recordings electromagnetic interference was
presented at a range of 10cm-15cm to the patients head supporting the electrodes. Each
recording was processed by the digital signal processing designed specifically for the use
with the wired system.

The aim of this test was to observe whether the electromagnetic interference observed in
the raw signal would be viewed in the processed output when CAEP specific processing is
used. As can be seen in Figure 5.11 the CAEP response can be seen in each recording with
the troughs located at (.1s after stimulus onset. When observing the response closely it
can be seen the magnitude of each response differs, interestingly the interference affected
responses have a larger magnitude response than the non-interference affect responses,
this is a commonly known issue when recording CAEP responses that the magnitude of a
response will decrease the longer a patient is tested in one sitting and thus has no relation
to the presence of interference. Further analysis of the results shows there is little to
suggest the electromagnetic interference had any impact on the processed outputs of the
recordings as the morphology of all result follows a similar paths with minor deviations.
The disappearance of the electfromagnetic interference in the CAEP processed responses
demonstrates the processing is effective in removing the interference signal from the
recording. To understand how it is effective we must revisit the result of Interference
Test 1 specifically the spectral analysis shown in Figure 5.6, in the plot we see and proved
the peak at roughly 60 Hz is caused by the interference artefact given its period of 16ms.
Given the band pass filtering for the CAEP digital signal processing occurs at 0.16Hz to
30Hz it is expected this artefact is removed when the filter is applied as seen in Figure
5.11.

Understanding the mechanism that stops the interference from being present in the re-
sponse will allow us to determine the limitations of this mechanism and determine at what
point the interference would be present. There are two separate conditions that can allow
its presence. Firstly if the artefact remained with a frequency of roughly 60Hz however
was time locked to the stimulus and thus response, in this instance a low order filter may
let some of the power caused by the interference through the passed band and allow it to
be present in the same location of each epoch subsequently allowing it to be present in the
processed response. Secondly if the rate of transmission of the electromagnetic radiation
was reduced to 33ms the artefact would have a frequency of 30 Hz and thus would not
be filtered out of the signal, in this case however it would more than likely be considered
random when compared to the stimulus and be removed through averaging. However If
both conditions were met the artefact would likely be present in the processed response
at there will be no affective mechanism to remove it.
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Chapter 6

Conclusions

This chapter will outline the conclusions and summaries of this thesis and of the combined
project of Zhihao and myself.

6.1 Conclusions

The primary objective of this research thesis was to develop a simple functional prototype
of a wireless CAEP test system, the prototype was to prove the concept of wirelessly
transmitting the recordings of the test including a stimulus channel and EEG recorded
channel such that they could be processed to display the results of the test on a PC.
This thesis also aimed to observe the impact of electromagnetic interference caused by
the wireless system on the results of the CAEP test in terms of how and why it could be
affected and how it could be mitigated.

6.1.1 Prototype

Analysis of the offline prototype developed for this thesis shows the system was successful
in producing the results required for a CAEP test, the successful result of this analysis was
gained when comparing the results of this prototype to that of a wired system designed to
achieve the same results. Several key conclusions can be drawn from this analysis, these
include:

1. With minor alterations a microcontroller with wireless functionality such as the
CC3200 Module LaunchPad combined with the Audio BoosterPack can transmit
physiological signals without disturbances from the hardware. The alterations in-
clude removal of capacitors on the input line that can cause filtering of low frequency
signals.

2. A microcontroller with wireless functionality such as the CC3200 Module LannchPad
combined with the Audio BoosterPack can be used to receive and present a stimulus
signal to a patient when used with a battery powered amplifying speaker. The
microcontroller can also be used to present the stimulus to the hardware

=
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3.

The Wi-Fi protocol UDP can be used to suceessfully to transmit the signal within
the CAEP prototype system. Even though the UDP protocol has the issue of
dropped packets, it was observed for this specific use the amount of droped packets
per recording is negligible due to the use of time locked averaging.

MATLab can be successfully used to digitally process the two recorded and saved
signals of a CAEP test offline to display the required response.

6.1.2 Electromagnetic Interference

This thesis also analysed the presence of electromagnetic interference caused by the micro
controller from the wireless transmission of the fest recordings. The following conclusions
are draw from the results of the experiment undertaken:

1.

Electromagnetic interference is present within the raw recordings of a CAEP test
both when using an artificial patient and using a human patient. The electromag-
netic interference when using the CC3200 Module LaunchPad combined with the
Audio BoosterPack using the Wi-Fi Audio Application had a frequency of 61Hz. It
is believed this is due to the firmware that transmits the signal through the UDP
socket. Changing the frequency of transmission will also change the frequency of
interference.

The interference is markedly larger in the arfificial patient than in the human pa-
tient. This is due to the setup of the artificial human containing a two inductors
to allow for the reduction of power from the function generator, it is concluded
the interference is induced with these. The interference from the human patient is
induced with the skin and thus can be recorded by the electrodes connected to the
skin.

. The magnitude of the electromagnetic interference is reduced as the distance of the

source of the electromagnetic radiation is increased from the patient attached to
the electrodes. This was found with both the artificial patient and human patient
at distances of 0em and G0cm. This demonstrates the CC3200 transmission is the
source of the electromagnetic interference.

The interference measured with a frequency of 61Hz has no effect on the result of
the CAEP test. It was found by comparing the results with an without a source of
interference the digital signal processing was successful in removing any presence of
the interference from the final result allow the CAEP test to be conducted normally.

By understanding the processing to remove the interference from the final result of
a CAEP test with the interference at a frequency of 60Hz it can be determined the
interference would impact the final result if it satisfied two conditions, firstly if it
had a frequency similar to that of the CAEP response or within the band pass of
the filter, 0.16Hz to 30Hz and secondly if it was time locked to the stimulus pulse
allowing it to be highlight with time locked averaging.
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6.2 Summary

The goal of the project undertaken by both Zhihao and myself was to prove the concept of
a wireless EEG system capable of delivering accurate and informative results when used to
conduct the Cortical Auditory Evoked Potentials (CAEFP) assessment. The results gath-
ered and the methods shown by both students demonstrate this goal has been achieved to
arving degrees of success as outlined in both theses, more importantly the theses show
the concept is plausible if more resources such as time and money are available to further
develop and refine the system.

The primary outcomes of the project found a wireless EEG system could be created
to function without wires from the cenfral unit at the patient end to the host PC at the
andiologist end whilst delivering either real time and off line recording analysis. Despite
real time recording analysis not function as desired the concept was proven. The project
also found the Electromagnetic Interference generated from the wireless unit would have
negligible impact on the displayed response.

Secondary outcomes of the project stem from problems encountered throughout the de-
velopment of the project. Firstly working in a team environment on an industry project
gave a great insight into the approaches used by professional Engineers to solve problems
as a team, we were able to sit in on some engineering team meetings participate in product
discussions. Secondly with so much independence within the project we were forced to
learn from our mistakes to ensure our project stayed on the correct path and our goals
were met. Lastly with a large time frame for the project, time management became an
essential skill fo ensure our time wasn't taken advantage of and enough time was left to
complete each task as required.
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Chapter 7
Future Work

Now that the concept of wireless transmission for a phyvsiological signal acquisition svstem
has been proven to work, future research would be in the area of refining the system to
make it more user friendly, accurate and ready for commercialisation.

Further development of the system to increase the user friendliness would include the
development of a multifunction GUI to allow the user more control over the system and
understanding as to the progress of the test, this was developed and documented within
Zhihaos thesis however the GUI needs an infuitive design. The Wi-Fi connectivity should
be modified to allow an easy connect system that can connect to any PC without issue or
thought of the PCs current IP address or port number, it was found most of the difficulties
in setting up the system was to create the connection between the hardware and PC.
The test stimulus created for the system was of very simple design to demonstrate the
functions of the system, a stimulus used in a commercial system would contain multiple
different stimuli pulses aimed at keeping the patients cortex responding to its highest by
keeping it alert, these stimuli use 1D tags within the stimulus stream to denote what pulse
is coming next. Further research could be performed to allow the wireless system to incor-
porate this functionality for an increase in accuracy of recordings. Further research could
be performed on expanding the capabilities of the system to including testing outside of
CAEP including Auditory Brain-stem Response testing.

To be acceptable for commercialisation, along with all the conditions required for user
friendliness the systems hardware would need to be developed into a neater and more
compact version to make it more robust and appealing to a buying market.
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Abbreviations

ABR
ASSR
CAEP
CCS
ClI
EEG
EI
EMF
GUI
ICA
IEC
LAN
NAL
PC
PCB
PCM
TOP
TFRC
Ubp
WAN

Auditory Brainstem Response
Auditory Steady State Response
Cortical Auditory Evoked Potentials
Code Composer Studio

Cochlear Implant
Electroencephalogram
Electromagnetic Interference
Electromagnetic Field

Graphical User Interface
Independent Component Analysis
International Electrotechnical Commission
Local Area Network

National Acoustics Laboratory
Personal Computer

Printed Circuit Board

Pulse-Code Modulation
Transmission Control Protocol

TCP Friendly Rate Control

User Datagram Protocol

Wider Area Network
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Appendix A

Software Code

A.1 Overview

This appendix contains the Code used to create the software client and server for the
prototype system

A.2 Java Client

import javax.swing.*;

import java.awt.x;

import java.awt.event.*;
import java.io.*;

import java.net.*;

import javax.sound.sampled.*;
import java.net.InetAddress;

public class Client extends JFrame {

boolean stopaudioCapture = false;
ByteArrayOQutputStream byteOutputStream;
AudioFormat adFormat;

AudioInputStream InputStream;
SourceDataline sourcelLine;

Graphics g;

static File soundFile;

public static void main(String args([]) {
new Client();

}
public Client() {

67




63

Chapter A. Software Code

final JButton capture3 = new JButton("16");
final JButton stop = new JButton("Stop");

capture3.setEnabled(true);
stop.setEnabled(false);
capture3.addActionListener(new ActionListener() {
public void actionPerformed(ActionEvent e) {
capture3.setEnabled(false);
stop.setEnabled(true);

captureAudio3() ;

}

b

getContentPane() .add(capture3);
stop.addActionListener(new ActionListener() {
public void actionPerformed(ActionEvent e) {
capture3.setEnabled(true);
stop.setEnabled(false);

stopaudioCapture = true;

sourceLine.close();

}

b;

getContentPane() .add(stop) ;

getContentPane() .setLayout (new FlowLayout());
setTitle("Capture/Playback Demo");
setDefaultCloseOperation(EXIT_ON_CLOSE) ;
setSize (250, 100);
getContentPane () . setBackground (Color.white);
setVisible(true) ;

g = (Graphics) this.getGraphics();
}

private void captureAudio3() {
String strFilename = "DemoSequence220.wav";

try {

soundFile = new File(strFilename);
} catch (Exception e) {
e.printStackTrace();
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System.exit(1);
}

try {

InputStream = AudioSystem.getAudioInputStream(soundFile);
} catch (Exception e)

e.printStackTrace() ;

System.exit(1);

}

try o
adFormat = InputStream.getFormat();

Dataline.Info datalineInfe = new Dataline.Info(SourceDataline.class,
adFormat) ;
sourceLine = (SourceDatalLine) AudioSystem.getLine(dataLinelInfo);
sourcelLine.open(adFormat) ;
BooleanControl muteControl=(BooleanControl)}sourceline.getControl
(BooleanControl.Type.MUTE) ;
muteControl .setValue(true);
sourceline.start();
Thread captureThread = new Thread(new CaptureThread());
captureThread.start();

} catch (Exception e) {

StackTraceElement stackEle[] = e.getStackTrace();
for (StackTraceElement val : stackEle) {
System.out.println(val);

}

System.exit(0);

1

}

class CaptureThread extends Thread {

byte tempBuffer[] = new byte[1024 * 16];

public void run() {

byteOutputStream = new ByteArrayOutputStream();
stopaudioCapture = false;

try {
DatagramSocket clientSocket = new DatagramSocket(null);
//InethAddress IPAddress = InetAddress.getByName("10.126.215.114");
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InetAddress IPAddress = InetAddress.getByName("192.168.1.11");

while (!stopaudioCapture) {

int cnt = InputStream.read(tempBuffer, 0, tempBuffer.length);
if (ent > 0) {

sourcelLine.write(tempBuffer, 0, cnt);

DatagramPacket sendPacket = new DatagramPacket (tempBuffer,
tempBuffer.length, IPAddress, 5050);
clientSocket.send(sendPacket) ;
byteDutputStream.write(tempBuffer, 0, cnt);

¥

}

byteOutputStream.close();

sourcelLine.drain();

sourceLine.close();

} catch (Exception e) {
System.out.println("CaptureThread: :run()" + e);
System.exit(0);

¥

}
¥
¥

A.3 Java Server

import java.io.*;

import java.net.#;

import java.util.Arrays;
import java.util.LinkedList;
import java.util.(Queue;

import javax.sound.sampled.AudioFormat;

import javax.sound.sampled.AudioInputStream;

import javax.sound.sampled.AudioSystem;

import javax.sound.sampled.Dataline;

import javax.sound.sampled.LineUnavailableException;
import javax.sound.sampled.ScurceDataline;

import javax.sound.sampled.UnsupportedAudioFileException;
import javax.swing.JFrame;

class Server extends JFrameq{
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private static final int BUFFER_SIZE = 4096;
SourceDataline audiolLine;

AudioInputStream audicStream;

boolean stopaudioCapture = false,

public class Player

!

AudioFormat myformat;

boolean initialized = false;

Queue<byte[]> playqueue = new LinkedList();
int bufferSize = BUFFER_SIZE * 100;

public Player(AudioFormat fmt)
{
myformat = fmt;

}

public void Open()
{

try {

Dataline.Info info = new DatalLine.Info(SourceDataline.class,
myformat) ;

audioLine = (SourceDataline) AudioSystem.getLine(info);
audioLine.open(myformat, bufferSize);

Thread BufferThread = new Thread(new BufferThread());
BufferThread.start();

audioLine.start();

} catch (LineUnavailableException e) {
e.printStackTrace();

}

}

public void enqueue(byte[] audiodata, int size)
{

playqueue.add(Arrays.copyOf (audiodata, size));
}
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class BufferThread extends Thread {
long totalbytes = 0;

public veoid run() {
try {

while (true) {
int playeravailable = audioline.available();
if (playeravailable >0 && playqueue.size() > 0){

byte[] head = (byte[]) playqueue.peek();
int headsize = head.length;

if (playeravailable > headsize){
totalbytes += headsize;
System.out.println("Send " + totalbytes + " to play");
audioLine.write((byte[]) playqueue.poll(), 0, headsize);
}
}
}
} catch (Exception e) {

System.out.println(e);
System.exit(0);

Player myplayer;

private void UDPServer()

{
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try
{

DatagramSocket serverSocket = new DatagramSocket (5001);

String audioFilePath = "C:/Users/Meggitt/Documents/ENGG411/test.wav";
File audioFile = new File(audioFilePath);

AudioInputStream audioStream = AudioSystem.getAudioInputStream(audiocFile);
AudioFormat format = audioStream.getFormat();

audioStream.close();

myplayer = new Player(format);

myplayer.Open() ;

byte[] receiveData = new byte[4096 * 10];

System.out.println ("Waiting for datagram packet");

int totalreceived = 0;

while(true)
{

DatagramPacket receivePacket =
new DatagramPacket(receiveData, receiveData‘length};

try{
serverSocket .receive(receivePacket);
}catch (SocketTimeoutException s) {
System.out.println("Socket timed out!"};
serverSocket.close();
break;

int size = receivePacket.getLength();
totalreceived+=size;
myplayer.enqueue (receivePacket .getData(), size);
}
serverSocket.close();
audioLine.drain();
audiolLine.close();

}catch (UnsupportedAudioFileException ex) {
System.out.println("UDP Port 5001 is occupied.");
System.exit(1);

}catch(I0Exception ex){

System.out.println("UDP Port 5001 is occupied.");
System.exit(1);
}
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public static void main(String args[]) throws Exception

{

new Server().UDPServer();

}




Appendix B
MATLab Script

B.1 Overview

This section contains the MATLab script used to process the recordings.

B.2 CAEP Processing

clear all
clc

[highSample,fsHigh] = audioread(’OcmTomInterference.wav’);
#Parameters

downSampleTo = 10000; Yset sample rate
lowPassFilterKHz = 30;
highPassFilterKHz = 0.16;
epochDetectionLevel = 0.01;
artifactDetectionlLevel = 0.04;

%Downsample

downSampleFrom = fsHigh;

lowSample = resample(highSample, downSampleTo, downSampleFrom) ;
num_high_samples = size(highSample);

num_low_samples = size(lowSample);

fs = downSampleTo;
test_size = (num_low_samples(1,1));

=]
o
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raw_EEG_Signal = lowSample(:,1); %EEG
Stimulus = lowSample(:,2); Ystimulus

% Construct filter and filter the averaged epochs

order = 1; %First order filter

highPass = highPassFilterKHz / (fs/2); Jhigh pass filter from 0.16Hz
lowPass = lowPassFilterKHz / (fs/2); %low pass filter from 30Hz
[b,a] = butter(order, [highPass, lowPass], ’bandpass’);

Yconstruct the Butterworth filter

EEG_Signal = filtfilt(b, a, raw_EEG_Signal); % filter the signal

%0Onset Detection and Epoch Cutting

signal_sift = round(fs*0.2);

epoch_count = 0; Y%to count how many epochs have been found
epoch_array = []; %to store found epochs

artifact_array = [];

artifact_count = 0;

%for testing system
epoch_start = round(fs*0.25);

epoch_end = round(fs*0.45);

#For human system
%epoch_start = round(fs*0.2);
%epoch_end = round(fs*0.5);

jump = round(fs*1.5);

epoch_length = round(fs*0.7);

while signal_sift + 1 < test_size - (fs#0.6) }loops whilst still inside sample
i = signal _sift;
artifact_flag = 0;
#choose left or right for which channel
if Stimulus(i) > epochDetectionlevel %Stimulus found
epoch_sift = 1;
jitter = 0;
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end

epoch_cut = EEG_Signal(i+jitter-(epoch_start):i+jitter+(epoch_end));

epoch_cut = 1 .* epoch_cut;
% Baseline Correction

epoch_chunk = epoch_cut(1l:round(fs*0.178),1);
epoch_chunk_sum = sum(epoch_chunk);

epoch_chunk_size = size(epoch_chunk,1);
epoch_chunk_average = epoch_chunk_sum ./ epoch_chunk_size;
epoch_cut (1) = epoch_chunk_average;

baselineCorrect_epoch = epoch_cut - epoch_chunk_average;

%Artifact detection

while epoch_sift < epoch_length
ii = epoch_sift;

if baselineCorrect_epoch(ii) > artifactDetectionLevel
Yartifact found
epoch_sift = epoch_length + 1;
artifact_flag = 1;
artifact_count = artifact_count + 1;
else
epoch_sift = epoch_sift + 1;
end
end

% Contaminated epoch rejection, or good epoch save

if artifact_flag ==
artifact_array = [artifact_array baselineCorrect_epoch];
signal_sift = signal_sift + (jump);

else

epoch_array = [epoch_array baselineCorrect_epoch];
signal_sift = signal_sift + (jump);
epoch_count = epoch_count + 1;

end

else %epoch hasn’t been found

signal_sift = signal sift + 1;
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%Epoch Averaging

epochs_sum = sum(epoch_array,?2);
epochs_average6 = epochs_sum./ epoch_count;
epoch_size = size(epochs_average6,1);

epochs_averageb = epochs_average6 .* 0.0011;

%0utput Processed WAV File

filename = ’Average of epochs.wav’; % creates a name
audiowrite(filename,epochs_average,fs)

%plot results

displayFSPoints = epoch_size;

display_time_scale = linspace(-0.2,0.5,displayFSPoints)’;
FigHandle = figure(’Position’, [300, 100, 1000, 7001);
figure, plot(display_time_scale, epochs_average5)

title(’Processed Response’);

xlabel (*Time(s) from Stimulus Onset’);
ylabel (’ Amplitude (V)’);

hold off

figure, plot(display_time_scale,unbase);
title(’Example Baseline Removal’);

xlabel (*Time(s) from Stimulus Onset’);
ylabel (’Amplitude (FS)’);

legend(’Baseline Fixed Epoch’,’Raw Epoch’);
hold off

B.3 Interference Processing

clear all
clc
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[highSample,fsHigh] = audioread(’InterferenceCheckl.wav’);

YiParameters

downSampleTo = 10000; Yset sample rate
lowPassFilterKHz = 30;
highPassFilterKHz = 0.16;
epochDetectionLevel = 0.004;
artifactDetectionlLevel = 3;
num_high_samples = size(highSample);
fs = fsHigh;

test_size = (num_high_samples(1,1));
EEG_Signal = highSample(:,1); J%EEG
Stimulus = highSample(:,2); Ystimulus

#0nset Detection and Epoch Cutting

signal_sift = round(fs*0.001);

epoch_count = 0; ¥%to count how many epochs have been found
epoch_array []; %to store found epochs

artifact_array = [1;

artifact_count = 0;

%for testing system
epoch_start = round(fs+*0.003);
epoch_end = round(fs*0.016);

%For human system
Yepoch_start = round(fs*0.001);
%epoch_end = round(fs*0.5);
jump = 680;
epoch_length = round(fs+0.005);
Epoch_start_array = [0];
averageStartArray = [];
while signal_sift + 1 < test_size - (fs*0.017)
#loops whilst still inside sample
i = signal_sift;
artifact_flag = 0;
%choose left or right for which channel
if EEG_Signal(i) < epochDetectionLevel ¥Stimulus found
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epoch_sift = 1;

jitter = 0;
epoch_cut = EEG_Signal (i+jitter-(epoch_start):i+jitter+(epoch_end));
epoch_cut = -1 .#* epoch_cut;

% Baseline Correction

epoch_chunk = epoch_cut(1l:round(fs*0.0009),1);

epoch_chunk_sum = sum(epoch_chunk);

epoch_chunk_size = size(epoch_chunk,1);

epoch_chunk_average = epoch_chunk_sum ./ epoch_chunk_size;

epoch_cut (1) = epoch_chunk_average;

baselineCorrect_epoch = epoch_cut - epoch_chunk_average;
Epoch_start_array = [ Epoch_start_array il;
average_start = Epoch_start_array(end) - Epoch_start_array(end-1);
averageStartArray = [averageStartArray average_start];

#Artifact detection
while epoch_sift < epoch_length
ii = epoch_sift;

if baselineCorrect_epoch(ii) > artifactDetectionLevel
%hartifact found
epoch_sift = epoch_length + 1;
artifact_flag = 1;
artifact_count = artifact_count + 1;
else
epoch_sift = epoch_sift + 1;
end
end

% Contaminated epoch rejection, or good epoch save

if artifact_flag ==
artifact_array = [artifact_array baselineCorrect_epoch];
signal _sift = signal_sift + (jump);

else

epoch_array = [epoch_array baselineCorrect_epoch];
%adds new epoch to array of found epochs
signal_sift = signal_sift + (jump);
epoch_count = epoch_count + 1;
‘%adds to the epoch count to show another has been found
end
else %epoch hasn’t been found
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signal_sift = signal_sift + 1;
%increase countpoint to search next sample point
end
end

%Epoch Averaging

epochs_sum = sum(epoch_array,?2);

‘hadds each column of epoch array to create a sum

epochs_average6 = epochs_sum./ epoch_count; }averages the sum of epochs
epoch_size = size(epochs_average6,1);

%0utput Processed WAV File
filename = ’goodInterferenceTest60cmCheck.wav’; % creates a name
‘haudiowrite(filename,epochs_averageb,fs)

Yplot results

displayFSPoints = epoch_size;

display_time_scale = linspace(0,0.005,displayFSPoints)’;
FigHandle = figure(’Position’, [300, 100, 1000, 700]);
subplot(2,2,[1 2]1)

plot{display_time_scale, epochs_average§)

title(’Interference on Artificial Patient at 60cm’);
xlabel (’Time(s)’);

ylabel (’ Amplitude (FS)’);

hold off

subplot(2,2,[3 4]1)
semilogx(display_time_scale, epochs_average6)
title(’Logarithmic Processed Response’);
xlabel (’Time(s) from Stimulus Onset’);
ylabel (’ Amplitude (FS)’);
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Appendix C

Hardware Circuit Diagrams

C.1 Overview

This section contains the Circnit diagrams of the integrated cirenits used to develop the
hardware of the prototype system.

C.2 Active Electrode
C.3 Pre Amplification
C.4 Interface PCB
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C.4 Interface PCB
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Appendix D

Attendance Form

D.1 Consultation Meetings and Attendance Form
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Consultation Meetings Attendance Form
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